
International Telemetering Conference
Proceedings, Volume 13 (1977)

Item Type Proceedings; text

Citation International Telemetering Conference Proceedings, 13 (1977).

Publisher International Foundation for Telemetering

Journal International Telemetering Conference Proceedings

Rights Copyright © International Foundation for Telemetering

Download date 23/05/2023 20:01:59

Item License http://rightsstatements.org/vocab/InC/1.0/

Version Final published version

Link to Item http://hdl.handle.net/10150/666511

http://rightsstatements.org/vocab/InC/1.0/
http://hdl.handle.net/10150/666511


INTERNATIONAL TELEMETERING CONFERENCE

OCTOBER 18,19,20,1977

SPONSORED BY

INTERNATIONAL FOUNDATION FOR TELEMETERING

CO-TECHNICAL SPONSOR

INSTRUMENT SOCIETY OF AMERICA

Hyatt House Hotel
Los Angeles, California



1977

INTERNATIONAL TELEMETERING CONFERENCE

K. L. Berns, General Chairman
R. C. Dixon, Program Chairman

R. E. Leslie, Publication and Publicity
R. W. Lytle, Financial Chairman

Jackie Weeks, General Arrangements
R. J. Klessig, Registration Chairman

Kay Hartzler, Ladies Activities

BOARD, INTERNATIONAL FOUNDATION FOR TELEMETERING

H.F. Pruss, President
V. W. Hammond, Vice-President R. D. Bently, Director
C. B. Weaver, Secretary J. N. Birch, Director
D. R. Andelin, Treasurer T. J. Hoban, Director
L. W. Gardenhire, Director S. Bass, Director



Message From the Chairman

K. L. BERNS
General Chairman

Telecommunications is in an exciting era, and ITC/USA ’77 is designed to provide a
seat in a continuing arena devoted to professional growth of the telecommunications
fraternity.

The theme of the conference this year,  “Serving The World’s Needs Through Tele-
communications”, is timely. Examination of the conference program shows that attempts
are being made in this field to take advantage of technological advances and use them for
more sophisticated and effective techniques of date transfer. The impact of
microprocessors and microcomputers, for example, is such that engineers and scientists
can no longer be content with a knowledge of programming to solve complex design
problems. Now, it is necessary to acquire an understanding and make direct use of these
devices and systems as tools in broad new approaches to design solutions.

Similarly, the introduction of new concepts in signal generation, data multiplexing,
transmission, processing, recording, and display, together with new advances in devices
used for such functions, highlights a dynamic and rapidly advancing telecommunications
world.

On behalf of the conference sponsors, my fellow workers, and the program
participants, I hope you will find the conference stimulating, productive, and enjoyable.

K. L. BERNS
General Chairman

ITC/USA ’77



Foreword to 1977 Proceedings

R.C. DIXON
Program Chairman

Telemetry, telephony, television, telecommunications, communications . . . all forms of
transferring information from point to point . . . saving lives, preserving measurements
where humans dare not go, entertaining, transacting business ... all these require the same
servant of society, the communication sciences, in a different guise.

As the world grows smaller, and as human needs grow more complex, the need for
telemetry, telecommunications, and all forms of information transfer grows more critical.
Communication between people who must understand one another, optimal use of scarce
resources, provision of health care to remote areas or injured patients, all have a critical
dependence on the rapidly developing communications technologies.

The communications and telecommunications technologies are also rapidly developing
as a means of preserving and/or improving the quality of life. Computer to computer funds
transfers are helping to reduce crime and speed up business, and at the same time reducing
costs. Precious fuel is being saved, and more can be saved, by substituting communication
by wire or radio for travel. Satellites are providing weather warnings and helping to locate
needed resources. Space probes are telling us more than we ever dreamed about our
universe. And all these require more and better information transfer.

Who can say what tomorrow will bring? Whatever it may be, the need for human
information transfer will be greater than ever, and will continue to grow. Indeed,
humanity’s growth depends on communications. Let us hope that we can meet the demand.

This conference addresses the means of meeting the world’s needs through tele-
communications technology, whether it be called telemetry, telecommunications, or just
communications. The papers presented here represent present results in new



communications concepts, new ways of employing an old and precious resource—the
electromagnetic spectrum, and techniques for improving information transfer through
technology.

Let us hope that what we say and do here will help to meet the world’s future needs,
through telecommunications.

R. C. DIXON
Program Chairman
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NASA TELECONFERENCING PILOT PROJECT
(AN EVALUATION OF TELECONFERENCING AS

A SUBSTITUTE FOR TRAVEL)

Samuel W. Fordyce
NASA, Washington, D.C.

Summary.—NASA conducted a Pilot Project during 1975 and 1976 to determine the
extent that teleconferencing could replace travel to meetings. The network consists of
approximately 34 teleconference rooms and 50 fast facsimile machines, all interconnected
on private lines to a master switchboard in Huntsville, Alabama. In addition, portable
conference telephones augmented the voice network, and experimental video
teleconferences were tried.

Evaluations show that the teleconferences “saved” travel costs approximating 21% of the
travel budget at a communications cost of 3% of this budget. The unused travel funds
were diverted into travel other than to management meetings, and consequently,
coordination may have improved.

This paper discusses the operation of the Pilot Project, which has matured into an
operational teleconference network. This experience may be of value to other
organizations wishing to adopt teleconferencing.

Introduction.—NASA programs involve 25,000 government employees and more
industrial contractors in multiple widespread locations. To improve coordination and
reduce the need for travel to management meetings, a teleconference network was
developed for the Apollo Program. Prior to a meeting, graphics and written material were
transmitted to all participating teleconference rooms via a facsimile network. During the
teleconference, all participating rooms were equipped with voice-actuated microphones
and interconnected via a wide-band switch at Huntsville, Alabama.

At the start of 1974, these networks were expanded to include all major NASA
installations and a two-year Pilot Project was conducted to determine the extent that
teleconferencing could substitute for travel to management meetings.



The purpose of this paper is to report on the results of these trials, and to make
observations which may be of interest to other organizations planning teleconference
networks.

The NASA Teleconference Network.—The current voice teleconference network
shown in Figure 1 connects 34 teleconference rooms interconnected through the Marshall
Space Flight Center (MSFC) switchboard at Huntsville, Alabama. The teleconference
rooms on the 4-wire switch use voice-actuated “live” microphones. Some of these
teleconference rooms use Bell-50A portable conference telephones on 2-wire dedicated
circuits switched through the MSFC Centrex. All centers were provided with several of
these portable conference telephones, which can use the FTS or DDD circuits as well as
the dedicated circuits, provided a special jack has been installed.

All teleconference rooms can use projectors to display visual aids, e.g., graphs and
figures. If the teleconference involves a display of figures or documents, these can be
delivered prior to the teleconference and made into transparencies suitable for projection.
For small audiences, the hard copy versions of these figures are adequate.

To enhance the delivery of these figures or graphical material, a facsimile network was
provided to augment the teleconferencing voice network. The current facsimile network
with 50 terminals is shown in Figure 2. These fax machines are often used to send
administrative correspondence as well as material for teleconferences.

Installation and Operation.—The audio teleconference rooms consist of at least six
microphones actuated by 4A switching plus loudspeakers with a WA7400038 conference
terminal. The Pilot Project leased the additional terminals but did not pay for the
conference rooms or their furnishings. Consequently, the acoustics of the rooms varied
widely. After a series of poor results with microphones in the ceiling (sometimes located
close to noisy air conditioning outlets) lavaliere microphones were added in some
locations. The most successful rooms used “close-speaking” table microphones rather
than ceiling mikes. Close-speaking (1 to 5 feet) microphones would be recommended for
any future installation.

The Bell 50-A portable conference telephone proved successful for small conferences (6-
12 people per terminal). If only two or three terminals were involved, the FTS lines were
usually adequate.

Because of scheduling difficulties in which the formal teleconference rooms were
preempted, attempts were made to provide a back-up teleconference room to all primary
rooms. A separate room with a Bell 50-A unit makes a good back-up. A switch can
enable this back-up room to use the private line connecting the primary room.



Projection facilities were required in all teleconference rooms. The larger rooms have a
projectionist and multiscreen back projections of view graphs. However, a single screen
and a view graph (transparency) projector are adequate. Terminals with only a few people
can use hard copy fax rather than projected graphics. A fast facsimile machine (Rapifax)
was located near each conference room.

The switchboard operators at MSFC can “patch” any telephone into the teleconference,
and this is occasionally used to reach people in offices or homes not normally connected
to the teleconference network.

The network performance is better if all participants use terminal rooms connected by
private wire. However, there seems to be a reluctance of people to travel more than
several hundred feet to participate in a teleconference. Unless the conference room they
normally use is equipped for teleconferences, they seem to use teleconferencing
infrequently. Large integrated programs can mandate teleconferences for program
personnel, but voluntary teleconferences are rarely initiated by people who must travel
further than walking distance and use someone else’s teleconference room.

Teleconferences work better if an agenda is distributed before the meeting, and if the
teleconference coordinator rigidly adheres to the schedule.

Travel.—NASA has approximately 25,000 employees, most of whom are located in
Headquarters or in eleven Field Centers in the U.S. The total NASA budget is
approximately $4 billion/year, and the travel costs have been relatively constant at a level
of approximately $16 million/year. This pays for the transportation and per diem costs of
NASA employees.

The travel cost of NASA contractors is probably several times this amount. Some of the
major NASA Programs have provided teleconference terminals at their contractors, and
these terminals have been among the busiest of the network.

The average trip of NASA employees lasted 3 days and cost $319 in late 1976.
Approximately 14 hours of working time are lost per trip, which costs $200.

Travel patterns vary widely, and most organizations would travel more if funds were
available. The “saturation” level, at which more travel will not result if funds are available
seems to be between 2.5 and 3.0 trips/month. These travelers may be receptive to
teleconferences, and because they are usually in the upper management level, they can
affect the travel of others by scheduling teleconferences.



Evaluation.—For the period of the Pilot Project, each teleconference was asked to
submit an evaluation form. The results from the evaluation forms summarized in Table 1
show that 2,042 evaluation forms were received. A check in 1976 showed that the 811
forms submitted covered 687 teleconferences. The average reported teleconference
included over 3 terminals, lasted almost 3 hours, and involved 24 people.

The average number of trips reported saved per teleconference form received was 3.89.
The average trip cost $309 in 1975 and $316 in 1979. The reported total cost avoidance
of travel saved through teleconferencing is $2½ million.

The reliance on submitted teleconferencing forms has shortcomings. In 1976, we received
only 38% of the forms we could expect if all identified terminals had reported. Similarly,
in 1975, only 37% of the identified terminals submitted forms.

The attendance at teleconferences reported by evaluation forms is plotted by month for a
two-year period on Figure 3. On the assumption that only 37% of the teleconferences are
reported, and the unreported teleconferences have the same attendance as the unreported
ones, the estimated total attendance is shown as the dotted line on Figure 3.

The average reported teleconference also reported saving 3.89 trips. This represents a
travel cost avoidance of $1,216 per teleconference, or $50.44 per reported attendee.

Using the same multiplier on the reported trips saved and travel cost avoidance (since
only 37% of the identified teleconference terminals submitted evaluation forms), the
estimate of annual travel cost avoidance through teleconferencing becomes approximately
21% of the NASA travel budget. However, these funds are rarely returned, but apparently
used for travel other than to management meetings, e.g., for travel to inspect hardware,
facilities, techniques and to enhance coordination.

Some use of the teleconferencing facilities was made by administrative organizations
which do not normally travel. These organizations have been conducting business with
each Center via telephone, but used teleconferences to meet with their counterparts at all
Centers simultaneously.

These uses appear to improve coordination within NASA but are unlikely to result in
returned travel funds. Any improvement in coordination is difficult to measure
quantitatively, and no attempts were made to do this in the Pilot Project.

Facsimile Network.—NASA has two fax networks which transmit approximately
65,000 pages per month. The slow-speed (4-6 min/page) net has 167 terminals, uses FTS 



circuits, and is used for administrative correspondence. The fast fax net was installed to
augment teleconferencing.

The monthly cost of pages transmitted includes the rental of the terminal, plus the lease
cost of the dedicated circuit to the MSFC switch. The average cost per page for the entire
network is 63¢. The actual costs are higher, because of the cost of paper and ink
(~ 5¢/page), and the labor cost of feeding the machine.

Because of many assumptions which must be made to assess the cost per page, the
formula shown below may be helpful. The cost per page (C/N) is expressed as:

C/N = B/N(CL + TL) + Pc/B + a t(Cc + ULe)
where

C/N is the cost per page
CL is the circuit lease cost per month ($475 in the NASA network)
TL is the terminal lease cost per month ($360, and $42.50 for fast and slow fax,

respectively)
N is the no. of pages transmitted per month
Pc is the paper and ink cost per page (5¢)
a is the ratio of the time required to complete an FTS call divided by the time

required to complete the same call over a private line (1.5)
t is the average time required to transmit a page in minutes (including dial-up time)

(6 for slow fax, 1 for fast fax)
Cc is the circuit cost per minute for a non-leased line, and (14¢)
Le is the labor cost of the operator per minute (16.7¢)
B is the fraction of pages received in the broadcast mode (½), and
U is the fraction of pages transmitted in an unattended stack (½).

with these assumptions, the cost per page is plotted as a function of the traffic for various
combinations of fax terminals and circuit arrangements. The average cost per page in the
NASA teleconference fax network was 71½, including everything listed here. (see Fig. 4)

Video Teleconferences.—Slow-scan video was used to transmit pictures from the
surface of Mars arriving in Pasadena, California to the Langley Research Center in
Hampton, Virginia.

Since the pictures required 20 minutes to reach Earth from Mars, the additional delay of
150 seconds for slow-scan video was not objectionable. The high cost of the terminal
equipment ($70,000 per pair) ruled out their inclusion into the operational network.



Commercial quality video teleconferences have used the Communications Technology
Satellite (CTS), an experimental satellite developed jointly by NASA and Canada’s
Department of Communications. The high-power transmitter on CTS can deliver
television to a terminal as small as 60 cm. in diameter at a 12 GHz carrier frequency. It has
capability for duplex (two-way) video signals, and has been used for video conferences
between NASA Field Centers near Washington, Cleveland, San Francisco, and a Portable
Earth Terminal mounted on a bus.

The CTS has two TWT Transmitters (with bandwidths of 85 MHz and output powers of
20 and 200 w. at 12 GHz) operating with two independently gimbaled 70 cm. dia
antennas. The maximum power flux density in the “footprint” is approximately -110
dBw/m2 . The Earth Stations use 4.5 m. diameter antennas and 1.6 kw klystron
transmitters.

Several video teleconferences have been conducted each week. The emphasis to date has
been on the technical aspects of video teleconferencing. More problems have been
experienced in obtaining good audio than the video, but these have been improved by
using close-speaking microphones. The availability of the portable studio in the van has
enabled video conferences to be held in relatively remote locations. A promising use of
such portable stations is to provide video coverage of special events such as test flights
and rocket launches.

Future Plans.—The NASA Teleconference Network has become operational, and the
monitoring of its use has been curtailed (except for the fax terminals). Four electronic
blackboards will probably be added to Shuttle Conference Rooms in 1977 and evaluated.

The fax network may be augmented by the installation of faster terminals (approaching
1 page/sec) and wide-band links via communications satellites. The video teleconference
experiment will continue, and increased use is planned for the portable terminals to cover
special events in remote locations.

Conclusions.—The NASA Pilot Project has developed a nationwide voice and data
teleconferencing network which has been successful in reducing the need for travel to
management meetings and in improving coordination. The experience gained in the
development and operation of this network may be useful to other organizations wishing
to adopt teleconferencing.







TABLE 1
NASA TELECONFERENCE EVALUATION

BASED ON SUBMITTED FORMS
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Dr. Chien is Director of the Coordinated Science Laboratory at the University of Illinois at
Urbana-Champain.

IMPACT OF INTELLIGENT SYSTEMS ON THE
TELECOMMUNICATION INTERFACE

R. T. Chien

Summary. — In the next ten years, there will be a great deal of development in the area
of theory and applications of intelligent systems. Some of these systems will be related to
industrial automation in manufacturing and some others will be related to automation in the
cockpit of aircrafts. In this paper, a major project in computer aided decision-making
(CADM) will be examined in detail. This CADM System serves as a potential co-pilot for
flight operations and proposed to handle many of the routine duties of the pilot. It assists
the pilot in data-processing, signal detection, flight planning, navigation, obstacle
avoidance, and interaction with ground and air communicators. The purpose of this paper
is to examine the new environment and the impact it has in telecommunication needs in the
direction of future research and development. A movie will be shown of the project
demonstrations.

1.    Introduction. — For the past twenty-five years the computers have been applied to
solve many problems which affect our daily life. These applications range from banking to
airline reservation, from space travel to high energy physics. They cover a very broad
spectrum. However, in each case the problems that are solved all have rigid mathematical
framework where high speed computation is the key factor. In other words our impressive
progress is achieved by brute force, by sheer power. There are very few examples where
the computer has been able to model understanding and achieve a high degree of
interpretive capability. Our computers simply do not understand.

Since we have sort of reached a plateau in our computer expansion we urgently seek new
applications. But no matter where we turn we see that it is imperative for us to develop
intelligent computers. Intelligent computers are needed for opening up new areas of
application. They are needed for minimizing the complexity of man-machine interface. If
computers do not improve in their intelligence everyone in the U.S. will have to be
programmers very soon.

Another reason for the development of intelligent computers is cost. There is very little
doubt that intelligent computers must have huge data bases and the memory costs have
been decreasing very rapidly. This paves the way for the economic feasibility of intelligent
systems. Furthermore, a great deal of research is going on on intelligent systems for speech



processing, for pattern recognition, for material language understanding and for numerous
problem solving activities. We believe in the next ten or fifteen years we shall have a large
number of intelligent systems. This surge of new and different system will change the
requirement for many fields including telemetering. The purpose of this paper is to
examine that question and to explore the broadening of the horizon for telemetering
research and development.

2.   Computer-Aided Decision-Making. — At the University of Illinois we are currently
doing research in computer-aided decision-making. The purpose of this project is to
program the computer to be a crew member. The computer will be capable of doing
numerous tasks necessary for the successful operations of take-off, landing, flight
planning, obstacle avoidance, navigation and general planning and problem solving.

This capability is achieved by developing an understanding of the global mission
considerations and how does it relate to operational details. Thus detail questions can be
interpretted in global context and, therefore, allowing decision to be optimal and not
suboptimal. A number of subsystems will be developed to ensure sufficient depth and be
used for demonstration purposes.

At the present the system is capable of self-diagnosis of engine failures and take corrective
action. It understands the concepts of electrical system, the mechanical system, as well as
their interrelationship. It understands the functions of each subsystem and its relationship
to the overall system. It understands topological structures and hierarchical structures. It,
most of all, understands how to operate in degraded mode and to suggest corrective action
whenever possible. It seems reasonable to say that this is a prototype system for the future
aircraft with an intelligent computer.

3.   The New Man-Machine Interface and Impact on Telemetering Technology. —
The present of intelligent system allows the man-machine interface to be smooth and
informative. It puts the least load on the man. Telemetering in this context must be looked
at in a fundamental way. It should not be just the problem of transmitting data. That
problem has been worked on for many years and we have probably met most of the
technological needs. Thus the question must be why would anybody want telemetering?
More importantly in what context does telemetering fit to serve the overall system’s
function. Would it be possible that we are giving the wrong information? Would it be
possible to provide better information by being more precise instead of keeping on spitting
out information with no intelligence. I think telemetering can provide vital information. It
does not have to only spit out data. Thus, I am for intelligent telemetering systems that
provide accurate, up-to-date information in concise form. This type of system would
involve a certain amount of understanding of the mission and provide a certain amount of
retrieval capability. It involves telemetering systems not just telemetering links. This is a
challenge to us all in this field and I think it will prove to be the basis of future systems.
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The C&DH Module is being built by Fairchild Space & Electronics Company for NASA Goddard
Space Flight Center on Contract NAS5-23846.

NASA Standard Communications and Data Handling Subsystem

Daniel L. Robinson

Summary — At the 1975 International Telemetering Conference Charles F. Trevathan
discussed the Multimission Modular Spacecraft (MMS) in general and the
Communications and Data Handling (C&DH) subsystem in particular. The National
Aeronautics and Space Administration’s Goddard Space Flight Center (NASA GSFC) Is
managing the MMS program and is integrating the first spacecraft, the Solar Maximum
Mission, in-house. Contracts have been let for the Modular Power Subsystem (MPS),
Attitude Control Subsystem (ACS) and the Communications and Data Handling (C&DH)
Subsystem. The C&DH subsystem provides the command and telemetry link between the
spacecraft and the terrestrial system; distributes commands to and collects telemetry from
all spacecraft systems via a duplex serial multiplex data bus and Remote Interface Units
(RIU’s); and contains on board computation capability. The C&DH is a single 4 x 4 x 1-
1/2 foot module. The staffed module weighs 270 pounds including 60 pounds of mission
unique equipment. The future for this kind of versatile hardware is exceptionally bright as
it is cost effective and its modular structure permits repair, refurbishment and even
modification/dating in space.

Introduction — During the early development of space exploration the risks and costs
associated with delivering a payload to orbit justified custom design of each spacecraft to
exact the maximum benefit from each modicum of weight in orbit. As the rocket systems
have matured and become more reliable this efficient but expensive approach has had to
be modified to save money. Although program planners had been reflecting the new
philosophy (primarily by trying to utilize left over hardware) for some time, the major
impetus came with the announcement and implementation of the NASA Low Cost
Program in 1973. One of the thrusts towards cost savings by this office has been the
declaration of certain items of hardware as NASA Standard. The most ambitious task in
the standardization of flight equipment has been the development of the Multimission
Modular Spacecraft(MMS). The potential cost savings from implementation of the MMS
are impressive. Estimates have been made that Design, Development, Test and
Engineering (DDT&E) savings realized from utilizing MMS in preference to a custom
design amount to half the DDT&E costs. It has also been shown that coupled with the 



Space Transportation System (STS, Shuttle) the on orbit refurbish/service compatibility
of the MMS will result in typical logistic savings of one third.2

Although the MMS is designed to take maximum advantage of the STS capabilities it is
compatible with conventional launch vehicles and, in fact, will first be flown on a Delta for
the Solar Maximum Mission in the fall of 1978.

In 1975 the MMS and its Communication and Data Handling Subsystem (C&DH) were
discussed at this International Telemetering Conference Session VII, “Workshop on Data
System Standards”.3 Now, two years later, as the concept is being reduced to practice it
is appropriate to describe the C&DH module and its capabilities.

Functional Description — C&DH is the MMS Module that provides a telemetry and
command link between the host spacecraft and the ground facility. Additionally it
provides onboard computation capability. Communication between the C&DH and the
host spacecraft equipment is via a redundant, duplex, multiplex data bus and Remote
Interface Units (RIU) located in or near the user equipments.

Operation of the system is best described with the aid of the simplified block diagram,
Figure 1.

Command — Ground commands, either direct or via the Tracking and Data Relay
Satellite System (TDRSS), are received on the spacecraft antenna (which is not part of the
C&DH). The signal is routed to the transponder receiver where it is received, detected
and presented as a baseband pulse train to the Standard Telemetry and Command
Components (STACC) Central Unit (CU). As both transponder receivers are always on
line the CU has duplicate received command inputs. Both of these inputs are decoded
(deconvolved) and an error-free signal selected for further processing. The selected
decoded command is verified and sent out on the redundant supervisory bus to all
Remote Interface Units (RIU). Figure 2 shows the command word format. Bits C2 thru
C6 address the command to the correct RIU. The RIU has been assigned its address by
means of a coding plug which individualizes the otherwise identical units. Three types of
command messages are provided:

1. Serial magnitude command which provides a 16 bit serial pulse stream to any one of
8 destinations.

2. Pulse command which provides a 28 volt pulse and selects one of 64 ground returns.



Host S/C 2.048 Mbps and 100 Hz to 3 MHz Date Sources

Figure 1.  SIMPLIFIED C&DH SUBSYSTEM BLOCK DIAGRAM

3. Telemetry address, which is, in effect a call for telemetry. Selecting one of 64 inputs
per RIU and specifying one of four signal types:

• 8 bit A to D converted analog.
• bit A to D converted conditioned analog.
• bit serial digital
• Bilevel 8 channels, sequentially sampled.



Figure 2.  Command Word Format

Table 1 provides a summary of command formats, these are the formats on the
supervisory bus and are derived from but are not identical to the received command
format shown in Figure 2. In addition to real time ground commands the C&DH can
operate with delayed ground commands stored in the computer or computer generated
commands which are decision directed based upon on board data analyses.

Telemetry — Upon receipt of a type three message (telemetry address) the RIU delivers
the users telemetry, suitably synchronized, to the reply line. Figure 3 portrays the multiplex
data bus activity and table 2 describes the performance parameters. As can be seen the
data bus and RIU’s run at a constant 1.024 Mbps rate independent of the
Spacecraft/Ground telemetry and command rates. The controlling 1024 MHz clock is
generated within the Central Unit (CU) of the C&DH.



Table 1.  Summary of Command Formats

Bit
Quantity Function

3  MESSAGE
1  HEADER
3

1 - 1/2 bits (+), 1 - 1/2 bits (-)
Fixed logical “1”
Specifies 1 of 8 message types

5
3
16
1

MESSAGE TYPE I (Ser. Mag. CMD)

Specifies one of 32 Remote Units
Specifies one of eight command lines
to user
Specifies magnitude command value parity

5
1
12
6
1

MESSAGE TYPE II (Pulse CMD)

Specifies one of 32 remote units
Specifies remote unit A or B
Not used
Selects one of 64 outputs
Parity

5
1
1
1
2
5
3
6
1

MESSAGE TYPE III (TM Address)

Specifies one of 32 remote units
Major frame rate
Minor frame rate
TM word rate
Specifies one of four signal types
Not used
Allows expansion to 256 inputs
Selects one of 64 inputs
Even parity

MESSAGE TYPES IV THRU VIII ARE NOT USED



Figure 3  Multiplex Data Bus Activity

The Reply Line data is received in the CU. The received data can be either Telemetry on
Computer scientific or engineering data for formatting and transmission or computer
engineering data for on-board safety and control. The CU recognizes what type of
message it is receiving and its source by correlating the reply with the command and
address transmitted 96 bit spaces (93.75 usec) previously. All reply line data is formatted
in the CU to adjust bit rate and provide “header” information. All data is available to the
computer for information analysis, action, storage or any combination of the four.

Data to be telemetered is formatted for transmission in the CU. The CU ROM and micro-
processor in the CU provide fixed telemetry formats. Flexible formats can be provided by
an optional ROM and the microprocessor or the OBC. The capability exists to analyze
data and vary the telemetry format to accommodate the information being handled. The
data either real time or from memory is routed to a Pre-Modulator Processor (PMP) for
encoding and then either presented to the Transponder for transmission or to mission
unique tape recorders for storage.



Table 2
Multiplex Data Bus Performance Parameters

Bit rate: 1.024 mbps

Bit sync: Biphase-L
MSDADS

Word sync: 3 bits illegal code
followed by Logical “1”

Word size: 32 bits on Supervisory Line

9 bits on Reply Line
8 bits data plus leading 0

Word rate: 32 kwps maximum on Supervisory Line
16 kwps maximum on Reply Line

*Response time: N-bit times to be specified where N # 64.

Clock on Supervisory Line is continuous.

Data on Reply Line are phased relative to Supervisory Line Clock.

Up to 62 Remote Units may be tied on bus.

*Response Time is defined as the time from the end of the message parity bit to
the start of the return data sync word.

The telemetry transmission consists of a major frame divided into 128 minor frames. Each
minor frame contains 128 8 bit words. Table 3 gives the word assignments for
Multimission Modular Spacecraft applications.



Table 3  MMS TLM Format Fixed Word Assignments

Minor Frame
Word No.

Bit
No. Function

0-2 Sync word (pattern to be specified by GSFC)

3 0,1,2
3,4
5
6
7

Bit rate
Format ID
Central Unit A/B
Real-time/computer dump data
CU signal presence

4-31 Data

32 Subcom

33 Subcom

34 0
1
2
3
4,5
6,7

Receiver (RCVR) - A lock status
RCVR-A TDRSS/STDN mode
RCVR-B lock status
RCVR-B TDRSS/STDN mode
Det. A inlock, det. -B inlock
CU-A command reject, CU-B command reject

* 35 Computer data word (RT or TR)

36-63 Data

64 Spacecraft Clock (8 LSB from Selected CU,
16 MSB in subcom)

65 Frame Counter

66 Command Counter (selected CU)

67 0
1-7

Dwell mode
Dwell ID

68-95 Data

96-99 Subcom

100-127 Data
*Word 35 in the COMP DUMP data is a STINT generated word indicating
HARDWARE/ SOFTWARE DUMP and dumped bank ID.

Table 4



On-Board Computer Characteristics

Word length 18 bits, 5 bits instruction ID,
1-bit index, 12-bits oper and fetch

Execution speed 2:s cycle time, 4:s add,
32:s multiply, and 60:s divide

Memory capacity Four 8192 word modules for total of 32, 768 words.
(Expandable to 64 K in 8 K modules containing two
4 K banks each.)

Processor interrupts 16 levels of priority interrupt

Direct memory access 16-cycle steal channels, maximum
I/O rate of 100K words/second

Memory write protection Allowable storage areas are assigned in segments of
128 words

Input/output I/O is achieved through time multiplexing of existing
telemetry and command hardware

Program load and dump Any 4 K memory bank can be loaded and dumped
via command and telemetry without software
bootstrap

Power 45-watts maximum (computing with full memory
complement)

Instructions 55

Accumulator One - 36 bits

Index register One

Direct addressing All 4 K words in any bank

Computation — A salient feature of the C&DH is the inclusion of an on board computer
(OBC), the NASA Standard Spacecraft Computer (NSSC). Table 4 summarizes the
characteristics of the OBC. The C&DH utilizes this facility to: Store Commands for
execution, (delayed commands); Provide flexible telemetry format control; Control
spacecraft autonomous operation (independent of ground control); Perform attitude
control law computations; Monitor spacecraft and payload system 



health and safety; Control TDRSS antenna pointing; and finally to generate summary
telemetry messages.

All communication with the computer is via the STACC Standard interface for computer
(STINT).

Hardware Implementation — Figure 4 is a sketch which shows the layout of the
C&DH module; it is 120 x 120 x 46 cm and weighs 122 kg including an allowance of
27 kg for mission unique equipment. The baseline equipment compliment consists of:
Standard Telemetry and Command Components (STACC)-Central Unit (CU), Standard
Interface for Computer (STINT), Remote Interface Unit (RIU) and its Expander Unit
(EU); other NASA Standard Components - the NASA Standard Spacecraft Computer
(NSSC) and a choice of NASA Standard Transponders; and two components developed
particularly for the C&DH - the Power Control Unit (PCU) and Pre-Modulator Processor
(PMP). The next few paragraphs will describe these items of hardware and their
contribution to the functioning of the overall subsystem.

Transponder — Although the capability exists to easily adapt to other transponders the
basic C&DH is Satellite Tracking and Data Network (STDN) and Tracking and Data
Relay Satellite System (TDRSS) compatible and therefore can accept physically and
electrically either of these transponders. The TDRSS unit also contains full STDN
capability, it is 11 x 25 x 39 cm, weighs 7 kg and consumes 38 watts in the high power,
5.0 watt, transmitter mode. In addition to receiving commands and transmitting telemetry
in S-band, it provides turnaround ranging. Redundant transponders are provided, both
receivers are always on and both command outputs always being processed in the CU.

Central Unit (CU) — The heart of the C&DH is the CU. It is 11 x 18 x 17 cm, weighs
2.4 kg and consumes 11 wafts when operating at 64 kbps downlink telemetry and one
watt in standby. It contains a microprocessor with suitable memories, RAM and ROM,
the circuitry to operate and control the data bus, and the system clock. Two CU’s are
provided to maintain the complete redundancy of the system. Either CU can operate either
of the redundant data buses.

Remote Interface Unit, Expander Unit, Bus Coupling Unit (RIU, EU, BCU) — The
RIU interconnects the user equipment with the CU via the data bus. The actual
connection between the RIU and the data bus uses the BCU which is nothing more than
an isolation transformer with buffer resistors. The BCU both protects the bus from
failures in the RIU and facilitates connecting each RIU into both redundant data busses.
The BCU is 5 x 5 x 2 cm, weighs 100 grams and consumes no power. The RIU is
normally in a standby state until it recognizes its address on the supervisory line. 



Abbreviations:
BCU = Bus Coupling Unit RIU to Data Bus
BPF = RF Band Pass Mlter
CPM = Computer Central Processor Module
CU = Standard Telemetry & Command Components Central Unit
DIP = RF Diplexer
EU = RIU Extender Unit
PCU = Power Control Unit
PMP = Pre-Modulator Processor
RIU = Remote Interface Unit
STINT = Standard Interface for Computer
SW = RF Switch

RIU’s may be interconnected in redundant pairs as means are provided to prevent having
members of a pair interfere with each other. The RIU’s telemetry capability may be
doubled by the addition of an EU. The RIU is 18 x 21 x 7 cm, weighs 1.7 kg and
consumes 1.1 watts assuming one percent on time (99% standby). The EU can be
stacked with the RIU, it is 4 cm high, weighs 0.9 kg and consumes 0.3 watts for the same
duty cycle.



Computer, NASA Standard Spacecraft Computer (NSSC) — The On Board
Computer (OBC) is a general purpose machine; its capabilities are outlined in Table 4.
The Central Processor Unit (CPU) and the memory have the same 23 x 18 cm footprint,
the CPU is 3.5 cm high and each 8k word memory is 4.2 cm high. The CPU weighs
1.4 kg and consumes 5.5 watts, the memory modules also weight 1.4 kg each and go
from a standby power drain of .35 watts to 12 watts maximum when operating. All
spacecraft telemetry is available to the computer enabling it to monitor spacecraft status
and issue suitable commands. The NSSC is implemented in a redundant configuration.

Standard Interface for Computer (STINT) — The STINT provides the interface for
all spacecraft signals to and from the OBC. It facilitates in flight reprogramming of the
NSSC. Specific functions include: Distribution of stored commands, ground command of
the computer, OBC telemetry format control, acquisition of data for NSSC use, exchange
of data between computer and RIU’s, memory loading and readout under software or
hardware control. Each of the redundant STINT’s is dedicated to one of the redundant
CPU’s. The STINT is 4 x 18 x 23 cm, weighs 1.1 kg and consumes 2.5 watts.

Pre-Modulator Processor (PMP) — The PMP is the telemetry interface for the
transponders. All outgoing telemetry, regardless of origin is routed via the PMP. It
accepts the following inputs:

• 1 to 64 kbps selectable NRZ-L, from the CU
• 32 kbps NRZ-L, OBC generated, from the STINT.
• 2.048 mbps, max, encoded data from external sources.
• 100 Hz to 3 MHz, analog signals from external sources.
• 1.024 mbps NRZ-L, from mission unique tape recorders. The PMP also routes

1-64 kbps data to the recorders.

Two fully redundant PMP’s are housed in a single enclosure. Cross-strapping and
switching for the redundant CU, STINT, and transponder interfaces is accomplished
within the PMP. The dual unit is 17 x 20 x 23 cm, weighs 8.6 kg and draws 6 watts of
power. Internal functions include convolutional encoding baseband multiplexing, biphase
encoding and phase shift key modulating the telemetry on the C&DH generated 1.024
MHz carrier.

Power Control Unit (PCU) — The PCU is the C&DH module power supply. It
provides redundant fusing, and on/off control to other C&DH components, in addition to
supplying regulated power to the OBC and memories. Like the PMP it is in a redundant
configuration, housed in a single enclosure 20 x 20 x 18 cm. It weighs 4 kg and at full
load dissipates 17 watts. Input power is 28 ±7 volts outputs are 12V and ± 5 V all at
± 5%.



Duplex Data Bus — The data bus is a four wire system, a twisted shielded pair
supervisory line, carrying commands, clock, etc. from the CU to the RIU’s and another,
reply line, carrying telemetry from the RIU’s to the CU. Each pair is redundant and any
combination of CU’s, supervisory lines and reply lines can be activated. At the user end
the BCU couples the RIU into both redundant pairs. The data bus is serial multiplexed
with the traffic timing being controlled by the CU. The data bus services the C&DH
components via the internal (to the C&DH) RIU.

Redundancy — As has been repeatedly stated above the C&DH is a fully redundant
cross strapped system. In only two areas may this full redundancy be modified.

1. Computer memories, the capability exists to use the computer memory as a single
unit or as redundant units.

2. RIU’s; the C&DH is configured to work with 31 redundant pairs of external RIU’s;
however, there is no constraint forcing users to utilize more than one RIU per equipment.

Mounting — With the exception of the RIU’s, STINTS and passive components all of
the components are mounted directly to the louver controlled cold wall. All components,
with the exception of the CPU’s and memories which are stacked, including the harness
may be individually removed, an essential ingredient for on orbit servicing.

Applications — NASA intends to utilize C&DH in two areas. As a module of the
Multimission Modular Spacecraft (MMS) it will be used to support a series of missions
starting with Solar Maximum Mission, in the fall of 1979, and including Land Sat D,
Storm Sat and OFT (Orbital Flight Test) BuddySat . The latter will demonstrate retrieval
of a satellite by the Shuttle. As a component of the OHP (OFT Hybrid Pallet) the C&DH
will be used to support those payloads that stay with the Orbiter. Use of the C&DH
enables the Orbiter to act as an automated Spacecraft, providing the capability to interface
with the Shuttle by issuing commands to and taking telemetry from the pallet.

As application of the C&DH in NASA becomes a fact it is to be expected that other
spacecraft designers will wish to take advantage of this standardized, reliable, cost
effective approach for satellite command, telemetry and on board computation.

Conclusions — Standardization has been shown to result in real economies in design
construction and operation of spacecraft. The NASA MMS is a versatile standardized
spacecraft. One module, the C&DH provides telemetry command and on board
computation. This module is so flexible that it will be applied to other missions that are
not MMS. This is a good example of the long term planning of the NASA Low Cost
Office bearing fruit in ways that were not originally anticipated.



Three factors, readily available reprogrammable space borne digital computation
capability, the STS systems ability to service spacecraft on orbit, and the modular
construction of the C&DH, combine to ensure that the subsystem will not become
obsolete for many years and that the user may repair, refurbish or modify his satellite at
any time even after launch.

These factors combined with the capability for autonomous operation (one might say that
C&DH spacecraft have grown up and no longer need baby sitters) will create new
standards for savings in lifetime total systems costs.

(1) Leo O. Richards, “Summary: The NASA Low Cost Program” Proceedings
International Telemetering Conference 1975,Washington, D.C. P. 242

(2) Frank J. Cepollina and Ernest I. Pritchard, “STS Multimission Modular Spacecraft -
A New Horizon in Social and Industrial Benefits”, Astronautics and Aeronautics Vol
15, No. 5, May 1977, PP. 36-43.

(3) Charles E. Trevathan, “Communications and Data Handling for the GSFC Modular
Spacecraft” Proceedings International Telemetering Conference 1975, Washington,
D. C. P. 243.



EDP Tape — Performance and Reliability — Past, Present and Future

J. J. Fiori
Federal Supply Service

General Services Administration
Washington, D.C.

Summary. — This report was prepared by the Electronics Division, Federal Supply
Service of the General Services Administration and is intended to share with all interested
parties, the information and experiences with EDP Computer Tape gathered by the GSA
since 1966, when it assumed the responsibility to support procurement of these items for
all Federal agencies. It is hoped that the information contained herein will be of benefit to
the tape-using community and will lead to a better understanding of the Government’s role
in providing high quality computer tape to meet current and future data storage
applications.

The General Services Administration’s active involvement in the program to supply high
quality computer tape to Government agencies was initiated through the development of
Interim Federal Specification W-T-0051. The specification was based upon technical
requirements received from the tape-using community and inputs supplied by the tape
industry.

GSA Laboratory facilities are utilized for product qualification testing, specification
development testing and quality assurance testing. It is from all of these sources that the
data presented herein was gathered. To establish some kind of perspective, it should be
noted that these results are representative of the over 25,000 reels of computer tape
sampled, tested and evaluated annually by GSA in support of annual procurement volumes
of approximately 1 million reels.

In addition to presenting quantitative data showing how tape quality levels have increased
over the past four years, the report also addresses past problems and recent improvements,
and further attempts to identify those remaining areas in which the tape industry must
concentrate its future developments.

Introduction. — The General Services Administration’s management of magnetic tape
evolved from its authority under Public Law 89-306 which amended the Federal Property
and Administrative Services Act of 1949 to “coordinate and provide for the economic and
efficient purchase, lease, and maintenance of automatic data processing equipment by



Federal agencies”. Implementation of this mandate was accomplished through the
promulgation of specific Federal Property Management Regulations (FPMR’s). FPMR’s
governing the procurement of electronic data processing tape by Government agencies
included: FPMR 101-26.508-1 which specifically instructs agencies to consolidate tape
requirements and submit purchase requests to the appropriate GSA regional office; FPMR
101-26.508-2 which contains instructions when volume requirements exceed the maximum
order limitation of the Federal Supply Schedule and requires that purchase action shall not
be undertaken by an agency unless a waiver and delegation of procurement authority is
first obtained; and FPMR 101-26.508-3 which specifically instructs agencies to
consolidate requirements to facilitate volume procurements.

Tape Management System. — The GSA/FSS tape management program includes the
development of specifications, procurement, and the necessary acceptance testing to insure
that the Government receives a high quality magnetic tape on a competitive basis to
maintain total expenditures at the lowest possible level. An overview of this management
system is depicted in Figure 1, and is really self-explanatory. Each of the program support
functions interface with both the user and the supplier. The system is characterized by the
fact that it is basically a closed system, with various feedback loops. There are any number
of points where the user and the manufacturer can enter inputs into the system, especially
at the following levels:

Standardization
Procurement
Quality Control

This allows for a more rapid response to changing requirements, specialized requirements,
new development and problem solving.

Standardization. — Currently our tape specifications and addendum purchase
descriptions are based upon technical requirements received from the tape-using
community, test procedures developed and validated by GSA, and inputs supplied by the
tape industry. Rigid coordination cycles for all draft and finalized specification documents
are followed according to prescribed procedures. Specification development testing and
validation testing is performed in the GSA Laboratory located at the National Bureau of
Standards complex in Gaithersburg, Maryland. The Laboratory is fully equipped to carry
out all necessary magnetic and physical tests, as well as exploratory research and
development.

The first Government wide specification for computer tape, Interim Federal Specification
W-T-0051, “Tape, Electronic Data Processing, 1/2-Inch, Magnetic Oxide-Coated”, was
published in 1964 and covered the early requirements for 200 and 556 BPI recording 
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densities. The basic specification has been continually updated to keep pace with
advancing state of the art increased packing densities, tape improvements and more critical
user demands.

Contrary to some popular beliefs, specifications do not have to become cast in concrete
and limit the growth of improved products. The historical outline of specification
W-T-0051 is clear evidence of how the Government has been able to maintain a dynamic
tape program; taking advantage of new media technology, removing obsolete products
from the supply system, modifying and developing improved testing techniques and
establishing realistic performance criteria. The reasons for this success have been due to
the cooperation of the tape manufacturing industry, the timely inputs from tape users and
the quick response of the Government to implement all of these inputs into viable
procurement specifications.

In addition to the more formal route of specifications, GSA has implemented another
mechanism which has allowed a more rapid response in supplying magnetic tape to
agencies having specialized requirements and applications. GSA has developed over 40
Purchase Descriptions which include specialized technical requirements over and above
those existing in current specifications. Over the years, Purchase Descriptions have been
developed to meet unique tape requirements for the Navy, Air Force, Census Bureau and
NASA. Examples of these requirements have ranged from early 6250 BPI tape needs,
special packing and packaging, special wear, friction and flexibility tests, metal reels,
serrated hubs, latch leaders, 1 mil tapes, tape reel bands, etc. In many instances, this GSA
supply support included the obtaining of very specialized tape transports and extensive
Laboratory development and testing assistance.

The initial Federal Qualified Products List for computer tape was established on March 23,
1967. At the present time there are seven manufacturers, Memorex Corporation, Wabash
Corporation, Graham Magnetics, 3M Company, IBM Corporation, BASF Systems and
Control Data, Ltd., who have had their products tested and approved for listing on the
QPL. EDP Incorporated and the Wright-Line Company have tape reel bands which are
qualified against Interim Federal Specification W-B-001573B, “Bands, Wraparound, Tape
Reel (for computer tape storage)”. Qualification testing of manufacturer’s products to all
the requirements of the specification is performed at the GSA Laboratory. Compliance to
the specification allows these products to be listed on the Qualified Products List. Only
those manufacturers who have such listed products are then eligible to bid on solicitations
for Government procurement.

Procurement. — Initial competitive procurement of computer tape utilizing specification
W-T-0051 and its associated QPL began in 1968. This action resulted in a drop in average
cost per reel from $23.36 to $13.00. Attendant with the cost savings benefit was a marked



increase in the quality of product received. Subsequent to implementation of the
specification, the average errors per reel count declined drastically.

The procurement history for 1/2-inch computer tape, showing yearly costs and volume, is
included as Figure 2.

Figure 2
Procurement Summary

1/2-Inch Computer Tape

Cost Per Reel Purchases (reels)

Prior to Competitive
Procurement $23.36 -
1968 13.00* 330,000
1970 11.65* 940,000
1972 6.41* 920,000
1974 6.74* 668,400
1976 9.08* 878,400

*Average Cost

Procurement of the normal Government wide supply requirements is accomplished through
the Federal Supply Schedule, which is a series of requirements type contracts established
with one or more suppliers. The use of the Schedule is mandatory on all Federal agencies,
including wholly-owned Government corporations, and the D.C. Government. Contracts
are awarded on an item by item basis in each of five (5) geographic zones. The contract
period runs for six months. Each contract contains a Maximum Order Limitation in which
purchase orders cannot exceed $100K. Delivery of supplies is required to be made to the
delivery point(s) specified within 30, 40 or 50 days — depending on the order size — after
receipt of the order by the contractor.

In those cases where agency needs either exceed the Maximum Order Limitation or
require special technical characteristics, procurement is effected through the use of
Definite Quantity Contracts.

Quality Control. — All quantities of computer tape procured through GSA contracts by
each Federal Agency are subject to stringent Quality Assurance procedures. Prior to
offering a lot of tape for delivery to the Government, the contractor is required by
Specification W-T-0051 to certify each and every reel of tape in order to insure that the



quality of the entire lot is within the specified Acceptable Quality Level (AQL). The AQL
is based on sampling plans established by MIL-STD-105, “Sampling Procedures and
Tables for Inspection by Attributes”. When the contractor does offer a lot for delivery,
GSA regional Quality Assurance Specialists visit the plant and select lot samples for
testing. Samples are sent to the GSA Laboratory to determine compliance to the
requirements of Specification W-T-0051. This source inspection responsibility by GSA
eliminates the need for individual agency testing.

GSA Lot Acceptance Testing is accomplished within a five day turn around time.
Acceptance or rejection is based upon the results of performance tests and visual
inspections, Performance tests include a measure of surface uniformity defects causing
dropout or skew errors. A dropout is defined as a 65% loss of amplitude of any two
successive bits at a packing density of 1600 BPI. For 6250 BPI tape applications, a 60%
decrease in amplitude constitutes a dropout error. Two types of dropout characteristics are
detected and measured. The dropout is classified as a permanent error if the tape defect is
still present after two successive retrys, and as a temporary error if the defect is no longer
present after the 2 retry operations. A dynamic skew error is a time difference, between
amplitude peaks of “1” bits in the two outside tracks of the same character that exceeds 2
microseconds at a tape speed of 112.5 ips.

The AQL criteria for acceptance or rejection of a lot basically allows no more than an
average of 1.5 permanent dropouts per reel and no more than one skew per reel.

Some idea of the high quality computer tape being supplied by GSA to the Federal
Agencies can be gathered from the data summary shown in Figure 3.

Figure 3
1/2-Inch Computer Tape

Acceptance Testing Summary
9 Track, 1600 BPI

1973 1974 1975 1976
Number of permanent errors per reel - 0.98 1.14 0.83 0.67
Number of temporary errors per reel - 2.02 2.03 1.82 1.96
% of reels with 0 permanent errors - 58 69 60 71
Number of permanent errors per reel
for reels with permanent errors - 2.32 3.67 2.10 2.36

These results are based upon testing of over 92,000 individual reels of tape. It is significant
to note that on the average, each reel of tape will contain less than 1 permanent error. This
actual quality of tape being supplied is at least one order of magnitude above the asked for



quality. Furthermore, since the quality indicated is on a first pass or virgin basis, tape
reliability will increase with continued use since it has been proven that the nature of initial
permanent tape defects is such that errors indured will decline significantly on subsequent
passes. The average temporary error count of roughly two per reel is indicative of the
cleanliness of the tape being supplied. This initial high quality will of course, be
subsequently reflected in increased tape reliability due to the decreased potential of
permanent error generation. The relating high percentage (60% to 70%) of completely
error free reels clearly shows the high quality of product that can be manufactured and
delivered by tape suppliers.

No data is presented for dynamic skew errors since the occurrence of this type of tape
defect is rare. Some of the less serious and less frequent causes for tape rejections are
shown in Figure 4. They are included only to give an overview of some of the problems
periodically encountered.

Figure 4
1/2-Inch Computer Tape

Acceptance Testing Summary
Miscellaneous Problems

- Write enable rings broken, missing
- Serial numbers do not match, missing,  illegible
- Loose labels
- Missing BOT and EOT markers
- Broken tape
- Flanges warped, cracked, out of tolerance
- Loose hubs
- Plastic bags not sealed, torn 
- Tape seal band latch broken
- Cannisters chipped, broken
- Packaging debris

Compared to the relatively large Federal inventory of computer tape procured and supplied
by GSA over the past 9 years (approximately 8 million reels), the number of complaints
received from the field have been small. For the most part, the nature of these problems
have not been characterized by basic inherent tape quality deficiencies, but rather can be
categorized as follows: (1) problems caused by long term storage of old tapes, 3 to 8 years
(2) self-induced problems of improper tape maintenance and equipment maintenance, and
(3) isolated instances of improper packageing, poor labels, missing write enable rings, etc.
With respect to the tape storage problems, it has been found that in almost all cases, the



tape had been subjected to far from ideal environments of temperature, humidity and
cleanliness. Consequently, as a result of exposure to such extreme conditions, operational
problems such as excessive errors and tape sticktion have been experienced. Regarding
tape and equipment maintenance, experience has shown that a good deal of these type
problems reported have come about in installations which attempt to improve tape
performance through the use of various in-house cleaning devices. Generally speaking, it
has been found that this type of operation actually causes more tape damage such as
stretched tape edges, wound-in debris and chipped edges. The minor problems associated
with packaging, labeling, etc. are attributed to the normal statistical occurrence to be
expected in the absence of 100% inspection.

It should be noted that the acceptance inspection and surveillance performed by GSA has
rarely uncovered any deficiencies in basic inherent tape characteristics. The prime causes
for rejection are due to factors which affect the manufacturers’ capability to consistently
produce acceptable tape. These facts are indicative that the established technical
requirements for the tape are valid; that today’s manufacturers can produce acceptable
products to meet Government requirements, and that continued monitoring of tape quality
is justified.

Conclusions. — In order to maintain the high quality of today’s tape as well as keep pace
with expanding state of the art applications, it is necessary for both the Government and
industry to address themselves to those tape areas which have the potential for causing
serious problems. It is felt that those surface characteristics which interface between the
tape and machine design (such as friction, wear, head contact, surface uniformity, etc.) will
have to be more closely investigated. The establishment of these requirements will be
dictated by the advance to higher packing densities and improved machine design. A
second major area in which concrete improvements are needed is in the environments to
which tape may become exposed. Operational environments including tape to head heat
buildup, as well as storage and shipping environments would have to be encompassed.
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Summary.— Rapid advancement of hi-density digital recording technology has left most
user organizations in a confused and bewildered state with respect to understanding and,
more importantly, specifying hi-density recording systems. Users attempting to acquire
advanced hi-density hardware either without procurement specifications or with
incomplete or shallow specifications will probably gain the needed experience too late,
after an unusable system has been delivered. Several prominent user facilities have
recently bought and accepted hi-density recording hardware and immediately been forced
to retire the equipment from use to avoid disastrous embarrassment. Other users have had
to redesign accepted equipment before it could be used. One user who blindly accepted a
proposal to convert several newly ordered analog recorders to a digital format had to
remove and dispose of the digital electronics after delivery and revert back to analog
methods.

The ability to professionally specify and technically monitor a hi-density recording system
contract can only be based upon a thorough understanding of the high density digital
coding, recording, reproducing and decoding process. The purpose of this paper is to
identify and discuss the more important elements of this emerging technology for users
who suddenly find themselves needing this capability.

Introduction. — Hi-density digital recording is usually considered to be any digital
recording which takes place at a density of 20 Kilobits per inch or greater on each track of
a longitudinal instrumentation record/reproduce system. When individual bit streams are
recorded one bit stream per tape track the associated system is termed a serial hi-density
digital system. When an individual serial bit stream is converted to parallel words of N bits
and then recorded in parallel across N tracks the associated system is termed a parallel hi-
density digital system.

User input signals to either the serial or parallel systems are usually in the NRZ-L format
with an associated clock. Bit streams of 20 MBPS or lower can be accommodated by
standard T2L logic interfaces. Differential line drivers and receivers are preferred to single
ended interfaces. Above 20 MBPS, T2L logic gives way to ECL logic.



* Enhanced NRZ and ENRZ are Bell & Howell trademarks.

Any analog-to-digital (A to D) conversion required is done apart from and ahead of the hi-
density digital recorder, usually by a separate device from a separate supplier. The same is
true for the D to A conversion on playback.

The input clock signal is not recorded on tape because static and dynamic skew
magnitudes would corrupt the necessary synchronous relationship with the data tracks.
Accordingly, the clock signal for playback decoding and outputting is developed by
employing individual bit synchronizers, one for each playback track. The input clock
signal is required to synchronously encode the incoming NRZ-L bit stream(s) prior to
recording into the desired recording code.

A serial-to-parallel converter is required if the incoming serial bit rate exceeds the bit rate
capability of a single tape track. At 120 ips, the accommodation rate for a single 2 MHz
tape track is generally considered to be 3 to 4 MBPS. The serial-to-parallel converter will
possess a number of parallel outputs equal to the number of tape tracks chosen for
recording the parallel hi-density format. On playback, a complimentary parallel-to-serial
converter is required to reformat the parallel reproduced data back to a single serial bit
stream with associated synchronous clock. Both of these converters may either be supplied
as an integral part of the hi-density recording system or as a separate self-contained
device.

Before a number of parallel tracks may be converted back to a single hi-rate serial bit
stream, the tracks must be deskewed by use of synchronized playback deskew buffers.
Typically, deskew buffers for hi-density work will possess a capacity of 500 to 1000 bits
of deskew storage for each tape track.

Although input and output signals are normally straight NRZ-L, all known hi-density
record systems employ special coding techniques prior to recording. A companion
decoding technique is therefore required on playback. The choice of the encoding
technique, or code, utilized is the source of most of the industry divergence. Typical code
types in use are randomized NRZ, DM-Delay Modulation (Miller), Miller Squared, and
Enhanced-NRZ (ENRZ)*.

The primary measures of performance of a hi-density digital record/reproduce system are:

1) The bit density accommodated on a per track basis.
2) The system overhead.
3) The total bit rate accommodated by the full system.
4) The bit error rate provided by the record/reproduce system.



The per track bit density of a hi-density system is determined by the ratio of individual
track bit rate to tape speed and is usually expressed in bit per inch (bpi) or bits per
millimeter (bpmm). The system overhead is determined by the coding scheme selected
coupled with the deskew frame format (if using a parallel system) and is expressed as a
percentage overhead or its complement, percentage tape efficiency. The minimum bit rate
accommodated by the full system is obtained from the product of:

1) The bit density per track (less overhead percent)
2) The maximum tape speed.
3) The maximum number of tracks.

The system bit-error-rate (BER) is usually read directly from a BER test device (such as
the HP 3761A) or is manually formed by totalizing errors over the full reel for all tracks
and expressed as a ratio of bits-in-error to total-bits-recorded. Considerable liberties are
taken by some suppliers when testing for BER, such as testing with pseudorandom
patterns only and eliminating burst errors attributable to the tape. Typical BER
performance levels ran e from 10-6 to 10-7 for 50 mil wide tracks and 10-5 to 10-6 for 25 mil
wide tracks, without error detection and correction (EDAC). One supplier of hi-density
record systems, Bell & Howell, is delivering EDAC equipped systems with better than 10-9

BER using tape whose surface integrity is equivalent to 10-6 to 10-7. System users have not
yet demanded distributional control of BER over shorter lengths of tape than full reel
footages.

Tape Speed, Flutter and Time Base Error.— Tape speed accuracy, flutter and time
base error are three recorder characteristics which have been spotlighted in analog
recorders as the parameters separating superior systems from average systems. In hi-
density digital systems these three characteristics become much less critical, particularly
flutter and time base error (TBE). The insensitivity of digitally recorded data to flutter and
TBE results from two factors:

1) The digital data is no longer in the time-analog domain.
2) The digital data can be very easily defluttered and dejittered regardless of the tape

transport characteristics.

The process of digitizing analog data immunizes the resulting signal from time domain
distortions or TBE. This results because the sampling process regularity present at the time
of digitizing permanently fixes the relationship of amplitude and phase of the original
signal as a function of time. Even though the resulting digital signal may experience severe
flutter and TBE the end computer processing of the digital data ignores these variations
and accomplishes the processing on the basis of the associated clock signal only.



Even if the digital data is returned to the analog domain, flutter and TBE are normally not
of major concern. The ability to unload deskew buffers on playback via an external clock
signal provides the inherent dejitter and deflutter of the bit streams. The time base or
spectral purity of the resultant reconstructed analog signal becomes a function of only two
factors:

1) The original digitizing clock stability and jitter.
2) The external playback clock stability and jitter.

Tape speed accuracy plays an important role in digital recording, but in a manner quite
different than in conventional analog recording. Specifically, the record tape speed is
selected and dynamically controlled during the record process in order to achieve constant
packing density on tape. This is easily accomplished by operating the tape speed servo
system in the external control mode and deriving the controlling frequency from the
incoming clock signal by either frequency synthesis or straight digital dividing (see
Figure 1).

During reproduction two different tape speed controlling options find use:

1) Internal Output Clock (IOC)
2) External Output Clock (EOC)

While simultaneously recording and repeoducing we are forced to use the IOC mode. In
this mode, a common clock signal is derived from one or more of the reproduced tape
tracks and used to determine the output rate of the data. In this mode, the output data rate
will equal the input data rate on a long term basis, but not on an instantaneous bit-by-bit
basis. This results because the “delay line” between the record and reproduce head is not
constant but is going through continual change because of flutter, jitter, speed and tension
variations.

When reproducing a prerecorded tape the EOC mode or the IOC mode can be used. In the
EOC mode the user may supply a stable, jitter-free clock at the rate he wishes to receive
the reproduced data. The matching of the output data rate to the user’s clock is
accomplished on a bit-by-bit basis by deriving a tape speed control signal from the user’s
clock using appropriate frequency synthesizing techniques. Additionally and
simultaneously, the user’s output clock strobes the data out of the deskew buffer. In effect,
the user’s clock dejitters and rate-controls the output data (see Figure 2).

Encoding.— The digital data arriving in NRZ-L format requires encoding prior to
recording in order to achieve maximum utilization of the limited response of the recording 



channel. One such method of encoding or coding is the Bell & Howell Enhanced NRZ or
ENRZ.

The Bell & Howell ENRZ format consists of adding one bit to each group of seven data
bits to be recorded on one track. The bit added is a parity bit, such that the total number of
“1”s recorded for the group with its parity bit is odd. This enhancement of the raw data
yields several advantages over straight NRZ encoding. First of all, it guarantees a
transition rate in the recorded signal sufficient for maintaining phase lock in the detector
tracking oscillator. Secondly, by means of parity check during playback, it gives a good
indication of the accuracy with which the bits were recorded and reproduced. Thirdly, it
makes it possible to determine when accurate bit count has been lost and, within a limited
error boundary, re-establish the correct bit count and alignment of data bits at the system
output. The extra bits inserted during the recording mode are deleted on playback prior to
reformatting the data for output.

The addition of an odd parity bit after every seven data bits restricts the recorded bit
pattern so that no more than 14 bit periods may elapse without a flux change, in the worst
case. This brings the low frequency response requirement within the range of standard
Direct reproduce electronics, augmented by DC restoration, while retaining the upper
bandwidth conservatism of straight NRZ. The reduction in effective packing density due to
the addition of the parity bits amounts to 8:7 or a 12.5% reduction, significantly less than
the reduction occasioned by the use of Bi-Phase.

Since the ENRZ waveform is virtually indistinguishable from an NRZ waveform except
that the enhanced rate is 8/7 the data rate, the high frequency response requirements will
be 8/7 that of NRZ data. Consequently, the ENRZ signal requires a theoretical high
frequency passband of (8/7 x 1/2) or 4/7 the bit rate.

By bounding the DC component such that it can never reach zero or 100% of the peak
signal amplitude, the amount of zero crossing displacement due to lack of DC response is
reduced and DC restoration is effective. Thus, by reducing the DC shift, the system rise
and fall timing errors through the zero crossings can be reduced. Since the rise and fall
times are dependent upon the high frequency content, reducing the baseline wander
permits an increase in packing density.

Tape Efficiency (Overhead).— By tape efficiency we mean the ratio of a code’s
through-put rate to the through-put rate of straight NRZ while maintaining equal bit-error-
rate in a given bandwidth channel.

ENRZ is a highly efficient code or stated differently, ENRZ overhead is low. Seven of
every eight bits on tape are user data bits. This equates to a tape efficiency for ENRZ of



87.5% (12.5% overhead). Translated to user through-put terms, 87.5% of the recorded bits
are user data bits.

Groups engaged in standards activities are encouraged to define a code’s efficiency rather
than a code’s overhead, because overhead calculations can be misleading. Users are more
concerned with system efficiencies which immediately expresses a code’s usefulness.

If we assign straight NRZ code an efficiency of 100%, we can rank the better known
codes as follows:

Code Efficiency

NRZ 100%
ENRZ   87.5%
Block Code (6, 5)   83.3%
DM   66% (From Ref. 9)-
Bi-Phase   50%

The above percentages do not include the deskew sync word required in multitrack parallel
Hi-D systems. Bell & Howell has standardized on the following deskew format for Hi-D
multitrack parallel systems:

Frame Size: 680 bits per track 
Deskew Sync Word: 40 bits per track 
Sync Word Pattern: Ten “1.0” pairs followed by 

ten “0.1” pairs 
Data Bits Per Frame: 560 bits per track 
Enchance Bits per Frame: 80 bits per track 
Total Efficiency: 680/560, about 82%
(See Figure 3)

Bit Rate to Bandwidth Ratio (Packing Density). — The ratio of bit rate (BR) to
bandwidth (BW) for ENRZ is easily derived from the well known performance of NRZ.
Using information theory, it has been shown that with NRZ data, the maximum signal rate
is twice the upper frequency limit of the channel. This rate, known as the NYQUIST rate,
is based upon an ideal low pass filter and assumes that the output signal is sampled
precisely at the center of the bit cell to make the “one” “zero” determination (see
Reference 1).



Using an NRZ BR to BW ratio of 2:1 and modifying this by the 7/8 efficiency factor
produces an ENRZ BR to BW ratio of 7/4. This can also be expressed as a BW to BR
ratio of 4/7.

Using this ratio for ENRZ and a 2.0 MHz bandwidth at 120 ips, we would expect a bit rate
of 7/4 x 2 x 106 or 3.5 Megabits per second per track. This equates to a packing density of
(3-5 x 106) ÷ 120 ips or 29 KBPI. This density compares favorably with Kings unbiased
IRIG sponsored report of “odd parity - NRZ ranged from 26 to 35 KBPI” (see Ref. 2).

The reader should be cautioned against reports of super codes achieving high packing
densities, i.e., up to 50 KBPI, without revelation of the bandwidth of the analog channel
utilized. The astute reader will ask for the BR to BW ratio before being unduly impressed.

Sensitivity to Changes of Bandwidth and Record Current. ENRZ like straight NRZ
enjoys an additional bandwidth related advantage over other non-NRZ codes, i.e., low
sensitivity to changes of bandwidth that may result between reels of tape or within a single
tape. Author King reports:

“NRZ bit packing was more sensitive to tape recorder bandwidth changes
then Bi-Phase but less sensitive than DM.”

This is explained by King:

“It is the compacting of DC spectral energy that makes its bit packing density
more sensitive to bandwidth changes.” (Quotes from Ref. 2)

Rather than being compacted into a narrow band of spectral energy centered at 3/8ths, the
normalized bandwidth (King’s Figure 6) ENRZ makes better utilization of the full recorder
spectrum available. The spectral occupancy advantage of ENRZ results in its being less
sensitive to upper bandedge phenomena like head varnish, azimuth misadjustment and
imperfect equalization. This also explains the ease of alignment of reproduce electronics
when using ENRZ compared to DM.

A second recording adjustment sensitivity was reported by King:
“NRZ was also more sensitive to bias changes than Bi-Phase but less
sensitive than DM. NRZ showed only a 3% loss in bit packing at 0 DB bias
for 30 ips . . . “

Although not explained by King, it is likely the compacted spectrum of DM is again
responsible for this sensitivity.



Bell & Howell recommends the recording of ENRZ and, in fact, any digital bi-level signal,
without bias. Superior record levels and lower bit error rates are consistently achieved with
non-biased recording at Bell & Howell. The net improvement in record level can be as
great as 3 dB which improves off-tape SNR by the same amount. Selecting ENRZ does
not, however, require the elimination of high frequency bias if the user wishes to retain an
IRIG Direct Mode configuration. Author Leighou reports successful operation at 32 KBPI
with high frequency bias using “odd parity in every 8-bit byte.” (See Ref. 3) Although not
stated by Leighou, he appears to be describing an NRZ code exactly equivalent to ENRZ.

Bit Error Rate vs Signal to Noise Ratio.— The inherent BER vs SNR performance of
NRZ codes applies directly to ENRZ. A number of authors have published both theoretical
curves as well as experimental curves on this important NRZ relationship. (See Refs. 1, 4
and 5) This well established relationship for NRZ and ENRZ is not shared by other non-
NRZ codes.

Author Waggener from EMR-Schlumberger states:

“The performance of delay modulation (DM) has been widely misunderstood.
The small low frequency content and a sharply peaked spectrum at about 0.4
bit rate has led potential users to conclude that DM is an efficient coding
technique. Such a conclusion is unwarranted and, in fact, the performance of
DM is 3.5 db poorer than NRZ using an optimum detection bandwidth of
twice that of NRZ. If the bandwidth of DM is limited to the spectral region
less than the bit rate, a considerable penalty in bit error performance is paid.”

Experiments at Bell & Howell with DM vs ENRZ show the detection superiority of ENRZ
over DM by the margin of opening of eye patterns. (See Figs 4A and 4B)

Long time proponents of DM now recognize the 3.5 db penalty cited by Waggener but
tend to discount its importance. Its importance is quite obvious:

1) A SNR margin of 3.5 db provides a safeguard against operational problems of head
varnish, head azimuth and electronic misalignment and crossplay.

2) Tape dropouts of a magnitude at or near detection and bit sync threshold will be
successfully accommodated using NRZ/ENRZ while errors will result with DM.

3) Increased packing density can be achieved with a superior BER vs SNR code like
ENRZ if the criterion of packing density is established by increasing density until a
given error rate results. (This is King’s method of code evaluation and he, in fact,
found that NRZ could be packed at higher densities than DM.)



Error Multiplication.— Error multiplication is a code property which has not received
adequate exposure by past authors in the field of digital coding schemes. By error
multiplication, we mean the property of a code which results in an increase in decoded
output errors over and above the output errors that would have resulted using a code with
zero error multiplication.

The ENRZ code is an example of a zero error multiplication code. It contains no inherent
mechanism for the multiplication of errors over and above the flaw rate of the tape being
recorded/reproduced.

Randomized NRZ tested by King and described by Stein (see Ref. 6) is one example of an
error multiplication code. Specifically, the derandomizing process inherently contains two
types of error multiplication, i.e., from circulation thru the feedback loops and from bit
slip:

1) Circulation Error Multiplication

a) A single bit in error, present at the input to the derandomizer will result in 3
errors at the output, (using any register size).

b) A string of 23 bits in error at the input to the derandomizer will result in 46 bits
in error at the output, (using the 223-1 register).

c) A string of 46 bits in error at the input to the randomizer will result in 46 + 23
bits or 1.5 times the off-tape error rate, (using the 223-1 register).

(These examples are typical of the size of burst lengths of dropouts of current
wideband analog tape used for Hi-D recording.)

2) Bit Slip Error Multiplication

d) A single bit slip occurring before the derandomizing buffer will interrupt the
synchronism of the buffer’s derandomizing process.

Twenty-three (23) error-free, unslipped bits must “purge” the derandomizing
buffer before an error-free output results.

Delay Modulation possesses a similar trait, specifically, the DM decoder must receive a
101 bit pattern in order to be synchronized for proper decoding. In the event of either bit
slip or burst errors, the DM decoder must be “purged” by a 101 pattern in order to
produce correct bit patterns at the output. Miller Squared is similarly disadvantaged.



NRZ/ENRZ do not require purging nor do they incorporate an inherent error multiplication
property. A single bit in error off-tape will result in only a single bit in error at the decoder
output. The bit slip properties of ENRZ, superior to both DM and randomized NRZ, will
be addressed in the next paragraph.

Recovery Potential from Bit-Slip.— One of the unique properties of ENRZ is its
recovery potential from bit slip. Bit-slip is defined by EMR (Ref. 7) as “the increase or
decrease in the clock frequency by one or more bits with respect to the input signal.” The
incorporation of parity bits in every eighth bit position of the ENRZ code provides, in
effect, an electronic sprocket which can be used during playback decoding to combat bit-
slip.

In the event bit-slip occurs, the parity bit position will move ahead or move backward in
time one or more bits. By inspection for odd parity over a group of 8 bit words (5 words
usually with a 40 bit register) it is possible to (1) Detect that slip has occurred, and (2)
Determine the direction and magnitude of the slip.

Once the slip direction and magnitude has been determined, it is relatively easy to remove.

Code systems which do not have the sprocket property of ENRZ cannot be bit-slip
recovered until a unique bit pattern arrives (such as 101 for DM) or until a suitable time
period has elapsed (such as 23 bits for randomized NRZ).

In a deskew parallel system, this ENRZ advantage is even more dramatic. If bit-slip is not
corrected in a system with deskew buffers, the track experiencing bit-slip will not be
properly deskewed until the arrival of the next deskew frame sync word. This is typically
500 to 600 bits. ENRZ tracks can be bit-slip corrected immediately without waiting for the
deskew frame sync word.

Minimum Transition Density.— EMR (Ref. 7) defines transition density as “The
average number of transitions (from logic one to logic zero or logic zero to logic one) in
the bit stream.” This same reference describes the EMR Model 720 Bit Synchronizer as
follows:

“Minimum Transition Density: Sync is maintained with transition densities as
low as one transition in 64 bits with a SNR of 10 db.”

The worse cast transition density with ENRZ is 1 transition in 14 bits, approximately 5
times the density required by the EMR 720. This transition density of ENRZ is a major
improvement over straight NRZ which has no guarantee of transition density.



No claim is made by Stein for the minimum transition density of randomized NRZ.
However, it is not difficult to envision a string of “0”s of 20 to 40 bits long resulting in a
randomized output with no transitions. It would appear difficult, if not impossible, to
specify the minimum transition density of randomized NRZ.

DM, on the other hand, boasts a transition density of 1/2 or 50% regardless of bit pattern.
This apparent advantage of DM is obtained at the expense of compacting the spectrum,
which has been previously shown to be detrimental by several reference sources. The DM
transition density of 0.5 seems beyond the point of diminishing returns, or an over-
reaction, when viewed from the performance baseline of a well-designed bit sync, such as
the EMR 720.

Transition density considerations of Miller Squared (0.33) are essentially equivalent to
DM and, again, seems beyond the point of diminishing returns.

Pattern Sensitivity.— Pattern sensitivity is defined as that property of a code which will
cause an increase in error rate for peculiar bit patterns over and above the error rate for
more benign bit patterns. In practice, pattern sensitivity is usually the result of low
transition density coupled with highly asymmetrical bit streams, i.e., a long string of “1”s
or “0”s. This type of signal contains significant spectral energy near DC and will result in
baseline gallop or wander because the tape recorder system does not pass DC or low
frequency energy.

The EMR Model 720 Bit Synchronizer (Ref.. 7) is described with the following capability:

“Baseline Shift: No degradation in performance if the serial PCM wavetrain
is shifted by a super-imposed triangular waveform with a peak-to-peak
amplitude of the PCM wavetrain and with a frequency up to 0.1% of the data
bit rate.”

The ENRZ code limits the DC baseline shift such that it can never reach zero or 100% of
the pulse amplitude. Specifically, the baseline shift of ENRZ is bounded between 12.5%
and 87.5% of the peak-to-peak value.

The percentage shift of the codes baseline is only part of the story. The other question to
ask is:

How good is the DC restorer circuitry or is there in fact a DC restorer circuit
incorporated?



Bell & Howell recommends DC restoration regardless of the type of code being utilized as
the additional complexity is not great. Further, we recommend that multispeed tape
systems incorporate DC restoration circuits that “scale with tape speed”. By “scale” we
mean the time-constants of the DC restoration circuits are changed automatically and
proportionately with tape speed. A measure of the Bell & Howell DC restoration is shown
in Figs 5A and 5B.

The final proof of the DC content or pattern sensitivity of the code is a stringent test, not a
pseudorandom (PN) bit stream test. PN tests are actually very benign tests as they are rich
in transition density and devoid of worst case patterns for any appreciable length of time.

A true worst case test requires a special signal generator. A generator of this type has been
constructed by one Bell & Howell user. This generator supplies a “sampled-ramp” test
code sequence, which is a repeating 14-bit serial code to each recorder track under test.
Quoting from a report authorized by this user:

“Each 14 bit code is repeated 1024 times before changing. All possible 14 bit
code sequences are eventually generated each persisting for 1024 times.
Playback synchronization to the reproduce test sequence is accomplished
once at the beginning of the measurement so that a bit-slip occuring in any
track will not be self-clearing but will result in recurring errors.”

The test results of this user were summarized in his test report as follows:

“As a result of the testing described in this note, it has been shown that the
Bell & Howell recorders can be tested with long PRN test sequences and the
resulting error measurements can, with much greater confidence, be extended
to any 14-bit test sequence.”

The reader is cautioned against reports of comparative superiority of DC free codes over
ENRZ when tested at various record levels and bit packing densities. (Ref. 8) These tests
have been performed with either no DC restoration or with marginal DC restoration,
adequate only for spectrally compacted DM codes. In effect, these tests were
measurements of DC restoration inferiority rather than a test of code performance.

Confidence Monitoring.— The confidence monitoring property of ENRZ is a major
advantage to users requiring real-time assurance that data is being recorded with low error
rate. This property is not easily matched by other codes.



The ability to detect parity errors is a simple and inherent property of ENRZ. As soon as
an error burst begins, odd parity will no longer be satisfied. A parity error bus for each
track can be monitored during the record mode as a measure of error activity. In general,
one parity error can mean an error burst of 1 to 7 bits in length has been encountered. A
bounded relationship, therefore, exists between the parity or word error rate and the bit
error rate. As an assurance or confidence monitor during recording, the rate of occurrence
of parity or word errors has proven to be a highly reliable indicator of recorded data
quality.

Other codes may possess real-time error checking or confidence monitoring but
implementation is usually more costly. Examples are block codes as described by
Davidson (Ref. 9), who states:

“In the case of the (5,6) alternating disparity code an even parity check can
be made. Such parity error checks can provide an indirect means of on-line
monitoring of BER.”

Davidson concludes with the following comments on block code complexity:

“Some drawbacks of these low disparity codes compared to bi-phase and
delay modulation are as follows:

1) Slightly more complex digital methods of generation are required.

2) Moderately more complex (but, nevertheless, practicable) digital methods of
decoding are required. Not only must bit-boundaries be determined, but
character boundaries as well.”

Error Detection and Correction (EDAC).— The longitudinal parity bits in each track of
a parallel Hi-D system using ENRZ can be conveniently expanded into an efficient and
economical error detection and correction system. By the simple addition of lateral parity
(across the tape width), almost all error activity can be detected and corrected. The
incorporation of orthogonal parity is a natural extension of ENRZ and does not require
extensive modification or undue cost to existing systems.

The following description by Herff (Ref. 10) outlines the basic concept and
implementation of EDAC:



“General Description

The parallel tracks of data are blocked and checked for longitudinal and lateral
parity. The adjacent parallel data tracks are then separated longitudinally along the
tape by the use of delay networks (interleavers); the lateral parity information being
recorded on a separate track. This lateral parity checking of the data is performed
two or more times before the data is recorded. In the reproduce mode, the
reproduced data is checked for parity and parity errors stored in memory for
eventual identification and correction of bit errors. Following each reproduce parity
check, the data is restored one delayed time frame until each track has the same
lateral time relationship as the original input data.”

The complete article by Herff is available from Bell & Howell on request. An example of
the effectiveness of EDAC is shown in Fig. 6.

Conclusions and Recommendations.— Hi-density digital record/reproducers are very
complex systems requiring considerable study and effort by those responsible for
generating procurement specifications. Although bearing some similarity to analog
instrumentation recorders, significant differences do exist and these differences must be
completely understood if the user wishes to professionally control his procurement. Some
of the more important elements of hi-density digital recording have been presented for the
benefit of those becoming involved in this technology for the first time.
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FIGURE 1.  RECORD MODE SPEED CONTROL



FIGURE 2.  REPRODUCE MODE SPEED CONTROL

Fig. 3  Each Track Deskew Information



Fig. 4A  (DM)

Fig. 4B  (ENRZ)

Figures 4A and 4B show linear density of 33 kbpi.

While there is consistent decrease in the “EYE” opening, the ratio of ENRZ/DM opening
increases to 3.6:2 = 1.8:1.



Fig.  5A

1) NRZ at 33 kbpi

2) 60/60 ips

3) 28 tracks x 1"

4) 24 successive 0’s

Fig.  5B

1) NRZ at 33 kbpi

2) 60/60 ips

3) 28 tracks x 1"

4) 28 successive 1’s

Footnote: Both photos show results of DC restoration on 24 successive bits without
transitions.



FIGURE 6
TAPE TYPE: 3M 890

Serial No.: 1468702106

Tape Total Burst EDAC EDAC
Footage Error Size Loop 1 Loop 2
  (Feet)  (Bits)  (Bits)  (Bits)  (Bits) 

100 0 0 0 0
200 63 63 0 0
700 81 18 0 0
880 194 113 9 4

1070 264 76 9 4
1940 325 61 11 4
4100 349 24 11 4
4280 542 193 12 4
5010 658 116 23 4
6200 716 58 23 4
7100 771 55 23 4
7400 897 126 23 4
8300 1183 286 23 4
8450 1222 39 23 4
8835 1222 0 23 4

Packing Density:   34.4 kilobits/inch/track.

Track Width:   25 Mil

Average BER before EDAC:   4.12 x 10-7

Average BER after 2 loops EDAC:   1.30 x 10-9

Tape Speed:   30 ips Record/Reproduce Mode.



NASA Standard 4 x 109 Bit Spacecraft Tape Recorder

James P. Welch
Odetics, Inc.

Anaheim, California.

Summary .— The concept of employing standard spaceborne hardware to meet the needs
of present and future spaceborne missions is the beginning of a new era. In this paper,
attention is focused on describing the functional characteristics of a 4 x 109 bit magnetic
tape recorder that will become the standard tape recorder for future satellite missions. The
recorder development was directed by NASA Goddard Space Flight Center.

Introduction. — The concept of a standard tape recorder design capable of satisfying the
requirements of existing as well as future spacecraft missions implies by definition that the
performance boundaries set by the initial design must encompass all possible future
mission profiles without incurring substantial development costs and its associated
schedule impacts. Prior to entertaining the notion of standardization, each recorder was
designed to satisfy unique performance requirements with emphasis placed on minimizing
size, weight and power simultaneously with maximizing reliability. The common
denominator between all of these unique recorder designs is the recorder function. In
essence, the tape recorder has five general functions to perform. These functions are listed
below in increasing order of contingencies associated with development.

1. Telemetry Interface

2. Power Interface and Internal Power Distribution

3. Command Interface and Internal Mode Control Distribution

4. Speed Control Range

5. Signal Conditioning Required for Input/Output Transfer Rates

The above suggests that a major objective toward standardization would be achieved if
emphasis is placed in a prudent selection of upper and lower boundaries for the latter two
functions, in conjunction with maintaining the internal interface between all recorder
functions constant. This objective could be implemented in one of two ways. The first
approach considered involves developing a performance matrix for all possible



combinations of user requirements and then design the recorder hardware to satisfy any
solution that the matrix unveils. Although this solution is feasible, the end product would
be so complex, not to mention the recurring costs, that almost every case would fall
outside the limits of acceptable power, weight and size requirements which still are a
driving force for acceptable recorder utilization.

The second approach is more attractive. In this approach the design objective is to
modularize the recorder functions and therefore, provide user flexibility by using an
adaptive concept whereby only selected solutions to the performance matrix previously
cited need be satisfied for any given mission. Using the statistics accumulated from
recorder developments over the past decade as a basic premise for this argument, the latter
approach is acceptable to the users. Also, this approach minimizes the development, and of
equal importance, reliability risks incurred in satisfying the best overall design for each
unique requirement. In the subsequent sections, the major goals to be achieved for a
standard recorder system will be stated and then followed by discussion of each recorder
function. Included in the discussion will be the limitations of recorder flexibility based on
the assumptions used as design criteria for each function.

System Description. — The 109 standard tape recorder is capable of storing 4 x 109 bits
of digital data distributed over 16 tracks on 2,400 feet of 1/2 inch tape. This data may be
stored in either a serial mode by sequential track switching or a parallel mode in which
case the track switching occurs in pairs of two, four or eight tracks. The number of tracks
used in the parallel mode is predetermined at the time of recorder assembly. The recorder
tape speed range is controlled over a dynamic range of 160:1 by a clock coherent to the
input/output data rate. This external clock, in conjunction with serial/parallel mode control,
allows the data to be recorded on tape at a constant bi-phase level packing density of
8.5 Kb/in. By combining the capabilities of serial and parallel mode operation, the
maximum dynamic range of the input data transfer rate is 1,280:1. The upper transfer rate
is limited to 8.192 Mb/s (parallel by 8 at 120 ips) and the lower transfer rate is limited to
6.4 Kb/s (serial at .75 ips). Readout of the stored data on tape is always opposite to the
direction recorded in the parallel mode but has a bidirectional readout in the serial mode.
Unlike the record mode, constraints are imposed on the dynamic range of reproduce mode.
The total dynamic speed range of the reproduce mode is 160:1; however, for any one given
mission, this speed range is restricted to one of three overlapping speed ranges that is
predetermined at the time of recorder assembly. Another benefit of the modular approach
is it allows considerable simplification of the amplifier, phase equalizer and bandwidth
normalization electronics necessary to preserve the signal-to-noise ratio of low level
analog signals detected by the reproduce heads. Control of the tape recorder is
accomplished through the use of a 16-bit serial command word. This command word is
subdivided into five data fields which, when decoded, describe specific operation for any
one of eight recorder modes. Real time performance as well as diagnostic monitoring is



structured to be compatible with the standard spacecraft telemetry system. The recorder is
powered from a conventional 28 V DC unregulated power bus.

System Configuration. — A block diagram of the 109 STR is shown in Figure 1.
Physically, the recorder is divided into two units, the transport unit (TU) and the electronic
unit (EU). The TU is hermetically sealed and consists of a coaxial reel, negator spring
tensioned, tape transport mechanism. It also includes all of the associated electronics
necessary to provide speed control, power distribution, transport telemetry, track-select
logic and signal conditioning for the record and reproduce heads. The EU consists of the
main power supply, control logic, master synchronizer, record/reproduce signal
conditioning electronics and EU telemetry. The interface between the TU and the EU is
designed to allow cross-strapping of like units. All physical and electrical interfaces to the
spacecraft, however, are accomplished on the EU.

Data Recording. — Two distinct recording techniques are provided by the
recorder—serial and parallel. In the serial record mode, the input data is buffered and
converted into a bi-phase level format prior to being recorded sequentially on up to 16 data
tracks. The serial record mode is used for input data transfer rates ranging from 6.4 Kb/s to
1.024 Mb/s. A clock coherent with the input data bit stream is used to generate a capstan
servo reference frequency such that data is recorded on tape at a constant packing density
of 8.5 Kb/in. This serial mode is always initiated at the beginning of Track 1 such that the
full width DC erase head can erase all previously recorded data as well as record a servo
reference track for tapelock speed control on either succeeding recording tracks or during
the reproduce mode. In the parallel record mode, the input bit stream is demultiplexed into
two, four or eight parallel bit streams depending on the predetermined parallel mode
desired at the time of recorder assembly. Each of these bit streams are then formated into a
792-bit data frame prior to recording on tape; 768 bits are used for data block with the
remaining 24 bits used for synchronizing the recorded characters in the reproduce mode.
This tape format is shown in Figure 2. The gapping of the input data stream is
accomplished by using a 32-bit RAM for each data track. Clocks for loading and
unloading the RAM are generated by a phaselock loop that is coherent with the input data
clock and 33/32 times the input data rate. The parallel mode may be used to either extend
the upper bit rate limit of the serial mode previously described or extend the recorder life
by recording lower bit rates at a lower tape speed and consequently fewer tape passes for
a given mission life. A summary of the recorded data rate flexibility afforded by the record
mode of operation offered by the 109 standard tape recorder is illustrated in Table I.



Figure 1
Block Diagram of 109 STR



Figure 2
TAPE FORMAT

Table I
Summary of Data Rates



Data Reproduction. — In order to preserve the signal-to-noise ratio of the reproduce
signal with an acceptable amount of hardware, the dynamic range over which any recorded
data may be reproduced has two basic constraints; TU signal conditioning and EU signal
conditioning. In the TU, the 160:1 dynamic speed range is divided into three speed groups
with each speed group being further divided into eight commendable 1/2 octave increments
as shown in Table II. Eight channels of reproduce signal conditioning electronics are
provided. Although all 16 tracks have a dedicated 50 dB reproduce head preamplifier, the
appropriate track in the serial mode and track groups in the parallel mode are switched to
their corresponding data channel by the transport control logic. A two-stage speed
equalizer is used to normalize amplitude and phase response over the 1/2 octave increment
selected. The output of the TU is an analog signal that ranges from 1.5 to 3.0 V RMS
depending on the absolute speed within the speed range selected. In the EU, another
constraint is imposed on flexibility. In this case, the bandwidth of the TU output analog
signals must be limited in the EU prior to convertion into TTL logic levels. For the EU and
TU to be completely compatible, eight filters would be required for each data track; one
for each selectable 1/2 speed octave. In the interest of trading off flexibility for simplicity,
only two filters are used with each filter spanning a full octave of data rates. Thus, all
possible data rates for a given TU are covered, but with limitations set for a given mission.

Table II

Speed Group Half
Octave

CommandIII II I

120-85 ips

85-60

60-43

43-30

30-22

22-15

15-11

11-7.5

30-22 ips

22-15

15-11

11-7.5

7.5-5.3

5.3-3.75

3.75-2.7

2.7-1.875

7.5-5.3 ips

5.3-3.75

3.75-2.7

2.7-1.875

1.875-1.35

1.35-.9375

.9375-.75

.9375-.75

0

1

2

3

4

5

6

7



Once the data signals are converted into TTL logic levels, they are decoded and fed to the
dejitter buffer. When operated in the serial mode, the only function of the dejitter buffer is
to remove the ill-effects of the timebase error built up by the tape transport. However, in
the parallel mode, the buffer is also used to remove interchannel timing errors as well as
strip out the sync word inserted during data recording and remove the gap between
recorded data blocks. The output of the dejitter buffer is then multiplexed into a serial
output bit stream. Provisions are made to supply either NRZ or biphase level format at the
recorder output interface.

Tape Speed Control. — Speed control of the capstan drive assembly is accomplished by
a phaselock servo that consists of a brushless DC motor, current mode driver, phase
detector and mode control logic. The motor is a delta wound, optical commutated,
brushless DC type. There are three capstans redundantly belt-coupled to the motor shaft in
a symmetrical arrangement called Delta Drive. An optical tachometer is also connected to
the motor shaft as a means of indicating motor shaft position when in the tach mode. The
motor is driven from a current mode driver that employs motor current feedback as a
means of obtaining uniform speed performance over the 160:1 speed range required. This
wide operating speed range accounts for a great deal of the flexibility afforded by the
recorder. The phase detector compares the phase difference between a servo speed
reference frequency and the feedback obtained from either the tach or the tape. A sample-
and-hold technique is used to remove the carrier frequency prior to being fed to the current
mode driver. The servo has three modes of operation: accelerate/decelerate, tach and tape.
In the accelerate/decelerate mode, the servo loop employs rate feedback until the final
speed is achieved. The tach mode is used during the data recording mode and in the
reproduce mode as a means of making a smooth transition between the acceleration profile
and tape lock. The tape lock mode, on the other hand, is always used during the playback
of the recorded data.

Command Interface and Mode Control Logic. — The command interface is structured
for a 16-bit serial command word that is present during a command gate interval. Line
receivers are used to interface the command data and clock signals while a single ended
TTL line is used for command gate interval. The command is stored in a command register
within the recorder until a new, valid command has been received. All other functions
associated with the command detection are physically located on one P.C. board within the
TU. In the event a nonstandard command interface requirement should arise, the unique
command-decoder could be designed to adapt to the pre-sent decoder output that link all
recorder functions. A detailed format of the command word is shown in Figure 3. The
eight operational modes are described below:

Fast Forward - The recorder will shuttle tape at 120 inches per second to the end of tape
(EOT).



Command Word Format
Figure 3

Rewind - Same as Fast Forward except that tape will shuttle toward beginning of tape
(BOT).

Record Serial - The unit will record data at a speed determined by the commanded speed
octave and the external bit rate clock. Data will be recorded in a serial track-sequencing
format starting with the commanded track incrementing to Track 16. Erasure of all data
tracks will occur only during the recording of Track 1. Record direction is forward on odd
tracks and reverse on even tracks.

Record Parallel - The unit will demultiplex the serial input data to two, four or eight
parallel record channels as a function of the number of channels predetermined at the time
of recorder assembly. Data is to be recorded at a speed determined by the commanded
speed octave and the external clock. Data will be recorded in a parallel track-switching
format starting with the first group of tracks or the commanded track group incrementing
to the last group. Erasure of all data tracks will occur during the recording of the first
group of tracks only (i.e., Track 1). Recording will continue until an operational mode
command is changed or end of sequence is detected.

Reproduce Reverse Serial - The unit will reproduce data at a speed determined by the
commanded speed octave and the external clock. Data is to be reproduced in a serial
track-sequencing format starting with Track 16 or the commanded track decrementing to
Track 1. Reverse serial playback shall reproduce the data opposite record. Playback will
continue until the operational mode command is changed or the end of sequence is
reached.



The 16 bits are utilized as follows:

Bit Position Functional Description

Bit 1 Spare

Bits 2-4 These bits are effective in the reproduce mode and are used in
conjunction with bits 13-16. They establish which 1/2 octave speed
range of eight available will be selected as a function of a
predetermined speed group (Table II).

Bits 5-8 Select one of eight functional modes (see text).

Bits 9-12 This command field defines the starting pass from which an
operation is initiated. In the serial mode, the starting pass equals the
track I.D. In the parallel mode, the pass count shall be a function of
the selected parallel tracks.

Bits 13-15 Selects any one of eight speed octaves in reproduce mode, the
speed octave must be compatible with predetermined T.U. speed
group.

Bit 16 A one in this bit selects the low band filter in the E.U. A zero in this
bit selects the high band filter in the E.U.

Playback Parallel - The unit will reproduce data at a speed determined by the commanded
speed octave, predetermined number of parallel channels and the external clock. Data is
reproduced in the parallel track switching format the same as described for the record
parallel mode except that both the order in which groups of tracks are reproduced and the
tape direction of any group of tracks is opposite of that of record. Reproduce will continue
until the operational mode is changed or the end of sequence is reached.

Playback Forward Serial - This mode is identical to the reverse serial reproduce except the
direction of the tape motion and track switching are reversed.

Stop/Standby - The primary power supply will be turned off and tape motion stopped. The
standby power supply will remain energized and provide power through the control logic
interface. The recorder will be receptive to commands while in this mode and will output
analog and digital telemetry signals.



Power Interface and Internal Power Distribution. — The recorder is powered from a
conventional 28 V ±9 VDC power bus. The internal power supply converts this bus into
two regulated voltages. One regulated bus is used to distribute, through an isolation
inverter, power to all functions within the EU. The second bus is fed to the TU and, in like
manner, uses this voltage to distribute power to all TU functions.

The internal power supply is designed as a module and hence, if a spacecraft requirement
has a power interface that is not within the present design limits, sufficient space is
available for redesign without affecting any other recorder function.

Telemetry Interface. — The standard tape recorder has provisions for four classes of
telemetry signals: discrete analog, discrete digital, multiplexed analog and multiplexed
digital. In previous spacecraft applications, tape recorder telemetry was limited to
temperature, pressure, EOT/BOT indications and some form of mode responses. More
often than not, little emphasis was placed on implementing diagnostic telemetry signals.
However, the spacecraft design of the future has a complex telemetry structure that can
accommodate many diagnostic telemetry points in an efficient manner. For this reason, the
telemetry design of the standard recorder has four multiplexed analog outputs as well as
one multiplexed digital output. The telemetry interface, like the command interface, has a
telemetry gate and telemetry clock signals that are interfaced to the recorder by line
receivers. A major frame sync signal is in a single ended TTL compatible signal used to
index the internal multiplexer to a known state.

Conclusion. — This paper has analyzed each of the five basic functions of a spaceborne
tape recorder. As predicted, the telemetry function has the least impact and the signal
conditioning in the reproduce mode is the critical function for limiting recorder flexibility.
The ultimate goal is to provide sufficient balance between flexibility and adaptability such
that no single mission is required to pay the size, weight, power and reliability penalties for
the sake of standardization.

For future applications, an additional expansion of speed ranges is available because of the
unique Delta Drive design. Speeds as low as 0.19 ips during record are achievable.



A High Data Rate Recorder/Reproducer

R. E. Brobst
Odetics, Inc.

Anaheim, California.

Summary. — A High Data Rate Recorder (HDRR) has been developed under contract
with Engins Matra, France, to be used in the European Spacelab. Engins Matra is
responsible for the design and testing of the Command and Data Management System
(CDMS). The HDRR is part of the CDMS which performs on-board data processing,
multiplexing and storage. The Spacelab is a primary payload of the U. S. Space Shuttle
Orbiter. The HDRR interfaces with the Spacelab High Rate Multiplexer, which, in turn,
provides the inputs to the Tracking Data Relay Satellite (TDRS) down-link system for
transmission to the ground.

The HDRR is capable of recording and reproducing at a maximum rate of 32 Mb/s. The
total continuous record time allowed at this rate is 20 minutes. Thus a total of 3.84 x 1010

bits can be stored.

The HDRR has a versatile command and data interface that allows for recording at any
rate between 1 Mb/s and 32 Mb/s. Reproduction can be performed at 2 Mb/s, 4 Mb/s, and
any rate between 8 and 32 Mb/s.

Introduction. — As increased sensitivity and resolution are required from spaceborne
sensors, the output data rates from these sensors become increasingly higher. When it is
required that this data be stored before being sent to the ground station such as during the
TDRS black-out region, a digital tape recorder capable of handling these high data rates is
required. It is for this purpose that Odetics has developed the High Data Rate Recorder
(HDRR).

Text. — The High Data Rate Recorder is a longitudinal type magnetic tape recorder/
reproducer with a storage capacity of 3.84 x 1010 bits of digital data. This total capacity
can be filled by using any one of a large number of combinations of data rates and record
times; that is, at the highest data rate acceptable (32 Mb/s), the total allowable record time
is 20 minutes (32 X 106 Mb/s X 60 seconds X 20 minutes = 3.84 X 1010 bits). At the
lowest allowable input rate (1 Mb/s), the total allowable record time is 640 minutes
(1 Mb/s X 60 seconds X 640 minutes = 3.84 X 1010 bits). Since the input rate is
continuously variable from 1 to 32 Mb/s, the total allowable record time can vary from



20 minutes minimum to 640 minutes maximum. A similar situation exists during reproduce
except here the allowable reproduce rates are 2 Mb/s, 4 Mb/s and continuously variable
between 8 and 32 Mb/s. Thus, the fastest reproduce (dump time) for a fully loaded
recorder is 20 minutes.

Besides the high data rate capability, one feature that makes this recorder unique for the
manned Spacelab application is the ability to change tapes during the flight mission. This
capability allows the Spacelab crew to record a full reel of data; then, instead of needing a
20 minute reproduce time (if TDRS has a higher priority) they can choose instead to
change tapes and begin a new record process.

At a more convenient time, the previously recorded tape can be placed back on the
recorder and reproduced. The tape change itself is done semiautomatically. More details
about the mechanics of the tape change will be given later.

The HDRR is physically packaged as two separate units. The first unit, termed the
Transport Unit, houses the tape, its associated mechanisms and the electronics that are
intimately related to the mechanisms. The second unit, termed the Electronics Unit,
contains the remainder of the required electronics such as the 24 high-density encoders and
decoders.

The interface with the HDRR is accomplished solely through the Electronics Unit. The
command interface to the HDRR is as follows:

Power On

Power Off

Record - This command is enabled only when the clock is present and the proper
record frequency has been selected. Recording continues until end of tape.

Reproduce - Same comment as Record.

Stop/Start-Stop and start times are the same—5 seconds.

Fast Forward - The maximum time from beginning of tape to end of tape is 7.5 minutes.

Fast Rewind - The maximum time from end of tape to beginning of tape is 7.5 minutes.

Input/Output Rate Select - This is a five-line command describing the required record
or reproduce rate.



Self Test - This command starts the HDRR through its self-test sequence.

The digital monitors describe in which of the above modes the HDRR is operating. In
addition, the following digital status signals can be monitored.

EOT - The HDRR is at the end of tape.

BOT - The HDRR is at the beginning of tape

Servo Sync - The HDRR is operating at the proper speed.

Tape Position Indication - This is an eight-bit monitor that gives the tape position with
a resolution of 1/256 of tape length.

E.U. BITE - This signal goes true if the Electronics Unit fails self-test.

T.U. BITE - This signal goes true if the Transport Unit fails self-test.

Self-Test Underway

Local Control Busy - This signal is true when the HDRR is under local control (more
about local control later).

Power Supply Status - A true state indicates all of the internal power supplies are
within their normal tolerances.

The following analog monitors are also available:

Motor Current - This signal provides a measure of the capstan motor current.

Temperature - This measures the temperature near the magnetic heads.

Analog Trend - This signal provides a measure of head/ tape wear.

Power Supply - One monitor for each internal power supply voltage is provided.

Another input to the HDRR is the unregulated 28 VDC input power. If for some reason
this power should be removed from the unit during an operating mode, the HDRR is
equipped with a braking system which engages drums attached to the brushless D.C.
motor.



One of the above listed commands is self-test. The self-test command can be used to verify
the proper operation of the HDRR. If there is a malfunction, the self-test function will
isolate the problem to either the Transport Unit or the Electronics Unit. The sequence of
operation of self-test is as follows. When a self-test command is received, the self-test
underway status line goes true, and all new commands are inhibited until the completion of
selftest. The first operation of self-test is to perform a check of the Electronics Unit. In this
test, a specific 2976-bit data word is generated by the self-test circuitry. This particular
word is routed into the serial data input along with its clock—much as the normal data
would be. This data is then serial-to-parallel converted and group encoded; but instead of
being routed to the T.U., it is brought back to the reproduce side of the E.U. where it is
group decoded and parallel-to-serial converted. The result is a 31-bit repeating data pattern
that is checked for errors by the self-test circuitry. If the error check detects any errors, the
E.U. BITE line is set true, indicating that the Electronics Unit is faulty. If there are no
errors in the Electronics Unit test, the self-test proceeds to the Transport Unit. Here,
essentially the same test is performed except that the data is routed onto the tape via a
record command. A fast rewind command is then given and the data is reproduced. This
reproduced data, when routed through the Electronics Unit, results in a 31-bit word that is
checked for errors by the self-test circuitry. If an error rate greater than one in 106 bits is
detected, the T.U. BITE line goes true. If the error rate is less than one in 106 bits, the
Self-Test Underway line goes false, and the HDRR is ready to accept a new command.

The self-test can be initiated either from the Remote Acquisition Unit or from the Local
Control Panel. The Local Control Panel is located on the Transport Unit; and in addition to
the self-test initiation, the tape change is also accomplished using the Local Control Panel.
When a tape change is required, the tape must be rewound to the end-of-tape sensors. The
hinged cover on the Transport Unit is then opened, exposing the Local Control Panel and
the tape pack. To initiate the tape change, the Local/Remote switch is turned to the Local
position. This locks out all commands from the Remote Acquisition unit and gives control
to the Local Control Panel. Next, the Unload switch is turned. This switch runs the tape
from its stopped position to the actual end of tape. A very simple zipper-like mechanism
allows the removal of the old tape and the attachment of the new tape to the leader. The
Load switch is then energized. This switch runs the tape past the end-of-tape sensors. The
Local/Remove switch is now turned to Remote, and the Transport Unit cover is closed.
The HDRR can now be run to the beginning of tape and will be ready to start a new
recording.



A list of some of the pertinent HDRR characteristics is given in Table I, and an HDRR
functional block diagram is shown in Figure 1.

Table I
HDRR Characteristics

Size Transport Unit: 19" X 19" X 19"
Electronics Unit: 16" X 17" X 5"

Weight 95 lbs.

Data Rate 32 Mb/s maximum

Packing Density 20 Kb/inch per track

Total Storage 3.84 X 1010 bits

Tape Speed Record/Repro 32 Mb/s: 88.6 ips
Fast Forward/Fast Rewind: 254 ips

Tape Tracks 24 on an IRIG Standard
28 track interlaced head

Error Rate Less than one in 106 bits with screened tape

Fast Forward/
Fast Rewind Time

7.5 minutes maximum

Command/Data Interface Line Driver/Line Receiver

Input Data NRZ-L and Clock

Electronic Functional Description. — From an electronic point of view, the HDRR may
be considered to consist of four major elements: the data electronics, control and status
electronics, tape motion control, and the power supply. The following functional
description elaborates upon each of these elements.

Data Electronics

Line Receivers - Located in the Electronics Unit (E.U.) —Two line receivers are
provided for the receipt of the serial data and clock inputs to the HDRR. The receivers are
differential, low noise, wide bandwidth, high common mode rejection discrete circuits
which provide an ECL output.



Figure 1



Adjustable delay lines are provided for both the received data and clock. These delay lines
allow for the compensation of differential delay between the two line receivers. A data
selector for clock and data selects the incoming signals or the self-test signals, as
appropriate, and drives a reclocking flip-flop.

Master Synchronizer (E.U.) - In the record mode, the Master Synchronizer performs two
basic functions: the generation of timing signals needed in the record process and the initial
demultiplexing of the serial data input to two parallel lines.

All necessary timing signals are derived from a phaselocked loop which is locked to the
HDRR input clock. A 24-bit synchronization word is also generated on the Master
Synchronizer. This sync word is ultimately used in the reproduction process to realign all
data tracks prior to multiplexing the parallel data back to a single serial output.

E.U. Record Electronics (E.U.) — The E.U. record electronics consists of two identical
assemblies: one for the 12 even numbered data tracks and the other for the 12 odd data
tracks.

The serial data into each of the 12-channel record amplifiers is first demultiplexed to 12
parallel lines. Each resultant channel of data is then converted from the NRZ format to a
group encoded format. This format converts each group of four incoming bits to a group of
five bits. For each of the 16 possible states of the four input bits, there is a specific state of
five encoded bits. The encoded five-bit output groups are chosen so that no more than two
consecutive bits without a transition may exist.

The group encoded data is then loaded into a RAM buffer which serves the purpose of
storing data while the sync word is inserted. The 24-bit sync word is inserted once for
each group of 960 data bits on a per track basis. This sync word, along with the five-bit for
four-bit group encoded data, account for an overhead of 28.125%. The data is then routed
to the T.U. through a differential line driver selected to drive the 10 meter E.U./T.U.
interconnect cable.

T.U. Record Electronics - Located in the Transport Unit (T.U.) — The T.U. record
electronics consists simply of line receivers and push/pull saturation head drivers. The
record head assembly contains the odd and even heads as well as head-current-normalizing
resistors.

A resistor value is selected for each head so that the specific heads in the assembly will
conduct optimum current for a fixed input voltage. This approach allows for the changing
of heads in the field without the need for any adjustments.



The T.U. record electronics also includes the erase head which provides for full tape width
erasure prior to recording.

Servos and self-test are discussed later; however, the head drivers associated with
recording the servo feedback track and the self-test data-position-location markers are
included on the record electronics. These drivers are push/pull saturation head drivers
similar to the data head drivers.

T.U. Reproduce Electronics (T.U.) — The T.U. reproduce electronics includes the
Reproduce Head/Preamp Assembly and two nearly identical 13-channel amplifiers. The
head/preamp assembly is designed for field replacement without adjustment. Attenuator
networks are adjusted in conjunction with a standard tape at Odetics prior to shipment to
provide for this field level interchangeability.

The 13 channel amplifiers are identical with the exception of the 13th channel on each
assembly. The odd track amplifier includes the servo feedback track preamplifier while the
even track amplifier includes the self-test data-position-location marker preamplifier. The
servo preamp is a current mode amplifier which requires no gain equalization for tape
speed changes. The self-test position-mark-amplifier is a fixed gain voltage amplifier since
only one tape speed is used in conjunction with self-test.

The remaining 12 channels on each assembly are identical and provide both phase and
amplitude equalization as well as filtering and zero crossing detection. All equalization and
filtering networks are programmable to accommodate the variety of reproduce data rates.
A three-line to eight-line decoder is included for programming the proper equalization and
filter settings.

The preamplifier data is first passed through an all-pass filter network. The all-pass
network provides phase equalization for the lower frequency spectral content of the data.
This network is programmed to one of four configurations: 2 Mb/s, 4 Mb/s, 8-16 Mb/s, or
16-32 Mb/s.

Following the all-pass network, the data is amplified by a programmable gain equalizing
amplifier. A specific gain setting is available for each of the following eight data rates:
2 Mb/s, 4 Mb/s, 8-10 Mb/s, 10-12.5 Mb/s, 12.5-16 Mb/s, 16-20 Mb/s, 20-25 Mb/s, and
25-32 Mb/s.

Phase equalization to compensate for the differentiation of the head-to-tape interface is
provided by a programmable differentiator.



After the differentiation equalization, the data is converted from an analog signal to a
digital signal by a zero crossing detector. This digital signal is then routed to the E.U.
through a differential line driver.

The analog data is tested for quality by the dropout detectors. Should the amplitude of the
analog data fall by 26 dB below the nominal value, the dropout detector indicates a lack of
data to the E.U.

E.U. Reproduce Electronics (E.U.) — The. E.U. reproduce electronics is comprised of
six identical four-channel assemblies. These assemblies perform three basic functions:
clock extraction, five-bit group to four-bit group decoding, and buffering to remove jitter
and the sync word from the reproduced data.

Both data and dropout sense signals are received by differential line receivers at the
E.U./T.U. interface. Data is routed to a selector which switches either the T.U. data or the
E.U. record data, depending upon the operational mode. In the first step of a self-test
sequence, the E.U. record data is selected; in all other reproduce functions, the T.U. data
is selected.

Data is then routed to the clock assurance circuit where a clock assurance circuit operates
in conjunction with the dropout detectors to insure that clock pulses are not derived from
unusable data when a dropout occurs. During dropouts, the clock assurance circuit will
continue to provide properly spaced clock pulses, avoiding a loss of synchronization even
though data may be lost.

Using a clock extracted from the data, the data stream is constantly scanned to detect sync
words. Sync word detection controls the operation of the dejitter/degapper buffers as
discussed later.

The NRZ-L data is then decoded from five-bit groups to four-bit groups with a five-bit
array. The data is then loaded into the buffer with the tape-derived clock. This clock will
contain some jitter but the unload clock is derived from the spacecraft  reproduce clock
supplied to the HDRR. Through this process all data jitter is removed.

Master Synchronizer (E.U.) — In the reproduce mode, the Master Synchronizer
phaselocked loop generates a clock frequency which is 20 times the reproduced data
frequency. This 20-times clock is used by the clock assurance circuit in extracting the data
clock from the data as well as for buffer unloading. The buffer unload clock, of course, is
divided down to a 1 times rate.



The data unloaded from the 24 individual buffers is multiplexed to one serial line on the
Master Synchronizer and routed to the line driver/receiver assembly for output from the
HDRR.

Line Driver/Receiver (E.U.) — The serial data stream is reclocked with the output to
minimize the delay between clock and data. Both clock and data are then routed through
adjustable delay lines to further minimize the delay between the clock and data at the
HDRR output.

Control and Status

The control logic interfaces with virtually all other assemblies to affect the orderly change
of electrical conditions in response to a command from either of two interfaces.

Commands are received through optical isolators and must be greater than 500 µs in
duration to be recognized. Received commands are memorized, and mode command
memory is independent of octave command memory.

The memorized mode command is routed to the mode logic where appropriate control and
status signals are generated for the power switching logic, BITE, telemetry, and T.U.
controller.

The memorized octave command is routed to the Master Synchronizer to control the
octave range of the phaselocked loop and is routed to telemetry. The T.U. Controller is the
control focal point in the transport and receives commands from the control logic and the
local control panel. Servo control commands from the E.U. control logic are intercepted by
a selector allowing servo control to be modified in response to signals from the slew logic
located within the T.U. controller.

The BOT/EOT circuitry consists of two modulated source drives, four sensors, and a
band-pass filtered detector. Any of the four sensors may input to the single detector circuit
as determined by mode and capstan direction.

The self-test position-mark-generator supplies mark data to the T.U. record assembly in
response to a command from the BITE assembly.

The self-test position-mark reproduce data is amplified, signal conditioned and frequency
discriminated to form self-test “position-mark-sense” for routing to the BITE assembly.



BITE Logic — The BITE Assembly operation is somewhat autonomous relative to the
remaining assemblies in that it acts on only self-test start commands from the control logic
or transport local control panel.

The BITE assembly consists of sequence logic generating commands to the control logic
and other assemblies and monitoring to determine if self-test has been completed
satisfactorily.

Associated with the BITE Assembly is the word generator/error counter on the line
receiver/driver assembly. The word generator outputs the self-test record data word. The
error detector is self synchronizing and compares reproduce data with the expected data.

The telemetry outputs of the BITE assembly are Self-Test Underway, E.U. BITE, and T.U.
BITE. These signals are routed to the telemetry assembly and the transport local control
panel. Self-Test Underway status is true for the duration of the test and will go false upon
the satisfactory completion of all tests. E.U. BITE or T.U. BITE, as appropriate, will go
true and remain true if an unsatisfactory condition is encountered.

Tape Motion Control

The longitudinal motion of tape during record, reproduce and high speed wind and rewind
is controlled by three servo control systems. A capstan servo controls the velocity and
instantaneous position of the tape while two reel servos (one for each of the two reels)
control tape tension.

Capstan Servo — Fundamentally, the capstan servo may be characterized as a position
servo, driving a brushless DC motor. Several loops may be considered in a description of
the servo. The motor driver is, itself, a minor loop employing current feedback. The use of
current feedback compensates for the motor back EMF voltage and enhances the wide
speed range operation of the motor. A pulse-width modulator drives the commutation
motor drive switches, minimizing power consumption. Current feedback is obtained from a
small value resistor in series with the motor armature.

The motor driver loop is, in turn, driven from one of two major loops. When the motor is
accelerating, decelerating or the HDRR is in a Rewind, Fast Forward, Load or Unload
mode, a rate, or velocity, feedback loop is employed. When the commanded speed in
Record or Reproduce is reached, the rate loop is opened, and servo operation is switched
to position feedback.

In the rate feedback mode, the reference input is provided by a linear ramp generator. This
input is summed with a feedback signal obtained from the motor optics. The feedback



signal is frequency demodulated to provide a voltage proportional to motor speed for
summing with the reference ramp, and the servo controls tape speed.

In the position feedback mode, the reference input is a clock signal provided by the master
synchronizer. The frequency of the reference is proportional to desired speed. This
reference is compared to a feedback signal derived from either the tachometer or the servo
track. In either case, the comparison is one of phase or angular position, and the servo
functions to control the instantaneous tape position, minimizing tape induced time-base-
error.

The tachometer is used as feedback during record since no servo track is available on tape.
When in the reproduce mode, the servo track recorded on tape during record is employed
as the feedback signal.

Reel Servo (T.U.) — The Reel Servo functions to control the tension of the tape. An
identical servo is associated with each reel.

The reference input to the servo is the torque applied to the compliance arm by the tension
spring. Feedback is provided by the torque applied to the compliance arm by the tape.
Thus, the arm serves as the summing junction and is coupled to a rotary variable
differential transformer. This transducer converts the position of the arm, which is
proportional to the difference of input and feedback torque to an error voltage.

The remainder of the servo is essentially the same as the capstan servo, including stability
compensation and a current mode motor driver.

Power Supplies

E.U. Power Supply — The main power 28 V is applied directly to the E.U. power supply
assembly where it is routed first through a circuit breaker and a power on/off relay. The 28
V at this point powers a small standby regulator which provides ±12 V for the control
logic and telemetry circuits.

The 28 V is then routed through a current limiting circuit to the main E.U. switching
regulator and to the T.U. Power Supply Assembly, which will be described later. This
current limiting circuit consists of a series 100 S resistor shunted with a relay contact
which closes only when the input filter capacitors of the E.U. and T.U. regulators are
charged to within approximately 4 V of the main power input. The current limit circuitry
and relay are powered from the standby regulator.



The main E.U. switching regulator is designed as a high efficiency DC to DC converter
with feedback from its output. Its features are well regulated outputs, a controlled ramp
start-up, output current limiting and overvoltage protection. It operates at a full load
efficiency of approximately 90 percent.

This main E.U. regulator supplies power directly to the master synchronizer and through
relays to the E.U. record and reproduce electronics. The appropriate voltage distribution
relays are energized by the control logic. When the E.U. regulator is enabled, the output
voltages come up slowly in accordance with a programmed ramp within the regulator, thus
limiting surge currents through the relays and circuit capacitors to a safe value of less than
300 mA.

T.U. Power Supply — The T.U. power supply consists of two separate sets of
preregulators and DC to DC converters. The first one supplies power to the entire reel
servo system as well as the capstan motor. This regulator is enabled by +12 V from the
E.U. standby supply whenever power is enabled in the E.U. The second T.U. regulator
supplies power directly to the capstan servo electronics and T.U. controller and through
relays to the T.U. record and reproduce electronics. This regulator and the appropriate
voltage distribution relays are enabled by the E.U. control logic. To protect the relays from
excessive current surges, the control logic first enables the appropriate relays, then enables
the T.U. regulator, and, when powering down, disables the regulator before de-energizing
the relays.

As in the E.U., the output voltages of the regulators are ramped up slowly to avoid
excessive surge currents in the switching relays and in circuit bypass capacitors.

Also within the T.U. power supply assembly is a 10 KHz oscillator that supplies a 5 V
RMS sinewave excitation voltage to the Rotary Variable Differential Transformer tension
arm sensors and detectors.

Conclusion. — In summary, the HDRR is the first longitudinal recorder/reproducer
developed for short manned space missions or long-life unmanned space missions. The
relatively conservative choices of track count and per track digital packing density make it
a prime candidate for future expansion. For example, data rates of up to 200 Mb/s and
storage capacities of up to 1 X 1011 bits are achievable with only minimal changes to the
HDRR design.
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Characterization of Tape Recorder Flutter in an Airborne Environment

James L. Rieger
Naval Weapons Center
China Lake, California

Summary.  While many methods are known for measurement of tape recorder flutter,
most are intended for a laboratory environment, or at worst for situations where
environment is under positive control. When the tape recorder is placed in a dynamic
environment which is the source of the data to be recorded, tape flutter has a significant
effect on the data accuracy. This paper describes some of the consequences of such flutter,
and a method for separating the effects of flutter in the recording process from those
encountered in playback; such information is required for the characterization of airborne
tape recorders and for validation of data obtained.

Tape flutter (or wow, loosely defined as the low-frequency components of flutter) arises
from the condition of nonzero acceleration of tape past the recording or playback head due
to eccentricities in rotating components, tape elasticity, friction, and a variety of other
causes. These effects are compounded considerably when the entire tape transport
mechanism is in motion and experiencing vibration, as is the case in an airborne system. In
most applications, an unmodulated frequency is recorded along with the data which, upon
playback, is compared against a reference frequency and the difference between them used
to control tape velocity. Such velocity error compensation can also be used to remove
some flutter components, but such corrections are limited to fairly low frequencies, and
attempting to broaden the bandwidth of the servo system will result in an underdamped
system which will actually increase flutter above some frequency and will eventually lead
to instability and oscillation in the correction loop.1

Flutter is of no concern unless it affects data. The effects that flutter can have are due both
to its amplitude and frequency distribution, and to its repeatability or predictability. When
the data recorded on tape is formatted as an FM carrier, the flutter signal will modulate
those carriers, and in so doing degrade the desired signal. The effects of modulation of the
carrier with the flutter signal become more severe as full-scale deviation of the carrier
decreases. For example, a carrier whose full-scale deviation is ±40% would be deviated
±2.5% of full scale by a 1% flutter, while IRIG Channel 21A, 176 KHz ±2 KHz would be
deviated ±8.8% of full scale by only 0.1% flutter. Frequency of the flutter signals, if of the
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same spectral content as the data signals, cannot be removed from the discriminator
outputs by filtering. Additional complications arise in the airborne situation when the
subcarriers are fed by transducers measuring vibration or sound levels, Subcarrier
deviation for such signals is set such that the subcarrier will not overdeviate on the
strongest signals, which may be present only for small amounts of time. Consequently, the
majority of the signals are deviating each subcarrier only a small portion of full-scale
deviation, and the flutter-induced signal is larger in proportion. Additionally, when the
mechanical input to the system arrives that will cause the transducers to produce large
signals, the same mechanical input is put to the tape transport, increasing the flutter signal
at that point. As the tape recorder ages, moreover, the flutter becomes more pronounced.

If the possibility exists that data could be affected by tape flutter, it then becomes
necessary to compare various tape recorders to determine which recorder is most suitable
for any particular test series, and to observe a tape recorder’s flutter performance as a
function of age. To characterize the record process only, it is necessary to separate those
flutter contributions of the playback process, or to play back the tape, for analysis on a
machine whose flutter contribution is orders of magnitude lower than that of the tape
recorder whose flutter we wish to measure.

Use of the velocity error servo control signal is not acceptable for this procedure, since the
flutter of both the recorder and the playback machine will have equal effects on the signal
even with the velocity servo disengaged. If the recorder has at least one playback head,
however, it would be possible to detect the flutter in the air while the recording is being
made, and placing the recovered flutter signal on a wide-deviation voltage-controlled
oscillator for recovery and analysis in later playback on the ground.2 Since the small
deviations of the original signals cause wider deviations on the VCO, the effects of flutter
in the playback process will be orders of magnitude lower in proportion, as desired.

The equipment for such a setup, in addition to a tape recorder, would be a discriminator
made to respond to fairly low deviation signals (an example of which is a standard tape
flutter meter), and a wide-deviation VCO to put the recovered error signal back onto the
tape. The VCO signal, when recovered and decoded in playback, can then feed spectrum
analysis equipment which then provides the desired recorder-only flutter data.

In the aircraft environment, however, the bulk, power supply requirements, and vibration
sensitivity of the discriminator may preclude the practicality of such a test. However, if the
recovered velocity error control signal (or any other fixed-frequency signal placed on tape
for this purpose) is beat against a second unmodulated signal of nearly identical frequency,
a difference signal can be produced which is still modulated by the flutter frequencies and



can be easily recorded. Since the translation operation changes the center frequency of the
carrier but not its information deviation in Hertz, the deviation in terms of percent of
carrier frequency is amplified. If, for example, the resultant frequency is one one-
hundredth of the original, the deviation due to flutter is 100 times the original, easily
masking the effects that might be produced in the playback machine. The velocity error
servo in the playback system can be operated from the original high frequency signal, with
the servo loop filters set to ignore all but the lowest frequencies present in the error signal.

The downconverted signal is relatively insensitive to velocity errors, which are not
multiplied by the downconversion process. For example, if the playback machine is
operating at 60 IPS but the original recording was made at 59 IPS, the resulting flutter
carrier signal will be 60/59 the original on playback, rather than the much higher frequency
that would result if the ratio of the two frequencies were multiplied by the downconversion
process. Thus if a DC term due to velocity error is present on the carrier resulting from the
downconversion process, the error will not cause a serious shifting of the carrier frequency
which might drive the discriminator used for analysis of the signal to either bandedge. If
the velocity error servo is used in the playback process, this term can be removed almost
entirely.

Two systems, one operating on the flutter compensation signal only, and the other using
the downconverted signal, were compared at NWC. The resulting flutter spectra would be
due, depending on the system, to just the recorder or to the record-playback configuration.
The test recorder and the playback machine were Ampex FR-100 units, which produce
measureable flutter components in a static environment. Tape speed was 60 IPS, and the
frequency used for the first oscillator was 315,625 Hz. The second oscillator, used for
downconversion, was 318,906. 25 Hz; the difference frequency was therefore 3281.25 Hz,
and the flutter amplification resulting from the conversion was thus 96.19. The frequencies
used were selected from crystals on hand; exact values are not significant, but the resulting
flutter amplification must be entered into the calculations.

The downconverted signal was fed to an EMR 4140 tunable discriminator set at 3280 Hz
with ±15% deviation full-scale sensitivity, and the output lowpass filter set at 200 Hz.
Although the discriminator is capable with these settings of an output passband of 500 Hz,
the flutter components for which we were looking were in the lower frequency range. A
plot of flutter as a percentage of tape velocity as a function of frequency is shown in Figure
Two. This spectrum is due to flutter on the recording machine alone, since (assuming the
two machines have similar flutter amplitudes) the flutter responses of the playback
machine are suppressed by 39.66 dB by the downconversion process.



Recovery of the flutter components due to both machines is complicated by the fact that a
velocity difference between the two machines makes the carrier more difficult to locate.
The 315,625 Hz carrier was fed to an EMR 410 digitally-programmable discriminator, and
set to deviation limits of ±10 KHz. These limits represent a maximum deviation of
±3.168%, while to produce a signal of equal magnitude to that recovered from the
translator configuration would require a full-scale deviation of 0.16%, assuming that the
playback machine produced no new flutter to measure. An outboard amplifier was required
to bring the output of the discriminator up to the level required for the spectral plotter,
which introduced some hum and noise. Additionally, since long-term velocity errors (wow)
of the recorder and/or reproducer caused the signal to occasionally get close to the
discriminator bandedge and consequently overload the amplifier, a one Hz highpass filter
was required between the discriminator and amplifier. The resulting spectrum, shown in
Figure Three, shows the flutter resulting from the recording-playback process. Inasmuch as
the signal from this test is obviously not merely twice the recorder’s contribution, but
rather has attributes of its own, the source of flutter could not necessarily be predicted
even between two similar machines.

Analysis of the data obtained shows energy of at least seven frequencies between ten and
200 Hz where the individual contribution to flutter is greater than 0.1% of the tape
recorder’s velocity. Each of these components would introduce an error greater than 12%
of the peak-to-peak bandedge voltage of an IRIG Channel 21A subcarrier. Frequencies at
which these flutter components are present are 14, 19, and 30 Hz, which might be
removeable by velocity error compensation, but also at 39 Hz, and at five peaks between
100 and 200 Hz, which might be removable by electronic means but could not be
corrected with the velocity servo. Clearly, without observation of this phenomenon,
outputs taken from the subcarrier discriminators would be assumed to contain those signals
actually due to the tape recorder flutter, giving erroneous results. These problems are only
compounded by vibration of the recorder, and the results can seriously affect data,
especially if the data is such that less than full-scale signals are encountered a large portion
of the time.

A schematic diagram of the device used for the oscillator/downconverter is shown in
Figure One. Crystals Y1 and Y2 are used for the high-frequency oscillator to be used on
the tape recorder and for the downconverter local oscillator, in either order. Digital divide-
by-sixteen counters with intermediate stages accessible are provided to allow the
frequency to be brought within range of the tape recorder with a wide variety of crystals.
The 74S140 drivers are used to drive the mixer and the tape recorder with a 50 to 75 ohm
source.

Conclusions. The use of tape recorder characterization for flutter is indicated whenever
flutter components might arise in magnitude or in frequency content such that data will



contain those flutter components and thus be degraded. Such characterization is required to
establish confidence limits in data gathered by any system, and for comparison of various
types of recorders. The flutter problem is made more severe in a moving environment,
especially when the movement induced is random or tied in some way with what is to be
measured. Measureable signals exist that cannot be fully compensated for by present
equipment, but this does not eliminate the requirement to know what those signals are.

Figure One:  Circuits Used in Flutter Signal Translator



Figure Two:  Tape Flutter Plot--Recorder Only

Figure Three:  Tape Flutter Plot--Recorder and Playback Machines Combined
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BAND SPREAD EFFECT OF A DOPPLER MISS DISTANCE
MEASUREMENT SYSTEM

Anthony S. Hu
Physical Science Laboratory
New Mexico State University

Summary. — Single path Doppler missile scoring systems encounter band spread
problem at short miss distances. This paper examines the band spread effect by using a
computer simulation method and a hardware-in-the-loop simulation method. Results of
both methods are compared.

Introduction. — Single path Doppler miss distance measurement systems have been used
for missile scoring exercises for decades. Their scoring capability has also been fully
demonstrated in actual flights. However, as the guidance and control system accuracy
improves, the demand for scoring very short misses also increases. This requires a receiver
bandwidth much broader than the apparent Doppler frequency. It is the purpose of this
paper to examine the band spread effect under short miss conditions using computer and
hardware methods.

Radio signal received by a missile intercepter from a cw emanating target consists of two
parts as shown in the equation

(1)

where a(t) is the signal strength, fo is the transmitter cw frequency, 2o is the arbitrary initial
phase, and fD(t) is the Doppler frequency [1] which is expressed as

(2)

where v is the relative intercept velocity, c is the wave propagation velocity, d is the miss
distance, and to is the time at the point of closest approach. Thus information gathered
from fD(t) can be used to reduce the data of v, d, and to.



Two methods are used in this study: the computer simulation and the hardware-in-the-loop
simulation. Results of both methods are compared.

Computer Method. — The computer simulation model is shown in Fig. 1. With given
transmitting frequency fo, intercept (relative) velocity v, and miss distance d, the Doppler
frequency fD(t) is generated by using Eq.(2). The signal amplitude a(t) is obtained by
programming the space attenuation according to the intercept configuration.

Fig. 1.  Computer simulation model.



As indicated in Eq.(1), fD(t) and a(t) modulate the frequency and amplitude of the carrier fo

respectively, where e(t) is the actual radio signal received at the intercepter. This signal,
e(t), is Fourier transformed from time-domain into frequency-domain [2], and F(f) contains
both the magnitude spectrum and the phase spectrum. F'(f) is obtained by weighing F(f) by
the receiver transfer function. The inverse Fourier transform then brings the signal from
frequency-domain F'(f) back into the time-domain e'(t). The frequency, or number of zero
crossings per unit time, of e'(t) is counted to obtain the reduced fD' (t), which is then
submitted to a least-squares fit to determine v', d', and to'. Figure 2 shows the band spread
effect due to short misses (low d/v values) at high velocities, where fm is the apparent
Doppler frequency fov/c. Figure 3 shows the band spread effect at various velocities for a
fixed 100-ft miss distance.

The computer simulation results are summarized in Table 1. The input data include the
miss distance d, the intercept velocity v, the normalized time d/v, the receiver bandwidth
response, and the signal strength.

Fig. 2.  Band spread effect for v=40 kft/sec.



Table 1.  Summary of computer results.



The output data consist of four parts: (1) the model with flat receiver bandwidth (twice the
Doppler frequency fov/c, where fo is the transmitting frequency and c is the wave
propagation velocity); (2) the model with modified bandwidth only; (3) the model with
modified signal strength only; and (4) the model with both modified bandwidth and signal
strength. In each output case, the computed miss distance d' in feet and its percentage error
with respect to the model, and the total variation EF2 of the normalized Eq.(2) smoothing
process are listed. The value of F is the normalized data point deviation.

Hardware Method. — The hardware simulation model is shown in Fig. 4. A source is
both AM and FM modulated by two function generators. The FM modulator simulates the
intercept Doppler frequency according to Eq.(2) and the AM modulator simulates the
space attenuation during an intercept. A special receiver is used to receive and count the
Doppler frequencies. Digital computer programs are then used to reduce the data of
relative velocity, miss distance, and time of closest approach. The analysis is concentrated
on short misses because they cause wider band spread than those at long misses.

It was shown in the computer simulation that the AM dominates the radio wave frequency
spectrum; thus the system error is also dominated by the AM modulation. However, in the
case of hardware simulation, the system error is solely dominated by the FM modulation
due to the intercept geometry.

Test results of the hardware simulation are listed in Table 2 and the computer results are
listed in Table 1. An immediate observation by comparing these two tables is that the
hardware simulation has much smaller errors than the computer simulation errors. This
interesting result is caused by the limiting effect of the high gain receiver. The signal
amplitude is clipped to a limited level as long as the signal is above the received receiver
threshold. As a result of this phenomenon, the system accuracy is improved.

Conclusions. — Computer simulation results indicated that the receiver bandwidth
requirement is not critical. This is because the Doppler frequency spectrum is dominated
by the receiver signal strength fluctuations. The intercept algorithm was developed under
the assumptions that the velocity v, the transmitting frequency fo, the wave propagation
velocity c, and the miss distance d are constants. However, in the case of a large miss,
when the elapsed time becomes long, the velocity may change sufficiently to negate this
assumption. The velocity can then be approximated as a first- or second-order power
series. This also requires more data points to fit the equation, but fortunately, a long miss
always provides more data points than a short miss.



Fig. 4.  Hardware simulation model.



Case
No.

Input Data(3) Results

d,ft V
Kft/sec

AM dBm(2) d,ft )d,% V
Kft/sec

)V,%

1
2
3
4
5
6

5
10

100
1000

100
100

40
40
40
40
30
20

(1)
(1)
(1)
(1)
(1)
(1)

-14
-20
-40
-60
-40
-40

4.87
10.34
98.40
N/A
N/A
N/A

-2.60
3.40

-1.60
N/A
N/A
N/A

38.868
39.181
40.360

N/A
N/A
N/A

-2.83
-2.05
0.90
N/A
N/A
N/A

(1) Signal strengths correspond to those listed in Table 1.
(2) Attenuation corresponds to the signal at 3 miss distances away along the traverse

line.
(3) Intercepts are between 3 miss distances before and after the point-of-closest-

approach.

Table 2.  Summary of hardware results.

The results of the computer model analysis showed the errors were larger than the results
obtained by hardware simulation. This is due to the high gain receiver limiting property.
However, hardware simulation results are consistent with the computer analysis results
otherwise.
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THE APPLICATION OF THE NAVSTAR GLOBAL POSITIONING
SYSTEM TO THE EVALUATION OF THE NEXT GENERATION

LONG RANGE BALLISTIC MISSILES

Jack Moses
Magnavox Government and Industrial Electronics Co.
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Torrance, CA

SUMMARY

The NAVSTAR Global Positioning System (GPS) is a joint services program currently
undergoing concept validation. The program is managed by the Air Force with
participation by the Navy, Army, Marines, and Defense Mapping Agency. When fully
deployed, GPS will provide highly precise position and velocity to a variety of users. The
Magnavox Advanced Products Division, under several funded contract activities, is
participating in the development of several user equipments and studying the application to
many others. This paper discusses the results of a study performed for the Space and
Missile Test and Evaluation Center (SAMTEC) Vandenberg AFB to determine the
feasibility and capability of the use of the NAVSTAR Global Positioning System as a
tracking instrument and guidance evaluation system for the next generation ballistic
missiles. The paper examines three primary approaches to the missile tracking problem
using GPS. Recommendations for missile instrumentation are provided based upon studies
in areas such as mission scenario, environmental factors, systems requirements and
constraints, and configuration analysis.



ACMR/I SYSTEM

J. Parker
Defense Systems Division
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SUMMARY

The instrumentation system described provides real-time attitude and position data on 8
high-dynamic fighter aircraft and position data on 12 additional cooperative targets.
Position data is derived from multilateration range measurements using FM-CW phase-
comparison techniques. Attitude and acceleration data is obtained from a strap-down
inertial system initialized by the ranging system. Digital data is transmitted to and from the
target by frequency shift keying of the ranging carrier. A multiprocessor ground computer
using Kalman filter techniques provides a total state vector for each participant at a rate of
10 per second. The multiprocessor also provides real-time missile simulation for
performance scoring. The Display and Debriefing Subsystem provides real-time computer-
drawn pseudo three-dimensional display of the aircraft, total replay capability, and control
of the entire system from the operator’s console.

INTRODUCTION

Effective and measured training and analysis of fighter pilots in high-performance missile-
equipped aircraft require a new concept in range instrumentation. Intuitive extrapolation of
fixed machine gun envelopes into the expanded envelopes of air-to-air missiles has proven
unreliable. A means of analyzing and displaying the dynamics of launch platform, missile,
and target in a manner permitting accurate recognition of envelope and development of
optimized tactics is required. The ACMR/I System supplies such analysis and display and
in so doing markedly improves training effectiveness and economy.

The development of weapon systems for air-to-air combat has been an uneven and
evolutionary process. Correspondingly, measurement of the principal parameters affecting
these systems’ performance has long been a recognized but imperfectly realized goal.
While the fixed machine gun remained the basic air-to-air weapon, the partial
quantification of pertinent parameters along with the qualitative assessment of practice
dogfights provided a basis for evaluation.



The desirability for improved measurement was recognized but impractical to obtain.
Camera gunnery analysis, towed targets, and observation worked adequately, and
sufficient pressure to induce improvement did not exist.

Introduction of guided air-to-air missiles changed this situation — the degree of change
being roughly a function of both missile range and angle-off capability. While the need for
improved measurement was not obscure it was not anticipated.

This need was made apparent by events occurring in Southeast Asia (SEA). By the winter
of 1967-68 enough air combat had occurred to furnish significant data. The kill ratio
experienced earlier by U.S. forces in Korea was not, even remotely, being realized. While
alleged poor missile performance was the scapegoat, an uneasiness existed concerning the
level of training and the relative importance of this factor to overall performance.

In an important report produced under the aegis of the U.S. Navy’s experimental fighter
squadron VX-4, and known as the “Ault Report” for its director, Captain Frank Ault,
USN, it was established that approximately 50 percent of the missiles fired by naval
aircraft in SEA air-to-air engagements had been fired out of envelope. Even if warhead,
propulsion, and guidance had worked as specified, these missiles could not have destroyed
their targets. (While the data used and investigation conducted were, respectively, U.S.
Navy statistics and effort, the conclusions were considered generally applicable to both
U.S. Navy and U.S. Air Force SEA experience. The ACMR project that ensued, while
conducted by the U.S. Navy, has been actively participated in by the U.S. Air Force.)

Further, in what must have given the report increased credence with SEA fighter pilots, the
report stated that the fault for out-of-envelope firings was not the pilots’. Pilots had not
experienced adequate instruction regarding envelope recognition during training nor was
useful in-flight envelope information provided to the cockpits.

The logical consequence of the Ault report was issue of a U.S. Navy requirement for a
training instrumentation system to provide data needed to correct the shortcoming revealed
by the report.

The system postulated, chosen, and subsequently developed, perfected, and deployed
permitted real-time measurement and display of all pertinent parameters of flight and
combat for 8 aircraft and the position tracking of 12 additional aircraft. This system is the
Air Combat Maneuvering Range/Instrumentation (ACMR/I) System.

Four ACMR/I Systems are currently in operation. The first, located in R2301 restricted
area some 45 miles east of Yuma, Arizona, has been operated by the U.S. Navy since final
acceptance in December, 1973. The second system, built for the U.S. Air Force in the



Nellis AFB Complex near Las Vegas, Nevada, was accepted on 30 June 1976. The third
system is now in use by the Navy, offshore near Kitty Hawk, North Carolina. The fourth
system is now in use by the Air Force near Tyndall AFB, Florida. A fifth system is being
manufactured for USAFE.

While the system’s primary value and justification rests in its direct contribution to fighter
effectiveness in close-in combat, it offers great potential in many directly and not so
directly related functions. ACMR/I provides direct savings in reduced practice-missile
requirements and target services, plus expanded application in numerous other areas. For
example, among the useful additional roles that the ACMR/I and its technology offer are:
No-drop bombing, gun scoring, missile evasion tactics, intercept tactics, electronic
warfare, research and development, and operational test and evaluation range
instrumentation.

Table 1 lists the parametric data specifications and current measured values.

The Mission of the ACMR/1 is to provide a means of safely training pilots and evaluating
their effectiveness in all aspects of air combat maneuvering. The system is capable of
operating in the following modes:

Mode 1: Pilots are informed of their compliance with TAC manual rule-of-thumb weapon
firing boundaries on a continual real-time basis by comparing measured aircraft state
vectors with the rule-of-thumb firing boundaries. A computer-generated tone is transmitted
over the pilot’s UHF radio when his aircraft is within the firing envelope of the target.

Mode 2: The pilot is scored on his ability to comply with the TAC manual rule-of-thumb
boundary — but only after the proper firing sequence has been accomplished. Pilots are
informed within one second after the switch is depressed.

Mode 3: This mode is the same as Mode 1 except that weapon-firing boundaries are
determined from missile simulation. The simulation is run at 10 times real time and
therefore must assume that both target and fighter aircraft state vectors remain constant
throughout the simulation interval. The in-boundary tone signifies a kill probability.

Mode 4: This mode is the same as Mode 2 except the fast time simulation determines the
firing boundaries.



TABLE 1
ACMR/1 PARAMETRIC DATA

Maximum Standard
Deviation of Error

Specification Measured

Closing velocities between “fighters” and “targets” (Vc) 35 ft/sec 3 ft/sec

Slant ranges from “targets” to “fighters” (AR) 50 ft 15 ft

Aspect angle 2E 1.3E

ASA in wing plane of target airplane (ASAH) 2E 1.3E

ASA in plane perpendicular to wing plane of target airplane
(ASAV)

2E 1.3E

Airplane dive or climb angle (D/CA) 2E 1.3E

Airplane normal acceleration (N) 0.5g 0.05g

Antenna train angle (ATA) 2E 1.3E

Aircraft position components in respect to Cartesian  X,Y 25 ft 8.7 ft

coordinates (x, y, z) z shall be above mean sea level.  Z 25 ft 25 ft

Airplane Mach number (M) 0.02M 0.02M

Airplane attitude with respect to earth coordinates 2E 0.5E

Airplane velocity components x, y, and z 15 ft/sec 5 ft/sec

Mode 5: This mode is identical to Mode 4 except that the missile simulation is run in real
time, and continuously considers the dynamics of both the fighter and target aircraft. This
mode allows both offensive and defensive maneuvers to be evaluated. The pilot is
informed of the firing results immediately after the completion of the real-time missile
simulation.

The ACMR/I provides postmission debriefing and training of pilots by reconstructing the
geometry of the mission using raw digital data types so that views of the engagement not
even seen during the live mission can be reconstructed during debriefing.



SYSTEM DESCRIPTION

Figure 1 shows the major components of a typical ACMR System. A network of solar-
powered remote stations is deployed on the range area at predetermined and surveyed
sites. The range shown is 30 nautical miles in diameter, and extends from 5,000 to 50,000
feet in altitude.

FIGURE 1.  Representative ACMR/I Configuration

The remote stations are controlled by the Tracking Instrumentation Subsystem (TIS)
master station, normally located within line-of-sight of all the remote stations to avoid
relay stations. The master station measures the loop range from the master to the station
selected to be the interrogator, then to the selected pod of the Airborne Instrumentation
Subsystem (AIS), and back to remote and master station. Each remote station receives the
pod transmission and returns the signal to the master, providing simultaneous range
measurement to all remote stations. The range from each remote to master station is real-
time calibrated and subtracted from the loop range to provide slant range from each remote
station to the particular aircraft being interrogated. Each participant on the range is
interrogated in turn through the remote station most likely to achieve the communication
link. All participants are interrogated at least 5 times per second. Digital data is transmitted



from the master station to the pod during each interrogation. The master station formats
collected data and interfaces to the Control and Computation Subsystem (CCS) via a
microwave data link. The CCS contains the main data processor for the system and
provides executive software for system control. Kalman filtering of all aircraft state vector
data and weapon simulation provides the best estimate of state vector, air data, and range
status to the DDS at a rate of 10 per second. The Display and Debriefing Subsystem
(DDS) is the man-machine interface and provides real-time display and control of the
entire system. Multiple DDSs can be interfaced to the CCS to allow control, monitoring,
backup, and replay simultaneously.

The Airborne Instrumentation Subsystem [AIS] — The ACMR system requires that
each participant aircraft be equipped with an AIS pod (Figure 2). The pod is designed to
the same external envelope dimensions and center of gravity as the Sidewinder missile
except for the deletion of canards and the addition of a pitot tube and antenna in the nose.
The pod-to-aircraft mounting is identical to the Sidewinder and involves using an existing
launcher umbilical. No aircraft modifications are required. The pod consists of a
transponder and antenna for the ranging and communications link; a digital interface unit
for receiving, storing, and transmitting digital data; a strap-down inertial reference unit; an
air data sensor probe; and other electronics. The transponder receives all interrogations
from the remote interrogator and, upon receiving and decoding its unique address code,
stores uplink digital information; turns on the transmitter; transmits all digital data
including weapons bus station; returns the fine, medium, and coarse range tones with a
known phase delay; and then turns off until the next interrogation. An autoresponse feature
automatically turns on the transmitter and transmits digital pod data if the pod does not
receive an interrogation from the ground after it has established its time slot from initial
interrogation. The uplink digital message can accommodate 13 words of 16 bits, and the
downlink is composed of 23 words of 16 bits.

FIGURE 2.  AIS Major Components Configuration

The Tracking Instrumentation Subsystem [TIS] — The TIS consists of a master station
and 7 remote interrogators. The master station provides the master timing as well as time
of day and is synchronized to IRIG standards. The master station is housed in a mobile van
and consists of a Sigma 530 Computer, computer interface unit, master transmitter,



modulation generator, calibration transponder, 7-channel receiver and phase meters, UHF
radios, data link communications to CCS, time-of-day clock, and master antenna system.

The TIS Computer Program (TISCP) operates in the Monitor mode, Test mode, and
Active mode. The Monitor mode is used before each exercise to accept data transfer from
the CCS describing the exercise. The Active mode is used during an exercise to perform
the functions associated with the control of the range system and the transfer of pod and
ranging data. The Test mode is used to perform diagnostic evaluations of the TIS.

The Monitor mode is entered upon startup of the TIS computer or upon receipt of a Stop
Exercise message. Monitor mode operation continues until receipt of a Start Exercise
message, operation action placing the computer in the Test mode, or until termination of
TIS operation. The program operates in Active mode during the time between receipt of
Start Exercise and Stop Exercise messages.

When entering Monitor mode from Active mode, the TISCP provides summary data on
teletype and clears all nonadaptation data from the previous exercise. After clearing data
or when entering the Monitor mode initially, TISCP allows the operator to input changes
to selected adaptation parameters and then initiates calibration. After computing range
calibration constants, the TISCP receives and processes Start Exercise, Exercise ID, Pod
Sequence, and Transmission Error/Acknowledge messages from the CCS. The TIS
computer program prepares for transmission of Transmission Error/Acknowledge, Data
Loss, Site Location, Status Change, and Clock messages to the CCS. The Test mode is
entered from Monitor mode in response to operator action. In this mode phase-delay
calculations for the interrogator/ receiver paths are calculated.

In Active mode, the TISCP receives and processes Pod Update, Transmission Error/
Acknowledge, and Stop Exercise messages from the CCS and prepares for transmission,
Pod Data, Range Data, Status Change, Transmission Error/Acknowledge, Clock, and Data
Loss messages to the CCS. The computer program controls all interrogations of
maneuvering and escort aircraft, performs periodic range calibrations, transmits uplink
data, and processes downlink (data received from the pod) and ranging data received via
the received range partials into full range words.

In Active mode, timing is controlled by frames and cycles. A frame is the period between
two successive time = 0 interrupts (20 milliseconds, based on the TIS digital clock), and a
cycle consists of five frames. In a frame the transfer of uplink data is initiated, the
downlink data received from the pod, and range data read. In a cycle, the on-range
computer controls the interrogation of up to four possible fighter aircraft and either
interrogates one of the 12 possible escort aircraft or performs calibration with one of the
7 interrogators, depending on whether the cycle is odd or even. If 5 or more (maximum 8)



fighter aircraft are in the system, the on-range computer interrogates each aircraft over a
two-consecutive cycle period (bi-cycle). Escort interrogation and calibration are performed
on the odd or even cycle.

Aircraft tracking is achieved by taking 3 to 7 simultaneous range measurements to each
aircraft from 7 ground locations, using phase-comparison ranging techniques. A set of
range measurements is taken at 100 millisecond intervals for each of the 4 high-
performance aircraft. When more than 4 high-performance aircraft are required, the range
measurements are taken at 200-millisecond intervals. Each of the 12 low-performance
aircraft also has a new set of range measurements taken every 2,400 milliseconds,
maximum. Automatic self-calibration is accomplished every 200 milliseconds by
interrogating the calibration transponder from a remote station and then back to the master
station.

A microwave data link at the TIS master site and the CCS site has a 230,400-bits-per-
second capability.

The UHF communication equipment uses conventional UHF transceivers for ground-to-air
and air-to-ground voice communication during system operations. A switch-selectable
conference line (the range circuits) permits voice communication between the TIS master
station (safety backup feature) and all display and control consoles at the CCS and DDS
locations.

A typical remote interrogator/responder ground station is comprised of the electronic
package, solar cell panel, battery pack, ground-to-ground antenna, air-to-ground antenna,
and antenna base. The electric package is housed in a small sealed enclosure and receives
the master station data transmission and transfers the data with modulation phase coherent
to the ground-to-air transmitter. The pod return signal is received and again translated to
the ground-to-ground frequency and returned to the master station for phase measurement
and data decoding. The stations are unattended and are designed for low maintenance.

The Control and Computation Subsystem [CCS] — The CCS consists of a single
mobile van containing 3 Sigma 9 computers, peripherals, modems, and data links to the
TIS and DDS.

The CCS is designed in a multiple computer processor unit (CPU) configuration. The basic
concept is that all CPUs operate in parallel, with the master CPU doing all input/output
(I/O) and scheduling; the second CPU is assigned the Kalman filter and data computations;
and the third CPU runs the missile simulation programs.

The three-CPU configuration is well suited for efficient division of tasks between CPUs.



Each CPU performs a near-equal portion of the processing, providing each with its
required processing time plus a 25-percent safety factor. Each CPU is capable of being
connected to any of the peripherals. The interrupts between CPUs provide an efficient
means of inter-CPU communication. The memory size is sufficient to operate the monitor
and the Fortran compiler, to obtain the cost savings associated with their use, and also to
use the CCS as a general processing system. Memory is shared among all CPUs, with each
having complete access to all core memory.

The CCS Computer Program (CCSCP) provides accurate position, velocity, attitude, and
air data information for up to 8 exercise aircraft from data supplied by both AIS and TIS.
CCSCP also provides accurate position information for up to 12 additional escort aircraft
from data supplied by AIS and TIS. Using AIS and TIS information, the CCSCP calculates
updates for the AIS attitude and heading reference system of each exercise aircraft and
makes these updates available to the AIS by transmitting them via the TIS. For
comprehensive display and recording purposes, CCSCP makes exercise aircraft position,
velocity, attitude, and air mass information and escort aircraft positions available to the
DDS.

To provide a common time base for the entire system, CCSCP accepts time information
from TIS, uses this information to determine its own cyclical operations, and makes that
time available to all DDSs. To control an exercise, CCSCP accepts exercise data for setup
and termination from the DDS, makes portions of the exercise data such as exercise start,
stop, identification, and sequencing of AIS units available to TIS, and relays exercise data
to all DDSs. The CCSCP itself responds to DDS-supplied fighter/target designations,
hazard limit changes, and other exercise data to provide for correct sequencing of its
programs and to perform pilot performance and hazard monitoring functions. To
accomplish the pilot performance and hazard monitoring functions, the CCSCP compares
fighter and target positions, velocities, and accelerations against predetermined parameters.
In addition, the CCSCP maintains a statistical summary of launch opportunities for
simulated weapons based on weapons launch boundary compliance and kill determination
data. CCSCP performs real-time operability tests and calibration (RTOT/C) and monitors
the status of ACMR/I equipment units by accepting equipment status messages from TISs
and DDSs and status information from its own computer and peripheral equipment. This
status data is included in the RTOT/C summary maintained by CCSCP and communicated
to all DDSs. The CCSCP provides realtime recording of parameters associated with the
weapons simulation function and all data received from the TIS in Active mode.

CCSCP operates in one of two operating modes: Monitor or Active. As an initial condition
upon program startup or in response to the acceptance of an End Exercise message from a
DDS, CCSCP operates in Monitor mode. In Monitor mode, CCSCP is able to perform
status monitoring and exercise setup and termination functions. In response to acceptance



of a Begin Exercise message from a DDS, CCSCP operates in Active mode. In Active
mode, the CCSCP is able to perform the functions specified above for the exercise.

The CCSCP is comprised of eight major functions: Executive, Monitor Mode, Range Data,
Active Mode Range Data, Inertial/DME Integration Filter, Performance/Hazard Monitor,
Weapons Simulation, and Monitor Mode Display.

The CCS executive function consists of the following functions:

• The startup function operates, following receipt of control from the hardwired Sigma-9
bootstrap, until CCSCP is loaded from magnetic tape or disc storage and initialized,
and then transfers control to the Monitor mode control function.

• The malfunction response function operates conditionally, as triggered by CPU traps
and interrupts during Active or Monitor modes of CCS operation, to notify the CCS
computer operator of a CPU-detected error.

• The Monitor mode control function operates following receipt of control from the
startup or Active mode control functions. The Monitor mode control function
supervises all exercise mode-to-mode transitions (Monitor to Active, and Active to
Monitor). Following entry from startup, this function initiates and coordinates data link
communications with the TIS and, once the TIS and CCS are operating cooperatively,
initiates and coordinates data link communications with the TIS and with all DDSs.
Following entry from Active mode control, the Monitor mode control function
maintains communications on the normal Monitor mode cycle with the TIS and all
DDSs and supervises the transition from Active to Monitor operating modes.
Following transition from Active mode, or entry from startup, the Monitor mode
control function accepts and processes parameter inputs from the CCS computer
operator via the keyboard console (teletype) or card reader. When CCSCP is not
otherwise occupied with Monitor functions, the Monitor mode control function
invokes operation of least-priority confidence check diagnostics in the three Sigma-9
CPUs. The Monitor mode timing cycle is established and continued during Monitor
mode operations with periodic interprocessor communications to maintain the status of
all CCS processing units. Monitor mode operations will be continued and the CCS
controlled by this function until the CCSCP accepts a Begin Exercise message from
the control DDS. Upon acceptance of the Begin Exercise message, the Monitor mode
control function supervises the transition to Active operating mode and then transfers
control to the Active mode control function.

• The Active mode control function operates following receipt of control from the
Monitor mode control function. This function controls the frame-by-frame
communications with the TIS, controls communications with all DDSs on a cycle



basis, and controls and monitors the operation of all processing accomplished in the
three-processor CCS. The Active mode control function continues the operation of the
least-priority confidence check diagnostics in each of the three CPUs when they are
not otherwise occupied in performance of Active mode functional processing.
Equipment operation and program and system timing are monitored by the Active
mode control function and, when predetermined performance or timing limits are
exceeded or when a disabling equipment malfunction is detected, this function
provides status information related to the malfunction to the RTOT/C and malfunction
response functions as indicated by the severity of the error. Active mode operations
are continued and the CCS controlled by this function until the CCSCP accepts an End
Exercise message from the control DDS. Upon acceptance of the End Exercise
message, this function terminates the exercise and transfers control to the Monitor
mode control function.

• The I/O control function operates as required by other CCS functions to control I/O
devices, initiate I/O data transfers, respond to the completion of those transfers, and
monitor the status of all CCS I/O operations in the Active and Monitor modes.

• The recording function records special weapons simulation data and data received
from the TIS on a magnetic tape unit.

The Monitor mode range data function accepts and processes data link inputs from the TIS
and interfunctional inputs from other CCS functions. The Monitor mode range data
function processes data in preparation for each ACMR/I exercise, establishes data link
between TIS and CCS, and monitors and updates statuses of TIS equipment. The Monitor
mode range data function transmits data link outputs to the TIS and interfunctional outputs
to other CCS functions.

The Active mode range data unpacks and validity checks range data and pod data
messages received from the TIS, prepares and formats pod update and stop exercise
messages, and provides range and pod data for the inertial/DME filter.

The inertial/DME integration filter function operates in the Active mode. Using adaptive
filtering techniques, it computes the aircraft state vector (position, velocity, accelerations,
attitude, angular rates) for up to 8 maneuvering aircraft, based on range and AIS data
supplied by the Active mode range-data function. This data is for use by the Active mode
display support, performance hazard monitor, and weapons simulation functions. As part
of the filtering procedure, it computes velocity and attitude updates for the inertial
reference units of all maneuvering aircraft. These corrections are supplied to the Active
mode range data function to be transmitted to the AIS via the TIS. In the absence of range
or AIS data, it uses the past parameter values to extrapolate the aircraft state vector. Using



range data only, it computes the positions of up to 12 escort aircraft. This position
information is for use by the Active mode display and supports performance/hazard
monitor functions. The filter computes selected aircraft parameters. This data is for use by
the Active mode display support, performance/hazard monitor, and weapons simulation
functions.

The performance/hazard monitors selected performance measures with respect to range
safety parameters and with respect to pilot performance and maintains the operability
status of selected system components.

Parts of the system operability status monitoring task are performed by the TIS, CCS, and
DDS. The CCS integrates the results of these activities to provide the DDS with the data
necessary to create and maintain the operability status summary display. The TIS performs
the system real-time calibration function for the DME.

The weapons simulation function determines weapons boundary compliance and performs
missile simulations for up to 4 missiles, concurrently, in Exercise Modes 3, 4, and 5.

The Monitor mode display support function accepts and validates input messages from
each DDS, acknowledges receipt of exercise control messages, processes exercise control
data received from each DDS, relays exercise control data messages to each DDS, and
prepares and formats output messages to each DDS.

The Display and Debriefing Subsystem [DDS] — The DDS is the primary man-machine
interface. Because it is required to interface with military personnel who are not primarily
assigned to it, the DDS must translate ACMR/I System-derived information into a form
that is easily assimilated by pilots — either instructors or students — and that is readily
accepted by them as true and useful information. The DDS also serves as the primary
system control interface, since it is the operations center of all ACMR/I System activities.
Communications are therefore centered in the DDS.

The DDS includes at least two operating positions for each site — one primarily for
realtime live operation and the second for post-flight debriefings. The design of the DDS
emphasizes flexibility and ease of use. Each end of the DDS can be used in a total
standalone mode, without requiring the CCS or any other subsystem to be operational for
playback and debriefing. The three-dimensional graphics display has size and brightness
cues that are human factors engineered to provide depth perception. This graphics display
shows aircraft location, altitude, flight paths, attitude, position in relation to other aircraft,
range terrain, and pilot’s view from the cockpit. Immediately upon detection of a safety
hazard, alarms are displayed for the instructor at the top of the graphics display. Displays
of primary aircraft performance parameters are presented both as analog and numerics.



Large-screen color displays relate aircraft-to-performance parameters for ease of
identification. The DDS incorporates capabilities and controls for start, stop, backup,
coordinate rotation, cockpit view, and scale change. These capabilities are available in real
time or in replay for debrief.

The dual DDS is contained within an air-conditioned van connected to the CCS van, by
hardwire or microwave data link. This van contains consoles at each end of the van,
separated by an equipment room (see Figure 3).

FIGURE 3.  Display and Debriefing Van

The live console contains the main Situation Display CRTs, which provide two 3D
graphics; the two 2D Parametric Display CRTs; the control keyboard; the control panel;
and two large-screen color displays. Operating positions are provided at the consoles for
the system operator, two instructors, and the range control officer.



The replay console duplicates the live console control keyboard and control panel. Two
CRTs are replaced by 4-foot-square projection displays, so that a larger number of pilots
under instruction can be debriefed after the live mission. Provisions are made for 16
students to observe the debriefing exercise. A hard copy printer in the replay end provides
a hard copy print of any display picture on either the 3D or 2D displays.

Each console has complete provisions for communication. The communication facilities
are:

(1) The display keyboard, which can be used as a teletype to transmit and receive
information with the CCS. Typed information is displayed on the 2D CRT as if it
were a page printer.

(2) A headset/mike “range circuit” at all operating locations, which functions as an open
line intercom to all manned locations within the ACMR/I System.

(3) UHF voice radio/mike and speaker, plus channel selectors for transmitting and
receiving. In addition, the headset intercom may be connected into the UHF system
by selector switch. A push-to-talk switch is provided to the instructor for use with the
headset input to the UHF radio equipment.

(4) A speaker system, into which all voice communications may be connected, on a
selectable or summed basis. This speaker system also reproduces the “envelope
boundary” tone.

Remote DDS — The optional remote DDS is identical to the primary DDS, except that
telephone or microwave modems are installed in place of the hardwire interface with the
CCS. The remote DDS can assume complete system control in case of failure of the
primary DDS, as well as provide real-time monitor and post-real-time playback.

The DDS processor program is a stand-alone program and overlay segment to operate in
the GS-330 processor. The program controls all required data transfers, is capable of
accepting and processing inputs and/or processing and supplying outputs to each
peripheral or interactive device connected to the DDS processor, and is capable of
accepting and processing inputs and processing and supplying outputs to the
communications data link line and the analog tape unit. The program operates in a cyclic
manner and performs all required functions, including data recording during live operation,
in a recurring period of 100 milliseconds. The program accepts aircraft position and
attitude data from the CCS and presents information in the form of realistic, 3D images on
a display scope, as well as presenting status data (such as altitude, air speed, safety
hazards, etc.) in alphanumeric and gauge-type displays on the 2D (A-N) display scope.



The program also accepts and displays range status data received from the CCS and
controls DDS output messages to the CCS. The program provides simultaneous 3D and
alphanumeric (2D) displays for both the live (on-line) and replay (off-line) capabilities of
the DDS. The DDS processor program interfaces directly with the Disk Operating
Software System (DOSS) which is provided by the display manufacturer and includes
interactive programs required to operate the I/O devices and display scopes.

CONCLUSION

The ACMR/I has been enthusiastically accepted as an exceptional training system — one
that meets the needs called out in the present mission, as stated in the original Navy
requirement, and one that offers significant added training assistance potential in broad
areas.

Experienced pilots (veterans of two or more SEA deployments with MIG victories)
serving as Fighter Weapons School (FWS) instructors have found disagreement and error
in estimating angles and ranges to be their pre-ACMR/I norm. Along with FWS students,
they have found ACMR/I an effective tutor in acquiring sound angle and range estimation
capability. Tactics training sorties, involving two-on-one and more complex combinations,
are run routinely. Extensive, carefully planned and measured joint multiple aircraft
engagements are now run on the ACMR/I ranges. These tests are designed to quantify
multiple aircraft engagements and missile firings in all obtainable combinations of up to
eight all-attitude aircraft. The product of this testing is affording improved insight into the
highly interactive and dynamic arena of ACM tactics and weapon systems.

Consensus exists that ACMR/I affords the squadron commander a unique tool for pilot and
team evaluation and development. Observation, highly quantified analytical debriefing, and
facile recording of data afford training augmentation hitherto unavailable. Actual air-to-air
time is used, with marked improvement in efficiency, by virtue of improved preparation,
monitoring, and analysis.

The system affords a suitable training complement to the added sophistication of air-to-air
combat caused by missilery and is very much in tune with the escalated value of training
hours brought about by marked increase in the cost of aircraft weaponry, systems, targets,
and fuel.
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APPLICATION OF THE GLOBAL POSITIONING SYSTEM (GPS)
TO SPACE SHUTTLE NAVIGATION

Peter W. Nilsen
Axiomatix

Marina Del Rey, CA

Abstract

The present baseline Space Shuttle navigation system is comprised of several separate
subsystems: TDRSS doppler ranging, TACAN (Tactical Air Navigation), MSBLS
(Microwave Scanning Beam Landing System), and ground tracking. With the advent of the
DOD development of the GPS, it may be possible to replace several of these subsystems
with an on-board GPS navigation system. However, the Shuttle signal dynamics and
environmental considerations impose unique and severe requirements for a GPS navigation
system. Consequently, a preliminary study has been conducted to define requirements and
configure candidate GPS systems for the Shuttle navigation function.

Three configurations have been considered: an early test/demonstration system, which
could be flown on early OFTs (Orbital Flight Tests), an interim system having greater
capability but still not having full operational capability, and, finally, a fully operational
system. A description of the test/demonstration and interim systems and the results of
performance analyses are given. These preliminary results indicate that a GPS navigation
accuracy greater than that obtained from the baseline system can be obtained for the
orbital and de-orbit phases of the Shuttle mission.



ARIA — An Inside Look

ROBERT H. GAST, JR.
4950th Test Wing/FFE

Wright-Patterson AFB, Ohio

Summary. — The Advanced Range Instrumentation Aircraft (ARIA) is a mobile
telemetry platform originally designed in the mid 1960s to meet the challenging voice and
telemetry support requirements of the NASA Apollo Program. Since its inception, the
telemetry instrumentation has been continually updated and improved. Each telemetry
subsystem on the aircraft, Antenna, RF, Communications, Recording/Timing, and Data
Separation is examined to provide an overview of the present capabilities. Additionally,
signal processing methods employed for the realtime retransmission of analog and digital
telemetry data are examined including the use of a minicomputer for digital signal
processing.

Introduction. — In the mid 1960s Air Force C-135A aircraft, now designated EC-135N
Advanced Range Instrumentation Aircraft (ARIA), were specially modified and
instrumented to meet the mission support requirements of the NASA Apollo Program.
Those support requirements called for highly mobile telemetry platforms which could
provide telemetry and voice relay between the Apollo command module and mission
control in those remote locations where gaps existed between ground station coverage
areas. Both telemetry aircraft and ships were used to meet those requirements. The
inherent advantage of the aircraft is its ability to rapidly reposition as the vehicle trajectory
changes during the launch window.

The present ARIA has evolved through a continual improvement and modernization
program into a flexible mobile telemetry platform able to meet the wide-ranging needs of
the Test and Evaluation (T&E) community. The following examination of the subsystems
on the aircraft provides an overview of present ARIA capabilities and some insight into
this unique national asset.

Finally, a short explanation of the analog and digital signal processing methods used on the
ARIA for the realtime retransmission of telemetry data is presented since this mode of
operation is becoming increasingly popular with range users.

Antenna System. — The telemetry antenna subsystem consists of an 83 inch diameter
parabolic reflector with a prime focus feed mounted in a specially constructed nose



radome. The present feed, a cavity backed spiral, covers both L and S-Band providing
simultaneous Left Hand Circular Polarization (LHCP) and Right Hand Circular
Polarization (RHCP) sum channel and complex difference channel outputs. P-Band
coverage is accomplished through the use of four crossed dipoles which utilize the
parabola surface as a ground plane reflector. Monopulse tracking error signals are
available on P-Band and/or L/S-Band via complex difference channels. The following table
summarizes ARIA antenna performance.

FREQUENCY GAIN BEAMWIDTH POLARIZATION
(Ref to Paramp input)

225-260 mHz 10.66dB 40E Horiz/Vert or
LHCP/RHCP

1435-1540 mHz 22.4dB 8E LHCP/RHCP

2200-2300 mHz 28dB 4.5E LHCP/RHCP

Prior to signal acquisition, the antenna can be manually or automatically scanned in
azimuth and elevation. After signal acquisition, autotracking is the preferred mode of
operation. Autotracking is achieved for an FM link with a minimum of +3dB S/NIF. A PM
link can be typically autotracked at 15dB below the noise floor (kTB) where
k=Boltzmann’s Constant, T=System operating temperature, and B=second IF (Pre-
Detection) bandwidth.

In the event the signal is lost, there are two special tracking functions to position the
antenna. Rate Memory drives the antenna for a period of up to 10 seconds at the antenna
azimuth and elevation tracking rates experienced just prior to the loss of signal.
Acceleration Memory positions the antenna in accordance with predetermined time
correlated azimuth and elevation pointing angles contained on a punched paper tape which
is inserted in the Trajectory Storage Unit (TSU). If the system has been autotracking for a
siffucient amount of time prior to the loss of signal, a memory is developed based on the
difference between actual antenna positions and the positions contained on the TSU tape.
This memory is then used to bias the predetermined “look angles” on the TSU tape during
periods of signal blackout.

The parabola antenna can be positioned ±100E in azimuth and -30E to +100E in elevation
relative to the aircraft. When autotracking the antenna slew rate is approximately
30E/second with an angular acceleration of up to 22.5E/second2 . When the antenna is not
autotracking the slew rate is approximately 40E/second while the angular acceleration is a
maximum of 75E/second2.



At the present time the ARIA utilizes a monopulse tracking system. However, a
pseudomonopulse system has been evaluated and is being implemented. The
pseudomonopulse system amplitude modulates the sum channel with TDM azimuth and
elevation error signals. An AM detector is used to demodulate this information as opposed
to the typical tracking error demodulator. This system minimizes the problem of
maintaining the proper phase between the sum and difference channels from the feed
output to the tracking error demodulator input since all tracking error information is
contained on a single sum channel. Additionally, the system is designed to provide
coherent noise cancellation.

This combination of features enables the ARIA to track a wide variety of objects including
high dynamic reentry vehicles and makes the ARIA responsive to a variety of test and
evaluation requirements.

RF System. — The ARIA RF subsystem consists of dual channel data and tracking
receivers, low noise preamplifiers, spectral display units and various pieces of peripheral
equipment. System operating temperature is examined in this section as well as specific
equipment capabilities to properly convey the overall RF subsystem performance.

The typical ARIA system operating temperature (Top) is approximately 380EK at S-Band
referenced to the input of the paramp. The actual system temperature is measured prior to
each mission using the solar calibration method outlined in IRIG 118-73. Significant
improvements are anticipated with the future addition of low noise 65EK paramps and
optimized S-Band antenna feeds.

The present ARIA receiver system consists of eight dual channel data receivers and four
dual-channel tracking receivers. These receivers provide frequency coverage of the
standard telemetry bands 225-260 MHz (P-Band), 1435-1540 MHz (L-Band), 2200-2300
MHz (S-Band), and additional special telemetry frequencies.

The tracking receivers are Defense Electronics Inc. (DEI) model MR-109 dual-channel
tracking receivers. The monopulse tracking configuration provides a sum signal input to
one channel and a complex difference or error signal to the other channel. The sum signal
is the summation of the received signal from each of six antenna feed elements and
contains the phase reference for the difference channel. The difference signal contains both
azimuth and elevation error information in quadrature. This signal is processed by the
tracking error demodulator to provide antenna positioning inputs to the antenna servo
system. Two receivers are required to process both the vertical or right-hand circular
(RHC) and horizontal or left-hand circular (LHC) polarization outputs from the antenna
assembly for each tracking frequency. Two tracking receivers are assigned for S-Band
tracking, while the two remaining tracking receivers were originally designated to support



P-Band tracking requirements. The latter two receivers can be used for S-Band support in
the RHC mode only.

As indicated previously, the existing monopulse tracking method is being modified to a
pseudomonopulse system. Once implemented, this modification will allow tracking
functions to be performed by the data receivers using AM demodulators.

Two types of dual-channel data receivers are presently installed on the ARIA. The DEI
data receiver model TR-109 is installed with a complement of six receivers per aircraft.
Two Microdyne Corporation model 2200R data receivers complete the receiver
installation in each aircraft. The operational and electrical features of both types of data
receivers are similar in many respects. Plug-in RF tuners, plug-in or switch selectable IF
filters, plug-in demodulators, pre-detection combiners, pre-detection down converters,
switch selectable AGC time constants, switch selectable video filters, and crystal or VFO
frequency control are all common features. The DEI receivers are part of the original
equipment installed on the ARIA to support the NASA Apollo Program. These receivers
can process the NASA Unified S-Band Subsystem (USBS) modulation format and most
other amplitude, frequency, or phase-modulated formats.

Processing the DOD space ground link subsystem (SGLS), special 400 mHz signal
formats plus the NASA 136 mHz TIROS format generated the requirement for additional
receiver capability. Three models of the Microdyne model 2200R data receiver are used
for these requirements. These receivers can be utilized to process other phase, frequency,
or amplitude-modulated signal formats as well.

Communications Subsystem. — Reliable communications between the ARIA and the
Aircraft Operations Control Center (AOCC) is a prime requirement during worldwide
operations. The ARIA communications system consists of equipment operating on HF and
UHF frequencies employing varied modulation formats.

The ARIA HF system consists of 3 receivers, 3 transmitters and 3 power amplifiers plus 5
antennas. The receivers feature a 0.5 microvolt sensitivity for a +10dB(S+N)/N. Both the
receivers and transmitters are frequency synthesized in 100 Hz steps from 2.0 MHz to
29.999 MHz. Independent sideband capability exists including USB, UUSB, LSB, LLSB
and compatible AM. Thus, each transmitter can handle up to four independent audio
signals. Power amplifiers boost the output power of each transmitter to 1KW. Three probe
antennas (mounted on wing tips and vertical stabiizer), a trailing wire antenna, and a
saddle antenna comprise the HF antenna system. When deployed, the trailing wire antenna
attains a near vertical position due to the weight of the deployment drogue. This provides a
low angle radiation pattern which is advantageous for best HF communications.



UHF communication is provided via the standard aircraft radio system or via Tactical
Satellite (TACSAT). The satellite communication equipment operates on military UHF
satellite frequencies and employs FM modulation. Full duplex narrowband FM or simplex
wideband FM links are possible in the TACSAT mode of operation. The wideband FM
mode is normally used for realtime data retransmission.

Peripheral equipment includes a model 28 ASR teletype machine and a complex matrix
patchboard which assigns the various receivers and transmitters to selected intercom
circuits.

This extensive airborne communications capability allows the ARIA to operate worldwide
while maintaining reliable communications channels.

Record and Timing Subsystems. — The primary mission of the ARIA is to receive and
record telemetry data. The record subsystem consists of two wideband Mincom M-28
recorders and the associated record/reproduce electronics, data multiplexers, predetection
playback converter, and test equipment. The heart of the record subsystem is the Mincom
M-28 recorder which has the following characteristics:

Number of Tracks 14
Tape Width 1 inch
Tape Speeds 60 ips or 120 ips
Reel Size 10 1/2, 12 1/2, 14 inches
Frequency Response 5kHz-l.5MHz direct mode or DC-500

kHz FM mode @120 ips
Record Electronics 12 direct, 2 Wideband FM (Standard

configuration)
Reproduce Electronics 2 direct, 2 wideband FM
Wideband FM Center Frequency 900kHz ± 270kHz @120 ips

450kHz ± 135kHz @160 ips

Two channels on each recorder are normally set up for multiplexed data. The multiplexers
used can accept up to 20 channels. Such information as timing codes, antenna azimuth and
elevation position analog voltages, receiver signal strengths, voice annotation, and various
other parameters are normally recorded on these multiplexed channels.

The timing subsystem on the ARIA consists of a central timing facility which generates the
standard IRIG timing codes and also drives the countdown/elapsed time displays and
GMT clocks located throughout the aircraft. The timing group contains two time signal
generators (TSG), for redundancy, which accept a 100kHz external reference or operate
on an internal reference. A rubidium frequency standard is carried on the aircraft which has



a frequency stability of at least 5 parts in 1011 per year. The TSGs can be synchronized to
within 1 microsecond of an external source. When synchronized to WWV or WWVH via
HF reception an overall timing system accuracy of ±5 milliseconds is obtained. When
additional accuracy is required, portable clocks are carried on board the aircraft which can
be synchronized to a prime standard at most of the ARIA staging bases. The present
portable clocks provide ±50 microsecond accuracy. New portable clocks presently being
procured will maintain an accuracy of ±5 microseconds for the first 24 hours and a linear
increase thereafter.

The combination of two wideband recorders and a versatile timing system enables a wide
variety of telemetry data formats to be recorded and time correlated to a high degree of
accuracy.

Data Separation Subsystem. — The ARIA Data Separation Console (DSC) was
designed to extend the mission capabilities of the aircraft beyond the normal receive/record
mode. Although predetection recording is usually a mandatory requirement of range users,
the realtime retransmission of data is becoming an increasingly popular mode of operation
for the ARIA. The DSC equipment provides the additional capability to process the
demodulated telemetry signals for recording, realtime retransmission and/or mark event
reporting.

The Data Separation subsystem contains a variety of equipment including: ROLM 1602
Ruggednova minicomputer, high speed tape reader, patchboard demultiplexer, PCM
decommutator, DAC/display, PSK demodulator/PCM synchronizer, post detection
combiners, HF data modem, FM subcarrier demodulators, and additional peripheral
equipment. Since many telemetry formats include multiplexed data, subcarrier
demodulators are required to demodulate the data to baseband. PCM data is routed to a bit
synchronizer thence decommutated.

The present complement of equipment provides a good mix of capability versus equipment
size and enables ARIA to perform the signal processing necessary to retransmit the
received telemetry in realtime.

Data Retransmission. — Realtime retransmission of data from the ARIA to the range
user is a popular mode of operation. Retransmission can be done on bandlimited HF
channels or the wider TACSAT channels. For HF transmission, low frequency analog data
is demodulated from the various FM subcarriers and is then applied to VCOs to modulate
IRIG channels 2-7. Channel 1 is a fixed 425 Hz tone for doppler reference. The composite
multiplexed channels 1-7 can be accommodated in a bandlimited (3 kHz) HF voice
channel.



PCM data can be retransmitted via HF or TACSAT. Normally, the ROLM 1602
minicomputer is used to strip out selected “words”, reformat these words, and send out a
bit stream at a reduced data rate compatible with channel bandwidth limitations. Software
is developed on a mission by mission basis to accommodate the needs of each user. When
PCM data is transmitted via HF, a 2.4 kHz data rate is used. TACSAT channels, although
much wider than HF channels, are still bandlimited when compared to typical telemetry
signal formats. Again, the ROLM 1602 minicomputer performs the function of selecting
certain “words” and reformatting this data into a data rate compatible with channel
capacity. This method of data retransmission has a proven success record spanning the
past several years.

Conclusion. —The Advanced Range Instrumentation Aircraft has been operating for 10
years covering the manned space program commencing with Apollo and most unmanned
efforts as well by providing cost effective telemetry coverage in those remote areas not
reached by land stations. The improvement and modernization program has provided the
equipment evolution necessary for the addition of new capabilities such as digital signal
processing and realtime data retransmission.

This paper was not intended to provide a lengthy examination of equipment capabilities
but rather a limited inside look at ARIA, a unique national asset. In this regard it is hoped
that the reader has gained some insight into the application of telemetry reception and
processing hardware to a highly mobile airborne platform.



* This data acquisition system design was performed under Subcontract Number 273914L to
AVCO Corporation Systems Division to support their Prime Contract F04701-75-C-0218
awarded by the Space and Missile Systems Organization of the United States Air Force. Much of
the research and development for the Signal Conditioning Unit and Wide Band Processor was
performed in support of this subcontract.

A Data Acquisition System Featuring On-Board Processing*
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Albuquerque, NM

Summary. — A data acquisition system for the telemetry data on the Technology
Development Vehicle (TDV) program is presented. To meet the major experimental
objectives of the TDV mission—the collection of high frequency vibration and acoustic
data on a re-entry vehicle—required some unusual design approaches.

It is shown that collection of this data requires a great deal of data compression. This was
accomplished using a technique of on-board data processing—actually performing the first
step of data reduction in flight.

The entire data acquisition system is described in light of the requirements imposed by the
data with emphasis on unusual problems and solutions.

Results of ground tests in an anechoic chamber are presented, and a brief discussion of the
errors involved in onboard processing is given.

Introduction. — In 1974 Mr. Maschhoff, one of the present authors, presented a paper
before this conference on a technique for on-board high frequency data processing.1 In the
ensuing years this technique has continued to be developed and implemented in actual
flight hardware by Data Systems Division of Gulton Industries. The culmination of this
effort is reflected in the SAMSO TDV program. The first flight of this Re-entry Vehicle
(RV) program occurred on June 14, 1977 returning data from high frequency sensors of
unparalleled quality And accuracy using a high frequency data processor as one
component of Gulton’s data acquisition system.

This report places the entire data acquisition system into perspective, highlighting
important design decisions and techniques in the Wide Band Processor (WBP) as well as 



the rest of the system. Although the WBP is a key element of the TDV program, it must be
considered in the context of the entire system.

Data Acquisition Requirements. — The basic problem in any telemetry system may be
simply stated as how to most efficiently collect data from a wide variety of sources,
convert each data source to a compatible medium and format the results for transmission
on a RF link in such a way as to minimize the number of RF transmitters and the required
bandwidth.

Modern experience has shown that most telemetry data is most efficiently handled in a
sampled data system where each source—usually a low frequency voltage source—is
converted to binary representation and encoded for PCM transmission. Often the amount
of analog data to be so collected and digitized utilizes only a small portion of the available
RF bandwidth. Thus the emphasis in recent years has been to extend the capabilities of
PCM encoders such that they collect more and more different types of data sources,
translating each source to binary words and merging all the words together into one output
bit stream.

These non-analog sources include a variety of serial and parallel digital information, some
of which are direct sampled and some which undergo elementary processing—for
example, pulse frequency encoded data.

Other data sources of interest include wideband sources. Wideband data may be roughly
defined as data whose bandwidth exceeds one or two kilohertz, thus requiring sample rates
in the 5 to 10 KHz range—usually beyond the reasonable capabilities of a PCM encoder.
It is the wideband processor whose design addresses this problem.

Another requirement often encountered on re-entry vehicle programs involves the recovery
of data collected during reentry blackout. The plasma build-up along the surface of a re-
entry vehicle during atmospheric re-entry acts as an RF shield preventing transmission
(and reception) during what is often the most critical and dynamically interesting portion of
the flight. Thus some means must be provided to retransmit the data occurring during this
phase of the flight after recovery from blackout.

If an fm/fm telemetry link were used instead of PCM then this blackout data must be
recorded on wideband analog tape recorders. This of course has many obvious
disadvantages including weight, power, size, reliability and accuracy limitations.

A PCM system, on the other hand, transmits data in binary form from the PCM encoder.
This data can be stored in digital solid-state memories with a savings in weight, power,
size, reliability and accuracy, if the blackout period is short enough and the data rate low



enough. This storage is done on the TDV program with a Digital Delay Unit (DDU) which
is functionally a long shift register. The anticipated blackout duration on TDV is 8 seconds
and the data rate is 172,800 bits/sec. requiring 1,382,400 bits of storage.

The TDV Data Set. — As mentioned, a modern PCM encoder must collect data from a
wide variety of sources. These sources may be broadly characterized by two criteria: The
electrical nature or form of the signal and the frequency content of the information. The
electrical nature of the signal will determine the type of signal conversion mechanisms
required: analog to digital, frequency to digital, parallel digital to serial digital, charge to
voltage to digital, etc. The frequency content will determine the necessary sample rate to
satisfy the well-known Nyquist sampling theorem. Other considerations such as dynamic
range and desired accuracy will determine details of the system such as analog to digital
quantization step size, number of bits in the binary representation of the sample, special
processing, etc.

This particular system must collect high and low level voltage inputs, serial digital inputs,
pulse frequency modulated inputs, wideband voltage inputs and wideband charge inputs.
Each of these inputs must be sampled at a rate consistant with its bandwidth, processed to
a form meaningful for the nature of the input and converted to a binary word consistent
with the dynamic range and accuracy requirements. A summary of these requirements for
TDV is given in Table 1.

System Overview. — Now we shall discuss the TDV data acquisition system in light of
various inputs to be collected. First note that the sample rates given in Table 1 are
determined by the nature of the input source and are specified to satisfy the sampling
theorem. The first four signal groups give a total bit rate of 139,200 Hz. If the next four
signal groups are sampled at 5 times their upper cutoff to avoid aliasing errors, then this
direct sampling would require an incredible bandwidth of 86 MHz for digital transmission!

Clearly a better solution than direct sampling is required. The solution lies in the nature of
the data itself. The data, in this case, are supplied by vibration and acoustic transducers
and are a measure of the fluctuating external pressure environment of a re-entry vehicle.
The analyst studying this data is not interested in the time domain reconstruction of the
data but in the time history of the spectral content—that is he would like to know the
power spectral density of the data and how that PSD changes with time.

Two basic items must thus be specified. The frequency resolution and the time-historic
resolution. In this case, octave resolution in the frequency domain is found to be sufficient.
The time-historic resolution needed depends on how rapidly the PSD changes with the
time. There is some interest in shock-type events where the input data changes rapidly
from a relatively low level to a high level. Thus the system must have a large 



Type of
Input Number Full Scale

Sample
Rate/Bandwidth

Binary 
Representation 

Number
of Bits

High-Level 
Differential 

Voltage 

68
85
4

0-5.1V
0-5.1V
0-5.1V

100 sps
  20 sps
200 sps

20mV/bit 8

Low-Level 
Differential 

Voltage 

55
10
48

0-5.1mv
0-5.1mv
0-14.5mv

  20 sps
  50 sps
  50 sps

20µV/bit
56-86µV/bit

8
8

Serial Digital
TTL 

3 16 bits 200 sps Direct 16

Pulse-Frequency
Modulated 

TTL

3 0-150 KHz 200 sps Proportional
to Input Pulse 
Rate 

16
8

High Frequency 
Charge 

1
5
6
2

160 pC rms
  16 pC rms
    8 pC rms
    4 pC rms

3.2-102.4 KHz
(5)

Proportional to
average power
in 200 msec.

8

High Frequency 
Voltage 

3
2
1

   1 Vrms
0.355Vrms
0.122Vrms

3.2-102.4 KHz
(5)

Proportional to
average power
in 200 msec.

8

Low Frequency 
Charge

14 16 pC rms 50-3200 Hz
(5)

Proportional to
average power
in 200 msec.

16

Low Frequency 
Voltage 

3
2
1

   1 Vrms
0.2Vrms
0.063 Vrms

50-3200 Hz
(5)

Proportional to
average power
in 200 msec.

16

Sync and ID 5 N/A 100 sps N/A 8

TABLE 1 - INPUT CHARACTERISTICS

dynamic range (the goals were 40 dB for the high frequency and 60 dB for the low
frequency wideband data) and a relatively short time window during which the spectrum is
analized. This time window was set at 200 msec. (or 5 samples per second).

From the above considerations emerges the mechanism for collecting the wideband data.
Each input source is filtered by bandpass filters into octave spaced bands then the outputs
of each band are squared and integrated over a fixed interval of 200 msec., thus computing
the in-band energy.



Since the nature of this processing is somewhat divorced from the regular data sampling
function of the PCM encoder, a separate unit, the Wide Band Processor (WBP) is used. It
interfaces to the PCM encoder as a serial input channel outputting the processed results in
a fixed order upon demand from the PCM encoder.

Thus the data acquisition system is split into a PCM encoder handling predominantly direct
sampled signals and the WBP handling processed signals. Another natural split in the
system is the digital delay memory previously mentioned to deal with re-entry blackout.
This unit, the Digital Delay Unit (DDU), is effectively an 8 second delay shift register,
thus providing two digital bit streams to be transmitted on two RF downlinks—a real-time
and delayed data stream. Both these data streams are continuously transmitted, so when
blackout is over, real time data and data 8 seconds old—occurring before then during
blackout—are both received by ground station equipment. This delayed data method of
blackout recovery provides a redundant downlink helping overcome fading and noise
problems on the RF link, alleviates the problem of not knowing exactly when re-entry
blackout will occur, and provides a more reliable downlink when blackout is an
intermittent phenomenon.

Another split in the system was found to be desirable in the WBP. Many of the inputs to
the WBP are very sensitive charge inputs. It was found best to separate these inputs into a
separate unit, the Signal Conditioning Unit (SCU), to prevent these sensitive analog inputs
from picking up digital noise from the digital signals in the WBP. This also resulted in
being able to make all inputs to the WBP identical, that is the SCU normalizes each signal
to the same full scale level. This greatly simplifies testing of the WBP since each high
frequency and each low frequency input is identical in bandwidth and full scale rms
voltage level.

Thus we have four separate units, the SCU, WBP, PCM and DDU all playing in concert,
operating as one functional Data Acquisition system. The complete system configuration is
shown in Figure 1.

PCM Encoder. — The PCM Encoder is the central workhorse of the system. It digitizes
and formats all direct sampled signals as well as selecting and formatting the processed
signals from the WBP. The PCM Encoder used for the TDV Data Acquisition System is a
modular, PROM programmable system composed of standard modules of Gulton’s 7000
Series PCM Encoder. The central elements of the system are a series of PROM’s which
contain the address sequences for various inputs. These PROM’s address various analog
multiplexer inputs, digital register inputs, frequency to digital converters and external
sources.



There are five high-level differential multiplexers for the high level analog inputs. Each
multiplexer controls 32 inputs through a two level MOS Multiplexer. The output of the 32
point multiplexer is buffered by a unity gain amplifier and output to a common analog line
via a third level analog switch. Each voltage input has a unique address given by the
selection PROM’s. The common analog line goes directly to the sample/hold circuit of the
A/D converter.

The low-level multiplexers are identical in design and function to the high-level except the
buffer is replaced by a precision, low-noise high gain amplifier. The 51mv signals go to an
amplifier with a gain of 100, and the 14.5mv signals to an amplifier with a gain of 350,
both resulting in 5.1 V full scale signals being presented to the A/D converter.

The A/D Converter is a successive approximation type operating at twice the sample rate,
thus providing a 1/2 sample for settling the sample/hold circuitry and making the critical
MSB decision.

Serial data is collected by 16 bit shift registers loaded from an external source by an
independent (external) clock. When selected, the data is dumped to an output register and
serially shifted directly to the output bit stream.

Pulse-Frequency modulated data is collected from counter circuits which count the input
pulses. The counters are reset when the count is addressed and collected by the selection
PROM’s. An interesting design problem encountered here was to prevent loss of an input
pulse occurring during readout. This was done with a latch on the input designed such that
if an input pulse occurred during the counter readout and reset time, that pulse transition
was saved until the end of the readout time. The occurrence of two pulses during the
readout/reset time is prohibited by the maximum input frequency. This design is shown in
Figure 2.

The output section of the PCM Encoder contains a parity generator (words are transmitted
8 bits at a time plus a vertical parity bit), sync code generators and ID counters for
identifying the output format frame numbers.

The final serial digital data stream is then passed through a pre-modulation filter with a
cutoff frequency of 0.8 times the bit rate before it is sent to the RF transmitter. A second
pre-modulation filter is used by the output of the DDU for filtering the delayed data before
transmission.

Digital Delay Unit. — Essentially the DDU is a 1,382,400 bit shift register. This number
of bits is required to delay the 172.8 kbit/sec data stream from the PCM encoder a total of
8 seconds. In actual implementation the design is somewhat more complicated.



The shift register devices used on the DDU are silicon gate dynamic MOS 1024 bit
devices (Signetics 2525). These devices were choosen as the best compromise for memory
capacity, size, speed and power. To store 1,382,400 bits requires 1350 of these devices, so
clearly power becomes a major factor. These devices consume 35 mwatts each at a clock
rate of 172.4 KHz, the input data rate, for a total of 47.7 watts. This is unacceptably large.
For this reason the memory array is divided into 27 parallel channels and the data is
multiplexed into these 27 arrays as shown in Figure 1. This has two benefits: first, the duty
cycle of the array is reduced by 1/27th to a shift rate of 6.39 KHz, resulting in a total
power of 1.8 watts, second, a single point failure in the shift register chain will cause loss
on only 1/27th of the data and that loss will not occur in the same word of the data frame
by frame, i.e., any particular word in the output format would only be lost once every 27
frames. This is a very important consideration since regardless of the inherent reliability of
the shift register, the loss of one stage of 1,382,400 shift stages could cause loss of all the
data if all devices were connected in series rather than multiplexed.

Signal Conditioning Unit. — The SCU must convert each of the 40 wideband data inputs
listed in Table 1 to a normalized voltage output for processing by the WBP. This simple-
sounding task required some very unique design considerations.

To appreciate some of the problems one must understand something of the nature of the
source signal. Some of the voltage inputs are derived from acoustic pressure transducers
similar to strain gauges. During acceleration and deacceleration phases of the flight these
exhibit a low frequency bias due to acceleration effects. This must be filtered on some
inputs with a four pole high pass filter with a cutoff frequency of 40 Hz, so that this
acceleration wave does not cause an excessive “dc” bias through the WBP gain ranger. A
typical voltage amplifier is shown in Figure 3. Notice that an instrumentation amplifier is
required to provide good common mode rejection, high input impedance and ground
isolation for the transducer.

The charge inputs are derived from piezoelectric transducer elements. These must be
converted to voltage inputs and amplified to normalize the full scale signals into the WBP.
This is done with a charge converter and voltage amplifier as shown in Figure 4.

The charge converter is essentially an operational amplifier with a capacitance feedback.
The amplifier output, Vo, is given by;

Vo = qi/CF

where qi is the input charge and CF the feedback capacitance. In practice a large value
feedback resistance, RF, is required to prevent DC saturation. This additional component
provides a 6 dB/octave roll-off with a -3 dB frequency of 1/2BRFCF.



The transfer function of the complete charge amplifier is then given by;

where, K = amplifier open loop gain
and, Ct = transducer and cable capacitance.

The term Ct/1 + K is very small compared to CF, so the denominator reduces to 1 + sRFCF.
This is the characteristic form of a simple first order roll-off as mentioned with T = 1/RFCF

and a terminal slope approaching 6 dB/octave. Also notice that since the transfer function
is practically insensitive to variations in the input capacitance, it is insensitive to the cable
length and capacitance of the transducer.

One of the more difficult design problems on the charge inputs is related to the mechanical
nature of the transducers. These piezoelectric transducers, some hardmounted and some
ported (that is mounted to holes in the vehicle skin) exhibit very strong (.30 dB)
resonances at about one octave above the frequency of interest. These resonances can
cause saturation of the charge amplifier unless the gain is very low, which then causes
noise problems. Thus a passive pre-filter is required before the change amplifier with a
zero at the resonance frequency.

The design of this prefilter requires somewhat unusual considerations since the input and
output are specified in terms of charge rather than voltage. A LC filter, as shown in
Figure 3 is employed. Its transfer function is;

By selecting a proper value of C3 and L a -40 dB attenuation at the resonance frequency
has been obtained. A typical measured prefilter response plot is shown in Figure 5.

Another unusual problem with charge amplifiers is vibration induced noise due to the input
cable and electrostatic and electromagnetic interference from the power supply and
adjacent PC boards.

The noise generation from the cable is mainly due to the “Triboelectric” effect associated
with the relative motion between the cable dielectric and the outer shield around the
dielectric. This effect necessitates using a special low noise cable.



The capacitance variation between the prefilter and the DC power line also generates a
high noise level under vibration. This effect is further worsened by the electrostatic charge
on the conformal coating of the PC board. Assuming vibrations of the PC board generates
a 0.1 pF capacitance variation between the prefilter and +15 Vdc power on adjacent
boards, the effective noise input becomes 1.5 pC. In the worst case this noise level
becomes 37% of the full scale signal (4pC) - a S/N ratio of only 8.5 dB.

It was thus necessary to pay very careful attention to component layout and to encapsule
the charge amplifier feedback resistor and capacitor and the prefilter in a conductive,
grounded case.

Wide Band Processor. — The WBP takes each output of the SCU and divides it into
several frequency bands with active bandpass filters. The lower frequency inputs (below
3200 Hz) are then commutated with an analog multiplexer and converted to digital form
with a successive approximation ADC. The output of the ADC is squared then added to
the sum of the previous squares obtained in that band. After 200 msec, the PCM encoder
demands the result. The processed number is truncated to 16 MSB bits and transmitted to
the PCM encoder. The sum is reset and new samples begin a new sum. This signal path is
shown in functional form in Figure 6.

The higher frequency inputs (from 3.2 KHz to 102.4 KHz) are not converted directly to
digital but are squared by an analog multiplexer and integrated with an analog integrator as
shown in Figure 7. When the PCM encoder demands this data, it is converted to digital by
the same ADC as the low frequency bands and the integrator is reset. The resulting 8 bit
number is then transmitted to the PCM encoder.

Both types of processing result in numbers which are proportional to the energy in the
respective bands:

where )t is the ADC sampling interval, 
thus permitting calculation of the rms
voltage in each band:

Note that this method of processing while resulting in a great deal of data rate reduction at
the output does not relieve the necessity of proper sampling of the input data. The output
of each bandpass filter must be sampled at above the Nyquist rate. To minimize aliasing
errors, this sample rate is choosen to be 5 fc where fc is the cutoff frequency of the four-
pole symmetric Chebychev bandpass filters used for octave splitting. For this reason the



processor is divided into four identical processing sections, each with its own ADC and
squaring/summing circuits, thus allowing a reasonable ADC rate of 1.783 MHz.

The bandpass filters operating on the input signals are arranged such that the -3 dB points
of adjacent bands (the 1/2 power points) coincide so that the sum of the outputs of the
bands is equal to the total power input. This arrangement is shown in Figure 8.

The output of each filter is scaled by a scaling buffer to maintain the dynamic range of the
input signal in each band. This is necessary since each octave filter has a power spectral
bandwidth less than the next highest filter by a ratio of 2. Thus if the time averaged
spectral input is expected to be nominally flat, each successively lower filter must be
scaled up by a gain factor of %&2. Other anticipated nominal input spectra require other
normalizing scaling constants if one wants to realize the best possible band-to-band
dynamic range.

The outputs of the low frequency filters are digitized with an ADC developing a 7-bit plus
sign representation of the bipolar 5.1 volt full scale signal where the binary representation
is based on a step size of 40 mV per bit.

This number then becomes the address vector to a ROM whose output is programmed to
values which are the square of the address vectors. This square is then stored in a shift
register and serially summed with the previous sum of squares for that band. Serial
arithmetic was used since the resulting sum may be up to 25 bits long and a parallel
adder/memory combination was found to require far too many ICs.

The high frequency inputs require an analog multiplier and integrator for each band since
they are too high in required sampling rate to be processed digitally with time-shared
circuitry. In addition, the low frequency filters are designed using National Semiconductor
LM124 quad operational amplifiers, each filter requiring only one of these devices. The
high frequency inputs require four individual operational amplifiers since the LM124 does
not have the required bandwidth. Thus each high frequency filter requires a considerable
amount of space. Therefore to save space and power, the 20 high frequency inputs are
divided into four groups of five inputs and time share the same set of filters, squarers and
integrators. Thus each high frequency input is integrated for only 40 msec out of each 200
msec interval. The assumption here is that the duration of the phenomena in this region will
be long compared to 200 msec. such that sampling in this manner is adequate to define the
levels.

Each integrator on each high frequency band is periodically digitized by the ADC but only
the last value obtained before the output is demanded by the PCM encoder is kept. This
greatly simplifies the commutation of the various filters into one ADC.



The actual output collection task is initiated by receipt of a frame sync pulse from the
PCM encoder. Any particular PCM frame contains all 6 bands of particular low frequency
input, 5 bands of a high frequency input and a gain word. So when a frame sync pulse
occurs a collection cycle is initiated to collect these 11 processed words plus the gain
word, reset all 11 sums and integrators and update the input gain ranger.

The input gain ranger is an amplifier circuit with 5 gain settings: 1, 2, 4, 8 and 16. This
applies gain to the original input signal before filtering. When the data for a particular
channel is collected the processed word for each band is compared to two digital
thresholds. If any word exceeds the upper threshold, the gain is reduced for the next
integration interval. If all words are below the lower threshold, the gain is increased for the
next interval. These gain decision points lie 12 dB apart but the output is proportional to
the power in the bands so the 12 dB interval corresponds to the 6 dB gain steps at the
input. This gain range method extends the dynamic range of the WBP by 24 dB. The
resulting dynamic range of the system is 45.1 dB for the high frequency inputs and 71.2 dB
for the low frequency inputs. The differences for the two methods of processing stem from
the output word size possible with each method: 16 bits output for digitally processed
bands and 8 bits output for analog processed bands.

Resulting Data Reduction. — The total wideband data requirements just outlined consist
of 120 sixteen-bit words to be output every 200 msec and 20 eight-bit words to be output
every 40 msec. The resulting bit rate is 13,600 bits/sec. If instead of on-board processing
direct encoding with 8-bit accuracy were used, then the twenty 3200 Hz channels output
continuously at a sample rate of 16 k sps and the twenty 102.4 KHz channels time shared
in four groups and output continuously in four words at a sample rate of 512 KHz result in
a bit rate of 18,944,000 bits/sec. The net bit rate reduction using onboard processing is
1393:1.

This reduction ratio is even more impressive if time sharing the high frequency channels is
not done. In this case, if 16 bits on 120 low frequency bands are output every 200 msec
and 8 bits on 100 high frequency are output every 200 msec, the resulting bit rate is still
13,600 bits/sec, but the direct sampled rate becomes 84 MHz. A net reduction of 6212:1.

On-Board Processing Errors. — It is interesting to note that the errors associated with
digital processing are substantially less than those associated with analog processing of
wideband data. This is mainly due to the virtual elimination of quantization and offset
errors by the averaging nature of the digital processing.

The quantization errors may be modeled as an input noise source having a rectangular
distribution with zero mean and variance of E2/12 where E is the quantization step voltage
(40 mV). If ai is the true value of sample i and ai + ei is the actual value where ei is the



rectangular distributed error value, then the difference between the true value and error
value over N sums of the squared samples is

The expected value, then, is

Now, assuming ai and ei are uncorrelated, the the first term becomes
                                            since                          The second term is merely N times the
variance, N E2/12. When the power is calculated a division by N is performed leaving an
error of E2/12. This is the mean value of the error. By the strong law of large numbers, the
actual error approaches this value with probability 1 as the number of samples increase.

The offset errors behave in a similar fashion. If the input rms voltage is X, then E[X] = µ is
the offset (or DC component). The true value has an expectation E[(X-µ)2] F2.

The measured value is E[X2], but F2 = E[X2] - µ so E[X2] = F2 + µ2. The difference is then
E[(X-µ)2] - E[X2] = µ2. So only a second order term for the offset appears as an error in
the output.

The actual processing errors are due to two sources: finite integration time, and aliasing
type errors due to sample rate. An interesting derivation of these errors for a deterministic
input is given as an appendix.

The total theoretical error, determined for worse case temperature variations, component
tolerances and leakages was found to be 4% for analog processed bands (above 3.2 KHz)
and 3% for digital processed bands (below 3.2 KHz). In actual laboratory tests under
simulated environments the analog processed bands were better than 3% and the digital
processed bands were better than 1% through the entire WBP.

Results of Ground Tests. — Flight data results are not yet available for publication,
however extensive ground tests were performed by AVCO on the entire re-entry vehicle in
an anechoic chamber.2

Since the TDV program will return data that for the most part had never been obtained
before, it was necessary to develop a high degree of confidence in the validity of the data
returned by the WBP. For this reason the outputs of each gain range amplifier in the WBP



were made available at an external connector. Four of these were used to modulate
constant bandwidth FM subcarrier oscillators in one particular ground test. The data from
these FM links was analyzed by computer. On the following page is a table of this
representative run.3

Octave Band 
(Hz)

WBP level minus Computer Analysis Level
(dB)

Input 1 Input 2 Input 3 Input 4

    50 - 100
  100 - 200
  200 - 400
  400 - 800
  800 - 1600
1600 - 3200

+0.6
0

-0.1
-0.2
+0.2
-1.2

+2.0
0

+0.3
+1.1
+1.3
+0.2

+1.6
0
0

+0.1
0

+0.1

0
0

+0.5
+0.6
-1.6
+1.0

The results are in very good agreement, well within the error bounds, especially
considering the problem of trying to match the computer analysis band-pass response to
that of the WBP.

Another type of testing performed was to hardwire additional transducers to the vehicle
shell and compare their response to the response of the on-board system. An exact match
is, of course, difficult to achieve. The transducer response are not identical. The location,
and thus the stimulus is not identical. And the computer analysis of the hardwired sensors
is not identical to the WBP analysis. However, excellent results were obtained, once again.
Figure 94 is a representative plot of actual test results of a low frequency input showing the
vibration amplitude derived from the WBP data for all six octaves processed and the
vibration amplitude derived from the hardwired source. It is interesting to note that the
WBP response was considered more accurate than the hardwired response, due to 120 Hz
contamination of the hardwire signal.
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* Summation of Series, L.B.W. Jolly, Dover, pp. 90-91, Series Number 480.
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Appendix - Derivation of Processing Error Envelope

When a periodic wave form is sampled, the error envelope may be derived as follows.

Consider a sine wave of arbitrary frequency and phase: V(t) = V sin (2Bft + N). Let k = tfs

be the sampling index for a sampling frequency fs. The WBP performs the following
calculation:

by trigonometric identities. Changing the range of the summation index, and letting
2 = 2N, $ = 2Bf/fs,

The last term converges*, giving



Using sin A cos B = 1/2 sin (A-B) + 1/2 sin (A+B),

Using sin A - sin B = 2 sin 1/2 (A-B) cos 1/2 (A+B),

Replacing $ and 2,

Now, define an error as

or, from (1),

Rearranging, and letting N=fsT, where T is the total summation period,

(2)

The error will be enveloped by the first two factors, while its actual value will be
determined by N in the last factor. Thus the error envelope is

The first factor is due to the finite “integration” period, and the second is due to the
sampling operation and is a measure of the aliased power.



A minimum sampling ratio of f/fs = 1/5 is maintained throughout the WBP, giving a worse
case value for the second factor of 1.32. The first factor has a worse case value in the
lowest band, 50-100 Hz, at 51.25 Hz, but this band is sampled at 4 KHz, so f/fs = .0128.
With T = 200 msec, these values are

The worse case error is thus ±1.55% of reading. A typical mid-band error is ±0.2% of
reading.
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These experiments were conducted under U.S. Navy Contract N00030-74-C-0020 under
cognizance of the U.S. Navy Strategic Systems Project Office, SP-25.

TETHERED BALLOON FOR CHECKOUT OF COMPUTER-
CONTROLLED ANTENNAS

H.E. BAGGOT J.B. WYNN
Interstate Electronics Corporation Department of the Navy

Subsidiary of A-T-O Inc. U.S. Naval Ordnance Test Unit
Anaheim, California Patrick Air Force Base, Florida

Summary.  During operational tests of the U.S. Navy’s Poseidon missile, an instrumented
ship tracks every test missile launched by the nuclear subs. The key sensor aboard this
launch-area support ship, the USNS RANGE SENTINEL, is its antenna system. Onboard
computers switch the ship’s four independent, main S-band antennas (Fig. 1) to capture up
to four missiles fired in succession and to expedite command action (e.g., continued flight
or destruct). This multi-antenna control by computer leads to a complex testing problem
for the computer software, constrained by the need for cost effectively proving the
software’s operational capability without penalizing hardware development. Rigid control
of hardware-caused variables, and a near-operational test environment, are vital Software
test prerequisites. To this end, using a stable RF pointing source at altitude above the
antennas (i.e., to reduce parallax distortion and multipath effects) is a preferred approach
in testing antenna-management software.

Fig. 1 - USNS RANGE SENTINEL (TAGM-22)

This paper describes two experiments* to (1) initially establish the feasibility of using an
airborne S-band telemetry transmitter as an RF signal source for checking out the USNS
RANGE SENTINEL’s antenna control, and then (2) demonstrate the effectiveness of this



RF source in verifying the ship’s antenna alignment and validating the operational antenna
software.

Introduction.  A good RF source is hard to find, especially one free of multipath and
located far enough away from large antennas to be in their far field. This problem is
compounded by the fact that the USNS RANGE SENTINEL’s antenna system is governed
by rather sophisticated software. This ship has four 16-foot, narrow-beamwidth
autotracking antennas with a broad-beam acquisition antenna that track every Poseidon
missile for an extended time during flight tests. (A fifth, acquisition or auxiliary
autotracker–electrically similar to the four acquisition antennas–furnishes initial missile
signal input to the computer, enabling it to select which main antenna to switch on until the
missile is beyond sea-surface multipath interference.) Software management of these five
antennas that cover four inflight missiles is in real time. This all-working antenna approach
(Fig. 2) significantly boosts the probability of antenna acquisition and target track. Thus,
with all four main antennas busy during various periods of missile flight time, the computer
must switch from one antenna to another to ensure tracking of every missile throughout its
powered flight.

Fig. 2 - Typical Antenna Management Plan

Other antenna-management responsibilities include:

• Side lobe checks
• False-target images (reflections)
• Target dynamic checks
• Acquisition/main antenna switching
• Autotrack validations
• Servo bandwidth control



* J. Stone, “TAGM-22 Boresight Tower and RF Signal Source Requirements for the Software
Validation Test,” Interstate Electronics Corporation, Anaheim, California, Interoffice
Memorandum 119-576, (to SP-25), 21 April 1972.

An elevated, stable-position, and mobile RF source is by definition the only means of
checking out such a shipboard antenna-management system*.

Initially, five candidate platforms were considered: (1) tower, (2) the sun, (3) kite, (4)
helicopter, and (5) balloon. All but the helicopter and balloon were rejected for reasons of
cost, (e.g., the tower would have to be 1500-feet tall, etc.), technical inadequacy, or lack
of mobility.

A.  Feasibility Criteria. - With the candidates narrowed to the helicopter and balloon for
reasons of practicality, the next step was to define the criteria necessary to determine the
feasibility of flying an RF transmitter in any test with the USNS RANGE SENTINEL.
Basically, the test vehicle would have to be capable of flying the package at a transmitter-
to-antenna elevation angle large enough in the antenna far field to minimize multipath; at a
slant range exceeding 200 feet; and with sufficient position stability for both long and short
durations. In addition, the transmitter would have-to perform two types of functions: for
the antennas, and for the antenna-management software. These functions are categorized
as follows:

Boresight Reference
for Checking:

Signal Reference
for Checking:

• Antenna-to-navigation alignment • Side-lobe effects on a simulated missile

• Antenna servo gain and stability settings • Two- and four- missile simulations for
normal modes and submodes of slave
and recovery

• Monoscan converter and feed linearity

• Parallelism between acquisition and
main antennas



B.  Requirements. - Tables 1, 2, and 3 summarize the specific requirements imposed on
the test vehicle and transmitter.

Table 1. - Position Stability Requirements

Short-Term Long-Term

±1.5 deg for 10 sec after RF off;
±4.5 deg for next 60 sec

Initial position to known point in space,
maintain that position for several hours
within 8 deg

Table 2 - Required Distances and Elevation Angles

Antenna
Slant Range

(ft)
Elevation Angle

(deg)

Auxiliary or Acquisition (1) 230 15

Main (4) 600 6

Table 3 - RF Transmitter Requirements

Frequency
(MHz)

Power
(mW) Control Capability

All Channels (4) within
2200-2300 bandwidth

20 Remote On/Off

Experiments. - The feasibility study and initial flight test were conducted at Cape
Canaveral Air Force Station (CCAFS), Florida. In the first experiment, an S-band
telemetry transmitter weighing under 15 pounds (including battery) was flown aboard a
U.S. Air Force HH-53C helicopter near the USNS RANGE SENTINEL, berthed at Port
Canaveral. The second test at CCAFS used a tethered, commercially available, 44-foot-
long balloon. Operational balloon tests were conducted in the airspace above the Norfolk
Naval Shipyard in Virginia, where the ship was docked for a 30-day yard period.

A.  Helicopter Trial. - The helicopter was investigated first–mainly because it was readily
available to meet the ship’s schedule and because it had a known hovering capability that
seemed likely to meet the stability criteria. It became evident, however, that this was not
so. Helicopters are not equipped for long-duration precise hovering at 1500 feet above a 



*Anon., “Tethered Balloon Systems,” Technical Bulletin TB-3, G.T. Schjeldahl Company,
Northfield, Minnesota, September 1968.

reference point. They hover precisely at very low altitudes and/or very close to targets;
also, hovering tends to overtax both the pilot and the engines.

Since a helicopter’s gross weight is an inverse factor in maintaining a precise hovering
point, the fuel allocated in the experiment was limited to just enough for 30 minutes of on-
station hovering, as opposed to a normal 4 1/2-hour flight. This in itself handicapped the
test.

Three stability runs each of 10-minute duration were made with the helicopter. Flight plans
for the first two used a ground reference point 4200 feet from the ship, with the helicopter
hovering at 1500 feet; the last run used a ground reference point 4500 feet from the ship,
with the hovering point at 1800 feet.

B.  Balloon. - The U.S. Air Force Range Measurements Laboratory (RML) of the Air
Force Eastern Test Range has an active Tethered Lighter Tahn Air (TELTA) project flying
balloons near the USNS RANGE SENTINEL berth at Port Canaveral. A preliminary test
was planned with RML assistance to determine if a balloon could serve satisfactorily as a
stable RF platform. Based on a need to lift a 50-to-100-pound payload to an altitude of
1500 feet, the laboratory recommended use of an RML 5300-cubic-foot “Baldy” balloon,
an aerodynamically shaped, tethered balloon designed and fabricated by the G.T.
Schjeldahl Company*. Table 4 lists the characteristics and performance specifications of
the balloon and winch.

Fig. 3 shows the balloon during its initial flight test. It was relatively easy to handle
especially when the wind ground speed was less than about 10 knots and the wind velocity
at altitude less than 15 knots. (The weather is an important constraint because a balloon
cannot be controlled if wind velocities exceed these limits; in addition, safety precludes
flying a balloon during electrical storms or when visibility is limited.) The balloon and
payload had to be trimmed for an angle of attack of +5 to 10 degrees for the most stable
aerodynamic control.

The Baldy needs approximately 5300 cubic feet of helium for proper inflation and lift. A
male quick-disconnect fitting below the aft fuselage (Fig. 4) serves for inflation. A flexible
line is snapped on this fitting and attached to a bulk-helium tank truck (preferably) or a
manifold for ganging about five or six “K” bottles. Adequate balloon inflation in this test
was determined by measuring the internal pressure with a Magnehelix gauge attached to a
standard innertube valve fitting on the lower vertical stabilizer (Fig. 4). (The balloon
pressure should not register less than 0.8 or more than 1.2 inches of water on the
Magnehelix gauge.)



Table 4 - Characteristics and Performance Specifications of
Baldy Balloon and Winch

Balloon Characteristics

Volume (cu ft)
Float Altitude, MSL (ft)
Payload Weight (lb)
Length (ft)
Diameter (ft) 
Weight (lb)
Tether Harness

 5300
 5000
     90
  44.0
  12.5
125.0
 1000-lb Nylon

Winch Specifications

Type
Load Capacity (lb)
Drum Capacity

(ft of 0.25-in. line)

Powered
1000 at 150 ft/min.
4700

Performance Specifications

Maximum Wind (kn)
Angle of Attack (deg)
Payout Rate
Reel-in Rate
Min. Ground Crew Required

25
Variable (5-10 Most Stable for Tests)
Free-Spooling
120 ft/min.
Four (plus three for winch/flatbed)

Fig. 3 - Tethering Balloon



Fig. 4 - Measuring Balloon’s Internal Pressure

The RF package was attached to the shrouds just above their confluence point (Fig. 5). For
proper balloon trim and attitude, a sand ballast bag supplemented the lightweight payload.
The bag was suspended between the aft shrouds and the stabilizer’s lower-leading
handling line attachments (Fig. 5). Fig. 6 shows adjustment of the telemetry package
before ascent.

Fig. 5 - Inflight Balloon



**Anon., “Moored Balloons, Kites, Unmanned Rockets, and Unmanned Free Balloons,” FAA
Regulations, vol. 1, part 101, p.5, effective 26 May 1970.

**Anon., “Marking,” ch. 3, FAA Advisory Circular AC70/776-1A, 1 January 1972.

For safety and compliance with FAA regulations for a rapid deflation device*, a small
aneroid-sensing squibcutter (Fig. 7) was attached to a sleeve under the balloon’s nose.

Fig. 6 - Preflight Trans- Fig. 7 - Emergency Deflation
mitter Adjustment Device

The aneroid element was set to electrically detonate a self-contained charge at
approximately 5600 feet if the balloon accidentally escaped from its moorings. The
detonation then would cut the sleeve and vent the helium into the atmosphere. Thus, the
test balloon had automatic-deflation capability. Since the balloon was considered to be a
Norfolk air traffic hazard, orange-colored, aviation surface flags were attached every 50
feet along the tether line, according to FAA regulations **.

Results. -

A.  Helicopter. - During the first experiment, one shipboard antenna observed a ±5-degree
deviation of elevation and bearing angles. The third run indicated a slight stability
improvement, but the shipboard antenna-elevation-angle variations were still
approximately ±3-degrees–twice what was permissible (Table 1).



B.  Balloon. - Figs. 8 and 9 show the results of the first balloon run and a 4-minute trial
respectively. A comparison of these results and the requirements (Table 1) leads to the
conclusion that the balloon provides adequate stability.

Fig. 8 - Results of First Run of Balloon Test

Conclusions. -

• The helicopter is unsatisfactory as a stable RF platform.
• When flown under favorable weather conditions, the tethered balloon serves as a low-

cost, technically efficient stable platform for radiating RF signals to an S-band
telemetry antenna system.

Acknowledgement. The co-authors are indebted to personnel of the U.S. Air Force
TELTA Project Office and Range Measurements Laboratory at the Air Force Eastern Test
Range for their assistance, continued support, and encouragement in making possible the
various tests described in this paper.



Fig. 9 - Results of 4-Minute Balloon Test



A Test System for a Miniature Neutron Detector

Jerry D. Balls and John L. Bowers
The Bendix Corporation

Kansas City Division

Summary.  A flexible automated test system for calibrating and testing a miniature
neutron detector, used in telemetry systems, is described. The test system is cost effective,
easily calibrated and maintained, and was available for use 6 months after design initiation.

Introduction.  Small neutron detectors are used in telemetry systems to determine neutron
pulse characteristics and to supply this information in a form that can be telemetered.

Previous test methods involved manual integration of oscilloscope photographs and
laborious mathematical calculations to calibrate these miniature neutron detectors. Several
techniques are outlined that have been used in the past as well as the most recent method
which is implemented by the subject test system.

The function of the miniature neutron detector is shown in sufficient detail to provide
understanding of the test system design and operation. The hardware is organized to utilize
the CAMAC (IEEE) 583 interface standard. The CAMAC system was chosen because of
the high speed digitizing capability not commercially available in other systems and the
significant long term savings that can be realized as a result of standard hardware package
design and standard interface specifications.

Neutron Detector.  The miniature neutron detector has been designed to verify the correct
operation of a pulsed 14-MeV neutron generator.1 The detector (Figure 1) is assembled
from the following components:

• A plastic scintillator (fluor) converts neutron energy to light.

• An optical detector collects the light and converts it into an amplified electrical
analog signal.

• A power supply and electronic signal-conditioning circuitry produce an output
when a neutron level exceeds a prescribed value.



Figure 1.  Miniature Neutron Detector

• A light-emitting diode, mounted in the scintillator, provides a means of
simulating the light generated by a neutron burst and allows the detector to be
independently tested (self checked) for correct operation.

The analog output (Figure 2) is generated by a neutron flux striking the fluor and
generating light detected by the photomultiplier tube. The gain of the photomultiplier tube
and the threshold voltage of the comparator can then be adjusted to produce a digital
output when a predetermined neutron flux is present. Calibration techniques involve
comparing the response of the neutron detector to the response of a larger (16 times fluor
volume) standard neutron detector (lead probe) and adjusting the neutron detector for the
desired output. The three techniques (Figure 3) used to determine the correct output of the
neutron detector are neutron detector analog and lead probe analog pulse peak
comparison; neutron detector analog and lead probe analog pulse integral comparison; and
neutron detector digital pulse and lead probe analog pulse comparison.

Test System.  The size and complexity of the system hardware was limited to two
instrument bays (Figure 4) to keep the test system flexible with respect to the configuration
and mission. In addition, the test system could not be complex or involve equipment that



was designed and fabricated from scratch in order to meet the operational date.

Figure 2.  Diagram of Neutron Detector

Figure 3.  Oscilloscope Display of Output From Neutron Detectors



Figure 4.  Instrument Bays

The test system was made more efficient by controlling it with an Intel 8080
microprocessor used in a Computer Automated Measurement and Control (CAMAC),
IEEE 583, standard crate. The CAMAC crate is controlled by a microcomputer crate
control module located in stations 23, 24, and 25 (Figure 5). The crate also accommodates
the lead probe counts system (amplifier, discriminator, time/scalers) and the transient
digitizers used for waveform storage. The microcomputer controller accesses the
instrument modules contained in the crate (timer/scalers and digitizers) and performs
automatic data retrieval and analysis. The output and operator control is performed through
an ASR 33 teletype.

The microcomputer-operated crate controller is a three-station-wide CAMAC module and
is connected to a one-station-wide memory module. The microcomputer is an Intel 8080
with teletype interface and front panel control interface contained in the module. Crate
stations are addressed by the use of an “F” code register and the use of upper memory
locations for the station number and sub-address. The crate controller contains an 8K
memory and is expandable by use of CAMAC memory modules.



Figure 5.  Block Diagram of Test System

The high speed transient digitizer is a three-station-wide CAMAC module that accepts a 0
to 2.5 volt input signal into 50 ohms. The input voltage is digitized into a six bit word and
sampled every 25 nanoseconds. The result is stored in the digitizer’s 1K word memory.
Digitizing action is initiated by the application of a start pulse on the front panel after an
enabled digitizing command is applied through the dataway. The contents of the digitizer
are read by applying an initialized memory command, then a read command through the
dataway. On each successive read command, the digitizer memory is incremented. More
than one digitizer may be connected in either series or parallel recording modes.

A prototype module is used in this system to generate and synchronize pulses required to
start the timer/scaler and digitizer and to fire the neutron generator. The prototype module
is a “breadboard” CAMAC module that can be wired to serve a specific task. It is
comprised of IC sockets with wire wrap capability and interconnects to the dataway for
addressing.

The timer/scaler is a one-station-wide CAMAC module that may function as either a timer,
counter, or both. The timer is programmed to a preset time interval through the dataway
and is started by either application of a start pulse to the front panel or by a dataway
command. During the timing interval, the scaler performs its counting function and the
counts value is read through the dataway.



Test System Operation.  Calibration of the lead probe (Figure 5) is established using a
barium 133 transfer standard and is checked using the counts section (amplifier,
discriminator, and timer scalers), of the lead probe, and the calibration software for the
microcomputer. The test system operates by starting one of the timer-scalers and counting
pulses from the lead probe for 2.376 seconds. This is done 20 times to allow for
fluctuations in background radiation readings. The average is used for the background
count. The barium is installed in the lead probe and the same procedure is followed taking
20 readings and averaging them. Then, the adjusted barium count is calculated by
subtracting the background count from the barium count.

The gain of the photomultiplier tube in the lead probe is varied until the counts (adjusted
for background radiation) from the lead probe are equal to the calculated output of the
barium 133 for that date (based on the radioactive half-life and decay of barium 133).
After calibration of the lead probe, all test results involving neutrons are based on the
counts from the lead probe which are proportional to the total neutrons in a pulse. The self
check is then run by using one digitizer to record an input pulse to the unit and the other
digitizer to record the output pulse from the neutron detector. The input and output pulse
widths are then calculated as well as the propagation delay in 25 nanosecond increments.
By using the digitizers in the parallel recording mode, they are synchronized so that
readings correspond in time between the two digitizers.

Following self check tests, one of the digitizers is disconnected from the self check input
pulse and connected to the prompt pulse from the lead probe. The functional tests are
accomplished by starting one of the timer/scalers, the two digitizers, and simultaneously
pulsing the neutron generator from the prototype module. The microcomputer then looks at
the timer/scaler to determine when it has timed out (24 milliseconds). After the first
timer/scale has timed out, the microcomputer then turns on the second timer/scaler for
2.376 seconds to count pulses from the lead probe. Upon completion of a shot, there are
the counts from the lead probe, the digitized wave-from of the prompt pulse from the lead
probe, and the digitized output pulse from the neutron detector to be used for calculating
the unit sensitivity. By using the counts, the sensitivity factors of the lead probe, and the
integral of the prompt pulse, a neutron flux rate can be determined at any point in time by
the corresponding value of the prompt pulse. Therefore, by calculating the value for the
neutron flux rate when the digital pulse from the product changed state, the sensitivity of
the product can be determined. This is repeated 30 times in order to reduce the error
encountered by using a small area fluor. The average, variance, and standard deviation are
then calculated. Other items such as pulse widths, peak values, and running average are
also calculated for each of the 30 tests.

Test System Software.  The software for the Intel 8080 based crate controller was
generated by the use of an Intel PLM compiler. The PLM compiler generates the



hexadecimal machine code for the Intel 8080 and outputs via a paper tape. The paper tape
is then loaded through the teletype into the RAM memory in the CAMAC memory
module. Then, the program is burned into PROM in the memory module utilizing a
program supplied with the crate controller. The program presently in use occupies
approximately 4K words of PROM and uses about 100 words of RAM for variable
storage.

The program written in PLM language is segregated into procedures (subroutines) and
these procedures are called in sequence to test the neutron detector. As an example, a
module is addressed by an N, A, F sequence where N is the station number the module is
occupying, and A and F are the sub-address and function code for the desired execution of
that particular module. The function code is handled by an F code register (port 8 of the
microcomputer). The N and A utilize the upper 512 words in memory that is defined as the
4 least significant bits being sub-address A, the next 5 bits are the station number N, and
the 7 most significant bits are 1's. Addressing this location in memory decodes the N and A
value on the dataway. To read a counts output of a timer/scaler in station 12, the sub-
address and function code defined in the timer/scaler manual are A (1), F (0). To
accomplish this, a 0 is output to port 8 and location 1111, 1110, 1100, 0001 is addressed
in memory. The following PLM language procedure, called NAF, was created:

NAF; PROCEDURE (N, A, F);

DECLARE (N, A, F) BYTE;

DECLARE POINT ADDRESS;

DECLARE A1 BASED POINT BYTE;

DECLARE VAR BYTE;

OUTPUT (8) = F;

POINT = 64024+A+(N*16);

VAR = A1;

RETURN;

END NAF;.



When this procedure is called, the values of N, A, and F are passed in the procedure. As in
the preceding example, the value of N, A, and F are 12, 1, and 0 respectively. To read the
scaler, an instruction CALL NAF (12, 1, 0) allows the counts value to appear on data ports
0 and 1.

The entire program is made up of 25 such procedures of which some call on other
procedures themselves. Revision and additions to the program are simplified by the use of
procedures, and can be handled by either changing the contents of a procedure or changing
the sequence by which the procedures are executed. Additional testing capability can be
obtained by adding another sequence of procedure executions and the same software could
then be used to test more than one type of product depending on where the program is
initialized.

Conclusions.  This work has demonstrated the feasibility of a recent technique to be used
for neutron detector calibration. It is superior to past methods and techniques which took
20 times longer because of the use of microcomputer control and data analysis. The
procedure eliminated operator subjectivity inherent in manual interpretation of oscilloscope
photographs. In a production atmosphere, the ability of an automated test system to handle
larger workloads with more consistent data reduction and analysis will improve the quality
of the neutron detector production.

Reference.

1. W. R. Long, Miniature Detector Report SCL-DC-68-27, Sandia Corporation,
Livermore, California. November 1968.

APPENDIX

CAMAC.  The non-proprietary CAMAC (Computer Automated Measurement and
Control) system standard (IEEE 583) defines modular units and the dataway which
interconnects them. Dimensions are specified for the crates (module containers) and the
plug-in modules which supply the various logic functions contained within the system.
Also detailed are the interconnection arrangement, including sockets, and the
interconnecting data highway (IEEE 595 and IEEE 596).

These standards permit mechanical and electrical compatibility between equipment
supplied by different sources. The CAMAC standard was developed as a computer-
controlled second generation of the nuclear instrumentation module (NIM) family. By
utilizing the CAMAC standard in the design and construction of an instrumentation
system, much of the unnecessary and routine detail of equipment redesign and



modification can be alleviated by allowing the utilization of the equipment mainframe
concept.

CAMAC was created to provide flexible instrumentation that can be reconfigured easily
and not be dedicated to a specific task. The concept manifests itself by the fact that
CAMAC systems can be easily adapted to different computers and controllers. This allows
a CAMAC system to be updated to a new computer, if required, without the expense of
massive and uneconomical interface redesign and construction. This flexibility is a
requirement at all the major nuclear laboratories which utilize many different types of
computers.

CAMAC is an international standard originated at the major European nuclear
laboratories. The United States Atomic Energy Commission (now Energy Research and
Development Administration) has reviewed and endorsed its use.

Many U.S. vendors are producing CAMAC instruments and hardware. These vendors
manufacture everything from blank sheet metal (enclosures, components, and crates for
modules) to complete instruments (programmable power supplies, pulse generators,
attenuators, counters, and delay generators) meeting the CAMAC specification.

As a result of the incorporation of the CAMAC standard, an instrumentation system will
remain flexible and adaptable for years with the capability of being modified and
reconfigured with minimum cost to the user. This feature will allow a system to remain
current and eliminate the usual plight of obsolescence associated with dedicated test
equipment.

The use of CAMAC has been proposed to NASA by the Bendix Aerospace Systems
Division for use on the space shuttle. Other companies are considering the use of CAMAC
instrumentation in related process control and instrumentation applications.



Encoding of Telemetry Data in a Standard Video Channel

James L. Rieger
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Summary.  Various methods for compressing of a television image to fit a channel of
reduced bandwidth are available; most are difficult and/or expensive to use, and many
degrade the resulting picture appreciably. This paper describes an alternative method of
placing the signals which accompany the picture within the passband of a picture, and
separating them again at the receiving end with minimum crosstalk and picture
degradation.

A standard television picture occupies a passband of about 4.2 MHz, and requires a signal-
to-noise ratio of about 40-50 dB for quality transmission. While wider in bandwidth than a
normal telemetry signal, the television signal can nevertheless be handled with
commercially available equipment made for this purpose. However, a second transmitter is
often required to handle the telemetry data which accompanies the picture, thus increasing
the size and power drain of the system appreciably. Since a television transmitter is of
necessity a less efficient user of spectrum space, various methods have been used to
compress the picture bandwidth while still providing an acceptable (although possibly
degraded) picture. This requires either a decoder at the receiving end to permit the picture
to be displayed on a standard monitor, or a nonstandard monitor. Such signals also present
problems in recording, due mainly to the encoded signal’s critical requirements for phase
coherence, and will not (unless decoded) satisfactorily record on standard videotape
recorders. If telemetry signals are added as subcarriers above the video signal, the
frequencies used greatly increase the high-frequency content of the signal to be
transmitted, requiring that the injection of the video signal be reduced to accomodate the
subcarriers. The resulting subcarriers when recovered at the ground station must be
downconverted to frequencies low enough to record on standard IRIG instrumentation
recorders, or discriminated as they are received. Combining the compressed video with
subcarriers of lower frequency helps, but generally not much—the subcarriers are still of
too high frequency to conveniently record directly. However, since there are frequencies
within the video passband where energy is unlikely to occur, and since the absence of
these frequencies does little to the picture, it is possible to actually add data signals
without increasing the bandwidth of the video signal. The resulting composite signal can
then be handled as a video signal for recording and distribution.



A television picture does not use the spectrum it occupies very well. Since each television
“frame” is much like the one transmitted before or after it, and since each individual line in
a picture looks a lot like the one above or below, and abrupt changes in brightness seldom
occur in either space or time dimensions, a great deal of redundancy is obviously present.
Even when objects in a scene move, the time-sampling process that produces what the eye
perceives as continuous motion produces enough pictures that the frame-to-frame changes
are minor.

Part of this redundancy causes the frequencies present in the spectrum of the picture to not
be evenly distributed in the range of DC to 4.2 MHz, but rather to be grouped in the
vicinity of harmonics of the vertical and horizontal sweep rates. The vertical sweep rate in
a standard black-and-white picture is 60 Hz, so those harmonics are too close together to
put much between them, but the horizontal rate is 15,750 Hz, far enough apart to consider
if the distribution about each harmonic is narrow.

The 15,750 Hz harmonics are due to the line-to-line similarity of the information content of
the picture. Since no two lines are identical except on the most trivial pictures, not all the
energy is contained at exactly these harmonics, but because of vertical and time
redundancies, most of the energy will be at or near harmonics of 15,750 ± 30N, where N is
an integer. Total frequency content of an average picture falls off exponentially; energy
about each harmonic of the horizontal frequency is distributed at harmonics of the field
frequency in a Gaussian envelope; and distribution about each harmonic of the field
frequency is also Gaussian. These characteristics are shown in Figures One and Two. On
most pictures, the even multiples of 30 Hz predominate due to the interlaced nature of
adjacent vertical sweeps.

If a bandstop filter were inserted in the video line between a source and a monitor, tuned to
one of the spaces between horizontal harmonics, the resulting picture degradation would
be slight if observable at all. Even passing the picture through a comb filter which removes
the energy between each harmonic would not have a significant effect other than to remove
half the random noise—in fact, that is the nature of devices which are used to enhance
existing signals. The actual degradation that such filtering introduces is a blurring of
diagonal lines and of moving objects, both of which are not objectionable to the viewer
since moving objects and diagonal lines appear less distinct than stationary objects and
vertical or horizontal lines due to the nature of the processing in the brain. From this we
conclude that removing those spectral components in the areas in which we wish to place
subcarriers will not degrade the picture substantially. Such filtering might be required to
prevent random components of the picture from occupying the same spectral position as
the injected subcarrier.



If an unmodulated signal of frequency N + 1/2 times the horizontal rate is added to an
existing picture and displayed, the effect on the picture will be considerably less than that
which would be caused by injection of a carrier of random frequency. This is because the
added carrier is rejected spatially and temporally by the eye, especially if the original
picture contains significant amounts of detail. In any single vertical sweep of the picture,
any point on the screen made lighter by the presence of the carrier will be surrounded by
areas made darker. The next time any line is scanned where some point was made lighter,
that point will be made darker.

Tolerance of the eye to the injected carrier drops rapidly when modulation is added to the
carrier. The carrier becomes most obvious when sidebands of the signal fall on the
harmonics of the horizontal frequency. This places an upper limit on the frequencies that
may be used, but experiments have shown that 5 KHz bandwidth (using AM or DSB) was
not unreasonable,

By prefiltering the video data, and filtering the carrier from the video prior to display,
essentially complete (greater than 40 dB) separation can be obtained between the video
and data carriers.

Color television signals introduce some additional problems, The color signal is a double-
sideband subcarrier with center frequency between the 227th and 228th harmonics of the
horizontal frequency. Since the color difference is in itself a standard television picture in
terms of repetition rate, all the harmonics of the color signal fall between harmonics of the
black-and-white signal. The color signal, when transmitted with full bandwidth, extends
upwards from 2 MHz on the composite signal, although a normal color monitor detects
only that portion of the color signal in the area above 3 MHz due to the limited bandwidth
of the receiver’s color decoding circuits. If the area occupied by the color signal is not
used for data subcarriers, the area between 1.5 and 2 MHz is still available—enough space
for 31 carriers, if all were used.

In cases where a maximum system is not required—that is, a little picture degradation can
be accepted, and slight picture interference with the data isn’t critical, a system can be
produced without, prefiltering of the picture and/or without filtering the carrier from the
displayed picture. Experiments conducted at NWC with black-and-white and with color
signals have demonstrated the practicality of using carriers with levels 20 dB below peak-
to-peak picture level producing usable tone-encoded data and using data consisting of on-
off functions. The carrier is least apparent when the signal modulating it contains multiple
or random frequencies and when the picture contains most detail, but the picture was not
unviewable even in the worst cases. Videotape recordings of the combined signal had
introduced on them a dropout at a 60 Hz rate, due to the short period of time in which the
head does not contact the tape; severity and duration of the dropout depends on the type of



machine used, and certain machines do not produce this effect at all. The tape recorder
used (an IVC one-inch helical-scanning machine) had the capability of stopping on a single
field. When the stopframe mode was activated, the frequencies shifted slightly, but the
carrier could still be recovered by retuning of the detector. No carrier shift occurred when
a disc recorder was used. Carrier in all tests was detected by a Hallicrafters S-38E
shortwave radio receiver with 5 KHz output bandwidth, but a phase-lock oscillator
controlled by the horizontal frequency of the video can be used which can follow
frequency drift and be set to the desired frequency by digital control. Phase-locking for
generation of the carriers was an absolute necessity to prevent the pattern on the monitor
from becoming objectionable as the carrier and/or horizontal frequency drifted.

Conclusions.  In many instances, where a standard television picture and telemetry data
were sent by separate transmitters or by data subcarriers above the frequency range of the
television picture on a single transmitter, considerable savings in cost, size, and power
demand can be made by using redundancies in the television picture to accomodate
subcarriers within the video passband itself. Such a system also streamlines the ground
station procedures somewhat and requires less equipment and provides inherent
synchronization between data and video on playback. The system is compatible with color
television systems and with most videotape recorders, as well as with video distribution
systems.

Figure One:  Generalized distribution of energy—Gaussians about harmonics of the
horizontal rate, falling off as a Gaussian.



Figure Two:  Generalized distribution of energy about a single harmonic
of the horizontal frequency: small Gaussians at 30 Hz intervals,

contained in an overall Gaussian envelope.



A FREQUENCY MODULATED S-BAND TELEMETRY
TRANSMITTER

M. L. Homa and J. H. Ward Jr.
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Summary

The need to efficiently collect data from remote locations has resulted in the widespread
use of radio frequency telemetry. This paper addresses the requirements, considerations,
and implementation of such a system. Since many components of a telemetry link are
subjected to harsh operating environments, considerations of system constraints imposed
on the transmitter by these conditions will be presented. Several design approaches of an
S-Band frequency modulated telemetry transmitter will be offered, and tradeoffs
associated with each discussed.

Having selected the most desirable transmitter design approach a pictorial display of the
hardware used to fulfill the requirements will be presented along with measured
performance data. The key circuits discussed will be an S-Band VCO, parametric divider,
buffer/power amplifier, and stabilizer/modulator. The RF circuits employ microwave
integrated circuit construction while the stabilizer/modulator utilizes thin and thick film
hybrid technology. Extensive use was made of computer analysis resulting in uniformly
producible circuits that provide good correlation between measured and specified
performance. This helped to produce a 25% reduction in production cost over the previous
discrete component design of 1969 vintage. Basic circuit design lends itself well to special
mechanical configurations, as well as flexibility in modulation formats and RF power
output levels. By using the computer aided design approach, five percent RF bandwidths
were realized which would enable the transmitter to be frequency agile for secure or multi-
vehicle telemetry.



Modeling of Optical Propagation in the Underwater Environment

Sherman Karp
Naval Ocean Systems Center

Water has a relatively high EM transmission window in the Blue/Green region of the
spectrum. For this reason there is much interest in building systems which exploit this
property. However, while the absorptive losses are modest, there is appreciable scattering
which degrades the spatial and temporal coherence of the wavefront. The accepted method
for describing the resulting process is by use of radiative transfer theory. For the forward
scattering median, which characterizes water, a closed form solution exists for the mutual
coherence function - the transform of the radiance function. In this paper we will present
data taken at Catalina Island. This data consists of underwater measurements of the
radiance pattern produced by observing the sun with an image dissector camera. It is
shown that a good fit to the data can be obtained by approximating the mutual coherence
function as a sum of the unscattered component and two gaussian terms. The first gaussian
term is the standard result obtained by observing the mutual coherence function after
several extinction lengths of propagation. The second gaussian term is obtained by
subtracting the unscattered term and the first gaussian term from the exact solution and
making an empirical fit to the remainder. This latter term produces a result which exists for
approximately ten extinction lengths, causing a hale and eventually disappearing.



DETECTION OF SCATTERED OPTICAL FIELDS WITH FOCAL
PLANE RING DETECTORS

Victor A. Vilnrotter
Space and Communications Group

Hughes Aircraft Company.

ABSTRACT

It is demonstrated that when communicating through scattering channels order-of-
magnitude improvement in system performance is possible by employing focal-plane
processing techniques to recover some of the scattered radiation. Maximum a-posteriori
and suboptimal system structures are derived and their performance evaluated. System
sensitivity to the errors in the optimal weighting functions is discussed.

I.   INTRODUCTION

It is well known that optical fields transmitted through randomly scattering media appear,
at the receiver, to have originated from many different directions in space. This
phenomenon may be viewed as a mapping by the medium of a point-source transmitter
into an extended “equivalent source”. Receivers designed to operate with point-source
transmitters will suffer severe performance degradation when substantial power is
scattered out of the main beam. Some of the scattered power can be recovered, however,
by matching the receiving system to the equivalent source.

The receiver design is perhaps most easily described in terms of system spatial modes.
Strictly speaking, a spatial mode is defined as an eigenfunction of the spatial signal-field
coherence-function. When the equivalent source subtends a sufficiently large solid angle at
the receiver, the system spatial modes are well approximated by diffraction-limited fields-
of-view. Background effects can usually be attributed to a spatially white apparent source,
which contributes the same average power to each receiver mode. (In addition to random
signal and background components, a deterministic signal field may also be present at the
receiver, representing an attenuated version of the transmitted field. However, analysis is
simplified by considering its effects negligible. If necessary, the model can easily be
altered to accomodate significant deterministic components).

System analysis is readily carried out in the focal-plane of the receiver. A d-cm lens with
focal length f-cm gives rise, in the focal plane, to a diffraction-limited area Adl•(8f/d )2



cm2: hence an R-cm radius circular region contains N = BR2/Adl spatial modes. It is
convenient to assume, therefore, that the focal-plane is partitioned into N disjoint detector-
elements representing the spatial modes, each with modal area Adl.

We can use the above models to analyze a communications example.

An optical transmitter attempts to transfer information through a random medium by
sending T-second pulses. Conforming to well-established communications theoretic
notation, transmission of a pulse will be assigned to hypothesis Hl, and no transmission to
hypothesis Ho. Pulse duration is assumed sufficiently long to render delay-dispersion
effects negligible. Defining Bo as the system optical bandwidth, it is further postulated that
T >> 1/2 Bo, implying that each counting interval contains a great many time modes.
Because of this condition, the random electron-count k generated by a detector-element in
response to an irradiating field can be legitimately modelled as a Poisson-distributed
random variable. Assuming that only Gaussian fields are received, it can be shown that
counts from different modes are independent.

II.   FOCAL-PLANE PROCESSING

A.   MAP Detection

A maximum a-posteriori (or MAP) detector, upon observing counts from all N spatial
modes over time interval T, forms the count-vector k = (k1, k2,..., kN) and chooses that
hypothesis for which the a-posteriori probability of k is greatest: in other words, a choice
is made according to the rule                                          . Because modal counts are
independent, the log-likelihood test can be expressed as

where ki is the observed count from spatial mode i over a properly synchronized T-second
time-interval, and µs and µb are the signal and background count-energies. The log-
likelihood test defines the structure of the optimal receiver: it indicates that counts from
each spatial mode should be weighted according to the natural log of the modal energies
under the two hypotheses, summed and compared to the total collected signal energy.
Furthermore, if disjoint regions exist in the focal plane over which signal average energies
are essentially constant, then an additional simplification is possible: consider the focal-
plane partitioned into K disjoint constant-energy regions R1, R2, ..., RK. Within a given
region, weighting factors are the same for all modes, and can be taken outside the partial
summation:



System complexity may be greatly reduced, because in typical applications K is many
orders of magnitude smaller than N.

When the signal equivalent source (sometimes called “irradiance function”) is circularly
symmetric, the constant-energy regions are concentric rings 8f/d in width (as long as
receiver and irradiance function are correctly aligned).

Much broader rings may yield essentially the same performance if the irradiance function
can be well approximated by simple functions (or steps) defined on a sequence of “wide”
concentric rings. The exact number of rings needed for a good approximation depends on
the particular irradiance function under consideration. In block diagram form, a spatially
processing receiver which takes advantage of circular symmetries can be represented as in
Fig. la.

We may view the likelihood test in terms of the threshold comparator input z, in which
case the test reduces to                  . If the conditional probability density of z were known,
then error probabilities could be obtained by integrating over appropriate regions.
Unfortunately, z is the sum of weighted Poisson varriates, whose density does not appear
to be expressible in closed form. However, numerical techniques have been employed to
derive error probabilities exactly.

The performance of the spatially weighted receiver should be compared to that of an
unweighted receiver which collects energy from the same equivalent source, but weights
only according to the total signal and noise energies collected. The unweighted receiver
also performs spatial processing by not observing counts from all available modes, but it
does not make use of the previously defined weighting function. Its performance therefore
can never be better than that of the weighted receiver. When observing N modes, this type
of receiver performs the well-known test

in this case the resulting system structure is very simple (shown in Fig. 1b) and error
probabilities can be computed with relative ease.



B.   Suboptimal Systems

A meaningful indicator of performance in suboptimal systems is the signal-to-noise power
ratio, usually termed SNRp. We shall determine the extent to which focal plane processing
can improve signal-to-noise ratios.

Receiver mode j is assumed to contain average signal power component Psj and
background noise component Fb

2. It has been shown (1) that when observing N modes,
SNRp is maximized if the contribution from the various spatial modes are weighted by the
factor                                     (where                         and Bm is the electrical bandwidth) in
which case SNRp is expressible as a sum of weighted signal power components:

If power levels are essentially constant over each of K disjoint regions, then we can again
regroup terms to obtain

Applying this result to the previous example, and defining each ring to be roughly a mode
diameter in width, the variation of SNRp with increasing number of rings can be
investigated, for a given irradiance function.

Analogous to the unweighted MAP receiver, a simpler power-collecting system results if
we set each modal weighting factor equal to a constant.
Defining

and substituting for qj, we arrive at the familiar shot-noise limited signal-to-noise ratio
associated with point detectors:

For comparison, both SNRp and SNRp* shall be evaluated in the example which follows.



III.   NUMERICAL RESULTS

A.   Error Probabilities

When a signal pulse is transmitted, the spatially weighted MAP receiver commits an error
only if the value of the random variable z falls below the threshold : conversely, when a
pulse is not transmitted during some T-second counting interval, an error is made if z
exceeds the threshold. Mathematically, these conditional error probabilities are expressed
as

where z is the weighted sum of Poisson distributed counts from the various disjoint rings in
the detector-plane:                                  . Because counts from different rings are
independent, the probability density of z can be obtained by convolving the densities of the
individual weighted counts. Numerical techniques were invoked to perform the
convolution and obtain the conditional density of z under the two hypotheses. Assuming
the hypotheses equi-likely, the average error probability was computed according to the
rule

It should be emphasized that values so obtained are exact error probabilities, and not error
bounds. When the computation of very small error rates is desired, our ability to evaluate P
(E) may be constrained by computer storage capacity. For the case of the unweighted
receiver, count probabilities can be easily calculated and summed to obtain P (E).
 
For our numerical example, we have modelled the mode-energy variation in the focal-plane
as a circularly symmetric Gaussian function with amplitude Q and variance 1/2. Mode
energies due to background are assumed constant with level P. In terms of the spatial
variable r, (denoting distance from the origin in the focal plane) the communications
example can be modelled as follows: when H1 is true, the count intensity over detector ring
Rm can be expressed as

If Ho is true, then

It should be noted that if the rings are much wider than a mode-diameter, and ring energies



are defined as above, the same improvement in system performance will be realized, even
though the resulting processing scheme may not be optimal.

With the above defined modal energies, the constant-energy rings were taken to be
concentric rings of width )R = 0.5 (arbitrary units), and P (E) was computed as the
number of rings were increased. (It was observed that partitioning the detector into
narrower rings did not result in noticable changes in either error probabilities or signal-to-
noise ratios, therefore, we can consider figures 2 and 3 essentially correct even in the limit
as )R6 0.)

Figure 2a is a graph of error probabilities as a function of increasing number of rings for
various values of Q, with fixed noise level P = 0.1. Both weighted and unweighted
receivers are represented. It can be seen that as the number of rings is increased, the error-
probabilities of the weighted receiver decrease monotomically, and asymptotically
approach a value dictated by Q. As expected, the unweighted detector (with the same
radius as the weighted detector) never outperforms its weighted counterpart. In fact, the
unweighted error probability reaches a minimum value: increasing the detector radius
beyond this point results in poorer performance. With a very large detector, the error
probability actually approaches the value P (E) = 1/2. The reason for this phenomenon is
that in our model the total available signal energy is finite, but the total available noise
energy is not. A large detector collects so much noise that the receiver cannot easily
distinguish between the two hypotheses, and with high probability makes an error
whenever Ho is true. The weighted receiver combats this problem by essentially ignoring
the contribution from those modes in which average noise energy is much greater than
average signal energy. The unweighted receiver should therefore be designed to allow
P (E) to reach its minimum value. It is noteworthy that by weighting ring counts optimally,
a 3-dB improvement in error probability can be achieved over the best unweighted
receiver, with as few as five detector rings (see, for example, Fig. 2a, Q = 4 and Q = 6).
Fig. 2b confirms an anticipated result: when noise levels are increased, minimum
achievable error probabilities increase as well.

The performance of diffraction-limited receivers (that is, receivers which do not attempt to
recover any of the scattered radiation) is well represented in Fig. 2a as we let the detector
radius approach zero. Diffraction-limited error probabilities are clearly many orders of
magnitude worse than the minimum achievable values.

B.   Signal-To-Noise Ratios

As with MAP receivers, great improvements in signal-to-noise ratio is possible over
diffraction limited receivers by matching system parameters to the signal equivalent
source. Fig. 3 indicates that SNRp is a monotonically increasing function of the number of



detector rings used, and that SNRp always upper bounds SNRp*. However, both functions
attain roughly the same maximum values. Due to its greater simplicity, the unweighted
receiver is a better choice when maximum signal-to-noise ratio is the design criterion.

IV.   CONCLUSIONS

We have shown that significant improvements can be achieved in optical communications
systems when some of the signal energy (or power) scattered out of the main beam during
transmission is recovered in an optimal manner. Analyses of performance curves indicate
that by using ring-detector arrays, spatially processing MAP receivers can attain much
lower error probabilities than diffraction-limited MAP receivers. It was also shown that
performance is not a strong function of weighting errors, so that signal and noise energies
need not be known with great accuracy. In many cases, system complexity can be reduced
if a two-fold increase in error probability can be tolerated.

Analyses of suboptimal power-collecting systems also indicate that signal-to-noise ratios
associated with diffraction limited receivers can be improved upon by properly collecting
scattered radiation. Again, it was found that maximum achievable signal-to-noise ratios are
not very sensitive to small errors in the weighting coefficients, implying that system
complexity can be greatly reduced, without substantial penalties in performance.
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FIBER OPTICAL SYSTEM PERFORMANCE WITH AVALANCHE
GAIN DETECTION
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Abstract - The purpose of this paper is to consider optical system performance for
selected digital signal formats when shot noise limited avalanche photodetection is
implemented. Performance characteristics for binary on-off keyed (OOK) and pulse
position modulation (PPM) are given, in addition to M-ary PPM and PAM.

I.   INTRODUCTION

Although many types of non-solid state photodetecting gain devices have been developed
and well documented, new solid-state photodiodes (applicable to fiber optical systems)
have gained prominence in the past decade. Such prominence is due largely to recent
advances in semi-conductor fabrication. These devices are generally small, rugged, fast,
and highly efficient.

Relative to optical communication implementation, the avalanche gain photodiode is the
natural choice, since it far exceeds any comparable photodetection gain device in all
aspects of comparison. The avalanche photodetector (APD) typically has average gains G&
ranging upward of two hundred and gain bandwidth products exceeding fifty gigahertz.

II.   GAIN DISTRIBUTION

Classically, the first approach in a device characterization is the determination of noise
spectral density to perform SNR analysis. However, for a digital pulse-coded system a
knowledge of noise spectrum alone is not sufficient to allow for prediction of bit error
rates.

What is required, specifically in this case, is an avalanche gain distribution which accounts
for the random generation (through the avalanche mechanism) of m carries outputted given
an input of n initial carries; where the initial carries entering the avalanche region are
themselves randomly created by the photon conversion process.



It has been shown, by several independent efforts [1], [6], [7], [9], that the probability
distribution on m electrons generated by avalanche multiplication given the primary
injection of n electrons (which are poisson distributed) is given by

(1)

where G&  is equal to average APD gain and k is an ionization ratio coefficient which varies
for different semi-conductor material. Typically, for use of a silicon APD, the nominal
value of k is approximately 0.02 while for germanium it’s approximately 0.500. n& is the
average count entering the avalanche region.

Additionally, a useful approximation of (1) which avoids computational difficulties is given
by Webb [11]

(2)

where

If n&/F >> 1, i.e. 8 large, then the approximation in (2) approaches the Gaussian
distribution

(3)

Comparison of the actual distribution (1) with the approximations (2), (3) is given in
Figure 1.



III.   BINARY DETECTION

A.   On-Off Keyed (OOK)

In many optical detection systems a signal is determined to be present if the output of a
photodetector exceeds some pre-established decision threshold. Such is the case with the
transmission of optical energy using the on-off keyed format.

The binary detection problem is to determine, in the presence of average background count
rate nb the presence of ns or zero over a T second interval. This is equivalent to the
detection circuit deciding between of of two hypothesis and making a declaration H1 or Ho.
Formally, the decision hypotheses are given as

H1: Average signal plus noise count n&s+b producing m electrons given APD gain.

Ho: Average noise count n&b producing m electrons given APD gain.

where
n&s+b = nsT + nbT 

and

n&b = nbT.

The bit for bit decisions are made according to whether or not the average counts detected
exceed an apriori threshold. The optimum choice of this threshold is given by the
likelihood ratio test of decision theory [2]. This threshold value is optimum in the sense
that it minimizes the probability of detection error.

The error probability for (OOK) can be determined once the threshold mT, which is
dependent on G&, k, n&s+b, n&b, has been established. Thus by denoting the optimum threshold
by mT the minimum probability of error is given by



Note that the last two terms account for the equalities in the binary test, in which case a
random choice is made, with probability      of being incorrect. If mT is not an integer, the
last two terms will be zero.

Figure 2 gives the above performance calculation using approximations (2) and (3) with
average avalanche gain G& = 50. In addition, actual points using (1) are indicated.

B.   Pulse Position Modulation (PPM)

A major disadvantage of using OOK transmission format is that the threshold for optimum
detection requires apriori knowledge of the received signal and noise intensity plus APD
characteristics. Thus for a fixed apriori threshold, performance will be suboptimal if the
received field intensity changes or the APD characteristic varies. One binary signal format
used to avoid this problem is pulse position modulation (PPM). This format requires
sending one of two possible signals which can be specified in terms of hypothesis
declaration as

H1: Average signal plus noise count n&s+b producing m electrons given APD gain for
0 < t < T/2 and average noise count nb producing m' electrons for T/2 < t < T.

Ho : Average noise count producing m' electrons given APD gain for 0 < t < T/2 and
average signal plus noise count n&s+b producing m electrons for T/2 < t < T.

where

and

For optimal performance based on a comparison test [2] the resulting PE is given by

where

Again using digital computation, Figure 3 reflects performance of the binary PPM signal
set using the approximation (2).



IV.   M-ARY DETECTION

A.   M-ary PPM

An important application employing a block encoded orthogonal signal set is that of pulse
position modulation (PPM). In a pulse position format the T sec interval is divided into M
time slots, and an optical pulse is placed in one of the ith time slots to represent each block
word. More formally, we would expect for shot noise limited operation to receive one of
M signals, in an average background noise count, given by (4).

(4)

In terms of performance, it can be shown [2] that the probability of a word error (PWE)
given the M-ary PPM signal format and shot noise limited operation with avalanche
detection is

Figure 4 represents the PWE using equation (2) for a value of gain G& = 50 and M = 2, 4, 8,
16.

B.   M-ary PAM

Although PPM optical signaling is favorable for most block coded operations, it does have
certain disadvantages. For example, it requires relatively wide intensity bandwidths which
implies extremely accurate synchronization and hardware implementation. To circumvent
some of the disadvantages inherent with PPM other forms of block encoding may be more
applicable. One such possibility is multilevel amplitude modulation (MPAM).

In MPAM, each block word is transmitted as an optical pulse with a different intensity
level         . After counting over each block interval a decision is made as to which level is
being received. The decision is made according to a computed likelihood function based
on apriori knowledge of the selected intensity levels        and characteristics of the 



detector. That is to say, if we use the approximation (2), the receiver must compute the
likelihood function

(5)

and the jth word in the block code is selected if

Once the optimum M-1 thresholds have been selected the probability of a word error,
assuming non-integer thresholds, is given by

(6)

where            and        are the lower and upper thresholds with              and             .       

The intensity levels can be either spaced uniformly or non-uniformly That is, if n&s is the
upper intensity level based upon energy restrictions, and the remaining levels are selected
on a uniform spaced basis, then

(7)

Word error probabilities given by (6) and using (7) have been determined for gains G& = 25,
50 and M = 2, 3, 4, 8 [Ref. Figure 5].

Additionally, Figure 5 contains multimode poisson for comparison when M = 3.

CONCLUSION

It has been the purpose of this paper to consider selected digital signal performance when
shot noise limited avalanche photodetection is implemented. The most notable results are
performance degradation with increased avalanche gain. That is to say, with increased
gains, the system designer is sacrificing performance compared to unity gain shot noise
limited poisson characteristics.
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Underwater Optical Beam Tracking

R.M. Gagliardi
University of Southern California

Introduction

The use of blue-green laser frequencies for establishing an air ocean underwater
communication channel has been well accepted. However any attempt to initialize or
maintain such a link will invariably require some method of accurately spatially pointing
and tracking the penetrating beam. In this paper we present results of a study concerned
with determining the ability to spatially track an optical after undergoing underwater
propagation. By invoking the concept of modulation transfer theory and substituting
established propagation models for underwater coherence functions, the focal plane
intensity patterns generated in wide angle optical lensing systems can be determined, as a
function of the link characteristics (e.g. sea state, depth into the ocean, turbulence,
etc.).With the intensity pattern modeled, the behavior of various forms of optical trackers
can be analyzed by the application of standard tracking loop theory. Of particular interest
here is the application of well known mathematical tools, such as Kolmogorov theory,
which allows generalized statistical analysis to be performed on both linear and nonlinear
dynamical systems. The result of such an approach is the development of a differential
equation whose solution yields the statistics of the tracking error. Theoretical studies of
this type have been examined previously for generalized scattered optical fields [1]. With
these basic approaches as a guide, mean squared tracking errors can be derived, which
assesses the perfomance of the beam tracker in relation to the channel characteristics.

Underwater Optical Scattering 

Scatter channels have been studied from several viewpoints, including variations in
refractive index, point scattering, and radiation transport theory. The basic analysis method
is to determine the scattering effect of a single particle of a given size within the medium (
in this case the water).The scattering solution is then obtained by finding electromagnetic
boundary valued solutions, and then averaging over the statistics of the scatterer size and
location distribution. This has been used successfully to determine point source coherence
functions for the water medium, assumed to be both isotropic and homogeneous.
Analytical solutions of this type have conformed well with measured data, and give insight
into the behavior of light scattering in water. The fact that coherence functions have been
well modeled is extremely fortunate for the beam tracking problem, since cohrence



functions are all that is necessary to analyze energy detecting beam trackers.

The established cohrence function for underwater point sources is given by

(1)
where L is the distance from the point source on the water surface to normal observation
plane immersed down into the water, and x is the distance between two points in the plane.
the parameters ca and cs are the absorption and scattering coefficients of the water,
respectively, and give the power loss per unit distance due to these effects. The function
B(x) indicates the variation in water cohrence as a function of x. Limiting forms to the
coherence function in (1) can be obtained for large and small x by properly modeling B(x).
This leads to

(2)

(3)

where

(4)

and 2rms is the root mean squared forward scatter angle, having a value of a few degrees
for water. The parameter ro is the coherence distance of the medium, and is generally on
the order of microns.

The point source coherence function describes the the random field at a distance L into the
water from the surface. An optical lensing system converts this to the field intensity pattern
in its focal plane through its operating transfer function(OTF). Mathematically the intensity
requires a convolution type of integration, but in general the intensity follows the form of
the coherence function at its aperture plane. Once this focal plane intensity is known, the
performance of subsequent focal plane processors, such as optical beam trackers can be
analyzed.

Beam Trackers

Optical beam tracking is achived by converting off axis beam pointing errors into voltage
signals that can be used to correct (aim) the receiving lens so as to reduce the error. A
typical spatial tracking subsystem is shown in Figure 1. An error voltage is obtained in
both azimuth and elevation by a quadrant photodetector using sum and difference field
energy values. The error voltages are then filtered and used in a feeedback arrangement to



control azimuth and elevation pointing. The dynamics of this feedback system keep the
tracking lens oriented so as to position the intensity pattern centered on the error detector
in the focal plane. Knowledge of the intensity pattern allows computation of the tracking
error statistics, and some degree of solution concerning the tracking behavior. Once the
components of the feedback loop (loop filters, loop gain, etc.) are known the system
differential equations for the tracking error in both azimuth and elevation can be written.
The response charactistics of the error sensing quadrant detector can be derived by
integrating the field intensity distribution over the detectors of the quadrant array,taking
into account any offset pointing error.

Kolmogorov Theory

Analysis of optical trackers can be carried out by using the Equations of Kolmogorov.
According to this theory the variable of a differential equation forced by a random field has
a steady state probability density that satisfies a known infinite order differential equation.
These equations have coefficients obtained by averaging differential changes in the
equation variable with respect tothe statistics of the random field. Although these
computations are often lengthy suitable approximations and truncations can be applied to
yield fairly accurate solutions.

In the presentation here,the results of the preceding analysis applied to the optical beam
tracking problem, when focused on an underwater beam, will be discussed. An
interpretation of these results will be made. The mannner in which the tracking error
density “spreads” with depth into the water is shown. The possibility of azimuth and
elevation crosscoupling is also considered.
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Omnidirectional Telemetry Antennas
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Summary.  Missiles, rockets, and satellites need as much uniform gain as possible to
provide continuous telemetry coverage. The theoretical limit of an ideal antenna would be
0 dB gain with 100 percent coverage of 4B steradians. It is not practical to attain the
theoretical limit in practice on missiles, rockets, and satellites. This paper describes how
closely the theoretical limit can be approached.

Introduction . The conformal microstrip antenna provides a unique solution to this
problem because:

• It provides the excellent coverage required to maintain continuous telemetry coverage
(99+ percent coverage with G > -8dB).

• It provides a low-profile conformal antenna design that has minimum aerodynamic drag
and minimum mechanical impact on the structure of the vehicle.

• It is manufactured as a simple, reliable, and easily produced single printed circuit board
antenna.

• It is easily wrapped around the missile and bolted or glued in place.

Principle of Operation.  The conformal microstrip, antenna is entirely photoetched from
the copper on one side of a Teflon fiberglass printed circuit board.

Microstrip, antennas will produce bandwidths (VSWR < 2:1) of 30 MHz to 100 MHz in
the L-band and S-band regions with a 1- to 2-dB variation in the roll plane. The microstrip,
wraparound antenna consists of two parts: 1) microstrip feed network, and 2) microstrip,
radiator.

The microstrip feed network (Fig. 1) is a parallel (corporate) feed network where two-way
power splits and equal line lengths result in equal power and equal phase to all of the feed
points. The number of power divisions can be 2, 4, 8, 16, etc. The number of feeds and
power divisions required is dictated by the microstrip, radiator. The number of feed 



1 R. F. Harrington, Time Harmonic Electromagnetic Fields. New York: McGraw-Hill, p. 276

Fig. 1.  Microstrip wraparound antenna.

points, NF, must exceed the number of wavelengths in the dielectric in the L direction: NF

> LD; LD is the number of wavelengths in the dielectric = L(,r)
½ /80; ,r is the relative

dielectric constant of the board material being used. +r = 2.45 is typical, if only the TEM
mode is to be excited. This mode will in turn excite only TMOM modes in free space (no
roll pattern variation). If NF < LD, then higher order modes will be excited on the
microstrip radiator. These modes will excite TMNM modes in free space (1, p. 276). The
excitation of higher order modes on the microstrip radiator will result in breakup of the roll
(N) plane patterns. As an example, the number of feeds required for an S-band 2290 MHz
(80 = 12.7 cm) wraparound for a 25.4-cm missile would be



Thus NF must be 16.

Two types of feed network are used to accomplish a 2, 4, 8, 16, etc., power split. Most
often, tapered lines, Fig. 2(a), are used to transfer a 50-S impedance to 100 S, so that it
can be combined in parallel with another 100-S line. The same procedure is shown in
Fig, 2(b) for a quarter-wave transformer technique. The impedance of the quarter-wave
transformer is given by

The number of feed points possible for a very long radiator is limited only by the allowable
system losses that can be allocated to the feed network. However, it is desirable to use the
minimum NF satisfying the condition NF > LD. If 32 feeds were used instead of 16, the
preceding example would result in input impedances exceeding 300 S which would be
impossible to match efficiently with microstrip feed lines.

Fig. 2.  (a) Tapered line parallel feed network. (b) Quarter-wave
transformer parallel feed network.



Microstrip Radiator.  Two types of microstrip radiator are generally used: the long
microstrip radiator, and the patch radiator. The long microstrip radiator shown in Figs. 2(a)
and (b) is shown in top and side view in Figs. 3(a) and (b), respectively. Gap A is an
infinitesimal slot (in 0.79-mm microstrip a/8 = 1/150 at S-band). The admittance of a slot
radiator is given in Harrington (1, p. 183) for small ka (a/8 < 0.1), which is always the
case in microstrip antenna practice

In most microstrip applications, ka/24 << 1 and the conductance simplifies to Ga = B/80 =
1/8(120) mho/m or Ra = 1208S @ m. The conductance is expressed in per-unit length so
that the resistance of the Slot A in Figs. 3(a) and (b) is obtained by dividing Ra by the
length

The dielectric under the microstrip radiator can be treated as a transmission line
approximately 8/2 long. The problem with the microstrip transmission line is its very low
impedance, typically 1 to 10 S. This section of parallel-plate transmission line does
transform the Slot A impedance from 60 S through small impedances near the center and
back to 60 S at Slot B (see Fig. 3(c)). At this point the two impedances combine in parallel
to give

In the example shown in Fig. 3(a) this impedance is split between four feed points with
each feed theoretically seeing 120 S. In practice, this is the measured impedance. This
theory is very accurate in predicting the input impedances for many designs, each with
different frequencies, thicknesses, feed point separations, and number of feed points. The
previous discussion did not treat the implications of the reactive component of the
admittance BA because it does not affect the conductance component of admittance GA.
The effect of the reactance BA is to produce a resonance slightly short of a half-
wavelength. For example, we can consider the admittance of Slot A to be

At a distance of 0.58 on the parallel-plate transmission line, the admittance has been
transformed to YA = GA + BA, and these admittances combine directly in parallel with YB 



Fig. 3.  Microstrip radiator.



2 Jasik, Antenna Engineering Handbook, p. 3125.

to produce Yin = 2GA + 2B, which is not resonance. At a distance just short (usually 0.498
to 0.488) of a half-wavelength in the parallel-plate transmission line transformer, the
transformed admittance of Slot A is

and at this length slightly short of a half-wavelength (80/2(,r)
½), resonance is established

with no susceptance

and for the example

The bandwidth of a microstrip antenna is dominated by the microstrip parallel-plate
transmission line between Slots A and B. Since the transmission line usually has an
impedance close to 1 S and the two slots have impedances close to 100 S, the
transformation exists usually for 1-percent bandwidth for VSWR < 2:1. The bandwidth
can be easily calculated by adding

(where the amount that YA is transformed depends upon frequency), and then evaluating
the two frequency points at which the reactances cause the VSWR to equal 2:1.

The major limitation of the microstrip antenna is the bandwidth. To substantially increase
the bandwidth of microstrip antennas requires an increase of the thickness of the parallel
plate transformer, which increases the characteristic impedance of the transformer. This
increase in thickness is undesirable if the antenna is to remain low-profile and conformal.
In most applications the advantages of a low-profile antenna outweigh the disadvantage of
its narrow bandwidth because present applications require less than 1 percent. Three other
methods of increasing the bandwidth are currently being investigated: 1) use of a high (,r)
dielectric constant to decrease the cavity length; 2) increasing the inductance of the
microstrip radiator by cutting holes or slots into it. Experiments show increased
bandwidth, but at the cost of efficiency; in fact, the same increase could have been attained
by using a more lossy substrate; 3) broadbanding by addition of reactive components as
discussed in Jasik (2) to reduce VSWR across a limited bandwidth. This technique is very
limited, usually to 50 percent of ) f0/f0.



Microstrip Antenna Pattern Coverage for Omniapplications.  The pattern coverage for
the omniantenna shown in Fig. 1 depends on the diameter of the missile. The limiting
factor in omnidirectional pattern coverage is a singular hole at the tip and tail of the missile
which gets narrower as the diameter of the missile increases. For instance, a 15-in
diameter antenna produces a null along the missile axis of radius 1 degree at the -8-dB gain
level. The fraction area with gain below -8 dB is given by

Conversely, the fraction of the area with gain above -8 dB is 0.9998, or 99.98 percent
coverage with gain greater than -8 dB. The percent coverage increases without limit for
larger diameters until a nearly perfect coverage is attained for a single linear polarization.

The percent coverage is only a function of diameter and is independent of antenna
thickness. The theoretical and experimental pattern coverages for microstrip antennas on a
smooth cylinder are given in Fig. 4 for gain greater than -8 dB.

Fig. 4.  Pattern coverage versus diameter for microstrip wraparound
antennas on smooth cylinders.



Example of Gain/Coverage for a 22-Inch Diameter Missile.  The factors that distract
from 100-percent coverage with gain 0 dBi are:

• Roll plane pattern variation - typically ± 1 dB, but sometimes the performance can
increase to ± 3 dB.

• Aspect plane (tip to tail) pattern variation - typically ± 4 dB for a large diameter
cylindrical missile.

• Microstrip feed losses - typically a function of feedline length, which is proportional to
diameter.

• The tip and tail null which are inversely proportional to the diameter of the missile.

The 22-inch diameter conformal microstrip antenna shown in Fig. 5 had the following
theoretical deviation from ideal performance:

Coverage Gain Losses

Ideal Performance 100% 0 dB
Roll Pattern Variation (± 2 dB) -2 dB
Aspect Pattern Variation (± 4 dB) -4 dB
Microstrip Feedline Loss -2 dB

Total Deviations and Losses -8 dB

Tip and Tail Null Width of 22-Inch Diameter
Antenna at -8 dB = ± 1.5 degrees

Actual Performance (100 - 0. 01) = 99.99 percent coverage with gain greater than -8 dB
relative to linear isotropic

Conclusion.

• Nearly 100 percent coverage can be attained for near-omnidirectional gain (i.e., $ -8
dBi gain.)

• The practical gain/coverage as a function of missile diameter is shown to increase with
missile diameter.



• A low-profile, highly reliable printed circuit board method for attaining this
omnidirectional coverage is available as a simple printed circuit board antenna.

Fig. 5.  22-inch diameter Aerobee 350 microstrip antenna

Note:  This design is covered under U.S. patents and patents pending which are assigned
to Ball Brothers Research Corporation, Boulder, Colorado.



NEW TYPES OF FLUSH-MOUNTED TELEMETRY ANTENNAS

Arthur R. Sindoris, Howard S. Jones, Jr., and Frank Reggia
Department of Army

Harry Diamond Laboratories

Summary.  Over the past few years new and unique types of cavity-backed, slot antennas
have been developed that mount flush to the surface of a missile. These antennas have
been designed and built to operate in the 300 MHz to 3 GHz frequency range and to
produce low-gain (typically isotropic) wide-angle coverage with moderate radiation
efficiency. As well as insuring good electrical performance, the basic design employs a
copper-clad, dielectric-loaded cavity into which the radiating slot is machined or etched.
This construction technique provides four important advantages: (1) The almost arbitrary
shape or form factor of the cavity allows flush mounting to the surface of the missile or
sandwiching between internal components with only the radiating slot exposed to the
exterior of the missile. (2) Fabrication is simple. (3) Cost is low. (4) Mechanical strength is
high. The cavity backing the slot is filled with a moderately high, dielectric constant
material (such as a silicone, Teflon, or epoxy fiberglass) with a relative permittivity in the
2.5 to 4.5 range to decrease the size of the cavity and to provide mechanical strength to the
antenna. The RF connection to the cavity is made by an inductive post and a coaxial
connector. A 50 ohm input impedance is obtained over frequency bandwidths of 3 to 10
percent. By connecting two or more of these slot antennas together in a prescribed phase
and amplitude relation, the direction of the radiation pattern can be controlled. Side-
looking or forward-looking patterns are possible by simple changes in feed network cable
connections. The easy tunability of one of these new types of antennas allows application
over greater than a 2:1 frequency range without any change in antenna dimensions.



A Practical Look At Antenna And Propagation Requirements in
Biotelemetry Systems For Fresh Water Fish

J. E. Lindsay, F. M. Long and R. W. Weeks
Department of Electrical Engineering

University of Wyoming
Laramie, Wyoming, 82071

Abstract.  Propagation from a transmitter/antenna implanted in a fresh water fish is
discussed. The choice of operating frequency based upon fish size, antenna efficiency and
refraction effects is presented.

The implanted linear antenna is placed laterally along the fish. It is shown that for parallel
polarization (    in the plane of incidence) the wave, in air, has polarization dependent upon
the elevation angle of the receiving antenna. For perpendicular polarization the polarization
of the wave is always horizontal. Hence the polarization of the signal in the air depends
upon the fishes position in the water. This leads to the conclusion that ground based
receiving antennas should be circularly polarized so that either case can be handled.

For air-borne tracking, the major cone of reception places the aircraft at higher elevation
angles and hence requires a horizontally polarized antenna. Since the fish can be at various
azimuthal angles, a circularly polarized antenna placed beneath the aircraft is dictated.

The paper concludes with a discussion of an actual operating system as used by the U.S.
Fish and Wildlife Service on the Truckee River.

Antenna and Propagation Considerations.  The physical size of the fish will obviously
determine the maximum allowable antenna size. For fresh water fish a practical size for the
major dimension of a transmitter antenna package is around 10 cm. To obtain reasonable
efficiency in the transfer of power from the transmitter through the coupling network to the
transmitter requires antenna dimensions on the order of a half wavelength. Fortunately the
electrical wavelength in water is approximately one ninth that of free space. Based upon a
major dimension of 10 cm, a reasonable operating frequency would fall in the 150 MHz
range. Whether this frequency is acceptable will depend upon propagation losses in the
water. Skin depth is a good measure of this loss and is of the order of a few meters in fresh
water at these frequencies. Except for applications involving very deep lakes, this
frequency range is an acceptable one. Conveniently the FCC has a band of frequencies at
164 MHz assigned to wild life telemetry systems.



Propagation from the water to the air must be considered. Assuming the fish-mounted
antenna to be linearly polarized (horizontal relative to the air-water interface), then energy
transmitted from the fish to a receiver depends upon the component of vector     in the
plane of incidence and the component perpendicular to this plane. Figures 1 and 2 show
ray paths and the resulting polarization of   in the air for each of these cases. In water,
incidence angles (relative to a normal at the interface) are restricted to about 6.4 degrees.
For this range of incidence angles, the angle of the transmitted wave in air will fall
between 0 and 90 degrees.

The power transmitted in air depends upon the two polarization cases and the angle of
incidence. Power transmission, relative to unity for complete transmission, versus the angle
in air is shown in Figure 3 for these two cases. For the parallel polarization case complete
transmission takes place at the Brewsters angle. However, note that the signal (in air) is
almost entirely vertically polarized. For the perpendicular polarization case the received
signal remains horizontally polarized. Since the fish is generally at arbitrary azimuthal
positions, both cases must be simultaneously considered. These properties result in the
receiving antenna choices alluded to in the abstract.

A Typical Application.  In order to help determine the migration patterns and spawning
sites for Lahontan Cut Throat trout and Cui-ui sucker in the Truckee River between
Pyramid Lake and Lake Tahoe, a radio tag was developed at the University of Wyoming.
The keyer-transmitter was constructed using micro-circuit techniques. A folded half
wavelength dipole was formed on a printed circuit board. The batteries and electronics
were then mounted on the opposite side of this board. The dimensions are approximately 2
x 2 x 10 cm. The entire unit is hermetically sealed by an appropriate coating and placed on
or within the fish.

These fish tags were used by the U.S. Fish and Wildlife Service (1) along that portion of
the Truckee River mentioned above. This region constitutes a major logistics problem due
to the length of the river and the difficulties of direct access to the river channel. The
referenced report (1), describes a radio fish tracking system allowing accurate
determination of the location of the spawning fish from a light aircraft.

References.

(1) R. W. Weeks, F. M. Long “Radio System for Fish Tracking on the Truckee River”,
April-June 1976 Quarterly Report to U.S. Fish and Wildlife Service. Contract #SF
WB103  638.

(2) E. C. Jorden, K. C. Balmain “Electromagnetic Waves and Radiating Systems” 2nd
Ed. Prentice Hall, Inc. 1968.



FIG. 1  RAY PATH FOR POLARIZATION PARALLEL TO
THE PLANE OF INCIDENCE

FIG. 2  RAY PATH FOR POLARIZATION PERPENDICULAR
TO THE PLANE OF INCIDENCE

FIG. 3  RELATIVE POWER TRANSMITTED TO AIR REGION VS
ELEVATION ANGLE FOR PERPENDICULAR

AND PARALLEL POLARIZATION



Review Of Microstrip Antenna Development At
The Pacific Missile Test Center

C. Kaloi
Instrumentation Department
Pacific Missile Test Center

Point Mugu, California.

Summary.  Pacific Missile Test Center personnel have been conducting theoretical and
experimental studies on microstrip antennas since 1965. A number of operational
microstrip antenna systems have been developed. This report reviews development efforts
at Pacific Missile Test Center on types of microstrip antenna elements used in these
operational systems. Results of near field probing of different microstrip antenna elements
are presented. These results are used as a basis to discuss microstrip antenna electrical
characteristics such as orthogonal current oscillation, orthogonal charge oscillation, dipole
moment of charge distribution oscillation, dipole moment of charge distribution rotation,
far field radiation patterns, polarization, etc. Application of microstrip arraying techniques
on thin flexible substrates that can be readily mounted conformally to the exterior surface
of a missile without missile disassembly is discussed.



Telemetry Antennas for Deep Space Probes

ALBERT G. BREJCHA CHARLES A. SMITH
Flight Spacecraft Antenna Group Voyager Spacecraft Antenna Subsystem

Jet Propulsion Laboratory Jet Propulsion Laboratory

Summary.  The requirement for real time imaging telemetry and the continued increase in
science payloads on deep space missions have played a major role in the evolution of deep
space probe telemetry antennas. This paper describes the high data rate telemetry antennas
that were flown on the Mariner Mars 1969 and 1971, the Mariner Venus Mercury 1973,
the Viking 1975 and the Voyager spacecrafts. Performance parameters are reviewed and
general design concepts are described. The Mariner Mars 1969 and 1971 antennas were
single frequency (S-band), one meter diameter antennas. The Mariner Venus Mercury
1973, Viking 1975 and Voyager antennas were dual frequency (S and X-band), with
diameters of 1.4 meters, 1.5 meters and 3.7 meters respectively.

Prepared Under Contract No. NAS 7-100
National Aeronautics and Space Administration
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A-M/AGC WEIGHTED PRE-DETECTION DIVERSITY COMBINING

E. R. Hill

Summary.  A method has been proposed1,2 for improving the performance of automatic
gain control (agc) weighted diversity combiners in the presence of fast fading radio-
frequency (rf) signals by use of the amplitude modulation (a-m)(detected linear
intermediate-frequency (i-f) envelope) in addition to the agc voltage to weight the
combiner. Also suggested1 was a method for selecting the channel with the best signal-to-
noise ratio (SNR) by use of the a-m and agc voltages. Experimental hardware has been
constructed for evaluation of three configurations: an a-m/agc weighted combiner; an
a-m/agc based selector; and an a-m/agc combiner/selector where the criterion for combine
or select is determined by the phase error between the two channels. An experimental
study was also conducted3 of the phase-locked loop (PLL) to determine the best
configuration and parameter values for the combiner application (where relatively large
phase errors are permissible). Data were taken under laboratory and operational
(Vandenberg Air Force Base) conditions and are compared with data taken with a
commercial agc weighted combiner.

Introduction.  Radio waves in the earth’s environment can experience variations in signal
level (fading) due to absorption, refraction, reflection etc. When more than one signal can
be obtained from the same source with uncorrelate, fading characteristics, these are called
diversity signals. These may be obtained for example, from different antennas, from
different polarizations, from the same antenna or by use of more than one frequency. The
object of diversity combining is, by use of two or more diversity signals, to obtain a single
signal which is better, on the average, than any one signal or at least as good as the better
signal. Conventional pre-detection diversity combiners use only the receiver agc voltages
to weight the i-f signals before linearly adding them. Such combiners are optimum (i.e.,
maximize the output SNR) only if the agc systems can track the fades in the rf signal levels
(i.e., to maintain the linear i-f signals at constant amplitude). This limitation can be
overcome by using the a-m (linear i-f envelope) voltages in addition to the agc voltages to
weight the combiner.1



One of the prime motivations for this work is the serious loss of data from flame
attenuation during the launch of multi-stage missiles (Vandenberg AFB).4

The purpose of this paper is to present performance data on the three basic configurations
described in the summary and to compare this data with that of the agc weighted combiner.
Block diagrams are presented and the fundamental theory given. Schematics and details of
implementation are available in a Pacific Missile Test Center technical report to be
published. Most of the mathematical background and theory appears in reference 1 and
due to space limitations cannot be repeated here.

Review of Diversity Combining Theory.  A review of the theoretical basis of agc
weighted combiners will first be presented. Also, the theoretical justification for the three
experimental configurations will be given in addition to block diagrams for their
implementation. It has been proven5 that the optimum weighting coefficient for a linear
diversity combiner is equal to the ratio of the rms signal voltage to the mean square noise
voltage. In terms of the dual channel combiner configuration in Figure 1, the optimum
combining ratio aR is given by

(1)

where S1 and S2 are the rms signal voltages, and N2
1 and N2

2 are the mean square noise
voltages of channels one and two respectively. An rf receiver and its agc system (actually
internal to the receiver) can be modeled as in Figure 2 where

es(t) = rf input signal voltage

eg = agc voltage

ea = the average absolute value of the output signal voltage S (t)

The combining ratio of an agc weighted combiner is derived on the assumption that the
receiver agc systems are able to track any variations in the rf signal levels so as to maintain
the output rms signal voltages S1 and S2 constant (and thus equal). Under this assumption,
equation (1) reduces to

(2)



or as the ratio of the signal-to-noise power ratios

(3)

as it is often expressed. The rnean square noise at the output of the receiver can be
expressed1 as a function of the agc voltage as follows:

(4)

where V = the bias voltage of the agc integrator

                ratio between rms and average absolute value of a sinusoid. The constants K1

and K2 come from the equation which relates the agc voltage to the static rf signal strength
es (expressed in volts rms) eg = - K1 log K2 es

and (5)
(6)

where
ne = receiver effective input rms noise voltage
k = Boltzmann’s constant
T = absolute temperature (degrees Kelvin)
B = effective receiver bandwidth
R = receiver input impedance
F = receiver noise figure

By substituting equation (4) (expressed for each receiver) into equation (2) the optimum
combing ratio for an agc weighted combiner is obtained

(7)

When the fades in the rf signal level occur at a rate which the agc system cannot track, the
agc weighted combiner is no longer optimum and the i-f output amplitudes in equation (1)
must be considered. For implementation purposes, the average absolute value ea (full-wave
rectified average) can be obtained with less error, in the presence of noise, than the rms
and, since the two differ on by a constant, equation (1) becomes (with the aid of equations
(2) and (7)

(8)



The average absolute value of S (t) is approximated by taking the average absolute value
of signal plus noise with the circuit shown on Figure 3. The output of this circuit is the
expectation of the absolute value of signal plus noise.6

(9)

where x is equal to half the signal-to-noise power ratio, A is the peak amplitude of the
sinusoidal carrier, Io(x) and I1(x) are the modified Bessel functions of the first kind.

The theoretical and experimental values as a function of i-f SNR appear in Figure 3 where
the output has been normalized by dividing by ea (the average absolute value of the
sinusoidal signal component). To place equation (8) in a form more easily implemented,
use the following identity

(10)

and rewrite equation (8) as

(11)

where the weighting signals ew1 and ew2 are equal to

(12)

and

(13)

A block diagram implementation of these weighting signals for use with a commercial agc
weighted combiner appears in Figure 4. The first of the three experimental combiners, the
a-m/agc weighted combiner, appears in Figure 5 and is similar to the commercial combiner
configuration except for the PLL parameters which will be discussed in the next section.

It was suggested1 that an optimum diversity selector could be constructed by use of the
following equation:

(14)



to determine the receiver channel with the greater rf input signal level and thus the greater
output SNR.

Equation (14) shows that the rf input signal level can be determined from the linear i-f
envelope and the agc voltage. To place equation (14) in a form more easily implemented,
rearrange and take the logarithm (base ten) of each side.

(15)

When equation (15) is expressed for each receiver channel and the second equation
subtracted from the first, the following equation is obtained:

(16)

Equation (16) describes an implementation by which a signal voltage can be obtained
which is equal to the logarithm of the ratio of the rf input signal levels. The signal voltage
eL is well suited as a selector signal since it will be zero when the rf signal levels are equal,
positive when channel one is greater than channel two, and negative when channel two is
greater than channel one. In addition, it provides logarithmic compression of the dynamic
range. Since the i-f SNR and rf signal level are related1 by

(17)

equation (16) can be expressed in terms of the ratio of the linear i-f signal-to-noise ratios

(18)

Equation (16) can be implemented by the differential operational amplifier weighting and
summing circuit in Figure 6. The second experimental combiner configuration, the
optimum a-m/agc based selector, appears in Figure 7. The comparator thresholds were set
for ± 6 dB for the data to be presented.

The third experimental model, the a-m/agc combiner/selector, was designed with the
objective of overcoming some of the shortcomings of the first two. First, it was observed
that a large proportion of the errors which occured as a result of high frequency fading in
the presence of noise resulted from the inability of the phase-locked loop to maintain an
acceptablly small phase error between the two carrier signals. A sufficiently large phase
error causes degradation rather than enhancement of the output signal. Second, it was



observed that an optimum selector produces additional errors in the process of switching
between the two carrier signals. This arises from the fact that the two carriers are not
necessarily phase aligned at the time of switching. Thus a step in phase occurs in the
output signal at the time of switching which produces an impulse at the output of an fm
demodulator or a step at the output of a pm demodulator. These facts lead to the
conclusion that combining should continue to the point where the phase error causes the
combined output SNR to become less than the SNR of the better single channel, at which
time that better channel should be selected. With reference to Figure 1, use of the Law of
Cosines, and the usual assumptions5 of uncorrelated noise sources etc., the output SNR
can be written as a function of the phase angle 2 between the two carrier components

 (19)

By substituting equation (1) into equation (19), The output SNR of an optimum combiner
becomes

(20)

which is a function of the single channel SNRs and the phase angle between the carrier
components. The critical phase angle 2c can be obtained by solving for 2 as a function of
the input SNRs when the output SNR is equal to the SNR of the better single channel.
Thus, assume

(21)

and solve for 2 in equation (20 )

(22)

Examination of equation (2Z) indicates that when the single channel SNRs are equal, the
critical phase angle is 90E, and when the number one channel SNR is much larger than the
number two channel SNR, the critical phase angle approaches 60E; thus to summarize



(23)

From this we conclude that it never pays to combine if the phase angle between the two
carriers exceed ± 90E and it always pays to combine if this phase angle is less than ± 60E.
Although the critical phase angle 2c could be monitored by proper use of the function
expressed by equation (18), for a first try the third experimental configuration was
implemented with fixed thresholds to select the channel with the greater SNR when 2
exceeds ± 90E and to resume combining when 2 is reduced to less than ± 60E. This 30E
hysteresis also guards against switch chatter resulting from noise on the output of the
50 kHz low-pass filter (LPF) that monitors the phase detector output voltage. The block
diagram of the a-m/agc weighted combiner/selector appears in Figure 8.

Phase-Locked Loop Study  A study of the phase-locked loop (PLL) in the combiner
application (large phase errors) was initiated when it was observed that the increased error
rate in the presence of dynamic rf signals was caused more from phase errors than by non-
optimurn weighting signals. Only the more important results of this study3 will be given
here. The basic PLL configuration evaluated is that appearing in Figures 5, 7, and 8. Three
phase detectors were evaluated: the set-reset flip-flop (SR-FF), the exclusive-OR gate, and
the multiplier. Both of the digital phase detectors were preceded at each input by low
hysteresis (20 mv) Schmitt triggers and the multiplier inputs were preceded by limiters.
The rf receiver input signals for this evaluation were produced by the simulator in Figure 9
with LPF-limited noise into the phase modulators. This simulator produces both phase and
amplitude modulation of the output rf signals. The multiplier phase detector showed a
small improvement over the digital phase detectors at low SNR due to its inherent
bandwidth reduction with decreasing SNR. The damping factor proved a non-critical
parameter and showed little influence from 0.5 to 0.9 (0.7 was used in the experimental
implementations). The SR-FF phase detector was chosen for use in the experimental
circuits since it has a wide frequency pull-in capability as well as a linear ± 180E phase
detector range. The study3 showed 10 kHz to be the maximum PLL bandwidth (-3 dB)
without significant degradation of performance under static or low frequency dynamic
conditions. This bandwidth was used in the experimental combiners.

Evaluation with Laboratory Simulators  In the real world, a pre-detection diversity
combiner must cope simultaneously with amplitude and phase variations of the carrier
components. In the laboratory evaluation, tests were first devised to evaluate the
performance of the different configurations to each of these variations independently. Then



pseudo real-world tests were devised to measure the performance where both amplitude
and phase of the input signals were changing simultaneously.

In the data plots presented, the following abbreviated notation will be used. The evaluation
data for the commercial combiner configuration in Figure 4 with either a-m or a-m/agc
weighting will be identified by “COM. COMB. (AGC)” and “COM. COMB.
(A-M/AGC)” respectively. The data for the experimental combiner in Figure 5 with either
a-m/agc or agc weighting will be identified by “EXP. COMB. (A-M/AGC)” and “EXP.
COMB. (AGC)” respectively. The data for the experimental a-m/agc based selector in
Figure 7 will be identified by “EXP. SEL (A-M/AGC).” Data for the experimental a-m/agc
weighted combiner/selector in Figure 8 will be indentified by “EXP. COMB. /SEL. (A-
M/AGC).” The notations “CH1" and “CH2" indicate data for the uncombined channels
one and two respectively.

The simulator in Figure 10 was devised to produce sinusoidal, out-of-phase fading with
nominal phase modulation between the two output carriers. The two multipliers are driven
with out-of-phase sinusoids adjusted for 20 dB fades and the attenuators are set for about
10 dB difference in the average output signal levels. For a combiner to maintain an
optimum combining ratio for these signals, the weighting signal bandwidth must be greater
than the sinusoidal modulation frequency. The data in Figure 11 is primarily a comparison
of the commercial agc weighted combiner with the a-m/agc weighted experimental
combiner. The receiver agc time constants were set for 0.1 ms for all tests and the effective
weighting signal bandwidth of the experimental combiner was about 150 kHz. The bit
error probability (BEP) is plotted in Figure 11 for fade rates from 200 Hz to 200 kHz. The
method used to compare performance was to determine the change in SNR which would
produce the observed change in BEP. The a-m/agc weighted experimental combiner
parallels the channel having the smaller BEP with an average improvement of about 4 dB
out to a fade rate of about 5 kHz after which it shows a steady increase in BEP to around
50 kHz, after which the increase is more rapid. Out to 200 kHz fade rate, the a-m/agc
weighted experimental combiner is never less than 1 dB better than the better channel. The
commercial agc weighted combiner at 200 Hz fade rate has nearly the same BEP as the
experimental combiner, as would be expected, and parallels the better channel out to about
1 kHz fade rate where the BEP increases rapidly until it nearly equals the better channel at
about 10 kHz. The agc weighted commercial combiner remains just below (about 0.1 dB)
the better channel out to the maximum fade rate of 200 kHz. Also shown in Figure 11 is
data taken with the experimental a-m/agc weighted combiner/ selector. Except for a couple
of data point departures, the experimental combiner/selector shows the same performance
as the experimental combiner out to about 20 kHz. However, from 50 kHz to 200 kHz, it
shows a consistent improvement of about 0.3 dB. Presumably, large phase errors occur in
this region which cause the combined output at times to have a lower SNR than the better
channel.



The simulator in Figure 12 was devised to produce random phase modulation of the two
RF signals, while at the same time maintaining constant and equal RF signal levels. The
object being to test the combiner’s ability to maintain phase coherency independent of its
ability to maintain optimum weighting signals. In Figure 12, phase modulators are driven
by independent gaussian noise sources whose bandwidths have been limited by low-pass
filters. In Figure 13, the BEP is plotted with respect to these LPF bandwidths. The
commercial a-m/agc weighted combiner in Figure 4 is compared with the a-m/agc
weighted experimental combiner in Figure 5. The phase modulators produce about 60E rms
phase modulation. The PLL bandwidth (-3 dB) of the experimental combiner was 10 kHz
and that of the commercial combiner is believed to be about 2 kHz. The performance
difference shown in Figure 13 is believed to be almost entirely due to this difference in
PLL bandwidths. The experimental combiner BEP remains essentially constant out to a
bandwidth of about 2 kHz and then increases to equality with the commercial combiner at
about 20 kHz where neither combiner can cope with the high frequency and large
amplitude phase modulation. The experimental combiner shows over 6 dB improvement in
the region of 2 kHz phase modulation bandwidth. At 100 Hz there is less than 1 dB
difference and they should become equal again at a sufficiently low bandwidth. It should
also be noted in Figure 13 that the BEP for both the commercial and experimental
combiner becomes worse than the better single channel BEP. This occurs for a phase
modulation bandwidth of about 1.3 kHz for the commercial combiner and about 12 kHz
for the experimental combiner. The random phase-modulated signals produced by the
simulator in Figure 12 were the only test signals used which caused the combined output to
be worse than the better single channel. The a-m/agc weighted combiner/selector was
designed to guard against degradation of the combined signal, relative to the best single
channel, due to large phase errors. Figure 14 shows data taken with this combiner under
similar conditions to Figure 13 and the combiner /selector does show a 50% (0.7 dB)
reduction in BEP in the 10 kHz to 20 kHz phase modulation bandwidth region. The
experimental combiner and experimental combiner/selector show the same BEP in the 2
kHz to 3 kHz region as they should.

The final laboratory tests were run with pseudo real-world signals produced by the
simulator in Figure 9 which simultaneously produces random amplitude and phase
modulation of the output signals. The simulator was set to produce 20 dB fades in the
output signals and the LPF bandwidths were varied from 100 Hz to 20 kHz. Figure 15
compares the commercial combiner with both agc and a-m/agc weighting with the
experimental combiner also with both agc and a-m/agc weighting. The commercial and
experimental combiners show essentially the same performance out to about 200 Hz where
the BEP of the commercial combiner begins to rise as a result of its narrower PLL
bandwidth. The wider PLL bandwidth of the experimental combiner keeps the BEP
constant out to about 1 kHz before beginning to increase. The experimental combiner
shows an average improvement of over 5 dB in the 1 kHz to 5 kHz bandwidth region as a



result of its wider PLL bandwidth. For both the commercial and experimental combiners,
the BEPs for agc and a-m/agc weighting are essentially the same for modulation
bandwidths out to about 2 kHz. However, from 2 kHz to 20 kHz, there is an average
improvement in BEP of about 0.5 dB for the wider bandwidth a-m/agc weighting signal for
both the experimental and commercial combiners. For the diversity signals produced by
the simulator in Figure 9, the greater improvement in the bandwidth region from 200 Hz to
20 kHz results from the widening of the PLL bandwidth. However, the smaller
improvement resulting from the wider bandwidth weighting signals will be sustained to
higher frequencies as shown by the results in Figure 11.

The performance of the a-m/agc based experimental selector in Figure 7 is also plotted in
Figure 15. The experimental selector selects the channel whose SNR is greater by 6 dB
and will stay with that signal until the other channel becomes 6 dB better than the channel
currently selected. The performance of the selector is about 1 dB worse than the
experimental combiner out to 1 kHz modulation bandwidth where it begins to degrade just
as the experimental combiner does. Although the selector is not dependent upon phase
alignment for the same reason that the combiner is, its performance is also dependent upon
phase alignment. As mentioned before, if the two carriers are out of phase at the same time
of switching, a step in phase occurs in the output signal which results in an impulse at the
output of an fm demodulator. In the frequency region between 10 kHz and 20 kHz, the
performance of the experimental selector parallels that of the experimental combiner,
however, with a degradation of about 0.4 dB. This performance is typical and the
experimental selector was always found on the average to be inferior to either the
experimental a-m/agc weighted combiner or the experimental a-m/agc weighted
combiner/selector. Despite the poor performance of the experimental selector relative to
the experimental combiner, it still performs better than the commercial combiner at fading
bandwidths above 600 Hz. This is attributed entirely to the narrower PLL bandwidth of the
commercial combiner.

Operational Tests  The Space and Missile Test Center (SAMTEC) at Vandenberg Air
Force Base, CA. has taken data on their missile launches with experimental combiner
hardware supplied by the Pacific Missile Test Center PACMISTESTCEN at Point Mugu,
CA. The first data were taken with an interface chassis (within dotted lines of Figure 4)
which permitted the commercial combiner to be used with either its conventional agc
weighting or with the a-m/agc weighting signals. Also included in the interface chassis was
an experimental a-m/agc-based selector with output signals to operate into the commercial
combiner weighting signal input points. This selector was thus dependent upon the
narrower PLL bandwidth of the commercial combiner. A second series of operational
tests8 were conducted after the complete experimental combiner, selector, and
combiner/selector shown in Figures 5, 7, and 8 were incorporated in the experimental
chassis. SAMTEC found7 that the commercial combiner with a-m/agc weighting provided



improvement in the recovery of data over the commercial combiner with agc weighting
during periods of heavy multipath interference. SAMTEC also found8 that the experimental
a-m/agc weighted combiner and combiner/selector provided more error-free data than the
agc weighted commercial combiner during third stage burn. In the laboratory evaluations,
the a-m/agc weighted experimental combiner and combiner/selector were always found to
be as good as or better than the agc weighted commercial combiner. This was not found to
be true in the operational tests and some aspects of the results are not well understood at
this time. The operational data was taken under such a wide range of conditions and circuit
parameter values that no meaningful summary of data can be presented in the space
available here. This data will be contained in a technical report to be published in the fall
of 1977.

Conclusions

1.  It has been demonstrated that the performance of agc weighted diversity combiners can
be improved at high fade rates by proper use of the a-m (amplitude of the linear i-f signals)
signals in addition to the receiver agc voltages.

2.  Wider PLL bandwidths (relative to bandwidths incorporated in commercial combiners)
result in improved combiner performance for high frequency phase perturbations, without
significant degradation for low frequencies.

3.  For a laboratory simulator which produced simultaneously random amplitude and phase
perturbations of the two carrier signals, the greater combiner improvement resulted from
widening the combiner PLL bandwidth than from widening the bandwidth of the combiner
weighting signals. An even wider PLL bandwidth than the 10 kHz used might be practical.
An adaptive PLL bandwidth might prove feasible lor the combiner application.

4.  The optimum signal selector (selects channel with the better SNR) does not perform as
well as the optimum combiner (both depending on the same PLL bandwidth).

5.  An optimum combiner/selector (where selection is based on differential signal phase
error) outperforms an optimum combiner for high frequency phase/amplitude perturbation
without degradation for low frequency phase/ amplitude perturbation.

6.  Since the experimental combiner/selector showed the best overall performance, it
warrants further investigation. The phase angles at which the decision to combine or select
is pre-set should be further examined with the possibility of adapting these angles to the
ratio of the signal-to-noise ratios. Increasing the 50 kHz bandwidth of the LPF that
monitors the phase angle would probably give additional improvement.
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Figure 1.  Diagram of Dual-Channel Linear Diversity Combiner.



Figure 2.  RF Receiver With AGC System.

Figure 3.  Theoretical and Experimental Data for the Average
Absolute Value A-M Detector.



Figure 4. Commercial AGC Weighted Combiner With Option
for A-M/AGC Weighting.

Figure 5. Experimental A-M/AGC Weighted Combiner With
Option for AGC Weighting.



Figure 6. Differential Operational Amplifier Weighting and Summing Circuit.

Figure 7.  Experimental A-M/AGC Based Selector.



Figure 8.  Experimental A-M/AGC Weighted Combiner/Selector.



Figure 9. Diversity Signal Simulator Designed to Produce Simultaneous
Random Amplitude and Phase Modulation of the Output Signals.

Figure 10. Diagram of Simulator Used to Produce Sinusoidal Out-of-Phase Fading
With Minimal Phase modulation.



Figure 11. Commercial and Experimatntal Combiner Response to Sinusoidal
Out-of-Phase Fading.

Figure 12. Diagram of Simulator Used to Produce Random Phase
Modulation With Minimal Fading.



Figure 13. Commercial and Experimetal Combiner Response to
Random Phase-Modulated Signals.



Figure 14. Comparison of Experimental Combiner/Selector With Experimental
Combiner With Random Phase-Modulated Signals.



Figure 15. Commercial and Experimental Combiner Response to Signals With
Random Amplitude and Phase Modulation.
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Experimental Comparison Of Pulse Code Modulation Codes
For Magnetic Recording

E. L. Law
Instrumentation Department
Pacific Missile Test Center

Point Mugu, California.

Summary.  The bit error probability (BEP) versus signal-to-noise ratio (SNR) was
experimentally determined for Non-Return-to-Zero-Level (NRZ-L), Bi-Phase-Level
(BI0/ -L), Delay Modulation (DM) and Miller Squared (M2) codes for a bandpass channel.
This was done by passing the data through a 400 Hz to 500 kHz Bessel bandpass filter and
linearly adding noise. The power spectral density of the noise was shaped to match the
noise out of an analog magnetic tape recorder running at 30 inches per second (in./s). This
provided a simulation of an optimum wideband 2.0 MHz tape recorder running at 30 in./s
(no flutter, tape dropouts, etc.). The bit rate, pattern, and code to be tested were then
selected. The SNR was varied until the bit error probability was approximately 10-6 With a
commercial Pulse Code Modulation (PCM) bit synchronizer with a “good” dc restorer and
a pseudo-random pattern at 1.0 megabits per second (Mb/s) (33.3 kilobits per inch (kb/in.)
equivalent packing density), NRZ-L had a 4 dB SNR advantage over DM and a 14 dB
advantage over BI0/ -L for a BEP of 10-6 through the bandpass channel. At 1.5 Mb/s, NRZ-
L had a 6 dB advantage over DM and a 10-6 BEP was not achievable with BI0/ -L coding.
For a synchronizer with no dc restoration NRZ-L had only a 1 dB advantage over DM at
1.0 Mb/s and also only a 1 dB advantage at 1.5 Mb/s. M2 gave the same results as DM for
pseudo-random data. However, M2 was relatively insensitive to patterns while DM and
NRZ-L required a higher SNR with a “good” dc restorer and lost synchronization
completely with no dc restorer for worst case 16-bit repeating patterns.

Introduction.  Time division multiplex telemetry data has usually been recorded by pre-
detection techniques. However, the maximum PCM bit rate that can be recovered from a
900 kHz pre-detection carrier (highest standard frequency) is only slightly over 1 Mb/s for
NRZ-L. Therefore, a different technique is needed to handle PCM bit rates higher than
1 Mb/s for NRZ-L and 500 kb/s for BI0/ -L. The technique usually used is to record the
baseband PCM signal directly on the tape. King1 reported on the results of tests to 



determine the maximum achievable packing density for various codes for a 10-6 BEP. This
effort is a continuation of King’s work.

Test Set-up.  The test set-up is shown in figure 1. An idealized tape recorder was
simulated by passing the PCM data through a 400 Hz to 500 kHz Bessel bandpass filter
and summing the filtered PCM data with gaussian noise which was spectrally conditioned
(see figure 1) to match the noise out of a tape recorder running at 30 in./s. The terminal
slopes of the bandpass filter were 24 dB/octave. The passive filter network at the input to
the summing amplifier performs the proper spectral conditioning. The noise spectral
density is shown in figure 2. The attenuator allowed the noise to be varied in one dB steps.
The SNR was calibrated as follows:

1) A 2047 bit pseudo-random pattern at 100 kb/s was generated. The noise was
removed from the summing amplifier and the PCM signal was measured using a
true root mean square (rms) digital voltmeter.

2) The PCM signal was removed from the summing amplifier, the noise attenuator
was set to 0 dB, the noise was filtered by a filter with an equivalent noise power
bandwidth of 500 kHz and unity gain. The rms of the noise was then set at 15 dB
below the rms of the PCM signal.

Therefore, the SNR as used in this report is equal to the rms signal out of the bandpass
filter divided by the noise in a 500 kHz bandwidth. This is equivalent to the definition of
SNR for analog magnetic tape recorders in Range Commanders Council document 118-75.

The randomizer consists of a 17 stage shift register with stages 15 and 17 exclusive-or’ed
with the input. The data can be recovered by inserting the randomized data into a similar
device after detection by the PCM bit synchronizer. A disadvantage of the randomizer is
that it multiplies the errors. This error multiplication results in a 0.5 dB SNR penalty at a
10-6 BEP. However, randomization tends to remove pattern sensitivity and this more than
compensates for the 0.5 dB penalty. A diagram of the randomizer/derandomizer is given in
figure 3.

Test Results.  Tests were performed using NRZ-L, DM and BI0/ -L codes with a 2047 bit
pseudo-random pattern for bit rates of 0.6 to 2.0 Mb/s using a good commercial PCM bit
synchronizer. The SNR was varied until the BEP was 10-6. The tests were repeated for
randomized NRZ, odd-parity NRZ, and DM codes for the 16-bit repeating patterns that
gave the highest BEP for each code. A 6-bit staircase2 pattern with a variable number of
repetitions of each 6-bit word before incrementing the value of the word by one was also
used. The results of tests with 4, 64, and 256 repetitions are presented in this paper. The
test results are shown in figures 4, 5, and 6 respectively. The data shows that for a pseudo-



random pattern NRZ-L has a 4 dB advantage over DM at bit rates between 0.8 Mb/s and
1.5 Mb/s and a larger advantage at higher bit rates. The BI0/ -L code performs much worse
than NRZ-L and DM because it requires twice the bandwidth of NRZ-L.

The tests with the pseudo-random pattern were also performed with the Bessel bandpass
filter replaced by a 400 Hz to 500 kHz Butterworth bandpass filter. This caused the
channel to have a non-constant group delay which introduced additional distortion. At
1 Mb/s the SNR had to be increased by 2 dB for NRZ-L and 6 dB for DM. At 1.2 Mb/s
the SNR had to be increased by 4 dB for NRZ-L and 10 dB for DM. These increases are
with respect to the SNR required to achieve a 10-6 BEP when using the Bessel filter.
Therefore, DM appears to be more susceptible to poor phase equalization than NRZ-L.

For the worst case patterns (“1000000010000000" for odd-parity NRZ-L (3/4 of energy at
dc) and “1011011011011010" for DM (¼ dc)) odd-parity NRZ-L performed 3 dB better
than DM at 0.7 Mb/s. The performance of the two codes was equal at 1.2 Mb/s and DM
was nearly 3 dB better at 1.3 Mb/s. Randomized NRZ-L did not appear to be sensitive to
repeating 16-bit patterns. It performed at least 3 dB better than DM and odd-parity NRZ-L
at all bit rates between 0.8 and 1.5 Mb/s. At 1.2 Mb/s, DM performed 2 dB worse for the
worst case 16-bit repeating pattern than for a pseudo-random pattern, odd-parity NRZ-L
performed 6.5 dB worse than NRZ-L. All bit rates are actual user data rates. Therefore,
the plotted bit rate for odd-parity NRZ-L is 0.875 times the bit rate into the bandpass filter.

For the repeating digitized staircase, randomized NRZ-L was again always at least 3 dB
better than DM. DM performed the same for 4, 64 and 256 repetitions of each 6-bit word.
The DM performance with the repeated staircase was nearly the same as for the pseudo-
random pattern. Randomized NRZ-L performed the same for 4, 64 and 256 repetitions for
bit rates up to 1.6 Mb/s. At 1.7 Mb/s the performance for 64 and 256 repetitions was
degraded by 3.5 dB from the performance with 4 repetitions. A 10-6 BEP could not be
achieved at 1.8 Mb/s for 64 and 256 repetitions with randomization. Bursts of errors (with
occasional bit slips) occurred for both the 1.7 Mb/s and 1.8 Mb/s cases. This implies some
pattern sensitivity for randomized NRZ-L at high bit rates. It appeared that most of the
single bits of one polarity were being lost. The bit error performance between bursts was
the same as for 4 repetitions. It is not known if this problem is peculiar to this particular
implementation of a randomizer. The performance of NRZ-L (without randomization) for 4
repetitions was degraded by 2 dB from the performance with pseudo-random data. The
PCM bit synchronizer would not synchronize with NRZ-L and 64 or 256 repetitions of
each 6-bit word. Sixty-four repetitions gives 389 bits without a 



transition. The maximum specified number of bits without a transition for which the PCM
bit synchronizer will maintain synchronization is 64 (at a 10 dB SNR).

Tests were also conducted with NRZ-L, DM and M2 codes using a PCM bit synchronizer
from the Ampex Corporation. The Ampex Corporation also provied an M2 encoder. The
Ampex synchronizer was mainly designed for the M2 code and did not have a dc restorer
because the M2 code does not have a dc component. The results of tests of the Ampex
synchronizer with a pseudo-random pattern as the input are shown in figure 7. The DM
and M2 codes performed the same for all bit rates with a pseudo-random pattern. The
performance with NRZ-L was about 1 dB better than the performance with DM and M2

for bit rates up to 1.6 mb/s. At 1.7 Mb/s and 1.8 Mb/s, NRZ-L performed 3 dB better than
DM and M2. The Ampex synchronizer and the other synchronizer performed within 1 dB
of each other for bit rates up to 1.6 Mb/s for DM with a pseudo-random pattern. At higher
bit rates, the Ampex synchronizer performed better than the other synchronizer. The other
synchronizer performed 4 dB better than the Ampex synchronizer for pseudo-random
NRZ-L at bit rates below 1.2 Mb/s. At higher bit rates the performance of the two
synchronizers was nearly the same for pseudo-random NRZ-L. The Ampex synchronizer
would not achieve a 10-6 BEP for the worst case odd-parity NRZ-L and DM 16-bit
patterns at 1.0 Mb/s because of the lack of a dc restorer. The BEP for M2 was not a
function of pattern as long as the pattern included a “101". A 10-6 BEP at 1.0 Mb/s could
not be achieved using the Ampex synchronizer with DM and 64 or 256 repetitions of the
6-bit staircase. The performance of the Ampex synchronizer with the M2 code and the
repeating staircase was the same as its performance with a pseudo-random pattern. It
should be emphasized that the Ampex synchronizer was designed for use with the M2

code. The tests with the other codes were performed to determine the effects of a lack of
dc restoration.

Tape Recorder Results.  The maximum PCM packing densities (BEP of 10-6) for pseudo-
random PCM data reported by King1 for a wideband 2.0 MHz tape recorder with a 34 dB
SNR running at 30 in./s were:  41 kb/in. (1.23 Mb/s) for NRZ-L, 38.3 kb/in. (1.15 Mb/s)
for DM and 23.3 kb/in. (0.70 Mb/s) for BI0/ -L. These rates were not achievable for all
tracks of the tape recorder. The minimum data rates under the above conditions were: 93
kb/s for NRZ-L, 9 kb/s for DM and 2 kb/s for BI0/ -L. These results were reconfirmed as
part of this study. These results are for analog recorders with bias recording (2 dB
overbias) and setup for 1% third harmonic distortion. This is the way existing analog
recorders are usually setup. These conditions were found to be as good as any other
conditions for digital recording with bias.

A study will be conducted to determine the performance of various codes under real-life
recording and playback conditions (including crossplay between machines). A selection of
recorders similar to that existing at the various telemetry receiving and processing facilities



will be used. This study will not include parallel track recording. The results of this study
should be available in late 1977.

General Comments.  All of the codes discussed in this paper have advantages and
disadvantages. BI0/ -L is probably the best code for low packing densities (under 10 kb/in.).
However, it is not satisfactory for high packing densities (above 20 kb/in.). Randomized
NRZ suffers from error multiplication (small penalty) and it also does not have a maximum
run of bits without a transition. However, the probability of 40 bits in a row without a
transition at the output of the randomizer with the input uncorrelated to the randomizing
technique is2-40 • 10-12. Therefore, this would happen every 1012 bits on the average. At a
packing density of 33.3 kb/in. and with 9000 foot reels of tape, there would be one
sequence of 40 bits without a transition (per track) every 278 reels of tape on the average.
Since most commercial PCM bit synchronizers are specified to handle 64 bits without a
transition, this does not appear to be a problem. The DM and M2 codes require “101”
patterns for proper synchronization. Most telemetry data probably has enough of these
occuring so that there would be no problem. The biggest hazard is that the synchronizer
would not output the proper data after a dropout which caused lack of synchronization
until a “101” sequence appeared in the data. The odd-parity code has the disadvantage of
having one-eighth of the bits set aside for parity. This reduces the data bits that can be
recorded per inch. However, the parity bit lends itself nicely to error detection. Both the
DM and odd-parity codes are also subject to worst case pattern problems. These problems
can be reduced by using a PCM bit synchronizer with a “good” dc restorer.

Conclusions.  It has been shown that randomized NRZ-L performs better than the other
codes tested when the PCM data is bandpass filtered and then summed with spectrally
conditioned noise. These results apply to PCM bit synchronizers with “good” dc restorers.
However, tests need to be run using several recorders to determine the effects under real-
life conditions.
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FIGURE 2.  NOISE POWER SPECTRAL DENSITY AT INPUT TO PCM BIT SYNCHRONIZER



FIGURE 3  RANDOMIZER/DERANDOMIZER



FIGURE 4.  BIT RATE VERSUS SNR FOR 10-6 BEP,
PSEUDO-RANDOM PATTERN, COMMERCIAL
PCM BIT SYNCHRONIZER



FIGURE 5. BIT RATE VERSUS SNR FOR 10-6 BEP,
REPEATED 16-BIT WORST CASE PATTERNS,
COMMERCIAL PCM BIT SYNCHRONIZER



FIGURE 6. BIT RATE VERSUS SNR FOR 10-6 BEP,
REPEATED 6-BIT STAIRCASE, COMMERCIAL
PCM BIT SYNCHRONIZER



FIGURE 7. BIT RATE VERSUS SNR FOR 10-6 BEP,
PSEUDO-RANDOM PATTERN, AMPEX
PCM SIT SYNCHRONIZER



Best Source Selector System

J. R. Alday
Fleet Analysis Center

Puerto Rico Field Station-Caribbean

Summary.  This system was developed in order to fulfill a need existing at the Fleet
Analysis Center (FLTAC) Field Station-Caribbean, Telemetry Site at Roosevelt Roads,
Puerto Rico.

At the Field Station there exists four 16-foot diameter, two 8-foot diameter missile
telemetry tracking systems plus a four frequency downlink Airborne Data Link (ADL)
aircraft. With associated receivers, total number of video sources can be on the order of
forty. Although all sources are recorded on magnetic tape and can be played back, only
one or two sources can be displayed on high speed oscillographs simultaneously in “real
time.”

The Best Source Selector System (BSSS) was developed in order to display, in real time, a
continuous composite missile telemetry record which may consist of several individual
sources.

This System has been used continuously for the past three years for all missile telemetry
operations at the Atlantic Fleet Weapons Training Facility (AFWTF), Puerto Rico. It has
saved many man-hours of labor, searching tapes for bits and pieces of data and
consequently, preliminary flight analysis and reporting to firing units (QUICKREPS) have
been speeded up many fold.

Introduction.  The intent of this system is to determine and select the best analog data
source when given a set of several data inputs with time-varying quality. The basis of
comparison is a measurement of the signal-to-noise ratio (SNR) of each individual data
source.



1 Misha Schwartz, “Information Transmission, Modulation, and Noise,” McGraw-Hill, Inc., New
York, N.Y., p. 227, 1959

A Measure of Signal-to-Noise Ratio.  In an FM receiving system, the output signal-to-
noise ratio (SNR) is given by1

(1)

where F is the system noise figure and Si /Ni is the input SNR with an unmodulated carrier
input signal.

From equation (1), it is evident that the mean output noise power (No) can be written

(2)

or since

(3)

where G(W) is the band limited gain or transfer function of the receiving system. Because
receiver AGC circuitry maintains the product G(W)Si constant over the range of interest,
the mean output noise power is shown to be the inverse of the input SNR.

In general, equation (3) must be modified to include the non-linear end conditions
whenever the input SNR is very large or very small. No attempt is made here to modify
equation (3) for these conditions.

The inverse relationship of SNR and No is used, in this system, to establish a measure of
signal quality.

This system is designed specifically for a PAM-FM format video input signal where, at the
detected video level, the spectrum contains the PAM spectrum plus a translated video
spectrum as shown in Figure 1.

Figure 1.  PAM and Translated Video Spectra



It is evident from Figure 1 that there exists a gap in the spectrum between the PAM and
the translated video spectra, the mean output noise power is measured in the “unused”
portion illustrated by G()W). Physically, a high gain narrow bandpass filter is employed.
The mean output noise power is then given by,

(4)

where, G()W) is the transfer function of the filter.

A representative receiver was selected and measurements were made in order to
experimentally verify the inverse relationship between noise power output and SNR, to
obtain a measure of the order of magnitude of the parameters and establish end conditions.
Figure 2 illustrates these results.

 Figure 2.  Mean Noise vs SNR

From Figure 2 it is evident that the relationship between No and SNR is relatively linear.
Note that the curves G(W) and G()W) are the relative mean noise power measured for the
full receiver bandwidth and the filtered bandwidth respectively. For convenience, both
curves are normalized but the magnitude of G(W) is on the order of 30 db greater than
G()W). Also, it is evident that resolution is good through the mid-range of SNR but poor
at the non-linear ends. The area of most interest is, of course, the mid-range SNR; i.e., -10
to +40db.

System Description and Operation.  A simplified block diagram of the B.S.S.S. system
is shown in Figure 3.



Figure 3.  Simplified Block Diagram

The analog multiplex switch (MTPX-2), by action of Control Logic and Switching (CLS)
section continuously sequences or clocks the input of the analog processor through the
input sources. The analog processor filters, detects and integrates the noise content of each
source. The source containing the least noise power is detected and a d.c. voltage
proportional to its noise is held in a sample and hold circuit. Simultaneously, a signal is
sent to the CLS section which, when combined with other logic, sets a digital latch
memory to remember the best source. At the end of the frame; i.e., when all sources have
been sampled, the output of the latch memory is applied to the digital input of MTPX-1
which, in turn, outputs the best source.

The multiplexing analog switches select a given source, depending on the digital BCD
input; e.g., 000 = Ch. 1, 001 = Ch. 2, etc.

A block diagram of the analog processor is shown in Figure 4.

Figure 4.  Analog Processor Block Diagram

The comparison of the chosen best source’s sampled and held (SH) voltage and all other
sources occurs at the E point where the output of the integrator (negative) is summed with
the SH feedback. If a difference exists, and it is the proper polarity to indicate a better



source, the Schmidt trigger produces a logic 1 output. This output (ST) is used as a logic
input to the CLS section. In order to prevent adjacent channel crosstalk, it is necessary to
discharge the integrator capacitor at the beginning of each channel. The integrator
discharge circuit provides this function and its input, integrator discharge pulse (IDP), is
derived in the CLS section.

A slight bias is summed into the E point in order to require a better source to be better by a
preset amount. This bias is referred to as the “window” and its function is to limit the
amount of source-to-source switching when the SNR of a number of sources is within
fractional decibels of each other. The range of window adjustment is on the order of 0 to
5db.

Control Logic and Switching Section.  In order to define some of the inputs to the logic
circuitry, some digression is necessary.

In the SH circuit it is possible for the memory capacitor to bleed off some charge over
relatively long periods of time. This effect tends to make the selected source appear better
and better. For this reason, a coincidence circuit was added to update the SH memory on
the selected source once each frame. The logic output of this circuit is called COIN.

As will be discussed later, there is a circuit which determines if a particular source is valid.
The output of this circuit is called R and when at a logical 1 the source is determined valid.

Other deviations will become apparent when discussing the Control Logic and Switching
section as illustrated in Figure 5 (see following page).

Figure 5 contains the essential blocks for a typical eight input system, however, the same
logic is applicable for a system with n-inputs. The eight input system is most practical for
FLTAC’s application.

The logic expressions used for the control of the system are as follows:
(5)

(6)

where, L is latch 2 enable and SH is the sample and hold enable.

The three delay circuits noted in Figure 5 are identical except for time constants. The clock
(CLK) is used for the functions shown in equations (5) and (6). The first delay 



Figure 5.  Control Logic and Switching Section-Operational Block Diagram



circuit is used, in conjunction with the counter, to step through the various sources. The
second, to generate the IDP. The third delay circuit is used to generate a reset pulse from
the D output of the counter to reset the system and is also used as a sync output for testing.
The timing is shown in Figure 6.

Figure 6.  Timing-Delay Circuits

The width of the clock pulse is on the order of 1 millisecond. Since the output of the
integrator circuit is sampled and decisions made in regard to loading the SH circuit with a
new value, some settling time was required. The duration of the IDP, CLK and
CTRR/SYNC are on the order of one microsecond since these are essentially logic inputs.

Valid Source Detector.  This section of the system establishes a criteria by which a
receiver is graded valid or invalid. Due to the design dependence on the inverse
relationship between receiver noise output and video SNR, a dead or disconnected
receiver will be detected as an excellent source and will be selected. To prevent this from
occurring, a circuit consisting of a normalizing amplifier, binary counter, logic and RS
flipflop is used. The normalizing amplifier normalizes input pulses (noise or video) to
+5 volts to be compatible with the counter input requirement. The counter will count these
noise or video pulses. If the count exceeds a predetermined number (set by the logic), a
flip-flop will be set and the source will be considered valid (R=1). If, however, the count is
not reached, the receiver will be considered invalid. The required count is a function of the
minimum number of valid video pulses expected during a clock period. The flip-flop is
reset at the beginning of each channel by the IDP. The block diagram of the valid receiver
detector is shown in Figure 7.

Other Features.  A manual mode operation is provided. In this mode the BCD input to
MTPX-1 is disconnected from the rest of the system and an external BCD encoded switch,
is applied. Since most BCD encoded switches have ten positions; e.g., 0, 1, -------- 9, and
this system is designed for eight sources, the switch positions 0 or 9 combined with some
additional logic, place the system in the automatic mode.



 Figure 7.  Valid Source Detector

Connected parallel with the BCD input to MTPX-1 is a simple resistive D/A converter
which produces a source identifying step function. This function is used to annotate
telemetry records. Also parallel connected is a NIXIE or LED readout which tells an
observer which source the system is selecting.

Conclusion.  Although the system was designed for the telemetry data format of Figure 1,
the system performs with no noticeable degradation when used with other “incompatible”
formats.

Since most of the circuits in the above system are well known, no specific detail is given.
It should be noted that most analog circuits are standard operational amplifiers in standard
configurations. The digital circuitry is 7400 series TTL, however, C-MOS is used in the
analog multiplex switches and sample and hold circuit. Some discrete components were
used when necessary.

The characteristics of the system are summarized in the Table below.

1. Selects best one out of eight (expandable) sources.
2. Resolution: Less than 1/2 db (zero window).
3. Crosstalk less than 40db.
4. Minimum switching time: 10 milliseconds.
5. Maximum switching time: 80 milliseconds.
6. Time spent on each source: 10 milliseconds.
7. Valid source detector.
8. Video inputs are compatible with existing post detected receiver outputs.
9. Manual or automatic mode; manually selectable source.
10. BCD encoded output for LED/NIXIE display.
11. D/A output for oscillograph display of selected source.
12. Video output impedance: 6 ohms.
13. Size: standard 22/22 pin 8-1/8" x 4-1/4" pc card.
14. Power: ± 12-15 vdc and +5 vdc.



Acknowledgement.  Considerable time and design effort was spent by Mr. H. T. Herring
of FLTAC in the development of this system. A patent application has been applied for by
Mr. Herring and the author.



* Performed under Air Force Contract No. F04701-C-0077

Approximate Design Formulae and Procedures for Designing Hybrid
Telemetry Systems Using an FM Carrier*

Norman F. Lantz Myron H. Nichols
Telemetry Section Manager Consultant

The Aerospace Corporation The Aerospace Corporation
El Segundo, California El Segundo, California

Summary.  Approximate engineering design formulae are presented. These are based on
Rice’s model of pop plus fluctuation noise in FM receivers. Several design examples are
given. One hybrid system contains a baseband acoustic signal plus a PCM/FM subcarrier
and another system contains a baseband PCM signal plus two PCM/FM subcarriers.
Depending on carrier modulation parameters, the design formulae show that either pop
noise or fluctuation noise in the carrier discriminator output may predominate in
determining the bit error probability in the baseband and/or subcarrier services. Examples
of each are given.

The hybrid systems mentioned above were simulated in the laboratory. Test results are
presented and show satisfactory agreement with the design formulae.

Introduction.  The purpose of this paper is to present, test, and illustrate the use of
approximate engineering formulae for the design of hybrid telemetry systems using an FM
carrier. A hybrid telemetry system contains more than one type of multiplexing in the
baseband. An example is an acoustic signal occupying the low end of the baseband plus
subcarriers frequency modulated by PCM signals. Another is a PCM signal at the low end
of the baseband plus two PCM/FM subcarriers. The provisions for accommodating the
various data signals will be called services.

The distribution of the services in the RF link baseband depends on bandwidths, minimum
error rates, etc. required of each service and on available filters at the transmitting and
receiving ends. There is always a trade-off between quality and frequency location of
available filters and required received signal power. For example, if, because of filter
characteristics, it is necessary to increase the frequency separation between services, a
larger basebandwidth is required. This in turn, requires greater received carrier power
because of the parabolic fluctuation noise power spectrum in the carrier discriminator
output and because of the wider IF bandwidth required. There are also other technical
implications. For example, if carrier predetection recording is required, the maximum



practical IF bandwidth, using the IRIG Standard 900 kHz carrier, is about 1.5 MHz. If
wider IF bandwidths are required to accommodate the requirements, postdetection
recording is required. If the baseband exceeds 2 MHz, then baseband separation is
required prior to recording etc.

In the following, the units of frequency are Hertz and the amplitudes are in terms of carrier
deviation in Hertz.

Effects of “Pop” Noise in an FM Receiver.  In the range of carrier predetection signal-
to-noise ratios of interest, an FM discriminator introduces pulses called “pops” into the
output, reference 1. The pops can be of considerable importance in both analogue and
PCM services. For purposes of analysis, the pops are assumed to be delta functions of
strength (area) unity. Actually, depending on the ratio of IF bandwidth to video bandwidth,
the spectrum of the pops rolls off somewhat at the high end of the baseband.

In a hybrid system, the service at the low end of the baseband is filtered from the other
services by a low-pass filter. Since the pops are assumed to be delta functions of strength
unity, the output, L (t), from the low-pass filter due to the pops is the weighting function
(unit impulse response) of the filter. For purposes of analysis, we assume an ideal filter
with cut-off at fc Hz so that the maximum value of L (t) is

(1)

Similarly, for a bandpass service, the maximum output of the ideal predetection bandpass
filter of width )F due to pops is:

(2)

By using only the dominant terms in Rice’s formula (reference 1) for the expected number
of pops per second, simplified formulae for estimating performance are obtained. Let D=
predetection carrier signal-to-noise ratio. Then:

a) Constant deviation, f0 Hz

(3)

(4)

b) For sinusoidal modulation of amplitude A Hz-

(5)



c) For gaussian modulation of rms value F Hz:

(6)

Equations (5) and (6) can be obtained from equations (3) and (4) by averaging over the
probability density function involved. Similarly, if the hybrid telemetry baseband consists
of an acoustic signal (assumed to be gaussian) plus an FM subcarrier (assumed to be
sinusoidal) the probability density function of the sum is the convolution of the two density
functions. In the range of interest for such a telemetry system, the density function of the
sum may be approximated by a uniform density f (x) = 1/3.4 . for x < 1.7 . where . = rms
value in Hz. When averaged over equations (3) and (4) this gives

(7)

For use as approximate design formulae, equations (5), (6), and (7) give essentially the
same result. Laboratory test results, to be presented later, demonstrate the validity and
usefulness of these results.

The two sided baseband noise spectrum Sbb (f) can be modelled as the sum of the pop
noise spectrum and the fluctuation noise spectrum, reference 1, to give, assuming on the
average N+ = N-

(8)

where B = IF bandwidth.

In addition to the effects of IF thermal noise, intermodulation between the services must be
taken into account. The intermodulation is a result of non-linearity of the transmitter
modulator and the receiver demodulator and phase non-linearity in the receiver
predetection pass bands plus non-linear effects in the recording medium. The latter will
depend on whether predetection or postdetection recording is used. Intermodulation data in
terms of the notch noise loading test as a function of amount of carrier modulation, IF
bandwidth, and modulation bandwidth are available from the ranges. These data plus the
mission data requirement serve as inputs to the design of the hybrid system.

The spectrum overlap of the services must be considered in laying out the baseband. The
amount of overlap power permitted depends, of course, on precision requirements of
analogue data, bit error probability of PCM data, etc., data reduction methods and quality
and frequency of separation filters used. A rule of thumb, for starting the design, is to
separate the services by at least one half of the 3 dB spectral bandwidth of the wider band



service. This assumes that the services are operating at about the same power level. For
example, in Figure 1, the acoustic service is separated from the PCM service by about half
the 3 dB bandwidth of the spectrum of the PCM service. In Figure 1 the PCM service
sidebands are suppressed by premodulation filtering with a seven pole constant delay low-
pass filter with 3 dB point at half the bit rate. In some cases, it may be desireable to use
IRIG Standard subcarrier frequencies and bandwidths. Generally, this requires a greater
basebandwidth than the minimum possible. As stated in the introduction, this implies a
penalty on required received carrier power and IF bandwidths. In some cases, this may be
acceptable because of the advantage of using IRIG Standard subcarriers. If the services are
closely spaced in the baseband, it is usually necessary to test the telemetry system with the
filters and baseband spectrum as in the following section.

Laboratory Verification of the Design Formulae-Test #1.  The baseband for these tests
consisted of an acoustic service, simulated by lowpass filtered thermal noise, situated at
the low end of the baseband and a NRZ PCM service frequency modulating a subcarrier
with each service shown separately in Figure 1. The 3 dB bandwidth of the thermal noise
was 50 kHz and the bit rate was fb = 100 kb/s. The peak-to-peak deviation of the PCM
subcarrier was 0.7 fb = 70 kHz. Figure 1 shows three degrees of PCM premodulation
filtering by a seven pole constant delay filter with 3 dB points at 0.5 fb, 0.7 fb and fb. (The
shift in frequency was apparently due to small changes in the DC component in the output
of the filter. ) The output of the FM signal generator was fed into the 10 MHz IF of the FM
receiver. A block diagram of the test set up is given in Figure 2.

Using the baseband configuration of Figure 1 with premodulation filter at 0.5 fb, the test
data shown in Figures 3 and 4 were obtained. For this test, the rms carrier modulation was
150 kHz with 130 kHz rms due to the 150 kHz PCM service and 75 kHz rms in the
simulated acoustic service. The 1 MHz IF bandwidth was used. The IRIG Standard PN
sequence of 2047 bits was used for the PCM input. Figure 3 shows the bit error probability
versus S/N in the IF with and without the acoustic signal. Figure 4 shows the NPR (noise
power ratio) at 34 kHz in the acoustic channel, measured in a narrow frequency slot by the
notch noise test equipment, with and without the PCM service. Figures 5 and 6 are the
same as Figures 3 and 4, respectively, except the modulation due to the PCM subcarrier
and the simulated acoustic signal was 106 kHz rms each, giving a total of 150 kHz rms.

To show the effects of reduced carrier modulation on the PCM service a test was run with
the baseband configuration of Figure 1 but with 56 kHz rms carrier modulation. The carrier
modulation due to the PCM subcarrier was 51 kHz rms and that due to the simulated
acoustic signal was 25 kHz rms. The 750 kHz IF bandwidth was used. Figure 7 shows the
results for the PCM service.



Test #2.  The baseband for this test contained three PCM services, consisting fo 77 kb/s
NRZ directly on the baseband plus two 12.8 kb/s NRZ services frequency modulated onto
an 80 kHz subcarrier and a 112 kHz subcarrier, respectively. All services were pre-
modulation filtered at one half the bit rate with the EMR #4190 low pass filter with
constant delay. The frequency modulation of the subcarriers was 9 kHz p-p which is 0.7 of
the bit rate. The spectrum is shown in Figure 8. The carrier modulation due to the 77 kb/s
service was 27 kHz peak. The carrier modulation due to the subcarriers was 80 kHz peak
for the 80 kHz subcarrier and 112 kHz peak for the 112 kHz subcarrier. The predetection
bandwidths of the EMR #4142 subcarrier discriminators were ±15% and ±7.5
respectively. The 500 kHz IF bandwidth was used. Figure 9 shows the measured bit error
probability for each of the services as a function of IF signal-to-noise ratio, D in dB.

Discussion of Test Results-Test #1.  The predetection noise bandwidth of the subcarrier
discriminator in Figure 2 is approximately 125 kHz. Equation 2 predicts the maximum
response to the pops for this value of )F to be 250 kHz. This is larger than the carrier
modulation due to the subcarrier in Figures 3, 5, and 7. Assuming that pop noise
predominates over fluctuation noise in determining the bit error probability, Pe,
Equation (7) can be used to estimate Pe. If it is assumed that, on the average, a positive
pop has a 50% chance of destructive interference with the subcarrier and likewise for a
negative pop then Pe can be estimated by Equation (9). The results are plotted as ) points
in Figures 3, 5, and 7.

(9)

If fluctuation noise predominates, the Pe can be estimated by using the second term on the
right of Equation (8) to determine the subcarrier predetection S/N expressed in a
bandwidth equal to the bit rate, fb, and using the standard NRZ-PCM/FM error probability
curves. Th results are plotted as ~ points in Figures 3, 5, and 7. Note that pop noise
predominates in Figures 3 and 5 and fluctuation noise predominates in Figure 7. The
agreement between calculated and observed data points is satisfactory.

Equation (8), corrected for overlapping sidebands, was used to calculate the S/N in the
34 kHz notch of the Marconi notch noise loading test set. The results are plotted as )
points in Figures 4 and 6. The agreement between calculated and observed data points is
satisfactory.

As a test of Equation (5) the waveform out of a low-pass filter with only the PCM service
on was photographed and the pops per second, plus and minus, counted for D = 3 and 5
and 51 kHz rms carrier modulation. From equation (5) the predicted numbers were 2140
and 340, respectively. The observed numbers were 2300 and 260 approximately. To test



Equation (1), a calibration sinewave of 150 kHz peak was superimposed on the pops as
shown in Figure 10. The low-pass filter was set for constant amplitude with 7 poles and
the 3 dB point was at 50 kHz. Equation (1) predicts peaks of 100 kHz assuming ideal low-
pass filter with vertical cut-off at 50 kHz. The overall agreement appears to be satisfactory.

Test #2.  The 77 kb/s service was filtered from the received baseband by an EMR #4190
low pass filter with 3 dB point at 38.5 kHz. Equation (1) predicts a pop height of 77 kHz
which is more than twice the peak carrier deviation of 27 kHz. Thus, it is expected that
every pop of opposite polarity of the bit pulse causes an error so that equation (9) can be
used to estimate the error probability. The nominal predetection bandwidth of the 80 kHz
discriminator was 24 kHz and of the 112 kH discriminator was 17 kHz. Equation (2)
predicts pop heights in these bandwidths of 48 and 34 kHz respectively. Since the
respective peak carrier modulation was 80 and 112 kHz, it takes a superimposed effect of
at least two pops to exceed the carrier modulation of 80 kHz and of at least three pops to
exceed the 112 kHz carrier modulation. From equation (8), neglecting intermodulation and
spectrum overlap, the predetection subcarrier SNR due to fluctuation noise is
approximately 21D for the 80 kHz subcarrier and 29D for the 112 kHz subcarrier, where D
is the IF SNR. Thus, fluctuation noise is insignificant compared to pop noise. Figure 11
consists of oscillograms showing the effect of pop noise on the 80 kHz subcarrier for D =
1.6 (2 dB) with only the 80 kHz subcarrier modulating the carrier at 80 kHz peak. The top
trace in each case is the predetection 80 kHz waveform. The center trace is the output of
the lowpass filter used to recover the 77 kb/s service (service not present) and the bottom
trace is the output of the 80 kHz discriminator with the 12.8 kb/s service present for 11a
and absent for 11lb. The pops produced in the carrier discriminator output, shown in the
center trace, cause the 80 kHz predetection filter to ring causing interference with the
80 kHz subcarrier as shown. The resulting erratic phase causes pops in the subcarrier
output. Since the superimposed effect of at least two pops is required to produce a pop in
the subcarrier discriminator, the number of pops in the subcarrier discriminator output is
much less than in the carrier discriminator output.

In order to develop approximate formulae, we first assume that occurrence of the pops in
the carrier discriminator is not correlated and that, for the 80 kHz subcarrier, at least two
pops must occur within a time ( equal to the reciprocal of the subcarrier predetection
passband. With these assumptions the approximate result is

(10)

where (b = bit period and ( = expected number of pops per second = N+ + N- . A factor of
1/2 occurs because the subcarrier discriminator pop must be of polarity opposite to the bit
pulse to cause an error. In order to test this assumption, free from overlap of the spectra of



the other services, Pe was measured using the 80 kHz subcarrier alone and is plotted in
Figure 12. In this case, the estimated number of pops, 8, per second produced by the
carrier discriminator is given by equation (5) with A=80 kHz. The nominal predetection
bandwidth of the 80 kHz subcarrier was ±15% or 24 kHz. Therefore, for this case, (–(b/2,
and equation (10) becomes

(11)

These are plotted as ) points on Figure 12. Note that the fit is fairly good for the high Pe

end but diverges on the low side for low Pe.

To obtain equation (10), it was assumed that the pops were uncorrelated. This leads to an
under estimation of errors for larger SNR as seen. Correlation can be taken into account as
follows. In the derivation of the approximate equations (3) and (4), it is assumed that the
condition for the occurrence of a pop is that the envelope of the noise exceeds the
amplitude of the carrier. When the carrier is frequency modulated by a sinusoid, pops are
most likely to occur at the extrema of the sinusoid and of opposite sign. This explains why
in Figure 11 there appears to be more destructive than constructive interference in the
subcarrier pre-detection channel (top trace). Suppose that at time t, the noise envelope has
value and at time t + ( it has value R2. The joint probability density function of R1 and R2

is given by equation 3. 7 - 13 of reference 2. The correlation for an ideal bandpass IF filter
is given on the same page. The probability that a pop can occur at t and at t + ( is the
integral of the joint density function from R1,2 =Ae to R1,2= 4. This was done using
asymptotic approximations for theBessell function Io(x) and for the erfc (x) so that the
results are valid for D>6 (8 dB or so. Assuming an IF bandwidth of 5 x 105 Hz and setting
(=6.25 x 10-6 sec, which is the half period of the 80 kHz subcarrier, the normalized
correlation coefficient is approximately 0.05. The calculated bit error probability is,
approximately

(12)

where A=peak carrier deviation of the 80 kHz subcarrier = 80 kHz and fb = bit rate
= 12.8 kb/s. With these values

(13)



The results are shown in Figure 12. The estimated Pe curve is obtained by using equation
(11) for large Pe and the “Rice” results for low Pe. The agreement is satisfactory.

The situation in the 112 kHz subcarrier is similar except that the superimposed effects of at
least three pops are required to cause a high probability of a bit error. Figure 13 is a plot of
Pe for this subcarrier alone. The nominal predetection bandwidth is ±7.5%. Under the
assumption that the pops are uncorrelated the approximate result is

(14)

This shows a tendency to diverge on the high side for large Pe. Even so, the agreement is
within 1 dB over the range of interest.

In order to estimate the bit error probabilities when all three service are present, the total
baseband signal can be modelled roughly as a gaussian in which case equation (6) can be
used to estimate the pop rate in the output of the carrier discriminator. The rms value of the
carrier modulation, F, in this case is approximately 100 kHz. Thus, the estimate of the bit
error probability for the 77 kb/s service is

(15)

the estimate of Pe for the 80 kHz subcarrier service based on independence of pop
occurrence is

(16)

and when correlation is taken into account

(17)

The estimate of Pe for the 112 kHz subcarrier service based on independence of pop
occurrence is

(18)

These results are plotted on Figures 9a and 9b. The agreement with the data appears to be
satisfactory for design purposes. The excess bit error probability, particularly for the
80 kHz channel, over the estimated value is due to overlapping side band power from the
other services. This is verified by comparing Figure 9b with Figures 12 and 13.



Conclusion.  In spite of the rough approximations made, the design formula developed in
this paper appear to be adequate to explain the test results. They also appear to be
sufficiently accurate for design purposes.
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Figure 1. Spectra of the Simulated Acoustic
Service and the PCM Service. The three traces of
the PCM service represent premodulation filtering
with break points at 0.5 fb, 0.7 fb and fb where
fb = bit rate. The Horizontal Scale is 50 kHz/div
and the Vertical Scale is 10 dB/div.



Figure 2.  Block Diagram of Test Setup

Figure 3.  Bit Error Probability versus Carrier S/N



Figure 4.  S/N in the 34 kHz
Figure 5.  Bit Error Probability

Notch versus Carrier S/N versus Carrier S/N

Figure 6.  S/N in the 34 kHz Figure 7.  Bit Error Probability
Notch versus Carrier S/N versus Carrier S/N



Figure 8.  Baseband Spectrum
Horizontal: 20 kHz/DIV
Vertical: 10 dB/DIV
Video Filter: 100 Hz
IF Bandwidth: i kHz

Figure 9 (a).  Baseband Figure 9 (b).  80 kHz and 112
(77 kb/s) Service Bit Error kHz PCM Services Bit Error
Probability versus Carrier S/N Probabilities versus Carrier S/N



Figure 10.  Oscilloscope photograph showing
superposition of pops and a calibration sine

wave. The sine wave represents a carrier
modulation of 150 kHz peak.

(a)  0. 2 ms per division sweep, (b) 2 ms per division sweep, 
= 2 dB. The 12.8 kb/s service = 3 dB. The 12.8 kb/ s service 
is present. is not present.

Figure 11.  Oscillograms for the 80 kHz subcarrier alone. The top trace is the
predetection wave form. The middle trace is the output of the low pass filter used to
receive the 77 kb/s service (not present) and the bottom trace is the output of the 80
kHz subcarrier discriminator.



Figure 12.  Measured and Estimated Figure 13.  Measured and Estimated 
Results for 80 kHz Service Alone Results for 112 kHz Service Alone



Comparison of Analog and Digital Transmissions for Multichannel Voice

J. Neil Birch
Office of the Secretary of Defense

Very often the statement is made that the transmission of multichannel voice by digital
means does not compare favorably with analog transmission methods, e.g., FDM/FM or
SSB. The purpose of this paper is to reexamine this statement in light of modern source
coding techniques, high efficiency digital and dual polarization transmission techniques. It
is shown that with the proper choice of voice digitizing technique, the use of bulk
redundancy removal techniques and the use of high efficiency transmission techniques,
digital systems can compete favorably with their analog equivalents in terms of economy
of bandwidth. This paper does not attempt to resolve the question of whether or not
multichannel voice transmission by digital means can compete favorably with its analog
equivalent in terms of cost. The results of this paper are applicable to line-of-sight
microwave links such as satellite or conventional terrestrial microwave.

Rapid improvements in digital switching, multiplexing, modems, guided media, etc., are
factors which influence the trend toward all digital networks. These factors, coupled with
the noise immunity and regeneration properties of digital systems, must be considered in a
complete economic analysis. The large investment in analog transmission systems by the
terrestrial carriers will moderate the introduction of all digital networks.

To compete favorably with analog multichannel transmissions, digital systems must
provide, within current RF bandwidth allocations, approximately the same number of voice
channels. Table 1 shows the current and projected capabilities of the several LOS
terrestrial and satellite systems.

TASI-E stands for Time Assignment Speech Interpolation and is under development by
AT&T to provide a 2 to 1 bandwidth compression or an equivalent 2 to 1 increase in the
number of analog channels by taking advantage of the silence intervals in speech.

The satellite links are in general power limited and not bandwidth limited. Typical Intelsat
IV signal-to-noise ratios at a large ground station are limited to 20 db and 31 db for global
beam and spot beam operation, respectively. These SNR values are measured in a 36 mhz
bandwidth and limit the capacity of the system. On the other hand, LOS terrestrial systems
are bandwidth limited and not power limited. Therefore, in both cases the classical



Table 1

System BW # Voice Channels
Carrier
 Freq. 

TD-2
TH
TN
SSB
TD-2/TASI-E
TH/TASI-E
SSB/TASI-E
Satellite (Intelsat,WU)
Satellite(Intelsat, WU)/TASI-E
Satellite (SBS)

20 mhz
30 mhz
40 mhz
30 mhz
20 mhz
30 mhz
30 mhz
36 mhz
36 mhz
54 mhz

1200 (current), 1800 projected
1800 (current), 2700 projected
1800 (current)
6000 projected
3600 projected
5400 projected
12000 projected
900 to 1200 (single carrier/transponder)
1800 to 2400 projected
will depend on final design

4 ghz
6 ghz
11 ghz
6 ghz
4 ghz
6 ghz
6 ghz
4, 6 ghz

12, 14 ghz

power-bandwidth tradeoff is of interest. A particularly lucid discussion of the power -
bandwidth tradeoff can be found in a recent article by Bedrosian.1

From the data in Table 1, it is apparent that digital LOS microwave terrestrial systems
must compare favorably with a number of analog multichannel techniques. For example, a
digital approach must be capable of providing 3600 voice channels in a 20 mhz bandwidth
(TD-2/TASI-E) or as high as 12, 000 voice channels in a 30 mhz bandwidth
(SSB/TASI-E).

The generic digital system is shown in Figure 1. The transmit portion of the system
includes analog to digital (A/D) converters and a multiplexer/bulk redundancy removal
device. The A/D converters for each speech channel will differ in technique depending
upon the bit rate per voice channel. The voice processing techniques(A/D’s) are chosen so
as to provide essentially equal performance (intelligibility and quality) as the bit rate is
changed as shown in Table 2.

The redundancy removal device in Figure 1 takes advantage of multichannel voice
statistics to provide a maximum compression factor (CF) of 4 at an A/D conversion bit rate
of 64 Kb s and 2.5 at an A/D conversion bit rate of 8 Kbps. Theoretically, the compression
factor (CF) of 4 should apply to the range of A/D conversion bit rates, however, practical
considerations dictate a reduction in the compression factor with reduced A/D conversion
rates. These redundancy removal devices are typified by AT&T’s TASI-D, Intelsat’s
Digital Speech Interpolation equipment and the Bell Aerospace Vocoplexer.2

Figure 1 also shows high efficiency modems followed by vertical and horizontal
polarization transmitters. The polarization isolation is assumed sufficient, e.g., 35 db, to



provide independent digital transmissions on each polarization. Polarization isolation is
employed in Intelsat IVA and RCA’s DomSat for frequency re-use and on LOS terrestrial
microwave systems to allow the use of contiguous adjacent channels. Digital transmissions
have the advantage over analog transmission in that polarization isolation transmission can
be used in some cases to double the effective capacity of digital LOS links within a single
RF channel.

A summary of high efficiency modem technology is provided in Table 3. Modems capable
of 3 bit per hertz are under test and appear feasible and higher efficiency modems are
being researched. The use of polarization isolation transmission can increase by a factor of
2 the capacity of terrestrial LOS microwave system particularly when the more robust
modulation techniques are employed, e.g., modem efficiencies # 2 bphz. For higher
modem efficiencies, i.e., bphz $ 3, the demand on polarization isolation may be excessive
and research is required to determine the applicability of polarization isolation
transmission to high efficiency modems.

The number of voice channels which can be realized in a given RF bandwidth can be
determined from equation 1. P. F. is the polarization factor for dual polarization
transmission.

voice channels = (R. F. B. W. in hz) X (bphz)X(2.5#CF#4)X(1#PF#2)
bit rate of voice coder

equation 1

Assuming that a 2.5 bphz modem is used in conjunction with a compression device
(2.5<CF<4), eq. 1 is plotted in Figure 2 for 20 and 30 mhz RF bandwidths. Polarization
isolation transmission is not used to obtain the data in Figure 2. Also included in Figure 2
are typical results for Intelsat IV operating with large ground stations (G/T = 40.7 db/EK),
spot beam coverage, and 8N PSK modulation.

Conclusions

Digital systems for multichannel voice can be designed to compete favorably with analog
transmission systems. The use of lower bit rate voice coders and bulk redundancy removal
techniques such as TASI-D are essential. An average value of CF x bphz = 9 appears
practical with today’s technology. With a voice coder bit rate of 16 kbps, based on
adaptive predictive coding or voice excited LPC, combined with a CP x bphz = 9 provides
a digital system with a capacity greater than analog multichannel SSB (12,000 channel).
Significant increases in the number of voice channels over satellite can be achieved
through digital schemes described above. While these techniques do not apply to voice
bandwidth channels used for data transmission, the current and future projections show a



9:1 ratio in favor of voice carried over satellite and terrestrial microwave. Therefore, the
techniques discussed are important in view of the predominance of voice.

While it has been shown that digital systems can provide increases in the number of voice
channels in a given RF bandwidth, the demand for such increases will ultimately determine
how fast these digital systems are implemented.

Table 2
Voice Coding Technique with Approximately Equal Performance

 Bit Rate Kbps Voice Coding Technique
Compression
Factor (CF)

  8
16
32
64

Voice Excited Linear Predictive Coder
Adaptive Predictive Coder
Adaptive Differential PCM
Companded PCM

2.5
3.0
3.5
4.0

Table 3
Comparison of Modulation Techniques

Efficiency in
bit per hz

Ave S/N for
10-6 BEP

4 level FM
Minimum Shift Keying
8 level FM
Quadrature PSK
Quadrature Partial Response-3 level
8N PSK (3)

16-ary Amplitude Phase Keying (4)
Quadrature Partial Response-7 level

1.0
1.1
1.5
1.5
2.0
2.5
3.0
3.3
3.5

20 db
12 db
25 db
12 db
17 db
19 db
25 db
25 db
23 db



Figure 1   Generic Digital Transmission System

Figure 2   Voice Channels vs A./D Bit Rates
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VHF ADAPTIVE ARRAY TEST RESULTS

Andrew E. Zeger and Lawrence R. Burgess
General Atronics Corp.

Philadelphia, PA.

Summary.  A four-element Anti-Jam Antenna Array (AJAA) system has been built1,2,6 to
provide protection for U.S. Marine Corps inter-command post communications in the
30-76 MHz band. A unique and important feature of the AJAA system is its ability to
spatially null jammers down to a level below that of the desired signal. This capability and
the prevention of accidental cancellation of the desired signal is achieved by using the
desired signal’s direction-of-arrival (DOA) in a prebeamformer located ahead of the
adaptive beamformer. A positive S/J at the array output is required to prevent capture by a
co-channel interference in standard FM field radios. Antenna range tests were performed
on the AJAA system using AN/PRC-77 radios as far-field signal and jamming sources.
Results of these tests show that the AJAA provides an intelligible FM voice signal at its
output while simultaneously suppressing three jammers.

Introduction.  The radios used at a command post and with which the AJAA operates are
VHF-FM field radios like the AN/PRC-77 and the AN/VRC-12. Table 1 contains an
abbreviated list of specifications for the PRC-77 radio.

Jamming sources operating on the same RF as the desired signal could arrive from any
direction. The postulated operating environment includes one desired signal and up to
three jammers interspersed in a 360E azimuthal field of view, as shown in Figure 1.

Principles of Operation.  The Anti-Jam Adaptive Array (AJAA) uses a form of the Least
Mean Square (LMS) algorithm3 to automatically null directional jammers received at the
antennas. The array consists of a main antenna (M) and three auxiliary antennas. Signals
received by these four antennas are combined in a prebeamformer to create sum (E) and
three difference ()1, )2, )3) outputs. The ) outputs are weighted in phase and amplitude
by the adaptive beamformer. Each adaptive beamformer weight is controlled by an LMS
feedback loop to minimize jammer power output.

The jammer suppression offered by a typical adaptive array without any E and )
prebeamforming is directly proportional to the jammer-to-signal (J/S) ratio at the input to



each antenna.4 In other words, the stronger the jammer (with respect to the desired signal),
the more it is rejected by prior adaptive array designs. Therefore, in situations where the
input J/S power ratio is modest (0-5 dB), jammer suppression by prior AA designs would
be marginal. To overcome this situation, a prebeamformer has been provided to insure a
high input J/S power ratio at the three adoptively controlled beamformer inputs.

A conceptual block diagram of the AJAA is shown in Figure 2. All signal processing is
performed at IF, after the received antenna signals are downconverted from the
30-76 MHz RF by the four RF/IF converters.

The prebeamformer consists of three phase shifters, one each for auxiliary antennas 1, 2, 3,
and a sum and difference network made up of signal splatters, combiners, and three 180E
hybrid couplers. A two-antenna embodiment of the prebeamformer concept is shown in
Figure 3. Using a priori knowledge of the desired signal’s direction of arrival (DOA) the
phase shifters are programmed so that these desired signal components from each antenna
become phase aligned. Consequently, the composite antenna pattern of the E-output port
nominally has 6 dB of gain in the direction of the desired signal.

The difference patterns )1, )2, )3 form the inputs to the weighted channels of the
adaptive beamformer. Since each antenna’s signal has been shifted to be cophasal in the
desired signal direction, the difference patterns have a null in the direction of the desired
signal; hence, the desired signal cannot be accidentally nulled.

The adaptive beamformer combines the four outputs of the prebeamformer in one
unweighted (E) and three complex weighted channels to provide jammer rejection.
Separate LMS loops are provided for each in-phase and quadrature weight, yielding six
loops.

The AA which was fabricated to perform the above functions is shown in Figure 4.

Antenna Array Description.  Four RC-292 antennas, mounted on the crossbar structure
shown in Figure 5, constitute the receive array of the AJAA system. Table 2 contains
specifications for the RC-292 antenna. Each antenna element is located at the corner of a
square, 2.8 meters (9.2 ft) from the center of the crossbar structure. The result is a square
array whose side is four meters (13 feet). To keep the antenna radials from touching the
ground, each antenna base is mounted on a 2.5 meter (8 foot) mast. A square array
configuration is used to minimize the information needed by the programmable calculator
in determining the phase shifts for the prebeamformer. The feed point of each antenna is
connected by cable to a separate RF/IF converter. After downconversion, each antenna IF
signal is fed to an input port of the AJAA processor.



Antenna Range Test Setup.  The AJAA system was tested outdoors, using PRC-77
radios as remote signal and jamming sources. The tests were conducted over the period
from 25 April to 1 June 1977 at the antenna range of the Naval Air Development Center,
Warminster, PA.

Figure 6 depicts the layout of the AJAA system and associated test equipment at the
antenna range. The four-element receive array of RC-292 antennas was assembled on a
trailer-mounted rotatable pedestal. Coaxial cables were run from the base of each antenna
to the RF/IF converters and the AJAA processor inside the trailer. Four remote
transmitting sources, consisting of an RC-292 antenna and a PRC-77 radio were placed in
various directions around the trailer at ranges varying in range from 700 to 850 ft. Variable
step attenuators were placed between each radio and antenna to allow adjustment of the
transmitted power level. Three RF carrier frequencies, 36.5 MHz, 50 MHz and 72 MHz
were transmitted. Field wire was run from the trailer to each remote transmitter so that the
radios could be keyed and modulated. Test equipment was installed to monitor AJAA
performance visually (on a spectrum analyzer) and aurally (through a PRC-77 receiver and
speaker) and to record far-field antenna patterns.

Antenna Range Test Results.  Jammer suppression was measured quantitatively using a
spectrum analyzer display and qualitatively by listening to the AN/PRC-77 receiver audio
output. The spatial (azimuthal) performance of the AJAA was observed by recording
antenna patterns.

At each of the three test frequencies, jammer suppression tests were run for incident S/J
ratios of approximately +10 dB, 0 dB, -10 dB, and -20 dB. The desired signal was located
at a 0E azimuth and the three jammers were located at -42E, -90E, and +155E. In this test,
one or two of the loops in the adaptive beamformer were often disabled in order to study
the relationship between the number of active loops and the Jammer suppression.

Table 3 contains data for the jammer suppression test at 72 MHz for a nominal -10 dB
input (S/J). For each jammer or combination of jammers, the data for the suppression test
is read across the table. The term (S/J)i which denotes the input signal-to-jammer power
ratio is computed by dividing the signal power by the total average jammer power. When
more than one jammer is present, no indication is given of the (S/J)i for each jammer. The
term (S/J)0 which denotes the AJAA output signal-to-jammer power ratio is computed the
same way.

The last row in Table 3 shows that an output (S/J) of 20 dB was achieved by the AJAA on
three jammers of equal incident power level. Since a 5 to 10 dB output (S/J) yields highly
intelligible voice5 with FM, the 20 dB output (S/J) provided by the AJAA is more than
adequate for voice transmission in the presence of jammers. Similar tabular results of



quantitative jammer suppression were recorded at other frequencies and (S/J)i

combinations.

The quality of desired signal voice in the presence of jammers at the AJAA output was
monitored using an RF of 72 MHz and evaluated in Table 4. Voice quality at the AJAA
output was given four different possible ratings. A “Good” rating meant that the received
voice signal was perfectly intellible with very little, if any, distortion or static
accompanying it. A “Fair” rating meant that the received voice signal was intelligible, but
contained enough background noise to be distracting to the listener. A “Poor” rating meant
that the voice signal could be understood with difficulty and contained enough audio noise
and distortion to be annoying to the listener. A “None” rating meant that the voice signal
was totally unintelligible or that an undesired voice signal (i.e., a jammer) was being heard.

The results in Table 4 show that “Fair” to “Good” quality ratings were achieved by the
AJAA, using several different combinations of LMS loops on one or two jammers. The
AJAA provided high intelligibility voice signals with occasionally noticeable background
noise on a desired signal in a multiple jammer environment. The capability of the AJAA
system to adapt automatically to a changing jammer environment was successfully
demonstrated by moving one of the jammer sources around the test range on a vehicle. No
interruption was discernible in the clear reception of the desired signal. It was also
established during this test that acceptable signal quality could be maintained when the
jamming source was as close as 5E away from the desired signal in azimuth.

AJAA Azimuthal Power Patterns.  The array pattern (after adaption) was plotted as a
function of azimuthal DOA for several combinations of RF incident signal and jammer
power levels, number of jammers, and number of LMS loops enabled. One representative
plot taken at 72 MHz for three jammers is shown in Figure 9. Jammer 1 was located at
-42E, J2 at -90E, and J3 at +155E. With respect to the response at the desired signal DOA
at 0E, the nulls on Jammers 1, 2 and 3 were 28 dB, 20 dB and 27 dB, respectively. Figures
8 and 7 contain array patterns for two jammers and one jammer, respectively.

The AJAA output patterns verify the theory that led to the AJAA system design -- that an
adaptive array, using desired signal DOA information, can reject cochannel jammers by
forming array nulls in the jammer directions.

Interelement Coupling.  In its present design, the AJAA prebeamformer provides sum
(E) and difference ()) patterns by introducing phase shifts calculated from knowledge of
the desired signal DOA. These calculations are based on the assumption that the azimuthal
power pattern of each element in the array is omnidirectional. Test results show that
interelement coupling distorts these individual patterns by as much as ±3 dB from an
omnidirectional pattern. As a consequence, the predetermined E and ) patterns created by



the prebeamformer were established empirically rather than computationally during field
testing.

It is the object of future work to either include interelement coupling effects in computing
the phase and amplitude necessary to steer prebeamformer signal nulls or to automate the
empirical process of setting prebeamformer nulls.

Computer programs are available which accurately predict antenna patterns when
interelement coupling is present. If this information can be stored conveniently in the
AJAA computation circuitry, it will be possible to set prebeamformer nulls
deterministically by cascading programmable attenuators with the programmable phase
shifters already present in the AJAA prebeamformer.

A possible way to automate the empirical setting of prebeamformer nulls is to activate the
desired signal source on command for a short period of time and automatically null the
desired signal in the three )-ports. The control values which yield these nulls (e.g., phase
shifts and attenuation settings) would then be stored and the AJAA operated.

Broadband Antennas.  The RC-292 antennas used in the AJAA range tests are ground
radial monopoles and are inherently narrowband. Retuning the antenna for major
frequency changes in the 30-76 MHz band requires that one physically either add or
remove 20" pieces from the radiating and ground sections. The incorporation of broadband
antennas such as fat dipoles or biconical structures into the AJAA configuration is another
subject of future investigation.
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TABLE 1:  SOME SPECIFICATIONS OF THE AN/PRC-77 RADIO SET

Function
Transmitting and

Receiving Field Radio

RF Frequency Range
Transmitter RF Output Power Level
Characteristic Impedance
Receiver Sensitivity

Audio Frequency Range (Voice)
Maximum FM Deviation
Carrier Frequency Accuracy

of Transmitter
Channel Spacing
6 dB IF Bandwidth

30.0 MHz to 75.95 MHz
1.3 to 2 watts
50 ohms
0.5 soft microvolts
(1.0 hard microvolts or -113 dBm)
300-3000 Hz
±10 kHz from carrier
±3.5 kHz from dial reading

50 kHz
32 kHz

TABLE 2:  SOME SPECIFICATIONS OF THE RC-292 ANTENNA EQUIPMENT

Function

Frequency Range
Type

Length of Radiating Element

Radiation Pattern in Horizontal Plane
Input Impedance
Maximum Erected Height, Including Tower

Antenna for transmit/receive operation in
conjunction with AN/PRC-77 or VRC-12
radio sets
20 to 76 MHz
Quarter-wave vertical monopole with
three ground plane elements
3.7 feet to 11 feet, depending on the
number of sections
Omnidirectional
50 ohms

41.5 feet





FIGURE 1
POSTULATED JAMMER AND SIGNAL ENVIRONMENT

FOR A USMC COMMAND POST

FIGURE 2
ADAPTIVE AJ ANTENNA ARRAY SYSTEM



FIGURE 3
PREBEAMFORMER FOR ISOLATING JAMMERS

PRIOR TO ADAPTIVE NULLING

FIGURE 4 - ADAPTIVE ARRAY PROCESSOR



FIGURE 5   RC-292 ANTENNAS

FIGURE 6 SKETCH OF ANTENNA RANGE TEST SETUP



FIGURE 7  AJAA IF OUTPUT PATTERN FOR SIGNAL AND
ONE JAMMER RF - 36.5 MHz

FIGURE 8  AJAA IF OUTPUT PATTERN FOR SIGNAL AND
TWO JAMMERS RF - 50 MHz

FIGURE 9 AJAA IF OUTPUT PATTERN FOR SIGNAL AND
THREE JAMMERS RF - 72 MHz



Self-Steering Arrays
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Summary - Self-steering arrays using complete receiver-transmitter-signal processing
systems to direct the beam of an antenna automatically have been developed. These
systems offer an alternative to mechanically gimballed systems for satellite communication
applications. The operation of such systems using either a pilot signal or a phased lock
loop technique for self-steering is described. Also described is an engineering model built
for satellite-to-earth communications which incorporates these techniques. Additionally,
other systems now in breadboard configurations are mentioned briefly. A summary of
power requirements for a projected 25-module system has been included to indicate the
feasibility of larger systems. Test results for the engineering model have proved
satisfactory, and show that these systems can definitely be valuable in applications similar
to the tracking and data relay satellite system (TDRSS) described here.

Introduction - Self-steering antenna arrays are a type of adaptive array that collimates and
steers a main beam in the direction of desired incoming signals. This paper gives a
background of the development of such self-steering technology, a review of the systems
that have been developed and an example of the application to the tracking and data relay
satellite system (TDRSS) low orbiting user satellites. The self-steering technique offers an
attractive alternate to mechanically gimballed systems for satellite application because it
avoids the large field of view required by mechanical systems. It also avoids interruption
of data which occurs during the handover of the user link between the two geostationary
synchronous satellites when a mechanical steering technique is employed.

Self-steering techniques use the incoming signal to direct the beam of an antenna
automatically toward a transmitter, a receiver, or both. The operation of these systems is
such that the antenna, receiver, and transmitter are all intimately interrelated. For example,
self-steering arrays may use distributed receivers and transmitters to obtain the self-
steering characteristics. A self-steering antenna is, therefore, a complete receiver-
transmitter-signal-processing system and must be evaluated as such. Distributed
receiver/transmitter systems described here use one receiver and one transmitter at each
radiating element. The noise figure of this system is the same as that for a system with
equal gain that has only one receiver with the same noise figure.



Operation Of Self-Steering System - The operation of the system will be described first
with a specific signal format, namely an incoming information band and an adjacent pilot
signal. For this discussion, the pilot signal will be taken to be a stable CW signal. In actual
use, a coded pilot signal or beacon would be used to prevent unwanted interference and
loss of the communication link. This method is effective if deliberate jamming is not
encountered and offers a system at lower cost since the capability of suppressing jammers
by adoptively steering nulls in their direction is not needed. Operation without a pilot
signal will also be discussed. TDRSS S-band frequency allocations will be used.

As shown in Figure 1, the array receives an information channel in the 2025 to 2120 MHz
frequency range as well as a pilot tone for steering. Because the module transmits in the
frequency range from 2200 to 2300 MHz through the same radiating element as it receives,
a diplexer is required. The received signals, including the pilot, are down-converted to a
suitable IF in a mixer by a common local oscillator source. By operation of the local
oscillator frequency above the signal frequency, the inversion necessary to obtain the
required retrodirective steering of the transmitter occurs (1). Signal information is also
inverted in this mixing process and must therefore be re-inverted before transmission.

Following the first mixer, suitable amplification is introduced and the signal is separated
from the pilot in an IF diplexer. Sufficient amplification must then be introduced into the
pilot and signal arms to drive the IF mixer.

The pilot signal acts as the local oscillator for the second mixer. As such it must be a clean
signal uncorrupted by noise. Narrowband filtering is used to obtain a minimum signal-to-
noise (S/N) ratio of 10 dB. The pilot channel contains the differing phase information of
the angle of arrival for each module. The antenna gain associated with the pilot signal
channel is that of the radiating element used with each module.

Ideally, the pilot signal is amplified to 1 milliwatt to achieve a minimum conversion loss in
this mixer. For the typical pilot and signal levels expected, 100 to 110 dB of gain will be
required. The outputs from the IF mixers in all of the modules will have the identical phase
and can be added in the summer. Thus only the information channels get summed
coherently and have the S/N improvement commensurate with the array gain.

The signal to be transmitted is distributed to the modules by means of an N-way divider.
When upconverted with the pilot signal, the proper phase is impressed to steer the
transmitted signal in the original direction of the pilot signal.

Possible frequencies for the signal channel, pilot tone, local oscillator and IF are indicated
in parentheses in Figure 1. Gains and losses introduced by the various components, as well
as power levels desired at several points in the module, are also indicated. High gain



Figure 1.  Self-Steering Module Using Pilot Signal. (The numbers in parenthesis
show the frequencies in MHz; representative gain values are also listed).

is required particularly in the pilot channel to conserve ERP at the transmitter. Narrowband
filtering in the IF diplexer and pilot IF amplifier is required to obtain a sufficient signal-to-
noise ratio for steering. The local oscillators are common to all modules so that phase
coherence between local oscillators is not required. Phase and gain tracking, while
required between modules, is not a critical problem since beam null forming is not needed.

Various methods have been used to obtain the required gain and signal-to-noise ratio in the
pilot conditioning system. The IF diplexer and a narrowband crystal filter with high gain
amplifiers may be used; alternately a phase locked loop may also be employed. The latter
system will be described next.



A signal format without a beacon or pilot can also be used to steer the self-steering system.
For the TDRSS system, as an example, the PN coded signal is used. It consists of a
preamble and an information signal. For this example a specific user frequency format has
been used.

The basic configuration of Figure 2, an extension of the pilot signal concept, uses a
suppressed carrier tracking loop to replace the pilot conditioning system. The suppressed
carrier tracking loop (Costas Loop Receiver) reconstructs the carrier by use of a phased
locked loop. Since the signal has been modulated during the preamble by a pseudorandom
PN code, a synchronization loop is included to modulate the VCO output (carrier) of the
suppressed carrier tracking loop. Because the start time and doppler of the command
preamble is initially unknown, the preamble is repeated until the suppressed carrier
tracking loop of the receiver locks up. Following lock up, the tracking loop will continue to
provide the VCO output that is an estimate of the suppressed carrier. This signal then is
equivalent to the CW pilot signal.

Array Gain And Effective Radiated Power - The minimum array gain is related to the
gain of each radiating element as follows:

GA = Nge

where
GA = array gain on receive at maximum scan angle
ge = gain of the receiving element, in array environment, at maximum scan
N = number of receiving/transmitting modules.

For the transmitting case, the minimum effective radiated power (ERP) is given by

ERP = N2 ge Pe

where Pe is the power into the radiating element.

The type of radiator selected depends on the frequency of operation, the bandwidth to be
covered, and the polarization on transmit and receive as well as the field of view.

For a field of view subtending a cone of angle of 130E, the elements are spaced about a
half wavelength apart. For a minimum gain of 15 dB, approximately 32 radiators would be
needed if ge = 1 is assumed. For smaller scan angles, the element gain can be increased so
as to be commensurate with the maximum scan angle. Wider element spacing, equal to the
area gain, is used. Thus, for a given array gain, less array modules are needed. To avoid
grating lobes random spacing may be used. For a field of view of 30E (full cone angle), the
minimum element gain is 12 dB and a 64-element randomly spaced array will have a
maximum gain of 30 dB with -15 dB maximum sidelobes and grating lobes.



Figure 2.  Self-Steering Module Using Signal as Pilot (The frequencies shown in
parentheses are in MHz)

Description Of Self-Steering Systems - A number of systems have been designed for a
variety of applications; most of these have been in breadboard configurations (2,3).
However an engineering model was designed for satellite-to-earth communications in the
7.3-8.4 GHz band (4). The system is designed as a relay station between any two pairs of
ground stations that lie within a 30E cone of coverage. The satellite vehicle is assumed to
be in a synchronous orbit.



The system has two independent FM/FM channels, each receiving in the 8-GHz band and
transmitting at 7.3GHz. Each channel has an RF bandwidth of 125MHz. The repeater will
steer four independent high-gain beams (two for receiving and two for transmitting) along
arbitrary directions within the ± 15-degree coverage angle. The positions of the beams are
controlled by the phase information obtained from the CW pilot signals generated by the
communicating ground stations. Beam designations and the frequency bands utilized are
illustrated in Figure 3.

Figure 3.  Beam Designations and Frequency Bands Utilized by
the Self-Steering Repeater

For the system shown in Figure 4, receiving pilots, transmitting pilots, and modulated
signals are received by the receiving element, passed through a high-pass filter, down-
coverted to an intermediate frequency, and amplified by a wideband IF preamplifier. After
preamplification, the two information bands and the pilots are separated by means of a
triplexer filter. The pilots are then downconverted to a second intermediate frequency to
allow utilization of very-narrowband bandpass filters to establish a good signal-to-noise
ratio for the pilots. These bandpass filters comprise the quadruplexer which, in addition to
limiting the noise bandwidth of the pilot channels, serves to separate the pilot signals.
After the pilot signals pass through the quadruplexer, they are up-converted to about 200
MHz to enable them to be mixed with the wideband modulated signals without overlap of
the power spectra.



* The other information band, 675-800 MHz is processed similarly.

Figure 4.  High-Gain Self-Steering Engineering Model Schematic (The subscripts of
the pilot frequencies correspond to the beams shown in Figure 3)

With reference to Figure 4, the information band, 450 to 575 MHz, passes from the
triplexer to a wideband mixer.* The receiving pilot signal, 206 MHz also passes to this
mixer. If these two signals are mixed and the lower sideband retained, the phase of the
resultant IF signal is independent of the relative phase angle of the signals at the elements.
The signals from the output of these mixers (one for each element) are in phase and are
summed. At the point of summation, the receiving array gain is realized for the information
signals.

The signal is then amplified at the intermediate frequency, upconverted to RF and
amplified, and then distributed to the final transmitting mixers. At these mixers the
transmitting pilot is mixed with the modulated signal and the upper sideband is selected by
the bandpass filter that follows. A modulated signal is produced at a transmitting element;
this signal has a phase angle that has the opposite sense from the phase angle of the
transmitting pilot at the corresponding receiving element. That is the condition necessary
to transmit the information from the antenna system in the direction of the transmitting



**The other information band is also fed to the same transmitting element through a diplexer
which is not shown in Figure 4.

pilot.** In this particular design two arrays were used, one for transmitting and one for
receiving (Figure 5), they were scaled in wavelength to avoid beam squint. For systems
operating at lower frequencies, with requirements for similar gain, only one array could be
used due to limitations on size and weight and problems of stowage in the launch vehicle.
The beam squint in these systems needs to be removed for widely spaced transmitting and
receiving frequencies. Several schemes using electronic circuitry, array scaling and
combinations of both have been proposed for obtaining the proper phase scaling.

Figure 5.  Complete Repeater

The system test results were generally satisfactory and are indicative of the performance of
a high quality communication channel (4). Table I summarizes the characteristics of the
engineering model.

The non-availability of solid state preamplifiers and RF transmitting amplifiers penalized
this system in terms of noise figure, prime power, weight and ERP. A current design would
incorporate these components.



Table I.  Characteristics of the Engineering Model

Parameter
Design Goals for

Engineering
Measured

Performance

Number of elements, each for two arrays

Number of channels

RF bandwidth, each channel

Guard band, between channels

Total cone angle of coverage

Element gain, minimum

Array gain, minimum

Polarization

Average mixer-filter preamplifter noise figure

Effective radiated power per channel

Ratio of pilot to modulated signal power
when 125-MHz bandwidth is utilized

Attitude readout accuracy (min)

Power consumption: receiver

Power consumption: pilot processor

Power consumption: attitude readout

Power consumption: total transmitter

Prime power (exclusive of power supplies)

64

2

125 MHz

100 MHz

30 degrees

11.6 dB

29.8 dB

Circular

15.2 dB (max)

28.0 dBw

-10 dB

±0.5 degree

32. 0 watts
excluding LO

108.7 watts

0.9 watt

201. 1 watts
 excluding LO

324.7 watts

125 MHz

100 MHz

30 degrees

12.4 dB

30.4 dB

Circular axial
ratio = 0.8 dB

14.4 dB

27.8 dBw

*

±0.5 degree

---

182.6 watts

---

87.9 watts**
excluding LO

270. 5 watts
*Pilot signal ratios much lower than the design values were measured in the TV tests (see (4)).
**Power consumption applies to one channel of transmitter. For two-channel operation less than twice
this value would be needed.



For the TDRSS user application, S-band modules are being designed and fabricated to
obtain data on achievable system noise figure, prime power and weight.

The design of the modules is based on the schematic shown in Figure 1. An RF
preamplifter is inserted between the diplexer and the first mixer; a system noise figure of
less than 4 dB is expected. The pilot conditioning system uses a phased-locked loop to
obtain the narrowband filtering required for the pilot signal which the present design uses.
The phased lock loop also performs a pilot signal acquisition and doppler tracking
function.

Figure 6 shows a breadboard model of the RF diplexer. This is a critical component
because of its direct effect on the performance of the system. The details of the design
trade-offs and the resultant choices serve to illustrate the design goals. The required
diplexer responses are based on transmit amplifier noise levels and receive amplifier
intermodulation responses. Best electrical designs are based on multicavity filters that
weigh over a pound each. Since one diplexer per module is needed, electrical performance
is traded-off against weight. The unit shown is a microstrip design with an insertion loss of
about 1.5 dB.

Figure 6.  TDRS S-Band Diplexer Breadboard



A summary of the projected performance of a twenty-five module system is given in Table
II. It should be emphasized that this is an integrated receiver/transmitter system and not
just an antenna and gimbal.

Table II.   Design Goals for D-C Power for 25-Module Array

Number
Required Component

Total DC
Power Required

  1

25

25

25

25

25

  1

1.8 GHz Local Oscillator

RF Preamp @ 0.2W

IF Amp. 33-dB Gain @ 0.4 - 0.5W

IF Amp. 30-dB Gain @ 0.4W

Phaselocked Loops @ 2.2W

VCO: 0.7W; 100 dB gain amp.:
0.6W; 2 loops: 0.2W; 100 dB
gain amp.: 0.7W

Trans. Power Amp. @ 1.5W

(Lower limit-1.0W, depends on
gain, phase linearity)

Ref. Oscillator@ 1.2W
(106 MHz)

9.5W with oven
(4.0W without oven)

5W

12.5W

10.0W

55.0W

37.5W

3.0W with oven

132.5W

Conclusions - Since the self-steering systems are modular in nature they can be used for
various types of coverage requirements. For the TDRSS users, the fields of view are nearly
hemispherical. The modules can be placed around the cylindrical structure so as to give the
desired coverage. Since a user will have to alternately communicate between two widely
separated geostationary synchronous satellites, a loss of data will occur with a gimballed
antenna system. The beam agility of the self-steering system eliminates this problem for all
practical purposes. Thus it is anticipated that these electronically steered systems will find
a definite use in applications similar to TDRSS for a variety of users.



Acknowledgement

The author would like to acknowledge the contributions of his colleagues of the Radar
Microwave Laboratory in the development of these arrays. The encouragement and
technical support given by Messrs. A. Kampinsky and L. Ippolito contributed significantly
to the advancement of these antenna array systems.

References

(1) C. C. Cutler, R. Kompfner and L. C. Tillotson, “A self-steering array repeater,” B. S.
T. J. , vol 42, pp 2013-2032, 1963.

(2) D. L. Margerum, “Self-phased arrays,” in Microwave Scanning Antennas, vol 3., R.
C. Hansen, Ed. New York: Academic Press, ch. 5, 1966.

(3) W. H. Kummer, “Self-steering arrays for satellite applications,” in Communication
Satellite Systems Technology Progress in Astronautics and Aeronautics, no. 19, R. B.
Marsten, Ed. New York: Academic Press, 1966, pp. 573-592.

(4) W. H. Kummer and R. A. Birgenheier, “A high-gain self-steering microwave array,”
IEEE, Proc. , vol. 56, pp 2028-2038, 1968.



Adaptive Array Control Concepts for TDRSS

J. E. DuPree
Sr. Staff Engineer

TRW Systems
Redondo Beach, CA

Summary

The Tracking and Data Relay Satellite System (TDRSS) will use an Adaptive Ground
Instrumented Phased Array(AGIPA) system for remote beamforming and tracking of low-
orbit user spacecraft. This paper introduces the control concepts involved in its beam-
forming, tracking, and calibration. These concepts are related to the Kalman filter. Several
suboptimal, but attractive, tradeoff options are discussed.



MSK Modulation for Multiple Access

E. G. MAGILL
Space and Defense Systems Division

Fairchild Camera and Instrument Corporation

Summary. - Minimum Shift Key (MSK) is known to possess desirable qualities, such as
low spectral sidelobes and dual channels quadrature in both phase and sampling time. It is
also a robust signal, tolerant to considerable amplitude limiting and spectral filtering. MSK
modulation of Pseudo Noise (PN) sequences can be used to effect a communication
network with multiple access, which can be of either random or assigned synchronism.
Such a network exhibits resistance to jamming by external signals in the form of
processing gain. This approach leads to multiple access terminal designs which are
coherent, with a single RF front end which is not phase locked. A particularly effective
implementation outlined in this paper utilizes a Charge Coupled Device (CCD) filter
matched to the PN sequence as the basic correlating device for multiple access.



MULTIPLE ACCESS METHODS IN COMMERCIAL
COMMUNICATIONS SYSTEMS

R. C. DIXON
Spectrack Systems Inc.

Cypress, California

Summary - Time division and/or code division multiple access techniques based on
spread spectrum modulation and demodulation technology have found wide application in
military systems. These techniques also offer advantages for use in systems that allow for
large numbers of users in civil communications systems.

This paper considers spread spectrum multiplexing as a technique that allows time division
multiplexing multiple access to communications networks. It also provides for multiple
networks to operate in the same band through code division multiplexing.

Introduction - Spread spectrum modulation and demodulation methods are ideally suited
to use in multiple access systems. The coded signalling waveforms employed in spread
spectrum systems provide accurate timing, low correlation between signals in the same
band, and interference rejection. The various types of spread spectrum signals available
are:

1. Direct Sequence Modulation- wherein a carrier is directly modulated by a code
(usually by some form of angle modulation).

2. Frequency Hopping- in which a code is used to cause a carrier to jump from one
frequency to another, pseudo-randomly.

3. Chirp- under code control only in those cases in which the code determines sweep
direction. (many chirp systems employ no coding at all.)

In addition, hybrids made up of combinations of these signal types are feasible, and may
offer significant advantages in some applications. For the various signalling approaches,
including hybrid methods, Table 1 outlines advantages and applications to which spread
spectrum methods are well suited, with emphasis on civil applications.

For time division multiplexing of signals, the spread spectrum waveforms provide accurate
timing, since a synchronized transmitter and receiver track to within a fraction of a code



chip time. Since typical code chip rates in these systems are in the range of 1 Mbps to 50
Mbps for direct sequence and 1 Kbps to 100 Kbps for frequency hopping, system timing is
never worse than approximately ± 1 msec, and is often as good as a few nanoseconds.
This means that (except for allowances that must be made for differences in signal
propagation time) a whole network of transmitting/receiving stations can take turns using a
single frequency assignment, by synchronously switching from receive to transmit (or vice
versa) at the same time.

Code division multiplexing of signals depends on timing also, but in a different way. For
code division, either direct sequence or frequency hopping signals depend on the codes
used in generating their modulation to provide a low degree of correlation between the
instantaneous frequency spectra of the signals transmitted. This is true of both direct
sequence and frequency hopping formats. (Code division multiplex does not normally
apply to chirp modulation.)

The prime difference in the time division and code division approaches is that time division
implies coordination of time slots, while code division does not.

Direct sequence modulation, as contrasted with frequency hopping, employs much higher
chip rates, and therefore has inherently higher resolution timing. On the other hand,
however, the continuous spectral coverage may reduce the usefulness of direct sequence
CDMA signals in environments where the various users have no power control, and unit to
unit distance is not regulated. Figures 1 and 2 illustrate the characteristics of frequency
hopping and direct sequence spectra for a network in which a number of users are sharing
a frequency assignment.

In Figure 1, different users would be assigned to each of the time slots (running left to
right). In each time slot, a different frequency is used, according to the code-selected input
to the system’s frequency synthesizers. If a separate network is overlaid on this one, then
interference occurs only when the frequency transmitted in time slot n of network one
happens to correspond with the frequency transmitted at the same time in network two.

Figure two shows direct sequence signals in the same network. If transmitters take turns
transmitting in the various time slots, then time division multiplexing can be implemented.
Two separate networks overlaid on each other, however, would be interfered with, and
furnish interference any time both were in operation simultaneously.

Let us compare direct sequence and frequency hopping for a specific set of parameters,
with respect to coexisting with a conventional narrowband communications network. We
will consider that the users are voice users, and that 16 kilobit data is used for digital voice
transmission. Analog voice will be considered to be transmitted by AM. Twenty MHz will



be allowed for spread spectrum system use, and as many users as possible will be
accomodated.

For AM, assuming 25 KHz channel spacing, (which is common for portable systems) the
20 MHz bandwidth could support 2 x 107/2.5 x 104 = 800 channels. By comparison, direct
sequence modulation, with full bandwidth spreading and 16 Kbps data, would provide 10
log 2 x 107/1.6 x 104 = 30.9dB process gain. Assuming that a direct sequence receiver
provides a 1 x 10-3 error rate (on the 16 Kbps data channel) then 30.9 - 9 = 21.9 dB margin
is available for interference suppression. Thus with direct sequence log -1 21.9/10 = 155
simultaneous full band users could be accommodated.

Where the DS signals are time hopped, then the instantaneous data rate must be increased,
and this reduces the process gain available in the same proportion. It does provide for
operation of transmitters and receivers without restriction as to their location however. As
an example, let us consider a network of 10 users who wish to communicate using a direct
sequence signal format. If each transmits 1/10 of the time, then their instantaneous data
rate becomes 160 Kbps and their process gain is 20.9 dB, which provides for 11.9 dB
signal margin. These 10 users then could operate in the presence of other similar networks
where the interfering signals furnished were 11.9 dB above their own desired signals. Thus
log-1                      networks, each with 10 members (154 users total) could  operate in the
20 MHz bandwidth allocated.

How about frequency hopping? If the 20 MHz band is allocated to frequency hopping
systems, where again each user sends 160 Kbps data, then up to                          
frequency channels can be provided for 10 users. For such a system, multiple networks
would force the use of time slot control between networks. Otherwise, each time two
uncoordinated systems in separate networks happen to hop to the same frequency (once
every 125 hops, on the average) they would furnish interference to each other. In the case
of time slot coordination, however, up to 125 networks of 10 users (1250 total) could be
provided, with no two using the same channel at once.

A comparison of the number of users for various signalling methods is given below:

AM DS FH(coordinated) FH(uncoordinated)

User BW 25 KHz 20 MHz 20 MHz 20 MHz

Data Rate (voice) 16 Kbps 16 Kbps 16 Kbps
per user



Network 800 10/net 10/net 10/net
users

No. of 1 15.4 125 1
networks

Total 800 154 1250 10
users

These results do not necessarily imply that a coordinated frequency hopping system can
provide more channels than a coventional frequency division multiplexed AM
communication system. If the AM system can operate with the same 16 KHz band
separation, then it also provides for                              channels.

Also, one cannot ignore the character of the co-channel interference produced by the
variuos techniques. For the AM user alone, each channel is an exclusive allocation, so the
receiver’s adjacent channel signal rejection capability determines its performance. The
direct sequence signals do overlap each other from network to network, so the number of
users is limited by the receiver’s jamning rejection capability. The frequency hopping
system, on the other hand, achieves exclusive time slot use ( for coordinated networks
only) and thus can provide the same effective number of users as an AM system.

Interference between the different networks is another story. For the considerations given
here, the approximate effects are such that when the frequency hopping network operates
in the presence of an AM network, the more frequency hopping users are present, the more
the interference provided to the AM system. For coordinated frequecny hopping, network
interference is proportional to the ratio                        . With direct sequence
transmissions, the interference to an AM network increases directly as the number of
direct sequence networks increases. A single AM user sees interference from all the DS
networks which is approximately       , where NDS is the number of direct sequence
networks and Gp is the direct sequence process gain                  

For the parameters given here, an AM signal would produce interference to all DS
receivers, depending on the ratio of the desired DS signal t the undesired AM signal at the
DS receiver’s input. That is, for all of the direct sequence receivers, output signal to noise
ratio is just S/N out = S/N in X process gain.

The effect of an AM signal on frequency hopping receivers is that the FH receiver would
see no interference except when it happened to hop to the same channel as the AM siganl
is occupying. Thus, with 125 channels available, a single AM signal would produce
interference 1/125 of the time for an average error rate of .008. This would force the use 



of some form of error detection and correction on the part of the frequency hopper, and
this in turn forces higher data rates and reduces the number of channels available.

We see then, that the spread spectrum techniques offer various advantages for commercial
users, as well as some disadvantages:

Coordinated frequency hopping networks can provide as many users as AM.
Direct sequence systems offer fewer users but better interference rejection under some
conditions.
Both techniques offer privacy and selective signalling capability not now readily
available.

Such methods do offer the possibility of future multiple access systems employing spread
spectrum modulation. Where networks and frequencies are fully assigned with today’s
narrow band users, tomorrow may see compatible wideband spread spectrum signals
overlaid on the already existing signals, with negligible effet on both. In the real world,
where frequency space is at a premium, such an eventuality offers real hope of relief to an
otherwise insoluble problem, by provision of more channels in a new dimension; code
division and the related time division domains.

These techniques are currently being applied in new systems that will hopefully open
whole new areas for more and more communications users.
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CAPABILITY APPLICATION REMARKS

Multiple access Provision for many users of a given
spectrum space.

Time division and/or code division access
readily implemented.

Discrete addressing Provision for selection of a specific
receiver.

Receivers addressed by code selection.

Low power density Reduction of interference to
conventional systems.

Spread spectra signals distribute their
power over wide time/frequency area.

Interference rejection Reduction of the effect of co-channel
users.

Receivers minimally affected by
conventional signals on smae channel.

Multipath resistance Multipath signal rejection to ease critical
system use.

Multipath signals processed in same way as
interference.

Ranging Location of units in a network, with
concurrent identification

Autocorrelation of codes provides high
resolution signal.

Privacy Protection of private or priviledged
communications from eavesdropping.

Coded signal structure requires code
analysis to detect information.

Table 1.   Capabilities and applications of Spread Spectrum Signalling Methods.



Figure 1.  Frequency Hopping Time/Frequency Diagram.

Figure 2.  Direct Sequence Time/Frequency Diagram.



A. Code division multiplexed micro networks. Random timing.
Different code used in each network.

B. Coordinated-timing micro networks. Same code used on
all in same area.

Figure 3.  Alternate Networking Concepts.



Comparison of SAW, CTD and Conventional Digital Devices

G. D. O’Clock, Jr.
Rockwell International
Anaheim, California

Summary. - Two solid state technologies, which help to make certain types of signal
processors, bandpass filters and matched filters more realizable and practical, will be
evaluated and compared in this paper. Both of the technologies of interest have been
developing over the past nine years. Both approaches can provide design simplicity, small
size and low cost potential on a volume production basis.

One of the technologies revolves around surface acoustic waves (SAW) and provides the
potential for analog signal processing and filtering from 3 MHz thru 2 GHz.

The surface acoustic wave (SAW) device is a passive electro-acoustic component that has
metallized interdigital transducer elements on the surface of a piezoelectric substrate. The
device allows acoustic energy to be generated, manipulated and detected on the substrate
surface. An electro-acoustic device employs phonon propagation, or vibrations associated
with a materials crystal lattice structure, as the basis energy-transport mechanism.
Electrical energy is converted into acoustic energy by the materials piezoelectric
properties. In the case of the acoustic surface-wave device, most of the energy is confined
to a region within one wave length of the surface of the substrate.

The other technology involves the transfer of charge, utilizing a multiphase clocking
scheme as the energy propagation mechanism, in a metal-oxide-semiconductor (MOS)
medium. MOS charge transfer technology currently offers the potential for signal
processing and filtering in the range of approximately 100 Hz to 60 MHz.

Charge transfer devices are analog, sampled data delay line integrated circuits (presently
utilizing silicon technology). Charge transfer devices operate by transferring charge
undirectionally between potential wells created at a semiconductor/oxide interface.

Surface acoustic wave and charge transfer device technologies provide approaches that
can ultimately provide low prime power cost effective methods to accomplish a wide
variety of filter and pre-processor functions. Both technologies offer significant size and
power consumption reductions compared with conventional analog or digital techniques. 



Also, both technologies offer a medium in which programmability or adaptability can be
achieved.

SAW and CTD technologies are complementary in many respects. SAW devices offer
high frequency and wide bandwidth capabilities. The primary SAW limitation is delay time
due to piezoelectric crystal substrate length limitations. CTDs can provide milliseconds of
delay but are presently soemwhat frequency and bandwidth limited with standard silicon
MOS technology.

SAW and CTD technologies can provide filter and processor functional elements that have
been previously impractical with standard analog or digital techniques.

It appears that SAW technology will migrate toward specific band-pass filter and matched
filter applications which involve high-frequences and some programmability or
adaptability. CTDs will operate in the IF or video frequency range in applications requiring
long delay, storage or integration times with a high degree of adaptability.



Telecommunication Applications for CTD Devices

C. W. GOPEN
Reticon Corporation
Sunnyvale, California

Summary. - A relatively new type of component, the CTD (Charge Transfer Device) is
now available to the commercial market. After five years in the development lab, these
parts are finding their way into many applications including telecommunications. This
paper will give a brief overview of the device theory and discuss three particular devices:
1) a transversal filter, 2) a Binary Analog Correlator, and 3) chirped transversal filter used
to implement a Discrete Fourier Transform.

Charge Transfer Devices - The CTD’s are MOS type integrated circuits which store a
sample of an analog signal on a storage site. The amount of charge stored is proportional
to the input signal. This charge packet is then shifted from storage site to storage site under
the control of applied clock waveforms. This can be thought of as an analog shift register
formed by closely spaced MOS capacitors.

Depending on the type of device, the output signal is available as a delayed replica of the
input signal at the end of the line or at a multiplicity of taps. The signal is handled as a
sequence of sampled data points and the user must be aware of the implications. The
maximum theoretical bandwidth is calculated from the sample theorem, and is limited to
one-half of the sampling frequency. The output signal has sidebands centered at the
sampling frequency which are usually removed by an output filter. The input signal must
be band-limited to below the Nyquist frequency or aliasing will occur. If a low pass filter
is used to restrict the input bandwidth, it will insure that this problem won’t occur.

There are two types of CTD’s: BBD’s (Bucket Brigade Devices) and CCD (Charge
Coupled Devices) as shown in Figure 1. The differences between them are primarily in the
details of the device structure. The BBD contains diffusions in the path of the charge
transfers and can be looked at as a series string of MOS transistors with capacitors
connected from their drains to their gates. In n-channel CCD, potential wells are formed
under the electrodes when positive voltages are applied. The potential wells are regions at
the Si - Si02 interface with minimum electron energy. When an adjacent well is formed by
the action of the clock, this well will overlap the first one because of the close physical
spacing. Charge then flows between them similar to that way fluid does. In both device
types the storage is dynamic, that is, if the signal is left too long, thermally generated



carriers will eventually fill all the storage sites. For a typical device the thermal carriers
will fill 1% of the site in 100 milliseconds at room temperature. The number of thermally
generated carriers doubles for every 7EC temperature rise.

Transfer Inefficiency - The key parameter for a CTD is the transfer inefficiency (,) . The
charge transfer inefficiency is the fraction of charge left behind on each transfer. If one site
containing 10,000 electrons is dumped into the next site, and it leaves behind a single
electron, then , = 1x10-4. Since the same fraction is left behind each time a transfer is
made, then for an entire device the total inefficiency is n ,, where n is the number of
transfers. The effect of this on a sine wave input is similar to that of a low pass filter. The
quantitative result for the amplitude attenuation is: Aout/Ain = exp [-n, (1-cos 2Bf/fc)]
where f is the input frequency (always less than the Nyquist frequency, fc/2) and fc is the
sample rate. The additional phase delay over the expected ideal value is )0/  = n, sin
(2Bf/fc) .

The main factors which determine the transfer inefficiency are the density of traps and the
device structure. The traps are locations which will hold a charge for a relatively long time
period and then release it. These traps are predominantly caused by incomplete bonds of
the atoms at the Si - Si02 interface which introduce energy states in the silicon band gap.

Free charges, which move from one site to the next, require a given amount of time
depending on geometry size and structure. If the clock frequency is continually increased,
a point is reached where insufficient time is allowed for all the charge to transfer and so ,
increases.

Figure 2 shows how , behaves as a function of the clock frequency for Reticon’s
n-channel BBD devices. Note the higher frequency response relative to a p-channel device
which has lower mobility and hence lower transfer efficiency. It is common to talk about
the charge transfer efficiency, which is defined in11-, and is typically in the .9999 to
.99995 region.

Noise - The minimum detectable signal will be determined by the noise generated in the
device. There is noise associated with the method of signal injection, charge transfer and
output signal detection. The dominant source is usually related to the charge transfer and is
due to the surface traps which have time constraints in the order of the transfer time. The
number of noise electrons in a charge packet due to traps will be directly proportional to
the density of surface states and typical values are in the order of a few hundred
microvolts, rms. The expression for the noise at the input/output has a KTC dependence,
which is due to the statistical variations of charging a capacitor from a noisy source.
Typical devices have signal/noise ratios in the 60 to 80db range.



Transversal Filters - The general state diagram for a transversal (FIR) filter is shown in
Figure 3. This type of filter contains only zeros, no poles. Because no feedback is
involved, it is unconditionally stable.

Transversal filters are formed in CTD’s by using split electrodes to form capacitors whose
size is related to the desired tap weight function (see Figure 4). As the sampled signal
moves down the line, it induces current in these capacitors which is proportional to the
product of the tap weight and the signal amplitude. All the signals from each half of the
electrodes are summed together and then both sides are subtracted in a differential
amplifier. The weighting functions which are realized as the difference of the area of an
electrode, are programmed onto the device during fabrication by the electrode pattern on
the processing mask.

A standard family of low pass, bandpass and special functions will be available from
Reticon as part of the R5602 series. This is a 64 stage BBD device with on-chip drivers
and output circuitry. In addition, custom devices can be designed by simply changing the
electrode pattern on the mask.

This type of filter is easy to implement in the CTD technology and is quite powerful
compared to the equivalent digital implementation. In general, these filters can be made
with linear phase with no additional complexity and have skirts greater than 100db/octave.
They will operate to sampling rates of 1 MHz and have ultimate rejection in the stopband
of typically 50db. The end of the pass band for low pass filters and the center frequency
for band pass filters will be a function of the input clock. Varying the clock frequency
gives easily tuneable filter characteristics. Figure 5 shows some preliminary results from
three different filters in this family.

Commercial applications are beginning to appear on the market. A recent new CB radio
used a CCD transversal filter in a triple conversation single sideband application. It fills a
real need, as there are no good low cost alternatives. In the TV area, work has been
reported on devices to eliminate ghosts. Using a 64 stage transversal filter, ghost reduction
of 30db has already been achieved.

 Binary Analog Correlator - A Binary Analog Correlator (BAC) does a real time
correlation between a two value reference signal and an incoming analog signal. Several
different CTD architectures are possible for this type of device. The one described here
uses a static shift register to control the outputs from a tapped analog delay line (see Figure
6).

The tapped analog register is a BBD device with the analog signal non-destructively read
at each stage by a source follower (see Figure 7). The signal is transferred from stage to



stage by a two phase complimentary clock. The digital reference signal is stored into its
register by another single phase clock and can either be permanently stored or updated.
This digital signal controls which switch applies power to one of the two drains of the
source followers at each stage. The outputs of the source followers are summed on a
current basis to yield a value which is the sum of the products of each analog sample with
its corresponding binary weight or the correlation function. Each clock cycle there is a new
correlated output.

One of these devices was programmed with a thirteen bit Barker Code and both a clean
and noisy analog signal were applied. The output signals shown in Figure 8 show that good
discrimination was achieved in both cases. Typical applications for this type of device are
in p-n sequence modulation of radar signals and spread spectrum type communications.
One effort presently underway is to produce an anti-jamming radio using spread spectrum
for military communications. Using a 1024 bit code for this system would give 30db signal
to noise improvement.

Chirped Transversal Filters - The power spectrum density of a waveform can be
calculated using the CZT (Chirped Z Transform) algorithm. This algorithm is performed by
premultiplying the sampled signal with a linear FM signal (a chirp) , then convolving that
product with another chirp waveform, squaring the outputs and finally summing them (see
Figure 9) . If the actual Fourier coefficients are required, which would provide both the
amplitude and phase information, then the two outputs are postmultiplied by the same
chirp waveform used in the premultiply. The Reticon R5601 contains four 512 point split
electrode transversal filters which perform the complex convolution and the summing as
indicated by the dotted portion in the block diagram. There are two devices available; the
R5601-1 which has linear chirped coefficients of COS                                               and
the R5601-2 which is a linear chirp multiplied by a Hanning window:

where n is the tap number varying from 1 to 512. The R5601-1 can do either the total DFT
or the power spectral density, while the R5601-2 (see Figure 10) can only do the power
spectral density. Multiplying the tap weights with the Hanning function distorts the phase
information, but it reduces the side lobes and eliminates the need for external windowing.
Each R5601 contains two 512 stages, 4 phase split electrode delay lines. Two different
filter functions are implemented on each delay line by splitting two of the four electrodes
in each stage (see Figure 11) . Each R5601 device contains 512 time samples and outputs
512 Fourier coefficients. In the case of real input signals, the output from the system is 256
unique frequency points plus the DC component. These devices are capable of sampling
the input signal at rates up to 2 MHz.



Data has been taken in a spectrum analyzer similar to the one in the block diagram in
Figure 9 at a 100 KHz sample rate. The thermal noise was more than 70db below the
maximum output signal. Another indication of the system’s performance is obtained with
two tone measurement. Using two sine waves, a few bins apart in frequency, signals up to
50db in amplitude difference can be detected (see Figure 12) .

Comparing this type of analyzer to a digital FFT, there are several significant advantages.
In general, a digital system is more flexible and can have more accuracy while with the
analog CZT has fewer components, smaller size, lighter weight, lower power, improved
reliability, and in larger volume has lower cost. For an analyzer which uses a larger
number of samples, the errors to the CZT can become less than for the FFT. This is
because the sources of error in the CCD CZT; thermal noise, quantization of the multiply
chirp waveforms, weighting coefficients and charge transfer efficiency are constant with
increased number of samples (N) while in the FFT the errors go up as the square root of N.

Frequency spectrum signal analysis can be used in many applications. Some of the
common applications are signature analysis, transient studies and use a speech recognition
system. More exotic processing, such as bandwidth compression and signal coding are
also possible. Many of these applications have now become practical due to the size and
cost reductions this device offers.

While this paper discusses these specific CTD devices, many other devices are either in
development or are already available. These include both general purpose devices and
devices dedicated to particular applications. As designers in the telecommunications
industry get more familiar with these devices and their capabilities, the device
manufacturers can expect requirements to emerge for many new applications.
 (a) Bucket Brigade Device  (b) Charge Coupled Device

(a) Bucket Brigade Device (b) Charge Coupled Device

Figure 1 - CTD device structures.



Figure 2 - Charge transfer inefficiency versus clock
frequency for BBD devices.

Figure 3 - General state diagram for transversal (FIR) filter.

Figure 4 - Conceptual diagram of split electrode structure
CTD transversal filter.



(a) Low pass filter (b) Narrow band pass filter

(c) Wide band pass filter

Figure 5 - Frequency response of three different 64 stage BBD
transversal filters. Clock frequency of 100KHz.

High spikes are DC response of spectrum analyzer.



Figure 6 - Block diagram of a Figure 7 - Equivalent schematic
binary analog correlator. of BBD binary analog

correlator.

(a) Input signal contains (b) Input signal contains code
only code. buried in noise.

Figure 8 - Correlation output obtained by correlating analog input
signal with same Barker code stored in the digital register.

Top trace of each photo is input signal,
bottom trace is correlation output.



Figure 9 - Block diagram of CZT Figure 10 - Photomicrograph of
algorithm for power spectral R5601, quad CCD split

density output. electrode filter.

Figure 11 - Pictorial representation of a portion of one CCD split
electrode filter of the R5601. Illustrates how two filter

functions are achieved in one structure.

Figure 12 - Output waveform from CZT spectrum analyzer for two sine wave inputs
at 10 KHz and 20 KHz and a sample clock of 100 KHz.



JTIDS Modular Design to Use SAW Devices

CHARLES L. GRASSE
Surface Acoustic Wave Engineering

Teledyne MEC

INTRODUCTION.  The Joint Tactical Information Distribution System (JTIDS) concept
is designed to integrate the military’s needs for communication, navigation and
identification equipments into a cost-effective avionic suite. A key element to be used in
achieving these goals is the surface acoustic wave (SAW) bandpass filter...in the form of a
bandwidth selectable module. In order to satisfy the JTIDS requirements of today, as well
as the Tactical Information Exchange Systems (TIES) of the future, it is necessary to
utilize state-of-the-art SAW resonator/filter designs ... in conjunction with more
conventional SAW bandpass filter technology. It is this approach that will make possible
the quality performance required in a small, low cost module.

The JTIDS Architecture.  The basic structure of the JTIDS/TIES system can be broken
down into essentially three subsystem areas; the Frequency Conversion Subsystem, the
Signal Distribution Subsystem, and the Signal Conversion Subsystem.

First, there is the Frequency Conversion Subsystem which provides the antenna-end
hardware used for transmission or reception, as well as a variety of signal processing
functions. These functions include filtering and frequency synthesis.

The Signal Distribution Subsystem provides the flexibility required of a Frequency Domain
Multiplex (FDM) System. This is accomplished by providing the capability of connecting
any one of many input signals to any output port. The heart of this subsystem is a
wideband FDM system ...analogous to existing, low cost CATV distributors’ systems.

The third and final subsystem, for signal conversion, provides the functions of
conventional MODEM...in an almost totally digital format.

It is the Frequency Conversion Subsystem that is of most interest to the Surface Acoustic
Wave (SAW) technology. The technology thrust envisioned for this subsystem will be
“programmable analogue hardware”...implemented through modular IF strips, bandpass
and programmable matched filters.



SAW MODULAR FILTER BANK.  The current JTIDS program concept provides for
transeivers which operate line-of-sight in L-band, between 962 MHz and 1215 MHz. The
design approach incorporates both the IFF and TACAN functions, which also operate in
this frequency band. The receiving requirement of a particular frequency range is satisfied
by cascading the RF front end with a multipurpose, modular IF strip. The IF signals are
produced at 70 MHz, and are coupled to a receive only, wideband FDM signal distribution
system in which the SAW Filter Module is located.

The Surface Acousti,c Wave Filter Module provides four (4) key filtering functions ...

• Narrowband Signal Conversion (Bandwidth: 35 kHz): Used for processing low data
rate information...such as voice communications, AM single-sideband, and narrowband
FM. The special JTIDS LINK 11 communications waveform is fielded by this channel,
which must also interface with existing military MANPAK hardware.

• The communications serviced by this channel originate predominantly in the HF range,
and are designed to service JTIDS ship-to-ship and ship-to-shore communications
requirements.

• Data Communications Channel (Bandwidth: 70 kHz): Used for higher data rate
communications; such as the LINK 4 waveform, an FSK signal with a ±20 kHz
information bandwidth.

The communications here originate in the 225-400 band, and account for much of the
air-to-ship information transfer.

• TACAN (Bandwidth: 350 kHz): Utilized for transmitting tactical airborne navigation
information.

• Wideband Communications (Bandwidth: 7.0 MHz): Used to handle the IFF, GPS
(Global Positioning System) and JTIDS waveforms. The bandwidth represents a
compromise between the JTIDS requirements (@ 5 MHz), the IFF requirement
(@ 8 MHz) and the future needs of GPS (@ 10 MHz).

The satisfaction of these various filter requirements necessitated the utilization of a variety
of bandpass filters operating at a common (MODEM) IF frequency of 70 MHz. Choice of
the proper filtering technique is dependent upon the bandwidth desired at the frequency of
interest. This is illustrated in Figure 1. Although the system designer has multiple choices
between lumped constant, bulk crystal, helical resonators and surface-wave devices, use of
a common SAW approach for the multiple bandwidth module offers significant advantages
in economy, size and reliability.



Figure 1.  Surface acoustic wave filters and resonators are candidates for a wide
variety of bandpass filters in the VHF-UHF range.

SAW Resonators Realize Ultranarrow Band Filters.  Implementation of the
Narrowband Signal Conversion and Data Communications channels represented the most
difficult requirement ...with their respective bandwidths of 35 and 70 kHz. The
requirements set forth by these lower data rates necessitated the use of a special
technology. The surface acoustic wave monolithic resonator is such a technology.

The SAW resonator is a relatively new device. The concept was introduced by E. Ash in
1970,1 with the first efficient devices discussed by E.J. Staples in 1974.2 The recent
advances in resonator design described below have made the narrowband filtering
requirements of JTIDS a reality.

SAW resonators consist of periodic reflectors aligned so as to form the acoustic equivalent
of a Fabry-Perot cavity. The fundamental elements are the distributed, reflective electrode
arrays. When two such arrays are defined along the same axis, they form a cavity or, in
this application, one pole of a resonator filter. In operation, reflections from the individual
electrodes of the reflectors add in phase when the array periodicity is equal to one-half a
wavelength. These coherent reflections will be maximized over a very narrow frequency
band determined by the periodicity of the electrode array.



The basic approach selected for realizing the JTIDS ultranarrow band filters was the three-
pole SAW resonator-filter shown in Figure 2a. In the three-pole, two-port approach, three
such Fabry-Perot cavities are arrayed with two interdigital transducers (IDT’s), one each
for the input and output of the filter.

In the absence of any tuning elements, either across the reflectors or at the input/output
transducers, we observe the response of Figure 2b.

a.  The three-pole SAW resonator-filter consists of a linear array of three Fabry-
Perot cavities... formed by periodic grating reflectors (R). Energy is introduced
(coupled) into, and extracted from, the device by means of interdigital transducers
(T).

b.  The unmatched three-pole filter exhibits a distinct three-mode response. These
modes may be manipulated by tuning the distributed reflectors which form the
respective cavities.
Vert:    10 dB/Div.
Horiz:  50 kHz/Div.

Figure 2



Tuning the reflectors has the effect of controlling the amount of interaction between the
three modes ... thereby providing a means for adjusting the bandwidth, and the passband
ripple. Tuning the input/output transducer structures will reduce the insertion loss (to
approximately 5 dB), as well as contribute to a lower in-band ripple.

The key to utilizing one design for both ultranarrow band JTIDS filters is demonstrated in
Figure 3. The combination of matching and reflector tuning demonstrates a 3 dB
bandwidth variation of from 40 kHz to 70 kHz. Additional bandwidth flexibility can be
achieved by tuning the outermost reflectors, as demonstrated by bandwidth variations
between 18 kHz and 85 kHz.3

Vert:     2 dB/Div.
Horiz:  10 kHz/Div.

Figure 3. Control over each resonant
cavity-mode makes it possible to achieve
multiple filter bandwidths from a single
device. Bandwidths range from 18 kHz to
80 kHz.

In the previous paragraph, we demonstrated that matching the input and output transducers
would reduce the filter’s insertion loss. However, at the same time, the close-in sidelobe
rejection is also reduced; to approximately 20 dB. In order to increase the out-of-band
rejection, it was necessary to analyze the transmission characteristics of in-line, multi-
cavity devices .4 The results indicated that the shape factor and rejection could be
improved in direct relationship to the number of cavities utilized. The design approach
yielded a cascaded triplet of three-pole resonators.

Figure 4 illustrates the resulting filter response achieved for the 70 kHz bandwidth filter.
Input and output transducers are tuned only with a simple series inductor, as are the
coupling transducers between each three-pole stage.

Using the center frequency/bandwidth tuning flexibility described previously, an identical
device was constructed to satisfy the 35 kHz requirement (also Figure 4).

In Table 1, the overall level of performance achieved by the ultra-narrow band resonator
filters is presented in detail.



Figure 4. The 70 kHz (lower) and 35 kHz (upper) bandwidth filters both exhibit a
minimum of 40 dB of out-of-band rejection (left). Providing a nominal 3:1 shape
factor (middle), the ultra-narrow bandwidth filters have in band ripple (right)
sufficient for low distortion data transmission.



350 kHz Withdrawal Weighted Transducer Satisfies JTIDS TACAN Requirement. 
There are two basic approaches to SAW bandpass filter synthesis which will satisfy the
moderately low shape factor filters required by the TACAN channel ... apodization
(weighting) of the electrode overlap function and withdrawal5 weighting. The withdrawal
approach is ideal for filter bandwidths of less than 3% ... as such a transducer does not
suffer diffraction loss, nor is its acoustic wavefront distorted by variations in the
metalization pattern.

Figure 5 illustrates the level of performance realized for the 350 kHz intermediate
bandwidth filter. The device utilizes grounded-dummy electrodes to reduce the level of
interelectrode reflections; a technique which is largely responsible for the 50 dB sidelobe
levels achieved.

Another key to achieving a designed-for level of out-of-band rejection is the suppression of
unwanted bulk mode energy that exists in the volume of the SAW substrate. This is
accomplished by “sandblasting” the bottom surface of the substrate, thereby inhibiting
unwanted energy that could reflect to the top surface and interfere with filter performance.
Table II summarizes the full range of performance achieved by the 350 kHz, intermediate
bandwidth filter.



Vert: 10 dB/Div. Upper Trace: Vert: 100 nsec/Div.
Horiz: 0.5 MHz/Div. Horiz: 50 kHz/Div.

Lower Trace: Vert: 1 dB/Div.
Horiz: 50 kHz/Div.

Figure 5.  The intermediate bandwidth filter supplies 50 dB of rejection to unwanted
signals (left). An important requirement is that the filter add a minimum of
distortion to the information being transmitted...key to this quality performance are
the group delay and amplitude ripple characteristics (right).

7 MHz Wideband Communications Channel Filter.  Due to its relatively wide
fractional bandwidth (~10%), this particular filter was designed utilizing overlap
apodization. Apodization, however, has design pitfalls which must be properly resolved.
For example, the extremely small acoustic apertures near the points of phase reversal will
cause off-axis radiation (diffraction). This diffraction will cause improper convolution of
the acoustic signal at the output transducer... producing an inaccurate in-band response,
and a higher than desired sidelobe level. In order to compensate for this, a minimum
weighting technique is utilized. This technique controls the smallest aperture allowed,
replacing the smaller aperture electrodes with floating electrodes.

In the final design approach to the 7 MHz bandwidth filter, a three transducer approach
has been utilized to provide additional control over the in-band amplitude ripple, while
providing nearly a 3 dB improvement in insertion loss.



The wideband frequency response for this filter is illustrated in Figure 6, as is its detailed
response, which demonstrates the device’s 3:1 shape factor.

Vert: 10 dB/Div. Vert: 2 dB/Div.
Horiz: 2 MHz/Div. Horiz: 1 MHz/Div.

Figure 6.  The wide bandwidth filter provides better than a 3:1 shape factor (left) in
conjunction with a low amplitude ripple, 7 MHz, 1 dB bandwidth (right). Flat, low
ripple group delay is provided over its full bandwidth for relatively distortion free
performance.



Bandwidth Selectivity.  One of the keys to the performance of the Switchable Filter
Module is its ability to provide the user with bandwidth selectivity. The functional
schematic of the bandwidth selection scheme is illustrated in Figure 7. There are two
switch groups involved, one at the input and one at the output ... each of which contains
four selectable channels (one for each filter bandwidth).

Figure 7.  The “selectable filter” concept is designed around switches at both the
input and output ports... in order to provide a maximum of interchannel isolation.



The design provides the following performance:

• Insertion Loss: Approximately 0.5 dB.

• On/Off Isolation: At 23 dB per diode ... two diodes per switch (four
per channel) will provide an input/output isolation
of nearly 80 dB.

• Crosstalk Isolation: More than 60 dB isolation between channels is
achieved by compartmentally packaging each
channel.

• Video Signal Isolation: Low-pass filtering is utilized to prevent undesired
“video” signals, produced by the external circuitry
responsible for filter/bandwidth selection, from
interfering with performance.

The basic operation of the switchable module is quite simple: each bandwidth filter has an
external pin through which the selection is made. For example, a “select” signal at PIN 1
would enable the 7 MHz bandwidth filter, while inhibiting all others. The operational
information is summarized in the following table.

TABLE IV

Mechanical Design.  The proper packaging is an integral part of any product. And, the
high levels of performance required by the Switchable Filter Module are no exception. The
prototype package is illustrated in Figure 8. The key feature is that the acoustic
components are electrically isolated from each other on one side of the package ... while
the electrical components are isolated from each other on the opposite side. In other



words, each bandwidth-filter has its own compartment. Such a cavity design will minimize
electrical feedthrough and crosstalk. Matching networks, coupling elements and switches
are all compartmentalized in order to achieve more than 80 dB of overall isolation.

SMA (female) connectors are connected to the input and output switches, as described
previously. The switches are TTL compatible, and are controlled via the four input pins.

Figure 8. The Switchable Filter Module is constructed with its logic “selection”
circuits physically isolated from its SAW devices...all housed in a 2 x 3 x .5 inch,
hermetically sealed package.

CONCLUSION.  The SAW Selectable Bandpass Filter Module presented here now
achieves a level of performance which is in most respects superior to to other alternatives.
Of particular note is the ability of the technology to produce the desired functions in such a
relatively compact form... including bandwidth selection switches. In many respects, this
unit embodies much of that which has been written about the potential of SAW devices ...
and, perhaps, signals that, for the first time, surface acoustic wave bandpass filters are
reaching the stage where the potential for expanded utilization is substantial.
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An Integrated Error Correcting/Pseudo Random Communication
System

Maurice L. Schiff,
ITT Aerospace Optical Division

Ft. Wayne, Ind. 46803

Introduction

This paper describes a pseudo random (PN) communication system with an integral error
correcting code. The error codes are again based on maximal length sequences and
simultaneously provide coding gain with bandwidth expansion. A basic modem starting at
2400 bps data rate and expanded to a 5 Mbps chip rate is described. Theoretical and
hardware test results are presented to verify the concepts. Finally, synchronization of this
system is discussed. A PN range extension concept is developed which improves the
acquisition time with only a trivial increase in system complexity.

System Concept

Block orthogonal and simplex error codes give theoretically optimum performance in the
limit of large code constraint length. However, these codes are rarely employed in practice
since the required system bandwidth grows exponentially with the constraint length.
However, in a PN system a bandwidth expansion of 30 dB or more is required for reasons
of AJ protection alone. Thus, integrating a simplex block code as part of the required
bandwidth expansion provides the coding gain as a bonus to the system AJ margin.

The choice of a simplex code will be simply those which can be generated from a maximal
length shift register encoder. Figure 1 shows a simple 3-stage PN encoder. Depending on
the initial contents of the shift registers an information - code word relationship also shown
in the figure results. It is well known that code structure of this type form a simplex, and
that simplex codes are the optimal block codes. It is the cyclic nature of the codes which
leads to a particularly simple and unique decoding structure. If we take the code word
1110010 and lay it twice on end, then the fascinating structure of Figure 2 results. This
suggests that an optimum decoder could be implemented by a transversal filter twice the
length of one of the code words. As the received signal propagates down this filter, the
output is monitored on a clock by clock basis. Eventually, the received code word will be
aligned with the proper bit pattern which will produce the maximum correlation.
An alternate decoder based on digital matched filter is possible and (perhaps) more



practical. This is illustrated in Figure 3 which shows a common digital matched filter
structure. Hard decisions are made on the received code word and each resulting bit is
stored in the upper set of registers. The lower set initially contains the basic code word
1110010. In this position the correlator output is the decision variable associated with the
1110010 code word. Decoding proceeds in a simple straight-forward manner. The lower
register is shifted once to the right with the right-most bit re-inserted in the now vacated
leftmost position: i.e., a cyclic shift. The lower register now contains another member of
the code set and the correlator output is the appropriate decision variable. This procedure
is repeated until all rotations of the code word 1110010 have been exhausted.

It now remains to correlate the received signal with the all zero code word to complete the
decoding process. There are several ways of doing this. The first is to simply enter all
zeros into the lower shift register at the end of the cyclic decoding process. A second and
easier way is shown in Figure 3, where the presence of the AND gates is now explained.
When the command line to the AND gate is a logical 1 then the output of the gate to the
EO is the contents of the lower register. However, when the command line is a logical 0
then the output of the AND gates is a logical zero regardless of the contents of the lower
register. Consequently, while the cyclic decoding proceeds the command line is set to a
logical 1. When this is finished, the command line is set to a logical zero and the resulting
correlation is noted, thus completing the decoding process.

A third way of decoding the all zero word eliminates the AND gates. The basis is a
theorem stated as follows:

Theorem: Let (Z K) be the set of decision variables associated with decoding a
simplex code set. Then the following relation holds:

Proof: The decision variable ZK is by definition

where r(t) is the received code word and Sk(t) is the K’th member of the code set. Now

but



for a simplex code system QED.

Thus, if we denote by Zn the decision variable associated with the all zero code, then the
theorem states that:

when the R.H.S. contains only the decision variables associated with the cyclic decoding
procecure. A simple counter can be used to calculate the indicated sum as each Zj is
determined. At the end the value of the largest of the Zj is tested against the negative sum
to see if the all zero code word should be decoded.

Baseline System Description

To test out the above concept and other facets of PN systems, a baseline system was
chosen for actual implementation. A base band data rate of 2400 bps was chosen as the
information source with a final wide band chip rate of 5 Mbps. These are number typical
of current day systems. Figure 4 shows a schematic of the encoding circuitry. The error
correcting coder was chosen to have a K=8 constraint length with the resulting encoded
signal having a bit rate of 76.8 kHz. Each of the encoded bits is brought to the final chip
rate by direct sequence modulation with a 63 bit PN code with a 5 Mbps chip rate. The
resulting signal is then PSK modulated onto a suitable carrier for transmission.

The receiver demodulates the signal in reverse order of the modulation. The 63 bit PN
code was demodulated using a surface acoustic wave correlator operating at a standard 70
MHz IF. A hard decision is made on the correlator output. The received 255 bit code word
is now decoded via the concepts discussed in the last section. The actual decoder
implemented was a 255 bit digital matched filter employing standard TTL logic. The
output of the decoder is the estimates of the 8 information bits, thus completing the
decoding process.

To verify the performance of the hardware, a complete computer simulation of the system
was implemented. The results are shown in Fig. 5. As can be seen, the correspondence is
excellent with less than a 1 dB variance. Also shown in the figure is the 2 dB improvement
which is possible if soft decisions were made on the code bits.



Synchronization Considerations

As with any PN system, synchronization between the received code and the locally
generated replica must be established. The common procedure is a search followed by
track algorithm illustrated in Fig. 6. The normal tracking circuit is an early late gate type
discriminator and the search advances one chip at a time until synchronization is detected.

A very simple, yet effective improvement on this synchronization system is possible. If
there is an early and late signal, one can extend the concept and make use of “very” early
and “very” late signals which involve several chips of information at once. The basic idea
is shown in Figure 7 where the numbers in the circles indicate the weighting factor
associated with the appropriate signal. This choice of weighting function is particularly
convenient since the sum of the early and late channels provide a uniform and wide signal
which can be used for sync detection, while the difference signal gives the standard
discrimination tracking curve. The following analysis shows that this range extension
concept actually improves the synchronization time.

Let L be the number of uncertainty slots which must be searched out. An optimum sync
system would test each of these L positions by correlating the received signal with the
sync code. The largest of these correlations is identified as the sync position. The statistics
of these L decisions is equivalent to that of orthogonal block codes. Consequently, the
probability of sync error, in the union bound is given by

(1)

where

Es  =  Signal Energy

No  =  Noise Power Density

but

Es =  A2T

A2 =  Power

T   =  Integration Time

Thus, for fixed Pe, A, No, the time required per division is



(2)

The acquisition time is simply LT; or
(3)

Now if we derive an extended E + L signal which gives a window M position wide, two
things happen. First, the number of positions to be searched is reduced to L/M and second,
the signal/noise ratio is reduced by a factor of M. The probability of error for the extended
system is then given by:

(4)

or

(5)

The acquisition time is LT1/M so finally

(6)

Comparing (6) with (3) shows that the acquisition time is improved by the log of the range
extension.

Implementation of this concept was almost tried, a few resistors being used to provide the
weights. The concept was implemented and working only a few hours after the concept
was presented to the design engineer.
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UNIQUE STRUCTURE OF A REPEATED 7 BIT MAXIMAL LENGTH SEQUENCE
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PSEUDO-RANDOM CODE SIDELOBE CANCELLER

Conrad H. Haber and Edward J. Nossen
Government Communications Systems RCA

Camden, N. J. 08102

Summary. - During acquisition of direct sequence pseudo-noise signals, time sidelobes
are produced at the correlator output which will degrade detection performance. These
sidelobes may be the result of additive noise, channel distortions, deliberate jamming or
the non-ideal correlation function of truncated code sequences. In order to minimize these
sidelobes, special codes can be selected based on their low sidelobe levels, or some
special sidelobe reduction or cancellation algorithm may be devised.

A sidelobe cancellation algorithm for use with LSI correlators has been simulated.
Segments of a maximum length code word as well as a totally random bit stream were
tested. The simulation results show that the largest sidelobes are reduced by a small
amount; however, the majority of the sidelobes are reduced by as much as 6 dB.
Consequently the false alarm rate for a particular threshold setting may be reduced. A
compatible technique for the derivation of a CFAR reference from the same correlator was
also successfully simulated.

Introduction. - Pseudo-random code sequences have found considerable application in
modern communication, radar and navigation systems. Synchronization acquisition of
pseudo-random code words and sequences is often hampered by the non-ideal correlation
function which manifests itself in the form of time sidelobes. These sidelobes may be the
result of additive noise, channel distortions, deliberate jamming or truncation of the code
sequence into isolated code words. Sidelobes can be overcome by raising the detection
threshold, by selecting special codes (such as maximum length sequences or Gold codes),
or by devising a sidelobe reduction or cancellation algorithm. The latter approach is more
useful when noise, dispersion or jamming destroys the ideal characteristics of the specially
selected codes.

In order to control the false alarm rate in the presence of fluctuating noise and sidelobe
levels, a Constant False Alarm Rate (CFAR) detector may be used. The noise reference
channel for the CFAR detector should consist of channel noise and code sidelobes, but be
insensitive to the desired signal energy.

To develop a CFAR detector, techniques such as an offset noise IF, delayed code
correlator or orthogonal code correlator can be used. An orthogonal code CFAR detection



algorithm, which also provides some sidelobe cancellation, has been developed and
simulated on a digital computer. The performance results for this algorithm are presented
in this paper.

Pseudo-Noise Signals. - Pseudo Noise (PN) or pseudo random noise, also known as direct
sequence modulation, can be generated by multiplying the carrier signal shown in Figure 1
by a bipolar pseudo random sequence. The resulting PN-PSK signal bandwidth is spread
to the reciprocal of the width of the narrowest keying pulse. Alternatively the pseudo
random sequence can be used to ON-OFF key the carrier for spectrum spreading. The
receiver must be knowledgeable of the bandwidth spreading sequence, so that a
synchronization detection or correlation process can efficiently make use of all the
transmitted energy.

Pseudo-random sequences are periodic binary sequences which have certain random like
properties. The most important property of such sequences is the unambiguous
autocorrelation function, which permits fine time measurements after signal
synchronization and tracking. One class of pseudo random sequences is generated by
linear feedback shift registers. If the feedback taps are properly chosen, the sequence
produced by the shift register will have a length of period of N=2n-l, where n is the number
of shift register stages. Such maximal length sequences (MLS) will always exhibit a
difference between the number of positive and negative sequence elements of one. For a
normalized correlation function peak value of one, a constant side lobe level of -1/N will
be found for all delays in excess of one sequence element.

Code Sidelobes. - A computer generated ideal autocorrelation function for a sequence of
63 element length is shown in Figure 2. These ideal autocorrelation properties apply only
in a noiseless environment. As soon as sequence element or chip detection errors are
made, as a result of channel noise or jamming, large time sidelobes will be generated at the
correlator output. This is illustrated in Figure 3, where the autocorrelation function for the
63 element length sequence is plotted, assuming alternate sequence element detection
errors. These detection errors not only result in increased sidelobe levels but also directly
reduce the amplitude of the in-phase correlation peak.

A similar sidelobe pattern would result if correlation were performed over a single code
word preceded by noise, even though the word is equal to the maximal length reference
code word. A different input sequence of code words, or channel noise without input
signal, could produce similar results. In each of these cases sidelobes result, since the input
sequence for all time is not a repeated version of the reference as shown in Figure 4. Each
of these cases typify conditions at the receiver during various phases of synchronization
acquisition.



For a fixed detection threshold, time sidelobes result in false alarms whenever the
threshold is exceeded. Falso alarms can increase the signal search time, or even result in
missing the true correlation peak. Raising the threshold above the largest sidelobe level to
reduce the false alarm rate degrades the probability of detecting the desired correlation
peak under low signal-to-noise conditions. This effectively reduces the realizable
processing gain at the receiver.

Code Sidelobe Reduction. - Three solutions to the code sidelobe problem include:

1. Raise the detection threshold and take the performance loss. This is obviously
unattractive.

2. Use special codes or sequences which exhibit low auto and cross-correlation
properties. These include Gold codes, or specific maximum length codes or
sequences.

3. Use some form of sidelobe cancellation processing at the receiver which permits
lowering of the detection threshold by reducing the correlator’s response to code
sidelobes. It is desired to attenuate the code sidelobes sufficiently so the detection
threshold is only determined by the Gaussian noise floor. In some applications it
may be feasible to use a canceller in conjunction with specially selected codes/or
sequences for improved performance.

It is well known that maximum length binary sequences have desirable autocorrelation
functions. For single maximum-length binary code words the time sidelobes are higher
than for maximum length binary sequences (where the input is a repeated version of the
same code word). The time sidelobe amplitude also depends upon the starting point of the
code word. Each maximum length code word of length 2n-1 has 2n-1 starting positions,
with some of these positions exhibiting lower sidelobe levels than others. A summary of
desirable code words and their starting positions is given by Taylor1. Further information
on longer code words can be obtained from Roth,2 Braasch and Erteza,3 or from tables of
irreducible polynomials.

Figure 5 shows the maximum and minimum values of binary phase coded residues (or time
sidelobes) for codes of length 2n-1. By selecting a desirable code, a 4.5 dB to 4.8 dB
reduction in peak sidelobe level is possible over a worst case randomly selected code word
of the same length. Figure 5, therefore, illustrates the potential improvement in sidelobe
level achievable through code selection.

Several years ago, it was observed by Gold4 that the cross-correlation function of two
maximal length sequences was generally poor despite their good auto-correlation



characteristics. Gold derived a theorem for selecting sets of maximal length linear
sequences which exhibit reasonably good cross-correlation characteristics. This allows
several users to share the same channel through the use of “good” multiple access code
sequences. The upper bound on cross-correlation sidelobes with certain maximal length
Gold code sequence pairs is

Gold also constructed non-maximal length sequences with good cross-correlation
properties. The upper bound on sidelobes of these non-maximal length sequence is:

Randomly selected code sequences would have * 2 (J) * = 2 (2n -1)1/2 as a 2F correlation
sidelobe. About 4.5% of the sidelobes would thus be higher than this value. The cross-
correlation performance of maximal length Gold code sequences and random code
sequences is compared in Table 1. For the Gold codes the upper bound is shown, while for
the random codes 2F values are shown.

TABLE 1.  Sidelobe Levels of Codes (Cross-correlation)

Code
Length

Correlation
Peak

Gold Code
* 2 (J)* max.

Random Code
* 2 (J) * 2F

27   -1

213  -1

  127

8191

  17

129

 23

181

Gold codes have an advantage over randomly selected code sequences provided:

integration takes place exactly over the code sequence’s period,
Interfering signals are Gold codes of equal length,
Noise or jamming do not seriously degrade the code’s correlation function,
Security devices are not used for code encryption, since these would destroy the
properties of the Gold codes.

It is not always possible to employ Gold codes for antijam communications. Therefore, the
primary application of Gold codes is in a Code Division Multiple Access (CDMA) system.



Pseudo Noise Signal Correlation. - Correlators for pseudo-random signals can be
separated into two classes. Serial correlators, also known as real time multipliers (RTM),
perform a code chip by code chip comparison over some period of time. The correlator is
implemented with a mixer or exclusive OR (Modulo-2 adder) and a filter to perform the
integration. To obtain a maximum correlation output the signal input and the reference
code input must be synchronized. Synchronization is achieved by slightly offsetting the
reference code rate from the input signal rate. The obvious disadvantage is that
synchronization may take a long time for a relatively large time uncertainty.

Parallel correlators, also known as matched filters, store the entire reference code word for
one integration period in a digital register. This reference code word is then compared
against an equivalent length signal sample. The signal may be stored in another register
made up of digital or analog storage elements. In an all digital implementation half adders
are connected between corresponding register stages and their outputs are summed. Figure
6. illustrates the basic configuration of such a matched filter correlator. The RCA TCS-040
CMOS/SOS correlator expands on this basic configuration in that it has a 32-stage
reference register and two 32-stage data registers. A set of Modulo-2 adders are connected
between each data register and the reference register to provide two current sum outputs,
as illustrated in Figure 7. This type of correlator has proven to be very useful in
simultaneously correlating inphase and quadrature signals following coherent
demodulators. Similarly, it can be operated in a two phase clock mode to achieve higher
correlation speeds.

Waveforms obtained with a matched filter correlator and a 63 chip long code are
illustrated in Figure 8 for several input signal-to-noise ratios.

Demodulator. - When digital matched filter correlators are used for detection of pseudo
randomly coded signals, the carrier phase is generally unknown. To assure efficient signal
detection and data demodulation, quadrature carrier demodulators are used. An “inphase”
(I) and a “quadrature” (Q) baseband channel are then obtained. A typical coherent
demodulator with I and Q baseband correlators is illustrated in Figure 9. The carrier may
be either biphase or quadraphase modulated. In the biphase case the VCO could be driven
so that all of the desired energy is contained in the I channel. With quadraphase
modulation there will always be desired signal components in the I and Q channels
regardless of the VCO phase. Appropriate combining of the I and Q output signals will
then be required to maximize the signal delectability.

In the coherent phase demodulator, the incoming signal from the last IF amplifier is applied
to a pair of mixers. A VCO and hybrid generate inphase and quadrature references. The
mixer outputs are thus the inphase and quadrature signal components. Each is applied to a
bandpass filter, which is broad enough to pass all of the pseudo-noise signal but blocks



low frequencies. By blocking DC and low frequency components, carrier leakage through
the mixer is rejected. The output of the bandpass filters are supplied to threshold and
sampling circuits, which are sampled at the chip rate, or at a multiple of the chip rate and
provide a binary signal to each correlator. When the demodulator phase is exactly the same
as the transmitted phase, the I correlator output will be the only active one. The Q
correlator output signal, when used as an error signal, will drive the VCO to the correct
phase and thus maximize the I correlator output. During acquisition, the I and Q outputs
are generally combined noncoherently, since the initial phase is not known, thereby
achieving the equivalent of an envelope detector.

Noncoherent Combining. - Normally the I and Q channels are combined in a root sum
square (RSS) fashion to obtain the equivalent of envelope detection. The output of an
envelope detector (I2 + Q2)1/2 can be approximated by the larger of *I * + 1/2 *Q* or *Q*  +
1/2 *I*. This results in a loss in delectability of about 0.2 dB.

A further simplification is to use *I* + *Q* or the larger of the two. This results in a
delectability loss of less than 0.65 dB for a detection probability PD =.5 and false alarm
probability PFA = 10-6. For lower signal-to-noise ratios the loss can usually be neglected.
Table 2 summarizes the losses over envelope detection from the second approximation
(magnitude combining). These alternate implementations for noncoherent combining of I
and Q signals are illustrated in Figure 10.

TABLE 2.  SNR Penalty Relative to Envelope Detection (dB)

Prob. of
Detection

Prob. of False Alarm, PFA

10-1 10-2 10-3 10-4 10-6 10-8

PD = 0.5

PD = 0.9

0.15 0.35 0.40 0.55 0.65 0.70

0.25 0.40 0.55 0.70 0.75 0.85

In order to relate PD and PFA to signal-to-noise ratio, consider that synchronization
acquisition typically requires at least a 12 dB signal-to-noise ratio, which corresponds to a
PD = 0.9 and PFA = 10-4. For this case the signal-to-noise loss for *I*+ *Q* is 0.7 dB. It can
be shown that in the limit the loss for *I*+ *Q* is 0.9 dB for very large PD and very small
PFA.

Signal Detection Criteria. - In conventional communications systems the signal detection
criteria are simply based on signal-to-noise ratio. In a pseudo random noise system, the



effects of code sidelobes must also be considered; they can equally produce false alarms.
Furthermore, when the PN system is used to combat jamming, the noise or interference
level can fluctuate drastically and cause numerous false alarms, if a fixed threshold setting
is used. A commonly used solution takes advantage of a Constant False Alarm Rate
(CFAR) detector. This adjusts the threshold level based on the background noise level.
The noise reference level should include code sidelobes if possible, to make the CFAR
more effective. From the various CFAR implementation options, three examples will be
discussed: an offset noise IF, a delayed code correlator and an orthogonal code correlator.

To achieve a valid CFAR, the detection threshold can be modified in accordance with an
uncorrelated noise reference signal. One form of such a noise reference channel is a noise
IF, which is slightly offset in frequency from the desired correlation channel. The
frequency offset is made large enough so that no signal correlation at that particular offset
can occur for expected values of carrier frequency errors and doppler shifts. Another form
of a noise reference channel uses a correlation channel on center frequency, but with a
reference code, which is “very late” with respect to the desired signal and will, therefore,
not produce a high correlation value. This channel will have outputs due to noise and code
sidelobes, which are uncorrelated with respect to the desired signal, channel noise and
sidelobes, provided long code sequences are used. With the transmission of short, repeated
code words the “very late” correlation might include a valid code word and produce a high
correlation peak.

As an extension of this approach, an orthogonal reference code is generated, which will
not correlate with the desired signal, even if it were repeated. One approach to obtain
orthogonal codes is to complement half of the code chips in a code word. This may be
achieved simply by dividing the code word in half and complementing the chips in the last
half of the code word. Figure 11 illustrates an example of the desired code word for a data
or sync symbol, and the orthogonal code word, for the noise reference.

The orthogonal code CFAR implementation is illustrated in Figure 12. It consists of two
cascaded correlators of a total length equivalent to one data symbol’s duration, with
appropriate output combining circuits. During data demodulation the sub-correlation
values for each block are added linearly; for example, the output is

E (S + N) = A + B

For initial sync acquisition this linear addition, in the I channel, which corresponds to
coherent detection, cannot be used. First, the carrier phase is not known and second, the
frequency error may not permit integration over the data symbol duration. Non-coherent
detection must therefore be used, and this is ordinarily implemented with an envelope 



detector in each correlation channel. The I and the Q channel are therefore combined
according to the RSS algorithm:

where the subscripts identify the I and Q components.

The orthogonal noise reference channel uses the same correlator and the same reference
code as for signal detection. The algorithm selected for the noise channel is:

Under low noise conditions the sub-correlation peak for block A is expected to be the
same as for block B. If both are positive, the difference will be zero; if both are negative,
the difference will also be zero. Since the coherent subtraction is only made over a short
time interval, doppler will have a negligible effect on the cancellation of the signal
correlations. The sync acquisition and the noise reference channel are thus orthogonal with
respect to each other as far as the desired signal is concerned.

Since a digital implementation is a desirable objective, magnitude combining is often
preferred over RSS combining. It can be implemented with trivial arithmetic operations
compared to the squaring and square root operations needed for RSS combining. The
detection algorithm is then:

while the algorithm for the noise channel becomes:

The magnitude combining implementation is illustrated in Figure 13.

Sidelobe Cancellation. - When noise or sidelobes are predominant during either block A
or block B, the magnitude of the sum and the magnitude of the difference would be nearly
alike. In that case, the noise and sidelobe output in the sync detection channel and in the
noise channel would be similar or alike. Subtraction of the noise signal from the sync
acquisition signal will thus cancel part of the noise and sidelobes, but it will not
significantly reduce the magnitude of the desired correlation peak. A new sync signal is
derived as follows:



If a synchronization preample or complementary data are sent, the expected output will be
a positive pulse. Any negative pulses can be ignored, since they represent noise or code
sidelobes. For coherent decoding or complementary data modulation, the correlators must
be summed linearly to extract the data signal.

Figure 14 illustrates the combined CFAR and sidelobe cancelling algorithms implemented
with the magnitude combining approach. It is not expected that this represents the
optimum algorithms to achieve the intended objective. However, the premise was that the
same correlation channel and the same reference code should be used for both signal and
noise measurements. The noise and the code sidelobes in the signal channel and the noise
channel should be correlated.

One should then be able to subtract from the signal correlation channel the noise and
sidelobes, which also appear in the noise reference channel. As the noise and sidelobes in
the two channels become more correlated the cancellation of the undesired components
should improve. The challenge is then to find a set of algorithms where the desired signal
is completely orthogonal to the noise reference, and yet have the noise and sidelobes fully
correlated with each other in both channels.

Simulation Approach. - In order to quantify the potential of the sidelobe cancellation
algorithm, a digital computer simulation was run. The sidelobe canceller model which was
simulated is shown in Figure 15. It can be configured for magnitude or RSS combining by
selecting the appropriate combiner output. This permits determination of canceller
performance variation with the RSS and magnitude combining approaches shown in Figure
12 and 13.

In the interest of simplicity only the I channel was simulated, however, the codeword was
segmented into 4 block length to permit the configuration of a proper RSS combining
model. Each block is 32 elements long, resulting in a reference codeword of 128 elements.
At the start of the simulation the first 128 elements of a 255 element linear maximal length
code sequence (8 bit code) were loaded into the correlator reference registers. This code is
one of the desirable codes discussed previously. The simulated LSRG, which generated
this code, is shown in Figure 16. The reference was then correlated against the same 255
element code sequence, which was used as the correlator input sequence. Correlation was
performed on a discrete element by element basis, from J = 1 to J = + 127. The code
phasing for each of the extreme J values is shown in Figure 17. For each of the 127 values
of J the output of the sync symbol subtractor (point A in Figure 15) was recorded,
resulting in 127 sample values. It should be noted that correlation over only half the 255



* Sidelobe normalization factor is 90.5 for RSS combining, 128 for magnitude combining

maximum length sequence was attempted. A codeword representing a segment of a MLS
will produce a substantial number of sidelobes.

This process was repeated using a purely random 255 element code derived from the Rand
table of random numbers. A + 1, -1 random code sequence was generated depending upon
whether the random number was odd or even. This simulated the canceller performance
with a noise or truly random sequence input. For each of these two input codes the
normalized (relative to the correlation peak at J = 0)* sample mean 
                   and

standard deviation    were computed

for the code sidelobes at various points in the sidelobe canceller.

Simulation Results

The simulation’s sidelobe statistics are summarized in Table 3. These long term statistics
show the magnitude of the sidelobes to be nearly the same in the noise and sync channels
as postulated. This similarity demonstrates a potential for developing a CFAR reference
from the noise channel.

These results indicate considerable reduction in mean sidelobe amplitude with the
canceller (SYNC-NOISE) using both RSS and magnitude combining. This reduction
applies relative to the sync channel which would normally be used during acquisition.
However, the cancellation algorithm increases the sidelobe amplitude’s standard deviation.
It is thus possible that little reduction will be provided to the peak sidelobe amplitudes
represented by the tails of the sidelobe amplitude distribution. To accurately determine the
canceller’s effect on the tails of the distribution, the simulation data was reviewed in
greater detail. Using a printout of the 127 normalized sidelobe samples for each run, the
largest, next largest . . . Nth largest sidelobe were determined. The observation time is
one-half period of the 255 element code.

The 20 largest normalized sidelobe amplitudes are shown in Table 4 and relative sidelobe
levels in Table 5. The results show that for this code peak sidelobe levels can be reduced
by 0.67 dB with magnitude combining to 0.84 dB with RSS combining, with the
cancellation algorithm.



TABLE 3.  CANCELLER OUTPUT STATISTICS

TABLE 4.  Normalized Sidelobe Amplitudes



TABLE 5.  Relative Sidelobe Level (dB)

Lower order sidelobes are reduced by 7-8 dB. These results indicate the cancellation
performance depends upon the acceptable false alarm rate (set by detection threshold) for
the application.

The simulation showed that magnitude combining generally produced smaller sidelobe
levels than IRSS combining in the sync channel and at the canceller output.

Conclusions. - The foremost problem in the acquisition of pseudo-noise signals is to
achieve a high probability of detection and a low probability of false alarm. While noise is
often the source of false alarms, its statistics are well known. Code sidelobes are another
source of false alarms, however, with much less known and more varied statistical
characteristics. The feasibility of reducing code sidelobes appeared to be a worthwhile
simulation project. Furthermore the desire for a low cost constant false alarm rate detector
(CFAR) and inexpensive quadrature signal combining techniques led to the inclusion of
additional options in the simulation program.

The simulation has demonstrated that for the algorithms and codes described, an
orthogonal noise reference channel can be produced which is suitable for a CFAR
reference. This CFAR reference can also be used to achieve a reduction of code sidelobes
at the output of a matched filter correlator. Magnitude combining appeared to result in



lower sidelobes than RSS combining, which is equivalent to envelope detection. Previous
analyses have shown that RSS combining in the presence of Gaussian noise is slightly
superior to magnitude combining. The simulation results seem to show that for the code
sidelobe statistics magnitude combining is to be preferred.

It should be noted that only one algorithm for the sidelobe canceller has been tested.
Further work is required to determine the performance of this cancellation algorithm with
other pseudo-random sequences and codewords. Other algorithms should also be
investigated, including the differencing of non-adjacent code blocks. The limited
improvement shown by the first attempt promises greater performance enhancement when
the “optimum” algorithm is found.

References

1. Taylor S.A. , Mac Arthur J. L., Digital Pulse Compression Radar Receiver, Appl.
Phys. Lab Tech. Digest, Vol. 6, No. 4, pp. 2-10, 1967.

2. Roth H. H., Linear Binary Shift Register Circuits Utilizing a Minimum Number of
MOD-2 Adders, IEEE Trans. Info. Theory, Vol. IT-11, No. 2 pp. 215-220, April
1965.

3. Braasch E. H., and Erteza A., A Recursion for Determining Feedback Formulas for
Maximal Length Linear Pseudo-Random Sequences, Proc. IEEE (Letters), Vol. 54,
No. 7, pp. 999-1000, July 1966.

4. Gold R., Optimal Binary Sequences for Spread Spectrum Multiplexing, Natl.
Aerospace Electronics Conference Proceedings, 1966.

5. Nathanson F. E., Radar Design Principles, Chapter 12. McGraw-Hill Book Company,
1969.



Figure 2. Correlation Function of
Pseudo-Random Sequence
(63 Chip MM)

Figure 1.  Pseudo-Random Keyed Figure 3. Correlation Function of
Waveform 63 Chip Pseudo-Random

Sequence; with Alternate Chip 
Detection Errors

Figure 4.  Code Sidelobe Generation Figure 5.  Maximum and Minimum Values of
Binary Phase-Coded Residues5



Figure 6.  Basic Correlator Figure 7.  TCS-040 Dual 32-Stage
Correlator

Figure 8.  Matched Filter Correlator Inputs/Outputs

Figure 9.  Coherent Demodulator



Figure 10.  Noncoherent Combining Figure 11.  Orthogonal Code

Figure 12.  Orthogonal CFAR Figure 13.  Magnitude Combined
implementation CFAR

Figure 14.  CFAR and Side Figure 15. Sidelobe Canceller
Lobe Canceller Model
Implementation



Figure 16.  8 Stage 255 Element Figure 17.  Simulated Code
LSRG Element Correlation



ECM/ECCM EFFECTS ON VOICE TRANSMISSIONS
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Summary. - An evaluation methodology for conventional and ECCM voice
communications is presented, wherein intelligibility of the received message rather than
error rate or signal-to-noise ratio is the quantity measured. This allows the engineer to
include the psychoacoustic phenomena of a human listener in his system design
considerations.

Analyses have been performed which allow transformation of speech articulation test
results into data more meaningful to the communications engineer. Since message
intelligibility is established after baseband reconstruction of the voice signal, this method is
universally applicable to most voice transmissions. It is insensitive to the nature of the
medium, modulation, and interference sources.

Examples are presented showing applications of these guidelines to the design of
frequency hopping radios. Tests run on a simulator confirm the analyses. A sample tape is
available to demonstrate some of the effects.

Introduction. - The transfer of digital information in modern telemetry and communication
systems can be measured against well-defined performance criteria. However, voice
transmissions - whether in analog or digital format - must ultimately be evaluated by the
human listener. While signal-to-noise ratios and bit error rates can be quite useful, the real
measure of performance for voice communications is the intelligibility of the received
message. The psychoacoustic characteristics of the human listener are essential
considerations in an overall evaluation.

Basic work performed in this area in 1949 by Miller and Licklider [1] outlined the effects
of continuous noise and pulsed noise on voice intelligibility. Pollack [2, 3] extended the
investigation of pulsed noise interference on speech further, and Hogan and Hanley [4]
reported on the interference effects of multiple voices. While these studies brought to light
effects important to the electronic communications field, they have remained largely in the
domain of psychoacoustic specialists.

This paper provides the transition from psychoacoustics to electronics; factors impacting
on intelligibility are transformed from audio to RF. Guidelines are established for design



and evaluation of ECM and ECCM systems. More importantly, a method is presented
which is applicable to most voice transmissions, whether analog or digital, military or
commercial, UHF or K-band.

Background. - Miller and Licklider [1] provided the basic studies on voice intelligibility in
the presence of noise and applied their results to multiplexed signals. Subjects listened to
voice recordings during which time interference was introduced. The subjects were graded
on the number of words heard correctly and the results were averaged to yield a percent
value of intelligibility for a specified type and level of interference.

Three different types of interference were used: 1) continuous noise, 2) repeated signal
drop-out periods, and 3) pulsed noise. Figure 1 shows the relationship between word
articulation (also referred to as intelligibility) and audio signal-to-noise ratio. Figure 2
shows articulation contours for speech-time fraction versus interruption rates. To
understand Figure 2, consider 0.1 interruptions per second and an 0.8 speech-time fraction.
This corresponds to a voice transmission for 8 seconds followed by a 2-second period
during which there is no sound. At this low rate it is no surprise that about 80% of the
words are intelligible.

An interesting phenomenon occurs for interruption rates above 10 per second. An 0.8
speech-time fraction now means that voice is heard for 80 milliseconds, followed by a
20-millisecond “dead time”. For rates between 10 and 100 per second, interruptions occur
several times during most words, allowing at least a portion of every phoneme to be heard.
This allows the human listener to understand more words and a higher level of
intelligibility results.

Above 100 interruptions per second, the curves start to return to their original values at
lower rates. However, another effect begins above 1000 interruptions per second. At this
rate the interruptions are too fast for the middle ear to respond well and the speech signal
is smoothed to essentially its uninterrupted form, thus resulting in very high levels of
intelligibility.

Figure 3 shows the effects of periodic and aperiodic pulses of noise added to the voice
signal. The main difference between Figure 3 and Figure 2 (no noise) is the deterioration of
intelligibility at high interruption rates. Miller and Licklider explain that the strong noise
pulses (9 dB stronger than signal for the graph shown) are low-pass filtered by the ear,
thereby spreading the noise energy out over a larger portion of signal than the pulse
actually occupies. Also, the similarity of the data for both random and regular interruptions
allows the use of either set of curves for most purposes.



In contrast to the investigation of multiplexed signals by Miller and Licklider in 1949,
research was also performed which pertained to other communication methods of interest.
Typical of such efforts is the work of Hogan and Hanley [4] relating voice intelligibility
phenomena to conferencing. In their work, the masking properties of simultaneous voice
signals were investigated.

RF Effects on Intelligibility. - The work presented in this paper emphasizes the impact of
modern radio communications on voice intelligibility. Interruption and masking phenomena
can be introduced into a communications link in a number of places (modulation,
transmission medium, demodulator hardware, etc.) Quality of the received voice signal (a
measure of the system throughput) can be analyzed using psychoacoustics.

The phenomenon of fading has dramatic effects on intelligibility of voice transmissions
when the fades are of sufficient depth to cause communications “drop out”. For many
types of systems, this can be associated with thresholding effects, causing loss of lock
and/or synchronization. The effect of the fade in the audio signal is to cause pulses of “no
signal”. These fades can thus be interpreted in terms of the intelligibility curves shown in
Figure 2. AGC response characteristics may also increase receiver sensitivity and require
consideration of Figure 3, since noise may be substituted for signals.

Such interruptions can be introduced into a system in several ways. The natural
phenomenon of fading due to changes in the propagation path is well known, particularly
for tropospheric scatter communication and skywave propagation in the lower frequency
bands (e.g. MF and HF). Other causes are related to localized propagation or
implementation problems. Multipath and antenna nulls fall into this category. In dynamic
situations (ships and aircraft, for example) such fades cannot always be “designed out” by
clever placement or pointing of antennas. Performance prediction for such systems has
previously been speculative.

For conventional narrowband signals in the presence of continuous noise, Miller and
Licklider’s continuous noise intelligibility curve (Figure 1) is transformed to RF by means
of a detector transfer function plot. Such a transformation process is illustrated in Figure 4.
The audio intelligibility curve is shown in the lower left corner of the figure. Audio
intelligibility versus baseband SNR is plotted in that curve. The lower right corner shows a
graph illustrating three different transfer functions for various detectors. These transfer
functions allow baseband SNR to be converted to RF SNR for a specific type of detector.
The upper right corner shows a composite graph which plots audio intelligibility as a
function of RF SNR. Note that the linear transfer characteristic of coherent detection has
not introduced any changes in the intelligibility curve. However, the curve for FM
detection shows significantly different performance. The preference for FM detection of 



high fidelity music as compared with AM detection is illustrated by the increased
intelligibility of the FM Curve.

ECM Effects on Narrowband Signals. - Before discussing Electronic Counter Measures
(ECM) effects on voice intelligibility, a brief description of basic ECM techniques is in
order. The ECM threat can be considered as consisting of three distinct components: the
jamming waveform, the jamming power level, and the relative geometry. The jammer may
be free to select all three within certain constraints. The jamming waveform can be
optimized against the victim communications system. The jamming power can be
maximized within the constraints of mobility and prime power availability. The geometry
is mission sensitive and often influenced by considerations of physical vulnerability of the
jamming installation.

Jamming waveforms may be selected to provide either jamming or deception. Jamming
results in the introduction of sufficient interfering signal power to render the desired signal
unusable by virtue of poor intelligibility or an excessively high bit error rate. Deception is
practiced by causing erroneous messages to be accepted. This requires the enemy to
generate messages in an acceptable format, either by synthesis or through record/ playback
techniques. If successful, both jamming and deception approaches are detrimental to the
efficient execution of military operations.

Many jamming threats could be effective against a particular communications system.
Some of these are listed in Table 1; the particular threat of concern will depend very much
on the signal(s) to be protected. As the signal structure is changed to reduce its
vulnerability to jamming a different threat may become more effective and must be
analyzed. It must be assumed that the enemy will have sufficient intelligence information
about the communications systems so that he can design an optimum jammer. Conversely,
the antijam (AJ) communication system design must anticipate every type of jamming
signal which the enemy can deploy. The solution will be limited by the cost of
implementation as well as by satisfying other constraints.

Jamming signals can be divided into several major categories: simple manual and semi-
automatic brute force jamming systems, spoofers, and followers. Spoofers try to transmit
replica signals to preempt the acceptance of legitimate communications signals. A fully
automatic, fast response, look-through follower jammer attempts to cancel the advantage
of certain ECCM approaches by virtue of its speed of response. A variety of jamming
waveforms are shown in Figure 5. To illustrate some of the more specialized jammers, a
frequency hopping ECCM signal is shown as well as special waveforms designed to
counter it. For other communications signals, which will be mentioned later, comparable
jamming waveforms can be postulated.



TABLE 1.  JAMMING THREATS

Narrow Band Noise/CW

Partial Band Noise

Multiple Carriers

Wide Band Noise

Covers a single narrow band communications channel

Covers several communications channels and guard
channels

Covers several communications channels only

Covers part or all of a communications band

Narrow Band Pulses

Wide Band Pulses

Swept Frequency

Covers a single digital data channel

Covers several digital data channels

Covers several channels; appears as pulse jammer to
each channel

Fast Follow Look-Through Intercepts signal and responds immediately on the
same frequency

Repeater

Replica/Captured Equipment

Records and plays back signals in an attempt to
deceive
Can deceive or jam a single channel

Let us now consider the effects such jammers have on conventional narrowband signals.
For example, one might expect jammer strategy to make use of wideband noise, swept
frequency, or pulse techniques against an AM or narrowband FM radio. Such approaches
would give the jammer an advantage in peak power, or afford him the capability of
covering several different communications channels at the same time with a single
equipment. Interference caused by a noise jammer can be interpreted in terms of the
intelligibility curves presented in Figure 4. The interference is continuous, and its level is
determined by relative bandwidths and geometry involved. For instance, if a 10 dB
stronger noise jammer spread its power over a bandwidth four times (6 dB) greater than
the bandwidth of an AM radio, a receiver equidistant from the transmitter and the jammer,
would expect a -4 dB SNR at RF. This results in roughly 8% voice intelligibility.

For non-continuous interference (such as a pulsed jammer) the curves presented in
Figure 3 are used, provided the jammer overpowers the signals. The interruption rate and
speech-time fraction are the repetition rate and the off-time of the jammer, respectively. It
is, of course, possible that other factors could come into play to diminish the effective 



speech-time fraction. For example, AGC loop time constant or amplifier recovery time
could be significant. Such effects must be considered on an individual basis.

Another example of non-continuous interference is the swept frequency jammer. Such a
jammer can cover several channels simultaneously by rapidly sweeping its RF output. The
sweep rate of the jammer becomes the average interruption rate and the speech-time
fraction (STF) is determined by

(1)

If a swept frequency jammer much stronger than the signal were to sweep across 10 signal
channels at a rate of 1000 times per second, the interruption rate in one channel would be
1000 per second and the speech-time fraction would be 0.9. Figure 3 shows that this
would result in about 65% intelligibility.

ECCM Approaches. - Techniques most commonly associated with Electronic Counter
Counter Measures (ECCM) operation are spread spectrum modulations. Four basic
techniques are pseudo-noise modulation, frequency hopping, chirp modulation, and time
hopping. A short discussion of these spread spectrum techniques can be found in Appendix
A. Table 2 lists some of the general characteristics of the basic spread spectrum
modulations. Each has different advantages and disadvantages for a specific application.
Two or more of these techniques are often combined to solve a particular communications
problem.

Effects of the ECCM implementation on voice intelligibility are a significant consideration.
An anti-jam modem must certainly function in the absence of jamming with minimum
intelligibility degradation. For example, PN modulation does not degrade performance of
the unjammed communications link, but frequency hopping may. The hopping capability is
commonly provided by indirect frequency synthesizers to reduce size and cost in
comparison with direct synthesizers. A penalty for those reductions is a much longer
switching (and settling) time. The need to blank the transmission during this switching
period can introduce discontinuities in a voice signal transmitted over such a link. The
effects of these interruptions can easily be appraised using Figures 2 and 3.

Mutual interference in multi-net operation is another example of possible degradation due
to ECCM techniques. Consider two frequency hopping radios located near each other
operating in different nets. Where conventional narrowband radios would use different
channels, FH radios could use different hopping sequences which would make use of the
same set of frequencies. Although driven by different codes, the hopping radios could
simultaneously occupy the same frequency. Normal designs will cause the probability of 



TABLE 2.  SPREAD SPECTRUM TECHNIQUES

Pseudo-Noise Modulation

• Low Peak Power Density
• Easily Implemented with LSI Technology
• Requires Good Propagation Medium
• Requires Contiguous Spectrum
• Bandwidth Limited by Power, Cost

Frequency Hopping

• Can Cover Wide Bandwidth
• Not Restricted to Contiguous Frequencies
• Can Often be Performed with Radio Synthesizer
• Instantaneous Power Density is Higher than PN

Chirp (Swept FM)

• Wide Bandwidth has been Demonstrated
• Little Doppler Sensitivity
• Requires Contiguous Spectrum
• Vulnerable to Special Detectors/Jammers

Time Hopping

• Natural for use with TDMA
• Good Near-Far Performance
• Compatible with Analog or Digital Modulation
• Forces Jammer Towards CW
• Inexpensive
• Requires Peak Power

overlap to be quite low, but as the number of nets in operation increases, so will the
probability of overlap. Such overlaps will cause increased levels of interference in the
received voice signal. The effects of such occurrences can be analyzed with the previously
presented intelligibility curves, by considering the average interruption rate and the speech-
time fraction.

ECM Effects on ECCM Signals. - The combined effects of ECCM and ECM techniques
are of major concern in anti-jam (AJ) communications. The factors discussed previously



must be re-evaluated, since interactions can cause the total effect to be different from the
sum of the parts.

In order to make the speech intelligibility curves useful for communication engineers,
translation to RF transmission frequencies is essential. This is facilitated by categorizing
signal and jamming waveforms as either continuous or switched transmissions. Specific
examples of both types are presented in Table 3, which lists a number of possible signal
and jammer configurations. While the Table is not meant to be all-inclusive, it does
succeed in showing typical signals and the types of interactions resulting from them. For
example, in the trivial case of a narrowband noise jammer used against a narrowband
signal, both the signal and jammer are continuous waveforms. As indicated in the legend,
this type of interaction dictates use of the intelligibility curves presented in Figure 4.

TABLE 3.  SIGNAL/JAMMER INTERACTIONS



As an example of interaction between a switched jammer and a continuous signal, consider
a swept frequency jammer interfering with a PN-PSK signal. Assume that the jammer is
sweeping a 50 MHz bandwidth while the PN spectrum occupies 10 MHz within that
region. As illustrated in Figure 6, the jammer sweeps the full 50 MHz band in a period of
50 ms (a repetition rate of 20 Hz). This means that the signal under consideration is
jammed for a 10 ms period out of every 50 ms. The interruption rate of the signal channel
is 20 Hz and the speech-time fraction is 80%. If the jammer’s power is much stronger than
the signal power during the interference pulse, the intelligibility curve shown previously in
Figure 3 applies. For a 20-Hz interruption rate and 80% speech-time fraction, the
intelligibility of the resultant baseband voice signal would be on the order of 95%. Note
that if the jammer’s repetition rate had been on the order of 1 KHz, the resultant
intellibibility of the voice signal would have been reduced to roughly 50%.

On the basis of signal intelligibility, the 50 ms sweep time used for this hypothetical
jammer is the least effective repetition rate that could have been selected. Disregarding
other considerations, the intelligibility curves clearly show that a more optimum jammer
strategy would be to implement a faster sweep of the 50 MHz band, if possible.
Alternately, a slower sweep would also be more effective.

Continuous jamming of discontinuous signals can be the cause of interruptions, too. Partial
band (continuous) noise jams a frequency hopping ECCM signal in this way. Any jammer
covering a fraction of the total transmitted bandwidth (e. g. partial band, narrow band,
CW, etc.) yields an average interruption rate (IR) slower than the hopping rate (HR).
Figure 7 shows the conversion, which follows the equation

(2)

Equation 1, which relates speech-time fraction and bandwidth ratio, and Equation 2 can be
combined to yield

(3)

This equation gives the performance of partial band jamming of an FH signal when plotted
on Miller & Licklider’s curves (Figure 8). Speech-time fraction indicates a specified ratio
of signal and jammer bandwidths, as given in Equation 1.

In a much different type of waveform interaction, consider a pulse jammer used against a
frequency hopped signal. Both the signal and the jammer exhibit switched waveforms, and
a different set of transformation rules must be used in order to apply the baseband
intelligibility data to derive meaningful RF design principles. The effects of periodic noise



pulses caused by such pulsed jammers can be seen in Figure 9 for one pulse per hop. The
duty cycle of the pulse determines the speech-time fraction. Thus the locus of points for
jammers of this type is given by a vertical line for the hop rate used.

The response of ECCM techniques such as frequency hopping to a fast follow look-
through jammer provides another example of ECM/ECCM interactions. For geometries
which introduce small propagation delays (relative to the jammer’s response time) a
relationship between speech-time fraction and hop rate can be plotted as in Figure 10.
Speech-time fraction is the portion of time spent on one frequency before a follow
jammer’s signal arrives at the receiver. STF is proportional to hop rate, resulting in
logarithmic curves on the semi-logarithmic axes of Figure 10.

The conclusion can be drawn that a hop rate of about 1000 hps or more would be
necessary to provide substantial improvement against a follow jammer with slow response
time. Realistically, jammers may respond in less than 100 µs, thus pushing the required
hop rate to over 10, 000 hps.

The geometry dependence of a fast follow jammer is illustrated in Figures 11 and 12. In
Figure 11 the geometry of the fast follow jammer problem is defined. Contours of constant
additional propagation delays are ellipses, where a line joining the transmitter and receiver
forms the major axis of the ellipse. To simplify the mathematical treatment of this problem,
jammer positions can be taken on the minor axis of the ellipse, thus introducing equal path
differentials along the two segments of the signal path through the jammer. The differential
time delay of the jamming signal can then be calculated as the total propagation delay
along the path through the jammer, plus the jammer response time, minus the propagation
delay from the communications transmitter to the receiver. Thus, for a given jammer
response time, various geometric relationships will define differential time delays. These in
turn correspond to fractions of a hop frame which are successfully received. Figure 12
illustrates the geometry dependence of a fast follow jammer’s successfulness, for several
assumed jammer response times and distances.

Signal/Jamming Simulator. - A simulator, built to experimentally verify the previously
discussed analytical results, is shown in Figure 13. The simulator is configured with a
flexibility that allows convenient adjustment of various interference parameters. Both
continuous and periodic or aperiodic repetitious interference can be added to an audio
signal. Interruption rates from 1 Hz to 100 Hz are provided and blanking/jamming duty
factors from 1% to 30% can be selected.

While a built-in noise generator is the usual interference source, it is possible to use other
signals for interference. This is of interest in simulating the effects of multinet operation or
conferencing.



Another flexibility of the RCA simulator allows the input and/or output to be either
recorded or “live” voice signals. Input signals can be provided by a microphone or tape
recorder; output signals are available via the loudspeaker, headphones, or for recording.
This is convenient for creating standard test tapes and also for simulator-overlay testing.
Standard test tapes can be created by using the simulator to suitably modify a speaker’s
voice signal while he reads through the selected test material. Simultaneous recording of
the reader’s voice and the simulator’s output are made. These then become the sources for
use during actual testing, where the only difference in the two tapes is due to the simulated
interference.

Simulator-overlay testing is another valuable tool. While rhyme tests and phonetic speech
tests can provide useful and convenient data, the results do not answer all questions. A
pilot, whose life depends on rapid, intelligible communications, might like to listen to the
effects various jammers have on his radio messages. Such effects can be measured by
using the simulator as an overlay to recordings made in the field. Another possibility exists
for creating multiple, independent interference effects (e. g. conferencing and jamming,
simultaneously) by using the simulator repetitively.

A block diagram which illustrates the simulator operation is shown in Figure 14. The heart
of the simulation methodology lies in characterizing the interference. This can be shown by
some examples. Consider the use of a pulsed CW jammer against a voice signal
transmitted by a PN-PSK spread spectrum system. The input J/S ratio and the amount of
processing gain determine the interruption noise level, while the PRF and duty factor of the
jammer determine the interruption timing. The background noise level can also be set
appropriately to simulate the thermal noise SNR.

In another example, a narrowband or partial band noise jammer is used against a slow
frequency hopping signal. The interruption timing is determined probabilistically, using the
jammer and signal bandwidths and the number of hopped frequencies. Noise levels during
the interruptions and background noise can of course be individually adjusted. This will be
demonstrated by means of tape recordings which simulate communications provided by a
slow frequency hopping radio in the presence of a partial band noise jammer covering 30%
of the band. Three different hop rates will be simulated in the following order:

1. 1 hop per second
2. 100 hops per second
3. 20 hops per second
4. 20 hops per second with added background noise



The recordings clearly point out how parameter selection can play a critical part in voice
intelligibility, in view of a specific jamming model.

Conclusion. - The primary result of the work reported in this paper is to bring
psychoacoustics and voice intelligibility to the attention of communication engineers. It has
been customary in the past to design systems for acceptable signal-to-noise ratios and/or
acceptable bit error rates. While these criteria are acceptable for many types of
information, the transmission of voice under various interference conditions bears the basic
requirement that a human listener must be able to understand the received signal. Thus it is
a natural and logical step to transform the psychoacosutic phenomena into forms more
useful to communication engineers.

Utilization of the criteria presented here enables modern communication systems design
and evaluation to be carried out in a more meaningful way when voice transmissions and
nonstationary interference are involved. The transmitted information may be in analog or
digital format, the frequency of transmission may be in the UHF or K-band frequency
range, yet the criteria presented here can be applied. This universal applicability is the
result of measuring performance at the system output, rather than at an intermediate way
point. Thus the system can now be evaluated in totality, making use of the known
characteristics of human hearing and interpretation.
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Figure 5.  Jammer Threats
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Figure 14.  Simulator Block Diagram

APPENDIX A.

Pseudo-Noise Modulation. - Pseudo-noise or pseudo-random noise, also known as direct
sequence modulation, is illustrated in Figure A1 which shows a sine wave carrier and a
code pattern with a basic clock period T. This is generally much longer than the carrier
period. The code pattern can be generated from a simple linear sequence generator, or
from a cryptographically secure code generator. In either case, a binary sequence is
obtained which is used to phase modulate the carrier. While biphase modulation is
illustrated, quadraphase modulations are also becoming quite common.

Special modulation approaches, such as offset keyed quadraphase modulation or minimum
shift keying, can be employed to achieve rapid fall-off of sidelobe energy to avoid
interference with other signals in the band.

Since the modulation is coherent over a wide bandwidth, it generally requires a good
propagation medium and a contiguous spectrum.

Frequency Hopping. - The basic concept of frequency hopping is illustrated in the
frequency-time diagram of Figure A2, where the signal is transmitted on frequency F1;
after a period of T microseconds the transmitter switches from F1 to F2, and then to F3,
and subsequently to F4, and then to F5, etc.

In actual use, the transmitter may hop over several hundred frequencies and thus cover a
wide spectrum. These frequencies do not have to be contiguous, so they can be spread
over a wide band and can avoid other communications signals in the band. This is



illustrated with an actual spectrum analyzer photograph, where 100 MHz is covered with a
number of randomly spaced frequencies. While the instantaneous power density is the
same as for a non-hopping signal, the average power density is low.

Chirp Modulation. Figure A3 illustrates examples of chirp modulation. Chirp is well
known in the radar community, where it has been used for many years for high resolution
pulse compression radars. It has also been used in FM CW altimeters to measure aircraft
altitude accurately. The modulation is basically a swept frequency signal, which can take
the form of an up slope or a down slope chirp. In some cases combinations are used. In the
up slope chirp example, the frequency of the transmitter is increased linearly from
frequency F1 to frequency F2 over a time interval T. Conversely, the frequency could be
decreased from F2 to F1 over the same interval. The spectrum of the chirp signal is
generally quite flat as shown. For very large time-bandwidth products, such as 1000 or
greater, the spectrum appears to be almost rectangular. This has the advantage of minimum
out-of-band radiation, while maintaining a flat or noise-like spectrum within the band of
interest. As with pseudo-noise modulation, chirp requires a contiguous spectrum and is
therefore subject to the same inband mutual interference as pseudo-noise modulations.

RCA has built equipment for use in space on the Apollo 17 mission which had an 11%
bandwidth at several HF and VHF frequencies. The chirp modulation can be randomized
to defeat special detectors/jammers by using pseudo-random combinations of up slope and
down slope chirps.

Time Hopping. Figure A4 illustrates an example of time hopping. Pulses are transmitted
at a low duty cycle, thus requiring high peak power. However, this is inherent in time
division multiple access (TDMA) systems. The unique characteristic of time hopping is
that the next pulse will occur at an unpredictable time, unless the coding algorithm is
known. It may be viewed as a pseudorandom pulse position modulation. When multiple
users operate on the same channel, the apparent duty cycle will increase. All users must be
synchronized and avail themselves of the same pseudo-random algorithm to avoid self-
jamming. The anti-jam protection of time hopping arises from the fact that the jammer
cannot jam any one user consistently, unless he resorts to a high duty cycle (CW) jamming
signal.



Figure A1.  Pseudo-Random Figure A2.  Frequency
Noise Modulation Hopping

Figure A4.  Time Hopping

Figure A3.  Chirp Modulation

 



Some Operational Considerations In Deploying Anti-Jam
Communications
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Abstract

Operational and deployment considerations are described to enhance the performance of
jam resistant communications. The potential different ground propagation characteristics of
spread spectrum and CW type waveforms are used to the advantage of the communication
system. Emphasis is placed on the use of tactical relay to continuously optimize against the
jammer. Tactics such as spoofing are described as a technique in confusing the intelligent
jammer.

The objective of this paper is to illustrate how anti-jam communications with nominal AJ
performance improvement can effectively be employed in a ground environment. These
include the brute force and the so-called intelligent or sophisticated jammer.

For many years the utilization of anti-jam communications has been stifled in anticipation
or the optimum solution against the optimum jammer. When evaluating a “one on one”
scenario where the jammer is dedicated to jamming a specific link there is an unending
subset of tradeoffs of optimum techniques to consider. However, when the jammer is
trying to disrupt communications along a broad geographical axes. the techniques of
jamming and communicating should be based on more general operating conditions.

The ground communications environment in the presence of ground-based jamming
presents the greatest opportunity for improving performance as a function of propagation
anomalies and the use of relay. Airborne terminals within line of sight of the jammer have
the most severe jamming environment. Ground based terminals generally will have an
advantage of terrain against the ground based jammer. Those links that exhibit poor
communications margin should always have the option of an alternate route in a jamming
environment. The alternative to an alternate route is to provide excessive performance
margins for worst case analysis. Unfortunately there is a significant cost factor associated
with this latter approach.



An important element of the scenario is the concept of position location. The use of
position location and reporting equipment enables the apriori determination of appropriate
links by different classes of users. As an example an aircraft can maneuver close to a
ground terminal for communications to utilize the advantage of range ratio. This can be
done in the worst case of a close Air Support Mission where the FO must provide voice or
digital data to direct a strike at several mobile targets. At high altitudes the AC may be
jammed but at low altitude the link may be viable. At low altitudes the aircraft A-G link
will be constrained to a small geographic area and must therefore know which area to
cover. The use of GPS can also be enhanced at low altitudes against the ground based
jammer if acquisition of the GPS signal can be speeded up. The use of a digital matched
filter (DMF) for CA code acquisition can provide this capability.

1.  Propagation Advantages

Pseudo noise sequences in addition to providing processing gain against noise and CW
interference also provides processing gain against multipath. The multipath must be
delayed approximately one and one half chips.

The jammer, when computing the amount of power required to jam several ground links,
must take into consideration the fact that his signal at the victim receiver will have a mean
value plus a fading factor caused by propagation anomalies, of the atmosphere plus the
resultant of direct and reflected signals. The magnitude and phase of the reflected signals
will cause the resultant to fluctuate in accordance with the statistic of a Rayleigh
probability density function. These statistics are time frequency and antenna location
dependent. The antenna location can cause a large variation in the mean signal level while
the effect of frequency and time will produce random perturbation of amplitude and phase.

The communication signal can provide redundancy in frequency and time in addition to the
use of pseudo noise sequences. The net result will be an advantage over and above that
provided by the use of spread spectrum. Redundancy in position can be provided by the
use of space diversity or with a “Relay” of opportunity. The use of “Relay” is more
practical for tactical communication. Care must be exercised to insure that in the digital
world all new systems be provided with adequate Relay capability.

2.  Deployment

2.1  Air to Ground Links

The aircraft to ground (A/G) communication transmission link has significant advantages
over the ground based jammer. The A/G link is radio line of sight whereas the jammer path
is via ground wave and over ground obstacles which could even be man-made. Better



communications with an upward looking antenna exhibiting low sidelobes are an
additional element to add for better performance against the jammer. The A/G link is also
variable in range and should adapt when the jammer is disrupting communications to the
ground.

The ground to aircraft (G/A) communication transmission link is more exposed to the
jammer. In a broad based application where the jammer is trying to jam both air and
ground the only advantage that the comm link can apply are antenna advantage and
processing advantage. The possibility of utilizing relay of opportunity exist here also if the
AJ communication system is properly designed to provide this type of service.

2.2   Ground Link

Tactical communications are usually deployed at high points in the local terrain to
achieved good communications coverage. It is assumed that some attempt will be made to
deploy the jammers for optimum coverage also. The communications system must now
attempt to deploy for optimum rejection of the jammer signal while at the same time
providing for communications.

Omnidirectional antenna coverage is a luxury in the presence of severe jamming. Many
communications requirements of a general nature require the ability to receive information
from any direction. As the threat intensifies one can converge the processing gain of the
system more fully in the direction of the jammer. Spatial processing gain is the utilization
of antenna nulling or side lobe cancelling techniques to enhance the S/J ratio for
subsequent improvement by the spread spectrum features of the system. This technology is
referred to as adaptive antenna array processing (AARP). AARP produces an antenna null
in the direction of the jammer while providing gain in the direction of the signal. Signal
paths in the direction of the jammer are discriminated against also. Each antenna null is
several degrees wide. Thus a three or four null array can lose a significant portion of its
omnidirectional antenna pattern. A terminal with jammers fore and aft will probably lose
communication fore and aft also when utilizing these techniques. Current systems under
development utilize digital weighting factors under computer control. The operator must
exercise the proper controls to prevent the ARRP from forming nulls in the direction of
communications of interest. This requires an appropriate interface with a navigation
subsystem or position location subsystem prior to reaching the vulnerable jamming point
so that optimum antenna pattern can be programmed or manually controlled in the
terminal. Here also the utilization of relays can provide a good signal path.



2.3  Relay

The Relay is a powerful technique in TDMA type communications where propagation
anomalies can vary 10 to 30dB among links over and above free space loss. Slotted
systems are ideal for this type of operation. A user with a high priority message will direct
all terminals receiving this message to transmit in a specific time slot at some time in the
future. Having accomplished this, the video receiver will now be choosing among several
redundant messages. The receiver will synchronize to the first strong signal received
depending on the chip rate. For example a 1mbPS chip rate provides an isolation of
approximately 1000 feet whereas a 5 mbPS chip rate provide an isolation of 200 feet. This
isolation is the approximate delay between received signals that enables the PN correlator
to discriminate against the multipath or delayed signal.

2.4  Digital Voice Vs. Digital Data

The use of voice with the power of the human brain to extract information from it is very
effective in communicating in a jamming environment. This is uncoded digital voice.
Digital data in a computer link is generally suppressed when errors are detected over and
above the ability of the error correction code to take effect. Digital data messages can be
repeated several times but at a certain point the probability of throughputting an error free
message becomes very small. Voice on the other hand will generally provide high 
correlation efficiency for familiar or expected sounds even in a low intelligibility
environment.

There are several types of digital voice processing techniques. The low data rate types
such as LPC-10 exhibit a threshold point of a -no-go performance. This value is around a
bit error rate of 10-2 10-3. Higher bit rate techniques such as 16KBPS continuous variable
slope delta modulation (CVSD) can be used at bit error rates of 0.1 or 10 percent.
Although the intelligibility factors are in the low 80's the use of familiar phrases and
sounds will provide efficient communications.

3.0  Exploiting the Jammer

Anti-jam communications systems designers assume that the Jammer is always all-
knowing and is in a good position to exploit the victim communication system. This
assumption is based on the jammer having detailed knowledge of the system and that the
system is rigid in its concept. The opposite actually exists in that current communication
systems may be designed to exploit the jammer.

Four types of jammers are illustrated on Table 1. The first type is the partial band jammer.
This type attempts to jam a portion of the occupied frequency band of a frequency hopping



system to defeat the type of error control technique. Also by concentrating his power in
say half the band the jammer power spectral density can be 3dB higher. Therefore if
jamming half the band is effective to defeat the error control technique then the system J/S
margin is 3dB less. The obvious approach in exploiting this type of jammer is the use of
frequency diversity in addition to an appropriate error control technique.

A second type of jammer can be a partial time type against a direct sequence type or
frequency hopping system. This jammer attempts to accomplish the same as the partial
band jammer but in this case he is trading off peak for average power. The solution to this
threat is time redundancy whereby data or messages are redundant.

The frequency following or message following jammer is another type. This jammer may
attempt to interfere with sync if in the correct location between the transmitter and the
receiver. The appropriate technique against this jammer is the use of spoofing. Namely an
attempt is made to transmit dunmy signals to lure the jammer on at the wrong time.

The fourth type is the brute force barrage noise type or CW type. This jammer will attempt
to jam the entire communications spectrum to make certain that communications are truly
disrupted. Expensive techniques that are efficient against partial time and partial band
jammers may be less effective against this type of jammer. There are hybrid techniques
utilizing a combination of interleaving to convert burst errors to random errors and a
simple code that is effective against random errors that may be very effective.

Secure communication systems can deny the communication strategy to the jammer on the
basis that all messages will appear similar. Therefore the strategy to defeat the jammer is
based on reducing capacity to increase AJ by the utilization of redundancy in frequency
and time. In effect this is the basic philosophy of all spread spectrum systems.



TABLE 1
JAMMER AND COMMUNICATION STRATEGY

JAMMER TYPE JAMMER STRATEGY  COMM STRAGETY

PARTIAL TIME  DISRUPTS PERCENTAGE
OF MESSAGES  

TIME DIVERSITY -
INTERLEAVING - CODING
(REDUNDANT MSGS)

PARTIAL BAND DISRUPTS PERCENTAGE
OF FREQ BAND

FREQUENCY DIVERSITY
(REDUNDANT FREQUENCIES)
INTERLEAVING - CODING

REPEAT OR FOLLOWING LISTENS BEFORE TURN
ON

SPOOF WITH DECOY MSG -
TRANSMIT AT TURN-OFF

BARRAGE NOISE OR CW TOTAL TIME AND FREG
SPACE JAMMED

BRUTE FORCE DESIGN
• HIGHER POWER
• MORE PROCESSING GAIN
• BETTER CODING
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Summary. - The function of the data processing unit (DPU) as part of a space
environment monitor subsystem is described, with emphasis on special features in the data
handling process. Important design goals for achieving DPU performance are outlined.
Design implementation to achieve these goals is discussed. Some of the more complex
circuits are described in detail as examples of onboard data processing. The packaging
approach for effecting savings in weight and power is also presented.

Introduction. - The TIROS-N satellite performs two basic functions: collecting
meteorological data and exploring radiation that is present in the vicinity of the spacecraft.
To accomplish these functions the spacecraft contains a special subsystem, the space
environment monitor (SEM). The SEM consists of radiation sensing devices arranged into
three sensors, their electronics, and a data processing unit (DPU).

The sensors are mounted at different angles to the radial antiearth direction and are
designed to collect incident different species of charged particles (e.g., protons, electrons,
and ions) at different energy bands. The output from each sensor and its associated
electronics is a series of random pulses that result from the incident radiation. One of the
sensors, the total energy detector (TED), uses a programmed swept electrostatic curved-
plate analyzer (a piecewise-linear, parabolic voltage of proper polarity is applied) to select
the proper species and measure the intensity of the sequentially selected energy bands.

The DPU collects data from the sensors, performs the logarithmic compression of the
received counts (described in more detail below), processes data received from TED in a
special way, collects digital and analog housekeeping data, converts the analog data into
digital, and formats them into a serial stream.

DPU Performance Goals. - The three sensors generate 28 data sources. The data of most
sources is handled in such a way that the pulses appearing randomly on the lines are
counted over a specified time interval (different for different channels). The highest
expected count is 500,000, which is a binary 19-bit number. The special handling of TED



data generated additional sources, and so did SEM housekeeping. The projected amount of
SEM data exceeded the two telemetry channels allocated and consequently the data had to
be compressed.

To compensate for variation in the parameters of the sensor electronics over the lifetime of
the spacecraft, means had to be provided for inflight calibration by generating simulated
sensor inputs with a constant frequency and a known amplitude. Moreover, the design
goals had to be achieved with a meager power budget (1.5 W) and with a strict weight
limitation (7 lb).

The more interesting features of the design to implement these goals are described in the
following paragraphs.

Logarithmic Data Compression. - Although count compression had been handled by in-
house design in the past, it was decided to use a new device that became available at the
time the DPU design started. The new device was the 623C Floating Point Processor
developed by AMI for NASA’s Goddard Space Flight Center.

There are several compression modes and ways of operating the 623 compression counter
(see Fig. 1). The operation mode selected was:

a. To compress a 19-bit number into 8 bits.
b. To use a so-called positive shift clock.

Fig. 1 - 623 Compression Counter

In this mode the counter operates as follows: It provides for pulse counting, conversion of



the binary count to floating point (logarithmic compression), temporary storage of the
compressed count while simultaneously counting a second value, and serial readout. In
operation, counts are accumulated in a 19-bit counter shift register. An external Convert
pulse is applied, which inhibits further counting and begins a series of internal shift
operations that result in two 4-bit numbers, X and Y, stored in the X and Y registers. The
two numbers may be shifted out when appropriate, with the Y number first.

The actual count, C, is then recovered from the values of X and Y by the following
algorithm:

For Y = 8 and X = 15, C = 0
For Y = 9, C = X + 1

otherwise, C = 1 + (X + 16) 2n

where n = Y + 6 for Y between 0 and 8
n = Y - 10 for Y between 10 and 15

A complete set of count values as a function of X and Y is given in Table 1.

A 623 compression counter (c/c) with the proper logical control, data, and pulse inputs is
shown in Figure 1. The logic controls determine the compression and the operational
modes and also protect the counter from overflow.

Handling of TED Data. - As mentioned above, data coming from the TED underwent a
special treatment and evaluation. The programmed swept electrostatic analyzer provided a
sequence of particles of a different energy band every 1/13 second, the sequence being
repeated once a second for each of the four TED channels.

In the first 1/13 second interval, only background radiation was received during the
following 11 intervals, particles were received in gradually increasing energy bands; the
13th interval was a “rest” interval. The DPU requirements called for the following actions:

a. Transmit the background radiation count accumulated over a period of 16 seconds.

b. Transmit the total radiation over a 1 second period with different multipliers
preassigned for different 1/13 second intervals, and a special procedure for handling
of small counts.

c. Transmit differential counts of 4 out of the 11 intervals.



Table 1 - 623 Floating Point Processor 19-8 Algorithm

d. Continuously determine and transmit the maximum differential count occurring in a 1
second period.

e. Determine and transmit the interval in which the maximum occurred.

The timing diagram of Figure 2 shows the assortment of pulses generated to implement the
processing of TED data. The 13 pulses G1 to G13 are positive-going and each is coincident
with the boundaries of a 1/13 second interval. The Convert pulses, 11 per second, are
positive-going and each occurs at the beginning of the G3 to G13 intervals with a duration
of 6.2 ms. They are used as commands to the 623 c/c for logarithmic compression and
repeat themselves every second. Two pulses - Initial Register Clear and Initial Latch Load
- occur only once per second. This figure also illustrates the pulse groupings. Two groups



of 11 pulses (End of Conversion and Maximum End of Conversion) and one group of 12
pulses (Counting) occur at or near the interval boundaries and repeat every second. In
addition, there are “bundles” of pulses consisting of 8 pulses in a bundle, each pulse of
120 µs duration. The Differential Shift pulses (11 bundles) and the Maximum Shift pulses
(1 bundle) also repeat every second. The times of occurrence of the pulses are indicated in
the figure.

Fig. 2 - TED Data Processing Timing Diagram

Background radiation is processed as follows: The sensor output is allowed to pass to
the c/c only during G1. Every 16 seconds the count is compressed and transmitted.

Total radiation is measured during periods G2 to G12, as indicated by the counting gate.
This is the time when the electrostatic analyzer is in operation. The output of the same
sensor is passed to a different c/c during this period. The count is attenuated the most
during early intervals, with decreasing attenuation later on. The count is then
logarithmically compressed and transmitted. While performing this measurement, a check
is made to determine whether the count is small (less that 16). Table 1 shows that this
occurs when Y = 9, except for the special case of the count being 0 when Y = 8. The latter
possibility is eliminated by inserting a count of 1 during G1.

When the check verifies that Y is 9, X is being examined; and depending on the magnitude
of X, a special code has been worked out for Y, and X is modified by adding to it some
bits from the attenuator (prescalar).



Counts accumulated during intervals G3, G5, G7, and G9 (four differential flukes) are
continuously transmitted. The output of the same sensor is continuously fed to a different
c/c during the period defined by the counting gate. At the end of each interval a
logarithmic conversion is performed by the Convert pulses. The compressed counts of
intervals G3, G5, G7, and G9 are shifted out by the Differential Shift pulses into temporary
storage and later inserted into a telemetry frame.

The process of determining maximum differential flux is described in more detail, since it
is an example of complex onboard data processing. The circuit is shown in Figure 3.

Fig. 3 - Maximum Differential Flux Processor



The function of the circuit is to measure the fluxes during the timing intervals G2, G3, ...,
G12, to determine the maximum during any of these periods and the period in which the
maximum occurred. To begin with, at time 0 (beginning of the 1 second period) the Initial
Register Clear pulse clears register U11. The following pulse (Initial Latch Load) writes
the initial zero into latches U13 and U15.

The situation is complicated by the fact that the Y output of the compression counter is
skewed; it is a maximum for Y = 8. To make Y a maximum for Y = 15 (to get correct
comparison results), Y is augmented by 7 in the adder U12. In order to write a zero (0000)
into latch U15, it is necessary to make Y (pins 15, 2, 4, and 6 of U12) the input to the
adder 1001, when the word is loaded into U15 by Initial Latch Load. During G1, therefore,
Y is made 1001 by the logic connected to pins 2 and 13 of U11.

Another complication arises because the output of the compression counter for zero is not
Y = 0 and X = 0, but Y = 8, X = 15. Whenever this situation is detected by U7, the
maximum resulting from the preceding comparison is still considered a maximum.

The maximum count is determined as follows: The first output of the counter is available
during G3. This word is shifted into U11 by the Differential Shift pulses. The new word is
compared by magnitude comparators U14 and U16 with the old word stored in latches
U13 and U15. If the new word is not “zero” and if it is larger than the old word, the new
word is written into latches U13 and U15 and also into register U17. Note, however, that
the word stored in U13 and U15 is modified (Y is augmented by 7), and the word stored in
U17 is as it comes out from the compression counter. Eleven comparisons are made for
each 1 second period, starting with G3 and ending with G13. The maximum word is shifted
out by the Maximum Shift pulses occurring during G1.

The process described above also leads to the determination of the index of the maximum
flux (the circuit is not shown). At the beginning of the 1 second period, a 4-bit counter is
cleared and later advanced by the counting pulses at the beginning of G2, G3, G4, etc.
Whenever a new maximum is found, the contents of the counter are dumped into a
register. At the end of the 1 second period, this register contains the index of the time
interval Gn in which the maximum occurred.

In-Flight Calibration. - The capability of in-flight calibration is provided to compensate
for changes over lifetime in the sensor electronics. The calibration procedure is initiated on
command. In response, the DPU generates a programmed sequence of timing and analog
signals. Each sensor has its own calibration program; the TED program is described
below. Figure 4 is a schematic of the TED in-flight calibrator.



Fig. 4 - TED In-Flight Calibrator

The 100 kS - 0.1 µF initializer ensures that when power is turned on, certain signals
remain in a prescribed state:

a. Counters U14, U17, and U18 are set to zero.

b. U8-1 is set low, thus blocking the 80 Hz clock from reaching the CD4029
divide-by-15 counter.

c. By setting U6B-13 low, the 192 second square wave is prevented from reaching
counter U14.



Action begins when the START IFC command has been received. This command sets
U16-13 high, U6B-13 high, and clears counters U14, U17, and U18. Since U6B-13 is now
high, the 192 second square wave gains access to counter U14. When this signal goes
high, the U14 counter goes from state 0 to state 1; U14-1 becomes high. This makes U7A-
1 high and consequently U8-1 high; CAL. ON/OFF becomes high. As a result, the 80 Hz
signal gains access to the divide-by-15 counter and to the two counters, U17 and U18, that
operate the 10 bit D/A. Counter U17 is now advanced by one count every 187.5 ms. The
voltage ramp begins to increase linearly and reaches a peak of 8 V exactly after 192
seconds; the beginning and peak of the voltage ramp are coincident with two consecutive
rise times of the 192 second square wave. This timing relationship is shown in Figure 5.

Fig. 5 - TED Calibration Waveforms

Each time counter U14 is advanced, a new voltage ramp is generated. When the counter
reaches state 5, U14-4 goes high; this makes U7B-13 high and results in U8-1 going low.
The 80 Hz clock is blocked; when U8-1 goes high, U8-2 goes low; as a result U6-A
generates a pulse which makes U6B-13 low and the 192 second square wave is blocked.
The calibration sequence is terminated.

Counter U14 goes through four states; calibration starts when it reaches state 1 and is
terminated when the counter reaches state 5. (It can be terminated earlier by a
TERMINATE IFC command.) The duration of the calibration period is 768 seconds (4 x
192). During each state a ramp as shown in Figure 5 is generated. Four such ramps are
generated for a complete calibration sequence, also two timing signals, Z1 and Z2; Z1 is
high during the first two states, Z2 during the last two. When the sequence is completed,
all the logic signals (Z1, Z2, CAL. ON/OFF) are low and the voltage ramp output is zero.

The received ramp is “chopped” by the sensor electronics at a constant rate. Pulses of
known frequency are generated which increase gradually in amplitude due to the linear 



increase in ramp voltage. These pulses are applied to the sensor electronics while no data
is being received from detectors.

The evaluation of the received data makes it possible to determine whether any shift in
thresholds of a tested channel has occurred.

Packaging Approach, Power and Weight. - In the packaging approach a special effort
was made to cut down on weight and save power. One means of minimizing weight is to
employ high packaging density; this reduces the number of boards required, thus reflecting
smaller dimensions of the containing box. Figure 6 shows a typical DPU board. It is 2 by 4
inches, has up to 39 input/output pins, and contains 15 integrated circuits (some boards
even contain 18). In addition, deposited resistors are used when no special precision is
required (which is most of the time), and mainly chip capacitors are used throughout.

Fig. 6 - Typical Printed Circuit Board

Secondly, the CD4000 CMOS family is used exclusively in the logic design. This logic
family cuts power consumption by at least an order of magnitude in comparison with low
power TTL. A wide variety of IC’s is available and the designer feels no constraint in
getting whatever he needs. The use of this logic family allows us to be within the assigned
power budget.

The final packaged DPU, shown in Figure 7, has dimensions of 10.2 by 11 by 2.72 inches,
a weight of 6.2 lb, and a power consumption of 1.46 W. The design goals were thus
achieved well within the weight and power budget.



Fig. 7- TIROS-N SEM Data Processing Unit
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Summary  The paper describes a miniaturized computer for space use that is being
developed under a contract from Intelsat. An all CMOS design is used with the
corresponding low power and high speed associated with CMOS. Extensive use is made of
LSI and the computer is based on the Intersil or Harris 6100 microprocessor. This has the
same architecture as the PDP8-E and the extensive range of DEC PDP8-E software can be
used. Provision has been made for both serial and parallel input/output ports. A
development prototype is described that has serial and parallel ports. The associated
memory is expansible up to 32K words in 2K blocks. RAM or PROM can be used or
interchanged in blocks of 256 words. A programmable timer is included for real time
applications.

A bench model of the computer is also described which is made for program development.
It is not to the same environmental standards as the development prototype but has the
same facilities together with a control panel and provision for a teletype. The use of the
Bench Model for software development is described.

Introduction  BAC are in the process of developing a microcomputer under a Intelsat
contract. This microcomputer is intended for Attitude and Orbit Control on board a
satellite. However it is a general purpose machine that has many applications.

Two models are being produced a Bench Model and an engineering (‘E’) model. The
Bench Model will be used for testing and for program development and will incorporate a
control panel and interface for a teletype. The ‘E’ model is more like a flight model and
requires the same considerations from a programming and operating point of view.

The design philosophy is to produce an all CMOS design and to make as much use of
large scale integration (LSI) as possible. The all CMOS design gives low power
consumption and high speed. The use of LSI produces a physically small unit with the
same capabilities as larger units and increases reliability due to the use of less components.
The microprocessor used is the Intersil IM6100 or Harris HM6100 together with their
associated LSI control elements. This has the same architecture as the PDP8/E and will



take the extensive range of Digital Equipment Corp. (DEC) software. The microcomputer
is designed for 10V operation but can be run off a lower voltage for lower power
operation; this however, reduces operating speed.

Serial and parallel input/output (I/O) ports together with a direct memory access (DMA)
channel are provided. The serial port uses only four lines giving a clock, busy signal,
priority chain and a data line. Both the DMA and the parallel port have 12 data lines, to
give and receive data as 12 parallel bits. They have two control lines which may not
always be used in the case of the parallel port. The parallel port has separate input and
output data lines each with two separate sets of control lines (one flag and one sense line
each). The DMA data lines are bidirectional requiring one set of data lines only together
with data ready and data received lines for control purposes.

‘E’ Model  The ‘E’ model of the microcomputer operates from a 35 volt supply of ± 30%
total variation and over a temperature range of -20EC to +100EC. The facilities provided
and method of control are the same as that of a flight model. It is made up from the
following printed circuit boards:-

• Microprocessor board - contains the 6100 microprocessor, DMA port, programmable
timer, watch dog timer, power-on reset and memory control logic.

• 2K memory board - PROM or RAM can be accommodated or mixed in blocks of 256
words. Up to 16 such boards can be used together providing a maximum of 32K
words of memory.

• Serial I/O port board - up to 26 such ports can be used in the unit.
• Parallel I/O port board - 2 ports are contained on each board up to 52 ports can be

used in the unit.

A block diagram of the system is given below:-

Fig. 1.  Block diagram of system.



The limits on speed of operation of the I/O ports as regards processor timing and software
considerations are 160K words/sec. (2 Mbits/sec) for the Serial and Parallel ports and
660K words/sec. (8 Mbits/sec) for the DMA port. In practice the Interface drivers and
lines together with power requirements will limit the speed of operation. Increasing the
speed of operation, the line length or the number of devices on the line increases the power
requirements of the interface circuits. Hence a compromise must be made between power
and interfacing requirements. If a limit of 25K bits/line is assumed, the speed of operation
of the Serial port is then 1,562.5 words/sec. (25K bits/sec.) and for the Parallel and DMA
ports is 25K words/sec. (300K bits/sec). Open drain drivers are used in the I/O interface
with pull up resistors at the receiving end.

The system time for a 12 bit addition is 3 µS. This is limited by the processor timing and
delays in the memory driving circuits.

Processor Board  A number of functions are contained on this board which are shown in
fig. 2.

Fig. 2. - Processor Board Block Diagram

The Watchdog timer counts the number of Instruction Fetch operations from the Processor.
The total count length can be adjusted in 5 stages between 4096 and 65536 counts, by
using wire links on the board. The count is asynchronously set to zero whenever a write
operation is received from a particular Parallel Interface Element (PIE). If the counter
reaches the maximum value set, before being cleared by a write, the Processor 



will be halted at the end of its current instruction. This indicates a possible error within the
Processor or programme i.e. that the programme has stuck in a loop.

The “writes” which are used to reset the count are dependent on the type of programme
being executed. They are not generated on a fixed interval basis.

The SDMA (Simultaneous DMA) channel is used in conjunction with the DMA port and
control logic on the same board. The SDMA channel augments the throughput of the
Processor during DMA operations by transferring data between memory and peripheral
devices simultaneously with normal processor bus usage. This means no memory cycles
are “stolen” from the Processor, but the DMA address and data are transferred onto the
bus during periods that the Main Bus is inactive.

The real time clock (RTC) is a programmable function which is used by the Processor to
accurately measure and count intervals or events in order to implement real time data
acquisition and data processing. Timing is provided by an independent 4MHz crystal
oscillator. An internal Clock Enable Register controls the mode of counting and the rate of
the time base of the clock.

A memory extension controller extends the addressing capability of the Processor from
4096 words to 32768 via a 3 bit extended address which is decoded to select 1 of 8
memory fields, each of which provide 4096 words of memory.

The power on reset is used to reset the total system when it is first powered. Two signals
are derived, INITIAL RESET and INITIAL RESET, and taken to other boards. These
signals will also be activated by the RESET push-button on the control panel or by an
external reset.

Memory  The memory boards will contain 2K words of 12 bits which can either be RAM
or PROM or a mixture of RAM and PROM on the same board. The memory capacity can
be readily increased in blocks of 2K up to 32K. A separate memory control common to all
2K memory boards up to 32K will be provided on the Processor board. The input and
output bus lines on the memory are buffered by the memory control logic so that there is
no increase in loading of the processor main bus when extending the capacity of the
memory up to the maximum of 32K.

Serial Input/Output Port  This is used to interface a number of external users with the
processor. The interconnection of devices using a priority system is shown in Fig. 3. A
device with a high priority will inhibit devices further down the chain from outputting data.
The common Busy line is used to indicate when a device is actively transferring data. It is
used by the external devices only and is not directly sampled by the processor. Data is



transferred in 8 bit bytes each byte is preceeded by 4 bits of sync. and 4 bits of address.
Transfer time for 8 bit byte 640µS. The port employs a single line for data and address,
plus priority control lines to ensure that only one external device may use the port at a
time.

Fig-3.  Interconnection of Serial Devices in
a Priority System

An output is performed by setting a control bistable. If the Busy line is not active,
indicating that no other device is trying to write to the processor, the priority logic will put
the Busy line into its active state. The state of the control bistable can be read by the
Processor to indicate if an output transfer is being made, or is ready to be made. The
priority logic enables the Data, preceded by the sync and address of the device, to be
clocked out onto the Data Line and inhibits data from being received by the Port. After 16
clock periods the control bistable is reset, thus inhibiting further data output and releasing
the Busy line.

A serial input can only occur if data is not being output. When a particular sync
combination is recognised, a bistable is reset which prevents the recognition of another
correct sync combination for 13 clock periods. After this time the Port will again search
for a correct sync signal. The enabled sync is used to given an interrupt and also latch the
data plus address bits. The Processor can determine from which device the data has come
by recognising the address bits.

There are two modes of operation under which an interrupt is given to the Processor.
When the Processor is the master it will give out a Flag which allows an interrupt to occur
every time that the port recognises a correct sync, The second mode can be used to receive
data only from a particular serial device designated by the address set up on the port itself.

The 25KHz clock required for the serial port and external serial devices is generated on
the serial port board and is derived from the 4MHz crystal oscillator.



Parallel I/O Ports  Up to 52 parallel ports can be used with the processor for transferring
data between external devices and the processor.

Each port consists of twelve data lines, one flag output and one sense input. (The sense
input can be changed to an interrupt input by software whenever required). The flag and
sense lines are supplied for control purposes, but may not always be required. The fact that
the twelve data lines are dedicated unidirectional lines means that outputs can be changed
and inputs read either when required or at fixed time intervals. The control lines will be
useful for either high speed data or data that does not change very rapidly. i.e. is slow
compared with the executive cycle time. With the latter it may save time if the data is read
only when it changes instead of at fixed time intervals. This is possible if the interrupt
facility is used.

With high speed data the control lines can be used on a hand shake basis to indicate when
new data is ready and when it has been read. Data would be output followed by the flag.
The flag is sensed by the sense input of an input port and the data is then read. The input
port then outputs a flag which is sensed by the sense input of the output port enabling it to
output fresh data. The sequence is then repeated.

Unit-Packaging  To exploit the advantages of the flexible design as regards memory and
input/output port expansibility a modular packaging scheme has been adapted for the
construction of the Engineering model. This allows any number of modules to be
assembled to form a complete unit capable of satisfying a wide range of mission
requirements. Any number of modules can be stacked together. Each module contains two
printed circuit boards. Printed circuit board interconnections being provided by a stacking
connector which removes the need to provide intermodular wiring.

The stacking connector is a one part connector, consisting of a simple moulding containing
contacts which carry connections through from the top to the bottom of the moulding. It is
sandwiched between the circuit boards and carries the connections from the upper surface
of each board to the lower surface of the adjacent board throughout the stacked assembly.

Through bolts are used to assemble the stacked modules into a single unit. The bolts pass
through clearance holes in each module frame, with pilots being used in each hole for the
accurate alignment of the bolts and the modules.

Power supply modules and electrical distribution to other units would be provided by
mounting additional modules at the ends of these stacked unit. The input/output ports
modules have their own input/output connectors mounted as part of module. External
connectors would be the Cannon Royal ‘D’ type.



The components are mainly of the dual-in-line package type. Eight layer multilaminate
boards are used for the processor and memory. The ports being double sided boards.

The dimensions of the modules in 242 x 154 x 19-7mm. Thus a typical processor having
say 16K of memory and 2 input/output ports would be 118.2mm high.

A cut away diagram of the E-model processor is shown in Fig.4.

Fig.4. ‘E’ Model Construction

Bench Model and Peripheral Test Set  The Bench Model and a Test Set are used for
testing the ‘E’ Model and for software development. The Bench Model is a modified
proprietary processor development system containing the 6100 processor and memory.
The Test Set is a custom designed unit which allows full manual control of the processor
and the display of all necessary data. Both units are housed in a standard 19" rack and
interface with the E Model via cable looms.

The Bench Model provides the same facilities as the ‘E’ Model plus a control panel and
teletype interface. Programs can be loaded into the Bench Model via the teletype and



checked for correct operation with the aid of the control panel. The final program can then
be punched on paper tape via the teletype. The Bench Model control panel allows data to
be loaded direct into main memory; the program counter to be changed and the extended
address to be set. Controls are also available for single stepping through the program and
inhibiting write to parts of the main memory so that it effectively changes from RAM to
PROM. A loading program is also contained in a memory dedicated to the control panel
which allows binary tape to be read from the teletype.

The Test Set allows the serial and parallel I/O ports to be checked manually.

Testing is performed by using the test set as a master and sending data to the processor.
The returned data is then displayed and checked. Controls for the ‘E’ Model are provided
which allow the ‘E’ Model to be stopped, started, reset and the Watchdog Timer to be
enabled or disenabled. Interrupts to the ‘E’ Model can be given manually or from a signal
generator. By setting the appropriate switches on the Test Set the ‘E’ Model is made, on
being reset, to set up the DMA port for program or data transfer to/from the Bench model.

A PROM programmer is driven from the Bench model and used to blow PROMs for the
‘E’ Model.
Software  A large library of fully debugged and proven programs (saftware) is available
from the Digital Equipment Corporation (DEC). These programs were developed for use
on their PDP 8 range of minicomputers and are available for use on the 6100 processor
systems. Intersil also sell test programs to check the control panel memory, main memory
and processor. BAC have written programs to test the I/O ports that will be supplied with
the Bench Model and ‘E’ Model. Some of the software available is described below.

Extended Software Package QF081-CB  This is a set of programs and literature that
assists the user to create, edit, debug and correct his program. A flow chart of the program
writing procedure is shown below.

First a flow chart is prepared for the program. This is very important when writing
assembler programs since they are machine specific and a flow chart enables another
assembler program to be written for a more advanced machine at a later date. The program
is then to be coded using the symbolic IM6100 instruction set.

A symbolic program tape is then punched. This is performed by loading one of the
programs, called Symbolic Editor, supplied as part of this package. This is loaded using
the Bin Bootstrap program in the control panel memory. The Symbolic Editor enables a
program to be typed in from the Teletype keyboard and mistakes to be corrected, verified
and recorrected, if necessary. It includes a search feature to scan the text for occurrences 



Fig. 5. Flow Chart of Program Writing Procedure

of a specified character and allows blocks of text to be inserted, deleted, appended, listed
or changed. Finally, the Symbolic Editor punches the Symbolic Program tape (source
program tape).

The program is now converted to machine code using the PAL-111 Assembler supplied as
part of this package. The PAL-111 Assembler is loaded using the Bin Bootstrap program
in the control panel memory. The source program tape (containing the program in
Symbolic code) can now be read. This is a three pass program on the first pass the
Assembler produces a symbol table containing all the users symbols. On the second pass
the binary equivalent of the source tape (or machine code tape) is punched. The third pass
is optional, it produces a printed assemble listing of the program instructions with the
location, generated binary and source code side by side on each line.

The user program can now be run on the computer by loading it using the Bin Bootstrap
program in the control panel memory. Thorough and exhaustive testing must now follow to
check the user program. If correct, the program can then be committed to PROM.



The commitment to PROM should not be performed too early since it is not unknown for a
fault to be identified after several months. Also it may be desirable to modify the program.

If required the program can be run using other programs from this package, these include
the Dynamic Debugging Technique (DDT) or the Octal Debugging Technique (ODT).
These are loaded using the Bin Bootstrap program in the control panel memory. They
allow the user to run the binary program on the computer and use the Teletype Keyboard
to control program execution, examine registers, change their contents and make
alterations to the program. With the DDT, the user can debug the programs, using the
symbolic language, with the DDT performing all translations to and from the binary
representation, ODT has the same capabilities as the DDT, except that the programmer
must use octal representation instead of the mnemonic symbols. The use of DDT and ODT
is optional, hence their box is shown dotted in Figure 5. They are used mainly for small
programs or parts of a large program as they consume memory sapce. ODT consumes less
memory space than DDT but requres octal representation.

Other programs are supplied as part of this package, these are as follows:

• Binary Loader:
This is used to read binary paper tapes into memory. It is supplied on a paper tape in
RIM (Read In Mode) format and a RIM loader must first be keyed in from the control
panel. It provides an alternative to the Binary Loader which is in the control panel
memory of the Intercept.

• RIM and BIN (Binary) Punch:
Used to punch data from memory on to paper tape in either RIM or binary format.

• Octal Memory Dump:
Used to write the contents of selected memory locations on the teletype.

• Mathematical Routines:
These provide for addition, subtraction, multiplication and division using 23 bit
floating point numbers. They also provide for the calculation of logarithms,
exponentials and basic trionometric functions.

FOPAL-111 PAL-111 Fortran Cross Assembler  This is the same as the PAL-111
Assembler but written in standard FORTRAN. Hence it can be run on a large computer
installation with sufficient memory capacity to eliminate the tedious rerunning of the
source tape.



PROM Based Control Panel and Main Memory Test

4K RAM and Processor Test

PDP8/E Diagnostic Software Kit

These three programs are used to perform extensive tests on the processor, control panel,
memory and the teletype. They are used to check the Intercept and the Engineering Model.

Special software will be available to test the complete processor system and will include:-

• Load programs or data into the Engineering Model via the DMA ports.

• Transfer set patterns (all ones, all zeros, alternate ones and zeros, etc.) between the
Intercept and Engineering Model via the DMA, parallel and serial input/output ports
and check for errors. The input and output of a parallel port can be connected
together. This enables the parallel ports of one machine to be checked independently
of the other.

Loading programs into the ‘E’ Model  Programs can be loaded into the ‘E’ model in
two ways. By committing the program to PROM then plugging the PROM into the ‘E’
model or via the DMA port into RAM. This is demonstrated by the diagram below:-

Fig.6.  Loading programs into the ‘E’ Model

If the program is required in PROM in the ‘E’ model it is first input to the Bench model via
the teletype, together with a PROM programming program. The teletype is then replaced
by the PROM programmer and the program is loaded into PROM under the control of the
Bench model control panel. The PROM contents can also be read back and checked. The
PROMs are then plugged or assembled into the ‘E’ model. Finally the ‘E’ model memory



contents can be read into the Bench model via the two DMA ports and the PROM contents
again checked. Program can be loaded into RAM if required. All the necessary control
lines for this are brought out and program can be loaded from the Intercept memory via the
two DMA ports into the memory of the Engineering Model. This is a useful facility in a
flight model since it allows reporgramming in Space via Telecommand. It is performed by
means of a section of PROM in the main memory and by using the switches on the
Peripheral Test Set control panel.

Instruction set  The processor has 6 twelve bit registers, a programmable logic array, an
arithmetic and logic unit and associated gating and timing circuitry.

The 12 bit word is considered the best compromise between the mass and power
requirements of the store and tolerable quantization error. Quantization error (one sigma
level) is plotted in fig.7. for different word lengths. From this it is considered that a word
length of 12 bits is sufficient for most applications. If more accuracy or more processing
steps are required a double length word of 24 bits can be used.

Fig 7. Graph of Quantization error



Programming is performed in machine or assembler code. Each instruction is held as a 12
bit binary word and the processor makes no distinction between instructions and data.
Instructions can be manipulated as data and data executed as an instruction. There are
three classes of instructions:

Memory Reference Instructions (MRI); Operate Instructions (OFR) and Input/Output
Transfer Instructions (IOT).

The full memory is comprised of eight Fields each consisting of 4K words of 12 bits each.
The Field is selected by software after which all MRI instructions refer to that Field. Each
memory Field is divided into 32 Pages of 128 words each. Memory Reference Instructions
operate on the contents of a memory location or use the contents of a memory location to
operate on the Accumulator or the Program Counter. The first 3 bits of a Memory
Reference Instructions specify the operation code and the low order 9 bits the operand
address. The operand address is given as a word in the current Page or in Page 0. Also
direct or indirect addressing is indicated. With indirect addressing the data taken from the
current Page or Page 0 is used as the address of the operand. The permitted operation
codes are 0 (logical AND), 1 (binary add), 2 (increment and skip if zero), 3 (write to
memory from the Accumulator) 4 (jump to Subroutine) and 5 (jump).

All Operate Instructions have the operation code 7 and perform operations on the
Accumulator. They are split into 3 groups of microinstructions. Group one
microinstructions perform logical operations on the contents of the Accumulator such as
rotating, complementing, incrementing, clearing and setting. Group two microinstructions
are used to test the contents of the Accumulator to see if it is negative, positive or zero.
They are also used to read the Switch register. Group three microinstructions are used to
perform logical operations on the Accumulator and an extra processor register known as
the MQ register. The MQ register can be loaded from the Accumulator, cleared, have it
contents read into the Accumulator or the contents of the two registers can be swapped.

An Input/Output Instructions have the operation code 6 and initiate the operation of and
transfer data between the processor and peripheral devices. The second (or middle) 6 bits
are used to select a device and the lowest order 3 bits specify the control. The control
indicates if a read, write test etc. is required, the actual code is dependent on the
Input/Output device.

After an instruction is completely sequenced, the major state generator scans the internal
priority network. The state of the priority network decides the next sequence of the
processor. The internal priority is processor reset, control panel memory select, run/halt,
Direct Memory Access request, peripheral device interrupt request and finally an
instruction fetch cycle is entered.



Conclusions  The microcomputer described is a general purpose machine that has many
applications. It features an all CMOS design with extensive use of LSI giving high speed,
low power consumption and small size.

A modular packaging scheme is used that allows any number of different modules to be
assembled to form a complete unit. In this way a unit can be assembled that best fits a
particular set of mission requirements.

An extensive range of software already exists for the microcomputer. The architecture and
instructions used are the same as for the PDP8/E minicomputer manufactured by DEC.
Hence the large library of DEC software is available for use on the microcomputer.

A Bench model of the microcomputer is available for control and program development.
This has the same facilities as the ‘E’ model microcomputer with the added facilities of a
control panel and teletype. This can be used in conjunction with a manual test set to test
and load programs into the ‘E’ model.

RAM and PROM can be mixed as desired (in blocks of 256 words) in the memory of the
‘E’ model microcomputer. The memory is expansible in blocks of 2K words.

Both Serial and Parallel digital Input/Output ports are provided. These interface at 10 volt
CMOS levels. The system can be operated off 5 volts if required, it will then interface
directly with TTL.

Dropping the supply voltage from 10 volts to 5 volts reduces the power consumption to
25% but also halves the speed of operation.

Quantization error is a very important consideration during usage and will be the dominant
error if an insufficient number of bits are used. The use of too many bits is wasteful of
memory, processing time, mass and power.

*“This paper is based upon work performed under the sponsorship of International
Telecommunications Satalite Organization (INTELSAT).” (Any views expressed are not
necessarily those of INTELSAT.)
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Summary. - Over past years, the microprocessors have been used widely and efficiently
for many applications. Some of them have become industrial standards, and the question
arised how to use them most efficiently for space applications. The paper describes the
design concepts which have directed the study and the breadboarding of a
trimicroprocessor system and its monitoring software. These concepts have been traded off
for reaching a high system overall availability and flexibility. The multiprocessor is
organized around C-MOS microprocessors and a time shared/common bus, designed for
reliable operations. The monitoring software is especially developed to yield a triple
redundancy for critical (i.e. mission success dependent) software functions and to assure
the mutual failure independency of the application programs.

On board telecommunication satellites, the multiprocessor structure have been found better
suited for reliability, probability of mission interruptions and its capability of degraded
operation when it was compared to a classical stand by redundant monoprocessor array.
At the end of the year, the triprocessor system will be integrated into a satellite attitude
control simulator for a system closed-loop test with an air bearing table and actual satellite
equipments.

Introduction. - The availability of large integrated digital circuits is changing the mind of
design conceptors for satellite control systems. While the communication satellites become
bigger and more sophisticated their critical functions must rely on complex but high
reliable control hardware. Structures which have been only used in the past for large
ground computing systems, are now foreseen for on board applications. Their intrinsic
qualities offer a good approach for reaching overall system reliability and decrease
probability of mission interruptions. These concepts have been implemented, using three
CMOS microprocessors, connected in a multiprocessor structure. The hardware and
software structures have been designed simultaneously for yielding a triple redundancy for
critical system functions. For purpose of faults detection and to avoid faults propagation,
the concept structurizes the software programs and the hardware detection devices. The
goal was to assure the mutual failure independency of the application programs.



The multiprocessor hardware have been breadboarded and the monitor software programs
have been developed and tested. In parallel the global reliability and disponibility of the
system have been estimated and trade off were performed. Part of a continuous effort for
developing new satellite attitude control structures, this multiprocessor is tested with
attitude control laws for communication satellite station keeping.

1)  Design goals - For meeting the space requirements, the on-board control system must
offer at least the following characteristics

• a high degree of overall system availability/reliability
• be flexible for user’s needs adequation and graceful degraded operations
• use of proven technologies for space applications
• be easy to program and provide a large range of development aids for minimization of

design errors.

The trade off we made for the definition of the best suited system led us to a multi-
microprocessor structure. We shall describe it latter on so let us first discuss the four
design leading keypoints we have already set up.

1.1.1.  Any high availability system design is based on four concepts

• analysis and recoverability : ability to detect errors and to minimize their impact into
the system

• modularity : provisions for isolatable and assignable elements
• configurability : reconfiguration or exchange of modules in face of detected errors
• continuity of operations : smooth reconfigurations quickly performed.

1.1.2.  The flexibility of a space system may be understood as a design concept which
assures its perinnity, but also as a feature which allows an easy reconfiguration and
graceful degraded operations.

Both concepts are complementary : the system can be modular and reconfigurable.

Modular : as the number of models built for a given space application is generally limited
and the requirements vary from one project to the next one.

Adaptable : the modularity can be exerciced during flight.



1.1.3. The requirements for proven technologies are well known in space business.

They stem from all the experiences accumulated during the past decade on parts and
materials. These technological data are used for building up a reliability model from which
one can derive the expected time life of the system, with some degree of confidence.

1.1.4.  The reliability of a system depends directly from the methodologies followed during
its development. The sophistication of the tools used by the designer have a direct impact
on the development time but also on the formalism and the structurization which help for
avoiding bugs. The architecture of the system itself impacts the development tools, by
providing inner test facilities or easy test interface. These statements are particularly
applicable to software programs writing and integration.

2)  The core structure - The core structure is built around three microprocessors which
are in active redundancy. But the concept can accomodate more processors, when
operational constraints require it.

The processors share the computing load between them. They are organized around a time
shared/common bus. The bus is especially designed for reliable operation. It allows the
connexion of various kinds of units and it provides for them timing and exchange
procedures. The system expansion or the modifications for user’s needs adequation are
easy to achieve.

Connected to the bus are :

• three identical microprocessors with local memory, real time clock and bus interface
control

• the system memory for storage of system level data
• up to six user’s memories block of 4K x 12 bits words
• input/output couplers for interface with system devices
• external interrupts input registers.

The three processors work simultaneously. The memory access time being four times
shorter than a microprocessor elementary sequence, the processors work almost as if they
were alone with the memory.

The software tasks are not dedicated to any processor. The processors are symmetrical.
Every processor can be equally effective in executing the tasks.

The instruction codes are located both in the local memory and in the user’s common
memories. The system programs which are the most often run (scheduling sequence,



interrupt monitor or general purpose subroutines) are stored in the local memories. The
user’s program (which are mission dependent) are located in the user’s memories.

For a reliable software, the programs are functionnally structurized and implemented. The
design goal has been to split the user’s tasks into independent sections which do not rely
on other non redundant tasks. The structure handles software parallel processing chains, in
a way similar to conventional dedicated hardware chains.

The failure of one or two processors degrades gracefully the performances but it does not
affect the completion of the mission functions. The failure of one memory chip involves
only the user’s program stored in it, i.e. only one or a few functions (if they are not
elsewhere redunded) are lost but the overall system is still operative. Reconfigurations are
performed through software error recovery sequences.

It has been made a maximum use of the processors to control the peripheral devices. The
saving in hardware parts is significant and it will increase the overall system availability.

3)  The performances - The performances must be analysed in terms of efficiency and
availability.

The efficiency depends on

3.1.  Computing power

• average instruction time 2,3 µS
• instruction set of the PdP8
• memory capacity up to 32K words of 12 bits.

3.2.  Flexibility : user’s needs adequation

• modular interfaces : parallel I/O, serial I/O, DMA, interrupts, CAD, CDA, teletype
writer, real time clock, etc...

• powerful I/O instructions (I/O status skip ...)
• very low power consumption (CMOS parts)
• full military temperature range
• adaptable computing power, regard to mission phases by powering off one or two

processors and memory blocks
• powerful and versatile operating system.



3.3.  Development aids

• structurized software for true modular programming
• use of PdP8 basis software
• automatic test of software module chain by Petri net algorithms
• development tools from Intersil : the intercept integrated in the test rack
• cross assembler on host computer with disk system

3.4.  Maintenance

• modular design
• standard connection to the common data bus of the memory blocks and I/O units
• structurized software offers software modules independence
• a picture of the system status is located in the system memory and can be transmitted

on demand
• the bus access and the system memory are controlled by watch dogs and semaphores,

system data are monitored for min and max values
• self test programs are periodically run and when the processors are idle
• after failure detection, test and recovery programs analyse the defective sequence and

look for reconfiguration
• the test bench provides full test capability for the processors.

3.5.  Availability

• space qualified or potentially qualified highly reliable parts
• the system structure has been designed for high availability

• critical hardware units are redunded
• failure detection has been carefully studied
• reconfiguration and isolation of the defective units
• structurized software for independence of tasks and easy reconfigurations and tests
• the supervisor and critical programs are duplicated in the three processor local

memories
• the failure of one processor degrades gracefully the system performances
• provisions are made to avoid software error propagations.

• low probability of mission interruption after failure
• recovery time minimized
• degraded modes of operation.



4)  Availability estimates for a telecommunication satellite - The estimates have been
computed for a 7 years mission duration. The reliability figures, which were not available
from test life results were taken off the European Space Agency Specification QRA 14-
ECS Issue I.

Parallel evaluations were performed on both a standard single microprocessor system with
cold and global redundancy and the trimicroprocessor system with internal redundancies.
The user’s program memory was assumed to be 4K words in both systems.

The main results are about the reliability over seven years and the mission interruptions for
a geostationnary satellite.

4.1.  Reliability estimates

The summary figures are quoted for three multiprocessor configurations, i.e. three
processors, two or one processor available at the end of the mission.

- multiprocessor 3/3 0.485
2/3 0.910
1/3 0.988

- single processor
with stand by redundancy 0.946

4.2.  Mission interruption estimates

The mission interruption is defined as the elapsed time between the going out of the
specifications at the event of a failure and the service re-establishment into the mission
specifications.

The same philosophy have been kept for comparison between both single and triprocessor
systems

- on failure detection, the microprocessor is halted
- the hardware reconfiguration (add on of idle units) is telecommanded from the
ground.

At a failure accurence, the trimicroprocessor system is still available but with gracefull
degraded performances. In the contrary, the switching into the halt state of the processor of
a single processor system induces a mission interruption.

The probability estimates for having one or several mission interruptions over seven years



are the following ones

triprocessor : 0,116
single processor, stand by unit : 0,307.

Conclusion. - A multiprocessor system offers the following advantages for a
telecommunication satellite :

• a better reliability (0,987 versus 0,946) although the cross trap effects between
memories is under evaluated for the multiprocessor due to the small retained memory
configuration

• a better availability due to : the low probability (11,6 % versus 30 %) of mission
interruption

• a gracefull degradation of the processing performances at the accurance of failures
• the possible adaptation of a multiprocessor system to the availability requirements of

various missions
• a good safety ; it remains at least a processor (up to three processor failures) for

controlling the system.
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User’s tasks are organized in chains.
A chain is made of modules.
It is activated on an external event (interrupt, cyclic order).
“1” implies modules 2,3,5.
“2” depends on module “1” completion and data “X” ready.
A module can be run only when all its dependence conditions are satisfied.

A module can be :
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A Satellite Automatic Control System*

J. J. BLEIWEIS and P. C. REDMAN
COMSAT Laboratories
Clarksburg, Maryland

Summary. - The primary task of existing satellite control centers is to automatically
monitor the operational performance of existing satellites and to manually generate control
commands so that these satellites remain within specified operational limits. This paper
describes some basic characteristics of an existing satellite control center and identifies a
method that may be employed to gradually introduce automatic commanding to the facility.
Candidate methods of automatic commanding are described.

Introduction. - Present satellite control networks generally consist of a centralized facility
that exercises direct control over both the ground and space segments. The ground
segments include remote earth stations, which are capable of fully autonomous operation
when communication to the control center is disrupted. This overall redundancy concept
has proved to be a viable mode of operation in the existing INTELSAT global satellite
system.

The anticipated growth of the INTELSAT system, both in number and complexity of
spacecraft, will require a broad restructuring of the ground control network for a number of
reasons. Obviously, when the number of satellites increases the telemetry processing
capability of the control network must also increase. Since this capability centers around a
minicomputer-based system, the obvious solution would be to increase the size of the
computer to accommodate future spacecraft. What is not so obvious, however, is that
future spacecraft will probably be much more complex than existing ones; consequently,
the required increase in computing power is more likely to be exponential rather than
linear. In addition, when a centralized computer system is expanded to accommodate more
functions, the response time is decreased accordingly. This decreased response time is
most undesirable, since it will increase the time necessary to provide real-time spacecraft
information to the controller on duty, and in the case of a malfunctioning spacecraft, any
delay could prove to be critical.
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Similarly to telemetry, spacecraft commanding for future satellites will probably be much
more complex. The number of commands will increase dramatically as will their required
frequency of execution. Also, multiple commands will have to be sent consecutively with
extremely short intervals.

The solution to all of these problems seems to be increased automation in the control
network using distributed processing. This paper will address such solutions, with possible
methods of implementation.

The result will be a control network that is extremely reliable, flexible enough to respond
to many different types of situations, and less dependent on operator action.

Existing Control Centers. - Existing control centers of the satellite network tend to have
some or all of the following basic design requirements:**

a. continuous collection and monitoring of all satellite telemetry data;
b. increased space segment reliability via backup operational modes and equipment;
c. transmission of commands to satellites;
d. collection and processing of ranging and tracking data;
e. a degree of remote control of earth station configurations from the control center; and
f. adequate communications facilities between the control centers, earth stations, and a

high-performance mainframe computer equipped with mass storage.

Control Center Configuration. - Figure 1 is a typical basic control center configuration. As
can be discerned, the internal distribution of equipment is centralized around a high-
performance minicomputer. Some functions performed by this computer are as follows:

a. telemetry processing and limit checking,
b. communications processing,
c. command processing,
d. display processing and alarm generation,
e. configuration monitoring and control,
f. plot generation,
g. report generation, and
h. local program control.



Fig. 1 - A Centralized Control Center Configuration

Telemetry data from the telemetry, tracking, and command (TT&C) earth stations enter the
processor via a multichannel bit and frame synchronizer. The processor assimilates the
data and produces a real-time status display of the network. Coupled with the display is a
CRT and keyboard which allow the operator to query the processor for detailed system
information. The main CRT display is in the director’s console, which is the central
monitoring and control point of the network. This console contains the equipment required
to originate commands for transmission to the satellite via the voice/data links with the
earth stations.

In the particular control center described herein, the processor is an expanded HP-21MX
system with 64 K of memory and a real-time executive. The peripherals include a disk,
magnetic tape recorder, reader, punch, line printer, CRT/ keyboard, and two X-Y plotters.

Each satellite has two telemetry encoders; at least one is transmitting the pulse code
modulated (PCM) telemetry at any given time. The data, encoded as non-return-to-zero-
mark (NRZ-M), are sent continuously at a 1-kbit/s serial rate. They are organized into
8-bit words and 64-word frames. The first two words are sync words. Subsequent words
near the beginning of the frame contain such information as encoder identification,
communication system status, commands, and attitude parameters.

Distributed Processing. - It is evident that the CPU at the control center is quite busy. The
original COMSAT General system design utilized an HP2100 system with 32 K of
memory. To implement the capabilities described previously, another 32 K was added.
With 64 K of memory, response time limitations have been encountered. For example,
when the remote command software is used, half of the command message is destroyed
because the CPU’s response to the interrupt is not fast enough. The real-time executive in
the system allows functions such as compiling to be performed in “background,” i.e., on a
time-sharing basis with the resident programs. The compiling process, which was
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previously completed so rapidly that the user seemed to have a dedicated machine, now
requires a significant amount of time.

It can be readily discerned that the control center processor is assigned a functionally
centralized role for monitoring satellite performance parameters. The expected control
complexity of commanding and monitoring future communications satellites is already
being realized with the pending INTELSAT V series and its proportional commands and
the significant increase in telemetry data resulting from the use of subcommutation. These
increased complexities introduce additional requirements for the distribution and display of
pertinent data to the satellite system controller. The retention of centralized computer
techniques which significantly increase the memory size of the processor will result in only
a limited improvement in the real-time response requirements of the system controller. In
the limit, and in anticipation of satellites beyond the INTELSAT V series, the centralized
computer techniques will probably prove to be inadequate.

Further, they will tend to require a proliferation of independently centralized, high-cost
computer systems assigned to different tasks or series of satellites which aggravate the
redundancy, versatility, and investment demands made on the system controller.

Concepts. - The concepts of distributed processing represent a solution to these problems.
These concepts*** have become particularly attractive over the last few years due primarily
to the advent of the microprocessor. The wide acceptance of these devices within the
electronics industry has resulted in the use of the microprocessor as the central element(s)
in the design of low-cost intelligent terminals. These terminals allow the user to extend the
overall computer system performance by effectively reducing the load on the main
processor; they provide for remote processing capabilities with a high degree of autonomy
from the host computer.

In a centralized computer system the various software functions which must be
implemented by the system controller are essentially performed in sequence by the
computer. As the demand for computer operations increases, the response time is
proportionally degraded. The basic premise of a distributed system for use in a satellite
system controller environment is that, to a large extent, these functions can be performed
in parallel so that they will have a minimum impact on response time. The functions can be
distributed by hardware and software design to relatively low-cost devices. This
requirement is a necessary prerequisite for off loading of the existing mainframe
minicomputer to permit the introduction of automatic commanding.



Distributed Control Center. - There are undoubtedly numerous ways in which a distributed
processing system may be configured for use by the satellite system controller. One
possible system, shown in Fig. 2, can be categorized into two main segments. An
input/output signal path for telemetry, commanding, and ranging through the satellite is
shown at the top of Fig. 2. The lower path indicates the method for distributing software
programs and/or data bases between the various elements which comprise the distributed
system. The modern equipment, detailed for illustrative purposes, shows that the
telemetry/command data path is routed via appropriate TT&C earth stations. The
program/data path, which is routed to modems as well, shows that this program
distribution feature within a control center can be extended to the remote TT&C earth
stations. It should be noted that this system retains the redundancy feature inherent in the
INTELSAT system with control computers located at the earth stations. It is felt that this
feature, which has proved to be very successful over the years, is still the foremost method
for satisfying the backup capabilities needed by the satellite system controller.

Fig. 2 - Possible Future Control System for Automatic
Commanding Using Distributed Processing Concepts



Advantages. - The configuration described herein provides a number of significant user
advantages:

a.  The control center will have a measure of reliability in utilizing dual processors. The
operating processor will support the existing system and the intelligent terminals will run
autonomously. Failure of the operating processor will be followed by a CPU switchover
which can be transparent to the intelligent terminals.

b.  The distributed nature of the system greatly reduces the possibility of single-point
failures and hence significantly increases the availability of various functions.

c.  The overall system response time is much more rapid since most functional operations
are performed in parallel.

d.  The functional monitoring operations performed by the system controller may be
distributed to geographically remote locations, with security protection at the discretion of
the system controller.

e.  The distributed system can be implemented with high-performance computers currently
being used by the system controller and supported by the existing operating system
software.

f.  The system can be introduced gradually since the parallel processing, inherent in its
design, would involve some very structured software disciplines in the implementation.

g.  The existing functions of the system controller may be performed with no significant
impact on TT&C earth station hardware/software operations.

h.  The system maximizes the use of advanced technology, realizes significant economic
advantages in processing display data, and provides the framework for accommodating the
requirements of future communications satellites.

i.  The off-line processor can be used for program development for both programs
scheduled to be run within the processor and programs capable of being run within an
intelligent terminal.

j.  The system implementation maximizes the use of off-the-shelf commercially available
hardware with a high degree of operational compatibility in terms of available hardware
and software interface requirements.



k.  The mainframe minicomputers will be relieved of a considerable amount of software
overhead, thereby enabling automatic command features to be introduced into these
machines.

Automatic Control. - Growth in the INTELSAT system in terms of number and complexity
of spacecraft will require more complete real-time telemetry interpretation and preplanned
contingency procedures to cue the system controller. The minimum reaction time in case of
satellite anomaly must also be reduced, thereby placing a more demanding burden on the
functions of the system controller.

The introduction of automatic control principles into the INTELSAT TT&C network
would significantly relieve this burden, primarily by reducing human errors, which are
often made in critical moments. Further, it would reduce the reaction time of the system
controller, in both normal day-to-day operations and moments of crisis. Accordingly, it can
protect the INTELSAT investment through the reliable application of state-of-the-art
control techniques.

A further consideration for the introduction of automatic control concepts is that staffing
requirements generally grow with the demands on the system controller. The introduction
of automatic control principles into the INTELSAT TT&C system would tend to alleviate
the requirements for additional staffing caused by the increase in number and complexity
of future spacecraft.

The introduction of automatic control concepts into satellite communications has a
successful, though limited, history of applications. The Royal Aircraft Establishment in the
U.K., through its preplanned contingency procedures, enables a significant amount of real-
time decision making to be removed from the system controller, thus reducing the
likilihood of human error. Numerous aspects of automatic control are currently being
utilized by NASA in a variety of experimental and operating satellite systems. In most
cases, the interpretation of telemetry data and alarming of fault conditions are performed
automatically, and preplanned corrective actions are implemented.

The development and integration into the INTELSAT TT&C system of an automatic
control function must draw heavily on the experience built up over the years by the
spacecraft technical control center (STCC) as well as that acquired by other relevant
organizations.

Operation. - Two degrees of automatic control can be considered for implementation
within the INTELSAT TT&C system. These techniques, categorized as fully automatic
and operator-supervised semiautomatic methods of operation, exhibit some areas of
commonality.



In the fully automatic mode of operation commands are automatically sent to the
spacecraft without controller assistance. This can occur either because routine commands
are required for eclipses, or because an anomaly has been detected, for example. Thus, a
complete set of contingency command sequences must be developed, based on real-time
inputs from the telemetry and command systems. This set of contingencies must account
for all possible malfunctions. The extensive command types sent to correct the
malfunctions include thruster firing, interconnectivity, redundancy switching, and battery
reconditioning. Obvious requirements to implement this mode of operation include a
detailed understanding of the elements of the satellite system, the degree of commonality
and predictability of performance characteristics among these various elements, and all
possible contingencies which might arise within the system.

In this mode, all operations are performed automatically by a central processor with little
or no operator assistance required in the execution of the preplanned sequence of steps and
procedures. Assistance would be required from an operator for events such as undefined
emergencies and possible parameter input requirements. A manual override would allow
an operator to gain control of any or all of the system elements.

The operator-supervised semiautomatic mode of operation requires the same levels of
understanding and planning as the fully automatic mode. The essential difference is that in
semiautomatic operation the central processor, prior to exercising any control function,
advises the operator and explains why the action is required. Only after the operator
concurs is the command operation actually carried out. The computer will verify successful
generation of commands by checking the incoming telemetry data, as in the fully automatic
mode. Again, as in the fully automatic mode, the computer can determine if the command
successfully achieved its overall objective. These features will be available for all
commands or sequences of commands in general satellite operations.

The level of interaction between the operator and the central processor can be extensive or
minimal, depending on the confidence of the satellite system personnel in the operation to
be attempted. An extensive interaction would have the computer obtaining approvals from
the operator for each individual command in a command sequence. A minimum interaction
would require a single or small number of approvals from the operator to carry out an
overall command sequence. A manual override would be provided to allow an operator to
gain control of any or all system elements, independent of program control. As in the fully
automatic mode, operator assistance would be needed to provide for undefined
emergencies and possible input parameter requirements.

Implementation. - There are common prerequisites for the orderly introduction of either the
fully automatic or semiautomatic distributed system. These prerequisites are logically
divided into two groups-hardware and software.



A significant prerequisite to the introduction of automatic control concepts is the ability of
the central operating processor to access, without operator assistance, the synchronous
controllers and command generator equipment located at the earth stations. This is shown
on the transmit line controller in Fig. 2. Much of the INTELSAT command equipment has
a built-in provision for remote computer control. This will allow for initial implementation
of these control concepts in conjunction with existing satellites.

The existing telemetry processing software must be expanded to include fault detection,
analysis, and diagnostic considerations to implement either automatic or semiautomatic
control operations. The diagnostics must be developed based on various combinations of
anomaly conditions that might arise in satellite operations. The overall result of these
diagnostic routines would be to generate the proper command sequencing, appraised by
STCC personnel, for the computer to correct erroneous conditions or optimize system
performance. Thus, if the telemetry data in real time reveal a certain fault situation, the
program action is initiated automatically.

In the semiautomatic mode the only required operator intervention is acknowledgment.
The system controller would essentially monitor the operational events that occur in real
time. In addition, aid would be provided where required through terminal entries of
affirmative or negative answers by the operator in response to simple questions generated
by the computer. The operator could also request additional information from the computer
to assist in the development of a correct acknowledgment.

In general, the only decision that system controllers are required to make in real time is
whether to initiate independent action or to repeat an already approved sequence of events.
Independent initiation is provided by a manual override which permits an operator to
bypass the operational control programs. Significant advantages of adopting this form of
automatic control may be summarized as follows:

a. Major real-time decisions are not made by the operator to reduce human error.
b. Interpretation of telemetry data and highlighting of fault conditions are performed

rapidly. Corrective action is taken automatically according to a predetermined plan. In
the semiautomatic mode, the corrective action can be taken only after operator
agreement.

c. Each operation, whether routine or emergency, is performed in exactly the same way
each time it is done.

Operational Considerations. - Preliminary investigation of the problems associated with the
introduction of automatic control principles into the INTELSAT network tend to
discourage the introduction of a fully automatic system in a single iteration. It is felt that
for a fully automatic control system some improvements in the satellite telemetry data



would be in order. For the most part, these improvements would address the problem of
providing adequate error protection coding to the telemetry and command data streams.

An initial distributed system that allows for the gradual introduction of fully automatic
control can be implemented. It can contain various modes of operation, including
automatic, semiautomatic, “canned” command sequences, non-real-time transmission, and
manual functions. This characteristic allows for independent evaluation of various control
functions and helps the STCC personnel to determine the satellite control areas which can
be reliably assigned to the aforementioned categories. The transition from semiautomatic
to fully automatic operation is usually implemented by bypassing the requirement for
operator approval prior to execution since the operation is identical in all other aspects.
This characteristic will allow for fully automatic operation at a later period in time.
Further, upgrading functions from one category to another is facilitated by Hewlett-
Packard RTE operating systems which permit program development on line with existing
operational programs.

Selection of semiautomatic operation does not preclude the introduction of automatic
functions as they become readily identifiable. A function which appears to be an early
candidate for automatic control is communications management. In satellite control of
INTELSAT IV-As and Vs, there are many possible combinations of communications
switching arrangements. Configuration requirements can be keyed to programs so that the
operator will request only a particular configuration with some attendant parameters. Once
entered, the computer will generate and verify all commands to achieve the desired
objective. Further, the distributed system will display the status of the communications
facilities on the appropriate intelligent terminals.

Conclusion. - This paper has described a method to be used for implementing the
groundwork for accommodating the requirements of automatic control. Since a necessary
part of the work of the system controller is telemetry processing and monitoring, the
existing minicomputer systems would be offloaded by using intelligent terminals to operate
in a distributed environment. Future tasks of automatic control as a primary function and
secondary support of existing intelligent and slave terminals would then be performed by
the mainframe minicomputer.
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THE APOLLO VHF RANGING SYSTEM
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Summary. - Redundancy of functions on manned space flights has been an important
concept for crew safety. However, a redundant system generally implies doubled weight -
a luxury that can not easily be afforded on a spacecraft. The Apollo Command Module-
Lunar Module rendezvous mission was performed with the rendezvous radar system. RCA
developed a VHF Ranging System, which permitted the voice/telemetry radios to be
adapted as a backup for the radar’s ranging function at relatively low additional weight.
The proven accuracy and reliability of the VHF Ranging System resulted in its selection as
the sole rendezvous sensor for subsequent earth orbital manned missions. The constraints
imposed by existing radios are discussed, the ranging options and selected implementation
are described, and the system accuracy is reviewed.

Introduction. - As the Apollo program proceeded, NASA became increasingly concerned
for the safety of its crews on manned space flights. Redundancy became a requirement for
all crew safety functions. One critical period of the Apollo missions was the rendezvous of
the Command Module and the Lunar Module. The RCA-developed rendezvous radar
provided the critical range, range rate, and angle measurements necessary to complete the
rendezvous. Use of a redundant radar for backup was out of the question because of its 80-
lb weight. Angle measurements could be obtained from the navigation sextant; range rate
could be obtained by differentiation of range data in the spacecraft computer. However,
redundant range data was not available.

After investigating the requirements and possible solutions to the problem, RCA proposed
to Frank Borman, the commander of the first Apollo flight to the moon, that the voice
radios be adapted to perform the ranging function. Slight modifications of the RCA-built
VHF voice radios and the addition of a ranging interrogator and transponder at a weight of
less than 10 lbs total would provide an accuracy of 100-ft rms at several hundred miles.



The Apollo VHF ranging system development was authorized in the Fall of 1967. Slightly
more than a year later, the system was successfully flight-tested at the White Sands
Proving Grounds, and the first space-qualified flight hardware was delivered. Since it has
performed flawlessly on every Apollo Lunar rendezvous mission, it became the sole
rendezvous ranging sensor on the Skylab mission and on the Apollo-Soyuz earth orbital
mission. The Lunar Module VHF radio and ranging transponder were the first and only
American made equipment installed in a Russian spacecraft.

VHF duplex system. - The basic VHF ranging system, as illustrated in Figure 1, uses a
fall duplex communications systems. The Command Module (CM) VHF transmitter is
modulated by a voice signal or by a ranging signal, or both functions can be carried out
simultaneously. The signal is transmitted via a diplexer and antenna for reception by the
Lunar Module (LM) VHF receiver. The voice information signal is obtained by
conventional envelope detection; the ranging signal is demodulated and applied to the
transmitter. In some modes it is fed directly from the envelope detector to the transmitter
without synchronization. The LM transmitter and antenna radiate a voice and/or ranging
signal which is picked up by the CM receiver. The voice and ranging modulation are fed to
separate circuits. The range information is demodulated and causes a range tracker to
follow the transmission path delay Comparison of the time position of the received ranging
waveform with respect to the transmitted ranging waveform at the CM, yields the range
readout.

Transmitter configuration. - The VHF transmitters in the CM and LM use speech
clipping for the conversion of the analog voice signal to a bi-level waveform. The bi-level
voice signal amplitude modulates the RF carrier in a binary fashion (on-off) by means of a
keyer. The modulated carrier is further amplified and filtered before transmission. In the
receiver, the bi-level waveform is filtered and a very intelligible voice signal is recovered.

The CM and LM VHF transmitter configuration is shown in Figure 2. The RF carrier is
derived from a crystal-controlled oscillator, which drives a multiplier and an amplifier
chain. The voice signal is processed by successive clipping and appears as a bi-level
waveform at the input of the keyer. In some units, a data input also drives the keyer. For
minimum impact on the communications system, the most suitable ranging waveforms are
square waves or a combination of square waves. Thus the ranging signal, the bi-level voice
signal, or the combination signal drives the keyer and causes on-off modulation of the RF
carrier to take place in the amplifier chain. The transmitter is capable of handling signals
with a bandwidth of several MHz so that it does not severly limit the range measurement
accuracy capability.

Receiver configuration. - The VHF receivers in the CM and the LM, shown in Figure 3,
are fixed-tuned receivers designed to operate over a wide dynamic range of signal levels.



A received signal at 259.7 MHz or 296.8 MHz is applied to a broadband gain-controlled
RF amplifier and then translated to a 30-MHz IF signal. A crystal-controlled oscillator,
frequency multiplier, and mixer perform the heterodyning function. The IF channel consists
of relatively broadband IF amplifiers and a narrowband crystal filter. The filter’s
transmission bandwidth of approximately 60 kHz determines the receiver’s selectivity. The
IF amplifier preceding the envelope detector is also gain-controlled to maintain a relatively
uniform output level. The filter characteristics are shown in Figure 4.

Although the IF filter bandwidth is about 60 kHz, the frequency stability of the transmitter
and receiver oscillators may result in nearly ± 15 kHz of drift of the carrier frequency. Due
to the steep skirt selectivity of the crystal filter near its band edge, it is not recommended
to pass signals with frequency components in excess of 15 kHz through the receiver.
Ranging signals much below 15 kHz may be passed through the IF amplifier. However,
certain factors must be considered, such as the delay through the receiver and the variation
of this delay with temperature, signal level, and from one unit to the next. The fixed delay
for a typical receiver through the detector output is approximately 21 µs.

Most of this delay is attributable to the crystal filter and the IF amplifier. The delay varies
about ±0.6 µs due to temperature changes and about ±0.9 µs due to signal level variation.
The variation between different sets can be as much as ±3 µs, in addition. Frequency
offsets between the transmitter and the receiver local oscillators will also add several
microseconds to the total delay uncertainty.

Ranging considerations. - The variable delay determines the limit of measurement
accuracy achievable with a given system regardless of the ranging waveform or signal-to-
noise ratio. The variable delay is usually some fraction of the fixed delay and can therefore
be minimized by also reducing the fixed delay. This requires the use of the widest
bandwidth circuits available relative to the frequency spectrum of the ranging waveform.
Better performance can thus be expected from a ranging signal which does not have to
pass through the band-limited IF amplifiers and filters. It must therefore be correlated
before the filter, so that only an error signal is passed. Since the error signal is usually
heavily filtered, a narrowband IF channel is adequate to pass it. The ranging signal may
have frequency components of the order of 100 kHz or more, because the transmitter and
the RF amplifier in the receiver can handle several megahertz.

A combination ranging approach lends itself to the reception of two or more ranging tones,
where only the highest fundamental frequency can not be passed by the receiver IF. The
highest frequency tone is demodulated to preserve system accuracy; the lower frequency
tones needed for ambiguity elimination are not demodulated in the transponder. This is
acceptable, even from an accuracy point of view, because the range measurement accuracy
is not influenced by tolerable errors in the ambiguity resolving waveforms.



Ranging implementation. - To obtain measurements by means of the VHF radio
equipment, a 3-tone ranging technique is used. To be compatible with the on-off
modulation of the available transmitters, on-off modulation is used for ranging purposes.
To avoid reducing the transmitter duty cycle, and thereby reducing transmitted power, a
time sequential transmission of tones is used. Fine range is measured with a 31.6 kHz
square-wave tone. Range ambiguity is resolved with a mid-frequency of 3.95 kHz and a
low frequency tone, which is a modulo 2 combination of a 3.95 kHz and a 247-Hz square
wave. This combination has the advantage of a maximum unambiguous range of about 327
nm while the signal is narrowband and centered about 3.95 kHz. Since normal tracking
provides range measurements, the mid-and coarse-tone signals are only transmitted when
range tracking is initiated, when an interruption of tracking has occurred, or when the
range data is to be checked. A manually initiated operation provides for automatic
acquisition and tracking of the mid-and coarse-range signals for an 8-second period.
Thereafter, automatic switching to the fine-ranging signal occurs. At the CM, both the
transmitter and receiver tracker are sequenced through the appropriate mode. At the LM
transponder, the presence of narrowband modulations, either mid-or coarse-range tones, is
sensed and the mode of operation is automatically changed, The ranging tones are shown
in Figure 5.

Transponder operation. - The primary goal of the ranging system development was to
minimize changes to existing equipment. The VHF set and its interfaces with the ranging
transponder unit are shown in Figure 6. In the coarse-ranging mode, the VHF receiver
operates in its normal fashion. A composite ranging tone centered about 3.95 kHz is
received, clipped to produce a bi-level signal, and then applied to the transmitter to key the
modulator as is otherwise done with voice signals. A coarse-tone signal sensor inhibits the
fine-tone tracker from degrading the signal and selects the appropriate signal for
application to the transmitter input.

In the fine-ranging mode, the received signal is on-off gated by interrupting the signal path
preceding the crystal filter at a 31.6 kHz rate. The phase of the incoming square wave is
correlated with the signal generated by the fine-tone tracker. By accurately tracking the
received signal with a locally generated waveform, the latter may be used to key the
transmitter with a noiseless signal. Smoothing in the tracking loop reduces the phase jitter
to a relatively small value.

In the fine-ranging mode the received signal is the 31.6 kHz square wave, which is gated
before it reaches the narrowband IF filter. The gating waveform is derived by counting
down from 2.022 MHz which is generated by a voltage-controlled crystal oscillator
(VCXO). The countdown chain also produces a square wave at 5.27 kHz which is used to
shift the phase of the 31.6 kHz signal by ±2 µs. By shifting the phase of the reference
signal, suitable early and late versions of the waveform are produced to provide a tracking-



error signal. The early/late switching of the reference signal is essential to the tracking
operation, and it is performed at a rate slow enough to be passed by the IF amplifier.

After correlation of the received signal with the reference signal, IF filtering, and detection,
the remaining fine tone is attenuated and only the carrier components remain. If a tracking
error exists, a switching-frequency component at 5.27 kHz will also be present. This is
faltered, and then an “early minus late” signal subtraction is accomplished by means of a
synchronous detector. The latter lets the detected and correlated ranging signal pass
directly into a low-pass filter during the early portion of the switching cycle; during the late
portion of the switching cycle, the ranging signal is inverted. The filter thus performs the
subtraction and yields the average value of the early minus late ranging signal. The
presence of an error voltage causes the VCXO to change its frequency in an attempt to
reduce the error. The VCXO drives the waveform generator and therefore controls the
phase of the ranging waveform. For good performance, the loop filter and the VCXO form
a second-order phase-lock loop of less than 30 Hz bandwidth. This assures an adequate
signal-to-noise ratio and tracking accuracy with negligible dynamic error.

In the LM transponder, the late response waveform for receiver gating is also applied to
the transmitter. Since it is used directly to key the transmitter, the total transponder delay
consists of the 2 µs late delay, the transmitter delay, and the delay encountered up to the
receiver’s mixer. Since the ranging code has been demodulated before the IF, the IF delay
does not influence the time position or static range accuracy.

For further details of how range tracking occurs through use of receiver gating in the
Apollo VHF ranging system, refer to Appendix A.

Range tracker operation. - The CM VHF radio equipment implemented for the ranging
function is illustrated in Figure 7. The appropriate ranging waveform, which is generated
by means of the range clock and the ranging tone generator, is selected to provide either
coarse or fine ranging. It is then applied to the transmitter where the keyer on-off
modulates the RF carrier. The RF signal modulated with either the 31.6 kHz or the
3.95 kHz ranging tone, is then transmitted to the LM receiver.

The LM VHF equipment acts as a transponder and replies with the same signal it has
received. The reply signal is received by the CM receiver, which is also modified to allow
gating ahead of the IF filter to generate a tracking error signal when the fine-tone ranging
mode is used. The range tracker may be shown functionally as a coarse-tone tracker and a
fine-tone tracker. The range clock drives the fine-tone tracker, which in turn drives the
coarse-tone tracker. Both trackers generate a waveform which is correlated with the
received signal, before the IF filter for the fine tone, and after the detector for the coarse
tone. The selection of the coarse- or fine-tone tracker is made concurrently with the



selection of the transmitted ranging waveform. In the coarse ranging mode the receiver
gate will pass the signal without interruption so that the maximum available signal-to-noise
ratio will be realized.

A subtraction of the nominal system delays is also performed before the data is transferred
in serial form to the 5-decimal digit display and the spacecraft computer. The output data
is available and displayed with a resolution of 0.01 nm up to a maximum range of 327.67
nm.

Voice/ranging transmission. - The Apollo VHF radio transmitter can be operated in
either of two modes. In the non-ranging mode, the input audio signal is amplified, added to
the 30 kHz sawtooth waveform from a noise suppression oscillator (NSO) and clipped, to
produce a pulse-width-modulated signal. Strong audio signals will override the sawtooth
waveform and will result in a clipped audio signal. In the absence of an audio signal, a 30
kHz square wave is transmitted, so that the amplitude modulated transmitter is always
operating at a 50% duty cycle.

In the ranging mode, the NSO is disabled, and the 31.6 kHz ranging square wave is
substituted. During acquisition by the ranging system, the lower frequency tones will, of
course, be transmitted.

Without the presence of voice or other audio signals, the transmission duty cycle is still
50% Audio signals applied to the transmitter follow the identical path, but due to the
absence of the NSO sawtooth waveform they are always clipped. In the ranging mode,
voice signals therefore appear as clipped speech. This is combined in a logic AND
function with the 31.6 kHz ranging square wave, so that the duty cycle of the transmitted
signal can drop to as little as 25%. The RF envelope derived in Figure 8 consists of the
clipped audio waveform, which is further amplitude modulated (in on-off fashion) by the
ranging square wave.

In the receiver, the high-frequency components due to either the NSO or the ranging
square wave are filtered out by the audio amplifier. The audio signal is thus recovered.

Apollo VHF ranging accuracy. - The range errors fall into a number of categories as
shown in Table 1; the major types are bias errors and random errors. The total range error
includes the bias errors in the radio receiver and transmitter due to delay variations. In the
Apollo system, the CM transceivers had 424 ns peak range error, while the LM
transceivers had 395 ns peak range error. The ranging tone transfer assembly (RTTA) and
the digital ranging generator (DRG) bias errors are due to offsets in product detectors,
filter amplifiers, fixed and voltage controlled oscillators, and delay variations in interface
circuits.



TABLE 1  RANGE ERROR TYPES

The combination of all range errors amounted to a three sigma value of about 600 ns or
330 ft as shown in Table 2. These are three sigma errors allowing for all units under any of
the specified spacecraft environmental conditions and for ranging or ranging/voice modes.
The rms range error is therefore about 100 ft at maximum range. Actual measurements on
four Apollo systems are shown in Table 3, which indicate good agreement between
predicted and actual range errors. It must be pointed out that these accuracies were
achieved without individual system calibration. This permitted flight line replacement of
units, without the need to recalibrate the system.



TABLE 2.  ACCURACY MODEL (3 sigma) IN NANOSECONDS

200nm
Ranging

 200nm
R/Voice

10nm 
Ranging

10nm
R/Voice

Range Variable Bias Errors
Range Dependent Bias Errors
Fixed Bias Errors 

283
196
562

283
330
562

283
30

562

283
30

562

Total Bias Errors 
Random Errors

659
68

710
151

631
61

631
209

Total Error 663 726 634 665

TABLE 3.  ACTUAL APOLLO RANGE ERRORS (-86dBm)

System Apollo 10 Apollo 11 Apollo 12 Apollo 13

Delay, µs 3.008 2.706 3.047 2.675

Calibration, µs 2.835 2.835 2.835 2.835

Error, µs 0.173 -0.129 0.212 -0.160

Error, feet 86 -64 106 -80

Apollo ranging system characteristics. - The Apollo ranging system characteristics are
summarized in Table 4. Photographs of the Command Module VHF radios, the Lunar
Module VHF radios, the Digital Ranging Generator and the Ranging Tone Transfer
Assembly are shown in Figures 9, 10, 11 and 12, respectively.

Conclusions. - The Apollo VHF Ranging System demonstrated that it is feasible to
achieve highly accurate range measurements with conventional voice radios. Despite the
narrowband ranging modulation, accuracies on the order of 100 feet rms have been
obtained. Furthermore, this range information is available while voice communication is in
progress. Operation from zero range to over 300 nm has been demonstrated with 5 watt
average power voice radios.

Application of this type of ranging technique to aircraft, vehicular and hand-held voice
radios should provide a low cost relative navigation capability to military and commercial
users.



TABLE 4.  APOLLO VHF RANGING SYSTEM CHARACTERISTICS

Digital Ranging Generator
(DRG)

Ranging Tone Transfer Assembly
(RTTA)

• Weight
• Size
• Power

6.2 lbs
8-1/2 X 4 X 6 inches

19.7 watts

2.9 lbs
8 X 4 X 3-3/4 inches

4.3 watts

• Use of existing VHF equipments (259.7 MHz and 296.8 MHz) with applique boxes
(DEG & RTTA)

• Three fall duplex system operating modes
a)  Ranging or
b)  Voice or
c)  Voice/Ranging combined

• Three tone system for accuracy and unambiguous range (247 Hz, 3.95 kHz and 31.6
kHz)

• Square wave tones - compatible with Apollo transmitter modulation
• Fully qualified for spacecraft environment
• Unambiguous range readout to 327.68 nm
• Range accuracy (3) ±350 feet to 200 nm
• Display readout resolution - 0.01 nm
• Computer data resolution - 0.01 nm
• Acquisition time 12 - 14 seconds (Three Tones)
• Minor changes in spacecraft wiring
• Flight hardware delivered in 14 months

Figure 1.  VHF ranging system Figure 2.  VHF transmitter



Figure 3.  VHF receiver

Figure 4.  VHF receiver crystal
filter characteristics

Figure 5.  Ranging tones generated

Figure 6.  LM transponder
(ranging function)

Figure 8.  Ranging and Figure 7. CM VHF radio
(ranging function) audio waveforms



Figure 9.  Command module VHF transceiver

Figure 11.  Digital ranging generator



Figure 12.  Ranging tone transfer assembly

APPENDIX A

Range Tracking Through Receiver Gating. - In the Apollo VHF Ranging System, the
range measurement is accomplished by accurately tracking a 31.6 kHz square wave.
Because this square wave is not passed by the receiver IF filter and because of the large
delay variation in the IF filter-amplifter, a scheme of receiver gating is used. Since this
gating or correlation takes place before the bandwidth limiting components, the system
measurement accuracy is greatly enhanced. The principle of the gating operation is
explained below.

Consider a dual IF tracking receiver as shown in Figure A-1. It has a broadband RF
section and mixer which do not impair the high-frequency components of the ranging
signal. After the mixer, the receiver is split into an “early” channel and a “late” channel,
where each consists of an RF gate, an IF filter-amplifier, and a detector. The gate allows
the incoming signal to pass only for half the time under control of a reference square wave.
The exact time interval is a function of the “early” and “late” reference signal phasing,
which for illustration purposes will be taken as 1/8 cycle advanced for the “early” signal
and 1/8 cycle retarded for the “late” signal. These reference square waves are derived by
digital countdown logic which is driven by a voltage-controlled oscillator (VCO).

Figure A-2 shows the input signal which will be assumed to agree in phase with the local
reference in the tracking system. The relative time positions of the “early” and the “late”
reference signals into the respective RF gates are also shown. The gate outputs shown at
the bottom indicate that equal amounts of signal energy will reach the IF filter-amplifiers
and detectors. Subtraction of the late output signal from the early output signal and filtering
therefore produces no error signal to drive the VCO from its current phase position.
In figure A-3, the input RF signal is assumed to be delayed by 1/8 cycle with respect to the
tracking system. The “early” gate disagrees in time position by a 1/4 cycle so that the



gated output signal is only half the width of the incoming signal. However, the “late” gate
agrees in time position so that the entire RF signal is passed by the gate. There is now an
obvious difference between the detector outputs of the early and late channels, which will
cause the VCO to change phase in an effort to minimize the error signal.

The error discriminator curve can be derived simply as shown in Figure A-4. The baseband
waveform is the square wave shown at the top. When it is multiplied by a replica of itself
at all phase delays, the triangular autocorrelation function results. It reaches a maximum
when the square wave and the reference are aligned; it is zero when they are out of phase.
Autocorrelation functions for an “early” and “late” signal can also be drawn. They are also
triangular but displaced in phase. A point on these correlation functions will exist for the
“early” and “late” receiver channels for a particular phase of the incoming square-wave-
envelope RF signal. The subtraction of receiver outputs may be represented by subtraction
of the respective autocorrelation functions. This produces the time discriminator curve
shown at the bottom of Figure A-4 One of the zero crossings is the null around which the
VCO tracks the signal phase.

The use of a dual IF channel receiver has several disadvantages. First, it requires a certain
amount of equipment duplication which is seldom available in existing voice or data radio
transceivers. Second, it is difficult and expensive to build two channels of identical
bandwidth and gain. For these practical reasons, it is therefore advisable to time share a
single IF filter-amplifier channel as shown in Figure A-5. The identical reference signals
are produced, but they are applied to the gate in sequence. The input to the differential
amplifiers, which performs the “early/late” subtraction, is switched in synchronism. After
filtering, the appropriate time error signal is obtained to drive the VCO and synchronize it
with the incoming waveform. The VCO output and its subharmonic frequencies may then
be used for retransmission or for comparison with a transmitted signal to extract range
measurements.

In the Apollo VHF Ranging System the “early/late” switching rate is 5.27 kHz so that
three “early” gating pulses are followed by three “late” gating pulses. This frequency
passes through the IF filter-amplifier without difficulty. The actual early and late
displacements are 1/16 cycle to maximize the voice signal which is also obtained at the
output of the envelope detector. The actual waveforms are illustrated in Figure A-6.



Figure A1.  Dual IF tracking receiver

Figure A2.  Tracking waveforms, Figure A3.  Tracking waveforms,
input signal locked input signal delayed 1/8 cycle

Figure A4.  Early/late error detection diagram



Figure A5.  Single i.f. tracking receiver

Figure A6.  Early/late gating diagram
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Summary. - A modem technique for simultaneous transmission of voice and digital data is
presented. The salient feature of this technique is the use of quadrature carrier multiplexing
of a suppressed clock pulse duration modulation (SCPDM) signal with a biphase NRZ
data stream. A novel method for separating the voice and data components at the receiver
is described.

Data bit error rate and voice intelligibility test results are presented and discussed.

Introduction. - The most efficient operation of a satellite repeater is obtained with
constant envelope signals.

Hard limiting or equivalent techniques are, therefore, commonly used to provide a constant
envelope output signal of a satellite repeater. The modulation format to be used with these
repeaters must then be such that the hard limiting does not affect the signal structure.
Furthermore, when more than one channel of information is used with a single carrier, the
multiplexing of the signals must be such that the crosstalk between the channels is not
generated by passage through a hard limiting repeater. Quadriphase signals are thus widely
used for multiplexing two simultaneous baseband signals.

The demodulation of the quadriphase signals, however, is a rather difficult task,
particularly if the two signal components carry equal amount of carrier power. However, if
at least one of the signals has a unique spectral characteristic reliable channel separation
can be obtained. The modem implementation described in this paper illustrates how
quadriphase multiplexing of voice and digital data can be implemented and the separation
of the two signals can be realized by using a unique spectral characteristic of one of the
signals.



Specifically, to provide for multiplexing and separation of the voice channels two proven
techniques, namely, suppressed clock pulse duration modulation (SCPDM) for voice
transmission[1] and differentially encoded phase shift keying (DPSK) for data transmission
are used. Both of these modulation techniques result in constant envelope outputs and
therefore, either singly or in combination, can be handled by an amplitude limiting satellite
repeater. Furthermore, utilization of SCPDM provides a voice communication link with a
feature of graceful degradation at low C/No thus eliminating the precipitous loss in output
signal quality which is typical of even narrowband FM systems operating below their
specified threshold.

This paper describes a modem equipment built to provide simultaneous transmission of
voice and digital data. The modem can also be operated in either data only or voice only
modes. The data rate is selectable and is either 1200 bps or 2400 bps. The voice channel
bandwidth is from 300 Hz to 3500 Hz and the SCPDM is used for this channel.

Overall Description of the Modem. - For transmission of voice only, the SCPDM
processor’s output signal, which consists of a constant amplitude square wave with the
transitions carrying the voice information, is applied to a balanced modulator, thus
resulting in a biphase modulated suppressed carrier output signal. Similarly, when data
only is transmitted, the resulting output is also a biphase modulated suppressed carrier.
However, when voice and data are transmitted simultaneously, the two biphase modulated
carriers are combined in quadrature thus resulting in a suppressed carrier, quadriphase
modulated output. Because the two biphase modulated signals are derived from the same
carrier source and are combined with equal weighing of each component, the resulting
quadriphase modulated carrier provides for an even power division between voice and data
channels and it also meets the requirement of a single carrier transmission.

At the demodulator end the rather tricky task of separating the voice and data carrying
components of the composite quadriphase modulated carrier is performed by a special
sideband-lock demodulator which seeks out and locks onto the predominant half-clock
spectral line of the SCPDM signal. Once such lock is established, the demodulator tracks
the phase of the voice-carrying component of the composite carrier and its output consists
of raw SCPDM data which subsequently is processed to recover the voice information.
The data stream is recovered by an auxiliary demodulator which is supplied by a carrier
whose phase is in quadrature with the phase of the tracked voice-modulated carrier. In this
manner the desired orthogonal demodulation and separation of the SCPDM voice and data
streams is accomplished.

When voice only is being transmitted, the sideband-lock demodulator is still used, except
that there is only one carrier at the demodulator input. However, since the demodulator
tracks the half-clock SCPDM line, the recovery of this clock is automatically provided by



the demodulator. For recovery of data only, the demodulator configuration is changed to
the conventional Costas loop, a single carrier is tracked and the data, as well as the data
clock, are recovered in a conventional manner.

Modulator Unit. - The modulator unit accepts the incoming baseband voice and/or data
signals and after appropriate processing superimposes these signals on a 70 MHz modem
output carrier. Figure 1 shows the functional block diagram of the modulator unit.

The Audio Processor accepts either a low level, low impedance microphone input (M) or a
high level, high impedance recorder input (R) and provides the pre-emphasis and
compression of the input audio signals. Subsequently, the compressed and pre-emphasized
audio signal is applied to the SCPDM modulator where the analog audio signal is
converted into a SCPDM signal. The clock frequency for SCPDM encoding is 9.6 KHz. It
is derived by counting down the 38.4 KHz clock oscillator signal.

The Baseband Data Processor accepts either external data signals at 1200 or 2400 bps or it
generates its own test data pattern sequence at either one of these two clock rates. Either
the external data or the internally generated test data is then differentially encoded and
supplied to the RF modulator unit. The clocks for the 1200 and 2400 bps operation are
derived by counting down from a 38.4 KHz signal supplied by the clock oscillator. These
stable clock signals are available at the modulator output for use with external data
sources.

The RF Modulator accepts a 70 MHz carrier signal developed by a temperature
compensated Oscillator unit. As shown in Figure 2, the 70 MHz signal is split into two
equal power components 90E out of phase with each other. During simultaneous
transmission of voice and data each of the components is biphase modulated by its
respective baseband signal. Balanced modulator BM1 handles the SCPDM voice signal
and balanced modulator BM2 handles the data. The two components are then recombined
to form a single 70 MHz carrier quadriphase modulated signal. When only data or voice is
transmitted the RF Modulator Board provides only a biphase modulated 70 MHz carrier.

For all modes the 70 MHz output of the modulator is a nominal 0 dBm into a 50 ohm load.
The constant total output power level is achieved by supplying identical baseband signals,
i.e., SCPDM or data, to both BM1 and BM2, thus forming a biphase signal out of two
quadriphase components when voice only or data only mode operation is selected.

Demodulator Unit. - The functional block diagram of the Demodulator unit is shown in
Figure 3.



The input to the demodulator is the 70 MHz signal whose nominal level is 0 dBm, varying
from +10 dBm to -20 dBm. This signal is applied to the receiver front end where it is
filtered, gain controlled, amplified and translated to a 2 MHz IF frequency. Noncoherent
AGC is used in this unit. The local oscillator frequency is 72 MHz which is derived in the
X9 multiplier from the 8 MHz VCO frequency. The 2 MHz IF signal is supplied to the
synchronous demodulator.

Frequency search of the local 72 MHz signal is derived by multiplying the 8 MHz VCO by
a factor of nine while the fundamental, 8 MHz VCO signal is swept around its center
value. When the receiver is within the capture range of the synchronous demodulator the
carrier lock detector supplies the necessary signals for stopping the search to the frequency
search and carrier track unit. Coherent carrier tracking of the incoming signal commences
upon the termination of the frequency search.

The synchronous demodulator performs the important function of coherent tracking of
either the biphase (voice only or data only case) or the quadriphase (voice plus data case)
modulated carrier as well as the function of recovering and separating (in case of voice
plus data) the SCPDM and the differentially encoded data streams. The carrier tracking
error is derived in this unit and is supplied to the temperature compensated voltage
controlled oscillator from which all the local oscillator and demodulation CW signals are
derived.

In the data only mode the demodulator is configured as a conventional Costas loop. In the
voice and voice plus data modes the demodulator is configured as a sideband-lock
demodulator which tracks the suppressed carrier by locking onto the 4.8 KHz SCPDM
sidebands which are always present at sufficient level to provide the reliable acquisition.
The sideband-lock mode is particularly suited to the simultaneous reception of voice plus
data because it provides for unique identification of the data and voice quadrature
components. The recovered voice and data baseband signals are applied to their respective
demodulators.

The raw SCPDM signal developed by the synchronous demodulator is supplied to the
SCPDM voice demodulator. Here the digital SCPDM modulation is converted to an
analog voice signal which is then made available to a high impedance tape recorder (R)
and also to a balanced 600 ohm jack for headset (H) monitoring.

The raw baseband data signal developed by the synchronous demodulator is applied to the
data demodulator where the data clock is recovered and the data is optimally processed by
an integrate and dump circuit. Differential decoding is also performed by this unit. Thus
the outputs of this unit are the processed data and the recovered 1200 or 2400 bps clock.
For instrumentation purposes the errors in the data received are identified by the data error



detector unit. The error detection is accomplished by comparing the incoming data with a
replica of the data developed by the data test sequence generator which is a part of this
unit. Located within the data error detector unit is also the circuitry for buffering and
linearizing the signal supplied to a C/No meter which can be located on the front panel of
the C/No Test Set.

Demodulator Analysis. - In the voice plus data mode the separation of the SCPDM
carrier component from the composite quadriphase modulated carrier is performed by the
sideband-lock demodulator which extracts the voice-carrying component of the composite
signal by locking onto the predominant sideband lines characteristic of the SCPDM signal.
This section presents a simplified analysis of such demodulator.

To simplify the analysis let us assume that the 4.8 KHz half-clock SCPDM line is a
sinewave which balance-modulates the voice carrying component of the composite carrier.
Thus, the spectrum at the input to the demodulator will be, in the absence of voice
modulation, similar to one shown in Figure 4.

The equation describing this waveform in time domain is then:

Ein = cosTCLt cosTIFt (1)

where TCL = half-clock frequency

TIF = IF frequency

Consider now the simplified block diagram of the sideband-lock demodulator shown in
Figure 5. Also let us assume that frequency lock has occurred in both loops and only small
phase tracking errors exist in each loop. These are:

" = sideband phase tracking error

and
$ = carrier phase tracking error.

The output of balanced modulator BM, is then:

(2)

The second term in this equation is the result of multiplication in BM3. Let us rearrange (2).
Thus,



(3)

Using known trigonometric identities let us examine Term 1 and Term 2 separately before
forming their product.

(4)

after we filter out the term which is close to twice the TCLt frequency.

Consider now Term 2:

(5)

after we filter out the term which is close to twice the IF frequency.

Finally, we obtain for the output of BM1:

BM1 Output – 1/4 cos $ sin " (6)

Note that when the tracking errors are small in both loops we obtain:

BM1 Output . 1/4 ", since cos $ . 1 and sin " . " for " << 1 radian (7)

Thus, we have shown that the control input to the sideband-tracking VCO is proportional
to phase error of the sideband-tracking loop and is virtually independent of the phase error
in the carrier tracking loop.

Using similar approach we can write the expression for the output of BM2 as:
BM2 Output . 1/4 $ (8)

Here again we have shown that the carrier-tracking loop is virtually independent from the
sideband-tracking loop for small values of tracking errors in the latter loop. It is this virtual
orthogonality of the two loops which is the key feature of the sideband-lock demodulator.
For our particular application the sideband-lock demodulator will utilize the 4.8 KHz 



sideband lines predominant in the SCPDM modulated carrier. Such lock-up will uniquely
identify the voice-carrying component of the quadriphase modulated composite carrier.

Carrier Search, Lock and Track Functions. - Figure 6 shows the block diagram
interconnection of the demodulator subunits required for performing the carrier search,
lock and track functions in either one of the three operating modes of the equipment. These
three modes are: 1) voice-plus-data; 2) voice only and; 3) data only operation. For all of
the modes, the demodulators local oscillator must search out the ±4 KHz frequency
uncertainty of the incoming signal before the baseband data streams can be recovered by
their respective demodulators. The nominal interval assigned for this search is one second.

The frequency search is performed by applying a sawtooth voltage to the input of the
8 MHz master VCO from which all the coherent LO and the demodulator references are
derived. When the carrier lock is detected by the appropriate circuitry, the frequency
search is terminated and tracking is initiated.

Consider first the operation in the voice-plus-data mode. As shown in Figure 6 in this
mode the carrier quadrature, IFQ and in-phase, IFI, components of the 2 MHz LO are
applied to coherent demodulators M1 and M4, respectively. Note that in the voice-plus-data
mode, the in-phase carrier component is the one which carries the SCPDM voice
information. The output of demodulators M1 and M4 are applied to bandpass filters BPF 1
and BPF 2. The bandpass of these filters is set at the 4.8 KHz suppressed clock PDM
frequency and the 3 dB bandwidth of the filters is 50 Hz. Thus, as the swept LO is within
50 Hz of the true carrier frequency, the 4.8 KHz signal appears in both of these filters. The
envelope-detected outputs *I*V and *Q*V of these filters are then added to form the *I*V +
*Q*V and the *I*V - *Q*V terms. The former term, which is an envelope detected 4.8 KHz
PDM half -clock is then applied to a threshold detector T1.

When T1 is exceeded, the frequency search is temporarily terminated. If crossing of T1 is
due to a true signal, the term *I*V - *Q*V also goes high and one second after termination of
search threshold T2 is exceeded. Crossing of T2 thus serves as an indication of lock. On the
other hand, if crossing of T1 is due to a false alarm, the frequency search remains after a 20
msec pause.

When both the carrier and the subcarrier locks are established, the carrier tracking error,
CTE, is developed in the coherent demodulator M3. In this case M3 serves the same
function as BM2 of Figure 5 and the modulo-2 adder B acts as BM4. Similarly, M2 and
modulo-2 adder A perform, respectively, the functions of BM1 and BM3 of Figure 5, thus
providing a subcarrier tracking loop.



The baseband SCPDM information and the data streams are recovered by demodulators
M4 and M1 respectively.

When in voice only mode, the search and track is performed in the same manner as in the
voice-plus-data mode with the exception that no data appears at the output of M1.

The data only mode the demodulators M1 and M4 perform the function of the in-phase and
the quadrature phase detectors of the Costas loop respectively. The carrier lock test is
performed by sensing the magnitude of the *I*D - *Q*D signal and by stopping the
frequency search when this signal exceeds threshold T1. If true lock occurs, the threshold
T2 is then exceeded and one second later the carrier sync is declared. For a false lock case
the search is resumed after a 10 msec search interrupt period. When the Costas loop is
tracking the carrier, the tracking error is generated by the balanced modulator M4 and the
data component is removed from this error by the analog multiplier. The baseband 1200
bps or 2400 bps data is demodulated by M1 in the data only mode.

In all modes the one-sided noise bandwidth BL of the carrier tracking loop is about 100 Hz.

Audio Processing. - The overall 3 dB bandwidth of the modem audio channel extends
from 300 Hz to 3,500 Hz. The pre-emphasis network consisting of a two-pole 900 Hz
carrier frequency roll-off is used at the modulator prior to voice compression. A matching
de-emphasis network is used at the demodulator. The frequency characteristics of this
network were chosen to approximate the roll-off characteristics of the human voice.
However, it was determined experimentally on this modem development program, as well
as on related SCPDM programs, that if at least one roll-off network is used in 500 Hz to
900 Hz region the addition of other networks has very little noticeable effect on the
intelligibility. It was also determined that degree of voice clipping has little noticeable
effect on speech intelligibility. The main purpose of clipping is thus to reduce the dynamic
range of the signal applied to the SCPDM modulator.

Auxiliary Circuits. - For the data performance testing a built-in test pattern generator was
used. This generator, is located within the modulator unit. The test sequence polynomial
used is X11 + X2 + 1 and test data can be generated at either the 1200 bps or 2400 bps rate.
A corresponding test pattern detector is used at the demodulator unit. This test pattern
detector generates a standard format pulse when a bit error is detected.

The demodulator also generates, in all modes, a signal which can be used to display a C/No

reading on an external test set. The C/No display signal is linear within ±1 dB over the 50
to 37 dB-Hz range. The modulator/demodulator units and the C/No test set are shown in
Figure 10.



Performance. - The bit error rate (BER) performance test results for the 1200 bps and the
2400 bps operation are shown in Figures 7 and 8, respectively. From this test data it can be
seen that the BER performance of the modem is within one dB of the theoretical
performance from the differentially encoded phase-shift keyed signal. These carriers also
show the effect of the 3 dB power division between the data only and the voice-plus-data
modes.

The voice intelligibility testing of the sideband-lock modem was done using Harvards
phonetically-balanced (PB) 50-word lists[2]. The test tapes were made at various values of
C/No and the intelligibility of the tape material was evaluated by the CBS Laboratories
using a panel of trained listeners[3].

Figure 9 shows the results of this testing for both the voice only and the voice-plus-data
modes. The curves show the effect of the 3 dB power division between the two modes. No
significant degradation beyond the expected 3 dB due to power division is shown by the
data. It must be also pointed out that because the lowest C/No test points were taken with
female speakers the curves exhibit an apparent knee at lower C/No. This knee would, most
likely, be less pronounced if the male speakers were used for all test points.

In all, however, the intelligibility results are consistent with test results obtained for similar
modems operating in the SCPDM voice only mode.

Conclusion. - A modulation/demodulation equipment capable of simultaneous
transmission of voice and data information was developed and tested. The salient feature
of this equipment is the voice channel separation by means of sideband locking of the
SCPDM half-clock line. Test results for data and voice intelligibility are within one dB of
theoretically expected performance.
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contributions during the modem development program.
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Fig. 1 - Modulator Unit Functional Block Diagram

Fig. 2 - RF Modulator Block Diagram



Fig. 3 - Demodulator Unit Functional Block Diagram

Fig. 4 - Simplified Spectrum and Assumed Input Signal



Fig. 5 - Sideband-Lock Demodulator Simplified Block Diagram



Fig. 6 - Carrier Search, Lock and Track Functions



Fig 7 - Theoretical and Measured BER Performance or 1200 bps Data



Fig 8 - Theoretical and Measured BER Performance for 2400 bps Data



Fig. 9 - 50-Word PB Lists Voice Intelligibility Test Data

Fig. 10 - Sideband-Lock Modulator/Demodulator Units and C/No Test Set
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Quadrature Modulation Hybrid Voice and Data Modem
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Summary.- The Quadrature Modulation Hybrid Modem is a new system designed to
provide voice only, data only, or combined voice and data communication. It provides
good voice intelligibility at low values of C/N0 by making use of a quadrature modulation
technique which permits essentially nonthresholding demodulation of the voice signal.
Power sharing between voice and data signals can be easily changed to accommodate
different requirements. Intelligibility tests have been performed and indicate an
intelligibility of 90% in the voice-only modem at a value of C/N0 of 43 dB-Hz, and an
intelligibility of 80% in the combined voice and data mode at a value of C/N0 of 43 dB-Hz
with an error rate for data of 10-5.

Introduction.- The Quadrature Modulation Hybrid Modem is a new system which
provides voice, data, or combined voice and data communications. It is designed to
provide good voice intelligibility at low values of C/N0 (carrier power/noise spectral
density). The system makes use of a quadrature modulation technique for the transmission
of voice signals or, in combination with DPSK modulation, for the transmission of voice
and data signals on a common carrier. The modulation is such that a narrowband phase
lock loop can be used at the demodulator to provide a coherent reference for demodulation
of the voice or voice-plus-data signal. Because the loop is narrowband, loop thresholding
does not occur until the value of C/N0 is well below that at which voice intelligibility is
lost. This is in contrast to FM demodulators where thresholding occurs at values of C/N0

where the voice signal is still intelligible.

The modulation technique permits power sharing between voice and data to be easily
changed so as to accommodate various requirements for voice performance or data rates.
Further, in the voice and data mode, when the voice signal is low or absent, power not
actually used for the voice signal is used for data. Thus, the error rate performance is
superior to that theoretically attainable in a system in which power is continuously shared
between voice and data.



Laboratory tests conducted with the cooperation of the Transportation Systems Center of
the U.S. Department of Transportation and CBS Laboratories Intelligibility Testing
Services indicate that, in the voice-only mode, an intelligibility of 90% is provided at a
value of C/N0 of 43 dB-Hz, and an intelligibility of 80% is provided at a value of C/N0 of
40 dB-Hz.

In the voice and data mode, 1200 bits per second data is provided at an error rate of 10-5,
and intelligibility of 90% is achieved at a value of C/N0 of 46 dB-Hz. Eighty percent
intelligibility is achieved at a value of C/No of 43 dB-Hz. These results have also been
verified in tests conducted over a link from the ATS-6 satellite to an aircraft.

Quadrature Voice Modulation Without Data.- The block diagram in Figure 1 illustrates
the operation of the quadrature voice modulator. The preprocessed voice signal, V(t), is
fed to a balanced modulator together with a carrier signal, sin T0t. The preprocessing
consists of high frequency pre-emphasis, amplitude compression and filtering. The output
of the modulator is the product of V(t) and sin T0t, which is a suppressed carrier amplitude
modulated signal. The signal sin T0t is also phase shifted by 90E to yield cos T0t, which is
added to V(t) sin T0t. The output of the adder is V(t) sin T0t+cos T0t. The vector diagram
in Figure 2 shows the various signals which occur in the modulator. Up to this point, the
circuitry is similar to an Armstrong FM modulator, except the preprocessing is different
and the amplitude ratio of V(t) sin T0t to cos T0t is large compared with an Armstrong FM
modulator. In an Armstrong modulator, the amplitude ratio of V(t) sin T0t to cos T0t is
kept small so that the sum signal V(t) sin T0t + cos T0t is essentially a constant envelope
signal; the sum signal is fed to a high ratio frequency multiplier to yield a high deviation
FM or PM signal. In the quadrature modulator, the sum signal V(t) sin T0t + cos T0t is not
a constant envelope signal because V(t) sin T0t can be larger than cos T0t. To yield a
constant amplitude signal, the sum signal is passed through a hard limiter as shown in
Figure 1. The quadrature modulator generates a constant envelope carrier of frequency
T0/2B and phase angle D(t), where D(t)= tan-1 V(t). This constant envelope carrier can now
be readily transmitted using efficient Class-C amplifiers.

The angle of voice modulation, D(t), determines the ratio of power in the carrier, cos T0t,
to the power in the voice component, V(t) sin T0t. If the maximum angle of modulation is
held to Dmax(t)= 72E, then at peak voice modulation, one-tenth of the total transmitter
power is in the carrier and nine-tenths of the power is in the voice signal. At the
demodulator, for a total received signal-to-noise spectral density (C/N0) of 46 dB-Hz, for
example, the minimum carrier C/N0 would be 36 dB-Hz ana the voice C/N0 would be
45.6 dB-Hz at periods of peak modulation.



A phase-locked loop is used for demodulation of the quadrature modulated voice signal.
The phase-locked loop is a narrowband carrier tracking loop and is used to provide
coherent frequency reference for demodulation of the received signal. Basically, the
demodulator tracks the carrier and demodulates the signal component which is in
quadrature with the carrier. Referring to Figure 2, this is the signal V'(t). As is evident from
the figure, V'(t)= sin D(t) or, in terms of V(t), V'(t) is given by

V'(t) = sin tan-1 V(t).

The inverse trigonometric operation tan sin-1 V'(t) can be performed to recover the voice
signal, V(t), in its orginal form. Tests have been performed in the laboratory to determine
the effect of this nonlinearity on voice intelligibility. There was found to be no difference
in voice quality of intelligibility between compensation and noncompensation for
nonlinearity.

The quadrature modulation technique provides for nonthresholding of the voice signal. The
carrier tracking loop is narrowband (noise bandwidth = 100 Hz) and provides a coherent
frequency reference at low received carrier-to-noise spectral densities (C/N0) that are well
below the point where the voice signal is no longer intelligible. This type of demodulator
does not experience the breakup in voice signal common to all FM systems at low C/N0

ratios.

Quadrature Voice Modulation With Data. - The block diagram in Figure 3 illustrates
the operation of the quadrature voice modulator in combination with the transmission of
differentially coherent phase-shift-keyed (DCPSK) data. The preprocessed voice signal is
balanced modulated onto the sin T0t in-phase carrier component. The cos T0t quadrature
component is now fed to a phase-shift-key (PSK) modulator where the cos T0t carrier is
modulated with differentially encoded data. The voice and data signals are added together
and then passed through a hard limiter. The vector diagram in Figure 4 shows the various
signals as they appear in the modulator. Referring to Figure 4, the voice signal maintains
the correct polarity, as either a binary “0” (cos T0t) or a binary “1” (cos (T0t + 180E)) is
transmitted. The amplitude of the voice vector V'(t) sin T0t is dependent only on the angle
of modulation, D(t). The data carrier, cos (T0t + 2(nT)) maintains the correct phase of 0E
or 180E regardless of the voice signal level. The amplitude of the data vector is amplitude
modulated by the voice signal. During periods of voice transmission, power is diverted
from the data carrier and placed in the voice carrier. The angle of modulation, D(t),
determines the ratio of data power to voice power. Selection of Dmax(t) will depend on
system requirements, such as required voice intelligibility, data bit rate and received data
bit error rate.



A Costas loop is used for demodulation of the quadrature modulated voice and data signal.
A Costas loop is implemented because a no-carrier tracking loop must be used to generate
a coherent reference frequency for demodulation of the data and voice signals.

The Costas loop is designed to demodulate the simultaneous transmission of voice and
data or to demodulate data only. During the simultaneous transmission of voice and data,
the Costas loop tracks the data signal and generates a coherent reference frequency for
phase demodulation of voice and data signals. The Costas loop is designed as a
narrowband tracking loop (noise bandwidth = 100 Hz) to provide a coherent frequency
reference at low received carrier-to-noise spectral densities that are well below the point
where the voice signal is no longer intelligible.

The quadrature modulator technique not only offers an improved method of narrowband
voice transmission, but provides for the simultaneous transmission of data and voice
signals at little increase in total power transmitted. In the test results that follow, it is
shown that it costs only 1.5 dB increase in total power to send voice in addition to 1200
bps data. Not only is there a savings in transmitted power, but there is a reduction in
bandwidth from two individual subcarriers to a common carrier.

Quadrature Voice Modem Performance Test Results. - Two quadrature voice modems
were delivered to the Department of Transportation under Contract DOT-TSC-631. The
quadrature voice modems were designed for operation with the ATS-6 satellite during
aeronautical communication tests. The performance of the quadrature voice modulation
technique is illustrated in Figure 5, where the voice intelligibility of Hybrid Modem S/N 2
is shown in the voice-only and voice-plus-data mode. The hybrid modem intelligibility
scores are based on the test tapes recorded during acceptance testing of the DOT-TSC
Hybrid Modem S/N 2. These test tapes were evaluated by CBS Laboratories for the
Department of Transportation. Each data point in Figure 5 is based on scoring 500
monosyllabic words generated from the Harvard PB-50 word lists.

The data bit error rate (BER) test results for Hybrid Modem S/N 2 is shown in Figure 6 for
the data-only and voice-plus-data mode. From Figures 5 and 6, it is seen that a single
quadrature voice modem operating at 43 dB-Hz in the voice-plus-data mode provides 80%
voice intelligibility and better than 10-5 BER performance. By conventional communication
methods, two modems are required to offer the same performance. These two modems
require twice the bandwidth and twice the power of the hybrid modem.

The superior error rate performance of the quadrature voice modem in the voice-plus-data
mode is due to the fact that the carrier power is split between the voice and data signal
only during periods of conversation. When no one is talking, all signal power is devoted to
the data signal. If the signal power was continuously split between the voice and data



signals, as is done in a conventional voice/digital data system, then the theoretical curve
for data error rate would move over 3 dB as shown in Figure 6. Since in the hybrid
modem, the power not actually used for voice transmission is available for data, and since
even in continuous conversation, the voice signal is low level or absent, the error rate
performance in the voice and data mode is only 1.5 dB poorer than the theoretical error
rate performance for data alone. This performance is 1.5 dB better than the theoretical
error rate performance of a system which continually splits carrier power between voice
and data signals.

A detailed analysis of error rate performance in the combined voice and data mode is given
in the following section.

Analysis of Error Rate Performance in Voice and Data Mode. - In this section, a
detailed analysis is presented of the error rate performance in the combined voice and data
mode. Measured speech statistics are presented and are used to predict error rate as a
function of C/N0.

In the combined speech and data mode of operation, the instantaneous probability of error
for the data channel is related to the instantaneous power in the data channel. From Figure
7, it can be seen by simple geometric analysis that the probability of error conditioned on a
particular value of the speech signal is given by

where Eb/N0 is the energy per bit divided by the noise spectral density
v is the ratio of the applied instantaneous speech voltage to the signal

voltage (equivalently, the ratio of applied instantaneous speech voltage to
data voltage before clipping)

Q is defined as

In the absence of a speech signal, the probability of error is

(no speech signal).



In the combined speech and data mode, the probability of error is given by averaging
Pr[,*v] over all values of v, that is,

where p(v) is the probability density for the ratio of the speech signal to the data signal.

The function D(v) is a function of the relative magnitude of the speech signal to the data
signal, the particular speech pattern (for example, whether the speech is intermittent or
continuous), and the processing that has been performed on the speech prior to modulation
(for example, the speech compression used to enhance intelligibility increases the
probability of large values of v). Measurements have been made of the probability density
of the speech signal as processed in the hybrid modem for two different speech patterns.
One of these is shown in Table 1 and is for a PB-50 word list. A second set of data was
taken for a continuous ATC message.

Using these probability densities, the probability of error has been computed for a
maximum modulation angle, D, of 58E (the design value for Hybrid Modem #1). The
results for the PB-50 word list are given in Table 2. Figure 8 shows plots of the the
probability of error for the two speech patterns as a function of C/N0 for a 1200 bps data
rate. For comparison, the measured values taken during acceptance testing for the Hybrid
Modem S/N 1 are also shown. As can be seen, the agreement between measured and
predicted results is very good.

Table 1.  Probability Density for Speech After Compression
in Hybrid Modem (PB-50 Word List)



Table 2.  Probability of Error in Voice and Data Mode
(PB-50 Word List)

Figure 1.  Quadrature Voice Modulator



Figure 2. Quadrature Modulator Vector Diagram

 Figure 3. Voice and Data Quadrature Modulator



Figure 4.  Voice and Data Quadrature Modulator Vector Diagram

Figure 5.  Hybrid Modem Voice Intelligibility Test Results

Figure 6.  Hybrid Modem 1200 bps Data Error Rate Performance



Figure 7.  Power Sharing Between Voice and Data

Figure 8.  Hybrid Modem 1200 bps Data Error Rate Performance



Results of a Q-M/PSK Data Modem Performing in a Hybrid, Voice and
Data Mode, Through the ATS-6 Satellite

JOSEPH GOLAB, CHRISTOPHER DUNCOMBE, and ROBERT G. BLAND
U.S. Department of Transportation

ABSTRACT

The Transportation Systems Center (TSC), under the sponsorship of the FAA, has been
involved in the development of advanced voice/data multiplexed modems applicable to
ground-aircraft communications via satellite in support of the AEROSAT program. TSC
was assisted by the Canadian Ministry of Transport (MOT), Communications Research
Center (CRC), in the planning and conducting of recent flight test experiments using the
NASA ATS-6 satellite.

The purpose of these experiments was to gather additional performance data on the error
statistics of the digital data channel in the Q-M/PSK Voice and Data Modem, while
operating in the hybrid (simultaneous) voice and data mode. This data is to supplement the
data collected in the 1974-75 ATS-6 satellite tests and hopefully provide some answeres to
questions about the performance of the data portion of the modem when operating in a
Gaussian noise (no multipath) environment.

Flight tests were conducted from March 14 to March 24, 1977, in three locations: two in
Canada at a 9E elevation angle to the satellite and one near Bermuda at a 5E elevation
angle. Signals were transmitted from the CRC ground station at L-band (1650 MHz) to the
ATS-6, where they were relayed to the aircraft at 1550 MHz and received and recorded
for post-flight tests.

All flight tests were successfully completed and a large amount of data was collected. This
data is presently being reduced and analyzed. Preliminary results indicate a bit error rate
on the order of 2 dB closer to the theoretical for DECPSK than in the previous ATS-6
tests. The complete test results and conclusions are presented in the paper.
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Double Quadriphase Modulation/Demodulation Technique for Three-
Channel Communication Link
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Summary. - A modulation technique for a three-channel communication link is
introduced. The structure of the modulator is such as to form an unbalanced quadriphase
signal wherein the high rate data stream is bi-phase modulated on the in-phase carrier
component, while the sum of the two lower rate signals is bi-phase modulated on the
quadrature component of the same carrier. The sum of the two lower signals is, in turn,
formed by modulating with the respective data streams the in-phase and the quadrature
components of a square wave subcarrier. At the demodulator, the tracking of the carrier
and the subcarrier is performed by two independent Costas loops. The demodulation of the
high data rate signal is carried out after establishing the carrier reference signal, while the
lower rate signals are demodulated after the subcarrier loop recovers the subcarrier. In this
paper, the performance of the two loops is analyzed and the expressions for the tracking
errors are derived. Finally, a numerical example pertaining to the Space Shuttle-to-TDRS
Ku-band link is presented for illustration.

Introduction. - The three-channel modulator forms an unbalanced quadriphase signal
wherein the high rate signal m1(t) is bi-phase modulated on an in-phase carrier. The other
two signals, m2(t) and m3(t), are quadriphase modulated on a separate subcarrier which is
then bi-phase modulated on the quadrature carrier. The two carrier components are then
linearly summed, thus forming a composite quadriphase signal. Since the subcarrier
modulator output S(t) is a multi-level signal, the composite quadriphase carrier does not
have a constant envelope. To provide a constant envelope, the carrier is hard-limited and
then power amplified. The ratio of the powers of the various signals can assume any
desired value. At the receiver, a Costas loop is used to recover the carrier and a separate
Costas loop is then implemented to recover the subcarrier before all three signals can be
demodulated.

In this paper, the transmitted signal is defined first and then the tracking performance of
both loops is derived. Specifically, expressions for the phase jitter in both loops is found
and the effect of cross-talk is considered. A specific numerical example for the case when



the two higher rate signals are NRZ and the lowest rate signal is a Manchester code is
carried out for illustration purposes.

Three-Channel Modulator. - The three-channel modulator is shown in Figure 1. The
generated signal by the modulator is

(1)

where

The sq2(t) and sq3(t) are the two orthogonal subcarrier square waves. Furthermore, it is
assumed that all three signals, i.e., s1(t), s2(t) and s3(t) are ±1 binary waveforms. P1, P2 and
P3 are the respective powers of the three channels. After a bandpass hard-limiter, the signal
format could be

(3)

where

(4)

and PT is the sum of powers in the three channels, namely, PT = P1+ P2+ P3. It can be seen
that the signal powers due to hard-limiting are redistributed and a triple cross-product term



is generated. The physical significance of this term has been described in [2].

Carrier Tracking Loop. - At the receiver, the carrier is recovered via a Costas loop, as
shown in Figure 2. The received signal can be written as

(5)
where

(6)

In (6) Tc is the carrier frequency, 2(t) is a random phase to be estimated, and n(t) is a
narrowband additive white Gaussian noise-given by

(7)

where Nc(t) and Ns(t) are approximately statistically independent, stationary white
Gaussian noise processes with single-sided noise spectral density N0 (watts/Hz).

The Costas loop multiplies the in-phase and quadrature-phase signals by the reference
signals

(8)

respectively. In (8),            represents the estimate (N(t) = Tct + 2(t)).

Assuming that Si(f) is the power spectral density of si(t); i= 1,2,3, *G(j 2Bf)*2 is the square
magnitude of the arm filter transfer function, and Sd(f)= S1(f)*S2(f)*S3(f), where the
asterisk denotes convolution. Then after considerable manipulation [1], the equivalent loop
signal-to-noise ratio D'

(9)

where D = PT/N0BL is the loop signal-to-noise ratio of a phase-locked loop operating on
total power PT, BL is the single-sided loop noise bandwidth, Di and Dd are given by



(10)

and Neq is the equivalent noise power given by

(11)

              is given by

(12)

In (9), SL represents the loop squaring loss which, after much simplification, could be
expressed as

(13)

where



(14)

and Di = 2 PT/N0 Bi is the total power-to-noise ratio in the arm filter noise bandwidth Bi

which is defined as two-sided.

In the linear region of operation [3], the variance of the carrier loop phase error is given by

(15)

Subcarrier Tracking Loop. - The input to the subcarrier tracking loop is taken from the
output of the quadrature detector of the carrier tracking loop, as shown in Figure 2. The
subcarrier tracking loop is illustrated in Figure 3. Its input xsc(t) is given by

(16)

where nc(t) = carrier tracking loop phase error.

As is shown in Figure 3, the composite subcarrier signal is bandpass filtered by H(s). The
bandwidth of the filter is such that only the fundamental component of the subcarrier is
applied to the subcarrier Costas loop.

Letting HR(jT) be the lowpass equivalent of H(jT) and denoting the cascade filter by

(17)

the equivalent loop signal-to-noise ratio in the subcarrier Costas loop is found to be [4]



(18)

where Dsc = PT/N0BL is the loop signal-to-noise ratio with a total power PT and            is the
squaring loss given by

(19)

where

(20)

Bi, KL and 0i are obtained from (14) by substituting G0(s) for G(s), and Di is obtained from
(10) in a similar manner.

In the derivation of (19), it is arbitrarily assumed that R2 > R3. This, however, need not be
the case because there is no apparent restriction on the relation between R2 and R3.

The tracking phase jitter performance in the linear region can be represented as the
variance of the subcarrier loop phase error (2 nsc)

(21)

where           is given in (18). However, since the demodulation reference signals are at Tsc,
rather than 2Tsc, then the jitter on the output of the data streams is



(22)

Numerical Example. - The Ku-band return link of the Shuttle Orbiter to TDRS is taken as
an example. The typical data rates and the signal formats of this link are shown in Table 1.

Table 1.  Typical Shuttle-to-TDRS Ku-Band Link Signal Formats

Signal Rate Format

m1(t)
m2(t)
m3(t)

10- 100 Mbps
200 kbps- 2 Mbps

192 Mbps

NRZ
NRZ or Manchester

Manchester

The ratio of signal powers P1, P2 and P3 to the total power (PT) is taken in this example as
0.8, 0.16 and 0.04 , respectively. The restriction on the ratio of powers in each loop is
discussed in [5], where it is shown that the conventional Costas loop fails to track only
when the ratio of power between the two quadriphase components is unity. It is thus
believed that the ability of the three-channel receiver to function is not restricted by the
power division as long as the ratio of powers is sufficiently below unity.

The numerical evaluation of the subcarrier tracking jitter (22) is shown in Figures 4 and 5
for the case when m1(t) and m2(t) are NRZ while m3(t) is a Manchester code. The jitter
includes the effect of both thermal noise and channel interaction. Several assumptions are
made in performing the calculations:

(1) The carrier tracking loop is tracking perfectly; thus, cos nc = 1.
(2) The bandwidth, H(s), of the bandpass filter is much wider than that of the lowpass

arm filters, G(s), in the subcarrier loop.
(3) The arm filters in the subcarrier loop are assumed to be one-pole Butterworth (RC)

filters.

Figure 4 indicates that, for a given signal-to-noise ratio of PTT2/N0, the subcarrier error
decreases with Bi/R2 ratio. This information is useful for selecting the proper design values
for Bi given the value of R2 and PT/N0, which is generally recognized as the link C/N0.

Figure 5 shows that, for a given set of Bi/R2 and PTT2/N0 ratios, the subcarrier tracking
error degrades only slightly with a significant increase in the Channel 2 rate R2.
Conclusion. - A modulation and a corresponding demodulation technique for a three-
channel communication link has been presented. Two independent conventional Costas



loops are used at the receiver to recover the quadriphase modulated carrier and subcarrier.
Analytical expressions of the phase jitter were derived for the carrier and subcarrier loops.
Typical parameters pertaining to the Ku-band return link of the Shuttle Orbiter were
presented for illustration.

References

1. G. K. Huth. “Integrated Source and Channel Encoded Digital Communication System
Design Study,” Final Report. Axiomatix Report No. R7607-3, July 31, 1976.

2. B. H. Batson, G. K. Huth, and S. Udalov. “Phase Multiplexing for Three-Channel
Data Transmission.” NTC Proceedings, Vol. II, November/ December 1976, Dallas,
Texas.

3. W. C. Lindsey and M. K. Simon. Telecommunication System Engineering.
Englewood Cliffs, N.J.: Prentice-Hall, Inc., 1973.

4. M. K. Simon. “Subcarrier Tracking Analysis for Three-Channel Orbiter Ku-Band
Return Link.” Axiomatix Report No. R7707-4 (under Contract No. NAS 9-15240),
July 28, 1977.

5. C. L. Weber. “Candidate Receivers for Unbalanced QPSK.” ITC, September 1976,
Los Angeles, California.

Fig.- 1. Three-Channel Quadrature Multiplex Modulator



Figure 2.  Costas Loop for Carrier Tracking.

Figure 3.  Costas Loop for Subcarrier Tracking



Figure 4. Subcarrier Tracking Jitter versus Ratio of Arm Filter Bandwidth
to High Subcarrier Data Rate R2; PTT2/N0 is a parameter; m1(t)

and m2(t) are NRZ, m3(t) is Manchester; R1> R2> R3.



Figure 5.  Subcarrier Tracking Jitter versus Ratio of Arm Filter Bandwidth
to High Subcarrier Data Rate R2; R2 is a parameter; m1(t) and

m2(t) are NRZ, m3(t) is Manchester code; R1> R2> R3.
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