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A DISCRETE ADDRESS BEACON SYSTEM

DAVID R. ISRAEL
Office of Systems Engineering Management

Federal Aviation Administration

Summary.   The two most basic requirements for air traffic control are surveillance and
communications. The surveillance system in use today is the Air Traffic Control Radar
Beacon System. It is based on World War II technology and is experiencing severe
difficulties as the number of aircraft carrying transponders increases. This paper outlines
the present FAA program to develop a new surveillance system which will eliminate the
problems, will be compatible with the existing system and will also provide a digital data-
link for collision avoidance and air traffic control purposes.

Introduction.   One doesn’t usually associate the word “telemetry” with air traffic control
unless referring to special instrumentation used to collect flight test data on some new
navigation or guidance system. However, as the FAA is now proceeding to upgrade the
capacity and performance of the ATC system to meet the expected growth in aircraft
activity we are engaged in developing a major telemetry system.

The functions of ATC are shown in Figure 1. The pilot files a flight plan and is expected to
navigate himself along the agreed route using the extensive ground network of VOR’s and
DME’s operated by the FAA. The military also use TACAN for navigation and a
combined VOR, DME and TACAN facility is called a VORTAC. In the early days---until
the mid-1950's---pilots reported their position and progress, as determined by the
navigation system, to the ground controllers by voice radio. To allow for error and
communication delays the aircraft separations had to be quite large. Today there is
separate surveillance determination on the ground---first radar and now secondary radar or
beacon, with FAA terminology ATCRBS, for Air Traffic Control Radar Beacon System.
Radar has many problems including ground clutter, weather clutter and the generally poor
echos from small general aviation aircraft. Beacon is better, albeit at the expense of
requiring the necessary transponder in the aircraft.

Today surveillance from the ground is necessary if the system is to accommodate more
aircraft at smaller spacing. Thus the present ATCRBS is a basic and important tool. The
ATCRBS is a form of telemetry, the ground based system sends out interrogations at 1030
MHz and the airborne equipment responds at 1090 MHz. These are between 80,000 and
100,000 airborne equipments, called transponders, in the U. S. civil and military fleet.



There are 291 civil interrogators, over 500 military interrogators and many high powered
special purpose test facilities that people don’t bother to register, all working at the same
frequency. The system is relatively undisciplined in that pilots of uncontrolled aircraft can
turn their transponders on or off pretty much as they choose and although there are several
comprehensive and reasonable specifications for the characteristics of the transponders,
the manufacturers are not required to meet these specifications. The maintenance and
calibration of the general aviation transponders also frequently leaves much to be desired.
Even though this system seems chaotic it is in fact a very important telemetry system and it
works better than one might expect.

Figure 2 indicates the fundamentals of the system. The interrogator antenna is
mechanically rotated and has a horizontal aperture of 28 feet in the FAA versions. The
vertical dimension is lightly over one wavelength which leads to multipath and lobing
problems. The 28 foot dimension and the 1 foot wavelength provides an azimuthal
beamwidth of about 2.5E. The effective beamwidth is somewhat wider. As the antenna
beam swings around, it sends out the interrogations shown in the lower part of the figure.
The interrogations are at 1030 MHz and use 0.8 micro-second pulses as shown in
Figure 3. For civil applications we use Mode A and Mode C interrogations. The Mode A
interrogations have a spacing of 8 micro-seconds between P1 and P3, P1 and P3 are
transmitted via the rotating directive antenna. P2 is transmitted from an antenna with a
pattern which is omni-directional in azimuth. This is the Side-lobe Suppression Pulse and
its functions will be described below. A transponder which decodes a valid Mode A
interrogation will respond with the transmission shown in the next slide. The transmission
uses 0.45 micro-second pulses spaced 1.45 micro-seconds leading edge to leading edge.
There are the two framing pulses spaced 20.3 usec apart. Between these two framing
pulses, there are 13 positions where pulses could occur. The middle (or seventh) of these
pulses is called the “X” pulse and is not presently used except for special military purposes
involving unmanned airborne vehicles. The remaining twelve pulses can be used in various
combinations. It is clear that there are 212 or 4096 various combinations which can be
transmitted. Modern transponders which are designed so that they can transmit any of
these codes are called “4096 transponders” in contra-distinction to earlier models which
could only transmit 64 codes. The control panel of the transponder has four octal
thumbwheel switches allowing the pilot to set up one of these 4096 codes. When a Mode
A (called Mode 3 in military terminology) is decoded, the transponder interprets this to
mean “Who are you?” and responds with the framing pulses and the code pulses
appropriate to the thumbwheel switch setting. The extra pulse shown at 4.35 usec after the
second framing pulse is called the Special Position Identification or SPI pulse. If the
controller tells the pilot to “Sqawk Ident” the pilot pushes a button on the transponder
control panel. For the next 20 seconds the transponder adds this pulse to its normal
response when answering a Mode A interrogation. The controller’s displays are designed
so that they exhibit a very distinctive target mark when this signal is received. This permits



the controller to rapidly identify the position of any particular aircraft. Figure 3 also shows
a Mode C interrogation and aircraft response P1 and P3 are 21 usec apart as opposed to the
8 usec of Mod; 3/A. The transponder interprets this as “How high are you?” and if the
aircraft is equipped with an encoding altimeter it sends back the framing pulses and uses
the information pulses to transmit barometric altitude using a modified Grey code. The
important point to be made is that although this all may seem a little crude it is a true
telemetry system and is the most widely used and important telemetry system we have
today. It is based on World War II technology and as more and more aircraft are equipped
with transponders and as more and more interrogators are installed on the ground, it begins
to show some serious defects. The FAA response over the years has been to put patches
over the defects. The system now has more patches than anything else and we are running
out of places to sew on new patches. Discussed below are some of the problems and the
fixes which have been implemented.

Side Lobe Suppression.   Figure 4 diagrams one serious defect that cropped up early .
There is some energy radiated in the side and back lobes of the interrogator antenna.
Aircraft close to the interrogator could receive, decode and respond to interrogations even
when they were in the back lobes of the antenna. This often caused a “ring-around” trace
on the display so that the controller really had no idea where the targets were. This was
particularly serious for interrogators located at airports where the traffic density is high and
where it is very important for the controller to have accurate and reliable surveillance. The
first patch was to put a “High Sensitivity” and “Low Sensitivity” position on the
transponder control panel. When flying near an interrogator or at controller request, the
pilot would select “Low Sensitivity.” This procedure was not particularly effective and the
Slide Lobe Suppression technique was instituted. All modern 4096 transponders have this
feature. The interrogator broadcasts P2 on the omni-directional antenna 2 usec after P1. If
the transponder receives P2 with a signal strength more than 9db below that of P1 it is
unaffected and goes on to decode P3 if it is received. If the P2 pulse is stronger than 9db
below P1 the transponder is suppressed, that is, it will not answer any interrogations for the
next 35 usec. The specification actually is that if P2 is weaker than 9db below P1 the
transponder will decode and reply to 90 percent of the time. There is also a patch on the
Slide Lobe Suppression patch called Improved Slide Lobe Suppression.

Over-Interrogation.   As more interrogators are installed on the ground, the transponders
are asked to respond at a very high duty cycle. At high altitude an aircraft may be in line of
sight of over 100 interrogators at one time. The transponder has a feature called “Reply
Rate Limiting” which begins to decrease the receiver gain and triggering sensitivity when a
given level (presently 1200/sec) of interrogations are received. The theory behind this is
that the interrogators nearest the aircraft are providing surveillance data to the controllers
interested in that aircraft. The signals from these interrogators will be stronger than those 



from distant interrogators and the transponder will answer the nearby interrogators and
ignore the distant interrogators.

Fruit and Garble.   As might be imagined, the beacon system has some interference
problems. Figure 2 shows this diagrammatically. The FAA has names for the different
types of interference. “Fruit” is the term for a signal received at one interrogator from an
aircraft which is responding to a different interrogator. The Pulse Repetition Frequency (or
PRF) of the interrogators runs typically between 300 and 400 interrogations per second.
The FAA takes some pains to ensure that interrogators in a given geographical area have
PRF’s which are different enough so that fruit received at a given interrogator does not
occur in consecutive Pulse Repetition Periods at the same time from the start of the range
strobe at that interrogator. A device called a “Defruiter” is installed on the video output of
the interrogator receiver. This device is essentially a delay line, either analog or digital,
which compares the video return during one PRP with the return during the preceding
PRP. Only those returns which match for two consecutive PRP’s are allowed to escape
and proceed to the controller’s display. The defruiters appear to solve the problem very
well. The author has seen radar scope pictures taken at Los Angeles with the defruiter
bypassed and there are so many false targets that the display is useless. It should be clear
that if adjacent interrogators had identical PRF’s we could have the phenomenon known as
“Synchronous Fruit” and this would get through the defruiter. There is another interference
phenomenon known as “Garble” or “Synchronous Garble.” This occurs when two aircraft
replying to an interrogation are within approximately 1 5/6 miles of the same range from
the interrogator. The replies as received at the interrogator come back overlapped and it is
clear that no defruiter type of device can do much about it. There have been attempts to
“deinterleave” these garbled replies but they have had marginal success at best. This
synchronous garble is a fundamental problem because the ATCRBS loses reliable
surveillance information when aircraft fly near one another which, of course, is just when
we need reliable surveillance information the most.

Antenna Problems.   The present FAA ATCRBS interrogator antenna is 28 feet long and
only about 1 1/2 feet high and is mounted on top of our primary radar antennas. The
vertical pattern is very wide and we have serious problems with antenna lobing and
multipath effects. We have measured 50db nulls in the pattern when looking out over calm
water and 20db nulls due destructive cancellation by reflections off terrain are fairly
common. We can minimize these effects by careful selection of sites and we have an
aggressive program to develop and procure antennas with much larger vertical aperture
which should really solve this problem as well as some others. There are several other
problems with the present beacon system and patches which have been applied or are
being developed.



The purpose of this paper is not to describe in exquisite detail all of the defects of the
present system but rather to indicate how we propose to eliminate these defects and at the
same time to add new features and capabilities to the system. The system in existence
today works mainly for one reason--the human controller watching the display is aware of
the defects and has learned to live with them because it’s the only system he’s got. If a
target goes into a fade because of antenna problems he knows from experience that it will
come out in a few seconds. If two targets merge he doesn’t get nervous because he knows
they have safe altitude separation. Further, he doesn’t swap tracks because he knows who
they are and where they are going.

One of the major goals of our present effort in air traffic control is to apply automation to
reduce the controller workload and to enhance safety. A computer performing radar
tracking is not nearly so tolerant of the foibles of the present surveillance system as is the
human controller. Noisy or missing data tend to make the computer very nervous whereas
the controller expects it. Additionally, if the computer is really to help the controller in his
job it should be able to communicate with the aircraft automatically. Our ultimate goal is
the full automation of air traffic control with the human controller in a supervisory and
troubleshooting role. The improved surveillance system or, for this journal, telemetry
system we are developing to eliminate the problems described, and also to provide
automatic digital communication with the same equipment, is called the Discrete Address
Beacon System or DABS for short. It is probably clear by now that the FAA has the
distressing habit of using more acronyms than even the Department of Defense or NASA
but one gets used to it after a while. The DABS concept is not really new, it was
recommended to the FAA by the Air Traffic Control Advisory Committee in 1969 and if
one looks at the report of Special Committee 31 of the Radio Technical Commission for
Aeronautics of 1948 we see that the system recommended in that report is strikingly
similar to the DABS.

The basic concept of the DABS is straightforward. Each aircraft is assigned a unique
digital code or address and responds only when called by name as opposed to the
ATCRBS practice of responding to all valid interrogations. This technique eliminates the
basic root cause of the problems of over-interrogation, fruit and garble; the addition to this
of an improved interrogator antenna with sufficient vertical aperture to greatly reduce
multipath effects should provide a very reliable surveillance system. In addition, since each
aircraft must decode and identify its own address, it is now technically and economically
reasonable to include some data bits in the discretely addressed interrogation. The message
will be decoded and displayed only in that aircraft being discretely addressed. The number
of interrogations per aircraft per antenna scan will be decreased from the present 20 to 40
with ATCRBS to one or two with the DABS. This implies the necessity for monopulse
techniques on the ground for estimating the azimuthal position or bearing instead of the
presently used center-marking technique. The monopulse technique is more complex but



we expect to double our present azimuth estimation accuracy in addition to eliminating
fruit and garble. The scan rate of our interrogators is approximately one scan per four
seconds for terminal or airport radars and one scan per ten seconds for enroute radars. The
DABS is expected to solve most of the known problems with the beacon system and to
provide a very high capacity, accurate surveillance system with integral data link at a very
modest cost.

As noted above, the basic concept of the DABS is straightforward; the computer has in file
the position and address of all aircraft in the assigned surveillance area of the associated
interrogator. As the antenna rotates the computer orders the roll call so as to catch each
target in the beam and also so as to interrogate targets during a PRP whose ranges are such
that synchronous garble will be avoided. There is also a “general call” sent out frequently
to elicit responses from those aircraft which are not yet being discretely addressed and to
enter them automatically into the track file without adding to the controller’s workload.
Also, hand-offs from interrogator to interrogator will be performed automatically without
adding to controller workload. There will be provisions for interrogator sites adjoining a
site which fails to automatically pick up the load of the failed site insofar as line-of-sight
limitations will permit.

The DABS system described so far should sound credible and manageable. It is a big job
but clearly feasible. In fact one can almost hear some of the older heads saying “Why,
shucks!--that’s nothing but Time Division Multiplex. We had an IRIG Standard for that in
the Spring of nineteen and ought-seven---or was it ought-eight?”

Before the reader jumps to the conclusion that we have taken on too simple a job let us
examine some of the other minor constraints that come with it. As noted above, the
ATCRBS system is widely implemented in both civil and military aviation in this country.
In addition it is widely, almost universally, accepted internationally and is protected by
formal treaties with most foreign countries. This means that our ground-based system will
have to service ATCRBS for many years in the future. In addition, both the FAA and the
aviation community at large have historically been very slow to implement new electronic
systems, particularly so for the aviation community if they do not perceive a benefit to be
gained by the purchase and installation of new equipment. The FAA is slow, mostly
because of the chronic shortage of money for new equipment. We are also charged with
the safety of aviation, particularly commercial aviation. This means we can’t turn off the
world and stop giving service while we and the aviation community install a new system.
All these constraints simply mean that the new DABS system must be completely
compatible with the old ATCRBS system. We will probably install DABS interrogators
slowly, beginning at large terminals such as New York, Chicago and Los Angeles. We
can’t expect an aircraft operator to buy and install a new DABS transponder unless it will
also perform the ATCRBS function when he flies to areas where the ground-system has



not yet been converted to DABS. Similarly, the new DABS ground stations must also be
compatible with old ATCRBS transponders which will no doubt be protected by a
“grandfather clause” as well as treaties with other nations. The U. S. aircraft fleet is,
roughly speaking, comprised of 3,000 commercial air carrier aircraft, 20,000 military
aircraft and 140,000 general aviation aircraft. The majority of the general-aviation aircraft
have a fair market value of perhaps $10,000. Avionics are expensive and we want to
encourage as many owners as possible to purchase and install DABS transponders. This
means that the design should be as simple and inexpensive as we can make it consistent
with adequate performance. The requirements for compatibility with ATCRBS and for low
cost drive one inexorably to the conclusion that the new DABS system should operate at
the same frequencies as the ATCRBS system. We have now arrived at the nub of the
reason why our particular telemetry project is interesting. After having outlined the gory
details of why 1030 MHz and 1090 MHz are the busiest frequencies in the world except
possibly for Citizens Band, it now appears that we are going to ask the aviation community
and the FAA to spend over $1 billion to put our fancy new DABS system at these same
frequencies. This was not a decision made lightly or in the absence of data.

We have engaged the Lincoln Laboratory of the Massachusetts Institute of Technology to
help us with this problem. Lincoln has examined many possibilities and alternatives and
concluded that operation at 1030 and 1090 MHz is both feasible and desirable. Lincoln
has performed design studies which included careful attention to avionics costs. One of the
most obvious ways for DABS to co-exist with ATCRBS is for DABS to use one of the
constant envelope phase or frequency modulation techniques. Lincoln looked at Coherent
Phase-Shift Keying, Differential Phase Shift Keying, Frequency Shift Keying, Quadriphase
and others. Based on avionics cost considerations, Lincoln has concluded that Pulse
Amplitude Modulation at 1090 MHz for the transponder reply is indicated because
coherent power at the 100-500 watt level is expensive. Lincoln has also concluded that the
uplink, that is, the 1030 MHz interrogation, can be DPSK without significant cost impact
on the transponder. Error detection on both the uplink and the downlink seem reasonable,
particularly with the availability of low cost, high reliability digital integrated circuits.
Basic precepts of the Lincoln design are that the ground-based facility shall do ATCRBS
part time and that the DABS uplink message shall include as a leader the P1 and P2 pulses
to suppress ATCRBS transponders in the beam and also be of short enough duration to be
within the minimum suppression time (25 usec) of the ATCRBS transponders which might
receive the signal. A simple and easily derived existence theorem for a single DABS
facility of this type is that it could track 2000 aircraft, keep a teletype printer busy full time
in each of them and still have a reserve capacity of a factor of four. Now that’s telemetry.

One of our primary goals in the DABS program is that the purchaser of the first DABS
transponder receive services and benefits far in excess of those he would receive had he
purchased an ATCRBS transponder. The most immediate service we can offer is an



improved separation service. We are proposing that the ground-based system would, via
the DABS data link, apprise the DABS equipped aircraft of all ATCRBS traffic in his area.
We would tell him the relative altitude and relative bearing of this traffic and indicate to
him whether the range and range-rate of this traffic made it a threat to him.

Even though our ultimate goal is the complete automation of air traffic control we realize
that this will not be feasible until a large fraction of the fleet is DABS equipped. If our
experience with ATCRBS is any indicator, this could take many years. We believe,
however, that the ground-based automatic separation assurance service could be available
to the very first DABS purchaser when flying in areas where the surveillance system had
been converted to DABS. As we converted more and more ground facilities, he would get
more and more service. We visualize three basic kinds of airspace in the future air traffic
control system: Positive controlled, mixed and uncontrolled. Aircraft flying in positive
controlled airspace will be required to be on a flight plan and under positive control. This
airspace would be at high altitudes and around the major terminals, typically the places
where commercial turbo-jet aircraft operate. Mixed airspace will be, for example, between
6,000 feet and 12,000 feet and around many controlled airports but not the major
terminals. Aircraft flying in this airspace would be required to carry an ATCRBS or a
DABS. We will automatically advise all DABS equipped aircraft of nearby traffic and
whether this traffic constitutes a threat. If a collision appears imminent we will
automatically send collision avoidance maneuver commands to the DABS equipped
aircraft. This concept has acquired the name Intermittent Positive Control because we only
control aircraft when it is absolutely necessary. Most of the time the pilots fly wherever
they choose. The low altitude airspace remote from controlled airports will probably
remain uncontrolled with no requirements for carrying a transponder. We will have
surveillance coverage over much of this airspace and will inform DABS equipped aircraft
of traffic. However, we will not send maneuver commands because of the possibility of
vectoring the DABS aircraft into a non-transponder aircraft not seen by the surveillance
system. There are other classes of messages we will also send to the aircraft via this
DABS link as the automation of the ATC system progresses. The message format also
permits sending messages containing air traffic control instructions. These messages would
typically relate to assigned altitude, heading and airspeed as well as VHF voice frequency
assignment. The format also will permit transmission of clear text alpha-numeric messages
for the more sophisticated users who might want information concerning weather, route
clearances or any other subject requiring longer clear text messages. The technical
characteristics of the proposed system are fairly easily defined. First, both the ground and
the airborne components of the new system must perform all the normal functions of the
ATCRBS system for the reasons I have described earlier. For the DABS mode Lincoln
Laboratory is leaning towards Differential Phase-Shift Keying (DPSK) for the 1030 MHz
uplink interrogation. The bit rate will be 2-4 megabits/second and both the uplink and the
1090 MHz downlink will have error-detecing coding to help us to work in the presence of



interference. If the transponder detects an erroneous interrogation, it will not reply and the
ground will initiate a re-interrogation. If the ground receives an erroneous reply, it will
initiate a re-interrogation. The aircraft response at 1090 MHz will be Pulse Amplitude
Modulated because of cost considerations. The bit rate will be approximately. 2 megabits/
second. The aircraft message will be used chiefly for surveillance purposes and to insure
that the aircraft had properly received and decoded any messages sent to it. The aircraft
message will also carry the barometric altitude of the aircraft as derived from an encoding
altimeter. We are considering 24 bits for the discrete identity code--this provides
something over four million unique addresses which should be adequate for the
foreseeable future. We will have a “lock-out” feature also. This means that any aircraft
being tracked in the DABS mode could be instructed automatically by the ground to not
respond to ATCRBS interrogations. Thus, as more aircraft converted to DABS we would
begin to unload the ATCRBS system and reduce the interference problems. As mentioned
above, the system also contains an “all call” mode which will elicit responses from DABS
equipped aircraft which are not being discretely addressed and will then automatically
begin to interrogate these aircraft by their unique addresses. It is important that we make
this new surveillance system operate automatically without adding to controller workload.
Lincoln Laboratory has been testing this system this summer and we are preparing to
demonstrate with actual flight test that we can provide a safe, economical and convenient
automatic separation assurance service using this form of telemetry.



 





A SYNCHRONIZED DISCRETE ADDRESS BEACON SYSTEM

NEAL A. BLAKE
Office of Systems Engineering Management

Federal Aviation Administration

Summary.   The Federal Aviation Administration is developing a Discrete Address
Beacon System as a new air traffic control surveillance system. It will solve most of the
problems of the present beacon system and will also provide an integral digital data-link
for ground to air messages. This paper describes a particular implementation of the DABS
concept which also provides air-to-air collision avoidance service and navigation service.

Introduction.   In another paper in these proceedings David R. Israel of the FAA
describes the development program leading to a Discrete Address Beacon System and also
outlines some of the reasons why such a new surveillance system is needed. It is the
purpose of this paper to describe an extension to the DABS concept which we call
Synchro-DABS. The incorporation of the discrete address feature adds a new dimension to
our system. We can control and effectively eliminate interference and we can also use the
same equipment to provide a reliable high capacity data link at essentially no increase in
cost either to us or to the airspace user.

The Synchro-DABS is a further refinement of the DABS concept which adds yet another
dimension to the surveillance and communication system and which provides the users
with additional services if they choose to use them. We are developing a Synchronized
Discrete Address Beacon System, or with the inevitable FAA acronym---Synchro-DABS.
The new dimension we add is precise time. The availability of precise time is a powerful
tool to instill order and provide other useful functions.

The basic concept of Synchro-DABS is very simple. The discretely addressed
interrogations are transmitted from the ground with timing such that the aircraft being
addressed responds at a precise time as if it carried a cesium or rubidium clock of great
accuracy. A numerical example may help to explain this better. Figure 1 shows the overall
timing of the system. We will consider for the moment only one interrogator. Let us
assume that we use a 400 Hz PRF and hence a 2500 usecond Pulse Repetition Period
(PRP). The diagram shows the 2500 usec PRP divided up into four contiguous 625 usec
segments. We will call the beginning of each 2500 usec PRP “time zero.” The 625 usec
segment just before time zero is used to send DABS interrogations, the segment just after
time zero is used to receive the responses elicited from the aircraft which were discretely



addressed. The remaining two segments are used to transmit ATCRBS interrogations and
to receive the replies. The figure shows the ATCRBS interrogations dotted to indicate that
the time of transmission is jittered randomly by a few lens of microsecond each PRP. This
is necessary because, unlike the present ATCRBS practice, the average PRF’s of all
Synchro-DABS sites are identical and without this jitter to make the instantaneous PRF’s
at adjoining sites different we would have a high incidence of the interference called
synchronous fruit. The jitter will permit the present defruiter equipment to perform its very
necessary function.

Figure 2 shows in more detail the activity during the Synchro-DABS part of the cycle. Let
us assume that we wish to interrogate four aircraft during this PRP and that aircraft #1 is
the farthest away and aircraft #4 is the closest. Let us assume for the moment that we
know precisely the ranges from the site of the aircraft to be interrogated. We now send the
interrogations such that they reach the individual aircraft, are decoded, and the aircraft all
begin their responses at exactly time zero. The duration of the aircraft response in the
baseline system we are building is 30 usec. Now, 30 usec times the velocity of light is
approximately 5 nautical miles. Thus, to avoid overlap or garble we must select aircraft
whose ranges from the site differ by more than 5 miles when choosing which aircraft to
interrogate during a PRP. If two aircraft are, say, only a mile apart we must interrogate
them on alternate PRP’s.

Figure 3 indicates diagramatically how the sites would interface with each other. The FAA
short range or terminal radars totate at approximately 15 RPM, the long range radars at
5-6 RPM. We would synchronize the rotation of the short range radars so that they all
point North at roughly the same time and also synchronize the long range radars in the
same fashion. The dotted lines in Figure 3 are meant to indicate the area of influence of
each interrogator. The computer at the site is taught to not discretely interrogate aircraft in
its neighbors area except during hand-offs or if a site failed and the neighboring sites were
instructed to pick up the surveillance load. The combination of precise synchronization in
time, synchronizing of antenna angles and restricting each site to work only traffic in its
own assigned area will reduce interference to a very low level. Any residual interference
can be dealt with by reinterrogation as will be shown later.

Figure 4 shows the interrogation to be sent to the aircraft. The header is the normal P1 and
P2 of the ATCRBS message. This is used by the DABS transponder for bit synchronizing
or clocking and for level setting. It also serves to suppress ATCRBS transponders which
may receive the transmission. This message format and modulation is what we are
presently constructing in our experimental Synchro-DABS system. It uses non-return-to-
zero amplitude modulation. We are also testing Differential Phase Shift Keying modulation
and will pick the scheme which has the best performance and cost features. After the two
header pulses we have 24 bits of identity, 7 bits called “housekeeping” whose functions



will become clear later, 5 bits of “message type,” 42 bits of message and a 3 bit framing
pulse at the end.

Figure 5 shows the aircraft response. If an aircraft detects its unique digital identity in the
24 bit identity block it simply repeats the complete interrogation back to the ground
exactly as received and decoded except, of course, transmitting at 1090 MHz instead of
the 1030 MHz it received. The aircraft also adds up to 7 bits of air-derived data, its
barometric altitude and a final framing pulse. If the ground-based site does not receive
back exactly what was sent it will reinterrogate the aircraft.

It will be seen that the system described so far is basically a Discrete Address Beacon
System with a specific set of rules for range ordering and timing the interrogations
addressed to the individual aircraft. These rules will greatly reduce the incidence of
interference and garble. There are other functions that can also now be performed. Each
aircraft, when it transmits, does so at a precisely defined time. Each aircraft also is told the
precise time every time it is discretely interrogated with a synchronized interrogation---
nominally every four seconds in a terminal area or every 10 to 12 seconds enroute. Thus a
quartz crystal oscillator could readily be used in each aircraft for time keeping purposes
because it would be updated every interrogation cycle. We now have the basis of a useful
service for aircraft operators. Each aircraft transmits at a precisely defined time and each
aircraft could have the updated crystal clock if the operator desired it. Thus an aircraft
could have an extra receiver tuned to 1090 MHz which received the transmissions of other
nearby aircraft. The time of transmission and the time of receipt, hence the range, to these
aircraft is thus available. Further, the transmissions carry the identity of the various aircraft
so that range-rate can be obtained by range differencing on successive transmissions.
Knowledge of the range, range-rate and altitude of other aircraft will provide the
information necessary for a Proximity Warning Indicator (PWI) or Collision Avoidance
System (CAS) based on air-derived data. The FAA makes the (possibly artificial)
distinction between a PWI and a CAS that a PWI tells a pilot about the traffic around him
but not what maneuvers to make to resolve a hazardous situation and a CAS tells him what
to do but not necessarily where the traffic is. It is also possible to mount a small direction
finding antenna on the aircraft to detect the relative bearing of the aircraft whose
transmissions are being received. The combination of range, range-rate, relative altitude
and relative bearing of nearby traffic provides adequate data for a CAS, a PWI, or both.
This system would thus provide a suitably equipped user with air-derived protection
against all DABS equipped aircraft so long as they are within line-of-sight coverage of a
DABS ground facility. However, present FAA plans are to provide a high grade automatic
separation assurance service based upon computations performed on the ground using
DABS surveillance information with both PWI and maneuver commands sent to the
involved aircraft via the integral DABS data link. The result is thus that the air-derived
CAS/PWI service would only be available in those areas which were in areas of the DABS



surveillance and where the ground derived separation service was also available. To
extend the area where the air-derived service is available we are considering putting simple
interrogators with omnidirectional antennas at some or most of our approximately 1000
Very High-Frequency Omnirange (VOR) sites. The line of sight coverage of these facilities
takes in most of the usable airspace. The function of these interrogators would be to elicit
synchronized transmissions from those equipped aircraft which were not in the line-of-
sight coverage of a DABS surveillance site. These sites would use, for instance, only every
tenth PRP and neighboring DABS sites would be programmed to not use those PRP’s
while working the airspace near the omnidirectional sites. There would then be no
interference between the DABS facility and these omnidirectional facilities. The
interrogations transmitted from these facilities would be essentially identical with those
transmitted from the DABS interrogator. These VOR sites would not send any messages to
the aircraft.

Figure 6 shows another transmission which these omnidirectional sites would radiate a few
times a second. The thought is that each aircraft being interrogated, by either an
omnidirectional facility or a DABS facility, is given the correct time every few seconds
and can keep an inexpensive oscillator synchronized. The signals shown in Figure 6
contain the identity of the VOR, its latitude and longitude and its altitude. A pilot would
set thumb-wheel switches in his transponder to the identity of this fix and the transponder
would read out the distance to the fix exactly as with present day Distance Measuring
Equipment (DME). He would obtain the identity by referring to aeronautical navigation
charts or references. Presumably the identities would be keyed on a one-to-one basis with
the VHF frequency of the VOR much as the UHF frequencies of the present DME are
keyed. Thus the act of tuning the VOR receiver would also automatically select the DME
exactly as in present practice. The equipment in more sophisticated aircraft such as air
carriers or corporate business aircraft would be designed so as to process the signals from
two or more stations at once and compute position by multilateration. It should be noted
that the latitude and longitude information contained in the signals allows the aircraft
computer to pick those stations which give the best geometry for position fixing and also
does not require the pilot to select any stations. The altitude information is used to perform
slant range correction.

Some of the bits in the interrogation message shown in Figure 4 are called “housekeeping
bits.” The “SYNCHRONIZED” bit is set when the interrogation is precisely timed based
on knowledge of true present range from the interrogator to the aircraft being discretely
addressed. The interrogator will be tracking each aircraft and will first transmit an
unsynchronized interrogation based upon the predicted position and will obtain true
present range. Using this range it will then transmit a synchronized interrogation with the
“SYNCHRONIZED” bit set. The aircraft transponder re-transmits the interrogation. Thus
aircraft which had the extra 1090 MHz receiver installed would only use those signals



containing the “SYNCHRONIZED” bit for air-to-air ranging purposes. The “DABS” bit
means that the interrogation is from a DABS (i.e., ATC surveillance) facility as opposed to
being from one of the “gap-filler” interrogators located at a VOR facility. We naturally
wish the ATC surveillance function to have priority. Therefore, the transponder logic will
be designed so that the transponder will not reply to a VOR interrogation if it is being
tracked by a DABS facility but will reply to a DABS interrogation even if it is being
tracked by a VOR facility. Other logic is included so that initial acquisition and “handoff”
from site to site will be automatic and will not require controller attention.

In summary, it appears that by ordering the discrete interrogations in a articular way
additional useful services can be provided to the aviation community at a low cost. simple
omni-directional.ground station and three sets of avionics are being fabricated and flight
tests will take place in the Spring of 1974.

Figure 1.  Division of Time Between Functions at Ground Station.

FIGURE 2
SYNCHRO-DABS INTERROGATION TIMING

Figure 3.  Distribution of DABS Sites



Figure 4.  Synchrodabs Interrogation

NOTE:  91 CONTIGUOUS BITS, EACH 0.25FSEC LONG (23.75FSEC TOTAL LENGTH).
1030 MHz. NON-RETURN TO ZERO AMPLITUDE MODULATION

HOUSEKEEPING BITS ARE: (1) SYNCHRONIZED (2) DABS (3) LOCK-IN (4) PCA (5) IPC

Figure 5.  Aircraft Response to DABS Interrogation

Figure 6
NAVIGATION SIGNAL BROADCAST BY

GROUND STATIONS



UNIVERSAL AIR-GROUND DATA LINK SYSTEM

THOMAS WILLIAMSON
Federal Aviation Administration

Summary.   With the implementation of a nationwide Air Traffic Control (ATC)
automation system nearly completed the Department of Transportation/Federal Aviation
Administration is devoting considerable attention to the integration of a data link capability
into the system. This paper presents a description of the universal data link system and
details of the system’s characteristics. A possible configuration of the data link system
with the ATC automation system is also presented.

Introduction.   The capabilities of the universal air-ground data link for automated ATC
communications is being examined as part of the, Department of Transportation/Federal
Aviation Administration overall effort to explore and develop means to meet the future
needs for increased National Airspace System capacity and operational flexibility. The
investigation of the universal air-ground data link system for ATC communications is
based on the “Universal Air-Ground Digital Communications System Standards” as
defined by the Radio Technical Commission for Aeronautics (RTCA) in Document
DO-136 of 7 March 1968. The objective of DO-136 was the development of technical
standards which will provide a common source from which specifications for a family of
systems with varying levels of functional capability, can be drawn with a guarantee of
inter-system compatibility and inter-operation across a broad and diverse spectrum of user
needs. The basic objective of the standards is to reduce the communications workload on
the pilot and controller while at the same time providing the capacity and capability to
serve the communications requirements of large numbers of aircraft on the same radio
channel. This objective will be achieved by automating the communications function,
thereby reducing the need for oral communications. The most important feature of the
universal air-ground data link system is the use of control procedures that do not restrict
the systems operation to any transmission path, modulation technique, link discipline or
frequency spectrum employed for message transfer. Although the system design is based
upon the RTCA Standards contained in Document DO-136, exceptions were made or
alternative techniques were adopted to optimize the design for automatic ATC
communications. In keeping with the intent of document DO-136, the system, as
described, will provide efficient, flexible, and reliable communications to the airlines for
company purposes in addition to serving the ATC communications requirements.



System Characteristics.   The universal data link system is designed as a disciplined
system under the control of a ground processor. An aircraft is permitted to transmit only
upon receipt of a transmission addressed to it. During routine operation the ground station
sequentially polls all aircraft whose address appears in its polling list. The polling message
may contain textual information, or it may be sent with no text in order to maintain
communications integrity. The normal polling interval between successive polls to the
same aircraft is 30 seconds for routine or no text messages, for urgent messages a
minimum of two seconds between polls to the same aircraft has been selected. Network
control features include such items as automatic channel assignment, automatic alerting of
communications failures and entry and exit procedures.

Each data link transmission contains a fixed length preamble that consists of
synchronization characters, mode character, address, technical acknowledgement, label
characters, and block check sequence. The message is composed of characters coded in
conformance with the International Standards Organization (ISO) Alphabet No. 5 (ANSI
7-level ASCII Code). The seven bits in each character are transmitted serially, with the
least significant bit transmitted first, followed by a parity bit to provide odd character
parity. The parity check is not used for error detection on the air-ground link since the
BCS at the end of message provides a much more powerful method of error detection. The
following format is used for both air-to-ground and ground-to-air messages.

Message Format

Pre-Key all one’s
Bit Sync +
Bit Sync *
Character Sync SYN
Character Sync SYN
Start of Header SOH
Mode 1 Character
Address 7 Characters
Label 2 Characters
Start of Text STX
Text 220 Characters maximum
End of Text ETX
Block Check Sequence 16 Bits

The “Pre -Key” is used in radio environments in which its transmission is necessary, it
consists of all binary one’s with all parity rules waived. In the aeronautical VHF radio
environment, bit ambiguity, receiver AGC settling and transmitter output power
stabilization is achieved during the Pre-Key transmission. Synchronization consists of both



bit and character synchronization. Bit synchronization is accompolished by the characters
+ and *, while character synchronization is achieved using the two SYN characters. The
start of header character, in addition to indicating the start of message heading, is utilized
by the system to initiate the Block Check Sequence calculation but it is not included in the
characters on which the check is based. The mode character functions as a link
configurator, it makes those elections which must be made prior to communicating with an
airborne terminal or a ground processor. The elections provided for in the universal data
link system include message priority and message text handling. The seven characters for
address or aircraft identification are included in all transmissions. In ground-to-air
messages the address identifies the recipient of the message while in an air-to-ground
transmission the address identifies the originator of the message. In those cases where a
single system serves more than one text recipient, automatic message distribution is
provided for in the ground system based on the label characters contained in the message
preamble. The function of the label are as follows: (1) identification of the type of message
being transmitted, (2) internal routing of the message to the appropriate display device
within the aircraft, (3)request of automatic readout of data from airborne systems by the
ground processor, (4) identification of the airborne device generating an air-to-ground
message, and (5) communications management functions not provided for by the other
control characters. In messages containing no textual information the end of preamble is
indicated by the control character “ETX”. The control character “STX” indicates the end
of preamble in messages containing text. When text is present in a message it is
transmitted in blocks of not more than 220 characters. The system is capable of
transmitting both code independent and ISO Alphabet No. 5 in the text. When code
independent data is transmitted in the text the information is coded into eight (8) bit bytes
with all parity rules waived except on the first eight bit byte which contains the binary
count of the number of bytes to follow. The end of text in all messages is indicated by the
control character “ETX”. The Block Check Sequence checks all characters from the mode
character through the ETX character. It utilizes a cyclic code that allows the message to be
code independent and still provides error detection by the BCS. This method of error
detection does not require the use of the parity bits associated with each character.
Character parity checking may or may not be performed at the option of the receiving
station. Each message contains an “ACK” character or a “NAK” character for technical
acknowledgement immediately following the address. The criteria for generating an ACK
or NAK are as follows: ACK-recognized address, and good BCS, NAK-recognized
address, and bad BCS. If the terminal does not recognized the address the message is
ignored. Under normal operation, the receiving station will transmit, on the next message
that it sends, an ACK or NAK to the previous message. This method requires that the
aircraft wait for one polling interval, normally 30 seconds, before it receives a technical
acknowledgement to its previously transmitted message. The ground station receives its
technical acknowledgement from the aircraft in less than one second. Receipt of a NAK
results in the retransmission of the missed message. The receipt of successive NAKs



results in successive retransmission of the missed message until the communications alert
criteria is met, at which time an operator is alerted.

The data rate selected for normal system operation is 2400 bits per second in the
aeronautical VHF band. The system design is such that a higher data rate is not precluded
in the present air-ground environment. It is anticipated that the pre-operational equipment
will have the capability to operate at both 2400 and 4800 bits per second .

System Configuration.   A final system design does not currently exist for an ATC
universal data link. However, based on projected requirements a proposed system
configuration currently under study is presented. The proposed system uses a dedicated
control processor at each Air Route Traffic Control Center (ARTCC) to perform
supervisory, processing, management, and control functions required for the automated
operation of the data link. This processor will interface with NAS Stage A computer,
located at each ARTCC, and with the automated terminal computers within the ARTCC
jurisdiction. The processor will receive messages for transmission and other information
required for supervisory control. The control processor will communicate with equipped
aircraft via existing ground facilities (land-lines and remote VHF receivers and
transmitters). The ground system will operate at the same data rate as the air-ground link.

Operational Concept.   All date link messages, except technical acknowledgments and
retransmissions for error correction, will be initiated in the NAS Stage A or Terminal
Computers either automatically or at the request/direction of a controller or pilot. These
messages will be sent to the data link control processor via a dedicated channel. The data
link control processor will code convert, format, address, and transmit the messages via
the appropriate channel and remote transmitters.

The data link control processor will maintain three message queues in order of message
priority; one for time critical messages; one for other information messages; and one for
aircraft polling. All messages in the higher order queues have precedence over the lower
order queues. The polling queue is essentially a thirty-second queue, dynamically ordered
as a function of the addresses of the messages in the other two queues. Each time a
message is transmitted to an aircraft from one of the two higher precedence queues, that
aircraft is positioned at the end of the polling queue. Anytime an aircraft is addressed by a
message or a poll, it may respond with a message or its normal technical acknowledgment
reply.

The control processor will control transmission timing on the link which will normally be
geared to the short fixed length tactical messages. Longer messages may require a dynamic
time allocation by the control processor.



Each information or request message will be technically acknowledged by the addressee
after error checking by the addressee. Error correction will be accomplished by
retransmission of the entire message. Technical acknolwdments may be accompanied by
an information or request message.

For all messages requiring pilot acknolwedgment, the control processor, by weighting the
polling queue, will poll the addressed aircraft at five second intervals until such
acknowledgment is received. If acknowledgment is not received within a predetermined
interval, the control processor will alert the controller via the appropriate ATC computer.

Conclusion.   A description of the universal datalink system has been presented along with
a description of a possible interface with the ATC automation system. Although the data
link system description is oriented in terms d ATC, it is also capable of meeting company
and military communications requirements. Because of the high speed of transmission and
the automation which this capability makes possible, the universal data link can be of
considerable importance in advancing the safety and efficiency of air transportation. The
Federal Aviation Administration, the airlines and several equipment manufacturers have
active data link programs. These efforts will insure that a data link capability will soon be
ready for incorporation into the ATC environment.



1 By 1974 all eight OMEGA stations are expected to be operational

THE ADVANCED OPLE FOR SEARCH AND RESCUE

JAMES C. MORAKIS
National Aeronautics & Space Administration
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WALTER RUPP
Patuxent Naval Air Test Center

Summary.   The OMEGA Position Location Experiment (OPLE) was performed in 1967
by the Goddard Space Flight Center in order to demonstrate a position location and data
collection system. OMEGA navigation signals were received at a remote site and
retransmitted via a synchronous satellite to a ground processing center where data
collecting and position determination was performed. Recent technological advances have
made it possible to develop an Advanced OPLE system towards a global search and
rescue application. This application generated some new problem areas such as the
OMEGA lane ambiguity, random access, location accuracy, real time processing, and size
and weight of the Search and Rescue Communication (SARCOM). This experiment will
demonstrate the feasibility of instantaneous alarm and position location by using a
relatively inexpensive, battery operated, three-pound package. This package can transmit
the alarm and position through a synchronous satellite to a search and rescue station in less
than three minutes, in an environment of 50,000 to 100,000 subscribers drawn from the
maritime, aircraft, recreational communities and others.

Introduction.   The advanced OPLE (OMEGA Position Location Equipment) concept was
chosen by the NASA/NAVY and USGG as the best suited system for search and rescue
application. From a number of systems that were considered, this concept was the only one
that satisfied the requirements of global continuous coverage using already existing
OMEGA navigation signals1. Furthermore, this system concept is already under
development at NASA/GSFC for this and other applications; thus, the adaption of this
system for search and rescue results in further savings in development time and cost. The
above rationale led to a proposal for a joint NASA, NAVY, USGG Global Rescue Alarm
Net (GRAN) experiment.

The four essential elements of this experiment are: The OMEGA navigation signals,
Mobile Search and Rescue Communicators (SARCOM), the geosynchronous satellite, and
the central data acquisition and processing station (Fig. 1).



The very low frequency (VLF) OMEGA signals will be received by the SARCOM and
retransmitted at UHF along with identification data to the geosynchronous satellite. Next
they will be relayed to the central data acquisition and processing station.

There, the location of the SARCOM will be determined from the VLF data, and the name
of the distressed party will be obtained from the ID data.

Some of the most significant technological objectives are outlined below.

1. Reduce SARCOM,size, weight, and cost.
2. Resolve the ambiguity inherent in the OMEGA navigation system.
3. Provide real time position determination and identification readout.
4. Increase subscriber capacity while maintaining good accuracy and low probability

of self interference.
5. Demonstrate a low cost search and rescue system.

Some of the technical objectives have been completed and deserve elaboration. A
breadboard and a prototype of the SARCOM have been completed. The prototype has
been successfully tested by transmitting through LES 6 with a modification of the carrier
frequency. The prototype has passed the tests with a simulated satellite since there was no
satellite available at the 402 MHz frequency. The specification of the SARCOM are given
below.

Volume 1000 cm3

Electronics Weight 1 KG
Output Power 5 Watts max
Frequency 406 MHz
Bandwidth 2.5 KHz
Operation 3 minute broadcasts repeated at

approximately 20 min. intervals
Data Social Security number (36 bits)or other

unique identifier

The most significant objective is the resolution of the lane ambiguity.

Omega is a global radio navigation system based on a network of eight transmitting Omega
stations. Each Omega station transmits three basic frequencies which are all integral
multiples of a fundamental frequency, f, and they are given by: f 1=10.2 KHz=9f, f2=11.33
KHz=10f, f3=13.6 KHz= 12f.



The three frequencies from a number of Omega stations, such as the three shown in
Figure 2 are relayed by the platform whose position is to be determined through the
satellite to a ground station. Here the three signals originating from any particular Omega
station are in effect combined to yield a waveform at the fundamental frequency, f=1.133
KHz. The difference in times of arrival of two signals is measured and hence the difference
in path lengths from the platform is calculated. The difference in path lengths defines a
hyperbolic line of position shown as LOP1 in Figure 3. Any point such as Q on it has a
path length difference R1 - R2 from the two Omega stations equal to the measured value. A
second pair of Omega stations such as S2 and S3 in Figure 2 yields a second hyperbola
(LOP2 in Figure 2), and the platform position is determined as being at their intersection.

The Ambiguity Problem and Its Solution.   The ambiguity problem exists because
differences in times of arrival are determined by measuring the phase difference of the two
1.133 KHz frequencies. If the phase difference as measured is 1, where 1 is limited to a
value between 0E and 360E, the actual phase difference is 1+ 2Bm where m, which is the
integral number of cycles of phase difference cannot be measured. Each value of m yields
a number for the phase difference and the corresponding value for the time delay
difference. When the time delay difference is multiplied by the speed of light the difference
in path lengths from the two Omega stations to the platform is obtained. The locus of this
difference is a hyperbola. For each value of m or integral cycles of phase difference, a
different hyperbola is obtained. Thus, each phase difference measurement yields a family
of hyperbolas as in Figure 4. The intersections of the hyperbolas with the baseline are
separated by half a wavelength or approximately 72 miles at 1.133 KHz. A second pair of
Omega stations yields a second family of hyperbolas. In order to obtain two independent
families of hyperbolas a minimum of three Omega stations are sufficient (one station may
be common to both pairs). Because we have a grid defined by the two families of lines of
position, the intersection of any two lines could be a platform position as shown in
Figure 5. Resolving the ambiguity means selecting the actual true position from among the
candidate ambiguity points.

Lane Ambiguity Resolution.   Some of the most promising methods that have been
considered for resolving the lane ambiguity in the omega navigation system are listed
below.

1. Signal to signal ratio comparison
2. Time of Arrivel of the omega burst (TA)
3. Multiple Lines of Position (MLOP)
4. Additional omega tones

The TA and the MLOP techniques, in addition to being the two most promising
techniques, they also result in a simpler SARCOM by adding the complexity to the Ground
Control Center



1) Difference in Time of Arrival (TA)

This technique uses the whole waveform transmitted by the OMEGA stations. The effect
is that the ambiguity frequency is 10 seconds, the repetition period of the OMEGA
transmission. The signals from the two (2) OMEGA stations could, in concept, be cross
correlated to obtain the difference in time of arrival; however, the required level of
quantization is not practically achievable in view of the magnitude of the ambient noise. To
overcome this problem the configuration of Figure 6 is used. A calibration platform is
located in the vicinity of OMEGA station A. The signal from station A is transmitted to the
satellite through two paths, the calibration platform and the platform P. The cross
correlation of these two signals is maximized to obtain the difference in time of arrival

1.
J1 = tp1 + ts - tc1 - t1

Where the above parameters are shown in Figure 6; tc1 and t1 are known and J1, is
measured by the correlation technique.

Similarly for the signal from OMEGA station B the difference in time of arrival of the
signal throughout the platform P and the calibration platform P is 

J2 = tp2 + ts - t c 2 - t1

where tc2 and t2 are known and J2 is measured by auto correlation techniques; subtracting
J2 from J1

J1 - J2 = tp1 -  tp2 + tc2 - tc1

or

tp1 - tp2 = J1 - J2 + tc1 - tc2

the right hand of the equation is either measurable or known.

Dividing by the propagation velocity we obtain

xp1 - xp2 = Constant

where x1. x2, are the distances of the platform from A and B.
The above equation indicates a hyperbolic line of position with no ambiguity. Obviously
this technique requires less than eight calibration platforms, and results in an rms error of
less than 300 nmi.



2) Multiple Lines of Position

The TA technique restricts the solution to an area of about 300 nmi in diameter. To further
reduce the ambiguity within the 72 nmi one can apply the method described by Figure 7.

The method described for resolving the ambiguity is illustrated in Figure 7a. The platform
is located at Ap, and "1 and "2 are two lines of position passing through this location. A’ is
another candidate ambiguity point generated by the crossing of two lines of position of the
same two families. If we consider now an additional family of lines of positions generated
by an additional pair of Omega stations, a member of this family will pass through Ap,
however, a member denoted by "3 + 2B will in general not pass through A’. In other
words, at the true position the lines intersect, but at some other candidate ambiguity point
they do not. The addition of noise causes slight displacements in the lines yielding the
configuration of Figure 7b. At both the true position Ap and the candidate ambiguity point
A’ the three lines of position form triangles, however, in the neighborhood of true position
of the platform the triangle is more likely to have a smaller area. A systematic graphical
method of resolving the ambiguity would consist of finding a point, denoted by X in the
first triangle, such that the squares of distances to the three lines of position is a minimum;
a similar point is found for the second triangle and the true position is selected as
whichever point has the smalles sum of squares. The probability that the neighborhood of
the true position of the platform is selected is always greater. The procedure described
here is a more rigorous mathematical equivalent of this simple graphical procedure. In lieu
os the sum of sqares of the distances to the lines of position, a likelihood function is
computed for each of the grid-points or candidate ambiguity points. These functions are
compared and the most likely one of these is selected as the position of the platform. The
method can be applied to signals from 4, 5, 6, 7 or 8 Omega stations, corresponding to 3,
4, 5, 6 or 7 families of lines of position.

3) Simulation Results

The method was tested through computer simulation. A typical run consisted of the
following steps:

a. A platform position was assumed and the associated phase differences were
computed from its coordinates and the coordinates of the Omega stations.

b. Noise terms obtained from a random number generator (with normal distribution)
were added, to yield simulated phase difference measurements.



c. The candiate ambiguity points were computed from two phase difference
measurements and a coarse position input. The latter was obtained by adding random
offsets to the true position, with a variance of 80 nmi

in longitude and latitude.

d. The likelihood function and maximum likelihood estimate of position was obtained
for the neighborhood of each ambiguity point.

e. All the maximum likelihood estimates of position for which the log-likelihood
function exceeded a preset value were printed out.

 For all the computer runs the platforms were assumed to be located in the Atlantic in
either the Northern or Southern hemisphere. The number of Omega station signals received
was assumed equal to five for some runs and equal to four for others. The signal power to
noise density ratio was assumed equal to 10 dB for three Omega stations and 0 dB for the
others. An integration time of eighteen seconds was assumed available for phase
measurements; since the Omega signals are transmitted at the rate of one pulse of one
second duration every ten seconds, this corresponds to an elapsed time of 180 seconds.

In the case of signals from five Omega stations a total of 570 runs were performed, each
run for a different platform position. In all cases the ambiguity was successfully resolved.

In the case of signals from four Omega stations 177 runds were performed. The largest
value of the quadratic form Q associated with the true platform position equaled 17.1,
hence (somewhat arbitrarily) all neighborhoods for which Q did not exceed twenty were
considered candidates for likely position. Table I lists the number of runs for which n of
the Q’s had a value less than twenty. Thus out of the 177 simulated distress events in 34 of
the cases rescue missions would have had to be sent to more than one location, if all the
locatifts with Q less than twenty would have been considered. The total number of
missions sent out in response to the 177 distress signals would have equaled 243.

Table I.  Number of Runs in which n of the Q’s Had a Value Not Exceeding 20

n (number of Q’s less than 20) 0 1 2 3 4 5 6 7 8

Number of runs 0 143 22 3 3 3 2 0 1

An alternate strategy is suggested by Table II. In no case was the order of the Q for the
true position higher than four. Thus, in each case, sending rescue missions to the four
locations associated with the four smallest Q’s would have included the true site of the
distress. The total number of missions under this strategy would have equaled 708.



Table II.  Number of Runs in which the Order (in increasing order) the Q Associated With
the True Platform Position Equaled p

p (order of correct Q) 1 2 3 4

Number of runs 161 12 3 1

The third strategy is suggested by Table III which includes sites with Q less than twenty
but never more than the four most likely sites. This strategy would have resulted in 232
missions in response to the distress signals from the 177 sites.

Table III.  Number of Runs with r of the Q s Not Exceeding 20, when only the Four
Smallest Q’s Are Considered

r (number of Q’s less than 20) 1 2 3 4

Number of Runs 143 22 3 9

CAPACITY:  To increase subscriber capacity, the WARC has allocated 100MHz at VHF
(at 406.OMHz to 406.1MHz for uplink search and rescue applications). The present
SARCOM utilizes 2.5kHz for its information bandwidth thus resulting in 40 search and
rescue channels. As the number of users becomes larger, the probability of simultaneous
transmission increases, thus increasing the risk of two or more users transmitting in the
same channel during the same transmission time interval. This risk can be decreased by
decreasing the transmission interval or the bandwidth required. The former will result in
lower accuracy and the latter may increase the complexity and power requirements of the
SARCOM. This is clearly a trade-off problem. Preliminary results indicate that with one
hundred available channels and five or more simultaneous alarms, the probability or two or
more SARCOMS being on the same channel is about 5%. This trade-off analysis will
require more data on accident statistics which will be supplied by the U.S. Coast Guard.
The determination of cost functions on pertinent parameters such as false alarm, missed
alarm, etc. will facilitate decisions on system design.

In summary, the technique outlined in this paper should not be considered finalized at this
time since the experiment itself will be used as a vehicle to perform optimization and
trade-off studies of the various possible solutions to the search and rescue problem.

The development of an Advanced OPLE concept will also offer a capability for other user
applications. It is anticipated that interest will be solicited among data collection users for
additional experiments. The U.S. Naval Oceanographic Office has a requirement for real-
time buoy tracking experiments to improve ocean current forecasting techniques. Interest



has also been expressed by scientists in meteorology and ecology for real-time data
gathering system .
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Figure 2.  The Advanced OPLE System
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VANGUARD/PLACE EXPERIMENT SYSTEM DESIGN
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Summary.   A system design and test plan are described for operational evaluation of the
NASA-Goddard Position Location and Aircraft Communications Equipment (PLACE), at
C-band (4/6GHz), using NASA’s ship, the USNS Vanguard, and the ATS-3 and ATS-5
synchronous satellites. The Sea Test phase, extending from March 29, 1973 to April 15,
1973 has been successfully completed; the principal objectives of the experiment were
achieved. Typical PLACE-computed, position-location data is shown for the Vanguard.

Position location and voice-quality measurements were excellent; ship position was
determined within 2 nmi; high-quality, 2-way voice transmissions resulted as determined
from audience participation, intelligibility and articulation-index analysis.

A C-band/L-band satellite trilateration experiment is discussed.

Introduction.   The Position Location and Aircraft Communications Equipment (PLACE)
was designed for NASA’s Applications Technology Satellite F (ATS-F). The basic
purpose of the NASA-PLACE experiment is to obtain statistical information, engineering
data, and practical experience for determining the operational utility and technical
limitations of an oceanic Air Traffic Control (ATC) satellite system, operating at the
aeronautical L-band frequencies (1540-1660 MHz).

This paper describes the system design and experiment test plan for testing the NASA-
PLACE system at C-band using NASA’s ship, the USNS Vanguard (Fig. 1) and the
ATS-3 and ATS-5 satellites now in synchronous orbit. This test, known as the
Vanguard/PLACE Experiment1, was designed to give a preliminary evaluation of the
PLACE concept one year in advance of ATS-F, scheduled for launch in early 1974.

Although the Vanguard sailed primarily to support the NASA Pioneer G(11) and Skylab
missions, nevertheless, the northerly to southerly route of the Vanguard, from its berth at
Port Canaveral, Florida to Mar del Plata, Argentina, provided an excellent opportunity to
test the PLACE concept in a maritime environment. Furthermore, the availability of a 



Fig. 1.  NASA Ship, USNS Vanguard, Showing C-Band Antennas
for PLACE Experiment

C-band capability both onboard the Vanguard and at the NASA Space Flight and Data
Network (STDN) station located at Rosman, North Carolina, provided a convenient tool to
evaluate PLACE especially when combined with the C-band capability available on the
ATS-3 and ATS-5 satellites.

The Maritime Administration (MARAD), U.S. Department of Commerce, as a co-
experimenter2 on the Vanguard, supplied the 2.5 ft-diameter, C-band, dish antenna system
on the Vanguard, which included a C-band receiver (Fig. 1).

The 21 ft-diameter, ATS Mobile Terminal C-band antenna was already available at the
Rosman station, similarly the 30 ft-diameter SATCOM, C-band antenna system was
available on the Vanguard. Since ATS-5's high-gain, C-band antenna causes large
pulsations in earth-received signals due to satellite spin, a crucial factor was the realization
that the Vanguard’s SATCOM antenna, and the ATS Mobile Terminal antenna, had
sufficiently high effective-radiated-power (ERP) to employ the ATS-5 satellite’s low-gain
omnidirectional, C-band antenna (both transmit and receive). This made possible a
complete PLACE experiment including ship position fixing, 2-way voice and 2-way data
communications.

Operation at C-band (4/6 GHz) results in rf links that are essentially free of propagation
anomalies caused by the ionosphere including propagation delay,3 Faraday rotation and



scintillation, thereby providing an excellent test bed for PLACE system hardware. Since a
slowly-moving ship does not simulate the Doppler and multipath environment experienced
by a high-speed aircraft, the complete evaluation of the PLACE concept must await the
launch of ATS-F when L-band links will be used.

The first documentation about the PLACE system originated from NASA-Goddard in
19674 which was later updated in 1972.5 The ATS-F PLACE Experiment has been
mentioned in the literature.6-8 Its primary function is to provide simultaneous surveillance
and position fixing (within ±1 nmi) for up to 250 aircraft, in addition to providing 2-way
voice communications and 2-way, digital-data communications between a ground station
and participating aircraft.

The position fixing of each mobile user (e.g. , aircraft or ship) is determined directly from
sidetone-ranging measurements between a ground station and each user, simultaneously
through two synchronous satellites (e.g., ATS-3 and ATS- 5).

An additional facet of the Vanguard/PLACE Experiment is to position-fix the location of
the ATS-5 synchronous satellite with a triad of fixed ground stations including NASA’s
STDN stations located at Rosman, North Carolina; Mojave, California; and Mar del Plata,
Argentina (Vanguard ship).

This portion of the experiment, known as the ATS-5 Trilateration Tests, is a demonstration
of the capability of the PLACE system to position-fix the exact location of a synchronous
satellite. In general, the ATS satellites are not in perfect geostationary orbits, but rather
trace out either ellipses or figure eights over the earth.

Since the range from the Rosman station to each of the two ATS satellites is required as a
priori information, these two ranges are provided either by satellite ephemeris data, or
from a direct, in situ, measurement as performed by the trilateration tests.

The system design, and a test plan are described which include both Sea Tests and the
ATS-5 Trilateration Tests. Following this, a preliminary test result is given for the
position-location portion of the experiment.

Vanguard/PLACE Experiment.   The principal functions of the Vanguard/PLACE
Experiment are as follows:

1. Real-time position fixing of ship, within ±1 nmi, by 2-way, sidetone-ranging
measurements simultaneously through two synchronous satellites (ATS-3 and
ATS-5).

2. Duplex, 2-way, voice communications (shore-to-ship and ship-to-shore).



* An LOP is generated by a range measurement from one satellite to a user (e.g., R1), and range to
geocenter, R3.

3. Duplex, 2-way, digital-data communications.
4. Data and voice (audio) multiple access.
5. Trilateration Tests to accurately position-fix ATS-5 satellite.

The principal objectives of the Vanguard/PLACE Experiment are:

1. Determination of position-fixing capability for a mobile user (Vanguard ship)
compared to on board, precision, navigation instrumentation accurate within
±0.1 nmi.

2. Demonstration of duplex-voice and duplex-data communications, and multiple
accessing capability.

3. Demonstration of PLACE system in a maritime environment, of interest to the U.S.
Department of Commerce, Maritime Administration (MARAD).

4. Demonstration of PLACE trilateration capability for position fixing a synchronous
satellite (ATS-5).

The Vanguard/PLACE Experiment was divided into two phases: (1) a Sea Test during the
Vanguard’s voyage from March 28, 1973 until the following April 17th (20 days duration),
and (2) ATS-5 Trilateration Tests starting May 3, 1973 for about two months. A pacing
factor in the experiment schedule was the Vanguard’s March 28th sailing date.

In order to obtain an independent position-fix for a mobile user (e.g., aircraft or ship), three
ranging measurements are required: First, the range from satellite 1 (ATS- 5) to the mobile
user, R1; second, the range from satellite 2 (ATS-3) to the same mobile user, R2; and third,
the range from the earth’s geocenter to the mobile user, R3 (Fig. 2). In the
Vanguard/PLACE Experiment R1 and R2 are computed directly from sidetone-ranging
measurements made by the PLACE ground station at Rosman, N.C.; whereas the location
of the geocenter is known a priori. The user’s height, h, is assumed as the mean sea level
for the ship - in the case of an aircraft, h is measured with an onboard altimeter and
telemetered back to the PLACE ground station on a 600-b/s digital-data link.

Having thus available specific values of R1, R2 and R3 for a given mobile user, the PLACE
system computes (in real time) two independent line-of-positions* (LOP 1 and LOP 2,
Fig. 2) for that user; two possible positions are determined - the actual position, P1, and an
ambiguous position, P2, the latter being resolved by a prior information.

Communication-satellite C-band frequencies at 4 GHz (downlink) and 6 GHz (uplink)
were employed in all rf links for the Sea Tests in the Vanguard/PLACE Experiment
(Fig. 3). The ranges R1 and R2 were computed directly from sidetone-ranging



Fig. 2.  Mobile User Position Fixing by Direct 2-Way Ranging to
Two Synchronous Spacecraft

Fig. 3. Vanguard/PLACE Experiment at C-Band



measurements for the 2-way, C-band links between the Rosman station and the Vanguard.
R1 is derived from 2-way, sidetone-ranging measurements between the Rosman station, the
ATS-5 satellite and the Vanguard; whereas the range R2 is derived from sidetone-ranging
measurements made between the Rosman station, ATS-3 the second satellite, and the
Vanguard.

The sidetone-ranging transmission from the Rosman, 21 ft-diameter, dish antenna (ATS
Mobile Terminal), via ATS-5, to the Vanguard’s 30ft (SATCOM) dish antenna is
continuous; however, PLACE equipment at Rosman counts time to an assigned time slot
and commands NASA-PLACE equipment on the Vanguard to reply with a return ranging-
signal burst at the proper time. The range R1 is then computed for this propagation path
(Fig. 3).

The sidetone-ranging transmission from the Rosman, 15ft-diameter, dish antenna (Fig. 3)
to the ATS-3 satellite is also continuous; however, the high-gain, C-band antenna on
ATS-3 is spinning at approximately 97 rpm which means the mainlobe views the earth for
only about 30ms per turn. Consequently, the ATS-3 downlink signal, at 4 GHz, to the
Vanguard’s 2.5 ft dish antenna, appears intermittently every 0.6 s (approximate spin
period), and lasts for only 30 ms. Subsequently, the NASA-PLACE equipment on the
Vanguard contains digital-type, phase-lock loops which are individually locked to range
tones intermittently received from ATS-3, that recover and reproduce continuous (but
delayed) replicas of the range tones originating at the Rosman station.

The range tones received from the ATS-3 satellite are in turn relayed back to the Rosman
station by way of the Vanguard’s SATCOM terminal and the ATS-5 satellite (Fig. 3). The
range R2 is then computed for this more complex propagation path.

Various time delays in transmission cables, station electronic equipment, ATS satellite
repeaters, and the propagation path introduce range biasing when determining ranges R1

and R2. The biasing due to the majority of the delays are eliminated by equipment
calibration. The remainder of the range biasing is negligibly small; for example, the time
delay uncertainty in the ATS-3 and ATS-5 C-band repeaters is known within 50ns (15m,
one-way range error), and the maximum, uncorrected, propagation delay in the
atmosphere3 is also on the order of 50 ns at 8 GHz - both negligible compared to the
PLACE basic instrumentation accuracy of 100mrms, in range, due to internal variance.

PLACE Hardware Design.   In early 1970, a NASA hardware contract for several
aircraft transponders, containing an L-band transmitter/receiver and modem, was issued;9

consequently, in mid-1971, a similar contract10 was awarded for PLACE ground-station
equipment, for an approved PLACE Experiment on the ATS-F satellite.



In the Fall of 1972, members of the NASA-Goddard Communications and Navigation
Division originated the concept of employing the Vanguard to demonstrate the PLACE
system at C-band(4/6GHz). The pending delivery of the PLACE hardware was then made
commensurate with the Vanguard’s departure date (March 28, 1973). However, it became
necessary to fabricate an additional rack of electronic hardware, for installation on the
Vanguard, over-and-above that PLACE hardware already committed for the ATS-F/
PLACE Experiment.

Sidetone-ranging measurements from the Rosman station to the Vanguard, via ATS-5, are
made by means of four sinusoidal tones at 8.575, 8.55, 8.40 and 7.35 kHz; a second set of
range tones, consisting of only three tones at 8.575, 8.40 and 7.35kHz, are phase
modulated (1 rad rms deviation) and transmitted to the Vanguard via the ATS-3 satellite.
The second set of range tones are in turn relayed back to the Rosman station by means of
the Vanguard SATCOM terminal and the ATS-5 satellite (Fig. 4).

Fig. 4.  Vanguard/PLACE Experiment Frequency Spectrum



The ranging replies from the Vanguard to ATS-5 consist of tone bursts that are timed,
sequentially, in a time-division-multiplex (TDM) manner. The TDM sequence repeats
itself each 64 s (an epoch), and contains 320 time slots, each slot length being 200ms long.
For example, the range tones from which the range R1 is derived is contained within a
single 200-ms time slot; whereas the range tone information for range R2 is contained in an
adjacent, identical, time slot.

Each 200-ms time slot constitutes a single ranging measurement that is integrated for 120
ms; ordinarily, one ranging measurement is made per epoch (64 s), representing a position-
fix update rate of 1/min. However, a faster update rate is available; an update rate of 10
ranging measurements per min. was selected for the Vanguard/PLACE Experiment to
demonstrate this capability and provide more ranging data. A necessary condition is that
the mobile user does not move appreciably, between ranging measurements, compared to
1 nmi (the system accuracy).

Timing synchronization is established by means of a differentially-coherent, phase shift
keyed (DCPSK) data transmission at 600b/s, which together with the four range tones,
constitutes the surveillance and ranging (S and R) channel (Fig.4). The 600 b/s digital-data
signal and the four ranging tones are modulated in phase quadrature 11 120 data bits/time
slot (200 ms) are present in the return link for telemetry and other functions.

The PLACE frequency spectrum, for the 4 GHz and 6 GHz C -band links between
Rosman, ATS-5 and the Vanguard, consists of a single S and R channel, 3 voice (af)
channels, and 3 high-rate (HR) data (1200b/s) channels (Fig. 4) that are frequency-
division-multiplexed (FDM) onto separate carriers. Each mobile user is assigned one “af”
channel and one “HR-data” channel, as a pair; two other such pairs are available as
alternate channels for other users.

The voice (af) channels rf bandwidth is 25kHz (±12.5kHz), which is more than sufficient
for a voice spectrum; the voice channel employs an adaptive, narrowband, frequency-
modulation (ANBFM) technique12 whose performance has been reported by Wishna,  
et al.13-15

The HR, 1200-b/s, data channel also employs a differentially-coherent, phaseshift-keyed
(DCPSK) modulation, similar to the 600-b/s digital data in the S and R channel, which is
assigned an rf bandwidth of 10kHz (±5kHz). The channel spacing between af and HR
channels is front-panel adjustable as an added refinement to minimize effects of rf
interference (rfi); typical channel spacings are shown in Fig. 4.



In order to further reduce rfi, optimum values of the C-band carrier frequency, f0, were
selected which fall within the 25-MHz rf pas sband of ATS-5's relay repeater (frequency
translation mode).

Rosman Station Configuration.   The Vanguard/PLACE Experiment’s equipment
configuration for the Rosman station (Fig. 5), for the Sea Tests, contains both 6 GHz and
4 GHz links between Rosman and the ATS-3 satellite. Although not a ranging link, the
fixed, 8E-wide, mainlobe beamwidth of the 2ft-diameter dish antenna in the 4-GHz
Monitor Link monitors received signal strength from ATS-3 to provide information to steer
manually the narrow, 0.7E, beamwidth (3 dB) of the Rosman, 15-ftdiameter, transmitting
dish antenna. This insures that the 0.7E beam is always pointing toward ATS-3; the ATS-3
satellite drifts approximately ±3E in latitude, about the equator, over a 24-h period.
Because of satellite local-oscillator frequency drifts, a secondary function of the Monitor
Link is to provide a vernier frequency adjustment to maintain a constant frequency of
4.1100 GHz (f0), from ATS-3 to the Vanguard, by manually controlling the uplink
frequency at the Rosman C-band transmitter (Fig. 5). The ATS-3 Monitor Link is not
required in an operational system.

Fig. 5.  Rosman Station Configuration, Vanguard/PLACE Experiment Sea Tests
 
The PLACE Control Center (Fig. 5) contains an on line type PDP-11/20 computer,
including a Central-Processor Unit (CPU), DEC writer, Master and Slave Tape Units, and
132-column-wide Line Printer, for calculating in real time the latitude/ longitude position
coordinates of the Vanguard, using a Kalman-type filter. A priori, predicted, satellite-
ephemeris data, for both the ATS-3 and ATS-5 satellites, is inputted to the PDP-11/20
computer from a magnetic tape whose source data originated from the NASA-Goddard



Range and Range Rate (RARR) system.16 An updated position of the Vanguard can be
computed off line from recordings of ranging measurements from the PDP-11/20 Tape
Units, at a time when updated, and more accurate, post-measurement RARR data becomes
available.

The PLACE Ground Equipment at Rosman (Fig. 5) originates 2-way, sidetone-ranging
signals, 2-way voice communications, and 2-way, HR-data (1200b/s) communications, for
transmission to-and-from the Vanguard’s SATCOM Terminal, via the ATS-5 satellite.
Interfacing with the ATS Mobile Terminal occurs at 70-MHz i-f; C-band transmissions to-
and-from ATS-5 have orthogonal-linear polarization.

The PLACE Ground Equipment also originates the second set of 3 range tones for
transmission to the Vanguard via the 15 ft dish antenna, and the ATS-3 satellite.
Interfacing with C-band transmitter is also at 70MHz; C-band transmissions to ATS-3 are
linearly polarized and have a fixed, polarization-tilt angle.

Instrumentation included with the PLACE Ground Equipment, at Rosman, consist of an af
tape recorder, and a Frederick-600 Data Test Set for maintaining 2-way voice (af) and
1200-b/s HR, digital-data communications, respectively, with similar equipments located
on board the Vanguard. A 7-channel, instrumentation recorder (type FR-600) was located
at Rosman, and onboard the Vanguard, for recording functions including receiver age,
GMT time-code signals, and bit error probability in the 1200b/s data channel.

Vanguard Equipment Configuration, Sea Tests.   C-band equipment on board the
Vanguard maintains communications with both the ATS-3 and ATS-5 satellites for the Sea
Tests (Fig. 6). The SATCOM’s, 30ft-diameter, C-band, dish antenna receives 4 GHz
transmissions from ATS- 5 including the S and R channel (4 range tones and 600b/s data),
voice and 1200-b/s (HR) data signals, originating within PLACE Ground Equipment at the
Rosman station.

A critical subsystem is the PLACE Aircraft Modem which relays the S and R channel,
containing the 4 range tones, back to Rosman via the SATCOM’s C-band transmitter and
the ATS-5 satellite. A 60/70MHz i-f Converter translates the 60 MHz i-f output from the
modem up to 70MHz required for the SATCOM system. The modem also receives, and
originates, both voice (af) and 1200b/s digital-data signals.

ATS-3, the second satellite, relays the second set of 3 range tones also originating at
Rosman, to the Vanguard by means of a 2.5 ft-diameter, C-band, dish antenna system
onboard the Vanguard.



Fig. 6.  Vanguard/PIACE Experiment Equipment on Vanguard for Sea Tests

C-band Link Calculations.   For a transmitting and receiving antenna axially aligned
within the far field, the power at the receiving antenna’s output terminals is given by

(1)

PT = input power to transmitting antenna, watts
GT = effective power gain of transmitting antenna
(PTGT) = effective radiated power (ERP) of transmitting antenna, watts
GR = effective power gain of receiving antenna
8 = free space wavelength
d = distance between antennas (same units as 8)

= free space path loss factor where space loss,

(2)

It is helpful to express (1) in decibels referred to 1 watt as
dBW = 10 log PR (3)



In general, a low-noise preamplifier is located at the receiving antenna’s output terimnals
to reduce the system effective noise temperature defined by Kraus17 as

Tsys = TR + ,TA + (1-,) T0 degrees Kelvin, EK (4)
where

TR = preamplifier noise temperature, EK, including contributions from following
stages.

The second and third terms on the right-hand side of (4) result when transmission line loss
between the antenna and preamplifier input terminals is not zero, but

,# 1, the transmission line power loss,
TA = antenna noise temperature, EK, and
T0 = ambient physical temperature of transmission line, EK.

The received signal-to-noise power density can then be defined as

(5)

where

N0 = system noise power density, dBW/Hz, and
k = Boltzmann’s constant = 1.38 x 10-23 J/EK.

The 4/6 GHz C-band links between the Rosman station and the Vanguard have a
satisfactory signal-to-noise power density even when ATS-5's omnidirectional antenna
(Fig. 7) is employed. An analysis of the 2-way RF links through ATS-5, using (1)-(5), is
given in Tables I and II.

When utilizing ATS-5's omnidirectional C-band antenna, reliable 2-way communications
between Rosman and the Vanguard can be established only when using kw-power
transmitters, in the uplinks, and low-noise preamplifiers in RF link receivers. For example,
the 6.22 GHz, shore-to-ship uplink from Rosman to ATS- 5 employs a 3 kw (34.8 dBW)
transmitter, into a 21 ft-diameter dish antenna with 48.5 dB gain, resulting in a linearly-
polarized ERP of 82.3 dBW (Table 1). From (1)-(3), the signal power out of ATS-5's co-
polarized receiving antenna becomes



** ATS-5's ornnidirectional, linearly polarized, radiation is actually a dipole-shaped pattern with
nulls roughly perpendicular to the earth-satellite line.

From (4), (5) for ATS-5ts C-band receiver and omnidirectional antenna,

Similarly, the 4.13 GHz downlink signal from ATS-5** to the Vanguard’s SATCOM
antenna (30 ft diameter dish) has an ERP of 6.9dBW (Table I) which is received by the
SATCOM 30 ft dish, having 48.0 dB gain, and a 70EK, low-noise (cooled), parametric
preamplifier. The resulting signal-to-noise power density out of the SATCOM receiving
system (Fig. 6) is PR /N0 = 58.0dB-Hz (Table I) into the PLACE Aircraft Modem onboard
the Vanguard. This value is 4 dB greater than the minimum required.

The minimum value Of PR IN 0 is 54 dB-Hz, a value required for a fully-loaded PLACE
spectrum consisting of S and R channel (600b/s data and 4 range tones), 3 voice channels 



Fig. 7.  Vanguard/PLACE Experiment C-band Link Parameters

and 3 H-R(1200b/s) data channels using ATS-5's frequency-translation (FT) mode. 10 At
the minimum value, threshold values for individual channels in the composite PLACE
spectrum become:

S and R 42 dB-Hz
H-R (1200b/s) Data 42 dB-Hz
Voice 46 dB-Hz.

Similarly, the return, ship-to-shore, RF link from the Vanguard’s SATCOM system to
Rosman’s 21 ft-dish, ATS Mobile Terminal produces a comparable value of PR /N0 = 57.0
dB-Hz (Table II).



Whereas the 2-way, C-band links between Rosman and the Vanguard (via ATS-5)
produce sidetone-ranging measurements from which the satellite-to-user range, R1, is
derived, a 1-way C-band link from Rosman to the Vanguard (via ATS-3) produces
sidetone-ranging measurements from which the second satellite-to-user range, R2, is
obtained. The 6.20 GHz, shore-to-ship, uplink from Rosman to ATS-3 employs a 2.5kw
(34.0 dBW) transmitter, into a 15ft-diameter dish antenna with 46.0 dB gain (Fig. 7),
resulting in a linearly-polarized ERP of 79.5 dBW (Table III). Since ATS-3 has a co-
polarized, directional, C-band receiving antenna (16.2 dB gain), a peak value of PR/N0 =
91.5dB-Hz exists in ATS-3's receiver when the peak of ATS-31s main lobe sweeps past
Rosman.

Similarly, on the downlink, a peak value of PR/N0 = 53.6 dB-Hz exists in the MARAD
C-band receiving system, utilizing a 2.5ft-diameter dish (27.3 dB gain) and a 200EK, low-
noise preamplifier,2 onboard the Vanguard. This value exceeds the signal threshold of the
onboard, digital, phase-lock loops by a sufficient margin so that the electrical phase error
of the range tones does not exceed 1/3Erms, a negligible error, between signal peaks.

Operational Test Plan.   Operational checkout testing between the Rosman and
Vanguard terminals, using ATS-5, began on March 5, 1973; the Sea Tests using both
ATS-3 and ATS-5 were made during the 8 days when the Vanguard sailed from Port
Canaveral to the PIONEER Test Support Position (TSP), followed by an additional 10
days while the Vanguard sailed to Mar del Plata, Argentina (Fig. 8).

The Vanguard’s route over both northerly and southerly latitudes provided an excellent
opportunity to measure geometrical dilution of position (GDOP). GDOP values in Figure 8
give ship position-location error when multiplied by satellite position error (one standard
deviation), assumed equal and independent in any direction for both satellites. Theoretical
values of GDOP range from about 0.4 to 5.0 for the Vanguard’s sea route, for ATS-3 and
ATS-5 located at 73EW and 105EW longitude, respectively (Fig. 8).

Approximately 60 hours of experiment time were scheduled for position-location
measurements, involving both the ATS-3 and ATS-5 satellites, during the 18 days the
Vanguard was sailing. The Vanguard/PLACE Sea-Test experiment began March 29, 1973,
the second day out of port (Fig. 8), and extended through April 15th while the Vanguard
travelled from Port Canaveral to the alternate port of Buenos Aires, Argentina.
Approximately 50 hours of position-location measurements were actually obtained, during
the Sea Tests, and 30-odd hours of voice and H-R (1200 b/s) data transmissions were
recorded.



Fig. 8. Vanguard Sea Route for PLACE Experiment

Preliminary Test Results.   The Vanguard/PLACE experiment, during the Sea Tests, was
an overwhelming success in that the principal objectives of the experiment were met.
Initial quick-look results indicate that the Vanguard’s position was determined within two
nautical miles, even for uncorrected data, compared to the Vanguard’s true position. For
example, typical PLACE-computed data (Fig. 9) demonstrates that the Vanguard’s north
latitude was determined within 2 nmi and west longitude within 1 mni, for 1.5 hrs of data.
The corresponding theoretical GDOP value is about 0.6 for this location (Fig. 8). Updated,
post-measurement, satellite-ephemeris data should improve the test result.

As stated earlier, the Vanguard’s true latitude and longitude coordinates are known within
±0.1 nmi by means of onboard navigation instrumentation. The true position reported by
the Vanguard is a composite average of data from various systems including the ship’s
inertial navigation system (SINS), and position-fixes from the SRN-9, transit-satellite
system.



Fig. 9. Experimental Position-Location Data, Vanguard/PLACE Sea Test



A preliminary analysis of the 2-way voice channel measurements indicate that the
performance of the ANBFM voice system was excellent as determined by intelligibility
and articulation-index analysis tests. However, a sharp null in the scalloped,
omnidirectional, antenna radiation pattern, in the ATS-5 satellite, caused some difficulty
with synchronization in the digital-data communications channels.

ATS- 5 Trilateration Tests.   To determine the satellite-to-user ranges R1 and R2 (Fig. 2)
requires a knowledge of the satellite-to-ground station range, the latter range being
provided either by a priori satellite-ephemeris predictions, or in situ, satellite-trilateration
measurements. Trilateration is the preferred method since more frequent, and more
accurate, updates of satellite position can be provided.

The unique location of the Vanguard, while docked at Mar del Plata, Argentina, provides
unusually long baselines with the Rosman, N. C. and Mojave, California NASA-STDN
stations for accurately determining the position of the ATS-5 satellite by geometrical-
trilateration measurements. To accomplish this, a relay transponder will be placed at each
of the three stations, whose locations must be known within 15m, and performing
sidetone-ranging measurements with the PLACE ground equipment at Rosman.

Ideally, the orbital position of the satellite should be known within 1.5km1 for determining
a user’s position location within 1 mni. The objective of this portion of the experiment is to
locate the ATS-5 satellite’s position with this accuracy, independently of external data
defining satellite orbital motion (i.e., orbital elements).

Satellite trilateration at C-band (4/6 GHz) provides rf links essentially free of propagation
anomalies;3 however, in the forthcoming ATS-F PLACE Experiment5-8 trilateration tests
will be performed using a combination of C-band and aeronautical L-band frequencies.
Therefore, it would be desirable to make simultaneous Cband and L-band trilateration
measurements, using ATS-5, to compare their relative performance.

At the suggestion of Anderson18,19 the General Electric Company’s (GE) Radio-Optical
Observatory, located at Schenectady, N.Y., will conduct 2-way sidetone-ranging
measurements, at L-band, simultaneously with NASA-Vanguard/PLACE sidetone-ranging
measurements, at C-band, for satellite trilateration. Such a joint experiment will provide a
direct comparison of C -band and L-band performance.

The ATS-5 satellite contains both C-band and L-band relay repeaters which may be
operated, simultaneously; Kissel20,21 describes the performance characteristics of the
ATS-5 satellite.



Conclusions.   The system design, and an experiment operational test plan, have been
described for demonstrating and evaluating the NASA-Goddard Position Location and
Aircraft Communications Equipment (PLACE), at C-band, using NASA’s ship, the USNS
Vanguard, and the ATS-3 and ATS-5 synchronous satellites.

The Sea Test phase, extending from March 29, 1973 to April 15, 1973, has been
successfully completed. Approximately 50hrs of position-location measurements were
obtained, and 30-odd hours of voice and H-R (1200b/s) digital-data transmissions were
recorded.

The principal objectives of the experiment were achieved; typical PLACEcomputed,
position-location data is shown for the Vanguard.

The test data and practical operational experience gained from this experiment firmly
establish that the PLACE technical concept is valid for mobile-user surveillance and
communications. The PLACE concept will be evaluated further at L-band, in forthcoming
tests with the Application Technology Satellite ATS-F, scheduled for launch in early 1974.

The joint NASA/GE, C-band/L-band, satellite-trilateration tests began on May 3, 1973,
with the ATS-5,satellite, and will be continued for several months.
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Table I
ATS-5 RF Link Calculation, Shore-to-Ship



Table II
ATS-5 RF Link Calculation, Ship-to-Shore



Table III
ATS-3 RF Link Calculation, Shore-to-ship
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Summary.   Concepts of VHF analog magnetic recording are discussed; problem areas are
reviewed; and solutions are outlined. Attention is drawn to the conductive-gap-spacer
recording head. The unique field contours of this recording head with Alfesil pole faces are
analyzed in relation to the recording of very short wavelengths. The field gradients of the
unloaded head are computed for various conditions such as maximum magnetization
depths, positions in the tape coating, and gap lengths. Comparison of the driven-gap-
spacer head using Alfesil pole faces with the ferrite driven-gap-spacer head and the
conventional ring-core head shows the Alfesil type to be the most effective for a-c bias
VHF recording at very short wavelengths. Problems associated with short-wavelength
recording and reproduction are reviewed. In spite of good short-wavelengths capabilities
of the Alfesil head, the requirement for a high head-to-tape speed continues to be
mandatory to minimize wavelength reproduction losses.

Introduction.   A major obstacle facing ultrawideband recording is the inherently limited
capability of the reproducing heads to resolve short-wavelength recordings. Modern, high-
resolution heads are able to distinguish recorded wavelengths no shorter than 40 µin. In
view of head limitations and other short-wavelength losses, VHF recording can be
achieved, in principle, by increasing the tape velocity relative to the head. However,
simply increasing the speed of a standard 120-ips recorder would, in practice, lead to
insurmountable problems. For one thing, the air film between the tape and the recording
head would enlarge, thereby aggravating the already difficult head-to-tape contact
problem. Furthermore, as head-to-tape velocities are increased, wear and frictional heating
become dominating factors. Few improvements can be expected from standard recording
approaches utilizing a fragile, elastic, poorly-supported tape drawn across a head.

Narrow-gapped heads, while more efficient for high-frequency recording, are particularly
sensitive to degradation in contact and positional integrities. Tape-tracking errors and



longitudinal perturbations during high-speed recording would also lead to larger timing
errors at reduced playback speed. Therefore, under normal recording conditions, high
packing density and high tape velocity appear to be mutually exclusive. Enhanced
electrical losses at high frequencies present still another serious impediment to
ultrawideband recording. Consequently, standard design practices had to be abandoned.

The approach taken by the Harry Diamond Laboratories utilized a high-speed tape
transport of unique design.1 This transport permits VHF signals to be recorded at
wavelengths that conventional instrumentation recorder/reproducers can reproduce at their
slower speeds. The recording-head design employs a conductive gap spacer placed
between the pole faces. This gap spacer is driven by both the a-c bias current and the
signal current to produce the composite recording flux. This ferrite head may, or may not,
include Alfesil (or Sendust)2,3 pole tips.

The gap-spacer approach to recording-head design4 is, to date, the only practical way
known to achieve tape magnetization with bias frequencies of 80 MHz and above. In a
conventional ring-core head, not only are the core losses prohibitive at these frequencies,
but also the large number of coil turns may reduce the resonance frequency below
acceptable values. Some of the principal factors controlling the VHF recording process
will now be analyzed in more detail.

Driven-Gap-Spacer Recording Heads.   A serious problem facing the designer of a VHF
recording system concerns the generation of sufficient a-c bias flux. A compromise must
be made between selecting a sufficiently high bias frequency and controlling the core
losses. A higher bias frequency would require a larger driving current to overcome these
core losses. It is apparent that satisfying the more demanding VHF flux requirements by an
increase in the number of turns would reduce the resonance frequency.

The ring-core head is also limited by its inadequate field gradient. The field gradient
determines the width of the recording zone, wherein the magnetic field intensity ranges
within ±10% of the tape coercivity. If a coercive force Hc = 290 oe is assumed, the
recording zone extends from about 320 to 260 oe. The effect of the recording-zone width
upon the recorded wavelength is similar to that of the gap width. In a ringcore head, the
recording zone extends 30 to 60 µin. at the head-to-tape interface. It increases with bias
level, thereby resulting in additional short-wavelength signal suppression.

New recording vistas were opened by the driven-gap-spacer heads. These recording heads,
used in the high-speed tape transport,1 are made of a Ni-Zn ferrite and may have Alfesil
pole faces (5.7% Al, 9.5% Si and remainder iron).2 The gap spacer is either a vacuum
deposit, or a thin foil, of silver sandwiched between the pole faces.



The conductive gap spacer is driven by both the VHF bias and the signal currents. A tuned
bias trap prevents the bias current from entering the signal circuit. For optimum operating
efficiency, the head impedance is tuned for parallel resonance at the bias frequency. The
driving arrangement of the recording head is shown in figure 1.

Efficient operation is in part due to the abrupt field gradient within the Alfesil pole faces.
The flux around the gap spacer is confined to a very thin layer at each pole face by the
magnetic skin effect. The frequency and the pole material determine the thickness of this
layer according to

(1)

where

* = skin depth in mils
f = frequency in MHz
µr = relative permeability
Dc = resistivity of copper (1.724 µS·cm)
D = resistivity of pole material.

The skin depth for Alfesil was calculated by selecting2

which yields

For a bias frequency of 100 MHz and a signal frequency of 25 MHz the respective skin
depths are 14.4 and 28.8 µin. Either is substantially less than the gap length. Since the bias
field attenuates through the recording zone about twice as rapidly as the signal field, a
more realistic anhysteretic magnetization process is achieved.

In addition to Alfesil, skin depth calculations were made for a Ni-Zn ferrite (Ferroxcube
4R5, Bulletin 1026). For



If the bias frequency again corresponds to 100 MHz, the skin depth for the ferrite is 15.7
mils, or about three orders of magnitude larger than that of Alfesil. Because of its large
skin depth, the driven-gap-spacer ferrite head has field contours similar to those of a ring-
core head. Therefore, its field gradient and its short-wavelength capabilities are more
nearly like those of the ring-core head than that of the Alfesil head. Nevertheless, the high-
frequency capability of the driven-gap-spacer ferrite head is far superior to that of the ring-
core head. If emphasis is placed on high-frequency, short-wavelength recording, the Alfesil
head will have a definite advantage over the ferrite head because of its much larger field
gradient. A detailed discussion of this characteristic follows later.

The electrical skin depth of the silver gap spacer is calculated to be 250 µin. at 100 MHz.
Consequently, for a 100-µin.-thick gap spacer, the electrical current will be essentially
uniform over the cross section of this conductor.

A significant improvement in the field gradient and a corresponding reduction in the
recording-zone width is achieved by adding Alfesil pole faces. Because the skin depths in
the Alfesil pole faces are less than one-tenth the effective gap length, the magnetic poles
can be regarded as magnetic line sources. An expression for the field gradient can now be
derived from figure 2 under this two-dimensional approximation. Let

F(z) = U + jV (2)

where U(x,y) and V(x,y) are conjugate solutions of Laplace’s equation in the complex
variable z = x + jy. For two equal magnetic line charges of opposite polarity

(3)

so that U = Re F represents the magnetic potential function, and V = Im F represents the
magnetic stream function. A is a constant determined by the magnitudes of the equivalent
magnetic line charges. Thus,

and



According to figure 2, the potential function, U, can be written in terms of a, x, and y as

(4)

The x component of the magnetic field intensity is therefore given by

(5)

Midway between the pole faces, where x = 0, the magnetic field intensity is given by

(6)

as shown in figure 2. The constant A in equation (6) is determined for given values of the
field intensity, magnetization depth, and gap length.

The equation for the magnetic field gradient can be simplified to

(7)

where

The equation for the field gradient further simplifies if the gradient is examined along the
field line that forms the semicircular arc centered at the coordinate origin and, of course,
passes through the line charges at x = ±a, y = 0. Along this line, x2 + y2 = a2, and the field
gradient is given by

(8)

If a tape magnetization depth of y = a (the radius of the semicircular flux arc) at x = 0 is
assumed, the magnetic field intensity along this arc is uniform. Letting this intensity be
equal to the coercivity of the tape coating, Hc = 290 oe, the constant A of equation (6) can
be evaluated for a given gap length, 2a. For each value of the gap length, the field gradient
can then be calculated for any point on the semicircle using equation (8). Table I
summarizes the calculated field gradients in terms of the coordinate angle, N = arc tan
(y/x), and the gap half width, a.



Curves based on table I and equation (8) are displayed in figures 3 and 4. Figure 3 exhibits
the field gradient as a function of depth, y, into the recording medium. The curves were
constructed for various gap half-lengths ranging from 50 to 250 µin. The field gradient
versus gap half-length for the semi-circular field contours at angle N = 30E is shown in
figure 4. Figure 5 relates the field gradient to the magnetization depth. A field intensity of
Hc = 290 oe was assumed for various depths, y, into the medium at x = 0, corresponding to
angles 2 of 30E, 45E, and 60E. The field gradient was calculated at points x,y
corresponding to N= 30E using equation (7).

The graphs clearly indicate how various factors influence the field gradient in an Alfesil
driven-gap-spacer head. Although the skin depth in Alfesil is negligibly small for most
purposes, the magnetic line charge approximation is not accurate very near the magnetic
poles of the recording head. In the proximity of the poles, e.g., for y < 0.174a, N < 10E,
the calculated field gradients are substantially larger than the actual values. Nevertheless,
the field gradient does become very large, particularly in the outer region of the tape
coating. This becomes evident if a comparison is made to a typical ring-core head for
which the field gradient in this region is only about 1 oe/µin.

The Alfesil driven-gap-spacer head is represented by the magnetic line charge model most
accurately at higher bias frequencies. For short-wavelength recording, a high bias
frequency will therefore be most effective.

The effect of the gap length on the field gradient is shown in figure 4. Although lower
magnetic field intensities result using shorter gaps, the field gradient shows a
corresponding definite improvement. However, the advantages of a gap of less than 100
µin. are not warranted for any short-wave length recording at this time.



In contrast to the ring-core head, the field gradient in the Alfesil gap-spacer head increases
with the depth of magnetization as shown in figure 5. For the latter head, increasing the
magnetization depth steepens the slope of the field contours at the ends of the recording
zone. This effect is indicated in figure 2 for the various contours at, for example, N = 30E.
This improvement of the gradient is effective only up to a maximum recording depth of
%3̄ a, thereafter, the improvement becomes negligible.

To estimate the length of the recording zone, let Hc = 290 oe. The recording range then
extends from 320 to 260 oe, or )H = 60 oe. For a magnetization depth, y = a at x = 0, and
an effective gap length of 150 µin., the gradient at y = 0.5a is 12 oe/µin. The width of the
recording zone is then only 5 µin. and becomes still smaller for the outer regions of the
tape coating (y < 0.5a). Therefore, Alfesil driven-gap-spacer heads can easily record
wavelengths as short as 15 or 20 µin. The field lines and the recording zone for such a
head are shown in figure 6.

Losses and Practical Limitations.   The advancements in VHF recording design is
impeded by various limitations. Head losses continue to be a problem in recording very
high frequencies, but this problem has been reduced to a point where it is no longer a
dominant limitation. The principal remaining difficulties are in maintaining intimate head-
to-tape contact at high recording velocities and with the limited resolution and lossy
reproduction processes available for short-wavelength recordings. At tape speeds
exceeding 2000 ips, extreme care must be exercised to maintain adequate head-to-tape
contact. This is particularly important for narrow-gapped recording heads since the
separation loss is directly proportional to the ratio of separation to gap length. At high
speed, this contact problem is compounded by an increased air film, frictional heating,
oxide ruboff onto the head, and runout and vibrational problems. Aside from higher driving
current requirement due to lower sensitivity, high-energy tapes, because of higher surface
roughness, are even more adversely affected by oxide ruboff and frictional heating.
Effective utilization of high-energy tapes for high-speed recording is therefore rather
doubtful.
The VHF capability of the Alfesil gap-spacer head to record at extremely short
wavelengths, still encounter problems in the reproducing process. Even if narrow-gapped
ferrite reproduce heads prove effective at resolving wavelengths shorter than 40 µin, the
wavelength-dependent reproduction losses would be extremely large. The dependence of
the reproduce-head core flux upon the recorded wavelength is given by5



(9)

where
 Nc = core flux in reproduce head
8 = recorded wavelength
S = head-tape separation
T = tape coating thickness
 2a = reproduce head gap length.

Assuming

8 = 40 µin
S = 10 µin
T = 200 µin
a = 10 µin

the various reproduction losses appearing as factors in equation (9) are:

the thickness loss

the separation loss

the gap loss



Obviously, the short-wavelength losses can be severe. The thickness loss is particularly
high, therefore, a thin coating and a shallow recording depth should be sought for short-
wavelength recording. The necessity for good head-to-tape contact is also clear. Certainly,
the rather poor efficiency of a 20-µin. head gap cannot be ignored. In particular flux
shunting will incur additional losses. Therefore, reducing the recorded wavelength does not
completely answer the VHF recording problem. Consequently, the relative head-to-tape
velocity should be maintained as high as practicable.

Conclusion.   Of the heads considered, the Alfesil driven-gap-spacer head appears to be
the most effective choice for a-c bias recording of VHF signals at very short wavelengths.
Due to its gap-spacer configuration and minimal skin depth, an extremely large field
gradient can be obtained compatible with the recording requirements of the shortest
wavelengths. In contrast to the ring-core head, increasing the bias level has been shown to
improve the short-wavelength response up to a limit but tape depth losses are still to be
considered. Graphs were presented for the theoretical field gradient as functions of
intensity level, gap length, and tape penetration. During most of the experimental testing,
the gapspacer was driven by both the bias current at 100 to 200 MHz and the VHF signal
current. A variation of this head utilizes a coil consisting of a few turns wrapped around
the core and driven by the signal current.

The ferrite driven-gap-spacer head shares many of the advantages of the Alfesil head.
However, because of its higher resistivity, the skin depth is very much larger and,
consequently, the field gradient is only slightly better than that of a similar ring-core head.

Wavelength reduction, however, is not the complete answer to VHF recording. Reliable
high-speed tape transports--for some applications complimented by rotating head
arrangements--as well as more compatible tapes will continue to be of importance.
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Fig. 1 - Recording-Head Driving Arrangement.

Fig. 2 - Magnetic Line-Source Analogy.



Fig. 3 - Field Gradient for the Semicircular Field Contour as a
Function of y for Various Gap Half Lengths, a.

Fig. 4 - Field Gradient for the Semicircular Field Contour as a
Function of the Gap Half Length, a.



Fig. 5 - Field Gradient as a Function of Magnetization Depth, y at x = 0.

Fig. 6 - Magnetic Field Lines Across the Gap of an Alfesil Driven-Gap-Spacer Head.
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THE INFLUENCE OF CARRIER FREQUENCY ON SNR
FOR FM SYSTEMS1
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Summary.   The influence of carrier frequency on broadband signal-to-noise ratio is
derived for a frequency modulated tape recording system. Optimum signal-to-noise
performance occurs at the value of carrier frequency where the carrier-to-noise ratio is
falling at 6 dB/octave. Signal-to-noise ratio is relatively insensitive to changes in carrier
frequency about the optimum value.

Introduction.   It is well known that fm systems can give significant improvements in
signal-to-noise performance over am systems. However, in order to take full advantage of
the improvements possible for a given system, the designer must known the system
parameters and their effect on signal-to-noise performance. Then he can alter the system
design in order to obtain the optimum performance. This paper presents briefly the
derivation of signal-to-noise ratio for fm systems. The derivation is adapted to express
more accurately the conditions found in magnetic recorders and to show how a particular
parameter, carrier frequency, might be chosen for optimum signal-to-noise.

Analysis.   Figure 1 shows a block diagram of the limiter and discriminator portion of an
fm system. For high signal-to-noise ratios as found in tape recorders it is quite accurate to
calculate the noise output in the presence of an unmodulated carrier and then to calculate
the signal output without the noise present. The noise voltage with a spectral density, Ni,
will produce noise fm on the carrier which will be demodulated and appear as a base-band
noise spectral density, No, as shown in Figure 2. The noise at frequency f contained in a
small bandwidth df can be expressed as an equivalent sinusoidal voltage

en = An(f) cos[2Bft + Mn(f)] (1)

where

and Mn(f) is a random phase angle. For a carrier voltage



ec = Ac cos(2Bfct), (2)

noise voltage (1) will produce amplitude and angle modulation. After limiting, only the
angle modulation will remain, giving for the voltage in ut to the discriminator

(3)

The base-band or frequency-demodulated noise component at the discriminator output
caused by noise at frequency f is equal to

(4)

with mean-squared value

(5)

Kd is the frequency discriminator gain transfer constant.

In order to add the noise produced at different frequencies, we must sum the mean-squared
noise voltages. For a low-pass filter with bandwidth fm following the discriminator, noise at
the limiter input from a frequency band fc-fm to fc+fm will appear at the filter output. The
total mean-squared noise voltage at the output will be given by

(6)

This expression may be written in terms of the base-band frequency, fb = *f-fc*. By a
suitable change of variables, the output noise can be more conveniently expressed as

(7)



where, No(fb), the base-band noise spectral density is given by

(8)

Equation (8) is used to obtain the curve of Figure 2(b) from the curve of Figure 2(a).

The output noise can be calculated from equations (7) and (8) whenever the limiter input
noise spectral density, Ni. is known. In magnetic recording systems Ni is usually not
constant with frequency, as shown in Figure 2(a). However, it often can be sufficiently
represented over the frequency band by a sloping straight line approximation. Thus, let Ni

vary linearly with frequency and be equal to Nc[1 + s(f-fc)/fc], where s is the slope of the
noise density with frequency, and Nc is the value at the carrier frequency, fc. The output
mean-squared voltage becomes independent of slope, s, and is given by

(9)

Next, the mean-squared signal voltage from the discriminator is known to be

(10)

where )f is the peak frequency derivation. Signal-to-noise ratio is then given by

(11)



(C/N)i is the carrier-to-noise ratio at the input to the limiter for a spectral density, Ni. that
varies linearly with frequency over the band from fc-fm to fc +fm . Equation (11) completes
the derivation of signal-to-noise ratio.

Design Considerations.   When choosing the carrier frequency of an fm system for
magnetic tape recorders it is desirable to examine signal-to-noise ratio performance for a
fixed ratio of peak frequency deviation to carrier frequency, )f/fc. Holding )f/fc constant
provides constant protection against flutter. Circuits and tape signal transmission capability
usually allow )f to increase as fc increases. We see that signal-to-noise ratio becomes

(12)

allowing the possibility of choosing fc, the carrier frequency, for optimum signal-to-noise.

As an example, let the variation of (C/N)i for a hypothetical tape recorder be sinusoidal
with frequency, as shown in Figure 3. Figure 3 also shows a plot of the corresponding
(S/N)o vs. fc. We note that there is an optimum (S/N)o, for an fc which is 1.45 times the
frequency at which (C/N)i is maximum. Placing the carrier frequency at this value
improves the signal-to-noise ratio by 2 dB or 60% over that obtained by optimizing the
carrier-to-noise ratio at the input to the limiter. Given the relationships derived above and a
theoretical or experimental carrier-to-noise ratio, the designer can then optimize signal-to-
noise ratio by choice of carrier frequency, using analytical or graphical methods to
determine the optimum fc and the sensitivity of (S/N)o to changes in fc.

An application of this method to experimental data from a tape recorder is shown in
Figure 4, here plotted on semi-logarithmic coordinates. The choice of the carrier
frequency, based on output signal-to-noise only, is seen not to be critical since the ratio,
(S/N)o, is within 1 dB of maximum over a carrier frequency range from 700 kHz to 1.25
MHz.

If one does not need the entire curve of (S/N)o but only the value of the carrier frequency
which gives the maximum value of signal-to-noise ratio, a simple graphical procedure can
be used as shown in Figure 4. It is only necessary to plot on semi-logarithmic scales the
carrier-to-noise ratio, (C/N)i in dB, vs. carrier frequency. The best carrier frequency occurs
where the slope of the curve is -6 dB/octave.

This relation follows from equation (12) by the method of taking its derivative and setting
it to zero.



Thus,

(13)

or in terms of logarithms

(14)

(14) shows that the optimum occurs for a slope of -1. When the power ratio (C/N)i in dB is
plotted vs. fc on semi-logarithmic coordinates, a slope of -1 corresponds to -6 dB/octave.

Conclusion.   An expression has been derived which shows the influence of carrier
frequency on signal-to-noise ratio for fm systems. Design considerations show that there is
an optimum choice for carrier frequency, but that the optimum is a fairly broad onei
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W. K. Hodder to this work.

Fig. 1 - fm System Block Diagram



Fig. 2 - Noise Spectral Densities at Input and Output of fm System



Fig. 3 -  Plots of (a) Input Carrier-to-Noise Ratio and (b) Output
Signal-to-Noise Ratio vs. Normalized Carrier Frequency.

Input Carrier-to-Noise Ratio is Sinusoidal with Frequency.

Fig. 4 - Plot (a) is the Carrier-to-Noise Ratio measured for a tape recorder
running at 120 ips with a bandwidth of 256 KHz. Plot (b) is the output

Signal-to-Noise Ratio calculated from (a) assuming a
frequency deviation of 30%.
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CROSSPLAY COMPATIBILITY OF WIDE-BAND TAPE
RECORDER/REPRODUCERS1

F. R. HARTZLER, D. R. HUST, and E. D. HEBERLING
Naval Missile Cneter

Point Mugu, CA

Summary.   This paper describes the procedure and results of a series of tests on a cross
section of tape recorders to determine the effects of record bias and record signal level on
the quality of data recorded in the Pre-D (predetection) mode. FM (frequency modulation)
and PCM (pulse code modulation) formats were used in the study. The tests were
performed on tape recorders at five test sites to determine the effects of crossplay under
typical operating conditions. The results are summarized and possible methods of
improving crossplay data quality are suggested.

Introduction.   Missile test ranges and other facilities involved in magnetic tape recording,
reproducing, or dubbing have experienced difficulty in maintaining uniform levels of data
quality. Crossplay, defined as recording on one machine and reproducing on another, has
been identified as a major contributor to data degradation.

Basic requirements of the task assignments were as follows: (a) Determine the effects of
variations in record bias on wide-band tape recorder/ reproducer performance over the
range of +3 dB (overbias) through -1 dB (underbias); (b) Determine the effects of
variations in record input level over the range of 1% through 3% third harmonic distortion
in the recorder; (c) Determine the effects of crossplay on data quality between different
types of tape recorder/reproducers at different locations.

In the original concept of the investigation, it was proposed that alignment and adjustments
of tape recorder/reproducer in the field be performed according to the normal procedures
employed by the user groups. Test signals at selected bias and input levels were recorded
to provide quantitive measurements of tape recorder/reproducer performance. The tapes
were reproduced and dubbed (re-recorded on other machines.) The test measurements
were then compared to the data obtained from the first playback of the master test tapes.
Also included were tape signatures for a quick check of reproducer frequency response
and azimuth alignment prior to taking measurement data.



2 W. R. Hedeman and M. H. Nichols, “Pre-Detection Recording of Frequency Recording of
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Preparation of Master Tapes.   The sources of the test signals used in the recorder/
reproducer tests were a set of three 14-inch reels of prerecorded magnetic tape. The tapes
were recorded under carefully controlled conditions of record bias, third harmonic
distortion in the recorder, and RF signal strength in the signal generating equipment. Two
of the master tapes contained notch noise test signals, and were recorded in the Laboratory
on an Ampex 1900. The third test tape contained NRZ-L signals, and was recorded on an
Ampex FR-1400.

Notch Noise Recording System.   Notch noise loading techniques were selected as the
best method for measuring the quality of FM data. Measurements of NPR (noise power
ratio) and NPRF (noise power ratio floor), at selected notch frequencies throughout the
data band, provided the information required to define and compare FM data quality at the
output of the tape systems under test. NPRI (noise power ratio intermodulation) may be
derived from the NPR and NPRF data.2

The NPR test comprised a set of measurements in which wide-band noise having a highly
attenuated 3-kHz notch in the spectrum was applied to the input of the system under test.
A 1-kHz portion of the attenuated band was examined at the system output to determine
the amount of noise introduced by intermodulation plus background floor noise.

The tests reported here were limited to the recording and reproducing of Pre-D signals at a
center frequency of 450 kHz and a tape speed of 60 inches per second. Bandpass filters,
included in the noise generator, limited the white-noise to a bandwidth of 12 to 204 kHz.
Switchable notch filters were provided in the test set for three notch frequencies: 14-kHz,
105-kHz and 185-kHz. The NPR and NPRF measurements at these frequencies provided a
sampling of system performance at both ends and the approximate center of the Pre-D data
band.

In addition to the notch noise test set,3 other equipment was required to generate the notch
noise test signals as shown in Figure 1. The transmission link characteristics were: (a) RF
frequency, S-band, 2250 MHz, (b) RF deviation, 87 kHz rms, (c) Receiver RF input, -35
dBm, and (d) Receiver IF bandwidth, 1 MHz.

Measurements of test system performance, excluding the recorder/reproducer, are
indicated in the report as “back-to-back” reference data.



Inspection of the back-to-back data in Figure 2 shows that even though the standard test
system represented the best overall performance of available ground station hardware,
these components introduced relatively large amounts of intermodulation noise at the
105-kHz and 185-kHz notch frequencies. When the recorder/reproducer was included in
the system the most significant difference was degradation of NPRF due to the noise
generated in the reproducer electronics. Although a test system with better NPR
characteristics would be desirable, it was concluded that little, if any, improvement could
be realized in the playback data quality because of the high noise level imposed by the
recorder/reproducer.

Notch noise tape A contained a series of nine test data conditions, one for each of three
record bias settings at each of the three notch frequencies with the recorder input level set
for 1% third harmonic distortion. Variations in the bias settings were +3 dB and +1 dB
(overbias) and -1 dB (underbias). The notch frequencies were 14, 105 and 185 kHz.

Notch noise tape B contained a similar series of nine test data conditions, one for each of
three third harmonic distortion settings in the recorder at each of three notch frequencies,
with the recording bias fixed at +1 dB. The third harmonic distortion levels were 1%, 2%
and 3%; and the notch frequencies were the same as those listed for tape A.

PCK Recording System.   The equipment configuration chosen for recording the PCM
test tape is shown in Figure 3.

The Pre-D center frequency of 450 kHz and tape speed of 60 inches per second were used
to maintain correlation with the notch noise test tapes. Test signals were recorded at two
bit rates, 100 and 400 kilobits per second. The selected bit pattern was the 2047-PN
(pseudo-noise) bit sequence available in commercial test equipment. The transmission link
characteristics were: (a) Premodulation filter 0.8 x bit rate, (b) RF frequency, S-band, 2250
MHz, (c) RF peak deviation, 0.35 x bit rate, and (d) Receiver IF bandwidth, 100 and 500
kHz, respectively.

The PCM test signals of 100 KBR (kilobits per second) were recorded on the first half of
the tape, followed by an identical sequence of test signals recorded at a 400 KBR. The
variables in the test signals were: (a) RF input power (-dBm) to the RF receiver, (b) record
bias settings in the tape recorder, and (c) third harmonic distortion levels in the recorder.

The test data were recorded on tracks three and five of the master tape. A series of 15 test
conditions were recorded at each PCM bit rate, one for each of five selected RF levels, at
each of three recording bias settings and with the third harmonic distortion in the recorder
fixed at 1%. In addition, nine test conditions were provided for third harmonic distortion
data, one for each of three third harmonic distortion levels (1%, 2% and 3%), at each of



three record bias settings and at a given input RF power level. The RF input power level
and corresponding BEP (bit error probability) obtained from the first PCM master tape
playback are shown in Figures 4(a) and (b), for the 100 and 400 KBR, respectively.

Tape Signatures.   Each of the test tapes contained recordings of wideband noise and/or
sweep oscillator. These signals were of equivalent bandwidth and were for observing or
adjusting the playback frequency response and head azimuth alignment of tape reproducers
under test. In addition, a sine-wave signal of appropriate frequency was recorded on two
separate tracks of each headstack for a playback lissajous pattern display of azimuth
alignment.

Test Procedures.   An example of the test procedures followed througout the course of
the tape recorder/reproducer investigation is given as follows: The three master test tapes,
along with the notch noise and PCM data readout equipment, were carried to the test site.
The first step was an evaluation of a tape reproducer at the site for playing back the master
tape signals. Tape machine adjustments or repairs were usually required to obtain playback
data quality comparable to the original set of data values obtained in the laboratory
playback of the master tapes, at the time they were recorded. Assuming that a suitable tape
reproducer became available at the site, the next step was to record copies of the master
tapes on a second machine. A complete set of data measurements were taken at the output
of the reproducer, which in turn, was the input signal to the dub recorder. Later the dub
recording was reproduced on the master playback machine and another set of data was
taken. The effects of recording and reproducing could then be measured in terms of the
difference between input and output data measurements. On occasion, the dubbed tape
was also reproduced on other machines at the site to obtain additional samples of
crossplay data. The final step was a playback of the dub on tape repoducers in the
laboratory, which included the same machine on which the original masters were recorded.

Quantity of Test Data.   A brief summary of the data measurements taken, types of tape
machines involved, and quantity of data obtained at the various test sites is presented as
follows: Notch noise playback tests, 52; PCM playback tests, 30; Dubs of master tapes
recorded during the tests, 23; Independent data measurements taken, 2,376; Tape
machines involved, 13; Types of tape machines, 8; Test sites, 5.

Presentation of the Test Data.   The original data were tabulated on prepared forms at
the test sites while the tests were in progress. At the conclusion of the testing phase all
data were transferred to plots for a preliminary analysis. These plots are not included in the
report because of space limitations; however, a summary of all data taken throughout the
study is presented in Tables 1, 2 and 3. The tables contain data values for the back-to-back
system, the first playback of the master test tapes, the sample mean4, the sample standard
deviation5, and the sample range6 of all test data points. In the notch noise tables 1 and 2,



the mean was calculated in the following manner: The measured dB values were converted
to power in watts and averaged; the result is shown in dB. The sample mean is the average
of all data points for a given test condition. The sample standard deviation indicates the
spread of the data measurements about the mean. The sample range shows the maximum
excursion of the sample measurements for a given test condition.

Analysis of Record Bias Test Data.   Figure 5(a) is a summary of the notch noise record
bias data obtained from Table 1. The reference and mean columns of data are plotted for
the three bias levels, with the third harmonic distortion fixed at 1%. The trends, due to
changes in record bias are indicated by the slope of the connecting lines between plotted
points, and the magnitude is measured by the vertical difference between points of the
traces on the NPR/NPRF (dB) scale.

The vertical displacement between corresponding “REF” and “Mean” traces indicates the
difference between the first master playback and the mean of the test playbacks. This
displacement has no direct relationship to the effects of record bias variations but will be
considered later in a discussion of the overall data quality.

Higher data quality is indicated by increasing values of NPR/NPRF (dB). Solid and dashed
lines indicate NPR and NPRF data, respectively.

The NPRF appeared to improve at all notch frequencies as the bias was increased. The
slope of the connecting lines was minimum between +1 dB and +3 dB bias settings in five
of six NPRF traces. The -1 dB bias was clearly the worst case in all of the NPR and NPRF
plots. Over the range of +1 dB to +3 dB bias, the maximum variation in NPR/NPRF was
1 dB, which was within the limits of measurement. accuracy.

The plotted PCM data in Figure 5(b) may be analyzed in the same manner as that
described in the foregoing plots of notch noise record bias data. The PCM plots show
variations of record bias with respect to equivalent RF input power. Equivalent RF input
power is that RF signal level required to overcome BEP losses in test data, when
compared back to the reference. The equivalent RF input power was derived from an
expanded calibration curve of the first playback data similar to that of the curves in
Figure 4.



Trends in the 100 KBR data of Figure 5(b) are similar in direction for both the first master-
tape playback and the mean of the test data. A record bias of +1 dB appeared to be best at
the 100 KBR; however, the effects of bias variations were negligible in terms of the
difference in equivalent RF input power.

The effects of variations in record bias were greater in the 400 KBR plots of Figure 5(b).
The +3 dB bias level appeared to be least desirable at the higher bit rate.

On the basis of the test results, data quality losses caused by variations in record bias over
the range of +1 dB to +3 dB were within ±0.1 dB and ±0.5 dB in equivalent RF input
power at the 100 and 400 kilobit rates respectively.

Analysis of Third Harmonic Distortion Data.   The third harmonic distortion (or record
input level) data are presented in Figure 6, and the same methods of analysis used in the
foregoing record bias plots are applicable to the third harmonic distortion plots. The record
bias was fixed at +1 dB in all of the third harmonic distortion tests.

It is noted that the NPRF in Figure 6(a) improved as the third harmonic distortion
percentage was increased. The greatest improvement was 3 dB at the 185 kHz notch.
Essentially, the increase in record input level required to obtain 3% third harmonic
distortion was reflected as a floor noise improvement at the 185 kHz notch. Variations in
NPR over the range of 1% to 3% third harmonic distortion were well within 1 dB, and are
considered negligible. In the PCM data of Figure 6(b) the greatest difference in equivalent
RF input power was 0.1 dB at the 400 KBR. The effects of variations in third harmonic
distortion over the range of 1% to 3% were considered to be negligible in both the notch
noise and the PCM test data.

Analysis of Overall Data Quality.   In the foregoing analysis of record bias and record
input level, the losses of data quality were shown to be small and relatively insignificant;
however, the variations and losses in data quality from test-to-test were far greater. Some
indication of this is shown by the vertical offset between the first master tape playback and
the corresponding mean of the test playbacks in Figures5 and 6. A better indication of the
magnitude of variations from test-to-test is shown in the Sample Standard Deviation and
the Sample Range columns of Tables 1, 2 and 3. For example, in Table 1 the NPR data
from 36 playback tests at the 105 kHz notch frequency, and at +1 dB record bias varied by
an average of ±3.0 dB about the mean value in 68% of the samples, assuming a normal
distribution. The largest excursion in this data was 12 dB as shown in the Sample Range
column. This example is presented as typical of the large variations in NPR and NPRF
from test to test. Test-to-test variations were least in the 100 KBR PCM data. It was
evident that serious losses in data quality occurred in the notch noise and 400 KBR PCM 



tests which were unrelated to record bias and/or third harmonic distortion levels in the
recorder.

Conclusions.   Data quality losses caused by variations of third harmonic distortion in the
recorder from 1% to 3% were negligible except for a slight improvement in NPRF
(background noise level) as the third harmonic distortion percentage was increased.
However, this improvement was not reflected in the notch noise NPR or PCM test data.

Average losses in notch noise data quality throughout the tests were significantly greater
than could be attributed to variations in record bias or record input level; whereas, losses
in PCM data quality were less under the same operating conditions.

The data values presented in the report regarding overall data quality are believed to be
over-optimistic with respect to the actual performance of tape machines in the field
because trial runs of the master test tapes were made before each set of data was taken.
Maintenance work on the recording and reproducing equipment usually had to be
performed before the tests were resumed and the final data were tabulated. In accordance
with the original concept of the study, the reproducer equalization was usually not “tuned”
to the master test tape signals but rather to the characteristics of the record section of the
same machine. Therefore, some of the crossplay data contained herein were taken with
frequency response variations which were outside of the IRIG standard limits of ±3 dB.
This condition was clearly evident by monitoring the test tape signature patterns during the
tests; therefore, it may be assumed that improved data quality would have resulted in some
instances, if the reproducer equalization had been adjusted for the best response of the
master tape signatures.

The identification of data losses with variations in record head gap or other record
parameters was beyond the scope of this investigation. Such effects may have been
responsible for some degradation in crossplay frequency response observed from machine
to machine.

It was observed that losses in master test tape data quality throughout the course of the
investigation were negligible and that the results and conclusions of the study were not
significantly compromised by deterioration of the master test tape signals.

In every instance where tests were scheduled in the field, maintenance problems arose in
the recording or reproducing equipment which either prevented the taking of data, or the
test had to be postponed until maintenance work was accomplished. Furthermore, most of
the tape machines which were found unsuitable for recording or reproducing the master
test tape signals were being used routinely in data processing operations or in the dubbing
of flight-test tapes, with no apparent check of data quality.



Problems encountered in the field during the tests, in approximately the order of the
frequency of occurrence, are listed as follows: (1) Playback head azimuth misalignment,
(2) Playback equalization misadjustment, (3) Inter-rack cabling, loss of high frequency
response between playback and dubbing machines, (4) Improper or unknown trunk line
loads, (5) Tape transport malfunctions, (6) Critical, unstable, or insufficient range of
alignment adjustments, (7) Exchange of heads without checking equalization (8) Station
electrical grounding problems, (9) Excessive periods of elapsed time between
maintenance, (10) Worn record/reproduce heads, (11) Intermittent contacts in monitor
phone jacks on tape machines, (12) Defective test equipment used in maintenance.

Problems with equipment in the field were always discovered during trial runs of the
master test tapes. Alignment and maintenance deficiencies were first indicated by the
playback of prerecorded signature signals on the master tapes and later confirmed by
actual data values obtained in the trial runs. A question was raised as to why serious
deficiencies in recorder/reproducer crossplay performance were apparently not recognized
by the user groups and yet were obvious within a few minutes of a trial run of the master
test tape. The answer is believed to be twofold: (a) the master test tapes contained tape
signature signals by which the playback frequency response of the original recording was
visible; (b) personnel using the master tapes and conducting the tests were concerned
specifically with the quality of the output data.

Rather than a lack of zeal in the performance of maintenance, perhaps the problem lies
with the lack of “tools”. Specifically, a standardized tape signature on all prime data tapes
and the training of personnel involved in recording, reproducing, and dubbing operations in
the need, value and use of tape signatures. A typical display of azimuth misalignment is
shown in Figure 7. As a minimum, tape signatures on prime data recordings would alert
station personnel to the need for repair, adjustment, or maintenance during all phases of
tape use including original recording, playback and dubbing operations.

The potential user of tape signatures may be unnecessarily discouraged by difficult and
time-consuming signature recording procedures. The difficulty of assembling test
equipment, changing patch connections, measuring frequencies, and voltages should be
eliminated from the procedure. The types of standardized signatures should be limited to
one to simplify and minimize the equipment and training requirements.

Automation should also be considered in the implementation of tape signature recording
and playback schemes. The inputs to all tracks of an existing recorder could, for example,
be switched to record the signature signals by the addition of a “black box” located at the
input terminals of the recorder. By means of a push button, the operator could start the
automatic tape transport control and return to the normal recording inputs. A single sweep
generator could serve all recorders at a given location, if appropriate isolation driver



amplifiers are provided at the signal generator and at each recorder location. The operating
procedure should provide for a single fixed signature pattern generator with no adjustments
required to accommodate all types of wide-band recorders and all tape speeds from 7.5 to
120 IPS. A sweep frequency signature is shown at several tape speeds in Figure 8.

The playback of the tape signatures may be automated in existing equipment by means of a
track output selector switch permanently wired to a dedicated display scope adjacent to
the tape machine.

The possibility of obtaining new recording and reproducing equipment with built-in
signature generating and display devices should also be explored, if a standard tape
signature format is defined and published in RCC Standards.

Based on experiences with tape signatures throughout the recorder/ reproducer study and a
later experimental investigation, it was concluded that a single signature recording of either
a sweep frequency oscillator signal or, as an option, a multifrequency oscillator signal
would provide the necessary playback information for both reproduce head azimuth and
frequency response equalization measurements or adjustments. Appropriate frequency
markers or fixed frequency segments in the multifrequency oscillator may be chosen to
permit use of the signature at tape speeds of 7.5, 15, 30, 60 and 120 IPS without
adjustments of the signature generator controls. A scheme for automating the functions of
recording and reproducing tape signatures in existing equipment is suggested in Figure 9.

Acknowledgement.   The authors wish to thank Mr. T. B. Jackson, Head of the Data
Systems Division, for his contribution to this work.



Table 1. Notch Noise Composite Bias Test Data (1% Third Harmonic Distortion)

Table 2.  Notch Noise Composite Third Harmonic Test Data (+1dB Record Bias)



Table 3.  Pulse Code Modulation Composite Test Data.



Figure 1.  Notch Noise Recording System.

Figure 2.  Notch Noise Back-to-Back Versus First Master Tape Playback.



Figure 3.  PCM Recording System.

Figure 4.  PCM Back-to-Back Versus First Master Tape Playback.



Figure 5.  Summary of Record Bias Data (1% Third Harmonic Distortion).



Figure 6.  Summary of Third Harmonic Distortion Data ( +1 dB - Record Bias Level).



Figure 7.  Sweep Frequency Display Figure 8.  Appearance of the Proposed
of Azimuth Misalignment Sweep Frequency Signature

at Several Tape Speeds. 



Figure 9.  Proposed Arrangement for Recording and Reproducing Tape Signatures.



HIGH DENSITY PCM MAGNETIC TAPE RECORDING

JON B. WELLS
Bell & Howell
Pasadena, CA

Summary.   The Bell & Howell Enhanced-NRZTM recording reproducing technique for bit
packing densities up to 40,000 per track inch is described in this paper. Utilization of the
pulse code modulation format of Enhanced-NRZ achieves this high density with a bit error
rate of one in ten million. Bell & Howell’s standard VR-3700B instrumentation tape
recorder and wideband instrumentation recording tape are used. This same technique
permits parallel recording of data rates up to 10 megabits per second at a tape speed of
120 in./s. The merits of the unique encoding/decoding method, factors affecting bit error
rate, and future opportunities for development are discussed.

Introduction.   The increasing use of digital computers, more precise transducers,
telemetry links of greater bandwidth, and the advent of faster and more accurate analog-to-
digital converters have all combined to require more performance from the instrumentation
tape recorder. The increasing availability of data in digital form, the need for better signal-
to-noise ratios than can be achieved with conventional analog recording techniques, and
the need for computer compatibility of data place greater emphasis on digital tape
recording. The parameters of greatest concern are typically data transfer rate, packing
density on tape, and bit error rate.

Pulse-code modulation (PCM) recording is finding wide acceptance for critical digital
applications; it permits both greater bandwidth and wider dynamic range than frequency
modulation (FM), is not restricted to low frequencies as is pulse duration modulation
(PDM), land does not share the amplitude sensitivity of pulse amplitude modulation
(PAM)1. The PCM formats presently accepted by the Inter-Range Instrumentation Group
(IRIG) are RZ, NRZ, and Bi-Phase. Of these formats, NRZ requires only half the
bandwidth needed for the other two codes, but requires frequency response down to dc.
Bi-Phase has the advantage that it is self-clocking; there is a transition for every bit cell.

Efforts to create a self-clocking code approaching the upper bandwidth requirement of
NRZ have resulted in the Delay Modulation, or Miller code. For this code, transitions are
required in the middle of the bit cell for a “one” or at the end of the bit cell for a “zero” -
but only when followed by another “zero”. In comparing the recovery processes for Miller 



and Enhanced-NRZ (ENRZ) data, it is useful to refer to the “eye” pattern frequently used
for system setup.2, 3

The eye pattern is generated by synchronizing an oscilloscope with the regenerated clock
to display the output of the equalization amplifier. The result has the form of an eye
(Fig. 1). The larger the eye, the more easily the reproduce detector or bit synchronizer can
distinguish between a one and a zero. If the eye is partially closed or of small area due to
inadequate signal amplitude or noise, the bit synchronizer may misinterpret the signal and
bit errors will result.

Detection of Miller code requires that each bit cell be sampled in two positions (requiring
regeneration of a double-frequency clock) to distinguish a one from a zero; ENRZ need be
sampled in only one position. Representative oscilloscope photographs of the two are
shown Fig. 2. It is evident that a much smaller decision area or eye is available for Miller
code; the relative amplitudes are shown in Fig. 3. The requirement to sample at the 45E
and 135E points of the waveform results in an amplitude only 0.707 of that available with
ENRZ. The effect on SNR is

20 log10 0.707 = 3 dB

a reduction of 3 dB. Examination of the theoretical curve for bit error rate versus SNR4

shows that a reduction ml SNR of 3 dB corresponds to degradation of the theoretically
achievable bit error rate by 3-4 orders of magnitude. In addition to the reduced amplitude
available, the time during which the sample may be made is reduced by a factor of 2 with
respect to ENRZ. The timing window is of course also degraded by bit jitter. The Miller
code detector is uniquely dependent upon the occurrence of the sequence “101” within the
data to achieve or recover synchronization.

Enhanced-NRZ Coding.   The Bell & Howell Enhanced-NRZ format consists of adding a
bit to each group of 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. For
example, a parity bit may be added to each group of seven data bits. 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, reestablish 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, while retaining the upper bandwidth capability of NRZ. The
reduction in effective packing density due to the addition of the parity bits amounts to 14
percent: significantly less than the reduction occasioned by the use of Bi-Phase or Miller
coding.

In addition to the higher achievable packing density, the parity bits provide an easy means
of determining data accuracy on tape. A continuous running parity check is maintained,
either during a read-after-write mode made possible by the normal instrumentation
recorder head locations, or during a read-only mode. Either situation affords the user an
output status line which may be monitored to determine the accuracy of data transfer for
that particular recording. This ability to observe the recorded error rate, independent of the
data being recorded, is unique to Enhanced-NRZ recording. It also minimizes the need for
special error-checking test equipment in setting up or troubleshooting the record/reproduce
electronics.

An additional advantage is that the decoder may be designed to recover from ±3 bits of
slippage in the event of a severe dropout, based on the parity bits. Thus recovery to correct
output synchronization may be made without waiting for special bit sequences or frame-
sync words to occur in the input data.

The Record System.   NRZ data and clock signal inputs are applied to the encoder
(Fig. 4). These are normally TTL (transistor-transistor logic) levels, or low-level
differential signals where either long cable runs or unusually noisy environments are
expected. Input data rates can be as high as 3.5 megabits per second when recording at
120 in./s. The encoder separates the input serial bit stream into 7-bit words, performs odd
parity determination for each word, reformats the data into 8-bit words, and outputs the
result at 8/7 of the input bit rate. A phase-locked loop is used to generate the required
output clock.

The encoder output drives a switching-type head driver. The use of saturation rather than
biased recording not only improves the signal-to-noise ratio5 but eliminates the high-
frequency noise problems frequently encountered when cabling bias throughout a
recording system. A potentiometer on the encoder board permits adjustment of the
optimum record current.

Standard wideband instrumentation magnetic heads are used, providing 2 MHz response at
120 in./s for Direct recording. Recommended tape is 3M988 or 3M888. Satisfactory
results may be obtained at packing densities up to 33,000 bits per track inch using tape as



supplied by the manufacturer; higher densities usually require mechanical cleaning of the
tape, even when new. Improvement in bit error rate of the order of 5:1 is frequently
achieved by proper cleaning. The most effective “dry” cleaning technique, based on
extensive experience at NASA Goddard, consists of scraping the oxide side of the tape
with a razor blade and subsequently wiping both sides with a lint-free material.

The transport which has been used for the described performance is Bell & Howell’s VR-
3700B, offering 9 bidirectional speeds from 240 to 15/16 in./s. Cumulative flutter over a
10 kHz bandwidth at 120 in./s is less than 0.11 percent peak-to-peak, minimizing the
bandwidth required for the reproduce phase-locked loop in PCM recording. Very low
dynamic skew minimizes the buffer size required for parallel recording.

The Reproduce System.   The signal from the reproduce head is amplified by the same
linear preamplifier normally used for Direct or FM recording, and applied to the PCM
Reproduce Assembly. The entire reproduce electronics, consisting of the equalization
amplifier, bit synchronizer, and decoder are mounted on a single plug-in printed circuit
board compatible with the FM and Direct reproduce boards.

The equalization amplifier (patent applied for) was designed specifically for PCM
reproduction and provides performance far superior to that obtained through the use of
previous Direct reproduce amplifiers. It provides amplitude and phase equalization of the
reproduced signal and has TTL output levels for application to the bit synchronizer. It is
automatically switched by the transport through four tape speeds.

The bit synchronizer (patent applied for) is also switched through four speeds; it
reconstructs the clock from the reproduced data, still at 8/7 of the input bit rate. It is a
much-simplified version of the very complex and expensive bit synchronizers widely used
in telemetry. Bell & Howell’s bit synchronizer has been tested and found to perform within
2 dB of the theoretical curve for bit error rate versus SNR.

The reconstructed data and clock from the bit synchronizer are applied to the decoder
(Fig, 5) which determines word-sync, strips out the parity bits, and outputs data and clock
at the original input bit rates.

The enhanced data is successively shifted through three 8-bit registers (S/R), where it is
examined for correct parity in each bit position. When parity is satisfied in all three
registers at once, the decoder assumes word-sync and extracts the parity bits. Word-sync
is maintained until all three registers display parity failure simultaneously; this is taken to
indicate that bit-slippage may have occurred (as during a severe and prolonged dropout in
the tape). A “search” mode is then initiated to recover word-sync. As during initial
acquisition, the criterion of three simultaneous “good” parities is used to resynchronize.



Each bit position is examined as the data is shifted through until this criterion is satisfied.
If correct parity is found to reoccur at the original parity-bit position, no change in timing
is made. If parity is reestablished at a different bit position, the output counter is
resynchronized to the new position and correct data output follows. The parity-examine
line is provided as an output to enable the user to monitor data quality.

A phase-locked loop is again used to give the output clock at 7/8 of the enhanced data rate
from the tape. The data is present in parallel form in a register at the output of the parity-
check registers; the reconstructed 7/8 clock shifts the data out serially without the parity
bits. Data and clock are provided at the system output in either TTL or differential form, at
the same rate as the input.

Performance.   The coding and electronics described above give a bit error rate of one in
ten million bits, at densities on tape up to 33,000 bits per inch per track. This same error
rate has been achieved in the laboratory using cleaned tape at a packing density of 40,000
bits/in. Error rates are tested using a pseudorandom numeric (PN) sequence of sufficient
length to include the worst case length enhanced sequence on tape without a flux change --
both for ones and zeros. Bit-by-bit comparisons are made of the reproduced data with the
correct sequence. A pulse is generated for each incorrect comparison and output to a
counter which accumulates total errors.

Parallel PCM Recording.   Bell & Howell parallel PCM record/reproduce systems
accept input data rates up to 10 megabits per second per charmer, NRZ. Each input
channel is split up into three tracks on tape, as shown in Figs. 6 and 7. Data for each track,
at one-third the input data rate, is then enhanced in the manner described above and
recorded. A preamble PN sequence is recorded on each track for initialization of the
output buffers.

In reproducing, each track is equalized, bit-synchronized, and decoded in the manner
described above. The preamble sequence properly initializes each track buffer register; one
track is selected as the master. The master clock is then used to drive a phase-locked loop
(PLL) which regenerates the output clock at the original channel bit rate; this clock is then
used to reformat each group of three tracks into deskewed output channels identical to the
input data. The decoders in this application are modified to permit recovery of track sync
in the same manner as used to establish word sync, in the event of dropouts.

This same approach may of course be used to accommodate even higher input data rates,
utilizing more tape tracks per channel to maintain a constant track packing density.

Advantages of High Density Recording.   Tape recording at the rates and densities
described permits the use of standard instrumentation recorders and standard tape speeds



for high data rate applications without the need for exotic, high-speed transport
technology.

A significant increase in dynamic range with respect to Direct recording may be enjoyed;
in contrast to signal-to-noise ratios of the order of 24 to 30 dB for a 2 MHz Direct system,
PCM recording using an 8-bit analog-to-digital converter would give a dynamic range of
48 dB.

As an example of the reduction in storage requirement obtainable, a single 15-inch reel of
1-inch, 14-track instrumentation tape recorded at 33,000 bits/in. (Bell & Howell’s present
“standard product” density) would contain as much data as 300 full 8-inch reels of 9-track,
800 bit/in. computer tape.

Future Developments.   Considerable improvement in system performance can be
expected with the advent of cleaner tapes and more uniform coatings. One of the most
significant limitations in present-day high density recording is in the area of tape dropouts
-- as evidenced by the dramatic improvement resulting from mechanical cleaning. Bell &
Howell is developing the capability to clean and certify tape at 30,000 to 40,000 bits/in. to
satisfy the growing need in this area.

An opportunity for further increases in packing density lies in the use of Bell & Howell
extended-bandwidth heads with high-energy tape.

Additional performance can be gained by the use of more sophisticated bit synchronizers
to recover the data from tape, in applications where the considerable extra expense is
justified.

Conclusions.   A technique has been described for achieving extremely high longitudinal
packing density of digital information on magnetic tape using EnhancedNRZ coding. Its
advantages and limitations with respect to other coding formats have been discussed, and
the transport and electronics in current use by Bell & Howell have been described. Some
opportunities for further development have been mentioned.

Acknowledgments.    Major contributions to the achievements described in this paper
were made by David B. Gish, William H. Spencer, and John L. Way in the areas of circuit
and logic design.
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Fig. 1.  NRZ or ENRZ Eye Pattern



Fig. 2(a).  Enhanced NRZ Eye Pattern Fig. 2(b).  Miller Eye Pattern

Fig. 3.  Eye Pattern of Miller Code

Fig. 4.  PCM Record/Reproduce Electronics



Fig. 5.  Enhanced-NRZ Decoder

Fig. 6.  Data-Channel to Three-Tape-Track Demultiplexer

Fig. 7.  Three-Tape-Track to One Data Channel Multiplexer



A HIGH CAPACITY, HIGH DATA RATE INSTRUMENTATION
TAPE RECORDER SYSTEM

O. E. BESSETTE
Radio Corporation of America Recording Systems

Government Communications Systems
Camden, NJ

Summary.   A 240-megabit/second, serial bit stream recording system using a longitudinal
(fixed-head) magnetic recording technique called HDMR (High Density Multitrack
Recording) has been developed. This system provides maximum bits per square inch of
tape at reliable in-track packing densities. Unique “unitized” fabrication techniques have
been used to construct single stack magnetic heads (record/play on the same head) at track
densities of over 100 tracks per inch. Commercially available tape is accommodated by the
use of error detection and correction. HDMR technology, applied to the implementation of
a typical ground instrumentation recording system, allows key performance parameters of:
240 Mb/s serial data input, 108 in/s tape speed, a 142-track head, a bit error rate of
1 x 10-6 and 240 Mb/s serial data output.

Introduction.   Sensor outputs, whether synchronous scan (TV, radar, electro-optical) or
non-formatted (IF, RF, telemetry) are basically analog at the data source. The trend is to
use A/D converters to digitize data from these analog sources for processing because of
the relative ease of handling data in digital form. A digital format typically: 1) provides
minimal performance degradation during data processing, multigeneration copying or
editing; 2) allows easy detection and correction of errors and dropouts; 3) accommodates
very high data rates through parallel processing; 4) drastically reduces operational
adjustments; 5) is the most easily encrypted form of data; and 6) can be computer
compatible.

Until recently, A/D Converters were limited to low bandwidth and/or low dynamic range
applications. With the advent of A/D systems capable of adequately processing such
complex signals as broadcast quality color TV and high resolution radar, a need for
recording and processing digitized data at rates in the hundreds of megabits per second has
emerged.

To address this need, a longitudinal recording technique called HDMR (High Density
Multitrack Recording) has been developed. HDMR provides maximum storage of data bits
on a minimum quantity of tape; in other words maximum bits per square inch (BPI2). To
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achieve this goal, both the in-track packing density, or bits per inch along tape (BPI), and
the track density across tape (tracks per inch) have been increased. HDMR is unique,
however, in the degree of extension of track densities. This feature permits extended area
packing density at reliable recorded wavelengths. An alternate approach which has been
widely promoted uses IRIG track format heads with in-track densities extended up to
35,000 BPI. This approach yields an area packing density of 0.980 x 106 BPI2 with an
IRIG track density of 28 tracks per inch. Experience has shown that sensitivity to head-to-
tape separation losses at such short wavelengths results in high bit error rate (BER), low
reliability of the head-to-tape toward extending the track density while maintaining reliable
in-track density.

A successful video head technology led directly to unique fabrication techniques for
ultrahigh track density longitudinal heads. Applications of this technique have successfully
demonstrated track densities of more than 80 tracks per inch, yielding an area packing
density of over 2 x 106 BPI2 with an in-track density of only 25,000 BPI.

Typically, the two-inch, 164-track HDMR head (shown in Fig. 1), operating at 30 inches
per second, records at the same data rate as a 28-track IRIG version operating at 120
inches per second, but the HDMR version requires only 2/3 the in-track density. This
means a more reliable head/tape interface plus increased tape utilization, i.e., less tape
used, or more record time available.

For example, a requirement to record 60 Mb/s for 1 hour can be satisfied by HDMR with a
4500-foot roll of tape. IRIG format at 40/35,000 BPI requires a tape length of 18,000 feet
(a reel greater than 16" in diameter, with a dreaded tape splice).

Experience has also shown that 28 tracks per inch provides “overkill” in signal-to-noise
ratio even at high BPI figures. A 5-mil (0.005-inch) track operating at 25,000 BPI reliably
produces a measured BER of less than 1 x 10-8 if tape imperfections are ignored, and 1 x
10-4 with tape imperfections included. The latter effect is the reason wide tracks are
normally used. An EDAC1 2 3 (error detection and correction) system for HDMR has been
developed which effectively circumvents the tape dropout errors, thereby providing a BER 



of better than 10-6 at packing densities of over 2 x 106 BPI2. With this system, standard
instrumentation tape can be used direct from the factory without burnishing and cleaning.

HDMR thus provides a tape utilization capability which allows the recording of ultrahigh
data rates at reasonable tape speeds by spreading the high rate signal over many parallel
tracks on tape. The development of high density heads was the prime element in HDMR
technology. Other important elements contribute substantially to the performance
reliability:

HEADS No gap scatter, 1000 hours life
HEAD-TAPE INTERFACE Commercial tape, reliable in-track packing

densities, accurate tracking
BER Error detection and correction
BPIZ Double density code, unique equalization, high

track density, incremental operation
SIMPLE ELECTRONICS No equalizer to adjust, only 20 active elements per

channel
DESKEW No overhead, no static skew, simple system

HDMR System.   The block diagram in Fig. 2 depicts the major elements of a typical
HDMR system. Although this diagram shows an analog-to-digital converter at the system
input, the digital signal to be recorded can actually be derived from various sources:

• A serial or parallel digital input
• A digitized analog input
• A “Self Test” signal

The selected input data is demultiplexed to many parallel lines and parity checked by the
EDAC encoder. All data and EDAC NRZ signals are phase encoded and equalized for
optimum record bandwidth. Each channel is then amplified to a suitable record level and
applied to the multitrack magnetic head.

The reproduce portion of the HDMR system utilizes the same HDMR head to read out the
stored data. Each head output is amplified, filtered and limited by analog circuitry. These
circuits and the final stage of the record amplifier are the only analog circuits associated
with the basic HDMR record/reproduce system. These analog circuits contain only 20
active devices per channel and require only one adjustment: record current. No playback
equalizer is required since this function has been replaced by a simple and unique equalizer
on the record side. Thus, the normal complications associated with equalizer adjustment
have been eliminated and the analog reproduce electronics are reduced to 50% of the
normal requirement.
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The outputs of each limiter are decoded independent of clock circuitry. After decoding,
clock information is extracted from some of the data channels and used to strobe the data
out of the decoders and into the deskew/deflutter buffers.4 The lack of “gap scatter” in
HDMR heads (no interchannel time displacement error between adjacent tracks) allows
this minimal implementation of clock circuitry. Typically, only one clock is needed to
strobe out 10 track s, the limit being determined by the amount of dynamic skew. A
VCXO (voltage controlled crystal oscillator) or an external reference can be used to
control the data output stability. The source selected serves as the reference for the
recorder capstan and the output clock for the deskew/deflutter buffer. Digital time base
correction is accomplished in the deskew/deflutter buffer with a single digital integrated
circuit (random access memory) which replaces all the functions normally accomplished
by sophisticated analog time base correctors such as MATC, CATC, and EVDL.

The coherent data lines derived from the buffers are error checked and corrected by the
EDAC system, and multiplexed for D/A conversion or further digital processing.

HDMR Applications.   HDMR systems are available in one- and two-inch versions. Both
versions use standard instrumentation tapes and have a 2:1 data rate ratio. The one-inch
version has exactly 1/2 the signal processing electronics and records up to 120 Mb/s or
exactly half that of the 240 Mb/s version. HDMR applies equally well to ground, airborne
and space data storage requirements. Low power, small size and weight and high
reliability are accomplished by simplified channel electronics and transport design. An
aerospace version of HDMR can be implemented in a configuration weighing less than
250 pounds and occupying less than 5 cubic feet, storing and reproducing digital data at a
rate of 200 Mb/s and requiring less than 350 watts of power.

HDMR provides computer compatibility for analysis of high speed and wideband data.
Eight or sixteen output lines may be chosen, with output rates of 4 megawords per second
or less, for dumping into present minicomputers or main frame input buffers. Incremental
reproduce capability is available with HDMR to allow data reduction/processing at
transfer rates which are normally too high to process serially. In this mode the HDMR
system would play back a sufficient number of bits to load a memory (e.g., 1.2 megabits),
then stop, rewind a short distance to index the following data, and wait for another
playback command. Bit error rates of 10-4 to 10-7 are typical for standard HDMR systems.
This range encompasses the requirements for most system applications. For instance
NTSC broadcast video, which has been A/ D converted with 8-bit quantizations5 and
recorded, will produce a reconverted (D/A) video signal with a 47 dB signal-to-noise ratio



(S/N) for BERs less than 10-5 (refer to Fig. 3). The basic HDMR system operates at 240
megabits/ second. This is considered a typical bit rate for today’s needs. In addition the
system reflects the capabilities of present A/D converters and covers the required rates for
present and near future systems. HDMR provides the capability to record a serial
240-Mb/s bit stream as might be available from a very wideband data link, or to record
multiple, synchronous data outputs (typical of AID converters) at line rates of 240/N
megabits per second for each of N lines. An illustration of such a 240-Mb/s recorder/
reproducer is shown in Fig. 4 and typical specifications are listed in Table I.

Fig. 1.  164-track High Density Multichannel Recording head.

TABLE 1.  TYPICAL SPECIFICATIONS -- HDMR-240G

Data Rate (1) Record 40- 240 Mb/ s continuously variable
Reproduce 40-240 Mb/s fixed, selectable

Data Format Serial NRZ-L in/out

Auxiliary Data Inputs Up to 12 lines @ 2 Mb/s digital (or other signal
formats)

Record Time 23 minutes @ 240 Mb/s
138 minutes @ 40 Mb/s

Start Time 50 milliseconds record
100 milliseconds reproduce

Error Rate 2 x 10-6 maximum

Magnetic Tape 2-inch on NAB reel
16-inch (12,500-ft) maximum



Tape Interchangeability Tape recorded on one HDMR-240G can be reproduced
on a second HDMR-240G

Packing Density 20, 000 BPI in-track density
1.4 x 106 b/in2

Total Storage Primary data 3.3 x 1011 Bits

Capability Auxiliary data 3.3 x 1010 Bits

Head Life 1,000 hours

Size 65 cubic feet

Power 115 Vac, 60 Hz, 1 phase, 2 kW

Number of Tracks 112 data, 14 EDAC, 12 AUX

Head Stacks One record/play (2)

Head Construction Alfecon II Unitized HDMR

Track Width
Spacing

0.008-inch
0.014-inch

Transport Vertical with waist level tape loading, vacuum bins for
fast start/stop

Tape Speed 107 in/s at 240 Mb/s (18 in/s at 40 Mb/s)

Cabinet Welded EMI design on castors, pneumatic drop door
for clean tape compartment

Special Effects Edit, auto search and other special features also
available

(1)  Also available at 120 Mb/s on 1-inch tape.
(2)  Read while write available (two head stacks, plus increased deskew electronics)

 





ASTRODRIVE - A NEW POWER-CONSERVING TAPE DRIVE

IRVING KARSH
Bell & Howell
Pasadena, CA

Summary.   Astrodrive® is a regenerative magnetic tape drive providing tape speeds from
15/16 to 960 in./sec. The unit features mechanical simplicity and low power consumption,
in a unique peripheral drive mechanism, suitable for cartridge-load, or conventional reel-
to-reel transport arrangements. Both single and dual motor configurations of the basic
mechanism are discussed, along with the inherent capabilities and limitations of each.

Introduction.   The requirement for a low power, magnetic tape recorder featuring wide
speed range and high reliability has stimulated interest in new methods of moving tape.
This paper describes one approach, which falls into the category of “power conserving”
mechanisms. The system described has been implemented, utilizing the new mechanical
drive coupled with a highly efficient, phase-locked, motor servo.

Basic Description.   The tape drive consists of two elastic-coated capstans, each in firm
contact with the periphery of one of the two flangeless tape packs, as shown in Fig. 1. In
the process of moving the tape, one capstan (the take-up capstan) is rotated slightly faster
than the other (the supply capstan). The difference in rotational velocity is necessary to
establish the required tension to insure intimate contact between the tape and the magnetic
heads. Typical differences in rotational velocity range from 0.5% to 1.5%. The capstans
are slightly deformed, at the point of contact with the tape, so that the actual velocity at the
periphery of both tape packs is the same.

The belt drive is of the differential type, in which the direction of motor rotation
determines which of the two capstans will turn at the higher velocity. Power conservation
is a direct result of the manner in which the two capstans are coupled together, by the drive
belts. The power normally dissipated as supply reel holdback torque, in conventional tape
drives, is, in the case of the Astrodrive, transmitted to the take-up capstan, by way of the
drive belts.

Theory of Operation.   The Astrodrive develops tape tension by employing two capstans
of identical diameter, turning at slightly different rotational velocities. Each capstan
consists of a rigid hub, surrounded by an elastic tire. The slower turning capstan is held in
firm frictional contact with the periphery of the supply tape pack, while the faster turning



capstan is held in firm frictional contact with the periphery of the take-up tape pack, as
shown in Fig. 1.

Tape tension (Tt) is independent of tape speed, and may be expressed in terms of the
elastic properties of the capstan tires’, and the velocity differential.

(1)

where:

The expression assumes that each capstan is an independent body, and that at equilibrium
the tape tension and velocity are equal at both tape packs. The shear spring rate of each
capstan tire is directly proportional to the area of the tire in direct contact with the tape
pack. Friction losses at the hubs and at the recorder heads are not included.

If tape tension (Tt) becomes greater than indicated by equation (1), the velocity of the
surface of the take-up capstan decreases, while the velocity of the surface of the supply
capstan increases, thus decreasing tape tension. Conversely, if the tension were less than
indicated by equation (1), the velocity of the take-up capstan is increased; the velocity of
the supply capstan is decreased; and tape tension is increased. Thus, tension will
asymptotically approach equilibrium.

The mechanism, utilized by the Astrodrive to generate a velocity differential, is best
explained by starting with a single drive-pulley, coupled to a matched pair of driven
pulleys, through a common drive belt, as shown in Fig. 2. Assuming that all pulleys are
supported by frictionless bearings, the individual surface velocities of all three pulleys will
be identical. If a load (holdback) torque is applied to pulley 2, it will slow by an amount
determined by the magnitude of the torque load, and the elastic characteristics of the drive
belt. Pulley 3 will slow by an identical amount (i.e., pulley 3 will run at the same velocity
as pulley 2). If a second, and identical, load torque is now applied to pulley 3, it will slow
by an additional, and identical, increment. Conversely, if pulleys 2 and 3 are driven by
torques equal in magnitude to the applied load torques, the velocity of pulley 3 will be
increased by one increment, and the velocity of pulley 2 by two increments.



The two conditions of applying either load, or drive torque to the driven pulleys, are
combined in the differential drive system illustrated in Fig. 3. In this diagram, pulley 1 has
been replaced with a two-diameter pulley, with a separate drive belt on each diameter.
Pulleys 2 and 3 remain unchanged. The belt on the larger diameter of pulley 1 attempts to
drive pulleys 2 and 3 at one velocity, while the belt on the smaller diameter tries to drive
them at a slower velocity (i.e., the slower belt applies load torque to the two driven
pulleys, while the faster belt applies driving torque). Thus, pulley 2 is retarded one
increment from the fast velocity (or increased two increments from the slow velocity), for
a net slow down of one increment (-1). Pulley 3 is retarded two increments, from the fast
velocity, and increased only one increment from the slow velocity, for a net decrease of
two increments (-2). Since the drive system is symmetrical, all increments will be equal in
magnitude. Thus, the two driven pulleys (2 and 3) will rotate with a velocity differential
equal to 1/3 that indicated by the two drive pulley diameters. If the rotational direction of
pulley 1 is reversed, the velocity increments will also be reversed. Thus, the drive system
is completely bidirectional.

The arrangement of the differential drive belt system, for the Astrodrive, is shown in Fig.
4, and is functionally identical to that shown in Fig. 3. This similarity may be verified by
noting identical belt paths, in the two figures. The latter arrangement provides a more
compact structure, with increased belt wrap for improved belt traction.

Pulleys 2 and 3 are each coupled to one of the capstans. Each capstan, in turn, is in
pressure contact with a tape pack, through an elastic tire. The segment of tape between the
oapstans is tensioned in direct proportion to the differential velocity of the two capstans.

The entire Astrodrive system may be described, mathematically, through a series of eleven
simultaneous equations. A single intermediate: step in the derivation, however, is sufficient
to define the capstan velocity differential (Dr), in physical terms.

(2)

Where:

Dg = the relative differential of the drive pulley (i.e., the difference in diameter
divided by the average diameter)

Jp = the input torque to the drive pulley
 Jt = the torque at the capstan, due to tape tension
Rs = the radius of the small diameter of the drive pulley
R2 = the radius of the pulley on the capstan shaft
Kb = the spring rate of the drive belt; lb/in. /in.



By disregarding the last two terms of the equation, the capstan velocity differential (Dr)
very nearly approximates 1/3 of the geometrical differential of the drive pulley. This
velocity differential is further reduced by the effects of loading on the system.

The system is regenerative in that the energy supplied by the tape being pulled from the
supply tape pack drives the supply capstan, which then transfers the energy, via the belts,
to the take-up capstan, to supply most of the energy required to wind the tape on the take-
up tape pack. Thus, the only input power required is that amount required to overcome the
system losses due to friction. Another advantage of the drive system is in the uniformity
with which tape is wound on the tape pack, by the pressure of the capstans. This pressure
serves to squeeze out the boundary layer of air, which is normally carried along with the
tape, in moving from the supply to the take-up tape packs. This feature permits high speed
operation of the reeling system, without loss of tape control. Operating speeds to 960
in./sec have been successfully demonstrated.

Description of Equipment.   The requirement that the capstans remain in firm frictional
contact with the tape packs dictates that either the capstans or the tape packs move, as the
diameter of the tape packs change. Greater space economy can be realized if the tape
packs are allowed to move, while the position of the capstans remain fixed. The technique
of overlapping flangeless reels, with minimum separation at mid-pack, is a well-established
method for conserving space. In the Astrodrive, space economies are realized by mounting
both tape packs on a movable carrier, which pivots about a point midway between the
capstans, such that the center of the tape pack swings toward the center of the transport, as
the pack diameter increases. (Fig. 5.) Hence, the total area requirements for any given size
tape pack is smaller with the Astrodrive, than for the simple overlapping reel
configuration.

The Astrodrive system has been incorporated into a two-channel recorder/ reproducer,
measuring 15.5" x 12.25" x 4" (Fig. 5). The unit operates at a linear tape speed of 15/16 in.
/sec during the record mode, and 60 in. /sec during the reproduce mode, with an average
power consumption of less than seven watts. The transport accommodates 3900 feet of
1/4-inch wide magnetic tape, to provide approximately 14 hours of recording time. The
tape packs are contained in a bolt-on cartridge for convenience in handling. Frictional
contact between the tape packs and the capstans is maintained by tension springs, at the
top and bottom, which pull the tape carrier toward the front of the cartridge. Rubber stops
limit the travel of the tape packs, and serve as mechanical brakes, when the cartridge is
removed from the transport. Fig. 6 is a bottom view of the unit, shown with the drive belts
removed. The unit shown is designed to record audio frequency data at 15/16 in./ sec, and
reproduce data at 60 in./sec, with less than 2.5% p-p cumulative flutter (measured from dc
to 313 Hz), for the complete record-reproduce cycle.



A number of construction variations utilizing the basic Astrodrive system, have been
explored. For example, the basic disadvantage of the differential drivebelt system is a
momentary loss of tape tension, during tape direction reversals, resulting from the inherent
elasticity of the drive belts. This limits the use of the configuration in applications where
rapid, and frequent, shuttling between the forward and reverse mode is required. To
overcome this limitation, each of the capstans may be directly coupled to a separate servo-
controlled dc motor, and the relative velocity differential maintained electronically, rather
than mechanically. The dual-motor configuration also provides the advantage of relative
fast start/ stop times (e.g., 250 ms, or less, from zero to 360 in./sec).

Although the utilization of movable tape packs, in lieu of movable capstans, offers greater
space economies, the configuration does not lend itself to application where environmental
vibration may be encountered. This limitation is due to the constantly shifting mass of the
tape packs, during operation, making it impossible to achieve a uniform weight balance. If,
on the other hand, the tape packs are held stationary and the capstans allowed to move, it
is possible to achieve full dynamic balance of the moving elements. Either the dual-motor
or the differential drive-belt configurations can be employed with the moving capstan
system. The moving capstan configuration, also, offers greater cost economies resulting
from the requirement for a less sophisticated tape cartridge. That is, the cartridge need
only consist of the tape packs and a protective enclosure, with all bearings and precision
elements transferred to the transport mechanism.

Conclusions.   The Astrodrive system offers a simplified means of obtaining several
desirable characteristics in a tape drive system. The system is particularly suited to
cartridge loading, consumes little power, and is capable of operation over a wide range of
tape speeds. Applications include unattended data acquisition (e.g., sonobuoys,
geophysical recording, etc.), on-site data analysis, medical and biological monitoring, and
ecological data sampling. Data may be recorded in either analog or digital formats, or a
combination of both. The Astrodrive may also be configured for complete computer
control of all transport functions.

Fig. 1.  Astrodrive Reeling System



Fig. 2.  Three Pulley System

Fig. 3.  Differential Belt Drive

Fig. 4 . Differential Belt Drive Normal Configuration



Fig. 5.  Top View

Fig. 6.  Bottom View



USER-ORIENTED IMAGE DATA CARTRIDGE
RECORDING SYSTEM

CHARLES R. HORTON
Radio Corporation of America

Summary.   New generation satellites such as ERTS present a new challenge to the data
recording industry. Continuous wideband data creates an enormous storage/retrieval
problem. Recently developed high density tape storage solves the volume problem but
does not provide fast addess. Clearly, some cartridge type device is required.

A similar problem faced the broadcast T.V. industry. Cartridge equipment was developed
to allow automatic programming of short segments. This paper describes application of
this technology to present and future data storage requirements. With the technique
described, ERTS data can be segmented into blocks of ten frames each and stored in easily
accessed tape cartridges.

ITC '73
This CD-ROM duplicates the published proceedings in that only a summary of this paper was published.



AIFTDS-4000, A FLEXIBLE HIGH SPEED DATA
ACQUISITION SYSTEM

ROBERT W. BOREK
Aeronautics and Space Administration

Flight Research Center
Edwards, CA

Summary.   The data acquisition system of today’s research aircraft generally consists of
a multiplicity of “black boxes” linked together by wiring cables of various lengths and
sizes. This approach offers the user an “off-the shelf” type of flexibility to which he has
become accustomed. It does not, however, provide for all the needs of an results
demanded by today’s technology. The rising costs of flight test hours, the sophisticated
airframes, and the minimum flight time allotted for actual flight test indicate a need to
review existing data acquisition system technology and apply up-to-date technology.

The NASA Flight Research Center at Edwards, California, initiated a review of its needs
in the area of airborne data acquisition systems. The result was a new and powerful system
called “AIFTDS-4000” (Airborne Integrated Flight Test Data System). AIFTDS is a high
speed computer-controlled PCM system comprised of three basic units, the remote
multiplexer de-multiplexer unit, the PCM processor, and the memory unit. The three units
were designed and tested to meet the requirements of pertinent Mil-Specs for high
performance aircraft. The signal conditioning, sensor excitation, and time code generator
were designed as an integral part of the system and are not separate chassis.

This paper discusses the design objectives established prior to actual hardware
construction and compares these objectives with the final hardware.

ITC '73
This CD-ROM duplicates the published proceedings in that only a summary of this paper was published.



A HIGH SPEED AIRBORNE DATA ACQUISITION AND CONTROL
SYSTEM WITH AN INTEGRATED DIGITAL COMPUTER

WILLIAM F. TROVER
Technical Staff

Teledyne Controls Company

Summary   AIFTDS-4000 has been developed as a modularly expandable instrumentation
and control system primarily for use in aircraft and system flight test. The bidirectional
data processing capacity of Remote Multiplexer/Demultiplexer Unit, however, permits the
system to be applied to data processing and control loop functions as well as the classical
role of a data gathering system. The basic system was developed for NASA-FRC under
three different contracts; NAS4-1848 (the ACS and RMDU’s), NAS4-1940 (the integrated
signal conditioner cards) and, NAS4-1943 (the expanded test set). The system comprises
Airborne Hardware, Ground Support Equipment and Software. The Airborne Hardware is
divided into two major elements; The Airborne Computing System (ACS), and the Remote
Multiplexer/Demultiplexer Unit (RMDU). Ground Support Equipment is presently
restricted to the ACS Test Set (ACS/TS) which permits total checkout of the ACS without
the RMDU’s or checkout of the full AIFTDS, as well as performing the function of an
autonomous mini-data reduction ground station and the Portable Address Generator which
permits testing of one RMDU (or one zone of the airplane) without the ACS or the
ACS/TS. Software may be grouped into System Checkout and Diagnostic Software, Flight
Test Program Software and Quick Look/Reduction Software. The prototype AIFTDS-
4000 was qualified in two stages; the RMDU was qualified in October 1972 with the ACS
qualified in April 1973. The Expanded Test Set and supporting software were delivered in
May 1973.

Introduction   AIFTDS flight hardware consists of the ACS with from 1 to 16 RMDU’s
for the gathering or disseminating data and real time processing and formatting of data for
simultaneous application to mass storage media (tape recorder or other bulk memory), an
RF Transmitter for real time telemetering and, display of selected parameters on a cockpit
control/display unit. Key features of AIFTDS not generally found in the classical PCM
system include:

1. A man/machine interface permitting in-flight changes in sampling programs and
automatic or manual callup and display of selected parameters for use by the test
pilot/engineer.



2. Complete randomness in sampling of up to 4096 analog and 576 discrete data points
at data rates up to a maximum word rate of 128K WPS.

3. An autoranging gain programmable amplifier which has 11 preselected gains under
software control which automatically adjusts the gain (if necessary) to the input signal
level before data is sampled.

4. Integration of sensor excitation and sensor signal conditioning in the RMDU with
sensor type and quantity of each type sensor accornmodated dependent on the
signal/conditioning multiplexer card complement selected for each RMDU.

5. Built-in calibration channels which provide a complete cal/data cycle for each RMDU
plus the ability to fault isolate to the PC card level and box to box interchangeability
for each PC card without recalibration of the card or the box.

6. Real time data processing through the computer in the ACS plus the ability to use the
computer to generate control signals for dissemination through the RMDU to an
external control loop.

The 65K word memory of the ACS permits many different PCM sampling formats to be
stored for a single flight, as well as permitting the CPU to manipulate sampled data so both
raw and processed data may be generated in real time. Storing limit exceedance
information (fixed-or-floating-point) permits performing real time data compression. PCM
formats may be written for any frame length, any number of subframes in the mainframe,
and any depth of subframes desired. The Channel Sampling Format may be completely
random and the frame rate may be any of eleven rates with word lengths of 8, 9 or 10-bits
of resolution, producing 33 different bit rates under software control. It is possible to
address four different RMDU’s simultaneously so with 8-channel parallel sample and hold
cards in the RMDU’s simultaneous address can be made of 32 different channels for phase
correlation measurements in different parts of the airplane. A block diagram of the
AIFTDS-4000 configured for maximum data processing capacity is depicted on Figure 1.

The ACS/TS is used for testing the ACS Processor, the ACS Memory, the complete ACS
without RMDUts and/or a complete AIFTDS-4000 with 16 RMDU’s. It also can compile
sampling programs, data processing programs, fill and dump memory and perform a pre-
and post-flight test (as well as bench test) of the entire AIFTDS. The ACS/TS can be used
to reduce data, print out raw and/or reduced data and produce an archivable copy of
memory contents to provide permanent records of system configuration for each flight (and
each test mode of a flight). It can produce computer compatible tapes from airborne tapes
and it can display data from the system (or the tape being read) in real time.



Figure 1

THE AIRBORNE COMPUTING SYSTEM (ACS)

The ACS is a central subsystem of the AIFTDS packaged in two 1/2 ATR long housings.
It is composed of four functional elements; a PCM Controller, a Central Processor (a high
speed, general purpose digital computer), an IRIG Time Code Generator and a 65,536
Word (16-bit words) Memory System. A block diagram of the ACS is shown on Figure 2.
The PCM Controller, the Time Code Generator, and the Central Processor are packaged in
the Processor housing with the memory subsystem packaged in its own housing. The ACS
has been designed and tested to MIL-E-5400 environmental requirements of sea level to
100K ft. altitude, 20 Hz to 2 KHz, 10 g sine vibration, an operating temperature range of
-29E to +60E C and EMI per MIL-STD-461. One of the unique features of the ACS is the
modular memory subsystem which is expandable in 4K word increments to 65K words by
adding two memory cards for each additional 4K of memory desired. The memory
interface permits the use of any type of memory media so that either semiconductor, core
or plated wire memory system can be used. The prototype system contains a dynamic
RAM semiconductor memory made NDRO by incorporating a rechargeable battery pack
which protects from power transients and interrupts and keeps the memory refresh alive 



Figure 2

for up to 100 hours of continuous system power down operation. This permits the memory
to be loaded and checked out in the laboratory and then carried out to the flight line,
installed in the aircraft and the system preflighted without loss of memory contents. The
aircraft can be shut down over a three day weekend and with the only requisite
replacement of the battery before flight. A photograph of the AGS Processor and Memory
Unit and four the the RMDU’s is shown on Figure 3.

PCM Controller

ACS data acquisition functions are performed by the PCM Controller section utilizing a
three line (TSP) communication path for clock, address and data return between the ACS
and each RMDU. The PCM Controller is capable of simultaneously addressing four
RMDU’s to obtain time correllation of data from four different locations in the vehicle.
Sampling formats stored in the ACS memory govern the sequencing of data point
addresses. Format words are read from the memory via a Direct Memory Access Channel,
with one format word producing two data point addresses and requiring 3 words of
memory for storage. Digitized data is received, buffered and interleaved with data from
other RMDU’s to generate two contiguous telemetry output signals. When a format
memory word is nagged for CPU monitoring, the PCM Controller interrupts the CPU, 



Figure 3

inserts into the PCM bit stream a CPU generated output word and inputs to the CPU the
RMDU generated data sample. At this time the RMDU channel address is automatically
stored in memory as a data sample identifier.

RMDU data point address words each contain two sync bits, followed by 14 RMDU
function control data bits. The format and timing relationship of the transmitted address
and clock and the returned RMDU data as illustrated below in Figure 4.

Figure 4



The PCM main frame consists of a serial time representation of 3 words of frame
synchronization, 1 subframe ID counter word and from two to 32,768 RMDU data words.
The system is capable of processing supermultiplexed data, submultiplexed data or a
combination of both types within the main frame. The ACS can be programmed for main
frame lengths up to 32,768 words (or time divisions) of 10, 11, or 12 binary bits per word
with cycle lengths from one to 4,096 frames. The main frame ID word is the fourth word
or time division in the main frame and provides a unique identification of each main frame
within the total data cycle. The first main frame in the data cycle has the binary ID word
000000000001. Each succeeding main frame increments the ID word one count until the
end-of-data cycle word, at which time the ID word is reset indicating the beginning of a
new data cycle. The ACS can be programmed to operate at any one of the eleven
selectable word rates shown in Table 1.

TABLE 1
SOFTWARE SELECTABLE PCM WORD RATES VS WORD SIZE

Word rate selection is made by the issuance of a single software command. The system
provides proper sequencing of the synchronization word, ID words, and data within five
seconds plus one complete cycle after application of power to the system. The PCM
Controller provides premodulation filtered serial NRZ for a RF Transmitter. The recorder
interface provides one serial data Bi-phase L data line and an associated serial bit rate
clock output plus 12 parallel Bi-phase L data outputs with associated bit and word rate
clocks. Each of the 15 line drivers is capable of driving a 25 foot MIL-W-16878D, 26
gauge TSP cable.

Time Code Generator

The ACS contains an integral Time Code Generator (TCG) that produces “time-of -day” in
a BCD format in seconds, minutes and hours in addition to a modified IRIG B (B-122)
output. The TCG is driven from the main ACS clock which has a stability of two parts in
107 per minute and two parts in 106 per day. Provision has been made for time display,
stop/start control and counter preset via a cockpit control and display interface. A means



has been provided to synchronize the TCG to a WWV audio input. Synchronization
consists of an operator procedure which presets the time display counters and arms the
TCG so that it can automatically detect the start of any minute (excluding the first minute
of the hour), to within 50 µsec.

Central Processor Unit

The Central Processor Unit (CPU) of the AGS is a general purpose binary, digital
computer that operates with 16-bit instruction and operand word lengths using the formats
as shown in Figure 5. A natural binary numbering system is used with negative values
coded as 2’s complement. The CPU has 70 operational instructions implemented in logic
which includes: Load/Store, Logical, Branch/Compare, Shift, Arithmetic and Input/Output.

Figure 5

Sixteen priority interrupts including power sequencing are provided with hardware lockout
of lower priority interrupts. All interrupts except for power ON may be masked by the
programmer individually or en Masse. An interrupt consists of a hardware forced Transfer
and Save instruction execution cycle, which resets the Interrupt Enable state to the Disable
condition. Once an interrupt has occurred, the ACS remains in the Disable state until re-
enabled by the software. The ACS performs an add to memory in 3.33 µsec., a multiply to
memory in 6.67 µsec., and a divide in 9.33 µsec. It has three hardware index registers, and
when an operand address is modified by indexing, the effective address is within the range 



of zero to 225 locations from the value of the Index Register. Two complete sets of
working registers are reserved for processing of PCM words flagged for CPU monitoring.

Memory System

The Memory System architecture permits the use of 16, 20 or 24-bit memory modules.
Detailed interface and timing differences for any alternate memory system are contained
within the logic modules of the memory unit so as to present an identical interface between
the memory unit and the processor unit irrespective of the memory media selected. The
semiconductor memory is composed of an array of Random Access Memory (RAM)
devices which operate in a non-destructive readout mode. The memory module is
physically identical to the other logic modules and provides 4K words of 8 -bits each.
Sixteen-bit word memories are mechanized with two 4K-word modules which produce an
4K x 16-bit block. Twenty or twenty-four bit words by 4K are mechanized with 3 memory
modules. Non-volatility is provided by a wide temperature range rechargeable battery
capable of supporting a typical 16K word memory up to 2 weeks without application of
external power (or a 65K memory for 100 hours). The memory is organized so that the full
complement of 65,536 words may be randomly addressed in any sequence. It is partitioned
into blocks of 8, 192 words which are assigned to the Central Processor and/or the PCM
Controller so that the blocks may be read simultaneously by their respective control logic.
The CPU has the capability of reading and writing into any location in memory on a first
priority basis. Memory fill and verify is accomplished via the CPU port which is connected
to the Processor Unit Test Connector. Memory contents can also be loaded or dumped in
flight through one of the spare I/O ports not mechanized in the prototype system.

THE REMOTE MULTIPLEXER/DEMULTIPLEXER UNITS (RMDU’s)

The AIFTDS Remote Multiplexer/Demultiplexer Unit (RMDU) is a multifunction data
processing unit which can be used as a remotely controlled, bidirectional data processing
unit for gathering and disseminating analog, discrete and/or digital data. It can be used in a
master/slave configuration or as a standalone unit. In the master/slave configuration it is a
slave unit that is controlled via a digital interface from a controller such as the ACS, which
can be located up to 300 feet away. By interchanging the communications (DDP) card in
the RMDU with a standalone timing card, the RMDU is immediately converted from a
remotely controlled data processor to a self-contained conventional PCM system. The
RMDU is capable of processing, in a random sequence, up to 256 differential analog and
36 discrete data points. Signal conditioning may be performed within the RMDU which
also provides transducer excitation. Maximum signal processing capacity of the RMDU is
dependent on the length of the housing and the mix of optional signal conditioning and
multiplexer cards used in a given configuration. Figure 6 is a summary level block diagram
of the RMDU configured as a self-contained PCM system (using the Standalone Timing 



Figure 6

Card). The STC module can be interchanged with the DDP module so the RMDU can also
operate with the ACS, the Portable Address Generator or any other device that can
generate addresses and clock and provide the associated timing to recognize returned data.

The Basic RMDU consists of the housing, the power supply module and the overhead PC
cards which are necessary to process analog and digital data. The overhead cards are: (1)
The Digital Data Processor Card (DDP) or the Standalone Timing Card (STC), (2) The
Analog to Digital Converter Card (ADC), (3) The Sample and Hold Card (SHC), and (4)
The Gain Programmable Amplifier Card (GPA). To the basic RMDU card complement
may be added from 3 optional cards (in the Short Housing) to 9 optional cards (in the Long
Housing) which perform signal conditioning and/or multiplexing. The number of channels
per optional card can vary from one to sixty-four depending on the complexity of the signal
conditioning. Housing cabling has been configured so that all of the different types of
analog signal conditioning and multiplexer cards can be inserted in any of the optional card
slots. Examples of RMDU signal processing capacity vs. sensor type are shown in
Table 2.



Table 2



When configured with the DDP module, the RMDU receives a fixe frequency clock (up to
2.5 MHz) and data point addresses from a controller and sends back digitized data three
word times after an address is received. For data dissemination, the card/chan address and
the output data are contained in the same word. Randomness of the RMDU is typified by
the fact that one channel can be addressed continually (but with different gains) at any rate
up to 131K words per second or 64 channels can be addressed 2000 times per second, or
any channel or group of channels can be addressed at any rate from 1 SPS up to a
maximum word rate of 131K WPS in any numerical order.

The RMDU decodes the address word to set up the required mode of operation for that
particular address and turns on the proper logic to control the various functional parts of
the unit. The circuitry normalizes analog signals for conversion by the A/D converter and
subsequent transmission. Discrete or digital signals are transferred via a two-word delay
circuit directly to the line driver on the DDP card. A three-word delay is experienced from
the time of address transmission when sampling analog data. One word time is required for
amplifier autoranging while a second word of delay is consumed by the analog to digital
conversion process. The data word is then transmitted during the third word time after the
receipt of the data point address. The same internal delays are experienced when the STC
module is used in place of the DDP module.

Analog input signals are routed from the optional signal conditioning/multiplexer cards to
the Gain Programmable Autoranging Amplifier (GPA). The GPA can be controlled via
software to provide any of eleven gains from G=1 to G=1024 in powers of two. The
autoranging feature of the GPA permits it to double its gain if the input signal is less than
1/2 F. S. or half its gain if the input signal is over 9/10 F.S. Appropriate gain tag bits are
appended to the digital data to indicate whether the gain used was different than that
programmed. The amplified signal is processed by a conventional 10-bit analog to digital
converter (ADC card) and transferred to the digital data processor (DDP card) for
transmission to the ACS.

Digital/Discrete input signals are transferred from the optional input card(s) directly to a
two word delay on the DDP card for subsequent transmission to the ACS. Analog/Digital/
Discrete output information is transferred in digital form from the DDP receiver to the
appropriate I/O card for output signal conditioning. An integral Cal/BITE data capability is
provided in addition to the normal I/O capacity, that permits fault isolation to the PC card
level and real time calibration of all internal analog error sources.

Signal Conditioning/Multiplexer I/O Cards

The Basic RMDU has been designed to work with a wide variety of optional signal
conditioning/multiplexer cards. The optional cards can be plugged into any of the optional



card slots in the housing. Once, however, a card is installed and software is prepared, the
same type of card should remain in that card slot unless the software program is modified.
The label on the housing provides a place to record the part number and serial number of
each optional card installed in the basic unit.

Analog Multiplexer Card (AMX)   The AMX card provides thirty-two differential signal
inputs that may be randomly addressed. Signal levels may be from ± 10MV F. S. to ± 10V
F. S. The AMX circuitry in conjunction with the GPA provides CMR to ± 10 volts and it
will sustain overvoltages of -15V to +30V without damage. An adressable thirty-third
channel on the AMX card is dedicated to calibration and has been identified as Low Level
Cal (LLC). The divider network on the card, however, can be changed in the field by the
user to calibrate any gain of the amplifier by changing the values of the divider network
connected to the + 10V reference supply.

Discrete Multiplexer Card (DMX)   The DMX card accepts 36 parallel discrete or
digital input lines. It produces a logic 0 for signals of less than +0.8 volts or an open circuit
or grounding of an input. It produces a logic 1 for signals from +2V to +30V. Signal
current limiting to 1 MA maximum is provided for all signals. The DMX card also
provides twenty-four 5-volt excitation sources current limited to 1 MA through the signal
input connector. Therefore, discrete switch closure detection can be made closed loop
without connection to the vehicles’ power source. Each DMX card provides three
adressable 12-bit words. An addressed discrete word is shifted out through 2-word delay
registers before transmission so as to provide the same time delay as analog data. If the
DMU/ACS sampling program is written to produce 8 or 9 bit resolution, bits No. 1 (for 9-
bit resolution) or 1 and 2 (for 8-bit resolution) of each of the discrete words (or the least
significant bits of an analog word) will be dropped by the DMU/ACS. Therefore, discrete
inputs 1 and/or 2 should not be used unless a ten bit resolution sampling program is used.
A 37th bit is provided at the output of the DMX card and is addressable as part of the
power supply BIT word.

Thermocouple Multiplexer Card (TCMX)   The Thermocouple Multiplexer Card
(TCMX) provides signal conditioning for thirty-one thermocouples of one or two different
types of base metal wire (up to 16 of each type). The thermocouple wire is brought directly
into the RMDU through the signal input connector. Unwanted junctions (i.e., Chromel to
Copper and Alumel to Copper) are placed in two small isothermal zone boxes along with
one chromel/alumel reference thermocouple. The reference thermocouples are connected
to compensating bridge circuits whose outputs are connected to channels 15 and 33 on the
PC card. Thereby the temperature of the inside of the isothermal modules is sampled
whenever channels 15 and 33 of the TCMX card are addressed. Copper leads from the
zone box are connected to a 33 channel MOS-FET differential multiplexer that is identical
to that used on the AMX card. The thermal delay produced by the zone boxes is several



minutes in duration so that sampling of the thermocouple of interest and the zone box
thermocouple have no real time proximity relationship. The airborne or ground computer
then subtracts the unwanted zone box thermocouple temperature from the total signal
(junction of interest temperature plus the zone box temperature).

DC Bridge Card (DCB)   The DC Bridge Card is a 12-channel signal conditioning/
multiplexer for use with strain gauges, resistance thermometers, potentiometers and other
types of resistive sensors. Six of the twelve channels are configured to provide bridge
completion circuitry (including signal offset, signal loading and sensitivity adjustments) for
one, two or four active leg Wheatstone bridge circuits. The remaining six channels provide
only signal input, source excitation voltage and a sensitivity adjustment. A precision
voltage regulator is provided on the card along with current limiting resistors for each of
the twelve excitation sources. The voltage regulator may be configured in the field to
provide either 5V, 10V or 15V for bridge excitation by selection of the proper set of
resistors on the card.

A thirteen channel differential multiplexer on the DC bridge card is the same as the AMX
card with the excitation supply connected to the thirteenth channel. Resistors used for
excitation supply current limiting, bias and signal loading may be tailored in the field for
the specific type of strain gauge or sensor being used. The network may be configured so
offset bias will balance bridges under strain in quiescent conditions. A signal loading
network can be added to permit precise setting of scale factor to match one of the gains of
the GPA.

Relay/Valve Driver Card (RVD)   The Relay/Valve Driver Card is a discrete data
dissemination card that provides thirty-two (32) bilevel outputs with sufficient power
capacity to operate small relays or valves. The data dissemination mode is established in
the RMDU when an address with an “invalid” gain code is sent from the ACS. The 10 bits
of the address word between the G bits and the Z bits can be usable information that is
decoded on the output card. In the case of the RVD, the first 5 bits after the gain bits
provide a 1 of 32 hi-lo command.

Mode Selectable Presample Filter Card (MPSF)   The Mode Selectable Programmable
Filter Card provides two differential low-level active filters whose 3 db points may be set
periodically to either of two frequencies (under software control). The filter inputs may
also be switched between any of three different transducers during flight so that the same
filter can be used for the gathering of data under different flight modes. Either filter’s input
circuit can be configured with three sets of bias/signal loading networks so that the MPSF
card may be used in conjunction with the excitation and bias sources available on the dc
bridge card. The signal input offset network and signal source connected to the filter
preamplifier is determined by the three-position selector switch in front of the preamplifier.



Input selector switching and filter knee switching are controlled by the XY logic that
normally operates the multiplexer gates of an AMX card. However, since source
select/bandpass switching is a periodic mode function, it is performed at a time when data
is not being sampled from a filtered channel.

The preamplifier is a fixed, high-gain, differential amplifier that has the same input
characteristics (other than bandwidth) as the Gain Programmable Amplifier on the GPA
card. The gain of the amplifier (G = 128 to G = 1024) can be set in the field by changing
the gain adjust feedback resistor. The preamplifier provides a 0 to 5V full scale signal to
the three-section (low pass) active filter which provides a rolloff characteristic of 18 db per
octave from the -3 db point. Switch selectable RC components in the filter module permit
the knee point to be changed to either of two frequencies (between 5 Hz and 100 Hz)
under software control. The outputs of the programmable presample filters are sampled
through a 2-channel multiplexer whose output is connected to the GPA so that gain may be
used after the filter for unwanted frequency discrimination.

In addition to these cards, Teledyne has developed a score of additional different types of
optional cards which may be used in the RMDU to process signals from any type of sensor
or output commands to any type of load.

PCM GROUND STATION

The AIFTDS Test Equipment consists of two independent subsystems; the ACS Test Set
(a test set and PCM ground station) and the RMDU Portable Address Generator. The
AIFTDS Ground Station is an equipment complex consisting of a mini-computer and
several computer -controlled peripherals which with the appropriate software to provide
the user with the following basic capabilities:

1) Control and display features to allow hardware and software verification of the ACS
and its I/O ports.

2) Load and verify either the ACS or PDP-11 memory from magnetic tape and dump the
ACS or PDP-11 memory contents onto magnetic tape and/or provide hard copy
documentation of the ACS memory contents and/or the PCM data stream.

3) Provide the capability to synthesize various PCM formats and related ACS programs
in preparation for loading into ACS memory for a flight test.

4) Provide general engineering computation capability and format flight tapes into IBM
compatible tapes.



The equipment which performs these functions include a PDP-11 minicomputer, a CRT
display and associated keyboard, a cassette-loaded ma gnetic tape system, a
printer/plotter, a switch assembly, a magnetic disk file system, a card reader, special
purpose logic, power supplies and appropriate enclosures, cables, etc. A functional block
diagram and a photograph of the complete Ground Station is presented in Figure 7.

Figure 7

The Ground Station System is capable of operating in either of two basic
configurations: Laboratory configuration with all equipments available; and Flight-line
configuration with only those equipments housed in the central two-bay enclosure
available. The laboratory configuration provides all basic capabilities. The Flight-line
configuration provides only capabilities 1 and 2. The Ground Station software will
accommodate both configurations.



SUPPORT SOFTWARE

An extensive and easily used system of support software for the AIFTDS ACS Test Set
has been developed which includes a Symbolic Assembler, an Object Program Librarian, a
Linkage Editor/Loader and Utility Programs. These software programs are written
principally in Fortran IV and are readily adaptable to alternate host computer facilities.
They are currently operational on IBM 36o/370 series installations.

The Symbolic Assembler is used to generate and maintain operational programs. The
Assembler enables the programmer to generate programs using a symbolic representation
for operational machine instructions, constants and variables. Inputs to the assembler can
be punched cards, punched paper tape, or magnetic tapes from previous assemblies.
Outputs from the assembler are of several optional forms so that a combination of outputs
can be specified for one assembly. Optional outputs include; Perforated paper tape or
cassette magnetic tapes containing the object program for loading the ACS, Magnetic Tape
containing the updated source program, Perforated Tape containing the updated source
program, and an Assembly Listing - including sorted symbol and reference dictionary and
appropriate error message references. The Assembler is capable of creating both
relocatable and absolute location object programs as an operator option. An update
process, within the Assembler, allows additions, deletions, and revisions of code from a
previously produced object program and merges these changes into an integrated “new”
object program.

The Object Program Librarian allows storage of groups of object programs on a single
magnetic tape. Programs are maintained in the same format as the outputs from the
Symbolic Assembler. Provisions are made to add a new program to the library, delete a
program from the library, and list the statistical characteristics of any program including
name, type (absolute or relative), system data base referenced, and system data base
defined.

The Linkage Editor/Loader combines programs assembled at different times, relocates
these programs as required, and generates the tape used to load the ACS. Inputs to the
Linkage Editor/Loader are object programs (either absolute or relocatable), program
patches, subroutines, and suitable control parameters for directing the operation of the
program. Outputs from the linkage editor can include; an absolute located object program,
a memory map specifying allocations of system-defined symbols, and linkage error and
warning messages such as: Memory allocation overlap, absolute-relative assignment
conflict, duplicate system symbol reference, undefined system symbol reference, and an
undefined program reference.



Utility programs are available for use in the object computer (the ACS) to perform varied
functions. Among these are a bootstrap loader for filling memory, a fault isolation and
diagnostics program, program debug aids, a library of subroutines and memory dump and
peripheral interface routines.

RMDU ADDRESS GENERATOR (PORTABLE TEST SET)

The RMDU Portable Address Generator may be used as an address generator/data display
unit (the sole interface with one RMDU), or it may be used in the monitor mode as a
remote display unit for an RMDU that is being controlled by the ACS. The address
generator is capable of powering the RMDU from an internal frequency converter so that
any zone of a vehicle may be instrumented and checked out without the need for ship’s
power to be applied to the aircraft. The Portable Address Generator has the capability of
selecting any of the RMDU’s five modes of operation and dynamically exercising all of the
functions of an RMDU except those of signal input simulation. A photograph of the
Portable Address Generator is shown in Figure 8.

Figure 8

Four different random addresses can be transmitted to the RMDU at any one of six
different word rates. Data from any of the four transmitted addresses is converted in the
test set from Binary to Decimal and displayed on the numerical VALUE indicators (0 to
1024). The GPA autoranging gain tag bits are displayed on the AMPL GAIN indicators (0,
+1 or -1). Discrete data words are displayed on lamps 1 through 12 of the 14 display
lamps located under the numerical display indicators.

In the BITE/OHM mode the address generator disconnects the card select and gain select
switches and substitutes an incremental channel advance counter which permits the
operator to automatically or manually step through each of the analog channels. In the



manual advance mode, the operator can stop the multiplexer on any given channel and
dynamically exercise the transducer while watching the data point readout on the Value
display indicator.

In the read-only mode the test set can trap any one of the RMDU addresses transmitted
from the ACS and display the address on the 14 indicator lights. The digital data word of
the selected address is sampled as it is transmitted to the ACS and is converted to decimal
form and displayed in the same manner as when the unit is operating in the address
generator mode. The Read Only function does not interfere with normal operation of the
system as the RMDU is at all times under control of the ACS sampling program.

In the Standby Mode the clock, data and address lines from the ACS are connected
directly through the test set to the RMDU. This permits the operator to electrically bypass
the circuits in the test set to verify whether any operating problems experienced are a
function of a possible malfunction within the test set itself.



1 “Interferometer - Controlled Telemetry Tracking System,” W. K. Cooper National Telemetring
Conference 1969 record.

INTERFEROMETER SIGNAL DEMODULATION IMPROVES
TRACKING SENSITIVITY

WILLIAM K. COOPER
Physical Science Laboratory
New Mexico State University

Summary.   A considerable improvement in signal to noise ratio has been achieved in
narrow band interferometer trackers by demodulating the telemetry signal prior to the final
stage of i-f amplification. This system has an effective signal bandwidth much greater than
the noise bandwidth. Signal to noise improvements of 10 dB are typical.

Introduction.   S-band interferometer controlled telemetry tracking s stems have been
successfully used at White Sands Missile Range since 1969.1 These systems have been
found to be highly reliable and have a large advantage over other tracking systems in that
they automatically acquire signals anywhere within ± 13E of boresight.

These systems employ a 10 ft. dish antenna for the data channel and three 9 in. horn
antennas for the tracking channel. The horn antennas feed the interferometer receivers
which generate the tracking errors to drive the pedestal. The final i-f amplifier is very
narrow banded (8 kHz) and most of the signal power of a typical broad band telemetry
signal is thus outside the pass band of this amplifier. The signal demodulation process
described in this paper uses a priori information form the data receiver to map the
spectrum of the telemetry signal inside the 8 kHz bandwidth of the final i-f amplifier. This
mapping process, of course, destroys the telemetry information, but preserves the relative
phase of the signals from which the tracking errors are derived.

Tracking System.   The simplified functional block diagram for this system is shown in
Figure 1.

The interferometer antennas are mounted so that movement of the pedestal in the elevation
axis changes the relative range of the elevation (EL) antenna with respect to the center
reference (C) antenna, but not the azimuth (AZ) antenna. The converse is true for
movement in azimuth. The pulse of the signal in the EL(AZ) antenna with respect to the
reference antenna is thus proportional to the pointing error of the antenna system.



The outputs of each antenna are fed to a limiter and preamplifier. The output of each
amplifier is sent to a down converter which heterodynes the 2.2 GHz signals down to 73.6
MHz. These signal pairs are then sent to the interferometer receivers (one for elevation and
one for azimuth) where they are heterodyned twice more, resulting in a 465 kHz signal in
which both the EL(AZ) and reference signals are combined for amplification in a single i-f
strip. When these combined signals are peak detected, the results are 500 Hz signals which
carry the required phase information. (See Appendix) These 500 Hz signals are sent to
phase detectors where the tracking errors are extracted.

When the system is in the auto track mode, these signals are sent to the servo amplifiers,
which closes the tracking loop.

The frequency of the first local oscillator is controlled by an automatic frequency control
unit which forces the frequency in the last i-f strip to be held, on the time average, to
within twenty cycles to the set frequency (nominal 465 kHz).

The data signal enters the system at the feed of the ten foot dish; this signal is preamplified
and sent to the data receiver. The 10 MHz output of the data receiver carries the
information describing the instantaneous frequency of the data signal. This information is
used to tune the second local oscillator, at modulation rate, in such a way as to keep the
interferometer tuned to the instantaneous carrier frequency. Thus, in principle, this maps
the entire power spectrum of the telemetry signal into a single spectral line at the center of
the 465 kHz i-f strip pass band.

In practice, however, the signal arriving from the data receiver is delayed by time I, about
2 µs. This delay means that the instantaneous local oscillator frequency is not precisely
what it should be, (it is what it should have been 2 µs earlier) and the demodulated
(difference) frequency is thus off by this same amount.

The error in demodulation frequency is , = f(t) - f(t-I). From the definition of the
derivative,

It is thus seen that the demodulation is not complete unless the system is compensated by
adding a delay to the tracking channel signal.

Tests.   A series of tests were run to determine the extent to which the system could be
compensated by placing a delay line (composed of RG-8 cable) in series with the 73.6
MHz signal. The delay was adjusted until the narrowest spectrum was observed at the
output of the demodulator (2nd mixer). For the purpose of making this adjustment, the



transmitter was modulated with a 100 kHz triangular wave form at a 225 kHz deviation.
This deviation was chosen because the carrier term (Jo) disappears. Figure 2 is a
photograph of the spectrum at the second mixer output when the demodulator is turned off.
This figure shows the missing Jo term at the center. The large spectral line at the far right is
feed-through from the third local oscillator. Figure 3 is the spectrum at the same place
when the demodulator is turned on. One observes that most of the power has now been
mapped into the carrier (Jo) line and that this line is 10 dB higher than the largest line
available prior to demodulation. Since only one such line can be passed by the final i-f
amplifier this represents a 10 dB increase in the signal to noise ratio in the tracking
channel.

When the same test is run without the delay, the results are as shown in Figures 4 and 5
respectfully. Even in this case the demodulation results in a large Jo line where none
existent before, but the increase in signal to noise ratio is negligible. Figure 6 is the
spectrum when the demodulator is turned off and the transmit signal is a typical fm-fm
telemetry signal with a deviation of ± 90 kHz. When the demodulator is activated with the
correct delay, the spectrum becomes as shown in Figure 7 for a net improvement of 12 dB
in signal to noise ratio.

Conclusion.   Interferometer signal demodulation has proved to be a useful technique in
improving the signal to noise ratio in the tracking channel of an interferometer controlled
telemetry tracker. The important limitations on this technique are set by the quality of the
signal in the data channel. Group delay, dispersion and noise in the data channel each
contribute to degradation in tracker performance. Tests have shown that the effect of group
delay can be countered effectively by adding an equal amount of delay to the tracking
channel.

Further work needs to be done on methods of obtaining the required delay and on
interferometer i-f amplifier design to match the data channel dispersion and roll off
characteristics.



Fig. 1. - Simplified Block Diagram of Interferometer Tracking System.



Fig. 2 - Spectrum at output of
second i-f without demodulation.
Modulation is 100 KHz triangle
with ± 225 KHz deviation. Delay
cable is in.

Fig. 3 - Output of second i-f with
demodulation. All other conditions
same as Fig. 2.

Fig. 4 - Spectrum Output at second
i-f with delay cable removed other
conditions same as Fig. 2.



Fig. 5 - Spectrum at Output of
second i-f without delay cable and
with demodulation a comparison of
this figure with Figure 3 shows the
degration in the demodulation
process when the group delay is not
compensated.

Fig. 6 - Spectrum of output of
second i-f without demodulation.
The modulation is fm-fm with ± 90
KHz deviation. Delay cable is in.

Fig. 7 - Same as 6 with
demodulation turned on. This
shows a l2dB improvement in
signal to noise ratio.



Appendix.   Consider an interferometer signal entering the second mixer which has the
form of

V1(t) = A cos (T (t) t + N), (1)

where T1(t) is the frequency modulation of the TM signal, N is the phase containing the
tracking error. Consider also a data signal being used as the local oscillator, which has
suffered a relative group delay time of I.

V2 = B cos (T2(t - I)(t - I)), (2)

where T2(t) is defined, in terms of the required i-f frequency Td, as

T1(t) = T1(t) - Td. (3)

Therefore, the frequency of the delayed data signal is

T2(t - I) = T1(t - I) - Td. (4)

The second mixer can be modulated by adding these two signals and peak detecting

(5)

Substituting (4) into (5) yields

(6)

(7)

where

N2(t) = - T1(t - I) I + TdI.

Note that by using the first two terms of a Taylor expansion,

(8)

Substituting (8) into (7) and factoring yields

(9)



where

Equation (9) is now in the correct form to draw the phasor diagram for the sum signal. The
length of phasor C represents the output voltage of the mixer after peak detecting the
sum’signal and low pass filtering.

The angular difference between the two components of the phasor C is

(10)

Since B is the magnitude of the local oscillator drive and A is the magnitude of the
interferometer signal, B is much larger than A.

Therefore,

(11)

Upon peak detecting, the signal in the i-f strip is

(12)



The frequency of this signal is

(13)

The actual frequency of the signal in the i-f strip, Ti-f, is thus seen to be equal to the
required i-f frequency, Td only if there is no relative group delay, I, or no frequency
modulation of the telemetry signal. This points up the necessity of matching the group
delay of the interferometer signal, as closely as possible, to that of the data channel.

If the TM signal has an instantaneous frequency of

T1(t) = To + M Cos Tmt (14)

Then

(15)

If this signal is to stay within ± 1 KHz of the required i-f frequency, Td then

TMTm # 2B 103 rad/sec (16)

For the case where the deviation of the telemetry signal is M = ± 340 KHz and the
modulation frequency is Tm = 400 KHz, then

For this example, which is typical for the worst modulation type in use, the net difference
in group delay must be less than 1.17 nanoseconds. The interferometer and data channels
can be I - matched by adding extra cable to the transmission lines feeding the
interferometer receiver.



TIMING CORRELATION IN TELEMETRY RECORDING AND
PROCESSING SYSTEMS

F. L. MATTHEWS and R. G. STREICH
International Telephone and Telegraph-Federal Electric Corporation

Vandenberg Air Force Base, CA.

Summary.    The Space and Missile Test Center (SAMTEC) has conducted tests to
correlate independent data stream to within ±10 microseconds. System timing error
measurements have been made to determine RF system delays; the delays associated with
wideband analog tape recorders in the recording, dubbing and reproducing processes; and
uncertainties associated with processed data. Comparison of the time delays between
predetection PCM data and post-detection PCM data are made. Several methods of
recording IRIG time code formats A and B are evaluated for best resolution. Timing error
versus tape recorder head azimuth is plotted. Tape recorder phase delay effects on time
code formats and on PCM data are given. The time bias between the time tag and the
computer processed data is presented. Sources of timing errors and the calibration and
operating techniques available to minimize these errors are discussed. A special time tag
technique (Ref 1) has been used in the past to determine the cumulative timing bias for all
sources. This investigation is believed to be the first attempt to identify the individual
contributions to the cumulative bias.

Introduction.    Comparison tests between two systems are to be conduced on Minuteman
III missile launches at the Space and Missile Test Center. Post-flight performance analysis
will be accomplished using data to compare the two systems. Operational support will
include two data links and acquisition systems. The timing correlation of these two data
streams must be accurately preserved (±10 µsec) because no time tag relative to both links
is inserted prior to transmission from the missile.

Signals as expected during the Minuteman III flight were simulated for test purposes.
Selected time code formats and a precision timing reference were recorded at the
Telemetry Receive Site, Oak Mountain and Pillar Point Air Force Station, then processed
by the SAMTEC Telemetry Data Center computers. Relative mean delay and pulse-to-
pulse jitter were measured at successive points in the data stream. In the past, Minuteman
III event times were correlated to absolute Range time. In this program, however, the
event times of one system will be measured relative to the other system’s event times.
Thus, the relative delay between the links becomes critical. The timing delays for telemetry
UHF frequencies and analog tape recorder have not previously been measured to the



extreme accuracies required. The measurements made in this study provide the data
needed, and resolve timing bias uncertainties and random errors associated with RF
telemetry acquisition, recording and data processing systems.

RF System Delays.   The equipment was configured as shown in Figure 1 to perform the
RF system delay measurements. Individual equipment delays were measured by the
process of elimination. For example, the signal generator was patched directly into the
multicouplers to find the test cable plus parametric amplifier/post amplifier and data cable
contribution to the total delay. The RF calibration cables of the Right Hand Circular
Polarized channel and the Left Hand Circular Polarized channel were then connected to
measure calibration cable loss. The time delay between the receiver input and demodulated
output was measured by inserting a voltage controlled attenuator at the signal generator
output. The pulses used to frequency modulate the RF carrier were simultaneously
changing the RF carrier amplitude. By utilizing an RF detector (whose delay was known)
the time from RF detector output change to the receiver demodulated output was
measured. By utilizing a computing counter both mean time delay and pulse-to-pulse jitter
were obtained over many thousands of samples. To verify the accuracy of the results, all
measurements were confirmed by oscilloscope readings.

A. The total RF system delay is the time period required for a modulated S-band RF
carrier to travel from the paramp input through the system to the record head input.
The measurements were made on receiver postdetection signals or predetection
signals uptranslated and detected in a playback receiver. The time difference
between these two modes is described as follows:

1) Paramp input to the multicoupler output delays are:

UHF Antenna System RCP & LCP
No. 1 508±10 ns
No. 2 483±10 ns
No. 3 400±10 ns

2) The test receivers were equipped with a 4.0 MHz 1st IF filter, 1.5 MHz 2nd IF
filter, and 750 kHz postdetection video filter. The measured delays for each
configuration are:

• Receiver input to post-detection output = 1318±100 ns*
• Pre-d receiver plus downconverter (10 MHz to 900 kHz) plus uptranslator

(900 kHz to 10 MHz) plus playback receiver = 2035±100 ns*



* The peak to peak jitter of the test signal caused a wide variation, a
mean was obtained by computing many thousands of samples
measured on  several receivers.

3) The representative delay of a predetection diversity combiner was measured to
be 237 ns while the delay of a post-detection diversity combiner was measured
to be 78 ns.

4) Receiver or combiner outputs to the recorder final record driver amplifier
varies by a small amount because of cable lengths and different types of
recorders. In every case, the measured values were less than 50 ns.

5) The relative delay differential between RCP and LCP signals on any of the
three antenna systems at test frequencies of 2205.5 MHz, 2250.5 MHz and
2299.5 MHz was less than 10 ns in every case from pre-amp to record head
input. In addition, the absolute time difference between RCP and LCP and the
combined signal was repeatable with 20 ns. Errors due to the critical
adjustment of the start and stop trigger levels associated with the computing
counter test set were minimized by use of an oscilloscope.

6) The total RF system delay relative difference between RCP and RCP or LCP
and LCP or combined and combined data from two separate RF links which
were separated by 20 MHz was measured to be less than 100 ns. The relative
differences are suspected to be less but could not be confirmed due to signal
jitter. The two RF signal sources were modulated by the same data stream to
obtain a common synchronous data links reference, but jitter between the two
sources caused an uncertainty.

B. Antenna system test line mean time delays were measured to be:

System No. 1 Single Test Line 476±10 ns
System No. 2 Test Line #1 390±10 ns
System No. 2 Test tine #2 390±10 ns
System No. 3 Single Test Line 411±10 ns

Inherent test equipment time delays which were measured are:
1) S-band Signal Generator (frequency modulated) 466±20 ns
2) 100 pps Phaselock Modulator    78± 2 ns



Recording/Dubbing/Playback Delays.   (Refer to Figures 2 and 3)

C. IRIG-A and IRIG-B time code formats on 10 kHz and 1 kHz carriers respectively
were recorded direct on even head stack tracks for comparison to a 10 µs reference
pulse with 100 pps repetition rate. The same 10 µs reference pulse was
simultaneously recorded on the odd head stack and the IRIG-A and IRIG-B timing
was FM recorded on individual tracks of the same head stack. The 10 µs pulse with
fast rise and fall time was chosen to obtain optimum recorder response to minimize
the reproduced pulse slope which determines the uncertainty of counter trigger
levels. The low repetition rate (100 Hz) was chosen to avoid time delay
measurement ambiguities. This technique was developed by F. W. Semelka of TRW
Systems Group for a concurrent, independent investigation conducted on TRW
processing systems [Ref 2].

Comparisons of the time delay differences of the reference pulse and the time code
translator 100 pps output are given in Table 1. Results from playback of a dub tape
are also reported. The test tapes and dubs were recorded on CEC VR 3700A
recorders at the Telemetry Receive Site and played back at the Telemetry Data
Center areas on different CEC recorder models in each area. Multiple figures in a
column represent playback of the same tape several times to check recorder
consistency or to illustrate playback on another recorder of the same manufacturer
type. Each value shown represents a minimum of ten thousand samples taken with a
H/P 5360A Computing Counter and confirmed with oscilloscope readings. All
playbacks were made at 120 ips.



TABLE 1
EFFECTS OF TAPE RECORDING ON TIMING

NOTES: (1) RMS jitter was calculated since p-p jitter was not measured.
(2) Trk 7 100 pps suffered dropouts due to being an edge track so Trk 6 was

used. Trk 6 to Trk 7 differences were 1.86 µs mean delay with 0.82 µs p-p
jitter.

To verify that the large lead of the timing signals was not peculiar to the CEC
type recorders, additional oscilloscope measurements were made on other
brands of recorders. The results are listed below. Subsequent testing of the
various models of time code translators proved that over 90% of the pulse-to-
pulse jitter as listed in Table 1 is due to the translators and not the recorders.
Investigation of this problem is in progress.



1) Playback on Mincom Model M-40:

Start Stop Mean Delay (in µs)

A(Dir), Trk 4 100 pps Ref, Tyk 6 .40
B(Dir), Trk 2 100 pps Ref, Trk 6 .130

2) Playback on Ampex Model FR 2000:

Start Stop Mean Delay (in µs)

A(Dir), Trk 4 100 pps Ref, Trk 6 .40
B(Dir), Trk 2 100 pps Ref, Trk 6 .200

3) Playback on VR 3600, Record on M-40 and Monitor M-40 Reproduce
Output:

Start Stop Mean Delay (in µs)

A(Dir), Trk 4 100pps Ref, Trk 6   .55 *
100 pps Ref, B(Dir), Trk 2 .300 *
  Trk 6

*These results indicate radical differences in record process phase
characteristics at low frequencies between machines from different
manufacturers. Reference 3 explains the causes of these differences.

B. The effects of tape recorder delay caused by head azimuth misalignment on a Model
VR 3700A tape recorder were measured. The results are tabulated in Table 2. Only
the even head stack results are shown since the odd head stack had identical results
within the measurement accuracies obtainable.

The reproduce head alignment was set by recording a sine wave on several tracks
and then aligning the head for the optimam lissajous pattern. When recording a
123.2 kHz sine wave at 120 ips, a 90E delay (indicated by a perfect circle lissajous
pattern on an oscilloscope) results in a misalignment of .3 arc minutes. 10 µs pulses
at 100 pps repetition rate were then recorded and played back at 120 ips.



TABLE 2
TIME DELAY DUE TO RECORDER HEAD AZIMUTH MISALIGNED

Start Stop
0E Delay

No Misaligment
90E Delay

3 Arc Min Misaligned
180E Delay

6 Arc Min Misaligned

Trk 4
Trk 4
Trk 2

Trk 2
Trk 6
Trk 6

+248.1 ns
+549.8 ns
+670.5 ns

+1.25 µs
-1.39 µs
-2.21 µs

+2.43 µs
-2.51 µs
-4.45 µs

NOTE: RCC Document No. 106-71, Paragraph 5.6.2.2.2, recommends a criteria of ±1
arc minute maximum misalignment be established. Control procedures were
inplemented at the SAMFEC in 1970.

C. A 10 µ second wide pulse at 100 pps repetition rate was used to modulate an RF
signal generator patched into the antenna receiving system under test. A single post-
detection signal was recorded simultaneously on all tracks of interest. Then the test
was repeated for predetection signal recording at 900 kHz. The relative time
difference between identical synchronous data recorded in the post-detection and
pre-detection modes is tabulated in Table 3. Playbacks were made on a Model VR
3700B recorder.

 TABLE 3
RELATIVE TRACK TO TRACK TIME DIFFERENCES

FOR PRE-D AND POST-D DATA

Start Stop Mean Delay Pulse-to-Pulse Jitter

Post-D (Trk 4)
Post-D (Trk 4)
Post-D (Trk 4)
Pre-D (Trk 4)
Pre-D (Trk 4)
Pre-D (Trk 4)

Post-D (Trk 2)
Post-D (Trk 3)
Post-D (Trk 5)
Pre-D (Trk 2)
Pre-D (Trk 3)
Pre-D (Trk 5) 

1.92 µs
21.17 µs
22.12 µs
1.84 µs

18.2 µs
20.97 µs

1.82 µs
2.13 µs
2.15 µs
1.0 µs
1.0 µs

Not Recorded

D. End-to-end relative time delays between two predetection combiner data stream
were measured and a tape was recorded. The reference pulse used to modulate the
two signal generators was simultaneously recorded on the same head stack. The
results described in Table 4 are representative of all three antenna systems. The
measurements taken on RCP and LCP data tests are also listed as a cross check.



TABLE 4
SYSTEM END-TO-END DIFFERENCES BETWEEN

TWO RF DATA LINKS

Start Stop Mean Delay

100 pps Ref (Trk 4)
100 pps Ref (Trk 4)
2205.5 MHz Combined (Trk 2)

100 pps Ref (Trk 4)
100 pps Ref (Trk 4)
2205.5 MHz LCP (Trk 6)

100 pps Ref (Trk 4)
100 pps Ref (Trk 4)
2221.5 MHz LCP (Trk 6)

2205.5 MHz Combined (Trk 2)
2221.5 MHz Combined (Trk 6)
2221.5 MHz Combined (Trk 6)

2205.5 MHz RCP (Trk 2)
2205.5 MHz LCP (Trk 6)
2205.5 MHz RCP (Trk 2)

2221.5 MHz RCP (Trk 2)
2221.5 MHz LCP (Trk 6)
2221.5 MHz RCP (Trk 2)

14.92 µs
12.49 µs
2.44 µs

14.42 µs
10.69 µs
3.34 µs

16.77 µs
12.29 µs
5.67 µs

Data Processing System Delays.   At present, 100 µ second absolute time tag accuracy of
Minuteman data is accomplished by inserting a time mark into the data at the acquisition
site before recording. The time tag interrupts the data and causes a special pattern to be
inserted. Since the data is time tagged before recording, all recording, dubbing, and
processing error can be measured in one sum total by checking the time bias between the
millisecond marker derived from the recorded tine code format and the time tag inserted
into the data stream which appears as a special word (i.e., 0000000000001111). See
Reference [1] for details.

The time bias between the millisecond marker (which is recorded on a formatted digital
magnetic tape during the word time slot or syllable time slot) and the special time tag word
is tabulated in Table 5. These results include the playback analog tape recorder, the
playback receiver for predetection data, the time code translator, the PCM decommutator,
the processor/formatter, and the digital magnetic tape recorder as parts of the processing
system. The formatted digital magnetic tape is the end item of recorded timing and data
from which a fixed reference has been established. Refer to Figure 4 for the test
configuration.



One formatted tape was produced for each track of the analog tape which was recorded in
the following format:

Trk Contents

1
2
3
4
5
6
7

IRIG-A (ac) direct
Time tagged data stream
Mixer (voice on 30 kHz and IRIG-B (ac) on 70 kHz)
200 kHz servo reference
900 kHz pre-d
same as 5
IRIG-B (ac) direct

NOTE: The data format is simulated Minuteman bit rate, code type, and deviation. The
entire system was configured as it is during Minuteman launch support including
recording and playback for processing at 120 ips.

TABLE 5
PROCESSING SYSTEM TIME BIASES

(1) Processor No. 2 recorders are not adapted to utilize 200 kHz servo reference.

NOTE: None of the six processors at the SAMFEC have the capability to process while
translating IRIG-A time code. This capability is scheduled for implementation in
the near future.



Discussion of Test Results.

A. RF System Delays

The time difference between antenna RCP and LCP channels from the paramp input
to the recorder is no greater than 10 nanoseconds. Furthermore, pre-detection
combiner data from two links 20 MHz apart was measured to be within 100
nanoseconds on a given system. The validity of this measurement has also been
substantiated by the system’s ability to perform frequency diversity combining in the
pre-detection mode of two simulated Minuteman RF links separated by 25 MHz (see
Reference [4]).

The rise time of the reference pulse was measured to be less than 5 nanoseconds. This
pulse was measured at the receiver output and had a rise time of over 200
nanoseconds. Measurement techniques other than those used are required to obtain
greater accuracies at the data bandwidths tested. However, the accuracies reported
herein exceeded the test criteria of ±1 µs measurement accuracy.

B. Recording/Dubbing/Playback Delays

Time delays measured on all operational TDC recorder playbacks of original and
dubbed tapes show that IRIG-A (ac) direct is an order of magnitude better than
IRIG-B (ac) direct (i.e., lower mean time delay and jitter). This improvement was
expected because of (1) better resolution in the IRIG-A time code and (2) the
frequency response of a tape recorder/reproducer to accept the IRIG-A 10 kHz
carrier. However, the predominant factor governing the improvement of IRIG-A over
IRIG-B is the phase lead characteristics of the tape recorder and not the resolution of
the time code itself. Specifically, the phase lead appears as a time advance when
timing pulses are derived from the AC time code carrier. This advance can be seen in
Table 1 where the time code translator output is ahead of the recorded reference pulse
in all cases. The phase lead appears to be relatively constant between the 1 kHz and
10 kHz time code carriers so that the mean delay is dependent almost solely on the
carrier frequency. Additional phase changes can also be seen in the FM record/
reproduce process.

The contribution of phase lead of each tape recorder is additive in the dubbing
process.

Variations between IRIG-B (ac) direct time delay were measured to be as great as 65
microseconds from one recorder type to another during playback of the same tape.
The variations in the IRIG-A (ac) direct were as great as 6 to 7 microseconds from



one recorder type to another. Variations due to the record process of different
manufacturer’s machines is of much greater concern than playback variations. These
variations present no time correlation problem if both links are processed on the same
system. Although these phase lead variations change from recorder to recorder, the
relative difference is small on a given recorder from track to track.

Comparison of IRIG-A (ac) direct and IRIG-A (K shows that the mean delays are
similar. The IRIG-A (ac) direct pulse-to-pulse jitter is less than the IRIG-A (FM). The
stability of the FM modulator VCO may be the cause of the higher jitter.

SAMIEC operational support is complying with the recommendations of IRIG 106-71
to FM record IRIG-B on a wide band recorder type. Even though operating
conditions have been improved and the mean time delay is reduced, no significant
reduction in pulse-to-pulse jitter is obtained because the jitter is produced in the time
code translator. Finer resolution of the time code is the only method now available to
reduce the jitter.

In Reference [5], it is shown that extreme degradation of predetection data occurs for
head azimuth misalignment greater than 1.5 arc minutes. The measurements of time
delay due to recorder head azimuth misalignment will be less than 2 microseconds
when IRIG recommendations of ±1 arc minute are met. Therefore, complete data loss
will occur before significant change in time correlation (i.e., 2 microseconds) when
both links are recorded on the same head stack. Table 3 shows even to odd tape track
time displacements that can be expected (i.e., 22 microseconds).

Table 3 shows the record/reproduce time delay differences between predetection data
and post-detection data are negligible. Any differences are less than the errors caused
by the tape recorder. Time delays due to phase change at these high data frequencies
(350 Kbs) are on the order of 50 nanoseconds.

Table 4 shows the largest time correlation errors between two links is caused by the
tape recorder playback process. The tape recorder errors will be in the range of 2 to 4
microseconds when recording both links on the same head stack.

C. Data Processing System Delays

Table 5 shows that formatting to the syllable level produces an incorrect time tag
when using IRIG-B time code. The cause of this incorrect tine tag is caused by the
millisecond marker jitter being greater than a 20 µs syllable time. Table 1 shows that
the Processor No. 2 millisecond marker jitter from tape playback of IRIG-B is
approximately 24 microseconds; however, Table 5 shows that the Processor No. 2



jitter is less. Note that the Processor No. 3 processing time bias jitter is much closer
to the value measured in Table 1.

Formatting to the syllable level with IRIG-A time code is feasible based on Table 1
jitter measurements. A finer resolution time code (e.g., IRIG-G) is required to format
with a time tag accuracy of less than a syllable time. A syllable time of approximately
20 µs is assumed.

No significant effects were observed when processing with tape speed servo
reference control as opposed to without. The effects were obscured by millisecond
marker jitter.

Since the millisecond marker in the formatted data shows the same lead to processed
data as the time code translator to the 100 pps reference pulses in the recorder tests,
the processing systems introduce no significant errors.

Conclusions.   The relative time difference in receiving, recording, playback and
processing of two synchronous Minuteman links (when using IRIG-A and syllable level
formatting) will be approximately 4 microseconds. Therefore, relative timing requirements
of 10 microseconds between two links can be met with the use of standard operating
techniques at the SAMTEC.

The received data undergoes a series of additive delays while the derived timing marker is
advanced ahead of epoch timing due to phase lead. Therefore, the absolute time tag error
is the sum of the data delays and the timing advances or approximately 15 microseconds
when IRIG-A is employed. The absolute time tag error can be grossly enlarged by the tape
dubbing process so that use of original tapes is recomended where absolute time tag
requirements are critical.
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Summary.   Several independent physical phenomena in unipolar and bipolar
semiconductor pn junction devices and integrated structures lead to voltage and current-
controlled negative resistance without the use of external feedback. These include
avalanche breakdown, quantum mechanical tunneling, and minority carrier storage. Two
complementary types of negative resistances may be utilized as a basis for generating
multistable energy levels. The number of stable states and their relative spacings can be
readily varied. Without negative resistance interaction, M+1 stable states can be generated
where M is the number of negative resistance devices involved. With negative resistance
interactions, additional multistability occurs, resulting in a total number of (M+1) +
(M-1)!stable states. S-S, N-N, and S-N interactions are analyzed. In the latter case,
complementary negative resistances can be made to annihilate each other. Multistate
tunnel and avalanche negative resistances have been made to occur in single devices
resulting in tristable, quadristable and higher order energy levels. Variable radix counters,
oscillators, frequency dividers, and high density memory elements have been fabricated
both as hybrid and monolithic integrated circuits.

Introduction.   The memory or store of a digital computer must be both accessible and
erasable. The former implies that information can be located in the memory and extracted
so that new information can be stored. Erasure of information in the store makes room for
the admission of new data. The capacity of a memory is generally determined by the total
number of binary digits, or words of a given number of binary digits that can be stored.
Increased emphasis that has been placed on more efficient storage methods has been
directed primarily toward materials research and size reduction through the use of
integrated circuit technology.

Semiconductor memories are already being widely used for read-only random access and
scratch pad applications and may be expected to be a potential candidate for the main
frame computer organization. In many high speed and low power applications,
semiconductor memories are replacing their magnetic counterparts. The current trend in
semiconductor memories is to put more memory capacity on a single chip. Basic ground
rules customarily imply more components for more capacity. Conventional unipolar or



bipolar memory cells employ either dynamic feedback stages whose stored information
must be periodically refreshed (for synchronous operation) or with the use of multi-
component flip-flop circuits (for asynchronous operation) which is more versatile.

Several independent physical phenomena in unipolar and bipolar semiconductor junction
devices and integrated structures lead to voltage and current controlled negative resistance
without the use of external feedback. These include avalanche breakdown, quantum
mechanical tunneling, and minority carrier storage.

Two complementary generic types of negative resistance may be utilized as a basis for
generating multistable energy levels. The number of stable states and their relative
spacings can be readily varied. Additional stable states can be obtained with the use of
negative resistance interactions and therefore the total amount of information that can be
stored. This, in turn, facilitates a reduction in the number of active devices necessary to
attain a given radix.

Such fundamental properties of negative resistances can be employed as a basis for
multistable, e.g., ternary, quadristable and higher radix, solid state devices and integrated
circuits.

A direct method to achieve further size reduction is to use a functional electronic memory
device as the basic building block for the memory. Such a device provides the identical
electronic memory function but necessitates only a small fraction of the number of
components to do so and thereby offers the additional advantage of increased overall
reliability.

The negative resistance devices discussed in this paper are such functional elements. Their
memory capabilities permit operation asynchronously, whereby information may be stored
or read out at will at rates from dc up to the device cut-off frequency.

Generally only a single negative resistance device is required per bit of memory as
compared to a relatively large number of devices per bit for other forms of conventional
semiconductor memory. This offers the intriguing possibility of a very dense array that
occupies a small fraction of the chip area of conventional memories and with many times
the random access capacity of standard semiconductor memory arrays presently available.

A parallel approach to increased memory capacity is through the use of higher order
radices. Most present day digital computers are binary systems. This has been historically
the case, since until devices or circuits capable of operation at radices higher than binary
became available, the use of higher order radices for logic functions and for more efficient
information storage had remained an academic matter.



1 See for example, R. K. Richards, “Arithmetic Operations in Digital Computers,” D. Van
Nostrand (1955).

The radix prescribes the quantity of digits employed in a given number system. To
consider the relative storage efficiency of various radices, one may proceed as follows. Let
I be the maximum amount of information that can be represented by n digits at radix R,
where Rn = I.

This is equivalent to the total number of different stable states of the digital devices
comprising the system, assuming that the amount of equipment required to store
information I is proportional to nR. In this case, two devices or units of equipment would
be needed to store a bit, three for a ternary digit, etc.

To obtain a relative measure of storage efficiency we can hold I constant for variable radix
R, so that log I = n log R. Then the amount of equipment is proportional to              . In
order to determine the most efficient radix             should be minimized.1 The minimum
occurs at R = e for which the nearest integral radix is three. Based, at least, on the
assumption that the equipment varies as R, a radix of three would be more efficient from
an equipment standpoint than a binary radix.

The use of ternary and higher order radices has generally been precluded in the past
because of the non-availability of suitable devices or circuits. With the advent of new solid
state negative resistance devices, however, the use of higher order radices for storage and
other logic function now becomes feasible and offers intriguing advantages. The validity of
the assumption that the equipment complexity is proportional to the product of n and R
must be investigated for each configuration under consideration. For example, if n is the
number of binary devices or circuits which can be integrated monlithically to form new
devices which operate at radices higher than binary, then radices higher than ternary can
become more efficient both from the standpoint of storage density as well as component-
wise than either binary or ternary.

Let us consider, for example, the total information capability of a conventional integrated
circuit binary 32-bit shift register. In this case R = 32 and n = 2. Hence, I = 232 •1010. If
the radix were changed to six from binary, then I = 632 • 1024 . This indicates that by
merely increasing the radix by four, an increase of fourteen orders of magnitude of
information storage capability can be realized.

Multistable States.   A direct way to generate multistable states is with the use of
negative resistances. Multistable devices and circuits have two or more stable states of
equilibrium for fixed supply voltage and circuit parameters. The states may be
characterized by sets of stable voltages, currents, fluxes or oscillation frequencies.



Bistability, the simplest form of multistability, has been used for many years in binary
circuits, counters, storage components, and other elements of data systems.

To achieve multistability with negative resistance devices one must consider the more
general problem of the interconnection of multiple devices which may or may not be
turned to on or off states independently of whether the other negative resistance elements
comprising the composite characteristic are on or off. In order to do so, it becomes
apparent that the preferable configuration for multistable operation is (a) a connection for
voltage controlled negative resistances, and (b) a parallel connection for current-controlled
negative resistances.

The rationale for this is as follows. When one compares complementary negative
resistances when operated bistably, the following basic differences become apparent. As
the bias is increased from zero, the voltage-controlled negative resistance switches initially
from a high conduction state to a high resistance state. The current-controlled negative
resistance on the other hand switches from an initial high resistance state to a high
conduction state as bias is increased.

If one considers a state of high conductance to be “on” and a state of high resistance to be
“off”, then it becomes clear that the serial connection of voltage-controlled negative
resistances or the parallel connection of current-controlled negative resistances can lead to
multistability.

With idealized negative resistances the converse does not apply. For example, with the
parallel connection of multiple voltage-controlled negative resistance devices, if one device
were turned “on” to its high conduction state with the others remaining “off”, the latter
would be shorted-out by the former.

Conversely, for the serial connection of multiple current-controlled devices normally in an
“off” condition, an attempt to turn one negative resistance device “on” would be precluded
by the “off” current limitation imposed the non-conducting devices.

The parallel connection of an array of devices is preferable to a serial connection from the
standpoint of monolithic fabrication technology. Hence, current-controlled negative
resistances (e.g., as exhibited in the avalanche transistor or the pnpn device) provides a
basis for an integrated multistable array. Toward such an end, let us consider an array of
pnpn devices on a common substrate as shown in Figure 1. These devices may be identical
in which case associated passive integrated circuitry will be needed to provide a composite
multistate characteristic. Alternately, such external circuitry can be minimized if the
device’s negative resistance characteristics are appropriately graded across the array. In
order to simplify the analysis, the interaction between two adjacent devices of the array



2 G. Abraham, Multistable Semiconductor Devices and Integrated Circuits, Advances in
Electronics and Electron Physics, Vol. 35, Academic Press (1973)

will be investigated initially. Shown in Figure 2 are two identical pnpn devices I and II
integrated with common substrate regions P2 and N2. Diodes P1N1 and P3N3 are serially
connected independently to the common substrate via junctions J2 and J5. The coupling
between devices I and II is affected by a number of factors which have been analyzed as a
basis for incorporating electrically built-in isolation or multistate operation. Shown in
Figure 3 are two pnpn diodes in (a) and the equivalent circuit in part (b) of the figure. In a
previous paper2 we considered the effect of avalanche multiplication on the device
characteristic, as shown in equation 3.63 of Figure 4, where Mp and Mn are the voltage
dependent multiplication factors for elections and holes. This equation is the general form
of the device resistance,           in terms of the alphas and multiplication factors of a pnpn
device. At reverse bias of the center junction, equation 3.63 reduces to 3.64, that 8C = -1 at
negative biases. At the breakover point,                   , and the numerator of equation 3.64 

can be set equal to zero, as the denominator is now positive, and we obtain equation 3.65
as shown in Figure 4. In Figure 5 is shown the switching dynamics for a multistable
voltage-controlled negative resistance characteristic and Figure 6 showns the tristable
dynamics for the current-controlled case. Each negative resistance region is bounded by
positive resistance regions as shown in Figures 5 and 6. In each case the number of
positive resistance regions exceeds their negative resistance counterparts by one.
Accordingly, it is apparent that the total number of stable states attainable with linear loads
is M+l, where M is the number of negative resistance devices involved.

Analysis of the roots of characteristic equation of the multistable circuit as applied to the
five regions, I-V, will determine the nature of the singularities at the points of intersection
of the load line with the composite negative resistance characteristic. Several possible
types of singularities must be investigated. For example, the solution will be a node if the
roots are real and of identical sign. The node will be stable if the roots are negative, and
unstable if positive. Real roots of opposite sign will result in a saddle point. Complex roots
will define a vortex when pure imaginary, and a focus when complex conjugates. As was
the case for nodes, foci will be stable when their real parts are negative and unstable when
their real parts are positive. The slope of the root will be zero along the load line, namely,
di/de = 0, when R              . Correspondingly, the slope of the root will be infinite along
each negative resistance region, namely                   when r.= ei. This applies to both
negative resistance regions II and IV for which the load                             . In each case,
both roots are real and of opposite sign resulting in two saddles at points 2 and 4. In
regions I, III, and V where the composite characteristic has resistances r1, r3  and r5

respectively, the roots are negative. Accordingly, in these regions stable nodes or foci will
occur at points 1, 3, and 5. These are the points of system stability or stable states of the
multistable circuit. In the case of the stable nodes the solutions are parallel to the m1 axes



near the nodal points, namely for large values of time Allowing a disturbance. Triggering
of the multistable circuit may be effected by appropriate external stimuli, for example by a
change in applied voltage. In triggering from a stable state in one region to another (see
Figures 5 and 6) the time involved during transition is dependent upon the reactive
elements of the circuit. The reactances also include internal device reactances and
parasitics present externally.

To this point the multiple M+1 stable states generated due to the serial or parallel
connection of appropriate multiple S- or N-type negative resistances were obtained with
linear loads. Negative resistance interactions due to nega-resistance devices with
interacting negative resistance loads will be considered in the next section.

Negative Resistance Interactions.  In the graphical analysis of a device characteristic, the
load is generally considered to be single valued if not linear at least in the vicinity of the
operating point. In this section we shall consider the interaction of composite N and S type
negative resistances with negative resistance loads. As was shown in the previous section
the composite S or N characteristic may have N + 1 stable states where N is the number of
negative resistance devices. With negative resistance interactions the additional number of
stable states that result increases the radix and therefore the total amount of information
that may be stored. This facilitates a reduction in the number of active devices necessary to
attain a given radix.

S-S Interaction.   Let us consider next the interaction of an S-type negative resistance
with an S-type negative resistance load. Such an interaction is shown in Figure 7. The
device characteristic in this case is represented by 0 - 1 - 6 - 5. The load at the first
switching point 1 is given by negative resistance L - L. Switching occurs along this line,
namely from 1 - 2 - 3 - 4, where the line segment 2 - 3 is an additional stable state. As the
device characteristic is further traversed at higher negative voltages by the load, the
operating point proceeds from 4 - 5, returning along this line to point 6 as the sweep
voltage decreases. Switching occurs along line L’L’ namely from point 6 to 7 from which
the operating point returns to the origin as the sweep voltage goes to zero.

Experimental examples of S-S interaction are shown in Figure 8 for multistable hole
storage diodes connected in series.

N-N Interaction.   In the Figure 9 an idealized N-type avalanche negative resistance is
represented by the segments 0 - 1 - 6 - 5. Its load is also an N-type negative resistance
along which switching occurs via segments 1 - 2 - 3 - 4. Segment 2 - 4 is stable and
segments 1 - 2 and 3 - 4 are unstable. As the original N-type negative resistance is further
traversed by the load, the operating point proceeds from 4 to 5. On the return sweep, it 



3 U.S. Patent No. 3,333,196 dated July 25, 1965, issued to George Abraham.

goes to 6 via 4. At point 6 switching occurs to point 7. From this point on the operating
point returns monotonically to the origin along 7 - 0 as the voltage is reduced to zero.

Experimental examples of N-N interactions for avalanche transistors are shown in Figures
10 and 11.

S-N Interaction.   In the case of S-N interaction annihilation may occur. The sweep
sequence is shown in Figure 12 before and after annihilation. Prior to annihilation the
switching sequence is shown on the composite S-N characteristic in (a) of the figure. The
sequence before annihilation is 0 - 1 - 2 - 3 - 4 - 5 - 6 - 7 - 8 - 9 - 0. Following annihilation
of the negative resistances, the sweep sequence becomes 0 - 1 - 5 - 6 - 0 over the
remaining characteristic which is essentially linear.

If a voltage-controlled negative resistance characteristic is made to interact with that of a
current-controlled negative resistance, annihilation of a portion of the composite
characteristic may be possible. In order to accomplish this, the range or one or both of the
negative resistance elements should be variable so to as to extend to the energy range of its
counterpart. This may be readily accomplished if appropriate S and N-type negative
resistances occur in the same device.

Let us consider a pnp transistor in which an N-type negative resistance occurs due to
avalanche at the collector-base junctions. If the junction is also parametrically excited by a
high frequency energy source or dynamic B+ to inject carriers at a rate high compared to
the reciprocal of the effective lifetime of minority carriers in the high resistivity side of the
junction, a voltage-controlled negative resistance will also appear in the composite
characteristic. This is shown in Figure 13.

This method of negative resistance annihilation has been employed3 to provide a fast
acting long life duplexer (high-low power switching device) for use at a variety of
frequencies. Such a device changes from a high impedance to a low impedance upon the
interaction and annihilation of the negative resistance characteristics exhibited in the
composite characteristic.

Increased Number of Stable States Due to Negative Resistance Interactions.   The
maximum number of stable states with interactions that can be realized with M interacting
negative resistance elements of a given type is as follows:

As was shown in the previous section the total number of non-interacting stable states is
M + 1. In addition, there will be (M - 1)! interactions, if each negative resistance element
is allowed to interact with each other one in its composite characteristic. This gives us a



total number of possible states of:

M + 1 + (M - 1)! = (M + 1) + '(M)

stable states where ' represents a gamma function. Since

M' (M) = '(M + 1)

hence

which is the maximum number of stable states that can be realized for an S - S or an N - N
interaction.

Examples of multistable triggering are shown in Figures 14 and 15 where a two transistor
avalanche circuit was employed to provide tristable counting shown in Figure 14. The (a)
trace shows the untriggered ground state. Triggering to the first state is shown in trace (b)
and to the second state in trace (c). Finally in the upper trace (d) is shown tristable
counting which occurs cyclically in this case from 2 to I to 0.

A similar set of multistable counting wave forms from states 0 to 1 to 2 are shown in
Figure 15 for a quadristable tunnel diode circuit of Figure 16. In traces (a) and (b) of the
latter figure are shown the V-I characteristic of three tunnel diodes in serial connection.
The (a) trace is magnified along the ordinate axis. Figure 16 (c) shows three astable
frequencies that were obtained from the circuit as the voltage was swept through the three
negative resistance regions of the composite characteristic. Each frequency could be tuned
independently of those due to the other tunnel diodes comprising the composite V-I
characteristic.

In Figure 17, subharmonic generation is shown with an avalanche trigger circuit. In Figure
17 (a), a bistable output is shown with no countdown. In (b) of the figure is represented a
countdown ratio of 1:2 for a pulse-to-trigger ratio of 1:4. Finally, in (c) of the figure the
oscilloscope photograph of a 1:3 countdown ratio is shown. The following Figure 18
shows an additional feature of the multistable circuit, namely the combination of
subharmonic generation and astable oscillation, for no countdown in (a) of the figure and
for 1:2 countdown in (b).

Integrated Devices.   Three-quarter inch diameter commercially-obtained silicon wafers
were used in this investigation to fabricate multiple avalanche negative resistance elements
on a common substrate. Three epitaxial layers were grown on <100> silicon to provide a 



total of four regions (pnpn) following which the top and bottom surfaces were plated (by
evaporation) with a gold film to give an overall thickness of approximately .002 mils.

Silicon pnpn slices with 20-volt breakover characteristics were employed for monolithic
fabrication of up to 200 individual devices on a common substrate. Resulting devices were
made in various areas from 2 mils square to 8 mils square and in various configurations
and spacings. Each new device had essentially the same breakover voltage as its large area
counterpart. The composite structures were mounted in a 14 lead flat package (see upper
photograph of Figure 19). To do so, the common cathode structure was bonded to the
insulating header substrate, the common cathode, and the anodes were individually
thermocompression bonded to the header pins with 2 mil gold wire.

Experimental arrays of pnpn diodes which were fabricated by a combination of diffusion
and expitaxial growth techniques with an H-geometry on a common substrate as shown in
the lower photograph of Figure 19 were also operated multistably.

 For the fabrication of intergrated tunnel diodes on a common substrate, a 10 mil thick
slice of <100> germanium doped with 1019 donors per cc. and with a resistivity of .0007
ohm centimeter was scribed into 20 mil square dice. The andes were made of indium
pellets of from 0.5 to 3 mils in diameter. The pellets were alloyed into the germanium
substrate by quadruple focused infrared sources under vacuum of approximately 50
microns at a temperature of 300EC for approximately 10 seconds. The process produced
multiple tunnel diodes with an average peak current and peak to valley ratio of 7 to 1.

From the large yield of diodes on the germanium substrate, seven were selected with
similar characteristics. The base material was connected to the header which served as a
cathode. Anode connections were made by thermocompression bonding with 2 mil gold
wire to the alloyed indium pellets which served as anodes (see Figure 20). Although diodes
of similar characteristics were selected, it was necessary to employ a variable resistor
across each diode to compensate for individual variations in their characteristics.

Conclusion.   Radices higher than binary are now achievable with present-day technology.
For example, multistable circuits can readily be built from unipolar and bipolar
semiconductor negative resistance building blocks. The complementary features of
voltage-controlled and current-controlled negative resistance devices allow versatility in
the design of multistate circuits. Examples include the serial connection of voltage-
controlled or the parallel connection of current-controlled negative resistances which can
result in composite characteristics with one more state than the number of negative
resistances involved. With S-S or N-N negative resistance interactions additional states
occur, whereas with an S-N interaction, annihilation of the S and N negative resistance
regions is effected. Further reduction in circuit complexity results directly from tristable



and quadristable operation with single devices. By device design or electrical modification
of device characteristics the value of negative resistance and the spacings between stable
states can be varied to accomodate triggering, provide desired output voltage levels, or
result in operation in several digital and analog modes. The semiconductor junction
devices employed lend themselves effectively to monolithic array integration utilizing
integrated circuit technology. The isolation that is provided electrically offers the
advantage over conventional isolation techniques that no additional processing steps are
required.

There is still further work to be done in the area of the research. For example, as the radix
increases the constraints on the effects of noise, composite device triggering, load linearity,
and power supply regulation requirements become more stringent and therefore impose
more critical integrated circuit design requirements. There is also a parallel need for the
further development of higher order logic as an extension of Boolean logic. This is needed
to describe the operation of specific multistate devices and circuits in order to increase
their compatibility with isting binary systems.

The utilization of multistable devices and integrated circuits treated in this paper offers a
number of intriguing advantages. With such technology it is possible to achieve
appreciable circuit simplicity, higher storage,density, increased reliability, and reduced
cost over conventional circuitry for many useful applications. The multistable building
blocks used to accomplish this, serve as the basis for multifrequency oscillators, variable
gain amplifiers, variable radix-frequency multipliers and dividers, dense memory storage,
and other analog and digital functions with radices higher than binary.

Figure 1
Monolithic Avalanche Array



Figure 2
Multistable Avalanche Circuit
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INTERACTION OF TWO VOLTAGE CONTROLLED NEGATIVE
RESISTANCES

FIGURE 8

N-N NEGATIVE RESISTANCE INTERACTION AND SWITCHING SEQUENCE
FIGURE 9



N-N NEGATIVE RESISTANCE INTERACTIONS DUE TO PARALLEL
CONNECTIONS OF TWO AVALANCHE TRANSISTORS
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N-N NEGATIVE RESISTANCE INTERACTIONS DUE TO PARALLEL
CONNECTION OF FIVE AVALANCHE TRANSISTORS
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S-N INTERACTION IN AVALANCHE TRANSISTOR
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TRIGGERING OF TRISTABLE AVALANCHE MULTIVIBRATOR
FIGURE 14



TUNNEL DIODE TRISTABLE TRIGGERING
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TUNNEL DIODE MULTIFREQUENCY OSCILLATOR
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AVALANCHE SUBHARMONIC GENERATION
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AVALANCHE ASTABLE SUBHARMONIC GENERATION
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TELEMETERING VIA LEAKY WAVEGUIDES

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

Summary   Telemetering through leaky waveguides is a combination of cable
transmission and atmospheric transmission. This system carries radio signals in a confined
space tube thus making signal transmission through tunnels, mines, and buildings possible.
This paper discusses the history of development, the types of leaky waveguide, the
transmission characteristics, and the performance evaluation methods.

Introduction   Ground telemetry in enclosed or obstructed areas, such as tunnels, mines,
and buildings, may be accomplished by using leaky waveguides. They are used as a
combination of cable transmission and atmospheric transmission. Because of its confined
effective space volume, it is sometimes called “wayside link.”

Telemetering, as defined by the name itself means measuring at a distance. In the
development of the technology and skills to accomplish such measurements, telemetry
engineers have become conversant with many disciplines [1]. This paper, therefore,
discusses the transmission link in a general sense of leaky waveguide “communication
link” rather than in a restrictive sense of “telemetering link.”

History   The wayside link is not new. A study by the Bell Laboratories of radio
transmission in a Pennsylvania Railroad tunnel under the Hudson River in 1956 has
resulted in the concept of radiation from a continuous transmission line along the tunnel
instead of from separate antennas [2]. Successful voice communication was accomplished
by using twin-lead and solid dielectric coaxial cables up to one mile distance at 159-162
MHz [3].

Small-sized coaxial cables (outer diameter much smaller than the wavelength) having new
types of slot as radiating elements were studied by Japanese groups [4]-[6]. The desired
radiation power or coupling loss can be designed by varying the dimensions of the slots
and by selecting an appropriate pitch length. The leaky coaxial cable of 1 Km in length
was experimented in a tunnel on the New Tokaido Line of Japanese National Railroads for
telephone communication and vehicular control systems data transmission services at 400
MHz band.



Development in Europe was also underway during this period at a much smaller scale.

The U.S. Department of Transportation funded four signal guide studies [7] started 1968
for possible use on the future High Speed Ground Transportation Vehicles. They range
from 30 MHz to 65 GHz. They include leaky coaxial [8], surface waveline [9], dielectric
waveguide (10), and leaky circular wavefuide [11]. A different kind of dielectric line
referred to as the trench line [12] was also studied. Other software development see for
example [19].

The U.S. Air Force also funded a feasibility study [20] of using a leaky waveguide
technique for use on its high-speed sleds to carry both telemetry and space-time reference
signals. The purpose of using this wayside telemetry system was to avoid the signal
attenuation caused by rocket engine plumes and plasma sheath.

Simple slotted coaxial cables are now commercially available [21]. They are highly
radiating cables.

System Concept   A signal guide has two applications [7], [22]. The first is the traveling
wave antenna, where the leaky waveguide works as a radiator for an antenna system and
the far field of the radiation is important. A signal is radiated away from the waveguide at
all times and energy is lost with or without couplers near by. This is called the fast wave
technique. The second is the slow wave technique, where the field is bound to the guide.
Coupling is performed by interaction with the fringing field. There is no radiation loss
unless it is excited by guide apertures, bends, or imperfections.

The leaky waveguide is extended along the route and couplers or antennas are placed near
or connected to the guide. The guide serves as a wave carrying and distributing medium.
The type of guide depends on the specific application.

In general, a leaky waveguide telemetering channel should be able to couple signal into
and out of the guide at any point near the guide, to transmit signal for the full length of the
guide with little distortion, to provide sufficient bandwidth, and to carry the signal with
little attenuation.

Transmission Properties   There are several sources of echoes in the long guide [14].
Foremost among these are the systematic, multiple, regular structural features such as the
guide joints. Even though the individual reflections may be small, in a long guide the
reflections tend to be coherent at some frequencies and accumulate to produce major
effect. This is called the comb-filter effect [14], [15], [17], [18], [23].



A useful band of frequencies is the maximum band width over which the transmission
characteristics satisfy an acceptable criterion for all points within that band. The optimal
utilization of the sub-bands depends on the method of modulation. In practice, the
absorption spikes of the comb-filter are dispersed over the entire frequency band with
smaller magnitudes. This is because the exact spacing of guide sections are not identical.
The fluctuation of the lengths disperse the absorption spikes. The spacing between joints
can also be varied intentionally to optimize the comb-filter effect [24].

Signal dispersion is also a major transmission problem. A signal which is transmitted
through a lossy line may be distorted as a result of the phenomenon known as dispersion.
For the case of a lossy line, the phase velocity is a function of frequency. The frequency
dependence, in turn, is a function of the geometry, conductivity, permeability, and
permitivity of the guide. The individual frequency components or waves which make up
the complex input signal are shifted in phase as they are propagated along the guide, the
fast waves moving ahead and the slower waves falling behind. Thus, the different
frequency components will be delayed differently, or dispersed, resulting in distortion of
the original input signal.

The amount of distortion will depend on the degree of departure of the amplitude response
from a constant and the phase response from a linear function (18]. The information error
rate depends on the type of modulation.

Radiation loss from curved open guides [12] can occur by continuous radiation over the
length of the curve or by radiation at points where there is a discontinuous change in the
radius of curvature of the guide. A discontinuous change in curvature not only leads to loss
but also excites a reflected wave on the guide.

When a movable coupler is adjacent to a guide, the guide characteristic is altered by the
loading effect of the coupler. This will result in a coupler mismatch condition which
disturbs the matched directivity condition of other couplers near the guide.

Special effort should be made to keep the guide joint effects small. This is rather difficult
due to the thermal expansion joints.

The signal magnitude is a function of the distance between the coupler and the guide, the
lateral and the rotational positions. Should repeaters were used, the coupled signal
magnitude also depends on the number of repeaters between two stations.

Performance Evaluation   The long leaky waveguide performance evaluation is very
complicated. It depends on the electromagnetic, mechanical, and communication
properties. System requirements and methodology for the evaluation of the link must be



determined [13] before an actual evaluation can be conducted. This section briefly
discusses two types of modulation evaluations by using computer simulations.

(1)  Frequency-Division-Multiplex, Frequency Modulation (FDM-FM)--This study
considers the method of echo theory, relating the ripple of the phase and amplitude
response to the noise which may be produced in the channels transmitted over an FDM-
FM channel [14]. The approach is based upon the CCIR standards for noise permitted in a
telephone channel over a radio relay. This is broken down by successive allocations to that
distortion noise that may be permitted in a mile of transmission line. The response ripple in
a mile of guide that would produce this amount of noise in a typical FDM-FM system is
determined. Thus the computer simulation response ripple may be judged as to whether it
exceeds the limit established by this process. The computer simulation programs [16]
allow one to judge the suitability of a guide for specific application where such application
can be formulated in terms of limits placed on the amplitude and phase characteristics of
the guide.

(2)  Pulse-Code Modulation (PCM)--Computer programs have been developed for
analyzing pulse signals transmitting through a leaky waveguide [19]. The results depend
upon the type of modulation and demodulation. The programs compute the received signal
distortion upper bound and the distortion ratio. They are useful in judging the degree of
distortion. Alternate programs also compute the distorted output signal as a function of
time.

Conclusions   The leaky waveguide telemetering link is an application of an old concept.
It may be very useful in some specific areas. Computer simulation programs have been
developed for such systems. For highly radiating guides installed in irregular environment,
the computer programs may not be able to predict the performance closely. In this case,
the system must be experimentally determined.
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AN ALL DIGITAL LOW DATA RATE COMMUNICATION
SYSTEM1
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Summary   The advent of digital hardwares has made it feasible to implement many
communication system components digitally. With the exception of frequency down
conversion, the proposed low data rate communication system uses digital hardwares
completely. Although the system is designed primarily for deep space communications
with large frequency uncertainty and low signal-to-noise ratio, it is also suitable for other
low data rate applications with time-shared operation among a number of channels.
Emphasis is placed on the fast Fourier transform receiver and the automatic frequency
control via digital filtering. The speed available from the digital system allows
sophisticated signal processing to reduce frequency uncertainty and to increase the signal-
to-noise ratio. The practical limitations of the system such as the finite register length are
examined. It is concluded that the proposed all-digital system is not only technically
feasible but also has potential cost reducation over the existing receiving systems.

Introduction   The advent of large scale integration has suggested new approaches to
signal processing problems. In the design of communication receivers, the trend has been
toward the increased use of digital circutries. The speed of the present digital hardware,
however, has prevented the data rate from being in the range of gegabits per second. For
low date rate communication such as between 1 kilobits per second to 1 bit per second or
lower, the digital system is not only technically feasible, but also has potential cost
reduction over the existing receiving systems. The low data rate communication system we
consider here is designed primarily for deep space communications. It is also suitable for
other applications as long as the data rate is reasonably low. The digital filters employed in
the system can operate fast enough so that it may be time-shared among a number of
channels.

For the deep space applications, such as the communication between the earth and a probe
in the atmosphere of Venus, the small transmitter power of the probe has constrained the
data rate to be low. The large frequency uncertainty caused primarily by the oscillator
instability and the doppler effects requires a large IF filter bandwidth and thus the received



signal-to-noise ratio is very small. To have an efficient communication, it is necessary to
remove such frequency uncertainty. A small amount of frequency error which cannot be
removed may be tracked by an automatic frequency control (AFC) loop. In the proposed
system, all components are implemented digitally except the frequency down conversion.
To perform the mixing operation at 2.3 GHz, the typical operating frequency, by using
digital circuitry is not feasible at the present time. Correlation operation in the kilo-hertz
frequency range, however, can easily be performed digitally.

In addition to the spectral analysis receiver operation and the frequency and time
synchronizations, other problems that have been considered are the multipath fading
effects [1], [2], coding and modulation [3], [4].

A general discussion of the low data rate communication system design is given by
Chadwick and Springett [5]. The fast Fourier transform (FFT) receiver performance was
considered by Goldstein [6] and Ferguson [7]. More recently, Holmes [8] examined the
optimum noncoherent receiver at low data rate for unknown doppler shifted signals. The
unrealizable filters required in the receiver can be implemented by using digital filters.

There are practical limitations on the digital systems. For example, the computer word
length is finite and the A/D conversion error and the round-off error are unavoidable. Such
limitations will be examined in detail.

System Configuration and FFT Receiver   The proposed system is shown in Fig. 1.
With the exception of the frequency down conversion and the local oscillator, the receiving
system can be implemented digitally. The input to the A/D converter can have a frequency
of several hundred hertz to a few thousand hertz depending on signalling frequency and the
uncompensated frequency uncertainty due to oscillator instability and doppler frequency
variations. The sampling rate should be at least twice of the largest frequency of the input
signal. Experience has indicated that the desirable sampling rate be four or five times of
the signal frequency. The digitized data may be recorded in magnetic tape to guard against
the loss of data due to system failure such as loss of lock in time or frequency
synchronization. Digital filtering of the digitized data reduces the noise in the received
signal. This operation is optional if the signal-to-noise ratio is high but is essential if the
signal-to-noise ratio is low. The discrete Fourier transform (DFT) of the data is performed
by using the fast Fourier transform (FFT). The square of the magnitude of DFT is
proportional to the power spectrum. The decision is based on the frequency of the largest
spectral component. In the absence of noise, the receiver will always select the correct
frequency. However, the magnitude of the measured spectral peak depends on the word
timing error. In the presence of noise, time sync. loop provides the word tracking. The
frequency sync. loop determines the frequency drift and provides an up-to-date estimate of
the actual frequency. The local oscillator frequency can then be adjusted according to the



frequency estimate. As the data rate is low, there is sufficient time for on-line, i.e. real-
time, operation of the complete system to provide continuous frequency and time tracking
and the signal-to-noise ratio improvement via digital filtering.

The fast Fourier spectral analysis can be very sensitive to the signal-to-noise ratio.
Consider two FSK signals of frequencies 100 Hz and 200 Hz. Each bit of the received data
contains one of the two signals plus an additive Gaussian noise. The bit duration is 1 sec.
and the sampling rate is 1000 samples per second. For signal-to-noise rations (S/N)i = 0.1
and 0.01, the amplitude spectrum of the 100 Hz signal is shown in Fig. 2. The signal can
be detected correctly from the spectral peak at (S/N)i = 0.1. As (S/N)i is decreased to 0.01
the signal cannot be detected correctly. A possible interpretation of this result is that there
may be some threshold signal-to-noise ratio below which the signal is no longer detectable.
However, an analysis of the noncoherent FSK indicates that such threshold does not exist
and the error rate is approximately 0.48 at (SIN)i = 0.01. For better error rate, it is
necessary to do some signal processing to increase the signal-to-noise ratio. Let N be the
number of samples. By doubling the sampling rate we can use twice as many signal
samples per spectrum. The adjacent points in the power spectrum can be averaged to give
[6],

(1)

 
By using Eq. (1), the spectral peak at 100 Hz can be detected correctly as shown in
Fig. 3(a). If the signal frequency is 200 Hz, it cannot be determined correctly (Fig. 3(b))
but there is a strong frequency component at 200 Hz. The FFT receiver usually has more
difficulty to detect the highest signal frequency component unless the sampling rate is
much higher than such frequency. In spite of some practical problems with the FFT
receiver as described above, the use of sophisticated signal processing at low data rate
makes the FFT receiver a very feasible system for deep space communications.
Furthermore, the FFT hardware presently available has a speed several times faster than
the use of the FFT software. Such improvement in processing time from using digital
devices is particularly important for real-time applications.

The probability of error of the fast Fourier transform receiver is the same as the optimum
noncoherent MFSK (multiple frequency shift keyed). If sampling, quantization and finite
word length effects are considered, the performance will no longer be optimum. The
sampling rate can always be chosen to be large enough to have negligible effect. The
problems of quantization and finite word length will be discussed later.

Digital Filter Implementation of Automatic Frequency Control (AFC Loop   A large
amount of frequency drifts that cause undertainty may be removed by prior knowledge and



prediction. However, other drifts will surely remain, and it is necessary to track these in
any practical system. Several techniques of frequency tracking have been proposed.
Goldstein’s technique [6] obtains a frequency discriminator characteristic (S curve) by
taking the difference, Fn, of the two terms in Eq. (1) as an estimate of the current frequency
error.

(2)
where

is the nth spectral line. Let T be the signal duration. The nominal signal frequency here is
(n + 1/2)/T, centered between two adjacent spectral lines. Fn is filtered and used to correct
the local oscillator tuning as in any frequency-locked loop. The procedure is simple as it
involves on FFT. One practical problem, however, is that Fn is not necessarily equal to
zero even if there is no frequency drift and no noise. Furthermore the method is suitable for
very small frequency drift which may not be the case in practice.

The second technique due to Ferguson [7] is to use a weighted average of the k closest
spectral components, where k is some small integer. If the received signal is norminally at
frequency n/T, then the estimate is

(3)

where C is a normalizing constant and the ai’s are a set of linearizing weighting
coefficients. This technique of course is highly dependent on the choice of the ai’ s.

The third technique due to Chadwick [6] is based on the spectral lines nearest to the
observed frequency. Let ro be the spectral component of the observed frequency and r+1

and r-1 be the adjacent spectral lines with frequency 1/T Hz larger and smaller,
respectively, than the observed frequency. The frequency estimate is

(4)

which tends to have less accuracy than Eq. (3) and is useful only to very small frequency
drifts.



2 Eq. (4) of Ref. 9 is incorrect.

The fourth technique implements the automatic frequency control (AFC) loop by using
digital filters. The resulting digital loop is incorporated in the system shown in Fig. 1. The
method as originally proposed by Ferguson [9] is essentially a discrete frequency-locked
loop. A general block diagram of the AFC network is shown in Fig. 4. The digital filter
discriminator measures the frequency error with the output proportional to the frequency
drift, which is the difference between the incoming signal frequency T(R) at the Rth
sampling instant and the filtered output frequency            . Fig. 5 is the block diagram of
the digital filter discriminator. Here the difference of the squares of the two filter outputs is
averaged over kT seconds where T is the sampling interval and k is sufficiently large. The
output of the discriminator is then the smoothed frequency drift and the noise can further
be suppressed by loop filtering. The pulse transfer functions of the two digital filters shown
in Fig. 5 are

(5)

where the coefficients ai, bi and G are tabulated in Fig. 5. The discriminator transfer
characteristic as shown in Fig. 6 is a plot of                                                     versus
frequency. Such characteristic is very similar to that of the Foster-Seely discriminator for
FM demodulation. An important advantage of the digital discriminator (Fig. 5) is that it can
easily be constructed with digital hardware. Its performance is independent of the accuracy
of the fast Fourier transform, which the three techniques discussed above completely
depend on. The bandwidths of the two filters can be increased to allow larger frequency
drift as long as the linearity of the discriminator characteristic can be maintained. This is
another advantage over the other techniques which use FFT for frequency tracking 

Consider Fig. 4 again. Let the loop gain and the discriminator slope be combined into a
single loop gain K. Also let

(6)

and F2 be the variance of the additive noise at the discriminator input. Then the variance of
the noisy estimate of the frequency error, )T(R) is derived as2

(7)



3 Private Communication with M.J. Ferguson, February 1973.

which, with typical loop parameters can be shown to be smaller than the variance of Fn

given by Eq. (4).

One problem3 that may arise with the digital filter discriminator is the transient
phenomenon during frequency sweeping. One solution to this problem is to operate the
loop at the slightly underdamped condition even though the loop may then have larger
probability of losing lock. It is noted, however, that the transient period for the loop to
adjust itself to the new frequency may be kept small by proper loop design.

The time sync loop can be implemented digitally with a similar method described above.
Digital hardware for word tracking is commercially available.

Effects of Quantization and Finite Word Length   Consider first the A/D (analog to
digital) conversion error. Let Eo be the quantization level. The mean-square error, i.e. the
noise variance, caused by the A/D conversion for the AFC loop is

(8)

For typical loop parameters b = 0.725 and K = 0.241, Ff
2 = (0.044)Eo

2 /12, which is quite
small. Let us assume that for the smallest input signal that is expected to pass through the
digital filter the filter output must be 40 dB higher than the noise level created by
quantization. We assume further that the digital filter must process data over a 40 dB range
of input amplitudes. The output register must then have a range of at least                            
                                                             . The output register word length required is
therefore 10 bits, which can easily be met in practice.

In the above discussion we have assumed that the digital filter discriminator characterized
by Eq. (5) is noiseless. Although this assumption is not valid rigorously speaking, exact
computation of both A/D and roundoff noise variances in the discriminator can be very
tedious. Such variances, however, only cause some inaccuracy in the parameter K. Let the
noise variance of K be FK

2. FK
2 is equal to the sun of the A/D and roundoff noise variances

in the discriminator. The noise variance at the AFC loop output resulting from FK
2 is

(9)

The total A/D and roundoff noise variance is equal to the sum of Fr
2, Ff

2 and the roundoff
error due to the parameter b. The poles of the narrowband digital filters given by Eq. (5)
are located very closely to the unit circle. The A/D and roundoff errors for both filters can



be very large. The structure of the filters shown in Fig. 5, however, provides the minimum
roundoff errors. The additional error due to the square law operation is largely removed by
the subsequent averaging process. An upper bound estimate of the discriminator noise
variance may take the value FK

2 # 100 Eo
2. Then with 40 dB signal-to-quantization noise

ratio and the dB dynamic range as mentioned above, a commercially available 14 bit A/D
converter is quite adequate for the applications described in this paper.

In addition to the roundoff error, the finite register length also causes the parameter
quantization such that the filter coefficients cannot be specified exactly. Kaiser [10] has
shown that for a filter with clustered poles a series or parallel combination of first-and
second-order sections provides more accuracy in the pole positions than a direct form
realization. Thus the filter configuration shown in Fig. 5 is least sensitive to the parameter
quantization.

Now we consider the roundoff noise effect in FFT operation. For N-point FFT, the output
variance is given by [11]

(10)

which is proportional to N. The variance can be reduced by scaling, such as the
multiplication factor of 1/2, at each stage of FFT. Scaling, of course, requires a slight
increase in the FFT hardware. With scaling, the variance becomes

(11)

but the noise-to-signal ratio is 5NEo
2 which is still proportional to N. In low data rate

communication, a typical value for N is 1024. To achieve a signal-to-noise ratio of 40 dB,
the required register length is 13 bits. If the signal dynamic range is also considered, much
longer register length is needed. Thus the number of points that can effectively be
performed by a given FFT hardware or software is limited. This may also provide an
interpretation of the “threshold!’ behavior of the signal delectability in FFT receiver.

Concluidng Remarks   With the present technology in digital devices, we have shown
that the proposed all-digital low data rate communication system is completely feasible
from both performance and economy viewpoints. The effects of the quantization and finite
word length on the digital system performance are normally very significant. It is shown, in
this paper, however, that by properly designing the digital filters such effects can be
minimized. A commercially available 14 bit register length is adequate to provide a signal-
to-noise ratio of over 40 dB in both digital filter and FFT. With continued improvement in
the digital hardwares, there is every reason to believe that the proposed system provides
cost-reduction over existing receiver systems.
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Figure 1  The Proposed Low Data Rate Communication System

Figure 2



Figure 3

Figure 4  General Block Diagram of Digital Filter AFC



Figure 5  Block Diagram of Digital Filter Discriminator
G = 0.0161,   T = 0.002 sec.,    k = 500,
a1 = 0.1368428, b1 = - 0.9952026
a2 = 0.1296331, b2 = - 0.9884573
a3 = 0.1200890, b3 = - 0.9884573
a4 = 0.1137245, b4 = - 0.9952026

Figure 6  Digital Discriminator Transfer Characteristic



ON DETERMINATION OF OPTIMAL ACCUMULATION TIME IN
PARTICLE FLUX REGISTRATION

V. F. BABKIN
Institute for Space Research

USSR

Summary    Poisson particle flux is considered which intensity is a random process. The
equations are presented for the construction of the intensity realization estimate
corresponding to the minimum of a mean-square reconstruction error. The condition is
derived the filfulment of which assures the existence of the optimal accumulation time
minimising the reconstruction error. The calculation results are given to illustrate the
dependence of a mean-square reconstruction error on the accumulation time.

Introduction   The experiment on particle flux registration is a considerable part of the
scientific investigation program performed on-board the space vehicle. The registered
particles can represent electromagnetic radiation quanta, the charged particles of different
type, etc. Further we shall consider the analyzed flux to consist of one type particles.

In the majority of cases the registration of flux intensity which can vary in time is the main
aim of investigation. For this purpose the observed number of particles is counted for each
time interval (O.T), (T, 2T),..,((n-1)T,nT)....

Let these numbers be equal to

(1)
for each time interval respectively.

It is necessary to reconstruct the intensity function R(t) using the system of numbers (1).

All the subsequent considerations will be carried out for Poisson process with the random
intensity which is important for physical applications.

The conventional probability that x1, x2,...,xn particles to be occured in the intervals (O.T),
(T,2T)... ((n-1).T,nT) with given intensity realization R(t) is equal to [1]



(2)

Let us denote

then the absolute probability of k events is equal to

(3)

Our main purpose is to reproduce the variable intensity as accurate as possible. Let us
choose the mean-square error of reconstruction of the flux intensity realization as a
qualitative measure of accuracy. Clearly, the accuracy of the reproduction cannot be made
infinite. If the accumulation time T is chosen to be low, then the statistical fluctuations k
will be high, so that the registration of fast changes of the intensity R(t) will be hampered.
When the value of T is high, the reverse picture takes place, i.e. the changes of R(t) will be
smoothed while the fluctuations of accumulation will be relatively small. Later on the
conditions will be determined for the existence of the optimal time T of particles
accumulation in the counter that corresponds to a minimum error of the intensity
reproduction.

Optimal reconstruction of the intensity   Let us derive the intensity reconstruction
function as the linear combination of the accumulated numbers (1) over the interval
(O,nT):

(4)
According to the above-mentioned, let us determine the reconstruction error as follows:

(5)

where M is the operation of joint averaging over R(t) and k. A set of coefficients of linear
form (4) should be chosen so to provide the minimum value of              at each point over
the interval (O,nT).



Let us introduce the scalar product for random values ki (i = 1,2,..., n) and random process
R(t) by the equation

(6)

and define the Gramm determinant

(7)

It is known [2] that the minimum of a mean-square error is reached provided

(7)
and a mean-square error is equal to

(8)

Let us assume that R(t) is a stationary process with the mean value       , variance         and
the correlation function              . Under these assumptions we shall calculate the values
appearing in the relations (7) and (8). Having the distribution functions (2) and (3)
available and using the equations for the Poisson distribution moments, we obtain

(9)

where



Let us write the obtained equations, as an example, for the most simple case when n = 1,
i.e. only one number ki is used in each reconstruction interval ((i-1)T, iT). With no loss in
generality it may be assumed that i = 1; in addition, let us denote  k1 = k . Using the
relations (9) and designating Ri(t) = R(t), Rii = R ,the equation (7) can be rewritten as

(10)

Further we shall need the normalized mean-square error d2 which is calculated from the
equation

then the equation (8) can be rewritten as

(11)

Stepped reconstruction of the intensity

Optimal stepped reconstruction   The calculation of curve R(t) by the equations (7) or
(10) can be in some cases a rather difficult problem. In this section the characteristics of
the stepped reconstruction method will be considered. In this case an estimate of the
intensity in each interval                                                    will be constant and equal to

(12)

Let a1 = a . We shall introduce the normalized mean-square reconstruction error according
to the equation

(13)

Opening the brackets in Eq. (13), we shall obtain immediately that

(14)
Minimizing           by the parameter a and taking into account the relations (9) we obtain
that the unknown minimum is achieved with

(15)



Then the minimum value of the normalized mean-square error turned out to be equal to

(16)

Note 1.                          . This follows immediately from the inequality
                                                which is obtained immediately after making calculations in
Eqs. (11) and (16).

The simplest stepped reconstruction   In the practice of flux intensity measurements
processing a more simple estimate of the type

(17)

is generally used instead of the estimate (12).

This estimate is the best one at the constant intensity of a flux R(t) = const. We shall show
that, even with the variable intensity, the estimate (17) can be used if the statistical data on
the process R(t) are not complete.

Let the mean value of the process R(t) be a random value with the mean       and variance     
        . It can be easily shown that if the correlation between the mean value of the process
and the process itself does not exist, then the relation (15) can be rewritten as

(18)

If                      i.e. for the processes the mean value of intensity of which is completely
unknown, we obtain from Eq. (18)

It is worthwhile to present the equation for a mean-square error of the intensity
reconstruction with the use of the estimate (17). Assume, for simplicity, that                 .
Substituting the estimate (17) into Eq. (14), we obtain

(19)

Note 2.                       . This can be easily established by comparison of Eqs. (16) and
(19).



The minimum accumulation time. An example   Let us reveal the behaviour of                
                               as a function of argument T. For small values of T, expanding             
into Tailor series and making the required calculations, we obtain that

For large values of T, distinguishing the major terms in Eqs. (11), (16) and (19), we obtain

Because of                              and besides,                                  ,  the sufficient condition
of the existence of the optimal accumulation time for all three methods of reconstruction
consists in that with                           will increase and tend to the limited value.

Using this condition, we shall obtain the relation which the statistical characteristics of the
process mist satisfy, namely,

(20)
Notice that  

then the relation (20) can be rewritten as

(21)

It should-be apparent that when                               exists, it is equal to                               
(Tk is usually called the correlation time of the process ). If the integral in Eq. (21)
increases infinitely, as it takes place for some types of processes,then the condition (21) is
satisfied with the large margin. So, the final condition of the existence of the optimal
accumulation time can be written as

(21)

Note 3.  Generally speaking, the condition (21) is not necessary one; when it breaks the
optimal accumulation time can also exist. Such cases should be studied by applying the
equations, obtained above, to the concrete statistical characteristics of the process R(t)

To illustrate the obtained dependencies, Eqs. (11), (16), (19) were used for calculation of a
mean-square error of the flux intensity reconstruction. In calculations the following
statistical characteristics of the process R(t) were taken:                                                 ,
and the value characterizing the velocity of change of the flux intensity , was taken as a
parameter of the family.



The results of calculations are given in Figs. 1 and 2. Fig. 1 presents the dependence of       
         and           on bT (the results of numerical calculations for these two casespractically
coincide). Fig. 2 presents the dependence of           on bT. For the family parameter the
values of          = 0.5; 2; 5 were chosen. The values of the parameter are marked on the
corresponding curves.

The examination of the figures shows that the condition (22) for this type of statistical
characteristics of the process is also necessary one. In addition, the domain of the values
bT exists, which is determined by the relation                      where the reconstruction of the
process by the methods described above makes no sense. This notice completely refers to
the fluxes with rapidly changing intensity, for which                      
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Fig 1 - Optimal Stepped Reconstruction.

Fig.2 - Simplest Stepped Reconstruction.
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TIME DOMAIN ANALYSIS OF AN AGC WEIGHTED COMBINER*
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Summary   The conventional agc weighted diversity combiner is implemented on the
assumption that the agc system of each receiver is tracking the rf fading envelope perfectly
(i.e., such as to maintain the linear i-f output amplitude constant). The departure from
optimum (maximal-ratio) combining which results from imperfect tracking is determined
by computer solution of the nonlinear differential equation of the agc system for particular
deterministic rf fading envelopes. The performance of the agc weighted combiner is
compared with maximal-ratio and equal-gain combiners, both as a function of time and
fade rate. It is shown that under certain conditions the equal-gain combiner outperforms
the agc weighted combiner. It is also shown that by using both the a-m (detected linear i-f
envelope) and the agc voltages for weighting the combiner the limitations arising from the
response time of the agc system can be overcome. It is also indicated how an optimum
diversity selector can be implemented by using both the a-m and agc voltages.

Introduction   When narrow-band radio frequency (rf) waves are transmitted in the earth
environment (atmosphere, reflecting surfaces, etc.) the envelope amplitude experiences
random fluctuations or fading with time. When more than one signal can be obtained from
the same source (by means of different paths, frequencies, polarizations, etc.) the fading
amplitudes usually tend to be independent and are called diversity signals. Diversity
combining techniques (1) attempt to combine these diversity signals to improve (or
maximize) the output signal-to-noise ratio (SNR) over that of any single channel. Most
combiner studies have been concerned with the statistical performance of the various
combining techniques for certain fading distributions (such as Rayleigh) without concern
for the frequency limitations of specific implementations.

Most combiners in use today utilize the automatic-gain-control (agc) voltages of the rf
receivers for weighting signals. The slow response time (2) of the agc system is the most
serious limitation of these combiners. The primary objective of this study was to examine
quantitatively the dynamic limitations of an agc weighted combiner and to develop some
tools for further study. The nonlinear differential equation describing the receiver agc



** local means that the measurement (e.g., rms) is made over an interval of time which is short
enough that the amplitude of the rf envelope can be regarded as constant

system is derived. An expression for the agc time constant in terms of the parameters of
the receiver and agc integrator is derived. The nonlinear differential equation is solved by
computer methods for particular deterministic rf fading envelopes. These results are used
to calculate the output SNR of an agc weighted combiner as a function of time for different
agc time constants. The time domain results are converted to bit error probability,
averaged and plotted as a function of fade rate. All results are compared with the
performance of maximal-ratio and equal-gain combiners. All results and examples are
given in terms of a dual channel combiner, however, the results can be applied to any
desired number of channels. When the rf fade rate is too high for the agc loop to track, the
agc weighted combiner fails to perform as a maximal-ratio (optimum) combiner. For the
nontracking condition it is shown that the optimum weighting signal is a function of the
a-m (linear i-f envelope) and agc voltages. A modification is suggested for incorporating
this improvement in existing agc weighted combiners. An a-m weighted combining system
with common agc is presented. An optimum selector using the a-m and agc voltages is also
suggested.

Maximal-Ratio Linear Combining   A linear combiner sums the signal plus noise of a
number of diversity channels after applying appropriate weighting factors. The output of a
linear combiner can thus be described by the following equation

(1)

where Sj(t) and Nj(t) are the instantaneous signal and noise voltages of the jth diversity
channel and So(t) and No(t) are the resulting output signal and noise voltages. An
implementation of equation (1) appears in Figure la. The SNR at the output of the
combiner can be written in the form

(2)

provided the following assumptions (1) are made regarding the input signals and noises:

A.  The signal and-noise in each diversity channel are statistically independent.

B.  All signals are coherent (phase aligned).

C.  The noise components are uncorrelated and have mean values of zero. In equation (2)
Sj and Nj are the local** rms voltages of the input signals and noises and So and No are
the,local rms combiner output signal and noise voltages. It has been shownt (1) that the
output SNR is maximized when the coefficients aj are equal to



(3)

where Nj
2 is the mean square noise voltage of the jth diversity channel. When the

coefficients in equation (2) are given by equation (3) the output SNR is maximized and
equation (2) reduces to the form

(4)

which is the output SNR of a maximal-ratio combiner.

In this study, attention will be directed primarily to the dual channel combiner and for
convenience equation (2) will be written in terms of one weighting coefficient as follows:

(5)

where

(6)

and aR will be called the combining ratio. The dual channel combiner can be implemented
as shown in Figure 1b. From equation (3) the combining ratio can be written as:

(7)

for a maximal-ratio dual channel combiner.

Characteristics of an RF Receiver and Its AGC System   The performance of an agc
weighted combining system is very much dependent upon the characteristics of the rf
receiver and its agc system. The rf receiver signal and noise characteristics and their
relationship to the agc system will be presented for perfect agc tracking of the rf input
signal and for the situation where perfect tracking is not assumed. These relationships will
be used later to derive combiner performance equations.



Receiver Characteristics with Perfect AGC Tracking of the RF Input Signal   A
simplified diagram of an rf receiver appears in Figure 2 with the agc system detailed to
display the parameters of importance in this study. A fullwave coherent a-m detector is
assumed since it is easier to handle analytically and would be ideal in practice. An
operational agc integrator is assumed which is normally found in modern receivers.
Equations relating the rf receiver parameters in Figure 2 will be presented in this section.
All relationships presented here are applicable to the perfect agc tracking condition,
however, some are not so restricted and apply in general.

The agc system operates to maintain the a-m output voltage ea equal to the bias voltage V
of the agc integrator as the envelope es of the rf input signal es(t) varies. When the agc
system is able to perfectly track the changes in the rf envelope es, (such as to maintain ea

essentially equal to V) the relationship between the agc voltage eg and the rf input
envelope es can be expressed by:

(8)

where es is expressed in rms voltage. From equation (8) the input signal strength can be
expressed in terms of the agc voltage for the static or perfect tracking condition:

(9)

The constants K1 and K2 are fundamental to the receiver performance and should be
considered further at this time. First, it should be noted that they can be determined
experimentally under static rf signal conditions. From equation (9) it is seen that the
reciprocal of K2 is the rms input signal strength es corresponding to zero agc voltage. The
constant K1 can be expressed in terms of the differentials of es and eg as follows:

(10)

from which K1 can be evaluated from the change in agc voltage resulting from a given dB
change in rf input.

The voltage gain G of the receiver can be expressed (Appendix A) as a function of the agc
voltage

(11)

where



(12)

and where the constant              Is the ratio of the rms to the average absolute value of a
sinusoid. By use of equation (11) the receiver rms output signal S can be expressed in
terms of the agc voltage and rf input signal

(13)

The principal noise at the linear i-f output of an rf receiver is thermal in origin and is
generated in the first amplifier stage. The effective input rms noise voltage can be
expressed by

(14)

where
k = Boltzman’s constant
T = absolute temperature (degrees Kelvin)
B = effective receiver bandwidth
F = receiver noise figure

The receiver rms output noise voltage N can thus be expressed by use of equations 11 and
14 as

(15)

If equation (13) is divided by equation (15), the output SNR is seen to equal the effective
input SNR

(16)

and thus to be directly proportional to the input rf signal strength. By substituting equation
(9) into equation (16), the receiver output SNR for static or perfect tracking conditions can
be expressed by

(17)



The a-m output voltage ea (input to the agc integrator) is defined to be the average absolute
value of the linear i-f signal S(t). From equation (12) ea and S are related by the equations

(18)

which combined with equation (13) gives ea as a function of the agc voltage and input
signal strength

(19)

Receiver Characteristics When Perfect AGC Tracking of the RF Input Signal is not
Assumed   The receiver characteristics will be considered under conditions where the agc
system is unable to perfectly track (maintain ea =V) the rf input signal envelope es.
Equations (13), (15) and (19) express the receiver output signal and noise in terms of the
agc voltage eg and input signal strength es. These equations apply under all conditions
whether the agc system is tracking perfectly or not. However, to use these equations for a
given input fading signal es the resulting agc voltage eg must be known at each point in
time. The following nonlinear differential equation (derived in Appendix A)

(20)

defines the dynamic relationship between the input signal strength and agc voltage. Since
equation (20) is nonlinear, numerical methods are required for its solution for arbitrary
input signals. The steady state solutions presented here were obtained with a fourth-order
Runge-Kutta approximation. A parameter called the agc time constant Jg is normally used
as a measure of the response time of an agc system. This is defined by most receiver
manufacturers as the time for the agc voltage to change from 10% to 90% of the difference
between its initial and final values for a 6 dB step increase in the input signal strength. The
agc time constant can be expressed by the equation (derived in Appendix B of
Reference 3)

(21)

where
esi = initial value of es before step change
esf = final value of es after step change



For a 6 dB step increase in rf signal strength the ratio of signal strengths in equation (21)
equals one half and the agc time constant becomes

(22)

which is the definition assumed for all calculations in this paper.

Realistic fading rf signals can be simulated by the phase cancellation between two
sinusoids as illustrated in the vector diagram in Figure 3. Initially the fixed amplitude
vectors A and B are set at a fixed phase difference 0/o. Vector B is then sinusoidally
modulated with respect to the fixed phase angle 0/o with a peak phase deviation of 0/m. The
resultant vector is proportional to the signal strength as indicated in Figure 3. When the
phase angle 0/o is zero the fading signal will be symmetrical otherwise it will be
nonsymmetrical. All results presented are for symmetrical fading signals. By this method
diversity signals can be generated with envelope amplitudes which can be described by the
following equations

(23)

(24)

where the angle )0/  is an offset phase that determines the separation between the nulls in
the two fading rf envelopes. Symmetrical signal envelopes with two fades per second of 20
dB and separated by 60E appear in Figure 4. These signals appear in terms of the effective
input SNR (es/ne)The response of a receiver agc system to this rf fading signal (#l channel
used for illustration) appears in Figure 5 for four different time constants. The a-m signal is
normalized with respect to the agc integrator bias voltage V. For an agc time constant of
10 ms the agc loop is able to track the fading envelope nearly perfectly as indicated by the
small deviations of the a-m signal ea from its perfect tracking value of V and by the large
variations of the agc voltage. The tracking ability progressively deteriorates with increase
in agc time constant until at 10 seconds essentially no tracking is achieved as indicated by
the near constant agc voltage.

Derivation of Performance Equations for an AGC Weighted Combiner   The
performance of an agc weighted combiner will first be considered under conditions where
the receiver agc system is able to perfectly track the rf fading signal envelope. Its
performance will then be examined under conditions where perfect tracking is not
assumed. The performance of the equal-gain combiner will also be considered for
comparison with the agc weighted combiner.



Performance Equations of the Perfect Tracking AGC Weighted Combiner   When
the input signals of a dual channel combiner are maintained equal (S1 =S2) the combining
ratio given by equation (7) reduces to

(25)

where the result is also expressed in terms of the SNRs since this form is used so much in
practice. It was shown in equation (15) that the receiver output noise was a function of the
agc voltage. If the output noises of a dual channel receiver are expressed by equation (15)
the dual channel combining ratio in equation (25) becomes

(26)

which expresses the optimum combining ratio, for perfectly tracking receivers, in terms of
the agc voltages. AGC weighted combiners are implemented on the basis of the combining
ratio in equation (26). In terms of Figure 1b and Figure 2 an agc weighted combiner can be
constructed as in Figure 6. Note that this combiner considers only the agc voltages in
weighting the linear i-f signals from the two receivers and is in no way sensitive to whether
the receiver agc systems are tracking the rf signals perfectly or not. The linear i-f output
signals and noises are given respectively by equations (13) and (15). The output SNR of an
agc weighted combiner can be obtained by substituting equations (13), (15) and (26) into
equation (5)

(27)

Equation (27) expresses the output SNR of an agc weighted combiner in terms of the
effective input SNRs and agc voltages of the two receivers. Equation (27) is true in general
whether or not the receivers are perfectly tracking the input signal strengths since
equations (13) and (15) are similarly unrestricted. When perfect tracking is achieved the
relationship between the agc voltages and input signal strengths can be expressed through
use of equation (9) by

(28)



The output SNR for the perfect tracking condition is given by substituting equation (28)
into equation (27)

(29)

which is seen from equation (4) to be the output SNR of a maximal-ratio combiner which
maximizes the combiner output SNR.

Performance Equations of the AGC Weighted Combiner When Perfect Tracking Is
Not Assumed   Equation (27) will always give the output SNR of an agc weighted
combiner provided the agc voltage corresponding to the input signal strength for each
receiver is known. When the agc system is not perfectly tracking the input signal strength
this relationship can be obtained through a numerical solution of the agc system equation
(20). Some particular solutions will be presented in the following two sections.

It was shown by equation (29) that when the agc system is perfectly tracking the rf signal
strength the agc weighted combiner becomes a maximal-ratio combiner. It is also of
interest to consider the combiner output SNR at the other extreme when the fade rate is so
high that no tracking by the agc system is possible. Under this condition the agc voltage
becomes essentially constant and is representative of the average signal strength only.
Under these conditions the output SNR of an agc weighted combiner becomes (derived in
Appendix C of Reference 3)

(30)

where fF is the fade rate and ‘s is the average value of the rf signal strength

(31)

where T is the period of the fading signal envelope.

The equal-gain combiner is the principal competitor (1) to the maximal-ratio and agc
weighted combiners. It is therefore useful to derive its time domain performance equation
for comparison. In a dual channel, pre-detection, equal-gain combining system the gains of
both receivers are maintained equal and the output signals are added coherently without 



weighting (i.e., aR=1). With these conditions the output SNR of an equal-gain combiner
can be obtained by substituting equations (13) and (15) into equation (5).

(32)

It is seen from equation (30) that at high fade rates and for equal average signal strengths
the output SNR of an agc weighted combiner becomes equal to that of an equal-gain
combiner.

Computed Performance of an AGC Weighted Combiner for Specific RF Fading
Signals    The performance of the agc weighted combiner will be compared with the
maximal-ratio and equal-gain combiner; first with symmetrical equal average rf fading
signals and then for symmetrical unequal average rf fading signals.

Combiner Performance with Symmetrical Egual Average RF Fading Signals   The
performance of an agc weighted combiner(1) will be examined for the symmetrical, equal
average rf fading signals in Figure 4. A steady state numerical solution of the agc system
differential equation (20) is performed for the agc voltages at discrete times with respect to
the fading signals. The agc time constant assumed for this example is 100 ms and
corresponds to the plot in Figure 5b. The receiver constants assumed for all calculations
are, K1=l, K2=44.6X106, and ne=0.445µV rms. These agc voltages and the corresponding
signal strengths are inserted in equation (27) to compute the output SNR at each point in
time. These values are plotted in Figure 7 at each discrete time to display the output SNR
of an agc weighted combiner over one fading cycle of the signals in Figure 4. The output
SNRs of a maximal-ratio and an equal-gain combiner are computed from equations (29)
and (32) respectively and also plotted in Figure 7 for comparison. The maximal-ratio
combiner is seen to be equal to or superior to either the agc weighted or equal-gain
combiners at every point as it should. It is also seen that the equal-gain combiner
outperforms the agc weighted combiner over a significant interval near this minimum
signal strength.

It is of interest to compare the performance of combiners as a function of fade rate fF for a
given agc time constant Jg. Since combiner performance is equally sensitive to changes in
fF and Jg the parameter fF Jg becomes a convenient one to use. To achieve a measure of the
average combiner performance the combiner SNR at each discrete time is converted to bit
error probability (BEP) by the curve in Figure 8 and averaged over the fading interval. A
plot of combiner performance for values of the parameter fF Jg between 0.01 and 100
appears in Figure 9. It is seen in Figure 9 that as the parameter fF Jg becomes small the
performance of the agc weighted combiner approaches that of the maximal-ratio combiner
as expected. Also as the parameter fF Jg becomes large the performance of the agc



weighted combiner approaches that of the equal-gain combiner as predicted by equation
(30). It is interesting to note that for fF Jg greater than about 0.12 the equal-gain combiner
out performs the agc weighted combiner. The bit error probability of the agc weighted
combiner exhibits a dramatic increase with increase in fF Jg, reaching a maximum at a
critical value of fF Jg which for this example is about 0.3. This characteristic is typical of
the agc weighted combiner for certain fading signals and is associated with the frequency
response of the agc system. The response curves for the agc system for fF Jg =0.2 (near the
peak of the curve in Figure 9) appear in Figure 5b.

Combiner Performance with Symmetrical Unequal Averase RF Fading Signals   The
performance of an agc weighted combiner(4) will be examined for the symmetrical rf fading
signals in Figure 10 with average values differing by 6 dB. Comparison of the performance
of the combiners in the time domain for an agc time constant of ten seconds appears in
Figure 11. The longer agc time constant was used for this example since this is the region
of poorest performance. The nature of the performance curves are a little different here
than in Figure 7, but the equal-gain combiner still outperforms the agc weighted combiner
in the important region near minimum signal strength. The average bit error probability of
an agc weighted combiner for the unequal average signals in Figure 10 appears in
Figure 12 as a function of fF Jg. The performance approaches that of the maximal-ratio
combiner for small values of fF Jg as with equal average signals. However, as fF Jg

increases the BEP of the agc weighted combiner equals that of the equal-gain combiner at
about fF Jg =0.2 and asymptotically approaches a value much higher than that of the equal-
gain combiner. This performance appears to be characteristic of the agc weighted
combiner for unequal average signals when the stronger sigpal approaches or drops below
the weaker signal during the nulls in the stronger signal (as happens in Figure 10). Since es1

is 6 dB greater than es2 equation (30) reduces to

which shows that channel #1 is always weighted twice as high as channel #2. This
weighting is proper for only two points in the fading sequence as can be seen in Figure 11.

Suggestions for Combiner Improvement   It has been demonstrated that the errors of an
agc weighted combiner arise from the frequency response characteristics of the agc system
(this assumes coherent signals). These errors occur because agc weighted combiners are
implemented on the assumption that the receiver output signals are maintained constant,
which is true only for perfect agc tracking of the rf signal strength.



An A-M/AGC Weighted Combiner   Equation (7) indicates that both signal and noise
must be considered for optimum combining. By use of equation (18) the optimum
combining ratio in equation (7) can be expressed in terms of the a-m output signals rather
than the rms output signals

(33)

The a-m output signals are more suitable (3) for weighting signals and more easily obtained
than the rms. The ratio of the mean square output noises can be expressed by equation (26)
which permits equation (33) to be written as

(34)

which expresses the optimum combining ratio in terms of the receiver a-m and agc output
voltages. Equation (34) suggests that an optimum combiner can be implemented by using
both the receiver a-m and agc voltages for weighting signals. An implementation based on
equation (34) should be optimum for all fading signals which can pass through the receiver
and LPF bandwidths (see Figure 2).

A possible application of equation (34) is the modification of existing agc weighted
combiners to overcome the limitations arising from the response time of the agc system.
The necessary modification of the agc weighting signals can be seen by rewriting equation
(34) in the following form

(35)

by use of the identities

Equation (35) shows that the weighting signals are optimized by subtracting a logarithmic
function of the a-m voltage from the agc voltage. Note that equation (35) reduces to
equation (26) during perfect tracking when the a-m voltages equal the integrator bias
voltage V. An implementation of equation (35) appears in Figure 13 which shows that a
logarithmic amplifier and a linear slimming network are necessary to optimize each
weighting signal. It should be noted that the performance of the a-m/agc weighted
combiner in Figure 13 is not dependent upon the agc time constant.



An A-M Weighted Combiner   It is seen from equation (34) that when a dual channel
combining system is operated with a common agc voltage the optimum combining ratio
reduces to

(36)

Equation (36) suggests an a-m weighted combiner and one possible implementation
appears in Figure 14. Note in Figure 14 that the common agc system operates to maintain
the combined output signal at a constant level. How well it succeeds depends upon the
relationship between the fade rate and the agc time constant. However, failure of the agc
system to maintain the output signal at a constant level does not cause the combining ratio
to become sub-optimum.

An A-M/AGC Controlled Signal Selector    A possible implementation of an optimum
diversity selector will be suggested. The object of an optimum diversity selector is to
choose the channel with the maximum SNR. Equation (16) indicates that this problem can
be reduced to determining which receiver channel has the maximum input signal strength
(since the noise originates in the receiver front end). Equation (19) can be written as

(37)

which shows that the input signal strength is directly proportional to the ratio of the a-m
voltage and an exponential function of the agc voltage. Thus, a system designed to select
the channel with the maximum magnitude of this ratio will select the channel with the
maximum output SNR.

Conclusions

1. The agc weighted combiner is a maximal-ratio (optimum) combiner only when the
agc loop can track the rf fading signals perfectly.

2. For certain fading signals, an agc weighted combiner reaches a condition of poorest
performance at a critical fade rate. The performance will be better either above or
below this critical fade rate.

3. At low fade rates (relative to the critical), the agc weighted combiner approaches the
performance of a maximal-ratio combiner - this is true independent of the nature of
the fading signals.



4. At high fade rates (relative to the critical) and for equal average rf fading signals the
performance of the agc weighted combiner approaches that of the equal-gain
combiner.

5. At high fade rates (relative to the critical) and for unequal average rf fading signals,
the performance of the agc weighted combiner can be worse than that of the equal-
gain combiner.

6. By using both the a-m (a signal proportional to the i-f envelope) and agc voltages for
weighting, a maximal-ratio combiner can be implemented which is not limited by the
tracking rate of the agc loop.

7. An optimum diversity selector can be implemented Using both the a-m and agc
voltages of the rf receiver.

8. An expression for the agc time constant can be written in closed form as a function of
parameters of the receiver and agc integrator.
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Appendix A: Derivation of Differential Equation of the AGC System

The differential equation relating the agc voltage eg to the receiver rms input signal
strength eg is derived on the following assumptions (most of which are satisfied in practice
and all of which are practical):

1) A fullwave coherent a-m detector is used in the agc loop. Therefore the
average input to the agc integrator ea will be the average absolute value of the
linear i-f output signal. (Noncoherent a-m detectors are often used in practice



- the performance of these systems will depart from the ideal assumed here
because of dc bias components at low SNR.

2) The bandwidth of the i-f amplifiers in the receiver and of the LPF following
the coherent a-m detector are sufficiently wide to pass the rf fading envelope
without distortion.

3) The receiver noise has a mean value of zero and will contribute no dc
component at the output of the coherent a-m detector.

4) The voltage gain of the receiver is essentially an instantaneous function of the
agc voltage (i.e., able to track without error the maximum rate of change of
the agc voltage).

5) The open loop gain of the operational amplifier in the active integrator is
sufficiently high that negligible errors result by assuming it to be infinite. The
input leakage current is sufficiently low that the integrator can be considered
ideal.

Under static (or perfect tracking) conditions (such that ea is held essentially equal to V) the
relationship between the agc voltage eg and rf signal strength es (expressed in rms) can be
expressed by the equation (equation (8) in report)

(A-1)
For this derivation it will be convenient to express equation (A-1) in terms of the average
absolute value of the rf input signal strength. To achieve this write equation (A-1) in the
form

(A-2)
where      is the average absolute value of the rf input signal e,(t) and       is defined by

(A-3)

where the constant                is the ratio of the rms to the average absolute value of a
sinusoid. The average absolute value of the rf signal strength can thus be expressed by

(A-4)



or from equation (A-2) by

(A-5)

The voltage gain of the receiver can be expressed in general by (condition 2 above)

(A-6)

where ea is assumed to be the average absolute value of the linear i-f output signal S(t).
Under static (or perfect tracking) conditions the output signal ea will equal V (the bias
voltage of the agc integrator) and equation (A-6) can be written

(A-7)

Since equation (A-5) and equation (A-7) are both applicable under static (or perfect
tracking conditions) they can be combined to obtain an expression for the gain of the
receiver as a function of the agc voltage (equation (11) in report)

(A-8)

As a consequence of the assumptions under condition 5, equation (A-8) is seen to give the
receiver gain for both tracking and nontracking (dynamic behavior of ea) conditions. Since
equation (A-6) and equation (A-8) apply for all conditions, an expression for ea can be
obtained by substituting equation (A-8) into equation (A-6)

(A-9)

where equation (A-4) has been used to express equation (A-9) in terms of the rms of es(t).

Equation (A-9) expresses the i-f output envelope ea as a function of the rf envelope es and
the agc voltage eg. Note that the constants K1 and K2 involved in equation (A-9) can be
obtained from measurements made for static values of the rf signal strength es and agc
voltage eg (see equation (A-1).

The input current to the operational integrator (see Figure 2) is related to the time rate of
change of the output voltage by the equation

(A10)



where C is the capacitor in the feedback loop. The integrator input current is directly
proportional to the voltage across the input resistor R and can be expressed by

(A-11)

Combining equations (A-10) and (A-11) results in a differential equation relating the linear
i-f envelope e. to the agc voltage eg

(A-12)

By use of equation (A-9), the desired differential equation (nonlinear) relating the rf
envelope es to the agc voltage eg is obtained (equation 20 in report)

(A-12)

Fig. 1 Diagrams of N-Channel and Dual-Channel
Linear Diversity Combiners



Fig. 2 RF Receiver with AGC System

Fig. 3 Phase Cancellation Method of Producing Fading Signals

Fig. 4 Symmetrical Equal Average RF Signals With 20 dB Fades



Fig. 5  Response of AGC System to 20 dB Symmetrical Fading Signal at
fF - 2 Hz and for Jg = 10ms, 100 ms, 1 s, 10 s



Fig. 6  Dual Channel AGC Weighted Predetection Combining System

Fig. 7  Comparison of Combiner Output SNRs for Symmetrical RP
Fading Signals as a function of Time for fF = 2 Hz, Jg = 100 ms



Fig. 8  Conversion of Combiner Output SNR to Bit Error Probability

Fig. 9  Comparison of Average Combiner Bit Error Probabilities for
Symmetrical Equal Average RF Fading Signals as a Function of fF JJg



Fig. 10  Symmetrical Unequal Average RF Signals With 20 dB Fades

Fig. 11  Comparison of Combiner Output SNRs for Symmetrical Unequal
Average RF Fading Signals as a Function of Time for fF = 2 Hz, JJg = 10s



Fig. 12  Comparison of Average Combiner Bit Error Probabilities for
Symmetrical Unequal Average RP Fading Signals as a Function of fF Jg

Fig. 13  Modification of a Conventional AGC Weighted Combiner to
include the A-M Weighting Signals



Fig. 14  A Maximal-Ratio A-M Weighted Combining System With
Common AGC Voltage
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Summary   This paper reviews the data rate, error rate, and signal-to-noise ratio
relationship for various uncoded M-ary digital amplitude modulation (AM), phase
modulation (PM), and combined AM-PM systems. These signal systems have the common
virtue that expanding the number of possible signals to be transmitted increases the data
rate but not the bandwidth. The increased data rate generally requires an increased signal-
to-noise ratio to maintain constant error probability performance. Thus, these systems use
power to conserve bandwidth.

A general treatment of the error rate of M-ary digital AM-PM permits development of a
simple yet accurate expression which approximates the increase in average signal-to-noise
ratio (over that of binary phase shift keying) required for constant error performance. This
equation provides insight into why arrays differ in their signal-to-noise ratio requirements.

Introduction   In any bandwidth-constrained digital communication environment, uncoded
M-ary amplitude-and-phase modulation systems must be considered as a means of
increasing data rate without expanding bandwidth. These may be simple M-ary amplitude
shift keying [1-3] or M-ary phase shift keying (PSK) [2-7], systems with independent
amplitude-and-phase shift keying [8-9], systems with two amplitude shift keyed sets in
quadrature (QASK) [10], single sideband ASK [11-12], or any of a large number of
combined dependent amplitude-and-phase shift keying [13-18].

An uncoded M-ary digital communication system transmits once every signaling interval T
one of M possible signals corresponding to one of M information symbols (0,1,2,...,M - 1).
It is assumed that successive symbols, and thus, successive signals, are independent and 



2 In practice, the signals may be shaped by a time function to yield a better spectral profile than
that of the rectangular pulse. The resulting signal may or may not be restricted to one signaling
interval. This aspect of the signal design is ignored here by relating all performance to that of
binary PSK. This approach focuses attention on the real bandwidth-conserving effects of M-ary
communication, rather than on those of the various spectral shaping techniques.

equally likely. An M-ary amplitude-and-phase shift-keyed (MAPSK) system transmits in
each interval T signals of the form2

(1)

where “Re” denotes “the real part of,” and phasor si takes on one of M complex values
corresponding to the M possible symbols

(2)

Thus the power in the signal Si(t) is

(3)

and a signal si(t) can be pictorially displayed as a phasor (or signal point) si in a two-
dimensional plane, where the square of the distance from the origin to si is the power in
si(t). A signal set is an array of signal points

(4)

In any signaling interval T, the transmitted signal si(t) is perturbed by a sample of a zero
mean white Gaussian noise process n(t) of one-sided spectral density No W/Hz, and the
received signal is r(t) = si(t) + n(t). The receiver’s function is to detect in each interval
which one of M signals (and hence what symbol) was sent. The receiver is assumed to
know the frequency To and the signaling interval, as well as the a priori possible values of
si. This assumes frequency synchronization, symbol synchronization, carrier
synchronization, signal ambiguity resolution, and amplitude control. In the maximum-
likelihood receiver, the received signal is correlated with two quadrature reference signals
to obtain a phasor representation of the received signal and the signal selected whose
phasor is closest to the received phasor in the two-dimensional signal plane. Thus, the
signal space may be subdivided into exclusive and exhaustive decision regions Ri, each
containing a signal point si. The decision region Ri is chosen such that if a noisy signal
point lies in the region of si, the corresponding signal si(t) was most likely sent. The
decision region for each signal point is that set of all possible points closer to that signal



3 The points represent the actual signal points, the solid lines indicate the maximum-likelihood
decision regions, and the dashed lines indicate the regularity of signal structure.

point than to any other. A region Ri is determined by the intersection of semi-infinite
regions Rij containing si and bounded by the perpendicular bisector of the line connecting si

to its neighboring points sj (j … i, j = 0,1,2,...,M - 1). The correlator outputs U and V are
statistically independent Gaussian random variables with means Xi and Yi respectively and
identical variance F2 = No/2T. The point (U, V) is the noisy signal point. The region Ri in
which (U, V) lies contains a signal point si, which is the most likely to have been sent.

The first few figures show the geometric arrays of a variety of MAPSK systems.3 Figures 1
and 2 show the simple multiple amplitude shift keyed (MASK) and multiple phase shift
keyed (MPSK) systems respectively. The linear array of MASK is characterized by
phasors si = Ai exp (j2o), i = 0,1,2,..., M - 1, while the circular array of MPSK is
characterized by phasors si = Ao exp (j2i), i = 0,1,2,..., M, - 1. That is, these two systems
may be categorized as type 0 systems in which only one of the two parameters (amplitude
or phase) is varied.

Historically, arrays of the kind shown in Figure 3 have been labeled Type I [13]. This is a
signal system with independent amplitude and phase shift keying (IAPSK). The amplitude
ranges over K possible values Ak, k = 0,1,..., K - 1, while the phase independently ranges
over L possible values so that M = KL. The independence of phase and amplitude in
IAPSK systems forces the use of the same phases in each of the concentric rings. The
Type II [13] signal systems of Figure 4 represent the earliest attempt to remove the
restriction of the same phases for all amplitude levels. The system consists of an inner
level with three phases, with each successively larger ring containing six more phases than
the one prior. Quadrature amplitude shift keying (QASK), historically called Type III [10],
is a signal system consisting of two quadrature ASK signals. That is, in each signaling
interval two signals in quadrature are independently amplitude modulated. As shown in
Figure 5, the array is one of concentric squares, at least when M is the square of an
integer. For values of M = 8,32,128,..., 22n+1 , rectangular arrays of independent quadrature
signals may be used, although more complicated arrays are possible [10].

Finally, in Figures 6 through 10 are shown arrays which may be called Type IV. These are
arrays in which neither phase-amplitude or quadrature component independence nor the
restriction to circular patterns is retained. The arrays may include signal points at the
origin, as in the arrays of concentric pentagons or hexagons of Figures 8 and 9. The arrays
may be complete concentric polygonal arrays such as the diamonds of Figure 7, the
pentagons of Figure 8, or the octagons of Figure 10; or incomplete (when restricted to
dyadic numbers 4, 8, 16, 32, 64,...) polygonal arrays such as the concentric triangles of
Figure 6 or concentric hexagons of Figure 9. Many other arrays are possible and have been
considered elsewhere (see especially [15]).



In successive sections, the performance of systems based on these various signal sets is
examined in terms of the geometric patterns. The average power performance depends
roughly on how well the points cluster around the origin, yet remain separated from one
another. The Gilbert approximation [19] to the probability of error is linearized to provide
a simple but accurate expression relating the “clustering” and “separation” characteristics
to the increased average signal-to-noise ratio necessary to maintain constant error
performance. The relative performance of the systems is shown by plotting the data rate
achievable (relative to binary PSK) as a function of the average signal-to-noise ratio
(relative to binary PSK) at constant error rate and bandwidth. Asymptotically, as the
number M of signals increases, type 0 systems in which only one parameter (amplitude or
phase) is modulated require a 6-dB increase in average signal-to-noise ratio to achieve a
doubled data rate at constant error rate, while Types I, II, III, and IV with joint
modulations of both parameters all require only a 3-dB increase.

M-ary APSK Error Rate Expressions   For most signal sets of regular structure, the
least of the distances from each signal point in an array to its nearest decision region
boundary is a measure of how tightly the signal points are “clustered.” This minimum
distance, called the “Gilbert distance,” is denoted here by *. The ratio of the average
signal power S of an array to the squared Gilbert distance *2 is called the “packing
coefficient” Cp of the array and is a measure of how tightly the signals are “packed”
around the origin; i.e.,

(5)

Since the received signal phasor U + jV is the signal point si plus a two-dimensional
independent Gaussian noise random variable of mean zero an variance (F2 = No/2T, it is
convenient to normalize the space of signal points by the scale factor 1/F. Denoting the
normalized Gilbert distance by ) = */F, the average symbol signal-to-noise ratio Rd ×
ST/No  is given by

(6)

In the normalized signal space, the signal si has coordinates (xi, yi) and maximum-
likelihood decision region Ri with complement R̄i. If for each value of i, the signal point si

is translated to the origin and Ri denotes the corresponding translation of the maximum-
likelihood region Ri, then the conditional probability of error is

(7)



The average probability of symbol error p(e) can now be calculated since all the signals
are equally probable by

(8)

The conditional probability p(e/i) may or may not be convenient to evaluate, depending on
the shape of the region R̄i. Since Ri is the intersection of M - 1 semi-infinite planes R̄ij  j … i,
then R̄i is the union of the complements of these planes, R̄ij.. The “union” bound on p(e/i) is
obtained by assuming that the regions R̄ij are disjoint and that

where 2)ij is the (normalized) distance between the ith and jth signal point, and Q()ij), the
probability of lying in the jth region R̄ij when the ith signal was sent is

(9)

Thus, the probability of error p(e) can be bounded by

(10)

The “Gilbert” approximation [19] of p(e) is based on a recognition that for most signal sets
Q()ij) is negligible at high signal-to-noise ratios except for the minimum )ij, that is, the
(normalized) Gilbert distance ).

The Gilbert number N is defined [19] as the average number of adjacent signal pairs at the
Gilbert distance ). The Gilbert approximation of p(e) is

(11)
An even grosser but still useful bound on p(e) is the “spherical” bound, in which each
decision region is replaced by a circle of radius ) with center at the signal point.
Transformation to circular coordinates and integration outside the circle of radius ) yields
the “spherical” bound on p(e):

(12)



This bound, while crude, is illuminating! If the array of signal points is considered, each
centered at a circular decision region of radius ), this bound on the probability of error
depends only on the radius ), as does the average signal-to-noise ratio Rd The signal array
can be viewed as a collection of spheres of radius ) in a two-dimensional plane. Holding
the spheres constant in size is equivalent to holding the probability of error constant. The
spheres may be shifted around on the plane without affecting the error bound. Squeezing
the spheres as tightly as possible around the origin has the effect of minimizing the average
signal-to-noise ratio. If binary PSK (with unity packing coefficient) requires an average
signal-to-noise ratio Rdo to achieve a specified symbol error rate p, and an arbitrary
MAPSK array with packing coefficient Cp requires Rd to achieve the same p, then using
equations (6) and (12) reveals that

(13)

That is, the packing coefficient is the average signal-to-noise ratio (relative to binary
PSK) required to transmit M-ary information at a constanterror-rate spherical
bound!

Since the bound is meaningful only for high signal-to-noise ratios, a somewhat tighter
estimate, the Gilbert approximation, can be used, but the symbol error rate must be
specified. The Gilbert number for M-ary ASK is N = 2(1 - 1/M) since all but the extreme
two signal points have two adjacent signal points. Binary PSK has a Gilbert number of 1
while MPSK’s Gilbert number is N = 2. For Type I IAPSK (K, L) the Gilbert number is
N = 2, since signal points in the innermost ring have three adjacent signal points, those in
the outermost ring have only one, while those of the remaining K - 2 rings have two. For
QASK (K2) with four “corner” points, each with two nearest neighbors, (K - 2)2 “interior”
points each with four nearest neighbors, and 4 (K - 2) “side” points, each with three
nearest neighbors, the Gilbert number N is = 4(1 - 1/K). More generally, for rectangular
QASK (K, L) it is easy to show that the Gilbert number N = 4(1 - (K + L)/2KL). Setting
the probability of error p constant establishes the binary PSK signal-to-noise ratio Rdo

according to the formula                               and the signal-to-noise ratio Rd of any signal
set according to the formula                                  .  Note that if the effect of the Gilbert
number is neglected (N = 1), equating the two formulas yields the packing coefficient
Cp = Rd/Rdo as before.

It is also possible to find the increased signal-to-noise ratio of an M-ary APSK array
(relative to binary PSK) in terms of the packing coefficient and Gilbert number through use
of the Gilbert estimate. Letting )o denote the Gilbert distance of binary PSK that achieves
Gilbert approximation to p at signal-to-noise ratio Rdo, and ) the Gilbert distance of the
M-ary APSK array at ratio Rd and the same p, then



                                                                                          
Taking natural logarithms of both sides, assuming that log [Q(x)] is linear in x and that

yields

(14)

Now, using equations (6) and (14) for both arrays,

(15)

The value of N must be less than 6, since that is the most nearest neighbors a point can
have. For p # 10-4, Rdo $ 7, and log N/Rdo # 1/4. Under these conditions the third term is
negligible relative to the second and may be discarded. The assumption that p # 10-4 is
essential also to the assumption of linearity of log [Q(x)] and Q(x) taking on its asymptotic
form. Likewise N < 6 makes the linear assumption more believable. Thus, the signal-to-
noise of an M-ary APSK array, relative to binary PSK, can be described in terms of its
packing coefficient Cp and Gilbert number N at a prescribed probability level                      
                              by use of the Gilbert approximation to achieve

(16)

Again, if the Gilbert number effect is neglected (N = 1), equation (16) reduces to equation
(13) derived from the spherical bound. Equation (16) has been applied to several 4-bit
M-ary APSK arrays (Types 0, III, and IV) which had been exactly evaluated at 10-5 [17]
and found to be less than 0.1 dB in error in all cases.

More precise performance analysis is possible, though not necessary for purposes of
comparison between Types 0, I, and III systems. The exact error performance for MASK
in fact equals the Gilbert approximation. The Gilbert approximation for MPSK essentially
neglects the overlapping region opposite the origin of two semi-infinite regions (see, for
examples, Figures 13 and 14 of [2]). For quadriphase, this amounts to approximating
2Q())[1 - Q())] by 2Q()), a small error at high signal-to-noise ratio. At higher values of
M, the effect will be even less. Likewise, for IAPSK (K, L), if the regions are
approximated by rectangles and semi-infinite strips, the probability of error becomes



NQ())[1 - Q())/K], which can be approximated as before by NQ()). The Type III QASK
(K2) has sufficiently well-shaped maximum-likelihood decision regions to permit an
analytic solution to the exact error performance. The exact probabilities of symbol error,
given that “corner,” “interior,” and “side” points are transmitted, are Q())[2 - Q())],
4Q())[1 - Q())]. and Q())[3 - 2Q())], respectively, and thus,

(17)

where ) is the (normalized) Gilbert distance as before. Recalling that the Gilbert number
N for QASK (K2) is 4(1 - 1/K), the probability of error can be written as p(e) = NQ())[1 -
NQ())/4], and the Gilbert approximation p(e) = NQ()) is quite adequate at large signal-
to-noise ratio. Exact expressions for MPSK are available in the literature [7].

M-ary APSK Error Rate Performance   In an MASK system with M signals uniformly
spaced on interval (-A, A), the separation between all adjacent points is the same, the
Gilbert distance * = A/(M - 1), the M amplitudes Ai = (M - 1 - 2i)*, i = 0,1,2,..., M 1, and
thus, using equations (3) (4) and (5) the packin coefficient is

In an MPSK system with M signals uniformly spaced around a circle of radius Ao = %S̄,
the separation between all adjacent points is the same 2Ao sin B/M, the Gilbert distance
* = Ao sin B/M, and thus

In a Type I (IAPSK) system with M signals arrayed with L uniformly spaced phases at K
amplitudes Ai, i = 0,2,..., K - 1, the distance between adjacent signals in the inner circle is
2 Ao sin B/L. If this is set as the minimum signal separation, the Gilbert distance * is Ao sin
B/L, and placing the outer circle s at Ai = Ao + 2i*, i = 1,2,..., K - 1, minimizes the packing
coefficient without reducing the Gilbert distance. Thus, the K levels are Ai = (csc B/L +
2i)*, i = 0,1,2,..., K - 1, and the packing coefficient is

when M is a perfect dyadic square, the best number of phases is four times the number of
power levels, and



In the Type II system, the K amplitude levels are Ak = 2(1/%3̄ + k), k = 0,1,2,..., K - 1,
while the number of phases nk = 3(1 + 2k), k = 0,1,2,..., K - 2. The outer ring will
generally not be completely filled since the total number of signal points is usually a dyadic
integer (2,4, 8,16,32,...) and no ring is completely filled by any of these numbers (L rings
contain 3L2 points). This incomplete outer ring makes it difficult to characterize the
packing coefficient analytically. However, asymptotically the packing coefficient is

which is approximately an asymptotic 3-dB improvement over that of the Type I system.

In a QASK system with M signals arrayed as K and L uniform amplitudes in quadrature
each level se arated by 2*, the packing coefficient is

For a fixed value of M, the minimum Cp occurs for K2 = M. Thus, when M is a perfect
square,

Once it is recognized that efficient use of average signal-to-noise ratio is achieved by
minimizing the packing coefficient for a fixed number of points, then a large variety of
sphere-packing arrangements is possible. The Type II system of Lucky and Hancock has
little more than historical significance, since it does not perform as well as the Type III
QASK yet is much more difficult to implement. The pentagonal array (Figure 8) was
apparently considered independently by three different researchers as a “natural”
collection of 16 points. That is, initial searches for good arrays tend to look for “complete”
circular patterns, although in fact the completeness has no relevance at all. The octagonal
array (Figure 10) is achieved by rotating the outer ring of a Type I system and nesting it as
close as possible to the inner ring without reducing the Gilbert distance. The various
triangular, diamond-shaped, and hexagonal arrays (Figures 6, 7, and 9) are based on a
recognition that the tightest possible sphere packing uses equilateral triangular structures to
characterize signal point geometry. All three systems have hexagonal decision regions. The
primary difference between the three sets is simply placement of the various arrays relative
to the origin -- or, in any large isometric array of hexagonal regions, where the origin is
placed. For concentric hexagons, there is one signal at the origin, while for concentric
triangles, there are three signals around the origin, and for concentric diamonds, there are
four signals (in a complete diamond) around the origin.

The packing coefficient for complete concentric triangles and diamonds is Cp(M) = 2(M -
1)/3 and slightly less for concentric hexagons [17]. Note that this is the same packing



1 I.e., log2 M.

coefficient as for QASK for the same number of signal points, and that the diamonds are
simply “squished” squares. In fact, it can be shown that any array of concentric rhombuses
has the same power independent of the angles, and that for any angle between the right
angles of QASK and the angles of the diamonds, the packing coefficient is unchanged,
although not the Gilbert number N.

Figures 11, 12, and 13 show the relative performance of the several arrays discussed.
Figure 11 plots the data rate (relative to binary PSK)1 versus the average symbol signal-to-
noise ratio (relative to binary PSK) at constant spherical error bound. In Figure 12 the plot
is made with the Gilbert approximation at 10-5. In Figure 13, the abscissa is divided by M
to show the average bit signal-to-noise ratio (relative to binary PSK), at constant bit error.
The bit error is taken as the symbol error divided by log2 M, which assumes perfect two-
dimensional Gray coding and negligible Gray code penalty [17]. The performance curves
of the various Type IV systems are indicated by the shaded region around QASK.

The asymptotic performance of the Type 0 MASK and MPSK signal sets shows a four-
fold increase in signal-to-noise ratio required to double the data rate at constant error
performance. This follows from the asymptotic M2 form of the packing coefficient. The
Types I through IV, on the other hand, have packing coefficients which are asymptotically
linear in M and thus require only a doubled signal-to-noise ratio.

Conclusions   M-ary amplitude-phase shift keyed (MAPSK) signal sets are appropriate in
an average-power-and-bandwidth-constrained communication environment. The historical
development of the various types of signal sets has been traced from the simple Type 0
systems to the fairly complex Type IV. The concepts of the Gilbert distance and packing
coefficient have been introduced to permit insight into the relative performances of the
various signal systems under an average signal-to-noise ratio constraint. Bounds on error
rates have been examined to relate the effects of packing coefficient, Gilbert distance, and
Gilbert number on the probability of error. Fairly simple but relatively accurate expressions
have been developed to show the increased signal-to-noise ratio required (relative to
binary PSK) for the arrays of signal points considered. The asymptotic performances
reveal the dramatic power savings inherent in the joint modulation forms.

Acknowledgement   The close collaboration of M. K. Simon is greatly appreciated.

References

1. Lucky, R. W. . Salz, J. , and Weldon, E. J. , Jr. , Principles of Data Communication,
McGraw-Hill Book Co. , Inc., New York, N. Y. 1968.



2. Arthurs, E. , and Dym, H. , “On the Optimum Detection of Digital Signals in the
Presence of White Gaussian Noise -- A Geometric Interpretation and a Study of
Three Basic Data Transmission Systems,” IRE Trans. Commun. Syst. , December,
1962.

3. Filopowsky, R. F.J. , “Nonbinary Information Transmission,” Proc. IREE,
Australia, Vol. 30, No. 12, December, 1969.

4. Cahn, C. R. , “Performance of Digital Phase-Modulation Communication Systems,”
IRE Trans. Commun. Syst. , pp. 3-6, May, 1959.

5. Cahn, C. R. , “Comparison of Coherent and Phase-Comparison Detection of a Four
Phase Digital Signal,” Proc. IRE (corresp. Vol. 47, p. 1662, September, 1959.

6. Trabka, E. A. , “Embodiment of the Maximum Likelihood Receiver for Detection of
Coherent Pulsed Phase Shift Keyed Signals in the Presence of Additive White
Gaussian Noise,” in Investigations of Digital Data Communications Systems, J. G.
Lawton, Ed. , Cornell Aeronaut. Lab. , Inc. , Buffalo, N. Y. , Rep. UA-1420-S-1,
Detect. Memo 5A, January, 1961.

7. Lindsey, W. C. , and Simon, M. K. , “Carrier Synchronization and Detection of
Polyphase Signals,” IEEE Trans. Commun. Tech. , Vol. COM-20, No. 3, June,
1972.

8. Cahn, C. R. , “Combined Digital Phase and Amplitude Modulation Communication
Systems,” IRE Trans. Commun. Syst. , September, 1960.

9. Salz, J. , Sheehan, J. R. , and Paris, D. J.    “Data Transmission by Combined AM
and PM,” Bell Syst. Tech. J., Vol. 50, No. 7, September, 1971.

10. Campopiano, C. N. , and Glazer, B. G. , “A Coherent Digital Amplitude and Phase
Modulation Scheme,” IRE Trans. Commun. Syst. , March, 1962.

11. Sakrison, D. J. , Communication Theory: Transmission of Waveforms and Digital
Information, John Wiley and Sons, Inc., New York, N.Y. , 1968.

12. Pappenhis, E. W. , Bruene, W. B. , and Schoenike, E. O., Single Sideband
Principles and Circuits, McGraw-Hill Book Co. , Inc. New York, N.Y., I964.



13. Hancock, J. C. , and Lucky, R. W., “Performance of Combined Amplitude and
Phase-Modulated Communication Systems,” IRE Trans. Commun. Syst., p. 232,
December, 1960.

14. Lucky, R. W. , and Hancock, J. C. , “On the Optimum Performance of N-ary
Systems having Two Degrees of Freedom,” IRE Trans. Commun. Syst.  p. 185,
June, 1962.

15. Thomas, C. M.  “Amplitude-Phase-Keying with M-ary Alphabets: A Technique for
Bandwidth Reductions,” Proc. Int. Telem. Conf. p. 289, 1972.

16. Kawai, K., Shintani, S., and Yanagidaira, H., “Optimum Combination of Amplitude
and Phase Modulation Scheme and its Application to Data Transmission Modem,”
IEEE Int. Conf. Commun., Conference Record, p. 29-6. 1972.

17. Simon, M. K., and Smith, J. G., “A Hex on MPASK,” submitted for presentation at
the IEEE International Conference on Communications, June, 1973.

18. Foschini, G. J., Gitlin. R. D., and Weinstein, S. B. , “On the Selection of a Two-
Dimensional Signal Constellation in the Presence of Phase Jitter and Gaussian
Noise,” submitted for publication in Bell Syst. Tech. J.

19. Gilbert, E. N., “A Comparison of Signalling Alphabets,” Bell Syst. Tech. J., p. 504,
May, 1952.



Figure 1.  Type 0--octal ASK Figure 2.  Type 0--octal PSK

Figure 3. Type I--IAPSK (16) Figure 4. Type H, with three rings



Figure 5.  Type III--QASK (16)

Figure 6.  Type IV--concentric triangles



Figure 7.  Type IV--concentric Figure 8.  Type IV--concentric
diamonds  pentagons

Figure 9.  Type IV--concentric hexagons



Figure 10.  Type IV--concentric octagons

Figure 11.  Data rate--symbol energy tradeoff at constant spherical
bound (Ps = 10-5)



Figure 12.  Data rate--symbol energy Figure 13. Data rate--bit energy 
tradeoff at constant Gilbert tradeoff at constant Gilbert

approximation (Ps = 10-5) approximation (Pb = 10-5)
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Summary   The Multimegabit Operation Multiplexer System (MOMS) is a high data rate
PCM telemetry unit capable of sampling and encoding 60 scanning radiometer and 4
vidicon channels at 250 kilosamples/second and 5 megasamples/second, respectively. This
sampling capacity plus the 7-bit quantization requires a total throughput rate of 40
megasamples/second and 280 megabits/second. To produce these rates efficiently, the
system was divided into a pair of identical 140-megabit blocks. A low-power 20-MHz
analog multiplexer and analog-to-digital converter were developed together with a video
sample-and-hold that features an aperture time error of less than 50 picoseconds.
Breadboard testing of these basic building blocks confirmed the design prediction that the
total system would consume 27 watts of power. Two 140-megabit output ports are suitable
for quadraphase modulation.

Introduction   As a result of the increasing use of imaging sensors for earth resource
missions, a need has been created for efficient processing of wideband data. A typical
multispectral scanner contains several channels, each with bandwidths ranging from 50
kHz to 1 MHz. Typical vidicon channels use bandwidths of 2 to 5 MHz. To sample and
encode this type of data a PCM telemetry system may easily be required to produce serial
data streams in the several hundred megabit/second class, with encoder throughput rates of
10 to 40 megaconversions/second.

High power and large size are inherent in the techniques conventionally used to multiplex
and encode analog data at these rates. Since these factors are no longer acceptable, the
primary objective of the MOMS program was to develop a system that would
accommodate the required data rates while satisfying the constraints imposed by the
spacecraft environment. One requirement was to design a high data rate PCM telemetry
system that would sample 60 channels of scanning radiometer-type data at 250
kilosamples/second and 4 channels of vidicon data at 5 megasamples/second. By adding
overhead to handle synchronization patterns and minor frame identification, an overall
throughput rate of 40 megasamples/second would be required. Because each sample was
to be quantized to 7 bits, a bit rate of 280 megabits/second resulted.



This paper describes the unique design approaches to the multiplexer, sample-and-hold,
and analog-to-digital converter that resulted in a total system power requirement including
the internal power supply losses - of only 27 watts at 280 megabits/second.

System Description   Figure 1 is a block diagram of MOMS showing that the system has
been divided into two identical blocks operating at 140 megabits/second each. Two output
bit streams are provided in serial NRZ-L format, phased for use with quadraphase
modulation techniques, yielding 280 megabits/second of data. The system is made up of a
single power supply and crystal oscillator, two 32-channel analog multiplexers, two 7-bit
analog-to-digital converters, and two blocks of programmer logic for system timing. Since
the two halves are identical, only half a MOMS - a single 140-MHz block - will be
discussed.

The analog multiplexer is arranged in a 16 X 5 matrix with two levels of gating. The first
tier is formed of subgroups of 5 channels each and addressed at a 1.25-MHz rate. It
accepts the signals from the Source A radiometer channels. These sources are driven from
1000-ohm impedances and have a sin x/x frequency response with the first null at 80 kHz.
Ten Source A channels are compressed, prior to encoding, by a square root function
generator. The second tier of gating, which is addressed at a 20-MHz rate, accepts the
outputs of the first tier. Two vidicon channels, dc to 2.5-MHz bandwidth, are sampled by
the second tier, having been preconditioned by a video sample-and-hold. Since a 16:1
difference in address rates exists, the first tier is referred to as the low-speed multiplexer
and the second tier as the high-speed multiplexer.

The key to the MOMS design is the high-speed, low-power, 7-bit analog-to-digital
converter. A two-stage serial/parallel design is utilized, resulting in a total conversion time
of 30 nanoseconds and consuming only 3.0 watts. This low power and high speed is made
possible by using a new comparator that consumes 80 milliwatts and switches in 5
nanoseconds with 5 millivolts of overdrive. This device represents a significant
speed/power improvement over previous designs.

Multiplexer sequencing and A/D converter timing are controlled by the programmer logic,
which has been implemented with a current feedback logic that is a major factor in
realizing these data rates at low power. By using this new technology, it is possible to
achieve a 2 nanosecond/2 milliwatt logic gate which represents an order of magnitude
improvement over the closest commercially available logic element2. The programmer
supplies the serial NRZ-L output Format at 140 megabits/second,

A format for one 140-MHz MOMS block is shown in Figure 2. As illustrated, the system
as presently configured has a prime sample rate of 1.25 megasamples/second and a word
rate of 20 megawords/second. There are only supercommutated and subcommutated



channels; the broadband Source B video inputs consume 50 percent of the format. MOMS
may accept prime channels by feeding inputs directly into the second multiplexer tier, or
all subcommutated channels may be used if the Source B inputs are eliminated.

Analog Multiplexer   The analog multiplexer is organized in the two-tier arrangement
depicted in Figure 3. The final tier, the high-speed multiplexer, is made up of eight
switches sequenced every 50 nanoseconds. Not all this time is allowed for multiplexer
settling time, since the analog-to-digital converter must also complete its cycle within this
time period. Two decisions are required to encode seven-bit resolution and the multiplexer
must have settled to a small percentage of its final value before the first decision is made in
the A/D converter. The time allotted for the multiplexer to settle to 0.1 percent of its final
value; and for the first A/D decision to be made within the same accuracy is 28.57
nanoseconds. The low-speed multiplexer, which accepts the bulk of the channels, is
divided into 6 subgroups staggered by 50 nonoseconds. This technique permits the
selected low speed switch to be ON for 750 nanoseconds before its output is picked up by
the final tier. The multiplexer subsystem incorporates both a sample-and-hold and a data
compression amplifier. The sample-and-hold accepts signals from a 75-ohm vidicon source
that has a bandwidth from dc to 2.5 MHz. Due to the high input rate, aperture time error
becomes a significant problem. At full-scale input and maximum frequency, the peak rate
of change of Source B data is 1 bit/nanosecond. The sample-and-hold, however, reduces
this time error to less than 50 picoseconds. The data compression amplifiers supply a
square root compression on 10 Source A data channels through a three-segment
approximation to the square root function.

In order to feed signals from multichannel sources into a single A/D converter every 50
nanoseconds, a high-speed analog switch had to be developed. The conventional approach
to this problem is to use a quad-diode bridge built with hot carrier diodes and driven from
a balanced, floating pulse transformer. In order to build an efficient multiplexer, several
switches must be tied to a common buss and the voltage at that point must be able to
change the full-scale range in the permitted time. Since many connections are made at a
single point, the capacitance of the buss increases in proportion to the number of channels;
the current to charge the capacitance and the power required must increase for a fixed
settling time. Preliminary design showed that 385 milliwatts for each high-speed channel
would be required if a quad-bridge multiplexer were used.

To obtain an efficient high-speed multiplexer system for space applications, the charging
current of the multiplexer output capacitance must be minimized. The location in the
multiplexer required to change full-scale voltage must be one of minimum capacitance, yet
the point where the switches are common must not need to change large potentials. The
apparent paradox may be solved by the approach shown in Figure 4.



Assume switch SW1 is closed and SW2 through SW8 are open. In this case, a high-gain
differential amplifier is made up of an input stage A1, gain stage Q1, and impedance buffer
Ao. Negative Feedback is used to close the loop gain to unity, with the output following
the input to A1. If SW1 were opened and SW2 closed, the loop would now be closed
about A2 and the output would slew to the value of Input 2 to settle out at a rate
determined by the response of the amplifier. In this approach a single input stage is used
for each channel to be multiplexed. These stages are switched to the input of common base
amplifier Q1; thus, the paradox requirements are answered. The point in the circuit where
the switches are common does not change full-scale voltage. The collector junction of Q1
is the only point that must change full scale and so appreciably affect response time. The
capacitance is minimum at this location.

By implementing the high-speed multiplexer in this manner a total dissipation of only 642
milliwatts is required for 8 channels. If the quad-diode approach had been used, over 3
watts would have been used. Furthermore, the individual input stages isolate the driving
source from switching transients that would reduce response times. There is no
requirement for expensive, large, magnetic components. When compared to the quad-
diode approach, the programmable amplifier multiplexer has improved accuracy, since the
overall feedback reduces the error sources to the errors of a single amplifier. This
approach also lends itself to monolithic or hybrid technologies.

A photograph of the response of the high-speed multiplexer is shown in Figure 5. The
delay time is approximately 5 nanoseconds from the leading edge of the command clock,
and the multiplexer has settled to within 0.1 percent of its final value when the first A/D
converter decision is made at 28.57 nanoseconds. The multiplexer has a gain-bandwidth
product of 66 MHz and a slew rate of 300 volts/microsecond.

The MOMS low-speed multiplexer has adequate time for settling to permit the use of field-
effect transistor analog switches if the radiometer outputs were of low impedance.
Historically, the major problem area in a multiplexer is the interface with the
experimenters. As a channel is selected, the entire output capacitance of the multiplexer
input tier is placed across the transducer output impedance. Capacitance at the source,
resulting from the wiring harness, must accept charge transferred from the multiplexer, a
fact that may result in significant error. For a high-data-rate system where the input tier
must settle in less than a microsecond, the error becomes appreciable and is compounded
by the experimenter’s output amplifier which must respond to the charge transfer

For the MOMS low-speed multiplexer address rates (1.25 MHz) consideration must be
given to providing a separate buffer amplifier at the input to each channel in order to
provide switching transient isolation. Rather than using a complete amplifier on each input,
the programmable amplifier multiplexer approach used in the high-speed section offers



lower power and excellent isolation. This amplifier may be built at lower power than its
high-speed counterpart. A curve showing the worst-case calculated charge transfer error of
the low-speed multiplexer is given in Figure 6. The solid line represents the calculated
error versus source capacitance for a 1000-ohm source resistance; the broken line is the
measured data. For any value of source capacitance, the error due to charge transfer will
be less than 0.025 percent of full scale. This figure represents an order of magnitude
improvement over conventional multiplexers operating with realistic values of impedance
and in the same time frame.

Sample-and-Hold   The Source B vidicon input characteristics preclude the use of an
“online” analog-to-digital converter due to the peak error resulting from aperture time. The
MOMS A/D converter has an aperture time of 21.43 nanoseconds, the time between the
two A/D decisions. For 2.5-MHz input rates the error would be 16.8 percent; therefore, a
sample-and-hold is required to precondition the input signal and reduce the aperture timing
ambiguity prior to encoding.

Two general classes of sample-and-holds were considered for the MOMS: the open-loop
and closed-loop approaches shown in Figures 7 and 8, respectively. In the open-loop
approach an amplifier, A1, isolates the source from the sample gate and storage media.
Another amplifier, A2, buffers the capacitor, C1, and isolates it from the load. In this
approach the gain, offset, and linearity errors of each amplifier are additive. The closed-
loop approach outlined in Figure 8 uses negative feedback around the entire sample-and-
hold. The read-in amplifier has high open-loop gain, and the errors due to offset and gain
of the switch and A2 are reduced by the gain of A1. For accuracy, the latter approach was
selected.

Source B channels must be sampled at 5 megasamples/second; the timing was arranged
such that the sample-and-hold would track the input for 150 nanoseconds and hold for 50.
A unique approach to implementing the sample-and-hold enabled the stable realizations of
the closed-loop approach with the overall amplifier having a gain-bandwidth product of
150 MHz. The storage media was included in a current-to-voltage conversion stage within
the read-in amplifier, resulting in virtually a single-pole, open-loop amplifier. A driver,
void of transformers, was used to switch from sample to hold mode in a balanced fashion.
The complete circuit operates at a closed-loop gain of +3 and consumes 425 milliwatts.
More conventional approaches using open-loop configuration and transformer drives could
consume four times this power. The photograph in Figure 9 shows a 2.5-MHz input
sinusoid sampled at 5 megasamples/second. The effective aperture time is less than 50
picoseconds.

Analog-to-Digital Converter   The MOMS requires that a 7-bit A/D conversion. and
high-level analog multiplexing be performed at a 20-MHz rate under such conditions that



the input could change full scale between conversion cycles. A single voltage comparison
for each of the 127 quantizations levels would provide the fastest and most straightforward
technique, but since 127 comparator amplifiers would be required, the all-parallel
approach is impractical. A scheme of conversion - referred to in technical literature as
subranging - serially performs two parallel decisions. It may be implemented with medium
complexity and high speed. The MOMS A/D converter decides the three most significant
bits with a 7-comparator parallel decision 28.57 nanoseconds after the multiplexer
switches. Based upon the first-tier decision, the reference is adjusted to a 15-comparator
second tier with the four least significant bits decided 21.43 nanoseconds later. The
reference is adjusted by means of a digitalto-analog converter.

Figure 10 shows the basic operation of the A/D converter. Comparator amplifiers A1
through A7, biased at multiples of 1/8 full scale, make up the first tier. The unitary outputs
of the comparators are converted to binary by the conversion logic. They also drive the
digital-to-analog converter biasing the second tier. The second tier includes A8 through
A22 and the 15-bit unitary-to-binary conversion logic. The first tier actually tracks the
output of the multiplexer as the multiplexer settles to its final value. By using a unitary D/A
converter rather than a binary one, the time required to map logic codes (5 to 10
nanoseconds) does not take away critical settling time. Each comparator in the first tier is
internally latched 28.57 nanoseconds after the encode cycle starts. The second-tier
comparator outputs are clocked into storage resistors 21.43 nanoseconds later, and the
unitary-to-binary conversion is then completed.

The key to realizing a low-power serial/parallel encoder is the comparator amplifier. The
two types designed for MOMS differ only by the fact that one version contained a circuit
that would latch the output on command. This circuit, shown as a block diagram in
Figure 11, was used in the first tier and had an 87 milliwatt power dissipation. Removal of
the latch circuitry, A4 and A5, for use in the second tier reduces power to 54 milliwatts.
Both comparators responded in 5 nanoseconds for a 5-millivolt overdrive; the latch circuit
had a response of 2.5 nanoseconds. Photographs of these responses are shown in
Figures 12 and 13, respectively. In order to obtain this speed - power performance
transistors with extremely small geometry were used. This selection led to a problem qf
thermal hysteresis due to the imbalance in power dissipation in the differential input stage
of the comparator. Since the power dissipation depends on the input signal to the
comparator, dynamic crosstalk (in a multiplexed system) results.

The complete MOMS A/D dissipated 3 watts, including code conversion logic. To the
authors’ knowledge, this figure represents the lowest power figure available for a 7-bit,
20-MHz converter. The static performance over a 70EC temperature range was better than
±1/4 bit, and dynamic crosstalk was no more than ±1/2 bit when operated with the
multiplexer.



Conclusions   The primary concern of the MOMS program was to develop and
demonstrate the basic building blocks needed to produce a high-bit-rate PCM telemetry
unit for space applications. Unique low-power circuit designs resulted in a system that
operates at a total bit rate of 280 megabits/second and consumes only 27 watts. Significant
circuit developments were an 80-milliwatt/channel, 20-MHz analog multiplexer; a 425-
milliwatt sample-and-hold with less than 50 picoseconds aperture ambiguity; and a 3-watt,
140-megabit/second 7-bit analog-to-digital converter.
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Fig. 1 - Block Diagram of the MOMS High Data Rate PCM



Fig. 2 - The Format for a 140-Mb/s MOMS Block

Fig. 3 - Multiplexer Subsystem



Fig. 4 - Programmable Amplifier Multiplexer

Fig. 5 - High-Speed Multiplexer Response



Fig . 6 - Charge Transfer Error Versus Source Capacitance for the
Low-Speed Multiplexer

Fig. 7 - Open-Loop Sample-and-Hold Fig. 8 - Closed-Loop Sample-and-Hold



Fig. 9 - MOMS Sample-and-Hold Operation at 5 Ms/s and
2.5-MHz Input Signal

Fig. 10 - MOMS Analog-to-Digital Converter



Fig. 11 - MOMS Comparator Amplifier, Block Diagram

Fig. 12 - MOMS Comparator Small Signal Step Response Logic
Output, Normal Operating Conditions



Fig. 13 - MOMS Comparator Latch Response



* This work was performed for NASA/Goddard Space Flight Center under contract NAS5-21575.

TRANSMISSION OF RADIOMETER DATA FROM THE
SYNCHRONOUS METEOROLOGICAL SATELLITE*
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Abstract   The Synchronous Meteorological Satellite uses a spin scanner radiometer
which generates eight visual signals and two infrared signals. These signals are
multiplexed and converted into a 28-Mbps data stream. This signal is transmitted to
ground by quadriphase modulation at 1686.1 MHz. On the ground, the digital signal is
reconstructed to an analog signal. To conserve bandwidth, an analog-to-digital converter
with a nonlinear transfer function was used for the visual signals. The size of the
quantization step was made proportional to the noise output of the scanner photomultiplier
tube which increases as the square root of incident light. The radiometer data transmission
link was simulated on a digital computer to determine the transfer function. Some results of
the simulation are shown.

Introduction   The Synchronous Meteorological Satellite1 (SMS) employs a Visible
Infrared Spin Scan Radiometer (VISSR). The VISSR provides eight visual and two
infrared analog signals to a multiplexer unit. The multiplexer sequentially samples the ten
signals and feeds the analog samples to a high-speed analog-to-digital converter. The
visual signals are converted to six-bit words using a nonlinear A/D transfer function. The
IR signals are converted to eight-bit words with a linear A/D converter. The composite
signal is transmitted to ground by quadriphase modulation of a 1681.6-MHz carrier at a
data rate of 28 Mbps. The ground equipment receives, demodulates, demultiplexes, and
converts the digital data back to analog data.

Selection of Digital Transmission Techniques   The requirements for the VISSR data
transmission link are shown in Table 1. During the initial design phase of the SMS, a study
was made to determine the most suitable technique for transmission of the VISSR data.
FDM/FM, TDM/PAM/FM, and TDM/PCM/ QPSK were evaluated. The first two
techniques are analog transmission techniques while the third is a digital transmission
technique. The major factors which led to the selection of the TDM/PCM/QPSK technique
were as follows:



a. High link margin
b. High accuracy of data transmission
c. No crosstalk between VISSR signal channels
d. Relative immunity to amplitude and phase characteristics of RF transmission

equipment caused by component drift
e. Ability to accurately predict performance
f. Availability of proven high-speed digital circuits and components
g. Flexibility of growth to accommodate additional VISSR sensor signals.

Quadriphase modulation (QPSK) was chosen instead of PSK or PCM/FM to reduce RF
bandwidth requirements.

TABLE I
REQUIREMENTS FOR VISSR DATA TRANSMISSION

System Description   Figure 1 shows a system block diagram of the VISSR data
transmission system. The VISSR multiplexer accepts eight visual and two infrared signals
and passes each signal through a presampling filter. The visual presampling filter is a five-
pole linear phase filter with a 3-dB bandwidth of 225 kHz. The IR presampling filter is a
five-pole linear phase filter with a 3-dB bandwidth of 26 kHz. Linear phase filters (similar
to Bessel filters) were selected to improve the transient response of the system.



** A 14.0-Mbps bit rate is also available by ground command. In this mode, only four visual
channels and two IR channels are transmitted.

The visual data is sampled at a 500-kHz rate and the IR data is sampled at a 125-kHz rate.
The basic 56-bit data frame format, shown in Figure 2, consists of one eight-bit sync or IR
data word followed by eight six-bit visual data words. The first frame transmitted identifies
the beginning of scan and the setting of the radiometer mirror. The bit rate is 28 Mbps**.
This data stream is differentially encoded into two 14-Mbps data streams which biphase
modulate two carriers at 81.6 MHz. These modulated carriers are added in phase
quadrature and are upconverted to 1681.6 MHz. The signal is then amplified and
transmitted to earth via the SMS electronic despun antenna.

Figure 2 also shows the transmission of the 2-ms preamble required to lock the ground
demodulator carrier and clock tracking circuits prior to data transmission. Demodulator
reacquisition is required once every rotation period of the satellite (600 ms) since VISSR
data transmission occurs only during the time the VISSR is pointed toward Earth.

Figure 3 shows the functions of the SMS ground terminal for VISSR data reception. The
QPSK demodulator reconstructs the carrier with a Costas loop. Separate coherent
detection of the inphase and quadraturephase carriers are performed, followed by
integrate-and-dump filters. Due to the high speeds, two integrate-and-dump filters are used
for each carrier to allow a full bit period for discharging one filter while the other is
integrating data. A quaternary differential decoder is used to combine the two data streams
in one 28-Mbps data stream.

Bit synchronization is provided with additional integrate-and-dump filters which integrate
across the bit transition to provide a dc error voltage for the bit sync VCO.

The data output from the QPSK demodulator is normally passed to a data stretcher which
stores the data in buffer memory for retransmission via the SMS at a slower rate. To
provide the capability to measure the VISSR data transmission link performance
independently from the line stretcher, a test mode is provided where the 28-Mbps data is
demultiplexed and fed into separate D/A converters. The results presented in this paper
were obtained using this test mode. These results will be similar to those obtained with
operational equipment except for differences in the interpolating circuits and smoothing
filters used by individual users after digital-to-analog conversion.

Analog-to-Digital Conversion   A linear A/D converter is used to convert the IR analog
signal voltage samples to eight-bit digital words. This. A/D converter generates an rms
quantization noise which is 59 dB below the maximum peak-to-peak signal voltage from
the IR detector and approximately 5 dB below the IR detector noise output. Thus,
quantization noise degrades the IR link by 0.2 dB.



A linear eight-bit A/D converter could also be used for the visual channel. However, the
resultant transmission rate is 37.5 Mbps. To reduce the transmission bandwidth and
increase link margin, a six-bit nonlinear A/D converter was adopted, leading to a total
transmission rate of 28 Mbps. The transfer function used for the visual channels is shown
in Figure 4. This function is matched to the noise characteristics of the photomultiplier
detectors used in the VISSR. The output noise of the multiplier increases in proportion to
the square root of the output signal. The transfer function of Figure 4 is composed of eight
linear segments to provide an approximation to the square root function. As the analog-
input voltage increases, the quantization noise also increases due to the increased size of
the quantization interval. However, this quantization noise is always less than the noise
from the VISSR, as Illustrated in Figure 5. The combined camera-quantization noise is
about 0.5 dB greater than camera noise alone.

The nonlinear A/D converter is implemented as shown in Figure 6. The output of the
sample and hold is applied to an eight-level quantizer. The quantizer is made up of seven
high-speed comparators with their thresholds set at nonlinear intervals. The outputs of the
quantizer are decoded by logic to provide the three most significant bits of the PCM output
word.

The output of the three-bit nonlinear A/D converter is converted to an analog voltage
which is subtracted from the input voltage. The difference is then converted by a three-bit
linear A/D converter to generate the three least significant bits of the PCM word. Parallel
circuit techniques are used in both A/D converters to achieve the necessary conversion
speed. A conversion is completed in approximately 130 ns, which leaves 84 ns for the
sample and hold and the multiplexer.

The reference voltage which determines the accuracy of the A/D conversion is sampled
periodically and transmitted to ground by the satellite PCM telemetry link.

Computer Simulation   A computer simulation3 of the visual channel transmission link
was performed to assist in the specification of the presampling filter design, to predict
performance of the total link, and to provide criteria for evaluation of test data. Figure 7
shows the functions performed by the simulation program. Input analog data, either sine
waves or square waves, are generated by the computer in the form of 12-bit words at
sample periods corresponding to onetenth the sampling period of tte VISSR link. Similarly,
the analog data at the A/D output is represented by 12-bit words at 10 times the link
sampling rate. The presampling filter and smoothing filters were programmed using the
Z-domain analysis.

The modulation transfer function (MTF) of the link was determined by applying an input
waveform of the form



Vin = V1 + V2 sin (2Bft)

Figure 8 shows the amplitude response for 324 mV# V1 # 4853 mV and V2 = 259 mV.
(Full range is 0 to 5000 mV.) The figure shows a response change of 1 to 2 dB caused by
the variation of V1. This change is a result of the nonlinear A/D converter.

Figure 9 shows the phase and group delay for the same simulation. The results shown in
both Figures 8 and 9 include the effects of aliasing distortion which are significant at
frequencies above one-half the sampling (i.e., 250 kHz). The simulation shows a usable
response up to about 225 kHz where the gain is down 11 dB. (225 kHz corresponds to a
resolution of 0.5 nautical mile for a satellite spin of 100 rpm.)

The simulation has also begn used to predict transient response to a step function as shown
in Figure 10.4 This simulation includes the VISSR and, thus, shows the system response to
a step function of light at the radiometer input. The results show no overshoot and a rise
time of approximately 3 µs. This rise time corresponds to an angular rise time of 0.031
mS, equivalent to 0. 6 n. mi. on the ground.

Satellite Hardware Characteristics   The engineering model of the VISSR multiplexer
and A/D converter built for SMS is shown in Figure 11. The flight unit is similar except
extra cards are added to provide full redundancy. The basic building block is a card
(Figure 12) using a multilayer printed circuit card to reduce size and weight.

The complete unit measures 10 x 11 x 6 inches, weighs 14 pounds, and consumes 35 watts
peak. Average power over the satellite spin period is about 3 watts since data is
transmitted only when the VISSR is pointed toward Earth.
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Figure 1  Functional Block Diagram of VISSR Data Transmission
Equipment in Satellite



Figure 2  Data Formats for VISSR Transmission

Figure 3  Functional Block Diagram of VISSR Data Receiving
Equipment on Ground



Figure 4  Transfer Function of Visual Channel A/D Converter

Figure 5  Noise in Visual Signal Link



Figure 6  6-Bit Nonlinear Analog/Digital Converter

Figure 7  VISSR Visual Transmission Link Simulation Block Diagram

Figure 8  Visual Channel Transmission Link Amplitude Response from
Presampling Filter Input to Smoothing Filter Output



Figure 9 Visual Channel Transmission Link Phase and Group Delay from
Presampling Filter Input to Smoothing Filter Output

Figure 10  Response of VISSR Plus Visual Channel Transmission Link



Figure 1  VISSR Multiplexer and A/D Converter

Figure 12  VISSR Multiplexer and Layout View



PERFORMANCE OF A 350-Mb/s ADAPTIVE EQUALIZER
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Summary   This paper applies baseband adaptive equalization techniques to rf multipath
and transmitter/receiver distortions. Included are test results comparing 350-Mb/s adaptive
equalized and unequalized receivers. These comparisons are made with distortion typically
encountered in a high data-rate line-of-sight microwave system such as demodulator
quadrature errors, demodulator phase offset errors, and moderate rf multipath distortion.
The design and construction techniques are also illustrated.

Introduction   Confronted with the problem of channel distortion present in line-of-sight
microwave links[1], Motorola initiated a study into means for increasing the system
performance of the communication link. A computer simulation was made to study the
feasibility of using an adaptive equalizer to increase a receiver’s reliability when
confronted with moderate receiver and channel distortions.[2] As a result, a three stage
transversal filter was formed as a linear adaptive equalizer.[3] Test configurations and test
results for the following types of distortions are included:

1. Moderate RF multipath distortion.

2. Demodulator quadrature errors.

3. Demodulator phase offset.

In addition, hardware design considerations are discussed.

Test Configuration   The test configuration shown in Figure 1 was designed to
demonstrate the ability of a three-stage linear adaptive equalizer to improve receiver
performance when confronted with demodulator distortions and moderate multipath
distortions.

The test setup simulates the RF microwave media as a two path model which is based on
previous microwave propagation tests.[1]



Figure 1.  System Functional Diagram



* C. Ryan U.S. No. 3452289, June 24, 1969

Transmitter   The transmitter consists of a 350-Mb/s data source that generates two
uncorrelated 175-Mb/s pseudo noise data streams. The two data streams and associated
clock are fed into a four-phase modulator with a 800-MHz subcarrier to generate a four-
phase signal.

Multipath Simulator   The multipath simulator splits the transmitted subcarrier into two
signals, one of which is delayed and attenuated with respect to the other.

The two signals are then summed and attenuated. The path delay is accurately controlled
by a precision variable delay line. The attenuators are also precision to enable accurate
signal-to-noise measurements. The composite multipath distorted signal is fed into the
receiver preamp which acts as the noise source. The multipath delay is simulated at i-f
frequency in order to simplify the test setup.

Receiver   The receiver consists of a preamp which amplifies the QPSK subcarrier signal
entering the four-phase demodulator/phase lock loop. The bandwidth of the demodulator
output is set at approximately 175 MHz. The demodulator follows the conventional
approach used in quadraphase demodulation, that is, obtaining a phase-locked reference
carrier and using the reference to demodulate the in-phase and quadrature components of
the incoming signal.

The demodulator output data are either equalized by a three-stage adaptive equalizer or fed
directly into a bit synchronizer for reclocking depending on the test mode. The two-bit
synchronizer input data streams are independently bit synchronized which represents a
somewhat conventional approach to data reconstruction.

Adaptive Equalizer   The adaptive equalizer is a three-stage linear equalizer shown in
Figure 2. All delays (J) are set at one-half the data symbol time. Equalizer tap coefficients
associated with A and D terms are used to equalize the distortion related to the I and Q
channels respectively, while the B and C taps equalize the cross channel distortion.[4] The
algorithm generator shown in Figure 3 is a modification of the least mean-square error
approach.[5] The equalizer tap coefficients are set by the cross-correlation of the equalizer
input data sign and the output error. The correlation multipliers are dc level shifted and
low-pass filtered to create the transversal filter tap gains.[2]

Figures 4 and 5 demonstrate the modular construction techniques used in the test
hardware. The multipliers are high speed four-quadrant multipliers developed to extend
Motorola’ s capabilities in high data-rate systems.* Note that both the transversal filter and
coefficient generator use essentially one monolithic circuit with little additional discrete
circuitry.



Figure 2. Three-Stage Transversal Filter

Figure 3.  Three-Stage QPSK Equalizer Coefficient Generator



Figure 4.  Three-Stage QPSK Linear Equalizer

Figure 5.  Equalizer Coefficient Generator



Bit Error Rate Monitor   The receiver output data and clock signals are applied to a
pseudo noise synchronizer and error detector unit. This provides automatic alignment of
the reference pseudo noise sequence with the received data. After alignment is achieved,
the two data sequences are compared on a bit-by-bit basis for errors.

Test Results   The following test results will compare two test configurations. First, the
unequalized configuration is the QPSK receiver shown in Figure 1 with the adaptive
equalizer bypassed. The second configuration, called the equalized configuration, is the
receiver with the adaptive equalizer present between the demodulator and bit synchronizer.
The following types of distortion are to be considered:

1. Demodulator phase error.

2. Non-quadrature demodulation.

3. Moderate multipath distortion. (Only the two path situation is considered because
the microwave line of sight media can be closely modeled in this manner.)

Figure 6 depicts that the equalized configuration offers significant performance over the
unequalized receiver when demodulator phase error is introduced. The improved
performance of the equalized receiver when no-phase offset is present is due to the
equalizers ability to reduce distortion caused by such factors as receiver and transmitter
bandpass and low-pass filter distortion.

Figure 6.  Demodulator Phase Error



Figure 7 shows an oscilloscope photograph, illustrating in the time domain, the equalizers
ability to reduce the cross term distortion created by inducing demodulator phase error.
Trace A is the equalized receiver output, while trace B is that of the unequalized receiver
output.

TRACE A
(EQUALIZED)

TRACE B
(UNEQUALIZED)

Figure 7.  Induced Demodulator Phase Error

One of the major difficulties in high data rate Quadraphase Shift Key (QPSK) systems is
building a modulator and demodulator with small quadrature offset errors in order to
optimize system performance. Figure 8 illustrates the ability of an adaptive equalizer to
combat quadrature demodulation errors.

Figure 8.  Demodulator Quadrature Offset 0 in Degrees

The above discussions demonstrates one important reason for considering adaptive
equalizers in future QPSK receivers; mainly, correcting misaligned transmitters and
receivers. Although this is an important equalizer application, the equalizer makes an
additional contribution to the receivers’ performance when the transmitted rf signal
encounters distortion caused by multipath phenomenon.



Figure 9 displays the performance of the unequalized and equalized receivers as a function
of multipath delay. For equal amplitude multipath at delays of multiples of 8/2 the two
receivers are inoperable. Nevertheless, equalization does significantly improve the
receivers performance for most delays. Note that the rf media offers a more severe degree
of distortion than encountered in baseband applications where equalization techniques are
most often considered.

Figure 9.  Signal Loss (dB) versus Differential Delay

Conclusion   Moderate complexity conventional linear adaptive equalization techniques
have been demonstrated by test results to have applications in high data rate rf receivers
for reducing the following types of distortion:

1. Moderate multipath distortion.

2. Transmitter/receiver misalignment.

3. Modulator/demodulator unbalance.

It is apparent from the test results included in this paper that adaptive equalizations will
play a significantly increasing role in future rf digital communications.
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Summary   Spaceborne digital recorders must satisfy the conflicting requirements of
maximum data storage of high rate data (particularly for high resolution sensor data) and a
long life with high reliability (meaning rugged design and moderate head-to-tape speeds).
The multitrack longitudinal (fixed head) recorder can successfully resolve this conflict and
satisfy both requirements. The evolutionary machine described herein was originally
designed to store and reproduce 30 min of 39.9-Mb/s sensor data, for mission lives on the
order of 1 year; newer designs have surpassed these parameters by significant amounts.

Introduction   Longitudinal tape recorders for storage of wideband digital data on
unmanned satellites offer the most promise for a long life of continuous or near-continuous
use throughout the mission duration. The tape handling associated with longitudinal
recording does not impose excessive overstressing of the tape at the tape-head interface or
elsewhere in the tape path. Video recorders such as rotary head machines, on the other
hand, must exert excessively high head-to-tape pressures to accommodate the required
high head-to-tape speeds. Multitrack longitudinal tape recorders in a regime of low tape
stresses can be expected to survive one- and two-year mission durations.

With the advent of high speed, low power digital logic and very narrow parallel pole
heads, 160-track machines are in the offing. The development of such a longitudinal
multitrack tape recorder was undertaken by NASA’s Goddard Space Flight Center in
September 1970. This paper will primarily deal with the technology of that effort, which
was the forerunner to the larger capacity machines referred to above and now under
development at RCA. The aforementioned GSFC-RCA task was completed in January



1972 and culminated in a report which provides the basis for this paper. Recent advances
have extended the technology beyond the original Goddard effort, so this paper concludes
with an update.

Multitrack tape recorder development was undertaken at the onset of the high resolution
sensor development planned for large unmanned Earth Observatories. With the sensory
data digital in format, and the technique of multiplexing/demultiplexing so amenable to the
concept of multitrack recording, it was inevitable that such a recorder would emerge as a
potential storage medium. When ultrahigh rate digital data is divided by a significant
number of tracks, the individual track input rate is reduced to a frequency which can be
recorded at relatively low tape speeds. Life expectancy is further enhanced by the transfer
of precision performance from the electromechanical transport to electronic circuits;
transports can be built ruggedly, and the needed precision obtained from well derated
electronic circuits.

System Description   The multitrack tape recorder provides more than data storage; it is
the complete transfer mechanism from sensor to transmitter, performing all the necessary
signal processing to maintain the quality offered by the sensors.

As shown in the block diagram of Fig. 1, the system has a record function with playback at
higher speed. The capacity of 8 x 1010 bits permits 30 minutes of recording at a sensor
output of 39.9 Mb/s. Playback at a rate of 129.16 Mb/ s dumps the entire contents in 10
minutes.

Record Electronics   The system as originally configured in the Goddard program
employs a single read-write head with 112 tracks across 2-inch wide tape. The input,
NRZ(L), is converted to a double density format and BCH encoded for error correction at
the ground site. Ninety-eight tracks are assigned encoded data which, when loaded at a
density of 20 kilobits per inch, contains the flux reversal pattern of 10 kilobits per inch
biphase data. The remaining 14 tracks contain the recorded clock and synchronization
signals for servo motor control of the tape drive and for electronic dejitter and deskew on
playback. A block diagram depicting the record electronics is presented in Fig. 2.

The recording method is constant current, near saturation without ac bias. To deskew on
playback, input data at 39.9 Mb/s is gapped every 91 bits, laced with seven
synchronization and error correcting bits, and reclocked into the serial-to-parallel
demultiplexing logic at 43 Mb/s. Decommutation provides 98 parallel paths for each frame
of 98-bit data.



Each of the 98 lines of NRZ data is converted to high zero axis transition, double-density
code; with the low frequency components removed, the resulting spectrum is more suited
to magnetic recording.

Playback Electronics   Clock and synchronization are redundantly recorded  on seven
pairs of adjacent tracks to prevent a single failure from affecting a sync track and thereby
to improve the ability to reconstruct the recorded data.

A block diagram of the playback electronics is shown in Fig. 3. A basic clock at twice the
data rate is used for converting the recorded double density code to NRZ(L) prior to
deskewing, dejittering, and multiplexing the data. The basic timing is recovered in seven
phase-locked loops from the “OR’d” sync track pairs.

On playback, the 98-track data is first equalized to minimize zero-crossing errors. These
zero-crossing errors in playback at high packing densities arise from two conditions: 1)
time base line shift due to pulse crowding effects (i.e., pulse interference in playback
caused by a very close spacing between two adjacent flux reversals recorded on the tape
using saturation recording), and 2) a time base shift caused by the small but not
insignificant dc component in the delay code waveshape.

A computer simulation program, used to predict the zero-crossing errors expected,
calculated the effect of passing NRZ-type data waveshapes through band-limited
networks. (Both the magnetic record-reproduce process and the equalizer were
characterized as bandpass filters with known transfer functions. ) A 44- bit delay code
word with the characteristic 101101 inserted in the center and a half-bit rate centered at
225 kHz simulated a bit packing density of 20 kilobits per inch.

The results of the computer simulation program indicated that the 20 kb/i delay code is
adequately processed by use of a playback gap of 35 microinches and a 3-stage R-C type
amplitude-phase equalizer. A linear phase filter restores the pre- equalized signal-to-noise
ratio which has been degraded by high frequency peaking in the equalizer.

Each of the 98 equalized data streams is fed to a separate deskew buffer, and the buffers
output 98 in-phase parallel data streams. The buffers are composed of circulating registers
with separate read-in, read-out logic. Data tracks blocked into sets of 14 are read in to
their respective buffers at clock rates derived from the assigned sync track. For the buffer
to operate properly, the maximum displacement across 14 data tracks must be small
enough so that all of the tracks can be clocked from the clock track pair located between
two sets. From experimental data which showed a maximum edge-to-edge tape skew of 40
microinches, it was calculated (prior to transport breadboarding) that the maximum
displacement from bit to bit would be 0.01 bit per track. Allowing a factor of three for
additional time base error yielded a maximum displacement of ±21% of a bit period from



the clock track. In addition to this, the buffer had to be large enough to accommodate
maximum skew across the entire tape, which was calculated to be 0.8 bit. Again using a
factor of three for time base error margin, the resulting maximum displacement was
estimated at ±3 bits. On this basis, an 8-bit circulating buffer was selected.

A parallel-to-serial converter reformats the deskewed data from one parallel 98-bit word
occurring every 760 ns to two 66.58-Mb/ s serial data streams. (The RF link for use with
the multitrack tape recorder was proposed as a four-phase PM transmitter. ) The parallel-
to-serial converter employs two parallel-input/serial-output shift registers with a relative
delay of one-half bit in phasing to convert and reclock the parallel data into serial form. In
addition, the clock tracks at the tape center are compared with a master clock frequency to
provide error signals to the capstan motor servo when phase differences occur, thereby
reducing the jitter magnitude.

Tape Transport   The tape transport, outlined in Fig. 4 and photographed as a breadboard
in Fig. 5, is coplanar, capstan driven, and negator spring tensioned. A dc brushless motor,
servo-controlled by means of an optical encoder on record and from the tape-extracted
clock on playback, is directly coupled to the capstan shaft.

The single- stack multitrack head serves to record and play back; another, noncontacting
dc-powered head provides erase to zero remanence before record. The read-write head
(Fig. 6), which uses ultrahard Alfecon II pole tips, has a track spacing of 0.02 inches, a
track width of 0.012 inches, and a gap length of 35 microinches. A single turn inductively
couples each pole to a miniature toroidal ferrite transformer having multiple turns on the
output.

The transport weighs 51 pounds; the total power consumed (including the electronics) is
29 watts in the write’mode, 107 watts in the read mode.

Update   Since the Goddard study effort, the multitrack tape recorder has grown up
technically into a more versatile and more polished system. In a feasibility model
experiment the recorder has recorded and reproduced the equivalent of 150 Mb/s. The
head has been increased to 164 tracks while maintaining tape width at 2 inches. The
electronics have undergone changes and simplifications; the previously mentioned
equalization, and in fact all of the playback analog functions, have been eliminated. ]Phase
and amplitude correction are no longer required. The recording remains direct, but with
newly developed techniques equalization is now accomplished prior to recording.

In test, feasibility models have been operated at 100 inches per second and bit packing has
been successfully increased to 25, 000 bits per inch per track. Analytical models have been
calculated and dimensioned for handling 6500 feet of tape to allow for increasingly long
periods of ultrahigh rate recording.



Fig. 1.  Multichannel recorder system functional block diagram



Fig. 2.  Record electronics block diagram.

Fig. 3.  Playback electronics block diagram.



Fig. 4.  Primary tape transport configuration.

Fig. 5.  Transport breadboard. Fig. 6.  High density single stack
multitrack head.
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Summary   The Fleet Satellite Communication System (FLEETSATCOM) now under
development will provide the first U. S. military satellites designed from the start as
operational transponders for tactical communications with and among mobile users.
FLEETSATCOM is a logical outgrowth of earlier experimental projects, principally the
Tactical Satellite Communication (TACSATCOM) project of the late 1960’s. When the
globe-girdling system goes operational in calendar year 1976 it will quite literally
revolutionize both Air Force and Navy tactical communications by providing availability
and reliability of over-the-horizon communications that can never be matched by
conventional high-frequency circuits.

Introduction   The history of Navy Fleet Communications began on January 5, 1776. On
that day the Naval Committee of the Continental Congress instructed Commodore Esek
Hopkins, our first Navy Commander-in-Chief, “To give out to the Commander of every
ship such signals and other marks and distinctions as may be necessary for their direction.”
These directions consisted of a few tactical maneuvers and battle orders. Manipulation of
sails or the positions from which pennants, the ensign or other national flags were flown
provided combat direction in 1776. Lights and flares at night served a similar purpose.
From that time until the present, Navy communications has traditionally served as the
voice of command.

Fleet Communications --by which I mean the line of communications to, from, and among
naval ships on the high seas--have been marked by repeated instances of unsatisfactory
performance. Each unsatisfactory performance has been documented by naval
commanders in clear and unmistakable terms. For instance, as early as 1923 ADM Hilliary
P. JONES, Commander-in-Chief, U. S. Fleet, following a major fleet exercise, said:

“The Commander-in-Chief considers that rapid communications within the
Fleet, between the Fleet and its bases, and between the Fleet and the Navy
Department is neither satisfactory nor reliable. The maneuvers of the United
States Fleet off Panama during both 1922 and 1923 have demonstrated this
fact in the most profound manner; and although there has been some
improvement during the past two years, the Commander-in-Chief believes



that the subject of communications still warrants the serious and immediate
consideration of the Department.”

In 1923 the United States Fleet consisted of over 600 ships, including two carriers, 26
battleships, 31 cruisers, 316 destroyers, 102 submarines, and an auxiliary force of 157
ships. USS CALIFORNIA, typical of the battle line of that day, was equipped with a
communications suite of eight receivers and three transmitters. It is interesting to compare
this with the 56 transmitters and 84 receivers to be found in today’s modern aircraft
carrier.

Admiral JONES’ report resulted in the establishment of a board of investigation which
found, among other things, that “Too much was being attempted with too little by poorly
qualified people.”

Too much with too little plagued Fleet Communications before ADM JONES’ time and
has continued to plague it since. The first board to look into circumstances surrounding a
Fleet Communications problem was convened by President Theodore ROOSEVELT in
1906. As a result, order and discipline were introduced into a field wherein before chaos
prevailed routinely. It was said at the time that in few fields of national endeavor were
public funds invested more wisely than in developing wireless telegraphy in the United
States Navy.

Many boards and committees made their marks on the Navy between 1906 and 1972 when
the Chief of Naval Operations Civilian Industrial Advisory Committee on
Telecommunications referred to as “The CIACT,” made its report. It was no surprise to
many of us that the board found essentially the same problems of attempting to try to do
too much with too little.

Although the CIACT shares a common heritage with its many predecessors in that it was
formed to study Fleet Communications problems, the similarity ends there. The CIACT
has shown the way in which Fleet Communications can break the vicious cycle of
unsatisfactory performance followed by a Board of Investigation finding the Navy trying to
do too much with too little.

How do we propose to break the cycle? The greatest single innovation, which we are now
in the process of introducing is to use satellite relay as our primary mode of tactical
communications. Today we are in the process of developing a satellite-based fleet
communication network called Fleet Satellite Communication System, or
FLEETSATCOM. FLEETSATCOM will give us many improvements, not the least of
which will be a great reduction in our present nearly total dependence on high frequency
channels for over-thehorizon communications. The vagaries and problems of HF radio



were first experienced by a fleet commander in 1906 and have been redocumented with
monotonous regularity after every fleet exercise since.

The Navy’s first attempts to exploit space technology for Fleet Communications used
passive relays. In 1959 we established an operational two way teletype link between Naval
Communications Stations in Honolulu and Washington, using the moon as a passive
reflector.

By 1964, the Navy was participating in the SYNCOM Satellite project. The first ship-to-
ship satellite communications link which was established in January 1965 between USS
CANBERRA and USS MIDWAY, helped to prove the feasibility of reliable long-range
communications links with forces afloat by means of satellites. SYNCOM led to Navy
participation in the Joint Tactical Satellite Communications Program that has been very
successful in both the Atlantic and Pacific Fleets.

In 1971 a plan for a Navy UHF satellite communications system was approved and
FLEETSATCOM became a reality. FLEETSATCOM is designed to provide worldwide
high priority UHF communications for both the Navy and the Air Force. The Space and
Missile Systems Organization (SAMSO) of the Air Force is the contracting agency for the
satellites. Four three-axis stabilized satellites will be placed into geosynchronous
equatorial orbit to provide worldwide coverage except for the polar regions.

The first satellite will be launched from Cape Kennedy in late 1975. The spacecraft will
weigh 3800 pounds at lift off and 1850 pounds in orbit. Design life is five years. The
satellite is an eight foot hexagon 50 inches high with a 16 foot deployable parabolic UHF
antenna, powered by solar cells in two panels extended north and south. An SHF horn, and
an S band omni-directional antenna are also on board. With the seven by thirteen foot solar
panels extended the span of the spacecraft is approximately thirty-six feet.

The communication subsystem will provide more than thirty voice and twelve teletype
channels for mobile users. The Navy will be served by a one-way shore-to-ship broadcast
channel having SHF uplink and UHF downlink and by nine two-way UHF-UHF channels.
The Air Force will be served by twelve narrow-band and two wide-band two-way UHF-
UHF channels. Telemetry and control will be accomplished by S band channels.

Operational control of the satellites will be exercised by the Air Force through their
extensive worldwide tracking and telemetry system.

Automation of message handling aboard ship will be made possible by a family of
computer based information and data exchange systems currently under development. 



Prototypes of one of the most complex exchanges have been successfully tested in actual
use in the Fleet.

Radio teletype was introduced to the Fleet in 1944 and is now the backbone of Fleet
Communications. Fleet Broadcast capacity has grown from a single channel, 60 word a
minute, non-secure link to a multi-channel operation which has served the Fleet well under
normal operating conditions. We have, however, reached the point where HF radio
teletype format is inadequate for command and control. A system capable of operating at
much higher speed with much greater capacity and with very nearly 100% reliability is
required.

We in the United States Navy see in FLEETSATCOM the means to achieve significant
improvements in Fleet Communications and look forward to its introduction.



TRACKING AND DATA RELAY SATELLITE SYSTEM (TDRSS)
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Summary   Coincident with the advent of the Space Shuttle era in the late 1970’s will also
come a new era in space communications. The NASA Tracking and Data Relay Satellite
System (TDRSS), consisting of satellites in synchronous orbit relaying data between
mission spacecraft in low altitude earth orbit and the various mission control centers, will
change the character of tracking and data acquisition operations from the short duration,
intermittent contacts characteristics of the world wide network of ground stations of the
Space Tracking and Data Network (STDN), to nearly full time contact. This capability will
expedite interaction between ground based scientists and their spaceborne instruments,
reduce dependence upon data tape recorders, and in general improve the reliability and
versatility of space communications. This paper will discuss the requirements for TDRSS
service and the characteristics of the system and subsystems that NASA studies have
shown best meet those requirements.
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Summary   Dr. Vandenkerckhove will discuss system considerations involved in
providing communications services to aeronautical and maritime users via Synchronous
Relay Satellite.
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MILITARY COMMUNICATION SATELLITES

VIRGIL W. WALL
The Aerospace Corporation

Los Angeles, CA.

During the last decade military communication satellite systems have slowly evolved from
experimental programs to become an essential part of vital military communications. The
satellites now in the design and production phases for two major United States programs
will become an essential part of the United States Worldwide Military Command and
Control System.

Satellite communication offers several advantages that are not all found in any other
system. These advantages are:

• High capacity broadband services between any points on the earth within view of the
satellite.

• Rapid extension of service into remote areas without requiring large amounts of fixed
equipment on the ground.

• The high degree of survivability against physical or electronic attack.

The satellite communication systems about to come into being consist of two main major
types. The first, the Defense Satellite Communication System, is designed to handle
relatively large amounts of traffic between fixed and mobile ground stations. This program
has been implemented in two phases. Phase I, known as the Initial Defense
Communication Satellite Program, involved the launch of twenty- six small, lightweight
(100 lb.) spacecraft into near-synchronous orbit. Four launches using the Titan IIIC vehicle
placed twenty-six satellites in orbit, with the first seven satellites being launched in June
1966. The final launch for this program placed eight additional satellites in orbit in June
1968.

This program proved the feasibility and the usefulness of a satellite communication system
to handle unique and vital military traffic.

In order to simplify the design of the Phase I satellites, no provisions were made for
commanding them from the ground. Their orbital attitude depended upon the spin imparted
to each as it was released from the transtage. This spin stabilization has proven adequate



for orbital life times of up to six years without requiring ground commands. It was initially
planned to have no telemetry on board these satellites, but because of the crucial nature of
this initial program and the necessity for gaining information for the design of future
satellites, a simple telemetry system was specified. This system transmits on 400 MHz and
can be received by the remote tracking stations of the Air Force Satellite Control Facility.
Simplicity was a primary goal in the spacecraft design. Toward this end, the satellite
contained a single channel X-band repeater, together with a minimum state-of-health
telemetry capability. Power was provided by a solar array, but no batteries were utilized
for eclipse operation.

Of the twenty-six satellites developed and launched during this program, twelve remain
active. The initial design life requirement for these spacecraft was one and one-half years,
with a goal of three years life on orbit. The calculated mean mission duration at the present
time is six years.

Each of these satellites normally supports only one communication link connecting two
earth terminals. Each link has a capacity of from one to five duplex voice channels.

The second phase of the Defense Satellite Communication System employs spacecraft
much larger than the Phase I spacecraft. Each spacecraft is nine feet in diameter, ten feet in
height, and weighs approximately 1,350 lb. They are launched two at a time on the same
Titan IIIC vehicle used for orbiting the Phase I satellites. In order to concentrate the
transmitted power from the spacecraft on the earth, the satellite uses a platform which is
despun with respect to the outer rotating solar array and which is kept constantly pointing
at the center of the earth. In addition to antennas which cover the entire visible surface of
the earth, the satellite contains two “spot beam antennas” which produce beams of
approximately 2 - 1/2E. These antennas are steerable by command and can be made to
illuminate any portion of the earth visible from orbit. In addition to greater power, these
satellites have wide band repeaters, occupying the entire 500 MHz allocated for satellite
utilization. Figure 1 is a drawing of this spacecraft.

Because of this higher power and greater bandwidth, each Phase II satellite can be shared
by several earth terminals and many communication links can be established through each
satellite. This feature is called “multiple access” and permits the netting of many terminals
through the same satellite. Command control of the satellite is achieved by means of an on
board tracking, telemetry, and command (TT&C) subsystem which is compatible with the
Space-Ground Link System employed by the Air Force Satellite Control Facility located at
Sunnyvale, California. Most of the components of this S-band equipment are located on
the spinning platform; however, certain elements, chiefly those associated with the
communications and attitude control functions, are contained on the despin platform. The 



Figure 1

TT&C antenna is deployed from the aft end of the satellite and is attached to the spinning
section.

The first pair of Defense Satellite Communication System Phase II spacecraft were
launched in November of 1971. Both spacecraft worked well for a limited period.
However, one month after launch, a loss of power to the despun platform in the Number
Two spacecraft caused the despun platform to spin up and rotate at the same speed as the
body of the spacecraft. Because of the unbalance of the despun platform, the spacecraft in
this “spun-up” mode tipped 11E from its normal attitude. Because of a dynamics problem
not understood at the time of launch, it was found that this spun-up mode was an ultra-
stable minimum momentum vector configuration. The normal power to the motor
despinning the platform could not provide enough torque to bring the spacecraft back to
normal operation. Extensive analytical effort and many computer simulations determined
the problem and finally enabled the re-erection of the spacecraft to an operational
orientation. Following this sequence of events, other deficiencies appeared in the
spacecraft, and it subsequently failed. A major re-design activity was started on the
remaining four spacecraft in production. This re-design has been completed, and two of
these spacecraft are in final preparations for a launch in the fall of 1973.

AIR FORCE SATELLITE COMMUNICATION SYSTEM

As the result of research and development over the past several years to better utilize
military communication satellites, the Air Force has developed a program that employs
satellites with aircraft and mobile terrestrial forces.



The spaceborne portion of the communication system is the outgrowth of the LES-6
satellite orbited in 1966. This satellite had low data rate capacity in the UHF frequencies
but investigated the feasibility of aircraft to satellite communications. That experiment was
followed up in 1969 by the TACSAT I spacecraft, which expanded the experimental use of
the UHF band and went on to be used as an “operational” satellite. TACSAT enabled both
the Air Force and the Navy to develop procedures and evolve sensible requirements for
tactical satellite utilization. These experiments led to studies for further utilization of the
UHF band and provided the information for a “survivable satellite” implementation.

The UHF frequency, although obviously congested and continuously competing with the
commercial for frequency allocation, provides a means for early implementation with
operational military forces. Its military deficiencies are recognized for the long term but
are considered to be sufficiently understood to warrant operational system implementation
as soon as possible.

The backbone of the spaceborne portion of this Air Force system will be a portion of the
Navy FLTSATCOM spacecraft, as shown in Figure 2. This spacecraft is essentially
designed to satisfy a major portion of the Navy operational requirements (as discussed in
Capt. Reid’s paper on Navy FLTSATCOM program). The Air Force will use a portion of
the satellite capability to communicate with aircraft in the lower latitudes. The Air Force
program will supplement the FLTSATCOM capability by a family of piggyback
communication packages placed on appropriate mission satellites to provide
communications in the northern polar region.

The FLTSATCOM spacecraft will be controlled from the Air Force Satellite Control
Facility in Sunnyvale on an assigned S-band channel. The Air Force portion of the satellite
will consist of narrow band -use and will have a capability for Air Force/DOD wide band
users.

The non-orbiting segment of this Air Force program consists of terminals that are being
specially developed for aircraft installation. These same terminal modules can be
assembled and coupled with a suitable terrestrial antenna for small transportable earth
stations. The development of these terminals constitutes a major advancement over the
equipment that has been in the inventory almost since World War II.



Figure 2

U. K. AND NATO PROGRAMS

In the early 1960’s the United States and United Kingdom agreed that their military
communication requirements were similar and that it was in their mutual best interests to
cause the specific designs of their communication systems to converge. Particular
emphasis was placed on the future use of military communication satellites. Toward this
end, the U.K. signed a Memorandum of Understanding with the U. S. to utilize the drifting
IDCSP spacecraft. Thi s operation provided to the U.K. both operational traffic capability
and allowed them to determine more precisely, their long term communications
requirements. The outgrowth of their experiments led to the Skynet program. A similar
activity with the U. S. drifting satellites by NATO caused NATO to come to the same
conclusion. The outgrowth of that NATO experiment was the NATO II spac ecraft
program.

SKYNET I/NATO II PROGRAM

In 1966 the U.K. decided it was timely to procure an operational spacecraft. They
conceived a simple fully operational communication satellite system that would eliminate
much of their terrestrial HF equipment and would permit rapid deployment or removal of
terminals at hot spots in the Empire. SKYNET I was designed and developed to be the
space link in this plan. The first satellite was launched in November 1969. A second



satellite was launched in August 1970; this satellite failed when the apogee kick motor was
fired and exploded after three days of successful operation in the transfer orbit. The first
spacecraft suffered traveling wave tube failures and went out of operation in late 1971.

The U.K. also was interested in controlling its own SKYNET I spacecraft and requested
assistance from the U. S. to develop a station for this purpose. The Aerospace Corporation
developed specifications for a Telemetry and Command Station at Oakhanger, England,
which was fabricated by Radiation, Inc. The station successfully operated with
SKYNET I.

A spacecraft very similar in design to SKYNET I was procured for NATO with minimal
design changes that direct the antenna power towards the NATO area of interest rather
than providing worldwide coverage and adjust power to support the large NATO terrestrial
terminals. The first NATO spacecraft was launched in March 1970 and lasted until the
spring of 1972. The second spacecraft was launched February 1971 but has been
inactivated. Both U.K. and NATO operate their terrestrial terminals and their space
communication service with operational military personnel.

SKYNET II

The natural evolution of SKYNET II was a larger spacecraft with more communications
capability. It is very similar in design to SKYNET I. It is being fabricated under the control
of the Ministry of Defence (PE). The prime contractor is GE-Marconi Space and Defence
Systems at Portsmouth, England. A major portion of the design is being done by Philco-
Ford at Palo Alto, California. The Aerospace Corporation has a direct contract with
MOD(PE) for SETD support. This spacecraft is scheduled for launch in fall of 1973.
Figure 3 is a drawing of this spacecraft.

The United Kingdom Telemetry and Command Station at Oakhanger, England, developed
under the SKYNET I program, was modified to operate at the S-band telemetry and
command frequencies for SKYNET II. The technical aspects of this design modification
were developed at The Aerospace Corporation, and again the contract was managed by
SAMSO with Radiation performing the fabrication.

Follow-on activity to SKYNET II is now under way in the United Kingdom. This follow-
on activity centers around two courses of action: (a) a SKYNET III slightly larger and with
more capacity than SKYNET II, and (b) the utilization of the U. S. DSCS Phase II
spacecraft.



Figure 3

NATO III

As a result of the NATO experience with U.S. drifting satellites and the. increased
capability provided by their own NATO II spacecraft, it was decided in 1971 to proceed
with a NATO III spacecraft development. While continuing to operate in the 7 and 8
gigacycle range, the requirements for this spacecraft have been more specifically tailored
to satisfy the shipborne and terrestrial military requirements while attempting to minimize
the frequency conflict of the large microwave facilities that exists in the European nations.
The long haul NATO military requirement was satisfied by an earth coverage antenna that
encompasses terrestrial NATO, as well as the eastern portion of Canada and the United
States. This continues to tie together the headquarters organization in a manner similar to
that developed with the NATO II spacecraft and the European consortium forty foot earth
terminals. To improve small terminal capability with particular emphasis on
transportability and mobility, a second antenna requirement was placed on NATO III to
increase the radiation power in the terrestrial area and the adjacent coastal waters. In the
housekeeping aspects of the spacecraft design, it is essentially a slightly larger but very
similar NATO II spin stabilized design, as shown in Figure 4. The X-band communication
system has been tailored to accommodate to both the large point-to-point coordination
required among capitol cities, as well as military requirement for mobility. The frequency
assignment was a point of major effort; this was resolved by maximum utilization of the
exclusive satellite communication band. The remainder of the spectrum was distributed so
as to allow transportable units reasonable flexibility without disturbing established
commercial X-band channels. This satellite is planned for launch in the summer of 1975.



Figure 4

SUMMARY

In the last decade the status of military communication satellites has slowly evolved from
experimental to operational. True operational status has not yet been achieved but the
spacecraft now in the design and development stages are fully intended for that purpose.
Within this decade the transition must be made from glamorous orbital communications
experiments to routine dependable space communications. A major factor in this transition
is long term dependability and a confidence and understanding on the part of the
operational organizations.

 



ADAPTIVE ANTENNA ARRAY

JAMES M. SMITH and PETER F. SIELMAN
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Summary   A key problem in establishing and maintaining high quality communication
repeater links among users, where the vehicle for retransmission is a synchronous orbit
communications satellite, is that of enhancing the limited effective radiated power (ERP)
capabilities of the smaller user against the not always so limited ERP capabilities of co-
users or other sources of rf interference. The adaptive array which can supply narrow high
gain custom shaped individualized beams weighted to reflect the ratio of user power to
thermal noise and at the same time minimize the capacity reducing effects of intentional or
unintentional rf interference emitters appears to be the most effective means of improving
overall performance at least system cost.

Article   Communication satellite repeaters, to date, have relied upon single earth
coverage fixed field-of-view antenna beams to establish reliable communication links
between spatially distant user terminals. The single earth coverage beam is inherently
capable of reception and transmission from and to all points within its wide field of view
and thus represents the least complicated means of servicing widely spaced users.

Unfortunately, the very feature that makes the single earth coverage beam attractive, that
is, its ability to transmit or receive signals to or from widely spaced emitters, also reduces
its ultimate effectiveness. The single earth coverage beam, because of the wide area
encompassed in its illumination, will suffer from two inherent drawbacks, both of which
eventually impact the user terminals. One obvious limitation of the single earth coverage
beam to that of a narrower beam system is the invariably lower gain that accompanies such
wide beam widths. A second drawback to the single beam coverage antenna system is its
inherent reception capabilities that demand full reception of all signals both legitimate and
otherwise that appear in its wide field of view. Both of these drawbacks impact the user
terminal to the extent of meeting the desired link requirements within the potential
utilization capabilities of the user. A lower gain satellite antenna, all other things remaining
equal, directly affects the quality of the link as measured in its maximum capacity to
transfer information. That is, f rom Shannon’ s basic equation f or link capacity, C = B ln
(1 + P/KTB)



where B = channel bandwidth

P = received signal power

K = Boltzmann’s constant

T = system temperature

 we may determine the link’s maximum capacity by extending B to infinity. Thus

and the maximum capacity of the link is determined as

Since the link’s maximum potential capacity is directly proportional to P/KT in dB - Hz,
the user terminal is impacted on both its transmit and receive requirements. On the uplink,
the user terminal must be provided with ERP in the order of magnitude necessary to meet
the expected link capacity requirements. On the downlink, the user terminal system
temperature must be reduced (that is, lower noise figure receiver) or increased user
antenna gain must be supplied to overcome the single beam gain limitations. If the desired
user terminal does meet or even exceed the requirements imposed upon it by the
previously mentioned conditions, it has still only partially overcome the inherent liabilities
of the single beam antenna system.

Each user terminal is also exposed to the link capacity reducing potential of either
unintentional rf interference or intentional jammers. Intentional jammers are assumed as
those emitters dedicated to disrupting the performance of the desired links. In this instance,
when the satellite repeater employs a single fixed field-of-view antenna beam, the situation
is reduced to a power race between the user and the interfering signals. Should the
interfering signal turn out to be a dedicated jammer and the user a relatively low power
airborne or otherwise mobile unit, then the user terminal is generally found to be at a
distinct disadvantage.

Because the real payoff in satellite repeater systems is realized when a large number of
potential user terminals are served, the bulk of the system cost is in user terminals.
Therefore, rather than expanding user potential capabilities with an inherent major increase
in system cost) it would be most attractive and certainly cost effective to implement a
change at the satellite repeater that alleviates the requirements placed on the user. A higher
gain satellite-repeater would result in increased link capacity and some help in the power
race against the potential downlink jammers. A higher gain satellite repeater antenna



system would result in increased link capacity for both the up and down communication
links and, because of its narrower beam width, a degree of jammer protection for the
uplink user.

With higher antenna gain comes, of course, the previously mentioned narrower beam
widths. However, most communication satellites must respond to a large clientele whose
spatial distribution is encompassed only by the earth’ s surface. Therefore, higher gains
and narrower beam widths imply a system of either multiple or scanned beams in order to
give full earth coverage. Higher gain antennas at the satellite repeater increase link
capacity and ease the requirements of the user terminal. Higher gain, and therefore
narrower beam antennas at the satellite repeater, enhances system performance in yet other
ways not independent of the increase in gain. This situation presents itself for all situations
where the satellite repeater is experiencing rf interference. In the uplink, this takes the form
of (intentional or unintentional) jamming of the satellite receiver by either terrestrial or
other satellite emitters. The narrower the satellite antenna beam, the less likely the rf
interference is to appear within the full gain main lobe.

The difference in system performance between gain and beam width may be viewed as
follows: link capacity is related to the ratio of the received signal power (P) to the sum of
the thermal noise power (N) plus the interference power (I).

As the gain of the satellite antenna goes up, the link capacity increases as P increases (N is
a constant dependent only upon bandwidth and system temperature). As the beam width of
the satellite antenna decreases, the capacity of the link increases as the likelihood of the
interferences impacting the ratio decreases. Naturally if the desired user and the interfering
source are collocated, there can be no spatial filtering and therefore no improvement. Thus,
the advantage to the uplink user of gain or beam width depends upon the relative strength
of the thermal noise and interference powers.

Multiple beam antennas as indicated previously fall into two broad categories: fixed and
steered.

Fixed beam systems are exemplified by multiply fed dishes, multiply fed lenses, or matrix
fed arrays. The earth is covered by a set of contiguous narrow beams each corresponding
to one spigot of the antenna feed. This entails switching to the appropriate feed when a
particular direction is sought and involves a problem known as crossover loss. This is
shown in Figure 1 with the earth covered by seven narrower beams. As can be seen, there
are areas that are between beams and these perforce receive reduced gain. And in a 



situation where a source of rf interference is on the same fixed beam as the desired user
terminal, that entire beam is interfered with.

Steered beam antennas are exemplified by mechanically steered dishes or lenses or by
corporate fed phased arrays (in a corporate feed each beam has its own set of weighting
functions which interpose between the element and the summing point). In steered beam
systems, the desired user signal is always on the peak of the beam. Also, in the presence of
rf interference it is always possible to move (and in some cases even resha the beam so as
to strike the best balance and maximize

This latter capability is also really available with fixed spot beams if one uses all of the
beams together in an optimal fashion. This can be illustrated by a (theoretically) lossless
Butler matrix. If one feeds the elements of an array through a Butler matrix, multiple fixed
beams are formed. The reverse operation, feeding the beam ports of a multiple fixed beam
antenna through a Butler matrix to create synthetic elements, is also possible. Thus, the
two are seen to be mathematically equivalent and it is therefore possible to achieve the
same performance with each. However, in so doing, it becomes necessary to have a
separate weighting network for each desired user. As the number of users enlarges, this
represents a potentially unacceptable level of complexity to attempt a launch.

If now a multiple beam antenna system could be devised that could react automatically and
speedily to the electromagnetic environment in such a manner that the shape and direction
of the beam pattern would always yield the optimum pattern, then the full potential of the
satellite antenna array would be achieved. This is not to imply a steered eam per se, where
the peak of the array beam is maintained on the desired user, but instead an adaptive array
that continually shapes the array beam pattern responding to both changes in the desired
user and the interfering sources.

Earlier work in adaptive arrays has for the most part depended upon the least mean square
(lms) algorithm where the system minimizes in a lms sense the error that is formed by
comparison of a local reference to the incoming spectra (1,2,3). The better the local
reference compares to the desired user signal the better the system adapts. However if one
could generate a highly accurate reproduction of the desired signal including its angle of
arrival, one would not have to proceed any further. An algorithm has been developed,
however, that does not depend on knowledge of signal direction but does drive the array
element weighting network from an arbitrary starting point to that combination which
maximizes.



Such a system is illustrated in Figure 2 where an M user (beam) system is shown in
conjunction with an N element array. In order to achieve this, an M x N matrix of variable
phase shifters and attenuators is required. As shown in the figure, the weighting matrix is
under computer control. The computer weights the individual elements in accordance with
an algorithm that employs in an iterative fashion the cross-correlation values of each
element versus the sum of the signal power and the interference power.

The value of such an adaptive multiple beam phased array is depicted in the f ollowing
figures which show the actual array patterns as measured after system adaptation. Figure 3
shows the unjammed link where the optimum adaptation of the array results in the peak of
the beam being placed on the signal location. Figures 4 and 5 depict the situations where a
single jammer at various locations is impacting the link and theref ore has been acted upon
by the adaptive system. Figure 6 shows the two jammer case with both jammers located on
the same side, one within the normal beam width of the array, and one without. Figure 7
shows two jammers straddling the signal location both ‘Within the normal main beam
width of the array.

It should be noted that the adaptive system from which these array plots have been
recordedwas implemented in a receive only mode. However, since the proper weighting of
the array elements, based on both the signal and jammer locations, is determined in
accordance with the iterative algorithm by the system computer, all of the information
necessary to redirect a transmit beam retrodirectively back toward the user is contained
within the system computer memory. That is, employing the adapted receive weighting
matrix stored in the computer memory and the known geometry of the system array,
transmit beams at frequencies other than those received may be in a full duplex manner be
redirected to-ward the user.
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Fig. 1-Multibeam Coverage

Fig. 2-Generic Phased Array System



Fig. 3-Array Pattern--Signal at Boresight (No Jamming)

Fig. 4-Array Pattern--Signal at Boresight--jammer is at 5 Degrees Horizontal



Fig. 5-Array Pattern--Signal at Boresight--Jammer is at 9 Degrees Horizontal

Fig. 6-Array Pattern--Two Jammers at 4 and 10 Degrees Horizontal



Fig. 7-Array Pattern--Two Jammers at -5 and 4 Degrees Horizontal



RECONSTRUCTION OF DISTORTED SAMPLES IN DIGITAL TELEMETRY 

By V. I. Berezin, V. A . Sviridenko, A . M. Trofimov and Yu . M. Shtarkov 

Summary. - The problem of processing of an analog-digit
al message, that is transmi tted via the noi se channel is digi-
tal form, is considered. A simple al gorithm of correction of 

distorted samples is proposed with the use of one symbol for 
even parity checking and linear interpolation. The expression 
for a resulting mean-square error is obtained, that allows to 
evaluate the influence of noi ses in a channel. Possible gene
ralizations of the formulated problem are presented. 

Introduction. - A major portion of data transmitted via 
digital communication systems represent analog-digital tele
metry messages. An error of reproduction of such messages at 
the receiver is due to amplitude quantization and the errors 
caused by distortions in the communication channel . A number 
of quantization levels and no ise protection means should be 
chosen in concord for providing the required fidelity of re
production of analog-digital process with minimum expendi tur
es (minimum number of transmitted symbols). 

A series of works deals wi th the investigation of this 
problem. In these works a special attention is paid to an ef
ficiency of use of correcting codes for correction of some 
errors. Specifically, in one of the recent works [1] a total 
mean- square error (MSE) of quantization and distortions in 
the communication channel is considered for different, short 
enough cor recting codes. In the majority of works the code 
correction capability is used for correction of the errors. 
Only with the even code distanced the error detection and 
"rejection" of corresponding samples are admitted, that re
sults in gaps in the uniform sequence of samples , i.e. in the 
equivalent increase of the resulting reproduction error which 
is the single fidelity criterion. In thi s sense it is inexpe
diently to count the rejection probabilities separately (see, 
for example, Ref. 1 ). 

Dr. V. I. Berezin is in the Institute of Space Research, Academy of Sciences, USSR . 



In this paper the problem of the expediency of error 
detection in samples and their subsequent correction by means 
of a linear interpolation algorithm is discussed. To simplify 
the problem for even parity checking a single- digit code is 
chosen which does not allow to correct the errors at all . For 
evaluating the reproduction fidelity of the initial process 
the MSE criterion is used, a s usual . 

The main relation~hips. - The problem is formulated as 
follows . Analog- digital process x(t) : { x,J is transmitted 
in a digital form via the noise channel . Terms X, of the 
sequence { x ,j are subjected to amplitude quantization. In 
this case a MSE of quantization t:;=- M{i:!X i.9-} is introduc-
ed into each sample . Here f'1 i s an operator of the mean, 

A Xi'I,= x , -.x .. lJ-

A binar y 1t1 -digit code word (binary uncoded code- pulse 
modulation, PCM- U) is compared with each of £ :a.2'" quantizer 
levels. Further, a PCM- signal arrives at a coder where each 
word mapping the quanted s ample, x.:,- , is compared with the 
binary m ... 1 -digit code , that provides t he detection of a 
single error (coded PCM- PCM- C). Then an output signal of a 
coder arrives at the input of binary symmetrical channel 
(BSC) where the probability of symbol distortion is equal to 

po 
It is necessary to determine the total MSE of reconst-

ruction 1) , of the sample x .: for the following si tua-
tions: (a) { Xi} is transmitted by means of CPM- U, MSE 
D ,:. D

1 
; (b) (x:t} is transmitted by means of CPM-UC, MSE 

1) ,. D2. provided an error is detected in a word, and MSE 
.D =1)

3 
provided an error is not detected in a word; (c){x.j 

is transmitted by means of CPM- C, MSE D = D,, provided an 
error is detected in a wo rd an is erased , and t he correspond
ing sample is reconstructed by means of a linear filter with 
using K +- e neighbouring samples the errors in which were not 
detected , i.e . an estimate ~i takes a form 

I( e e 
Xi::: ~o(j X.,-j. + ~of.j X,~} == ~c(j X i.+j (1) 

r,.,. ,=1 f*1J 
Naturally, it is necessary to callulate MSE, 1> , at 



the fixed rate of transmission, i.e. to assume that the pro-
' bability fo for PCM- C is higher than the probability Po 

for PCM-U . 

The expediency of the use of an even parity checking 
symbol and of an algorithm (1) of distorted samples correc
tion is determined by means of comparison of M.SE of reconst

ruction, D 1 , 'Dz , TJ., , D,, • 

We assume further that only one- dimensional statistics 
of a message x(t) is known (practically , this is its scale), 
that is, optimum quantization may be carried out by the cri
terion of mean-square error E.; minimum. 

With the above mentioned assumptions the mean- square 
error, 1) 1 , is found from the relation: 

(2) 

2 where Celt is an error introduced by noise in the channel. 
c 2 c 2 c'l- and c..,cJ. can be calculated by the well-known methods of 

the theory of signal parameter estimates [2) • 

If { Xi} is transmitted using the coded PCM , the value 
of MSE, 1)

2
, under the condition of error detection, may 

be calculated as 

1))~ ([l; • c;. (2l »021 ,_ [ cj • e:.i. (2 l • 1 J]a,e.,} P,e., C3l 
where the pgssibili ty of only an odd number 2 t + 1 of error.a 
in the whole word is taken into account , and the brackets in 
the upper limit of the sum designate the integral part of a 
number in them. In Eq. (3) 0, is the probability of exist
ence of an error among l symbols of the informative compo
nent of a word under the condition that ~ errors in the 
whole word have taken place; PK is the probability of exist
ence of I< errors in the word, ec\ ( i) is the M.SE intro
duced by the noise in the channel due to the distortion of 

i symbols in the informative component of a word , and 

c!(o)=O. 
When the BSC with a relatively low error probability Po 

is used, the probability of more than 3 errors in a word ma,y 

be neglected, that is, in Eq . (3) summation should be perform-



ed only for f == 0 and f=f 

Similar considerations allow to write down an expression 
for the MSE , D3 , under the condition that no errors have 
been detected in the word: 

D3 =ci Po 4-~f[c; +l~(2t-1}02t-f +fe/+c~(2tjOie}/;e 
l=, 

(4) 

where only an even number of errors in the word is taken into 
account . 

For low po calculation 
ly by equation (4) where only 
the sum. Calculations of PK 
the Appendix. 

ma:y be carried out approximate
the first term is retained in 

Q, c~(s) are given in 

Now the value of the mean-square error , 1) , will be 
determined , and only the case which is of the most practical 
interest will be considered below , when two- dimensional sta-
tistics is not known , that is, the optimum choice of weight
ing coefficients <Xi in Eq. (1) is impossible. Here, it is 

/\ 
most reasonable to investigate linear interpolation of .x, 

. * * between two neighbouring samples , :x:,-1 and xi+1 , where 
I\ I\ 

no errors have been detected, that is , xi = xi,i = 
-If -II ::: o1_

1 
x,_1 + c,(

1 
x,,. 1 , where o(.

1 
= o( 1 = o, s 

order extrapolation by the preceding sample 
, and Zero

* X,-1 , that 
I\ I\ • 

i~, xi= x,/! = o( _ 1 .x,.. where o(_ 1 = 1; such an extra-
polation is of some interest in the situations where message 
delay x(t) is inadmissible (for example , in control systems). 

The variance of the sample x. interpolation error 
may be determined from the formula 1)4 ;, 'JJ'f, = M((x, -t/J 
A similar relation is also valid for MSE of extrapolation, 

])"= D"e , with changing of index from "I" to "e". The 
more detailed form of the expression for :D 4 is 

D't = t1(xl-2 x,~i + xt j = c:, -2 t1 (x, x.j + G/ 

"'here 0. 2 i 1 .. x, s a samp e 

Let us consider the 

6 { = M ( x/j = 1/ 
/\ 

The estimate of x. 

xi variance. 

terms M {Xi x..J:x.: X.. 
separately. 

is: 

(5) 

and 



(6) 

where Ax i ± 1, 'I, and L:!. x it 1, ch are errors due to quantiza

tion and noise in the channel of X,t: 1 sample, respectively. 

With the above mentioned assumptions, the MSE of X,-1 and 

~,+ 1 samples may be calculated by equation (4) for 1)3 

If Eq. (6) is taken into account, the expression for 

M( x, .P.j may be written as: 

--;.. ,,_ - -- - -- --
.X; x, = 2 ( x, x,+ 1 + :x:, x,-~ + X;tlX,.,,; x,,1 X,+ 1,cJ. +r,·6 x,- 1,'l,+X;l:1 :x,-,,cl}<7) 

For a stationary original process { .x,j we have 
xix,+,= xi x,_1 = R ( 1) where R (T) is the coefficient of 

correlation of x, and Xi.t: 1 samples. Since noise in the 

channel does not depend on the initial digital data at its 

input, x, ..6. x ,_1 cJ, = xi 6 x,+1 cl.-= o . The value 
I > 

M(x,tJ.xit 1,ci} may be represented now as: 

(8) 

and the second term in the right-hand side of Eq. (8) can 

be rewritten as: 
2'" 

x.- x,t,,<( M{x,?;, P(a1e) jx,+1 w1 (x•±fa,) d .x._±:,} 
a., 

(9) 

where the averaging is performed over two-dimensional density 

(A)i. ( X,; Xi:t 1 ) • Here P(o1c.J is the probability of the 
fact that the sample .Xi± 1 , being quantized independently 
of neighbouring samples, lies within a~ -range of the 

quantizer, w,(Xi±1/a1C) is a conditional probability den-

sity of x ,· ± 1 under the condition that it lies within al(_ • 

6f. = M ( J/} will be now calculated. Substituting 
here expression (6) for X; and neglecting terms of the 

kind M ( Xu·,f). Xi± 1,cJ. J M µ i±1, 9 ..6. X,:1:1,cl.} 
/VI{!::!, Xi +1, cl, D. x ,-,. cl. j , due ·f:;o assumptions on the 

optimality of auantizer and channel and the kind of terms 

M( X','±1 f). Xi.:r1,<J j , M(6 Xi- 1,'J. D. ..:x: ,+,,9,} , if the 
number of quantizer levels is l ~ 1, we get: 



fi], = o.s(ri;, +D3 +R(2Jj (10) 

where 1)3 is determined by errors in samples xi- 1 and 

X the errors in which are not determined. i+1 

The complete expression for calculation of the mean-
-square error of reconstruction, JJlf, , by means of linear 
interpolation and with taking into consideration noises of 
both quantization and a channel has a form: 

2 
R(2) 1)!, 

D1t, = 3;~ Gz - 2 R ( 1 ) +- 2 ~ T 

Relations (7) - (11) allow to determine I)#, 
cordance with Eq. (5). 

(11) 

in ac-

The mean-square error of extrapolation, i.e. of predic
tion from a pre-history, is calculated without noises by the 
well-known formula: 

.N IV # 

Get= 6~ - 2L_,o(_, R(i) +- L._, Lot,o/j R(t'-j} (12) 
i=1 it1 j=- 1 

When predicting by one preceding sample the MSE of extrapo
lation is equal to 

(12a) 

In the case when the statistics on the process (:r,j 
is known, the lV!SE of extrapolation can be calculated with 
taking into account more long pre-history, i.e. the coeffici
ent o{ 1 can be optimized. 

The calculations show that for processes described by 
correlation functions of the form Ra.('t) = e-JJ/rl{t + J3hl} 
and R!> (7) = e -JTz. it is sufficient to restrict our
selves to two preceding samples, since the prolongation of 
a pre-history for these functions only slightly decreases 
the room-mean-square error of prediction. 

With taking into consideration the above-mentioned, the 
MSE for foregoing functions ta.lees the following form: 

2. 2. z 
5.2. ==v:-2~o(iR6J+ LLo{.ol:R{i-JJ 

e2 ,-..1 ,=1 j=1 J (12b) 



With ta.king into account channel and quantization noises, 

we get 

(12c) 

The total MSE of sample reconstruction, in the absence 
of correction by algorithm (1), is found from the equation: 

lJ,:
1
= 1)2. + 1)3 , where the weight of the even and odd 

number of errors in a sample Xi see Eqs. (3) and (4) is 
m•1 

taken into account, since L, R = 1 
IC :.o 

The total MSE of sample reconstruction in~o rection of l .. , 
errors is determined by formula DL = 1J1 + JJ•· Pi.t. 1 

.i l =1 

Results and conclusions . - The dependences of 'JJz:
2 

( J)'fe +- 1) 3 and Dlfi + :D.3 ) on the error probability 
p

0 
, calculated in accordance with Eqs . (5) - (12) under 

constant values of a coefficient of correlation between 
samples, are given in Fig. 1. For comparison, on the same 
figure the values 1) 1 and 'Dr., are shown. 

The dependences of J) z:2 , calculated with taking into 
consideration the knowledge of process correlation functions, 
are given in Figs. 2 and 3. The stationary normal sequence 

(xi j with zero mean , unit variance f ~ = 1 and cor-
relation functions R1 = e-ft/T/ R2.=e -Jr1 +,/J/'tl) 

R!. = e-fl7:.. was used as a mathematic model for an analog..:. 
digital message. Fig . 2 shows MSE of interpolator and extra
polator for R 1 , R2 , R3 with the number of samples on 
the correlation interval equal to 100; similar dependences 
are shown al so in Fig . 3 but the numb er of samples here is 
equal to 10. 

Fig. 4 gives the values of payoff by MSE for the recon
struction of samples by interpolation and extrapolation me-
thods. The values of MSE- D,:2 , and ])z:; 1 - are compared 
for different values of number of samples on the correla tion 
interval of three functions ( P0 = 5x10-2) . 

At t he constant value of a correlation coefficient 
(>0.9) between samples the proposed simple algorithm (1) of 
correct ion of distorted samples could be considered useful 



s ince it provides the de tection of individual errors, the 
erasing of distorted sampl es and their reconstruction by 
means of linear filtration p rocedure. 

The algorithm of reconstruction of distorted samples 
u s ing linear interpolation and extrapolation, with the known 
a priori correlation functio n of a process ( Xi j , allows 
to obtain MSE Dlfe and Dlf; approximately 2+3 times less 
than in the case of using zero-order extrapolator. 

It is useful to no te tha t the choice of an analog-digi t
al proc ess as a mes sage model does not restrict strongly the 
community of results obtained, s ince such a model i s adequate 
t o continuous proc ess with a limited spectrum. Otherwise it 
would be necessar y to include into the MES of recons truction 
the error of approximation due to the finite step of discre
tization in t ime, D f , i f the process was preliminarily 
passed through the ideal band fil ter with the bandwidth 

f 
F = -- • Note also that in s imilar way the r econstruc-2At 

tion of two and more distorted samples can b e cons idered, 
but the probabili ty of such a comb ination for BSC i s small 
as compared wi th the probability of di s tortion of one word. 

The problem s tated can be generalized for the case of 
using a code with the distance d > 2 to clarify the op
timum distribution of its corrective possibility for correc
tion and detection of errors with their subsequent correction 
by means of linear (or non-linear) algo r ithm of di stor t ed 
samples reconstruction. 

Appendix . -

The probability Pic of t he existence of k errors 
in a code wo r d consi sting of m + 1 binary symbols for BSC 
is determined by a binomial equation 

A = C /C P. /C ( 1 - P J m+f - Jc 

;;. m.1 • • (A1) 

Let us find now Q, - probabilities of error in l 

symbols of the informative component of a word under the 
condition that k err ors have taken place in the whole 
code wo rd ( evi dently, IC= i +1 or K =i. ) • Since we are 

interested only in particular digits of a word consisting 



of YYl+1 symbols, and it is not significant which di git is 
distorted (0 or 1), the calculation of Q, is possible by 
the equation ( s imilarly to Fermi-Di rak ' s statistics in phy
sics): 

Q . = [(m+1J-J/ i _I 
t (m+1).' (A2) 

and in Eq. (3) it is necessary to let Q2 t = 02e+1 , and 
in Eq. (4) Ou_ 1 = Q2 e . Then the error cc/ (1) will 
be determined by the expression 

(A3) 

where D.i. =2'-
1 

is the error in the i -th digit , 

b7 = Mf!:3V=2u,-,L(1-o/PJo)PJ%) + (o-1/P,(1)P.·(°I,)} 
In the optimal quantization P{ 1) = P{ o) , and in the 
el ement-by-element approach P {1/0 ) = P(0/,) , i.e. 

A(o)P,(1/o) =P,(1) A_·{f{t) = :· • Further, we will 
have 

trl ,.,, 

cc1(2J =~!vZ: L6~j 
,=1 J= 1 

,-1 j.-1 
where _ .6 iJ°.~f;J. i.~ 6 j = 2 + 2 
then b.fJ. = l:l\ + D.'J. • Similarly, 

111 "1 111 

cci. (s) = D~v- z:_, ~ ... L bt} ··· e 
7z __ ,:1 ~=1 f :1 

~ t::,ij ... e = t:!.~i.+c;;+ ... +6'e. 

(A4) 

(A5) 

In Eqs. (A3) - (A5) the value b.a ~ is the average 
step of quantization for a normal process which is determined 

from the condition e<f.u = c/1i ' where 
the MSE of quantization for samples Xi 
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Fig. 1. Dependence of 1) z
2 

on the error probability 
Po with four values of a coefficient of correlation bet-

ween samples (4- 1>1:
1 

, 5- 1J 1 ) • 

I 

·-----
N ,= 100 

5· 10 "' 

Fig . 2. Dependence of 1) on the error probability A, 
with the number of samples /y = 100 (1 - the total MSE 
of extrapolation for a correlation function R1 , 2 - the 
total MSE of extrapolation for R1 , 3 - the total MSE of 
extrapolation and interpolation for R2 , R:. ) • 
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Fig. 3. Dependence of 1) on the error probability 

Po with the number of samples N = 10. 
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Fig. 4. Payoff in MSE due to application of two me-

thods of reconstruction of distorted samples ( r = .::12 ) , 



NEW MAJORITY-LOGIC DECODABLE CODES 

By C. L. CHEN 

Summary.-A method of the construction of majority-logic decodable 
codes is presented. Many of the codes constructed are more efficient than 
any other comparable majority-logic decodable codes previously known. 

Introduction.-Majority-logic decodable codes are attractive for error
control in data transmission because of their simplicity in implementation. 
Since Massey introduced the concept of orthogonal parity-check sums in 
1963 and Rudolph constructed the class of finite geometry codes in 1964, a 
lot of effort has been expended on the construction of majority-logic 
decodable codes and their decoding schemes. Many important results have 
been obtained [ 1-16] • 

In general the decoding of finite geometry codes is considered to be 
simpler than that of other types of codes. However, the efficiency of 
finite geometry codes is generally lower than the well-known Bose
Chaudhuri-Hocquenghem codes. Thus the construction of efficient majority
logic decodable codes is an important problem. 

Recently several authors have generalized the construction of finite 
geometry codes [16-19], The generalized codes are majority-logic decod
able, In addition, many of these codes are more efficient than the 
original finite geometry codes. 

In this paper the construction method of linear codes proposed in 
[2o] is used to construct new majority-logic decodable binary codes. Many 
of these codes constructed are more efficient than any other comparable 
majority-logic decodable codes previously found including the generalized 
finite geometry codes. For examples, the new code of length 128 with 69 
information digits and a majority-logic decodable distance of 16 has five 
more information digits than the best majority-logic decodable codes pre
viously found with the same code length and distance, and the new code of 
length 512 with 414 information digits and a majority-logic decodable dis
tance of 16 has 29 more information digits than the best comparable 
majority-logic decodable codes previously known. Some of the codes con
structed are shown in a table. It is also shown that a special class of 
the new codes are cyclic codes. 

Throughout this paper binary codes will be assumed. The readers are 
assumed to be familiar with linear codes and cyclic codes. 

Majority-Logic Decoding.-A binary (n,k) linear code of length n with 
k information digits is a k-dimensional subspace of an n-dimensional 
vector space over the binary field GF(2). Let~= (a1,a2,•••,an) be a 
transmitted code word, E = (r1,r2,•••,rn) be a received vector. Define 
! = (e1,e2,• • •,en) as the error vector. Then E = ~ + !· 

Leth= (h1,h2,•••,hn) be a vector in the null space of the code 
space. Then the scalar product of~ and his 

a•h a 1h 1 + a2h2 + ... + anhn 

0 
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since a is a code word. The scalar product of rand his 

r•h (~ + !) •.!; 
e•h 

(1) 

Thus a vector h of the null space of a code forms a parity-check sum that 
checks on the sum of the values of the error digits at those positions 
corresponding to the nonzero components of h. Let I be the set of 
integers corresponding to the nonzero components of h. Since each com
ponent of his either zero or one, the parity-check sum of (1) can be 
written as-

Now suppose that 
sums can be formed by 
a set of J vectors in 

s = _E· .h. = z.:: 
ieI 

e. 
l. 

for a binary linear code the following J 
taking the scalar products of a received 
the null space. 

sl z.:: e. + z.:: e. 
ieI0 

l. ieI1 1. 

Sz z.:: e. + z.:: e. 
ieI0 

l. ieI2 l. 

SJ z.:: ei + z.:: e. 
ieI0 ieIJ l. 

(la) 

parity-check 
vector with 

(2) 

where the integers in I 0 ,I1,•••,IJ are all distinct. Notice that ei 
appears in every check sum for ieI0 , and ei appears in at most one of the J 
check sums for ifI0 • The set of the J check sums is said to be orthogonal 
on the sums' = Z.:: e .• If the number of errors in the received vector is 

ieI
0 

1. 

less than or equal to J/2, then the value of s' can be assumed to be 1 if 
more than J/2 of the sts are 1, and assumed to be O otherwise. Once the 
value of s' is obtained, s' can be considered a new parity check sum and 
added to the set of the existing parity check sums. If a set of J check 
sums orthogonal on a new sum, say S, can be formed from the enlarged set of 
parity-check sums, then the value of Scan be determined by the majority
logic decision rule described above. Again, S becomes a new check sum and 
is added to the set of the existing check sums. If this procedure can be 
continued until a set of J check sums orthogonal on a single error digit 
is formed, then the value of the error digit can be determined. The code 
is said ~o be majority-logic decodable with majority decodable distance 
d = J+l if every error digit can be determined in this way. Note that d 
may not be the true minimum distance of the code. 

In the following sections (n,k,d) denotes a binary linear code of 
length n with k information digits and a majority-logic decodable distance 
of d. 

Construction of New Majority-logic Decodable Codes.-Let c1 be an 
(n,k1 ,d1) majority-logic decodable code and c2 be an (n,k2 ,d2) majority
logic decodable code. The new code C is defined by 

C = [zjz = (x,x+y), xeC1, yeCz} 

The length of code C is 2n, and the number of information digits is k1+k2 • 
In the following it is shown that code C can be majority logic decoded up 
to distanced= min(dz,2d1)• Thus d = dz if dz= 2d1. 

The generator matrix G of code C can be depicted as follows 



G 

where G1 and G2 are the generator matrices of c1 and c2 , respectively. A 
row vector in G is either a vector of G1 repeated once or a vector of G2. 
Let H1 and H2 be the parity check matrices of c1 and C2 respectively. Then 
the parity check matrix Hof code C is 

H = 

Let R = (r11,r12,•••,r1n,r21 , ••• ,r2n) = R1+R2 be a received vector 
corresponding to the input code word Z = (x,x+y), where R1 = (r11•••r1n), 
R2 = (r21•••r2n), and xeC1, yec2 • The error vector E = (e11•••eln• 
e21•••e2n) = R-Z can be expressed as E = (E 1 ,E2), where E1 = (e 11 ••• e1n), 
E2 = (e21,•••,e2n)• Thus R1 = x+E1 and R2 = x+y+E2 • 

For a vector in H2 there is a vector ii\ H which is the vector in H2 
repeated once. Thus for a parity check sum S = ifrei in code c2 , there is 

a parity check sum S' = ~ (e 1 .+e2 .) in codec. Therefore, if a set of 
ieI 1 1 

J2 = d2-l orthogonal check sums on Scan be formed in c2 , a set of J 2 
orthogonal check sums on s' can be formed inc. Following the majority
logic decoding procedure for code C2, the values of (e 1i+e2i), i=l,2, ••• ,n 
can be determined provided that the number of errors is less than_.0r equal 
to J2/2. 

Since H1 is a submatrix of H, a set of J 1 orthogonal check sums can be 
formed in each decoding step for code C1. Suppose that the following set 
of J 1 orthogonal check sums is formed. 

sl ~ el. + 
ieI0 

1 
~ el. 

ieI1 1 

S2 ~ el. + 
ieI0 

1 
~ el. 

ieI2 1 

S3l ~ el. + ~ e 
ier li ieI0 

1 
J1 

Since (e1i+e2i) has been determined for i 
orthogonal check sums can be formed. 

1, ••• ,n, the following J 1+1 

s' ~ el. + ~ e2. 
0 ieI0 

1 ieI 1 
0 

8 I ~ el. + ~ e2. sl + L (el.+e2.) 1 ieI0 
1 ieI1 1 ieI1 1 1 

8 I L e 1 . + L e 2 . 2 ieI0 
1 ier 1 

1 

. 
S, = .L eli + ~ e2. 
Ji 1eI0 ie 131 1 

(3) 

(4) 

The set of 2J1+1 check sums in (3) and (4) are orthogonal on i~I e 1i. The 

value of L e 1 . is determined according to the usual majority-18gic 
ieI 1 

decision rulg. Following the decoding procedure for code C1, a set of 



2J1+1 orthogonal check sums can always be formed. Thus, the values of 
eli• i = 1, ••• ,n can be determined provided that the number of errors is 
less than or equal to min((J2/2),(2J1+1/2)). Once e 1i is determined, e2i 
can be determined from the check sum e 1i+e2i for i = 1,2, ••• ,n. Therefore-, 
code C is majority-logic decodable up to distanced= min(d2,2d1). 

Some new majority-logic decodable codes of length 128 and 512 con
structed are shown in the Table. For those codes that have ID)re informa
tion digits than comparable codes previously discovered the difference is 
shown in the last column. For example, (128,31,32) code has 2 ID)re 
information digits than the (128,29,32) Reed-Muller code. 

TABLE. Some new majo~ity-logic decodable codes. 

C1 C2 C Remarks 
n k d k d n k d 

64,24,16 7,32 128,31,32 +2c 
64,37,10 13 ,22 128,50,20 
64,45,8 22,16 128,67,16 +3c 
64,45,8 24,16 128,69,16 +5 
64,57,4 45,8 128,102 ,8 +3c 

256,45,64 9,128 512,54,128 +Sc 
256,94,32 45,64 512,140,64 C 

256,191,16 95,32 512,286,32 +12 
256,191,16 93,32 512,284,32 +lOc 
256,223,8 191,16 512,414,16 +29c 
256,247,4 223,8 512,470,8 C 

Cyclic Codes.-If c1 and C2 codes are cyclic codes, and c2 is a subcode 
of c1 , then code C constructed in the last section is also a cyclic code. 

A cyclic code is specified by the roots of its generator polynomial. 
Let Q11,Ql2,•••,Qls be the set of roots of the generator polynomial g2(x) of 
code c2 , and Ql1,Q1 2 , ••• ,QIJ, be the set of roots of the generator polynomial 
g1(x) of code C1, where J,~s, and QI~= 1. That is, g1(x)=(x-a1)(x"0'2) ••• 
(X-Ct's), and g2(x)=(x-a 1)(x-0'2) ••• (x-a1,). Then the parity check matrix of 
code C is 

H 1 QI 
s 

2 
Qll 

2 
~2 

1 QI 
s 

0 0 

0 0 

0 0 

0 

0 

0 

·n QI 
s 

0 

0 

0 

The columns of H can be permuted to become the following matrix: 



H' 
1 Q' 

s 

0 

0 

0 

·n 
Q' 

s 

0 

0 

0 

1 0 

1 0 

1 0 

•3 
Q' 

s 

0 

0 

0 

Now consider the null space c' of H'. Let (a
0

,a1,a2 , ••• ,a2n-l) be a 
vector of C'. Then 

i = 1,2, ••. ,s 
and 

i = 1 , 2 , ••. ,f, • 

Thus 0' 1 ,0'2 , ••• ,O's are roots of the polynomial a(x) = a
0

+a1x+a2x 2+ .•. 

+a2n_ 1x 2n-l corresponding to the vector (a0 ,a1 , .•. ,a2n-l), and 0' 1 ,0'2, ... ,O'i, 
are roots of a 1x+a3x2+ •.. +a2n_ 1x2n-l = a'(x)x, where a'(x) is the formal 
derivative of a(x). In oth~r words, 0' 1 ,0'2 ,, •. ,O';, are repeated roots of 
a(x). Therefore, a polynomi~l in the null space of H' is a multiple of the 
polynomial g(x)=(x-a1) 2 (x-a2) ••• (x-a;,) 2 (x-a;,+1) ••• (x-as). The null space 
of H' is a cyclic code of length 2n whose generator polynomial is g(x). 
This code is equivalent to the original code C. 

Most of the codes shown in the Table can be put into cyclic form. If 
codes C1 and C2 are punctured with 1 digits, they become cyclic codes with 
distance one less than the original distance. If C2 is a subcode of c1 , 
then C is a cyclic code. For example, let C1 be the (255,223,7) cyclic 
code and C2 be the (255,191,15) cyclic code. Then C is a (510,414,14) 
cyclic code. Those codes in the Table that can be put into cyclic form 
are marked with c in the last column. 

Conclusions.-Using the construction method in [2o] we have constructed 
new majority-logic decodable codes. Many of these codes constructed are 
more efficient than the best comparable codes previously discovered. In 
addition, many of the new codes constructed are cyclic codes. 

The results reported in this paper should encourage one to search 
further for more efficient majority-logic decodable codes. There may exist 
majority-logic decodable codes with efficiency competitive with BCH codes. 
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THE REDUNDANCY OF A SIMPLE SYNCHRONIZATION METHOD
FOR VARIABLE LENGTH CODES

YU. M. SHTARKOV
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Moscow, USSR.

Summary   Prefix insertion prior to the coded representation of every fixed length block
of data provides a simple synchronization method for variable length coding. Unlike fixed
length coding where the prefix appears with a set period, the appearance time of each
prefix word in the variable length coded representation is a random variable. At the
receiver a synchronization decision is made whenever a pattern within a threshold
Hamming distance of the prefix is received. In this paper an expression is found for small
synchronization error probabilities. This egression depends on the coded block length only
through its average value ø. The optimal value for the recognition threshold is found. The
necessary and sufficient condition for an arbitrarily small synchronization error probability
is shown to be that the prefix length grows as log ø. The results are discussed from the
viewpoint of data compression and source encoding.

Introduction   It is well-known that when no synchronization channel is provided,
synchronization can be realized serially by inserting a special prefix word A of length S,
prior to each coded data block. At the receiver frame synchronization is achieved by
comparing the received sequence with A for every bit shift in the incoming sequence.
Whenever the Hamming distance in the comparison is less than or equal to a threshold T a
synchronization decision is made.

A synchronization error occurs whenever channel errors change a prefix in more than T
places or when the prefix pattern occurs within Hamming distance T in the data itself. For
fixed length coding, the probability of synchronization error P can be decreased
significantly by using the fact that the prefix appearance at the receiver is periodic.
However, after data compression, a variable-length code block results so that the time of
appearance of each prefix is a random variable. It is known for fixed-length coding that the
redundancy of the method is negligible for moderate block lengths at arbitrarily small
synchronization error probabilities. The main problem treated in this paper is the
redundancy for variable-length coding when no periodic structure is available in the
received sequence.



The only other paper which analyzes a similar, practical, synchronization scheme is that of
Timor [1],who assumed the existence of a parallel synchronization channel.

Probability of Synchronization Error   A synchronization error for any block is said to
occur if the prefix word before and/or after the coded block is not recognized and/or a data
pattern is mistakenly taken to be a prefix.

Let
P1 = Prob[missing a prefix]
P2 = Prob[finding sync in the data]

Then the probability of error is

(1)

the approximation holding for small P1, P2 and consequently, P. Suppose signalling is
q-ary, errors are symbol-to-symbol independent, the probability of correct reception is 1-,2

and the probability of transition to any other symbol is ,/(q-1). Obviously

(2)

Let

P0 = Prob[finding sync in any one code segment of length S]

(3)

Assuming that the prefix word is designed so that no false sync recognition can occur
when the pattern includes more than half of the prefix on either end, there are L possible
shifts where an error event is possible. Each shift is not independent, though, because of
overlap. Nonetheless, an upper bound on P2 is obtained by ignoring the probability of joint
false sync recognition events, i.e.,

(4a)
Furthermore, there are at least L/S nonoverlapping patterns where sync can be falsely
recognized so that

(4b)



the latter approximation being valid for small values of P*2 . Thus

or for some a, depending on L, 1/2S # " # 1/2:

(5)

Then from (1-5)

(6)

Note that L, the coded block length is a random variable. Taking the expectation of (6) and
noting that by the law of the mean, "̄ø = "*ø, where "* also satisfies 1/2S # "* # 1/2:

(7)

where

(8)

Thus we have proven:

Theorem 1.  To a good approximation the synchronization error probability depends on the
length of the codeword only through its average value as shown in equations (7) and (8).

The Optimal Threshold T0    In the subsequent material, we use q for the base of the
logarithm l . m to denote the integer part of the contents. The optimal value of the threshold
T is denoted T0 and minimizes P̄ in (7-8) for fixed S and a*ø. We will prove the following:

Theorem 2. If

(9)

then

(10)



Comment:   Due to (9) the denominator in (10) is positive.

Proof:   From (9), (q-1)(1- ,)/, < 1. Using this we develop the recursive relationshi p

(11)

so that f,(i) has at most one zero crossing from the positive side. If f, (0) < (0), it is
obvious from (7-8) that the optimal threshold is T0 = 0. If f, (0) > 0, T0 is the largest
integer for which f, (T0) > 0, i.e.,

(12)

from which, with (8), (10) follows. The theorem is proved.

The Asymptotic Behavior of S as ø 6 4.   Suppose that it is desired to achieve P < * <
1/2, * an arbitrarily small constant, for fixed ,, by choosing S and ø with T = T0, its
optimal value. In general, the solution is difficult. However, asymptotically in ø, we have
the following theorem:

Theorem 3.  As ø 6 4, for an arbitrarily small synchronization error probability, it is
necessary and sufficient that

(13)
where 2 is a constant satisfying

(14)

Proof:  Using (13) in (10) we obtain

(15)

Consider (2) and (3) for the two types of error probabilities. Using well-known results for
the tails of a binomial distribution [2,ch.7], P1 and P0 go to zero with L 6 4 if y is such that

(16)



If (16) does not hold, either P1 or P0 goes to 1/2 or 1. Thus (16) is necessary and sufficient.
From (15), ( > , implies (14). ( < 1 - 1/q in (15) can be rearranged to give

(17)

In accordance with the standard properties of entropy [2, pg.71], the right hand side of
(17) is nonpositive and thus (17) is satisfied for every 2 > 0. Then (14) is only necessary
and sufficient condition. The theorem is proved.

Remark 1.  From (16) it follows that (14) is a sufficient condition even if the optimal value
of T0 in (10) is not used. If (10) is used as well (14) is necessary.

Remark 2.  It is simple to show that P1 an P2 go to zero exponentially at the same rate up
to a constant multiplier as ø 6 4 , i.e., both are asymptotically of the form                           
with different values of B but the same value of $. This also follows from the optimality of
T0.

Remark 3.  The value of "* does not influence the asymptotic behavior of S. That is, from
(13) and thebounds on "*, 1/2S # "* # 1/2, for any 2 (which does not depend on "*):

 (18)
so that S grows as 2 log ø as ø 6 4.

Connection with Data Compression and Source Encoding   In most cases of practical
interest, variable-length coding is used for data compression (but Timor [1] listed other
situations such as in the varying of an onboard spacecraft experiment). Then, from the last
section, the use of the simple method of synchronization described in this paper results in a
decrease in data compression ratio by a factor of less than

(19)

over data without synchronization. Obviously, for reasonable values of ø, K is essentially
one. Note that from (14) for reasonable values of ,, 2 . 1. In addition, for fixed ,,
increasing q decreases 2.

An important question regarding the results of this paper is the following. As ø 6 4 on a
noisy channel most codewords will be in error in spite of good synchronization. Therefore,
why should one be interested in the asymptotic behavior of S? There are two answers to
this question.



First, for adaptive telemetering the errors have a local effect only which does not depend
on ø. The second answer involves the use of error-correcting codes. Suppose that after
inserting the data prefix we divide the message into blocks of length k and use a (k+r,k)
error-correcting code. If ø . k, a small decoding error probability will keep most of the
coded blocks error-free. In this event, most of the prefix words will be error-free as well.
On the average, the number of errors is less than ,. However, when a decoding error does
occur, there will be a large number of errors in the prefix word and in most cases the prefix
will not be recognized. Therefore,

(20)

In any event, we can choose a (k+r,k) code in such a way that the probability of a
decoding error goes to zero in the same way as P2 does with ø (as noted above, ø . k .
Thus, most of the codewords will be eror-free and P 6 0 as before.

We pointed out earlier that for the optimal value T T0, the values Pi go to zero with ø as      
                                                      . The difference between B1 and B2 results in a different
average received codeword rate from that transmitted. This could be adjusted by a slight
variation in T about T0.

As a final point, we will discuss the relationship of these results to source encoding. If we
encode source output blocks of length n, then the shortest average coded blocklength
satisfies

(21)
where H is the stationary source entropy (or alternately, the rate distortion function). For
the variable length code we must choose a synchronization prefix of length

(22)

The per output symbol synchronization redundancy is then

(23)

It is interesting to note that the same redundancy results when we don’t know the source
statistics (see, for example, [3]) and use universal coding methods. If we don’t know the
statistics and use this synchronization method, then we can put H* = maximum possible
source entropy in (21) and (22). But this appears only in the 0(1/n) term in (23).

In actuality the redundancy of this synchronization method is really less than in (23),
because it is not necessary to satisfy Kraft’s inequality [2, p. 69]. It is not known what the



exact effect of this point is on ø and Dn in (23), but calculations for some examples have
shown only a slight difference.

Conclusion   It is useful to mention some possible improvements on the methods  given in
this paper. For example, if during the encoding procedure a prefix pattern appears in the
coded block, some of the code symbols can be changed so that wrong synchronization will
not occur at the receiver. The resulting distortion in the reproduction will be slight
compared with the distortion which would result from a synchronization error. This
method was first proposed by Butman [4]. It is tightly connected with the idea of fixed rate
source encoding [2, p. 101].

The second improvement is connected with the application of error-correcting codes. From
(20) we know that the only problem involves decreasing P2(P1 = 0). Then we can use the
Gilbert prefix comma-free codes [5] or the constructive method for such codewords by the
Artom method [6]. This method is similar to that of Butman [4] for a noiseless channel.
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DATA RELIABILITY1
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Summary   In this paper the problem of achieving reliable digital information transfer in
the presence of data errors is addressed. The approach taken is to reject data which is
suspected of being in error under the philosophy that it is better to miss data than to
receive it incorrectly. To this end, error detection mechanisms are considered and their
performance compared for a specific application. The mechanisms are thresholding, error
detection coding, waveform error detection and feedback. It is shown that error detection
coding is the most effective, followed by feedback, thresholding, then waveform error
detection. The results are summarized in Tables I and II. These tables give the undetected
word error rate and missed word rates for the techniques considered.

The application which originally inspired this work is the use of time-division multiplexing
to transfer mission-critical data on the B-1 aircraft.

Introduction   The realization of reliable information transfer is an ever present task of the
digital communication engineer. Typical approaches to improving data reliability are to
improve the signal-to-noise ratio (SNR) by increasing power or subsystem efficiency, use
of source and/or error correction encoding, or a more efficient modulation/detection
scheme. The approach addressed in this paper is characterized by a philosophy that it is
better to not receive the information than to receive it in error. This is accomplished by
utilizing error detection mechanisms to detect the occurrence (or suspected occurrence) of
errors. The suspected data is discarded to improve the reliability of the data which is
retained. The error detection mechanisms considered are thresholding, error detection
coding, waveform error detection and feedback.

The performance improvements realized by these techniques are compared by example.
The performance is measured in terms of the probability of an incorrect data word being
accepted, Pe, and the probability of data being missed or rejected, pm. These results are
presented as a function of the channel bit error rate (BER) and various parameters which
effect a tradeoff between pe and pm. In general, the error rate may be decreased at the
expense of missing more data.



No attempt is made to consider all possible error detection schemes. Rather, a few
attractive candidates are selected which offer a broad range of performance. In the
selection of these techniques, major emphasis has been placed on simplicity of
implementation.

Thresholding.  The first approach to be considered is thresholding. The principle is to use
a threshold to measure the quality of bit decisions and isolate the data most likely to be in
error. By varying the threshold, a tradeoff is effected between pm and pe. The threshold
scheme considered utilizes a null zone detector. A null zone detector, as illustrated in
Figure 1, makes one of three decisions, depending on the amplitude of its input at the
decision time. If the input is above the threshold, th, a data ZERO decision is made; if
below -th a data ONE decision is made; and if between -th and th a null decision is made.
Any word containing a null zone decision is rejected.

A simple bit detector, illustrated in Figure 2, is used. The analysis pe and pm for various
values of threshold are contained in the Appendix. The results for fourteen bit words are
summarized in Tables I and II in terms of the fractional threshold, 0, which is the threshold
as a fraction of the input data level. From the tables it is seen that at a BER of 10-4, with no
null zone, a 1.4 x 10-3 error rate occurs. The error rate decreases to 2.7 x 10-4 with 0 = 0.1 
and 3.4 x 10-5 at 0 = 0.2. At the same time the miss rate increases from 0, with no null
zone, to 7.0 x 10-3 at 0 0. 1, and 3.9 X 10-2 at 0 = 0.2.

Error Detection Coding   Channel encoding improves the data reliability by adding parity
bits to overcome the interference at the expense of bandwidth or transmission rate.
Common codes used for this purpose are block codes (e.g., simple parity check codes,
Hamming codes, and BCH codes) and convolution codes. A particularly simple (though
inefficient) form involves repetitive transmission of the data message a specified number of
times. Coding can be used entirely for correction of errors or entirely for detection of
errors, or a combination of both correction and detection. However, in terms of improving
the undetected word error rate, error detection alone is more effective. This is clear when
one realizes that for every error a code can correct, it can detect two. Furthermore, with a
few exceptions, the implementation of error detection is far less complex than error
correction. Only error detection and its implementation are considered here.

The application of error detection to enhance data reliability is best demonstrated with an
example. For this example, consider the use of error detection coding to determine when
data should be rejected. Assume for purposes of comparison that the data consists of
fourteen bit words. The objective here is to avoid acceptance of code words which have
been altered due to the effects of noise. It will be assumed that bit errors are made
randomly and independently with probability p (which is c function of the SN R and
detector implementation).



2 BCH codes, named after their discoverers, Bose, Chaudhuri, and Hocquenghem, are, as a class,
the most efficient algebraic block codes known for correcting random errors. The (19,14) code is
not a true BCH code but is derived from the (31,26) BCH code by a process called shortening.

With no coding, any single error will cause one data word to be mistaken for another,
resulting in a word error. The objective in choosing code words is to choose a set of words
which all differ in at least Nd bit positions. Thus, Nd, or more, bit errors would be required
to cause a word error. The codes considered are a (19,14) shortened single error correcting
BCH2 code and a (24,14) shortened double error correcting BCH code. The (19,14) code
has Nd = 3 so that all double bit errors can be detected. The (24, 14) code has Nd = 5 so
that all combinations of four random bit errors can be detected. These codes also have the
ability to detect all bursts of errors of length (n-k) or less. The (19, 14) code can detect
bursts of errors of up to five bits long and the (24,14) code bursts of up to ten bits long.
Note that data is only missed when an error has been detected so that no words without
errors are lost, minimizing the missed message rate. The analysis of the performance of
these codes as well as the single parity check (15,14) code is contained in the Appendix.
The results are presented in Tables I and II. The tables show the word error rate, pe, and
the missed word rate, pm, corresponding to the uncoded BER for the three codes. Consider
a BER of 10-4. In order of increasing code length, the codes achieve word error rates of
2.7 x 10-6, 2.3 x 10-9 and 8.9 x 10-13. The corresponding miss probabilities are 2.4 x 10-3,
8.4 x 10-3 and 4.3 x 10-2. Each code requires a different bit rate to transmit the fourteen bits
of data plus the parity check bits in the same amount of time. This will result in a SNR
decrease from the uncoded case. This was accounted for in obtaining the data in the tables,
assuming the detector of Figure 2 with no null zone (0 = 0).

It was stated previously that error detection coding is simply implemented. The codes are
generated with a feedback shift register. The technique for determining the feedback
connections are obtained from any standard reference on coding. An encoder for the
(31,26) BCH code is shown in Figure 3. It consists of five shift register stages and modulo-
two adders (exclusive OR gates). The procedure for encoding is to shift the information
word (26 bits) into the shift register, then open the Feedback path and shift five more
times. The five bits which result are the parity check bits. The output is the code word
consisting of the twenty-six information bits followed by the five parity check bits. To
detect errors, the some feedback shift register is used. All thirty-one bits are shifted into
the register. The register contents after thirty-one shifts will be zero if no errors have
occurred. If the contents are not zero, then an error has been detected. For the shortened
(19,14) code, only the nineteen-bitcode word is shifted into the feedback register and the
contents tested for zero.

Waveform Error Detection   There are several ways in which the waveform
characteristics can be used to detect errors. Two are discussed here. First, there exists a
number of signaling waveforms which have a structural restriction which will be violated



by errors. Indicative of these waveforms is bipolar NRZ. Bipolar NRZ, as indicated in
Figure 4, is a three-level scheme whereby a data ZERO is represented by a zero level and
a data ONE is represented by equal-magnitude pulses that alternate in polarity and are one
bit period wide. Any single bit error will violate the alternating pulse property.

The second approach is to make sub-bit decisions and compare the decisions for illegal
structure. For example, a matched filter detector for the NRZ-L waveform shown in
Figure 4 has a well-known performance if perfect timing and additive white Gaussian noise
are assumed. IF the detector was matched to only half-bit segments the SNR would be
decreased by 3 dB. The two half-bit decisions for each bit can be compared to each other.
If they are the same, the bit is accepted; if different, the bit is rejected.

Using half-bit decisions to detect errors in fourteen-bit words, just as for thresholding, the
two approaches can be compared. The analysis is performed in the Appendix with the
results shown in Tables I and II. The results indicate that half-bit decisions improve the
word error rate by about an order of magnitude but results in a relatively large amount of
missed data. Clearly, this is not as good as thresholding.

Error Detection Coding With Thresholding   The techniques discussed so far can be
combined to complement each other. The combination of error detection coding and
thresholding will be investigated to demonstrate the obtainable performance and available
tradeoffs. The approach considered subjects all received data decisions to a null zone test
and rejects all words with null decisions. The data which passes is then checked with an
error detection decoder. The BER after thresholding becomes the input BER for the error
detection decoder. The missed word rote is the sum of pm due to thresholding and then
coding at the threshold output BER. The results of the sections on coding and thresholding
are, thus, directly applicable. Tables I and 11 present the results for comparison. The
different rates required for the codes have been taken into account.

Feedback   Still another means of achieving reliable data transfer is through the
appropriate use of feedback. A straightforward approach to using feedback is as follows.
The source transmits a data word and stores the same word. The receiver stores the
received data word and also transmits the same word back to the source. The source
compares the feedback word to its stored word. If they are the same, the source transmits
an accept data command. If they differ, the word is retransmitted and the above procedure
repeated. For data to be accepted, the data word, the feedback and the accept command
must all be received correctly. This technique will be referred to as feedback verification
(FV). Tables I and II give the performance of FV for a range of channel BER’s. The
analysis for these results is performed in the Appendix. At a BER of 10-4 feedback
verification can be seen to result in an undetected error rate of 2.4 x 10-7 and a missed data
rate of 7.2 x 10-5.



There are a number of ways of improving the performance of Feedback systems using the
error detection mechanisms described. These combinations will not be considered here
except to note that if the receiver has a means of detecting errors, it is necessary to feed
back only a retransmission request, and only when an error has been detected. It can be
recognized that this is the means of recovering the data discarded by the techniques
discussed previously. Since the missed data rate is usually much less than one, the impact
on transmission rate is negligible (the impact on complexity may be significant).

Conclusions   An effort has been made in this paper to show alternatives and tradeoffs and
allow the reader to draw conclusions relative to his application. As such, it is difficult to
draw conclusions of a general nature. However, For the specific application considered
throughout this paper, it was found that error detection coding is the most effective in
terms of minimizing the undetected word error rate and the amount of lost data. Feedback
was found to be the second most effective followed by thresholding and waveform error
detection. The results are contained in Tables I and II.

Appendix

Analysis for Thresholding   The null zone detector has been analyzed and its
performance curves are given in Figures A-1 and A-2. The performance is expressed in
terms of p, the undetected BER, and pmb, the missed bit rate. In the analysis additive white
Gaussian noise and perfect timing were assumed. The optimum single pole RC low-pass
filter was used, the effects of intersymbol interference were taken into account. The results
are presented as a function of the SNR (Eb/No) and the null zone threshold, 0 (as a fraction
of the input signal level).

An n bit word is missed if one or more bits are missed. The probability of this event is

An n bit word is accepted in error if one or more bit errors are made and no bits are
missed. Thus,



3 This is referred to as the Hamming distance and is the number of bit positions in which two
code words are different.

For the case considered in the text of this paper n = 14.

Analysis for Error Detecting Coding   With no coding, any single error can cause one
data word to be mistaken for another, resulting in a word error. For each word there are
fourteen words which differ by only one bit,          = 91 words which differ by only two
bits, and, in general,          which differ by i bits, so that the probability of a word, pe, is

The simplest code is a single parity check code. This code has minimum distance two3 so
that two bit errors are required for a word error. The distance structure of the code words
is symmetric, that is, each code word has the some number of code words at any given
distance. Thus, the performance is readily computed once the distance structure is known.
The number of words that is distance i from any other code word can be shown to be

where n is the word length ( n = 15 for this code). The probability of exactly i errors is

so that the probability of a word error, pe, is



A codeword will be missed whenever an error is detected. There are             ways of
making i errors and all will result in word errors for i even, so the rest are detected. Thus, 

The BCH codes are symmetric also. Table A-1 gives the distance structure for the (19,14)
and (24,14) codes. The performance is found just as for the (15,14) code. In general, for an
(n k) code with minimum distance d, the probability of exactly i errors is

so that the probability of a word error is

A code word is missed whenever an error is detected. There are         ways of making
exactly i errors and only Ni will result in word errors so that the rest are detected. Thus,

It would be unfair to compare the codes on the basis of the some BER because of the
different rates required for each code. For instance, the (24, 14) code requ ires a 1.77 times
higher bit rate than the uncoded channel to transmit the some fourteen information bits. To
make a fair comparison, the detector curves of Figures A-1 and A-2 are used to determine
the BER for each code at the appropriate SNR. Had a different detector been used, the
results would be different.

Analysis for Waveform Error Detection   To make an error, both halves must be in
error; the bit is rejected if the half-bit decisions differ. Thus,



where p is the undetected biterrorrate, p1/2 is the BER of the half-bit detector and pmb is the
missed bit rate.

The word error rate and missed word rate are found as follows:

Analysis for Feedback Verification   An error will occur in an n bit data word if at least
one bit error is made in the original transmission, the same errors are made during the
feedback transmission and the data accept command is received correctly. The probability
of this occurring, pe, is given by

Assume that bit errors occur independently with probability p, in both directions and the
data accept word is only one bit. Then

Data is received correctly if the decoder correctly receives all bits, all bits are correctly
verified, and the accept command is received.



The probability of correct reception, pc, is given by

Only three things can happen when a data word is sent; it is correctly received, an
undetected error occurs or errors occur and are detected. These events are mutually
exclusive and exhaustive so that the probability of missed data, pm , is given by

Figure 1.  Null Zone Device

Figure 2.  Simple Null Zone Detector



Figure 3.  Feedback Shift Register Encoder/Error Detector For the
(31,26) BCH Double Error Detecting Code

Figure 4. Waveforms Representing Typical Bipolar NRZ
and Polar NRZ Signals.

 



Table I.  Summary of Missed Word Rate for the Techniques Considered

Table II.  Summary of Undetected Word Error Rate for the Techniques Considered



Table A-1.  Distance Structure of the (19, 14) and (24, 14) BCH Codes



Figure A-1. Probability of making Figure A-2.  Probability of missing
a bit error with a null zone detector a bit with a null zone detector

for several null zone thresholds. for several null zone thresholds.



A REAL-TIME HADAMARD TRANSFORM SYSTEM FOR SPECIAL
AND TEMPORAL REDUNDANCY REDUCTION IN TELEVISION

S. C. NOBLE and S. C. KNAUER
NASA

Ames Research Center
Mt. View, CA

A digital Hadamard transform system has been developed for the real-time compression of
standard NTSC television signals. The system digitizes the video signals and subdivides
four successive frames of data into suppictures of sixty-four picture elements. The
subpictures are cubes four elements on a side, in horizontal, vertical and temporal
directions. Subpictures are transformed and processed to reduce special and temporal
redundancy. Implementation and performance results of the system will be described and
discussed.
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A VIDEO BANDWIDTH HE-NE LASER
COMMUNICATION SYSTEM

YOH-HAN PAO, J. P. FREEMAN, J. W. ALLEN and P. C. CLASPY
Laser Communications Inc.
Case Institute of Technology

Summary   A He-Ne laser communication system with video bandwidth capability is
described. The system is suitable for the transmission of video signals generally
compatible with U.S. commercial practice, and the transmission of digital data at rates of
approximately 10 to 1000 Kb/s, over ranges extending from a few hundred feet to about 10
miles. Relative to cable systems and microwave links, this laser system has the advantages
of immunity from electromagnetic noise and from microwave interference, ease of
installation, comparative freedom from regulation, mobile operation and lower costs.
Possible occasional outages due to inclement weather constitute the principal drawback.
This system is different from two other available types of optical links. The light emitting
diode (LED) links are limited to short ranges and the laser injection diode (LID) links have
low duty cycles and are not designed for video capability. The performance characteristics
and operating data of a specific system, the LCI-203 system of LASER
COMMUNICATIONS, INC. , are described in detail. Operating ranges and
corresponding reliability figures are estimated for various geographical locations.
Operating experiences in health care delivery and security surveillance applications are
described.

Introduction   The laser communication system discussed in this paper was initially
developed at Case Institute of Technology, was further engineered and made commercially
available by Laser Communications, Inc. and has been used successfully in several
applications for over a year now. The system is an externally modulated He-Ne laser
system and its function is the transmission of video signals in a manner generally
compatible with U.S. commercial practice. It may also be used to transmit digital data at
rates of approximately 10 to 1000 Kb/s. In both cases the operating range may vary from a
few hundred feet to several miles.

Before entering into a detailed discussion of the system itself, it is useful to gain some
perspective by considering the competitive stance of this system relative to other well
established means for performing the same task and also relative to other types of optical
communications links.



Optical communication links face competition from microwave and cable communication
links for the ranges and signal types noted above.

Factors in favor of optical communication links in general are:

Ease of Installation - cable installations are at a severe disadvantage if new lines have to be
installed. Sometimes the terrain offers severe obstacles such as canyons, bodies of water,
roadways, dense urban environments, etc. These factors rule in favor of microwave or
optical communication links. Time considerations also work in favor of the latter two types
of links in that they can be made operational in a matter of a few hours.

Freedom from FCC Regulation - An FCC license is required for any microwave
installation and a variety of FCC and local ordinances usually regulate the installation of a
new cable system. As matters now stand, optical links do not need government license.
However it is clear that optical communication links will be subject to safety regulation
which will probably take the form of a type certification rather than licensing of specific
installation sites. In so far as power levels are concerned it is unlikely that average powers
of more than a few milliwatts (less than 5mw) will ever be tolerated.

Considerably Greater Security - Microwave systems offer almost no security short of
cryptographic encoding. Cable installations may be tapped in a variety of ways. Optical
communication links are relatively more secure in that they require more sophistication for
clandestine interception and clumsy attempt can be more easily detected.

Immunity From Electromagnetic Disturbances - In heavy industrial environments,
switching of heavy machinery and poorly regulated power supplies lead to severe
degradation in both cable and microwave systems. If the transmitters and receivers
themselves can be adequately shielded, optical communication links are immune to this
sort of interference and can provide substantial advantage in reliability and performance.
Furthermore, in industrial environments, the use of microwave communication links inside
buildings can be hazardous because of multiple path interference. Fixed cable installations
are usually very convenient inside a building but mobile links invite insurmoutable cable-
handling problems in restricted areas. Optical links can be used to overcome both of these
problems.

Influence of Weather - The principle disadvantage the optical system has is the occasional
outage due to inclement weather. In contrast, properly implemented cable systems are
immune to environmental effects short of hurricanes and earthquakes. Over the shorter
ranges of interest here, microwave systems are not seriously degraded by atmospheric
effects. Except in the most extraordinary outdoor climates, optical communication links
cannot be viewed on a hundred per cent reliable because of the combined atmospheric



effects of turbulence, absorption and scattering. Many applications do not require one
hundred per cent reliability, butthere are indications that the natural tendency of the user is
to avoid the compromise of unscheduled communication outages unless the optical link
provides other significant advantages. There are, of course, some applications in which the
atmospheric effects on the optical link are not a problem. Most significant of these are
probably those where the path is totally enclosed and those where the data is from an
optical sensor which itself would be shut down by fog or other atmospheric conditions.

In considering competition, the externally modulated He-Ne link also seemingly faces
competition from modulated light-emitting diodes (LED’s) and modulated laser injection
diodes (LID’s). Other approaches using CO2 lasers, internal laser modulation and
heterodyning are not likely to be commercially available within the next few years. In
considering competition from LED and LID systems, it may be noted that the type of
system implemented by Laser Communications Inc. can have an output effective
brightness on the order of 104 watts /cm2 sterad. The average brightness of an optionally
utilized LID is of the same order and the peak brightness can be about 107 watts /cm2

sterad. However because of thermal effects, the duty cycle is low and LID systems are not
suitable for transmitting video signals at the present time. In contrast to these, typical LED
have an average brightness of around 1-10 watts/cm2 sterad. The LED is at a severe
disadvantage in range. The 30-40 db difference in brightness reduces the range by as much
as 5 - 10 kilometers.

Description of System   The LCI laser communication system may be described as an
IM/FM system and the principal components of such a system are shown schematically in
Figure 1. The laser generates the optical frequency carrier which is externally modulated
by the intensity modulator. In the absence of an information signal the FM encoder causes
the intensity modulator to vary the intensity of the laser output at a radio frequency thus
forming a subcarrier. Information signal causes the frequency of the subcarrier to change.
The carrier is intensity modulated but the subcarrier is frequency modulated giving rise to
the IM/FM designation. The laser beam is expanded and recollimated by passing it through
the transmitter optics after which it is propagated through the atmosphere.

The turbulent and attenuating atmosphere distorts the amplitude of the transmitted light but
the phase or frequency of the subcarrier are negligibly affected by transmission through the
atmosphere.

At the receiver site, portion of the transmitted light is collector by the receiver optics and
focussed onto an optical detector giving rise to a received photoelectric current which is
then sent through the FM decoder and a received signal hopefully identical to the
transmitted signal is finally obtained.



Operating Characteristics   In the case of a specific system such as the LCI-203 system,
a low powered He-Ne laser operating at the 6328A transition is modulated electro-
optically and the received signal is detected with a photomultiplier tube. The overall
dimensions, weight, power requirements, impedances and connector types for all the four
principal components (transmitter low-level electronics, transmitter head, receiver head
and receiver low-level electronics) are listed in Table 1.

The signal to noise ratio for the received video signal is plotted as a function of optical
fade or attenuation in Figure 2. This is carried out with the system transmitting both video
and audio signals with 4.2 MHz and 15 KHz bandwidths respectively. It is seen that at
zero fade the EIA requirement of a S/N ratio of 53 c1b is met. Similar audio signal
characteristics are shown in Figure 3.

Aside from some minor remaining discrepancies, the LCI-203 system satisfies most of the
EIA standards for relay links for standard broadcast color television. Actually all
requirements are easily met by the low level electronics and it is expected that the
remaining system difficulties will be cleared up soon.

A more detailed idea of the capabilities of the system can be obtained by referring to the
raw data exhibited in Figures 4 - 12.

For the low level electronics:

Figure 4 shows the variation in gain at 3.58 MHz as the signal level is varied from
blanking level to full strength. In the figure, 10% corresponds to 1 db and it is seen that the
differential gain is about 0.2 db.

Figure 5 shows the variation in phase at 3.58 MHz as the signal level is varied from
blanking level to full strength. The value is found to be ±0.5 .

Figure 6 shows the response of the system to the five stair step linearity test signal at 3.58
MHz.

Figure 7 shows the frequency response or multiburst test as the test signal is varied from
300 KHz to 4.2 MHz.

Figure 8 shows the impulse response test (the Sin2 pulse test). The response is within the
prescribed width.



Table 1

A summary of some key features of the measured performance is provided in Table 2.



Table 2 Measured Performance (LCI-203)

Similarly Figure 9 shows that the response of the low level electronics system to a step
function input (bar transient) is in accordance with the requirements of the EIA standards
for broadcast television.

Figure 10 shows the response of the complete system to the Sin2 pulse and it is seen that
the response is satisfactory.

Figure 11 on the other hand reveals that the response of the total system to a step function
contains a bit of “ringing”. Other symptoms of the slight amount of distortion due to the
entire system are manifested in similar ways in the other tests such as differential gain and
differential phase.



Operating Range   Operating experience with the LCI-203 link shows that the IM/FM
method of modulation indeed renders the system essentially immune to the turbulence
effects of the atmosphere For video bandwidths and for the collimated beams employed in
the LCI-203 link, considerable accumulated experience indicate that ordinary visibility as
determined by the human eye correlate well with the performance of the LCI-203 link.
More specifically, in bad weather, only after the transmitter site becomes essentially
obscured by bad weather, does the video signal deteriorate significantly. This fortuitous
correlation which has no fundamental significance because an improvement in the link
performance would destroy it, nevertheless allows valuable use of visibility data obtained
from the National Climatic Center, Department of Commerce. Predicted performance for
the LCI-203 link is shown in Figure 12. The ordinate shows the operating range and the
abscissa, the percentage of time during an average year when the visibility is greater than
the value indicated by the ordinate. Equivalently the abscissa indicates the percentage of
time when the maximum operating range is at least the value indicated by the ordinate.
This correlation is for a quality of operation very close to that prescribed by EIA standards
for relay of broadcast television signals. In other transmittal of data at relatively low data
rates, the bandwidth may be narrowed to provide for much larger S/N ratios or
equivalently longer operating ranges for a fixed S/N ratio.

Use Experience   Use of LCI-203 links in hospital closed circuit television systems, i.e.,
between two or more hospitals, and also in police surveillance systems has confirmed
expectations that these laser communication systems will operate reliably to specifications.
In the oral presentation, slides will be shown illustrating the types of installation used, the
functions performed and the quality of the received signals.

Conclusions   At the present time the externally modulated He-Ne laser communication
system has unique capabilities which do not overlap those of other commercially available
optical communication links. In particular, the Laser Communication, Inc., LCI-203
system is capable of transmitting video, audio and data signals over ranges extending from
a few hundred feet to several miles. The IM/FM type of modulation used renders the
system essentially immune to the deleterious effects of atmospheric turbulence and the
average incidence of outages due to severe inclement weather can be predicted from
weather data. Use of these links has shown that there are no unpleasant surprises and those
links perform essentially as expected. Further improvements are likely to come quite
rapidly mostly in the form of improved electro-optic processing of signals, improved
mechanical stability and reduction of the effects of bad weather.



FIGURE 1 - BLOCK DIAGRAM OF IM/FM SYSTEM

FIGURE 2 - S/NRATIO FOR VIDEO SIGNAL AS A FUNCTION
OF OPTICAL FADE (LCI-203 System)

FIGURE 3 - S/N RATIO FOR AUDIO SIGNAL AS A FUNCTION
OF OPTICAL FADE (LCI-203 System)



FIGURE 4 - DIFFERENTIAL GAIN AT 3.58 MHz
(LCI-203 System Low Level Electronics)

FIGURE 5 - DIFFERENTIAL PHASE AT 3.58 MHz
(LCI-203 System Low Level Electronics)

FIGURE 6 - STAIR-STEP TRANSMISSION THROUGH 
CI-203 SYSTEM LOW LEVEL ELECTRONICS



FIGURE 7 - MULTIBURST RESPONSE (300 KHz) THROUGH
LCI-203 SYSTEM LOW LEVEL ELECTRONICS

FIGURE 8 - IMPULSE RESPONSE TEST (SIN2 PULSE)
(LCI-203 SYSTEM LOW IE VEL ELECTRONICS)

FIGURE 9 - STEP FUNCTION RESPONSE THROUGH
LCI-203 SYSTEM LOW LEVEL ELECTRONICS 



FIGURE 10 - IMPULSE RESPONSE TEST (SIN2 PULSE)
THROUGH TOTAL LCI-203 SYSTEM

FIGURE 11 - STEP FUNCTION RESPONSE (TOTAL LCI-203 SYSTEM)

FIGURE 12 - VISIBILITY AND PREDICTED PERFORMANCE OF
LCI-203 SYSTEM IN VARIOUS CITIES



Optran® AN INFRARED LED TRANSCEIVER FOR DATA
COMMUNICATIONS

ANDREW W. MEYER and STEPHEN W. HARTING
National Aeronautics and Space Administration

Ames Research Center
Mt. View, CA.

Summary   The following discussion reviews operating experience with a non-coherent
infrared (IR) optical data link at several installations in the United States. Optran is a
commercial digital data link, manufactured by Computer Transmission Corporation, for
computer-to-computer or computer-to-terminal data transfer applications. It uses a non-
lasing gallium arsenide diode as the transmitter and a silicon diode as the receiver. Simple
optics collimate the transmitter output and focus the captured receive energy on the
receiver diode. A digital interface unit at each terminal end presents a standard interface to
business equipment and encodes/decodes data from the optical head.

Introduction   The credibility of IR as a viable communication media has received
considerable attention in the technical press. Computer Transmission Corporation has
accumulated more than 245,000 hours of operating experience with Optran as a practical
IR Data Communication System. Optran data links are installed in a wide variety of
operating environments from the California desert to the Chicago-Great Lakes area. These
links are providing major computer installations with alternate solutions to conventional
cable systems for short range computer-to-terminal operations. In most cases, the service
is improved in terms of error rate and reliability. The operating experience has provided a
basis for judgment of parameters for a successful IR short range optical data link.

At the onset of the development of the Optran, a list of items to be addressed were
identified. These included atmospheric conditions, such as fog and scintillation; solar
effects, such as direct viewing of sunlight; and installation consideration affecting beam
width, rigidity of mounting structure, and alignment techniques. As is many times true,
each of these when examined in detail, might be considered to be overwhelming; however,
the real world has demonstrated that this is not the case.

The majority of Optran links now in operation are in the range of 1500 feet to 3500 feet
with several operating up to a distance of one mile. Signal margin of 20 decibels has been
measured at approximately 4400 feet. Signal level at a link located in mid-New Jersey has
been recorded continuously for more than 13,000 hours of operation through summer and



winter months. During this period, the link was down due to fog (there were no other
known causes of down times) 68 hours, equivalent to 30 hours per year of down time.
(This is one of the worst areas for low ground fogs in the U.S.A., as substantiated by
Weather Bureau data.) The outages ranged in duration from 15 minutes to 8 hours. The
total 68 hours is comprised of 31 events, of which 3 events of duration over 6 hours
comprised 30% of the total time, and 13 events of duration over 2 hours comprised 87% of
the total hours. All down times were between 10 p.m. and 8 a.m., while most were
between the hours of midnight and 6 a.m. No outages were recorded that could be
attributed to snow or rainstorms, although periods of reduced but acceptable signal levels
were observed on the recordings. This information has correlated with other installations,
where no degradation of link operation is noted due to heavy rain showers or snow, as
long as the two link ends are in visual contact.

have been incorporated to keep the lens clear of ice that will form during conditions of
freezing rain and sleet. The Chicago unit (1500-foot range) has been observed to operate
in snowstorms that have visually obscured the far end terminal. In the Los Angeles area,
smog never reduces to the point where it could become troublesome as compared to heavy
ground fog.

Scintillation effects have been noted on links installed in the desert and where the beam
passes over a large expanse of hot roofs. Scintillation fades tend to be very rapid with
frequency components up to several hundred hertz. These effects occur during “normal”
operating hours, and have been experienced on a unit at China Lake, California, on the
north edge of the Mohave Desert, operating over a distance of 1.25 miles. Desert
temperatures that reach 105 degrees to 110 degrees in the shade have caused outages due
to scintillation. Scintillation with a shorter path length, even in these extreme conditions,
would not be a problem.

Although the principal limitation of IR and optical communication links is the
susceptibility of energy at these wavelengths to very dense water vapor (i.e., very heavy
fog), our operating experience has alerted us to carefully consider each installation with
respect to other factors such as solar energy. The spectral energy of the sun is significant at
the wavelength of the Optran gallium arsenide emitter. The site design of southerly-
looking units in the northern hemisphere must be evaluated for direct sunlight during the
morning and evening hours. Direct sunlight tends to be associated with a particular time of
the day, and can be predicted by consulting solar mean tables giving sun angle versus time
of day for the latitude of interest. Typically, a building or hill can be used as backdrops for
low angles to the horizon, otherwise service is interrupted for 15 minutes at sunrise or
sunset for a portion of the year.



Another significant area of experience gained with the Optran is the importance of ease of
installation. The requirements for the installation and mounting of the optical units must
not place constraints upon the building to which it is to be mounted, or the capabilities of
the customer to provide mounting structures that are out of the realm of normal everyday
practices. The Optran optical unit mounts upon a standard two-inch water pipe that is
firmly attached to a substantial portion of the building. Alignment of the near optical units
to the far unit is made by six-power telescopes mounted on the optical assembly, and
collimated to the optical receiver and transmitter at the time of manufacture. Building types
upon which we have installed the Optran have been mostly multi-story, steel reinforced
structures. The mounting pipe has been attached to the building via a triangular structure to
the roof or attached to the parapet. Our experience indicates that the transmitter and
receiver beam width of approximately three milliradians is completely practical for
conventionally constructed buildings. We have also concluded that beam widths less than
one milliradian are to be approached with caution for the typical types of building and
mounting structures that are provided by users. Properly installed systems have not
required realignment as attested by several equipment installations that have been
operating for almost three years.

Our operating experience has led us to conclude that the Optran IR link can provide
superior service when the installation is sensibly evaluated as to path length, locality, and
required operating conditions.

The Optran IR data link uses gallium arsenide light emitting diodes (LED) as the light
source, and a silicon pin diode as the detector. The transmitting and receiving optical
systems are mounted in three-inch diameter tubes which are connected in binocular
fashion. A single 75 mm diameter, 200 mm focal length, plano-convex lens in each tube
collimates the LED output and focuses the captured receive light energy upon the active
surface of the receive photo diode. The system beam width is very close to three
milliradians. While chromatic aberration is not a problem for the transmitter collimating
lens, the wide spectral response of the receive photo diode, in conjunction with the
enlarging effect of chromatic aberration on the blur-circle, requires the use of a spectral
filter to achieve immunity from background illumination.

An interesting problem related to spectral filtering is the use of street lights and billboard
signs in the urban environment. These sources are amplitude modulated at 120 Hz,
creating formidable problems in the design of the receiving electronics. Many street lamps
are sodium or mercury vapor. Both types are effectively controlled by spectral filtering.
The less efficient incandescent lamps with their tungsten filaments still emit a large amount
of near IR spectral energy; amplitude modulated by a small percent at a 120 Hz rate. City 



government, in an effort to increase the efficiency of their street lighting program with the
use of sodium and mercury vapor lamps, is inadvertently aiding in preventing near IR
spectrum pollution.

Included with Optran optics, source, and detector in the “optical head” package is
sufficient electronics to drive the source at the proper current level, as well as preamplify
the receive signal before transporting the data via a cable (up to 500 feet long) to an
interface unit. The interface unit is normally located near the user terminal or computer,
providing power and data to the optical head, and computer interfacing electronics. User
self test features require accessibility of the unit by operating personnel.

Data presented to the interface unit by the data terminal equipment is formatted to a
synchronous modified pulse code modulation signal sent to the optical head for on/off
modulation of the LED source. Light received by the far optical head is converted to an
electrical signal, preamplified, and sent to the interface unit. Special attention has been
focused on the design of the interface unit to provide clock recovery at low signal-to-noise
ratio and low error rates. Careful design of phase lock loop clock recovery, and
synchronous detection logic, has resulted in near theoretical error performance at low
signal-to-noise ratios. Once detected, the data is decoded and presented to the computing
equipment in standard synchronous format. Several interfaces are available; i.e., EIA
Standard RS 232-C, Bell 303-type Data Set, and CCITT V.35. A data path exists from the
computer equipment to the user terminal simultaneously with the data path described
above, such that simultaneous, independent two-way communication is possible.

The experience gain with the Optran in the real world computer system installation attests
to the viability of IR optical communication systems as a practical application of IR
techniques.
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A 10.6 µm TERRESTRIAL COMMUNICATION LINK*
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Summary   This paper reports the development of an experimental type 10.6 µm laser
communication system, consisting of a transmitter terminal and a receiver terminal,
designed to operate one wav over a nominal five-mile path. The system provides a 5 MB/s
digital data channel using a frequency shift keying format and optical heterodyne detection
with a mercury cadmium telluride detector operating at a temperature of 77EK.

The system is the first CO2 laser heterodyne communication system which is capable of
hands-off, uninterrupted operation in a nonlaboratory environment. The achievement of
single frequency operation of a laser transmitter and local oscillator in a field system is the
result of more than seven years of research and development. Laser frequency purity,
stability and control, all questions of primary concern previously, have been proven
satisfactory with the development of this system.

This paper reports the operation of the system during environmental tests, over a 4.1-mile
test range, a 19.5-mile test range at the Hughes facility, and over a three mile test range at
Ft. Monmouth, N.J. over a period of several months. During a period of 1320 hours of
continuous operation, the system was inoperable for 65 hours due to weather conditions,
demonstrating a reliability of 95%.

Introduction   A detailed description of the system was given at ITC-72. However, at that
time, the system had not been in operation a sufficient length of time to provide operational
data. This paper, therefore, is devoted entirely to reporting on the system performance
through real atmospheres.



The reliability of the system has been improved to the point where only weather factors
seriously interrupt the performance. The improvement in reliability of the system over prior
art is the result of a number of technical factors:

• Metal ceramic laser discharge tube provides added strength and reliability to the laser

• Sealed-off laser life is extended to more than 3000 hours

• Air cooling of laser transmitter and local oscillator laser eliminates cooling water
failure problems

• Laser “grating” mirror on local oscillator provides simplified transition control of LO
laser

• Intracavity optical FM using cadmium telluride-low loss material and excellent
coatings provide good laser performance with modulator in cavity

• Long holding time dewar permits operation for 50 hours on 1 liter of liquid nitrogen.

The 10.6 µm heterodyne laser communication system has high operating margin by virtue
of its high power capability, high source efficiency, and near ideal detection capability. Its
potential for use through the atmosphere, where extreme variations in atmospheric
transmission loss may occur, offers greater promise than any other laser communication
system.

During the period from 27 October through 3 November 1972, communication system
tests were conducted using the system over a 20-mile path between Malibu and El
Segundo, California. The transmitter was located at the Hughes Research Laboratories at
Malibu and the receiver located on the eleventh floor of the Hughes Space and
Communications Group building at El Segundo. About two-thirds of the path was over
water at an average elevation of 300 ft. The data taken during this period included signal
spectrum, carrier-to-noise ratio and bit error rates for various weather conditions.

During the period from 1 December to the present, the system has been under test over a
three-mile path at Ft. Monmouth, N.J. For this short distance, the beamwidth of the
transmitter was broadened out to make the alignment less critical. The transmitter is
located in a tower which is subject to movement from variable wind loading and requires a
broader beam to maintain pointing under these conditions. Operational tests were
performed for a variety of weather conditions including rain, snow and fog.



Performance and Testing: Predicted Performance   If all the transmitted signal is
captured by the receiver optics, the carrier to noise (C/N), is calculated to be 116 dB. In
practice there are a number of factors which prevent this high carrier to noise ratio from
being reached; detector saturation and damage, amplifier saturation, and local oscillator
noise. In addition, for path lengths longer than a few thousand feet, propagation and
diffraction losses play a part in the C/N ratio. For a path length of 8 km for which the
system was designed, the path loss due to diffraction is 21 dB, and that due to attenuation
in clear air is 4 dB. Combining these numbers, the C/N for clear air operation with full
collimation will be 91 dB.

For a bit error rate of 10-6 or less, a demodulated signal-to-noise ratio of 14 dB is required,
or a carrier-to-noise ratio of about 17 dB. For these conditions, the system margin, that is
the excess signal available over that required for a 10-6 bit error rate is 74 dB. Table I lists
these predicted performance values.

Table I
Predicted Performance Values

Transmitter Power 1 W

Receiver NEP  2.5 x 10-19 W/Hz

Data Rate Requirement 5 MB/s

i. f. Bandwidth 10 MHz

Carrier to Noise Ratio 5 mile path, clear
air

91 dB

System Margin (excess, of 14 dB required
for 10-6 bit error rate)

74 dB

Extinction in rain and fog 20 mg/m3 liquid water content or 20 mm
hour rainfall

Environmental Tests   The transmitter and receiver were set up in the test chamber
(Fig. 1(c)) pointed at each other, with the shutter closed and the manual attenuator in
place, simulating a signal level at about five miles. The system was cold soaked for 5
hours at an indicated temperature of 35EF (1EC), which was as near 32E as the chamber
would regulate. The refrigeration plant caused vibration of the entire chamber, and the
system had to be repainted at the beginning of the test. Despite the vibration, the system
locked up and began transmission within twenty minutes of activation and operated
normally.



The system was allowed to warm up to 50EF (10E(C) and tests were repeated. The
refrigerator was switched off for these tests to eliminate the vibration. The system was
operated at 68EF (20EC).

To operate above ambient, space heaters were placed in the chamber. No regulation was
available and the chamber air temperature measured as high as 110EF (43EC) with a
laboratory thermometer. Again, at this elevated temperature no operational problems were
encountered.

Figure 1 shows the equipment during the environmental testing.

Performance over 4.1-Mile Test Path    For this test the transmitter was set up on a
Hillside fully exposed to the weather with the receiver located inside a laboratory at the
Hughes Malibu facility. Tests were conducted over an 8 hour period from 9:45 a.m. to
5:45 p.m. on 18 October 1972. Weather observations made at the receiver site are shown
in Table II.

Communication from the transmitter to the receiver was maintained using the laser
equipment once acquisition was complete. Figure 2 shows the system set up for the
4.1-mile tests.

• Acquisition   The receiver was set up and waiting in the laboratory before the
transmitter arrived at the remote site. Set-up time for the transmitter was about 5 min;
during this period the receiver was aimed at the transmitter. Five min after turning the
transmitter on, communication was established over the laser link.

• C/N Margin   Measurement of C/N requires accurate attenuation in the signal path.
Attenuation at the i.f. amplifier in the receiver is not practical due to nonlinearities in
the detection process at high signal levels. Calibration of thin mylar sheets is not
accurate at high attenuation due to interference between the many required layers and
due to phase distortion caused by varying thicknesses across the larger aperture. The
most practical attenuator for field testing consists of a calibrated variable aperture
placed in front of the transmitter aperture. Accuracy of this form of attenuation is
dependent only upon knowledge of the power distribution across the aperture.
Minimum aperture setting available was 2 mm, corresponding to an attenuation of
58 dB. C/N at this setting (estimated from the AGC voltage at the i.f. amplifier) was
7 dB. The total C/N is thus 65 dB.



(a)

• (c)

Fig. 1.  Environmental testing.



(a) Transmitter

(b)

Fig. 2.  4.1-mile test range.



Table II
Weather Conditions During 4.1-mile 8-Hour Test

Time
Temperature,

EF
Relative

Humidity,
Pressure,

in.
Wind, mph

9:00 a.m.

10:00 a.m.

12 noon

2:00 p.m. 

4:00 p.m.

6:00 p. m.

65

66

70

70

73

71

66

62

56

56

54

64

30.00

30.00

30.00

30.00

29.96

29.93

0 to 5

0 to 5

0 to 5

0 to 5

0

0

Notes: Morning overcast, clearing about noon. Drop in pressure followed by
thunderstorm in late evening.

Considering attenuation and range, the predicted C/N for this condition should have been
about 88 dB. The measured value of 65 dB had an uncertainty of ± 3 dB. At best, then,
20 dB was lost due to scintillation, misalignment, and imperfect collimation. The estimated
scintillation effects were 12 to 16 dB, leaving 4 to 8 dB unexplained.

Waveform measurements are shown in Fig. 3. Figure 3(a) is a sample of the bit stream
after transmission through the system at 1.5 mB/s, with Fig. 3(b) showing the “eye pattern”
output. Attenuation in the beam at this time was 33 dB.

Performance over 19.5-Mile Path   The tests described in the following paragraphs were
conducted over a 19.5-mile path Although this distance is considerably greater than the
design range of the equipment, it was advantageous to conduct such an exercise.

Description of Experiment   The transmitter was located at the Malibu facility operating
through an open door in a laboratory exposed to the east. Aiming of the transmitter was
achieved on a day when the weather was clear and when the receiver terminal was visible
through the sighting optics. The transmitter terminal included two sources of signal
information: a black and white TV camera and a pseudo-random word binary signal
generator having a NRZ data rate of 1.5 MB/S.



The receiver terminal was located on the eleventh floor of the Hughes Space and
Communications Group building, (366) in El Segundo, California. The window pane on
the west exposure was removed and replaced with a plexiglass panel with a 6-in. diameter
hole cut for the beam to enter. The receiver head was situated to receive energy through
the 6-in. hole. Peripheral equipment at the receiver terminal included a television monitor,
a HP 8553 spectrum analyzer and a chart recorder. A view from the eleventh floor window
is shown in Fig. 4.

A map of the geographic area is shown in Fig. 5. The distance between the two terminals
was 19.5 statute miles. The weather was variable from slight haze to moderate haze,
visibility varied from 1/2 to 5 miles. Temperature in morning hours was near 55EF,
warming to 72EF by midafternoon. Humidity varied from 70% in the morning hours to
about 40% in the midafternoon hours. About 2/3 of the path was over water an an average
elevation of 300 ft.

• Channel Quality   The following series of channel quality tests were conducted on
31 October:

• 30 MHz i.f. Spectrum (Fig. 6) - Using a digital input signal, the i.f. spectrum was
recorded for various drive levels of the transmitter input.

• Video Spectrum - The video spectrum of the digital data was measured on the
spectrum analyzer for a full transmitter modulator drive level.

• Digital Waveform (Fig. 7) - The digital waveform was measured at the output of
the discriminator.

• Eye Pattern Tests - Eye patterns were photographed for various exposures
showing clear decision areas.

• Bit Error Measurements (Fig. 8) - Difficulty of measuring bit errors was
encountered because error detector would lose synchronization when the signal
level dropped to a certain level and more than a few bits are lost. Thus, these
measurements consisted of measuring the average time between drop-outs during
which time no bit errors occurred. The average time between errors was 32.4 s. If
one assumes at least 1 bit error during each dropout, the calculated minimum bit-
error rate is 2.05 x 10-8. If 100 bits are lost during each dropout, the bit-error rate
is 2.05 x 10-6.

• C/N Measurements. - The logarithmic i.f. amplifier section of the spectrum analyzer
was used to provide a calibrated C/N output. The spectrum analyzer was connected to



the output of the detector preamplifier. A test signal was injected in order to provide
the calibration of the chart recorder.

• C/N Calibration - Using a test signal injected at the output of the detector
preamplifier, a C/N calibration was made. The level of the injected signal is shown
in dBm in Fig. 9.

• Continuous 1-hour run (Fig. 9) - Using a reduced chart speed, a continuous 1-hour
run was conducted. Figure 9 shows three 8-min samples from this run. This run 
started at 4 p.m., one hour before sunset, with scintillation depths reaching 10 dB.
At 4:15 p.m. a sheet of saran wrap was stretched over the port hole in the window
to help eliminate gusts of cold air entering the port. An immediate reduction in the
scintillation amplitude was noticed.

At 5 p.m. the turbulence was reduced to significantly less than I dB peak-to-peak
variation.

• C/N Measurements - 2-Hour Run Without Repointing The previous measurements
required periodic repointing of the receiver in order to stay in alignment with the
incoming beam. Typically, repainting is required every 30 min during the morning
hours or during the evening hours. During the period from 9:45 a.m. to 11:45 a.m.,
2 November 1972, a run was conducted where the receiver was not repainted. The
initial C/N was the order of 55 dB with scintillation amplitude reaching 20 dB.
Pointing was out of alignment after 2 hours of operation. The cause of the
misalignment of the receiver is not known. During the 5 days of operation, the
transmitter required no repainting. It has been suggested that the eleventh-f-loor of
an industrial building may be sufficiently unstable to account for these variations.

Performance Over 3-Mile Test Path at Ft. Monmouth, N.J   This section describes the
collection of data and system performance tests conducted in a field environment over a
nominal three-mile path in the vicinity of Fort Monmouth, New Jersey. After
approximately 1750-hours of operation, including a period of continuous operation from 2
March 1973 through 23 April 1973, no degradation of the system’s performance
characteristics was observed that could be attributed to any of the electronics, optical or
mechanical components. The system performed satisfactorily during heavy rain, fog with a
visibility of approximately 3/8 of a mile, and light to moderate snow.



Fig. 3.  Waveforms over 4.1 mile link with
33 dB attenuation in beam.

Fig. 4.  View from 11th floor window of Space and Communication
Building 366. Malibu transmitter location shown by arrows.





Fig. 6.  Channel quality - 30 MHz spectrum.



Fig. 7.  Channel quality - digital waveform.

Fig. 8.  Bit-error measurements (one minute sample).

3-Mile Test Range   The line-of-sight atmospheric test facility, located at Fort Monmouth,
consists of two shelter installations and meteorological measurement equipment. Figure 10
shows the path profile between the terminals; a photograph of the path as seen from the
receiver shelter, a photograph of the transmitter shelter, and the receiver shelter located
atop a four story building.

In order to conduct long term measurements of the average carrier level it was necessary to
broaden the transmitter bearnwidth to approximately 1 mrad. In addition, the exit port of
the transmitter, the entrance port of the receiver and the 6-in. hole cut in the window in
front of the receiver were each covered with stretched membrane of Saran wrap. The ports
were covered in order to prevent condensation on the telescope optics, while the hole in
the window was covered to eliminate severe fading caused by the turbulent interface of air
currents at the hole in the window. The receiver’s liquid nitrogen dewar was refilled
automatically at 24-hour intervals, thus permitting continuous unattended operation.



Fig. 9.  C/N measurements - continuous 1-h run (8-min samples).



Path profile

View of path from receiver site

Receiver shelter Transmitter shelter

Fig. 10.  Fort Monmouth 3-mile test range.



System Performance   The performance characterization tests were divided into three
phases: (1) frequency spectrum analysis for digital and analog TV signals; (2) eye pattern
photographs to provide an estimation of signal to noise ratio; (3) long term recording of the
average carrier level. In general, these tests verified that this system performance
conformed to the theoretical analysis of a binary, frequency modulated (FM), low
modulation index communications system.

• Frequency Spectrum Tests    The received pseudorandom bit sequence as
photographed from an oscilloscope is shown in Fig. 11(a), and its demodulated
baseband spectrum is shown in Fig. 11(b). Figure 11(c) shows a TV picture of the
transmitter via the link.

• Eye Pattern Tests   The eye pattern tests were conducted by transmitting the
pseudorandom bit sequence and observing multiple traces on an oscilloscope
sweeping at a submultiple of the bit rate. Figure 12(a) shows an eye pattern at 4.608-
MB/s rate with a sequence length of 511 bits in a direct back-to-back test. A typical
received eye pattern through the system, Figure 12(b), shows a very clean decision
center even with approximately 15 dB fades due to scintillations. In general, the eye
pattern measurements have indicated an excellent average error rate under clear
weather conditions. During heavy rain or fog with visibility of less than 3/8 of a mile
the eye pattern was much poorer indicating poor error rate. It has beep estimated that
with full collimation, error rate of better than 1 x 10-6 would be achieved for all but
the most severe weather conditions.

• Carrier Level Tests    During long term average carrier level measurements, a
pseudorandom bit sequence was transmitted and the receiver AGC level recorded on
a strip chart recorder.

The typical chart recording for moderate to heavy rain showers is shown in Fig. 13(a). The
rainfall rate for this particular example is approximately 3/8 in. /hour. Light to moderate
rain caused very little signal degradation while heavy fog almost inevitably caused a loss
of signal. Figure 13(b) shows the typical pattern for heavy fog where the fog temporarily
lifts and then returns. It is interesting to observe the last part of this recording where the
system is attempting to relock.

Only light to moderate snowfall occurred during the test period and is shown in Fig. 13(c).
In this chart the signal loss was approximately 10 dB.

During the test period diurnal variation of temperature average was 10EF, several days of
20EF, and one day with a change of 34EF. The alignment of the transmitter and receiver
units were maintained up to about 30E changes.



(a) Digital waveform at 4.608 MB/s.

(b) Baseband spectrum for 4.608 MB/s digital signal

(c) TV picture of transmitter over three mile link

Fig. 11.  Signal characteristics.

Wind conditions varied from very light to approximately 35 mph duringa rainstorm, with
the system maintaining communications in winds up to about 30 mph.

Experience with the system has indicated that as in the example of fog data, a relock
would be possible if either the AFC threshold level had been preset lower or a manual
lock-in attempted. It is estimated that approximately half of the loss of signal occurrence
could have been prevented or corrected by one of the methods given. Approximately 65
hours were lost of the total of 1320 hours of continuous operation for a transmission
reliability of 95%.



Fig. 12.  Eye patterns of 4.608 MB/s signal direct (top)
and through system (bottom).

Fig. 13.  Average carrier level during various weather conditions.
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A SHORT RANGE 15 MEGABIT/S LED COMMUNICATOR1
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Summary   The design, development, and testing of a short range (distances up to 100 ft)
data communications equipment that utilizes a GaAs light emitting diode (LED) source is
discussed. Data rates of 15 Mb/s are accommodated by a transmission terminal which
consists of a line of sight (LOS) atmospheric portion and a fiber optic link. The system has
an all weather capability, is relatively inexpensive and is intended for tactical military
applications. This is the first attempt at developing a wideband optical communicator that
has a similtaneous LOS and cable capability often needed in a tactical military
environment.

Introduction   A variety of tactical army applications call for the transfer of high rate data
(up to 50 Mb/s) over relatively short ranges (0 - 3 km). In addition the communications
trunks and associated equipment must be highly mobile, relatively inexpensive, simple to
operate, provide a high degree of intercept security, operate in almost any terrain, and in
general meet tactical field army requirements. One alternative that has received serious
attention is the use of injection diode laser and light emitting diode (LED) systems
operating in the near infrared portion of the spectrum. The terminal equipments have a dual
capability of operating either through the atmosphere on a LOS basis or over a ruggedized
fiber optic cable. The user can option either mode as the tactical situation dictates or both
if a form of redundancy is required. Prior army tactical communications systems have
employed seperate cable and radio facilities.

The use of GaAs injection diode sources and LEDs in communications either through the
atmosphere or over a fiber optics cable has been a potential solution for a variety of
problems. Fiber optic work conducted at Corning, Bell Labs, and in Japan, etc., have
greatly advanced the state of the art in this area.

We will discuss one application of this technology to a 100 ft link used to interconnect two
conductively isolated communications vans. A data rate of 15 Mb/s with a probability of
error (Pe) of less than 10-8 is required. Cost constraints imposed a cost ceiling of
$1500/terminal in production quantities. A feasibility model of this equipment was
designed, constructed and tested.



The initial portion of the paper deals with calculating critical system parameters and
atmospheric effects on the system. This design concept is depicted in Fig 1. A summary of
the electrical, optical and mechanical design are followed by the test results. A model of
the system is shown in Fig 2.

Fig 1  Air Link/Fiber Optic System

Fig 2  Communicator Model

Discussion

Functional Concept   A block diagram of the LED communicator is shown in Figs 3 and
4. The transmitter is capable of accepting fractional baud (1/2 or less) pulses at a rate of 15
Mb/s or less, converting these to light pulses at 0.9 um, for transmission over a 100 ft
atmospheric or fiber optic path. When S1 is in the align position a 1 kiloHertz tone is
transmitted for system optical alignment purposes. Optical alignment can also be achieved
by sighting through an externally mounted sighting scope. The receiver, as configured in
Fig 4, converts the optical pulses into electrical pulses on a one for one basis. When high
speed data is received, it appears on the data-out line as a series of 34 ns pulses while the
1 kilohertz tone can be monitored with a head-phone. An AGC is provided to compensate 



Fig 3  Transmitter Block Diagram

Fig 4  Receiver Block Diagram

for the large dynamic range in incoming signals. This can occur over different atmospheric
paths or variable lengths of fiber cable.

We now calculate critical system parameters and the resulting performance of an
atmospheric link operating at 0.9 um. We assume a silicon avalanche photo diode is
employed as the detector electro-optic transducer. We will briefly discuss the effects of the
atmosphere on the optical signal. This will be followed with a calculation of the required
SIN for the system to maintain a probability of error of 10-8.



Once this is determined the required receiver power and transmitted power can be
calculated. Optimization of the bias of avalanche photo diode is of interest and system
performance is optimized for worst conditions. The system clear-weather-margin is also
determined.

Atmospheric Effects   The atmosphere tends to degrade system operation in two principal
ways: (1) path losses, and (2) background radiation giving rise to receiver noise.

Path losses can occur due to scattering, absorption, and turbulence effects [ref 1,2].
Turbulence, caused by variations in the index of refraction along the propagation path, will
be minimal in this system due to a combination of short distance (100 ft) and beamwidths
in the order of milliradians. Fades associated with this phenomena are expected to be no
more than a few dB [ref 3] and tend to occur during clear weather conditions when signal
level is a maximum. The two principal loss mechanisms are absorption and scattering. A
fairly detailed study of both these loss mechanisms is contained in ref 1 Absorption losses,
due to rain, and corrected for forward scattering, are shown to be approximately .5 dB
over a 100 ft path for a rainfall of 4 in./h. These conditions are considered deluge
conditions of very rare occurance. As will be shown later, system margins of 30 dB are
obtainable so that rain should not cause any system outages. Scattering losses that are the
primary logs mechanisms in fogs, snow, dust and smoke are the atmospheric conditions
that offer possible threats to this system. One has to attempt to provide sufficient margin so
that worst-case fogs, snow, smoke, etc., will not cause system outages. The effects of fogs
have been most closely studied while little quantitative data is known about the effects of
heavy man-made smoke and dust. Fogs have been observed that produce losses of 200
dB/km [Ref 4]. Losses of 1000 dB/km can be tolerated by this system as will be shown
shortly. No data is currently available on frequency of occurrence of fogs with these high
losses. Losses in snow have only been defined qualitatively as being somewhat less than
those associated with fogs. Even less is known about chemical smoke. For the moment we
shall say that an attempt was made to maximize the S/N margin of the system within
constraints on beam width imposed by stability requirement. The quantitization of losses
associated with heavy snow, chemical smoke and very heavy dust are still under
evaluation.

We will briefly comment on quantity and effect of atmospheric background noise.
Background noise can vary over a rather extensive range depending on weather conditions
and aiming of the receiver terminal. The worst case occurs when direct sunlight enters the
cone of acceptance of the receiver and, in general, the noise signal that results will saturate
the receiver circuits and prevent communication. Lesser conditions of background noise
occur on bright cloudy days or when light is partially reflected off of various objects into
the receive aperture. The only effective way one can deal with direct sunlight is to avoid it.
The equipment should be aimed so that acceptance angle is never pointed toward the sun.



If the beamwidth can be kept narrow enough, one can attempt to use the opposite
transceiver as a sunshade.

A quantitative discussion of background radiance can be found in refs 2 and 5 . Typical
values of N (8) = back round radiance, in units of watts/cm2 - sterad - D are 3 x 10-7 for a
bright day and 1 x 10-7 for a typical day. We will translate these numbers into detection
photo currents shortly. In general, average background noise is approximately equal to
receiver device noise of an avalanche photo diode.

The receiver operates in an asynchronous mode, constantly looking for pulses that exceed
a pre-established adjustable threshold. Such a mode of operation is inferior to a coherent
system since no sampling window is used at the receiver. However, this was necessary in
this application because the data transmitted was not synchronous. Also adjacent pulses
were separated by at least 67 ns. Because of the signal format employed, a T FAR analysis
used in radar systems is applicable [refs 3, 6, 7].

Assuming a probability of error (Pe) of 10-8, an approximate pulse width J of 34 x 10-9s,
and a bit period I of 67 x 10-9s, the required signal to noise ratio at the receiver was found
to be 21 dB.

In order to determine the required receiver power it is important to carefully describe the
avalanche photo diode (APD) gain and noise characteristics. The gain is a function of
external dc bias and should be optimized prior to determining the peak current necessary
to meet the Is/In square noise calculated above. The expression for signal current squared
to meansquare noise current ratio of the detector [ref-2] is

(1)

where:
Ip = peak primary signal current
IBP = primary DC background current
Ib = bulk dark current
Kt = thermal noise current spectral density
)f = equivalent noise bandwidth
M = ADP current gain
X = ADP excess noise factor
Is = receiver signal charge
In = r.m.s. receiver noise current
q = electronic charge



Here we neglect surface dark current which is not subject to gain multiplication and is
negligible compared to other terms in the denominator of Eq. (1). Note that unlike systems
at lower frequencies, the signal also contributes to the noise.

The value of In is assumed to be the same independent of the absence or presence of the
signal. Since this is not the case here, we have chosen the worst case assuming In has the
value associated with the signal being present. This forces a somewhat higher threshold
than required. This problem is treated more exhaustively in ref 6 where the assumption is
shown not to have a significant effect on calculations of system performance.

We next maximize Eq. (1) with respect to M by differentiating, setting the result equal to
zero. Solving for M opt. we obtain

(2)

Substituting back into Eq. (1) and letting                                 mean square thermal noise
current, we obtain

(3)

From our APD parameters we know Ib and ITH and can calculate IBP from N (8).

(4)

where:
Ar = receiver area
Sr = solid angle receiver field of view
Bo = bandwidth of optical filter
Tr = transmission coeff. of receiver optics
0d c = quantum efficiency dc
h = Planck’s constant
f = center frequency of the receiver filter



We now proceed to solve for Ip required to achieve the minimum

(5)
This involves the solution of a transcendental polynominal equation in Ip derived by
reforming Eq. (3). This solution can be found via iteration. Once Ip is known we can find
Mopt and check the solution by recalculating                 . To find the incident power from Ip

(6)

where s = 0ac /hf. The required peak power out of the transmitter can now be found since

(7)

where:
R = range 2t = beamwidth of transmitting
F = atmospheric loss coefficient  lens system

A typical set of parameters and resulting system performance is shown in Table I. Similar
calculations were conducted assuming that high loss fiber optic was employed. Setting IBP

= 0 one can find a required receiver power of 2.3 x 10-7 watts.  for a Pe = 10-8. Thus, one
could afford a total of 40 dB losses due to fiber and coupling losses.

TABLE I

SYSTEM PARAMETERS

GIVEN PARAMETERS

N(8) = 2 x 10-7 W/cm2-steredians-D
A r = 81 cm2 IBP = 1.46 x 10-8 A
Sr = 1.1 x 10-5 sterad )f = 7.85 x 107 Hz
B0 = 500 D ac = .25
Tr = .5 x = .3
0d c = .45 2r = 3.75 milliradians
ITH = 6.2 x 10-8 A Tt = .7 Ib = 1 x 10-8A



CALCULATED SYSTEM PARAMETERS

S/N = 127 PLED = 2.0 x 10-6W
Ip = 2.6 x 10-8 A M = 74
Pr = 2.86 x 10-7 W S/N margin  = 30 dB clear weather margin
Po = 1.27 x 10-6 W

Electrical Design   The functional diagram of the transmitter and receiver are shown in
Figs 3 and 4.

The transmitter utilizes seven dual in-line digital integrated circuits. Twisted pair
transmission lines feed current pulses to 18 mil diameter LEDs from their respective
drivers. Each driver consists of four paralleled dual input gates. The LEDs utilized are
Texas Instruments SL 1345 units and have an output power of 5mW at 150 mA drive
current. Power consumption of the transmitter is 1.25 W.

An avalanche photodetector is used in the receiver as an electro-optic transducer. It is
more sensitive than a photo diode and is needed because of the high loss (1000dB/km)
attenuation of the fiber optic cable. The avalanche photo-detector module, a Texas
Instruments TIXL-79, contains its own temperature compensated bias voltage regulator
and low noise transimpedance (current-to-voltage) amplifier. The receiver utilizes seperate
avalanche photo-detector modules for atmospheric and cable modes of operation as each is
operated at a different avalanche gain to maximize the SIN of each under its particular
background radiation level. The Noise Effective Power (NEP) of this module is
5 x 1013W/%Hz.

The output of each photodetector module is passed through a diode attenuator and into a
gate controlled, two channel amplifier. Switch S1 determines which input signal is
amplified by the integrated circuit video amplifier.

In order to compensate for fast (100 Hz) signal fluctuations of up to 20 dB (although only
3-6 dB have been observed) a limiter is utilized. Slow (1 Hz) signal variations are handled
by the AGC loop, which has a 40 dB range. DC restoration is used to eliminate baseline
wandering with different signal input patterns. Power consumption of the receiver is
1.75 W.

Optical Design

Atmospheric   Plastic aspheric lenses were used in the imaging system of this equipment
since they are both inexpensive (approx $25/lens) and low in angular blur. Glass lenses
and parabolic mirrors were considered, but were found to be not cost effective.



The transmitter lens is a plastic aspheric lens manufactured by Combined Optical
Industries, Slough, England. This lens has the following specifications:

Diameter 4.5 in. Transmission    92%
Focal Length 4.882 in.
Material Acrylic
Refractive Index 1.491

The angular blur of the lens was found to be less than 20 mils by using a pinhole technique
with the lens used as a collector and a 5 in. diameter HeNe laser beam used as the source.
The resulting beamwidth of the transmitter, which utilizes an 18 mil diameter light emitting
diode is 3.7 milliradians.

Since it was desired to have a receiver field-of-view comparable to the beamwidth of the
transmitter, an 8 in. focal length, 4 in. diameter lens was dictated by the 30 mil diameter of
the avalanche photodetector. Neither conventional nor Fresnel aspheric lenses are made
with such geometries. For this reason, a Fresnel aspheric lens is utilized which has had its
diameter machined down to 4 inches. The resulting lens has the following specifications:

Diameter 4 in. Material Acrylic
Focal Length 8 in. Refractive Index 1.491
Transmission 87%

The blur of this lens was measured as previously discussed, with the blur spot size found
to be slightly smaller than the detector of 30 mils.

In order to reduce the noise generated by background radiation incident on the detector, an
optical filter is used. A 500 D filter is utilized to match the spectal width of the SL 1345
transmit LED and is centered at 9050 D. The filter is located in front of the receiver lens to
reduce angular effects on the filter bandwidth and center wavelength.

In order to aid in system alignment, standard rifle telescopes (Weaver V-7) are mounted
and boresighted to the transmitter and receiver.

Fiber Optic Couplings   Standard high loss (1000dB/km) fiber optic cable (Corning
5010) with a numerical aperture of 0.6 and a diameter of 45 mils is utilized in the system.
The transmitter LED is mounted in a modified UHF feedthru connector with the fiber optic
cable terminated in a matching connector. Air index-of-refraction-matching (index equal 1)
is utilized to optimize signal coupling.



The avalanche photodetector module is secured in an adapter which is machined to accept
a teflon bushing. The receiver end of the cable is fitted into the teflon bushing which is
held in the adapter by a retaining ring. A protective window on the photodetector was
removed to allow the cable end to come within 15 mils of the avalanche photodiode
surface. No attempt at index of refraction matching was made at the receiver interface. A
loss of 3 dB is present at the cablephotodiode interface due to differences in cable and
photodiode diameters (i.e. 45 mils and 30 mils).

Production models of this equipment will utilize new low loss ( 20 dB/km) fiber optic
cable and index of refraction matching at both the transmitter and receiver to increase both
the range capability and reliability. Differences between cable and detector diameter will
also be delt with either through increased detector size or optical imaging techniques.

Mechanical Design   The transmitter and receiver packages were designed with flexibility
and simplicity in mind.

Both cases are constructed of aluminum with brass inserts for focusing, lens retention,
LED, and photodetector mountings. This arrangement gives good mechanical stability to
the optical system. Sighting telescopes are mounted on the side of each unit while tripod
mounting plates are provided on the bottom. Plexiglas windows are provided to protect the
transmitter and receiver optics. The electronics of each unit is contained on a single circuit
board. These boards are mounted in electronics compartments located on the rear of both
the transmitter and receiver.

Test Results   Approximately one month of testing was conducted over variable length
atmospheric paths up to 100 ft maximum. The fiber portion of the system was tested at
lengths of 20 ft, 40 ft. and 60 ft using conventional fibers. The bulk of the testing was done
on the atmospheric portion of the system. No system outages or errors were observed due
to the wide margin designed into the system. Tests were run during a moderate fog and a
heavy rain (1 in./h). No snow or smoke data has been taken. Because it takes extreme
conditions to produce a system outage we feel that the worst case conditions must be
simulated. The introduction of chemical smoke and manmade snow into the path seem
reasonable methods to indicate system limitations. Equipment testing under these special
conditions is continuing. The introduction of neutral density filters indicated.a threshold of
33 dB. A simulated N(8) 2 x 10-7 watts/cm2 - steradian-XD A (Pe) of approximately 10-5

was used as the threshold indicator. These results are consistent with the performance
calculated earlier.

Conclusions   A feasibility model of a short range 15 Mb/s LED data communicator has
been demonstrated. The system  utilized both an atmospheric and fiber optic link. This
dual capability is highly advantageous in many tactical communications problems



encountered in the army. The approach can be synthesized for less than $1500 per
terminal. Additional effort is required to obtain ruggedized fiber optics capable of meeting
military specifications. Also worst case testing of the atmospheric portion of the system is
still not completed. This type of system will provide a replacement for a variety of radio
and field wire systems currently employed as well as additional bandwidth capability.
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THE NEED TO MEASURE MAN-MADE RADIATION FROM ORBIT
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Introduction   The spectrum is a natural resource which has been valueed at $4 billion per
megahertz. When the supply of spectrum exceeds the demand, spectrum management can
be non-existent. As time progresses, the supply/demand ratio continues to allow
implementation of necessary services. This need was formally recognized fifty years ago
with the formation in 1922 of the Interdepartment Radio Advisory Committee (IRAC) to
make effective use of radio frequency assignments to Government stations. Today there
are over 120,000 assignments, and there are over 50,000 new applications annually (1).
With this tremendous number of transmitters, Management of the radio spectrum is a
complex multi-agency function. Monitoring of the radio frequency spectrum is required by
the spectrum managers to (a) only authorized users are radiating, (b) that these radiations
within the authorized limits, and (c) that the spectrum is allocated optimally.

Monitoring of the spectrum is usually accomplished with aircraft and terrestrial spectrum
analyzers. Satellites offer another method for acquiring data on the utilization of the radio
spectrum.

It is not clear where or when the idea of measuring man-made radiation from orbit first
occurred. In recent years studies of the feasibility of such measurements have been made
(2) and experiments have been performed to demonstrate the technique (3). In addition,
measurements have been made from the air (4) at altitudes from 1 km to 10 km which can
be directly related to data that would be obtained from a 400 km orbit.

One detailed study (1) of orbital measurements concluded that satellites would have the
following uses:

A. Preparing environmental maps
B. Comparing actual environment with data banks such as FCC and ECAC
C. Optimizing spectrum utilization on world-wide, regional, and national basis
D. Contributing to engineering of specific communication systems
E. Locating low noise areas for siting economical satellite communication systems



F. Determining interference potential between spacecraft
G. Protecting and siting radio astronomy stations.

Measurements of electromagnetic fields from orbit in the VHF frequency band showed the
ability to detect signals that could be associated with specific equipment known to be
operating at various frequencies within view of the satellite (3). Measurements were made
of the average and maximum signals for 71 frequency scans of a receiver in the LES-5
satellite over the United States between July 1967 and March 1968. The analysis identified
AN/FRT-49 ground-to-air transmitters operating at 254.4, 261.2, 261.4, 261.6, 276.4,
276.7, and 278.6 MHz. This experiment demonstrated the usefulness of spaceborne
spectrum analyzers for identification of terrestrial noise sources.

Studies and experiments to date have indicated the potential application of space for
collecting data to assist in spectrum management and the facilities required (5)(6)(7).
Technology developments are required to improve the spatial resolution. Experiments
being planned will provide information that should aid in the formulation of mathematical
models to minimize the amount of data that must be collected to provide continuous
monitoring of the spectrum.

The Spectrum Management Problem   The spectrum management information need
requires:

A. Collection of spectrum occupancy statistics for different geographical locations.
B. Location, characterization and identification of single sources of known frequency

somewhere in a large geographical region.
C. Characterization of equipment characteristics.
D. Development of mathematical models to describe the environment and minimize the

data needed.

Once the necessary information is obtained, it should be possible to make more intelligent
decisions regarding frequency allocations and sharing.

The primary unfulfilled spectrum management need is information on how the spectrum is
presently being utilized. Knowledge of present spectrum utilization is a prerequisite to the
determination of the additional uses that can be accommodated. Existing electromagnetic
environment data files such as those at the Electromagnetic Compatability Analysis Center
(ECAC) in Annapolis contain extensive information on electronic equipments; their
nominal characteristics and geographical location. These files contain little information on
spectrum occupancy statistics. There is now no way of knowing if any of the equipment is
ever turned on or for how long. It is difficult to decide if a given frequency band can
accommodate another transmitter when the present occupancy statistics of that band are



unknown. Satellites offer the potentiality of obtaining real time data on actual spectrum
occupancy including temporal periods (diurnal, weekly, and seasonal) and long-term
trends. And satellites offer the potentiality of obtaining this data for many different
locations on the globe.

The existing environment files provide no information or clues to the presence of intruders.
Previous intrusions that resulted in sattellites being erroneously commanded have not been
eliminated by location and identification of the intruder. These previous problem have been
eliminated by advertising our grief to the broadcasting community to encourage their
voluntary departure. Ultimately it seems desirable to have the capability of locating,
characterizing and identifying sources of known frequency somewhere within a large
geographical region.

The existing environment files provide no information on the spectral signatures, in-situ
antenna patterns and other equipment characteristics necessary for prediction of spectrum
occupancy statistics. As operating system crowd closer together in both space and
frequency, it becomes more important to know the out-of-band spectral characteristics and
radiation patterns. These and other equipment characteristics can be expected to change
with time and depend upon equipment aging and the maintenance history. The diversity of
equipment appears to make it unrealistic to assume that adequate characteristic data can be
acquired and maintained from ground measurements. It appears desirable to have the
capability of characterizing equipment in place from an orbiting satellite for spectrum
management needs.

The collection of data from orbit for spectrum management would require an extensive
storage capability if it was necessary to rely exclusively on empirical measurements. It
therefore appears desirable to develop mathematical models to describe the environment
and minimize the data needed.

While it is important to acquire information an spectrum occupancy and equipment
location and characteristics, it is also important to acquire the capability of describing this
environment quantitatively mathematically to reduce the number of measurements required
for routine monitoring. The program of measuring fields from orbit should therefore
include the prior generation of mathematical models that can be verified by the
measurements.

There is also a need to be able to predict the electromagnetic environment to be
encountered by a future mission from the data collected on a prior field measurement
mission. The measurements made in one orbit by an antenna with one field of view will
have to be extrapolated to other orbits and spacecraft antennas with other fields of view. 



The creation of mathematical models to describe the environment must contain this
extrapolation capability.

Frequency allocation is the process of reserving specific portions of the spectrum for
particular communication services. The addition of space services to the previously
allocated terrestrial services has resulted in a situation in which almost all space services
must share frequencies with terrestrial services. Figure 1 shows the allocations to space
and terrestrial services in the frequency range 100 MHz to 15 GHz. The bars between the
horizontal dashed lines are the cumulative space and terrestrial allocations.

Figure 1  COMPARISON OF SPACE AND TERRESTRIAL
FREQUENCY ALLOCATIONS

Technology Needs   The complete set of measurement needs described above appear to
be somewhat beyond the present technical state-of-the-art. The frequencies of interest will
eventually extend above the range shown in Figure 1, although that range is more than
adequate for present needs. The fabrication of flight receivers to cover this range is
feasible now. There are some receiver technology improvements that would be desirable
including the attainment of a low noise figure at the higher frequencies, the elimination of
all spurious responses within the band, and improved rejection of out-of-band signals.



The major technological challenge is in the development of flight antennas to produce a
narrow beam for high resolution (5 km) at the low end of the frequency band (100 MHz).
Ideally, it would be desirable to have a single antenna that could cover the entire band and
be able to zoom from a 130E field of view to a 2E field of view in low earth orbit. At the
low frequencies this implies an aperture of about 70 meters. The advent of the shuttle
(Sortie Lab) will allow the use of man for the development of the technology of erecting
large apertures in space.

Technology Development and Measurement Program   A program is needed to
perform the measurements and develop the technology described in the above sections.
Such a program would include the pursuit of a mathematical description of the
environment for comparison with the measured data. The output of the program would
include data to supplement existing environment files and improved technology to permit
more refined future measurement.

A complete program would make use of existing flight opportunities and future planned
missions for data collection. Low-orbit missions offer the possibility of better spatial
resolution than higher orbits. High inclination angle missions offer the possibility of global
data collection. Non-sun-synchronous orbits will permit data collection at different times
of the day to characterize the diurnal variations. An on-board tape recorder on a low-
orbiting satellite permits data to be collected beyond the view of ground stations for later
relay to earth. A geostationary orbit allows frequent sampling of the environment from the
same orbit point to collect good temporal statistics. A dedicated satellite minimizes the
amount of on-board equipment that could interfere with the measurements. A manned
mission with large size and weight capability permits the development of technology that
would be expensive if attempted on unmanned missions.

There is also data available from previous and present missions that could be analyzed to
provide information on global signal levels. It is desirable to review present data and data
analysis programs to make maximum use of existing data.

Data Reduction and Analysis   Electromagnetic field data can be processed, analyzed
and presented in a variety of ways to describe the variations in received power with
geographical position, time and frequency. Some of the possible output presentations are
shown in Figure 2.

The specific analysis performed on the data depends upon the types of signals received
and the purpose of the analysis. These factors can be different for the different frequency
bands.



Presentation Parameter Remarks

Average Power Spectral Density Power Spectral Density
Versus Frequency

Antenna Pointing and Satellite
Location are Fixed

RFI Power Versus Time of Day Total Power in a 1 MHz
Band Versus Time

Antenna Pointing, Satellite Location
and Frequency are Fixed

RFI Power Versus Spacecraft
Longitude

Total Power in a 1 MHz
Band Versus Spacecraft
Longitude

Antenna Pointing, Time of day and
Frequency are Fixed

Channel Occupancy Rate Percent Time Channel
Occupied Versus
Frequency

At 5 dB Threshold and Fixed
Longitude

Probability That Ordinate Length
of Message is Exceeded

Time Between Message
Versus Probability of
Occupancy

Frequency is Fixed

Probability That Ordinate Time
Between Messages is Exceeded

Time Between Message
Versus Probability

Frequency Fixed

Probability That Ordinate Power
Density Will be Exceeded

Power Spectral Density
Versus Probability

Frequency Fixed

Quick Look Power Spectral
Density

Power Spectral Density
Versus Frequency

Date, Time, Antenna Pointing, and
Satellite Location are Fixed

Movie Frame of PSD Display PSD Versus Frequency Frame No.
Date, Time Z
Lat., Long.

Geographic Location Movie Frame Latitude Versus
Longitude

RF I MAP DATA
Frame No.
Dates
Time
Time Z
Frequency Fixed

Difference Plot Difference in db Versus
Frequency

Antenna Pointing and Satellite
Location are Fixed

Scatter Plot Power Measured in 1
MHz Versus Predicted
Power

Antenna Pointing and Satellite
Location Fixed

Total Power in 1 MHz Band Power in 1 MHz Band
Versus Frequency

Antenna Pointing and Satellite
Location Fixed

Figure 2.  EM Field Measurement Data Presentation Formats



Conclusion   The experience of NASA has indicated the importance of being able to
predict (and thus avoid) harmful RFI. A measurement program is required to gather data to
provide an insight into the electromagnetic fields to be expected in orbit. Several satellites
could provide platforms for such measurements. The manner in which these platforms
could be used have been described (6,7).
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MEASURING TERRESTRIAL RADIO FREQUENCY
INTERFERENCE AT ORBIT ALTITUDES1

MARTIN E. BAYOL and PAUL A. LOCKE
National Scientific Laboratories, Inc.

Summary   Satellite systems, by virtue of their large terrestrial fields of view, may be
exposed to a great many man-made radio signals the aggregate effects of which can be
deleterious to satellite receivers. An experiment has been designed to measure and
characterize such man-made interference at orbital altitudes. The experiment, as designed,
requires dedicated hardware on a spacecraft of specified orbit and will measure (within the
frequency range of 400 MHz to 12.4 GHz) peak levels of interference in cells dimensioned
in space, time, and frequency. The experiment will provide data indicative of some of the
statistical characteristics of interference levels at satellite orbital altitudes and will provide
designers of satellite communications links with new facilities for the prediction and
prevention of interference problems, and should provide a considerable data base for use
in long range planning of spectrum utilization.

Introduction   A primary consideration in the design and development of satellite
receivers is the error-producing effect of noise on system performance. There are three
major sources of such “noise”. One is that due to natural phenomena. Another is due to
intentional non-information bearing signals, such as jamming. The third is due to
extraneous information-bearing fortuitous signals from the earth. True noise is always with
us, and jamming is not usually encountered in a non-military environment. The noise at
satellite altitudes due to terrestrial emissions has not yet been characterized. The need for
considering this type of noise is based upon the fact that practically all space frequency
service allocations are shared with terrestrial services, and sometimes with other space
services.

Specific incidents involving several different satellites have demonstrated that interference
at orbital altitudes can be a problem. For example, an examination of twenty-four orbits of
the OAO-A2 Spacecraft revealed extraneous signals above threshold on all of the orbits
examined; on at least two occasions operational difficulties were experienced due to
Command Memory hangups or lockouts possibly caused by such extraneous signals. An
examination of telemetered data from the four satellites OSO-5, OSO-6, OGO-6, and
Nimbus-3 over 37 satellite-months of continuous operation revealed 237 unexpected



spacecraft status changes involving the tone and tonedigital command systems, likely
attributable to man-made noise. Telemetry data from the IMP-F(4) spacecraft over a three-
day interval were examined, and it was found that 3% of the telemetry data were effected
by interference. During ATS-3 experiments a number of signal drop-outs were experienced
due to interfering signals saturating the spacecraft receiver.

Several electromagnetic signal and interference measurement satellite experiments have
been conducted during the past decade, Such experiments were carried by the Lincoln
Experimental Satellites LES-5 and LES-6 for the 255-280 MHz and the 290-315 MHz
bands. An experiment has been planned for ATS-F to measure emissions in the common-
carrier band of 5.925 to 6.425 GHz. Man-made noise information at satellite altitudes has
resulted from NASA experiments other than specific RFI experiments. For example, the
output of the 466 MHz command receiver for the Interrogation, Recording and Location
Subsystem (IRLS) on Nimbus IV was recorded continuously for sixteen months.

In every case prior experiments related to man-made noise have been limited to special
problems or narrow specific frequency bands. In this paper a broader scope experiment is
described that is designed to measure and characterize the interference at satellite orbital
altitudes. Included in the following sections is a description of the overall experiment
design, its approach and its major parameters; the instrumentation associated with the
experiment; the data collection requirements and trade-offs; and the data analysis and
handlin requirements and structure. The paper concludes by discussing the advantages and
limitations of the experiment.

Overall Experiment Design   The major objectives of the proposed man-made noise
experiment are:

• To measure the levels of terrestrial “noise” at satellite orbital altitudes

• To support spectrum monitoring activities of frequency administration and
regulatory agencies by providing a valuable data base for use in long range planning
for future spectrum utilization.

The primary experiment goal is collection and manipulation of man-made noise data to
provide needed information for frequenc planners and communications link designers.

Studies and analyses have established some of the major parameters and data requirements
for this type of experiment. It has been determined that the man-made noise experiment
should provide:



• Maps of incident power flux density isopleths for different orbit altitudes, frequency
bands, and earth coordinates;

• Statistical graphs of incident peak power levels versus frequency, time and
geographic coordinates;

• Tabular listings of incident peak power levels based on frequency, time,
geographical coordinates, or incidence angle.

Such outputs can best be obtained through the use of a ground controlled, programmable,
wide dispersion data collection receiver on a spacecraft operating in an “optimum” orbit.
The primary data output from the satellite will be frequency, time, and orbit location.

The experiment will require a dedicated spacecraft in a prograde elliptical orbit of
approximately 63E inclination and .045 eccentricity. Its mean altitude will be 1000 km, its
apogee-perigee altitude ratio will be 2:1, and the line of apsides of its orbit will be
maintained at the equator.

The data will be transmitted in real time via a dedicated telemetry transmitter or recorded
by an onboard recorder. The prerecorded and real time data streams will be similar, except
for the inclusion of a signal in the down-link data stream to identify acquisition time for the
“out-of-sight” channel.

The commands provided to the satellite for operation of the receiver will control all of the
variable elements of the receiver including its fundamental operating mode (i.e., fixed
frequency or scanning); its frequency or frequency range of operation; its gain and its
calibration. In addition, operation of the onboard recorder is also under control of the
timed commands. Table 1 summarizes major design goals, constraints and values for the
overall experiment.

Table 1  Summary of Experiment Design Goals and Constraints

FREQUENCY
COVERAGE

- 400 MHz - 12.4 GHz

RECEIVER - Single receiver for complete frequency coverage,
selectable:
Dispersion - 10 MHz - 12.4 GHz
Dispersion Rate - 200 MHz/Sec. Max.
Bandwidths - 20 kHz, 100 kHz



ANTENNA - • One earth coverage frequency independent (variable
aperture) 400 MHz - 3000 MHz

• One earth coverage frequency independent (variable
aperture) 3 GHz - 12.4 Ghz

• One spot beam parabolic (fixed aperture) 3 GHz to 12.4
Ghz

GEOGRAPHIC
COVERAGE

- Initially, North America and Europe (defined by STDN
visibility). Expandable to complete populated world

ORBIT - Medium Altitude - 1000 km
Elliptical, Eccentricity .045
High Inclination 63.5E
Anti Sun-Synchronous Progressive
Orbit Plane 26E/rev Recession

SPACECRAFT
CONSTRAINTS

- Spacecraft Mass 150 kg
Launch Vehicle Scout D or E
Two Axis Stabilization, minimum 5E

DATA
HANDLING

- Down-link Data Rate
Primary (Experiment Data)

Real-Time 70 kb/s
Pre-recorded (“back-side”) 80 kb/s

Experiment Command Word 56 bits

Command Storage 64 cmds.

Tracking, Command & Data Fairbanks
Acquisition Stations Greenbelt

Corpus Christi
Quito
Winkfield

COMMAND
TIME
CYCLE

-
1000 min.



Instrumentation.   Figure 1 is a block diagram of major elements of the experiment.
Spaceborne components include 3 dedicated antennas, an antenna select unit, the
experiment receiver and controller interface unit, a digital tape recorder unit, and a data
transmitter. In addition, the usual or “normal” operating elements of a spacecraft will be
necessary; a command receiver, a telemetry transmitter, a power supply subsystem,
onboard propulsion subsystem, attitude control subsystem, environmental control
subsystem, and telemetry status subsystem.

The three dedicated antennas will consist of two conical logarithmic spiral types to cover
the spectrum from 400 MHz to 12.4 GHz and a parabolic antenna with conical log spiral
feed to cover the frequency range from 3 GHz to 12.4 GHz. The parabolic antenna will be
mounted in such a manner that, under ground command, it can be pointed either at the
nadir or toward the horizon. One of the conical log spiral antennas will cover the
frequency range from 400 MHz to 3 GHz, and the other will cover the frequency range
from 3 GHz to 12.4 GHz. The conical log spiral antennas will be oriented to have their
beam axes permanently pointed toward the nadir.

The nominal gains of the two conical log spiral antennas will be 6 dB, and their
beamwidths will be greater than 60E. The parabolic antenna will have a diameter of
approximately 1 meter. At the highest frequency of the receiver, the gain of this antenna
will be approximately 38 dB; at the lowest frequency approximately 9 dB. The half power
beamwidth will vary between 1.8E and 55 degrees from the highest to lowest frequency of
the receiver.

This particular antenna selection will provide “full field of view” coverage with the two
conical log spiral antennas for the development of scalar power flux density maps. The
gain of these antennas, however, is such that in the higher regions of the spectrum it is
likely that the minimum detectable e.i.r.p. from a terrestrial transmitter will be on the order
of +43 dBW. The need for data on lower e.i.r.p. levels has been determined, and the
parabolic antenna will provide the necessary gain for the higher frequency regions. The
data collected using the parabolic antennas will be used to develop statistics concerning
incident power from directly beneath the orbiting spacecraft and from the spacecraft’s
horizon.

The experiment receiver includes a number of unusual capabilities: Its dispersion (spectral
coverage) is from 400 MHz to 12.4 GHz; its effective bandwidth is 20 kHz; its frequency
stability is better than 1 part in 106 per day. Its detector function is “peak hold and reset”;
and its output is digital.

The maximum noise figure is also noteworthy: 7 dB from 400 MHz to 2 GHz, and 10 dB
above 2 GHz. Such performance is achieved through the use of broadband, low-noise



preselector amplifiers. Three bipolar transistor amplifiers cover the range from 400 MHz
to 6 GHz, and two tunnel diode assemblies cover the 6 GHz to 12.4 GHz range.
Frequency accuracy and stability are achieved through the use of incremental timing, with
each of the receiver’s three local oscillators phase locked to a single crystal source.

Figure 2 is a block diagram of the receiver. when operating in its scanning mode, the data
collection receiver tunes in 100 kHz increments and locks up at each tuned frequency for a
predetermined period. Its final IF and video section consists of five, parallel fed,
contiguous 20 kHz IF amplifier detector assemblies covering the 100 kHz IF passband. At
the commencement of each timing lock up period, a peak detector is enabled in each of the
20 kHz channels. At the end of the period, when the timing circuits are incremented to the
next frequency in the scan, the levels in the peak detectors are simultaneously sampled by
five sample and hold circuits and the detectors are then reset, or dumped, for the next
“sample interval”. Each of the five sample and hold circuits is successively fed to the
output analog to digital converter. Hence, during each sample interval, the receiver output
consists of five seven bit bytes which describe the peak levels in each of the five
contiguous 20 kHz IF channels during the previous sample period. The output is similar
when the receiver is operating in its fixed frequency mode. The sample interval is
controlled by the externally selected downlink data rate, and the sample interval sets the
effective receiver scan rate. During each scan, the receiver is inhibited at preset intervals
for the insertion of flag bytes and command readout into.the output data stream.

Each experiment command consists of 56 bits fed serially to the command decoder section
of the receiver. The command specifies:

• Receiver operational mode (fixed frequency or scanning);
• Tuned frequency (lowest, for scanning mode);
• Dispersion range (band of scanning);
• Antenna;
• Calibration;
• Gain;
• Recorder operation (stop, record, play, rewind);
• Execute time;
• Clock reset (zeroize);
• Override (immediate execute)

From 1 to 64 commands can be loaded sequentially for execution during the 1000 minute
time cycle of the experiment controller.

Ground support equipment will consist primarily of station complement hardware
augmented as necessary to facilitate first level prerecorded data processing. Channel



assignment, data and command commutation, tracking details and like matters of import
may bear considerably upon dedicated hardware requirements for the participating ground
stations. A dedicated telemetry system has been postulated for the downlink data stream(s)
frcm the experiment receiver; this implies a separate receiver and demodulator for the data
channels in addition to the normal spacecraft telemetry down-link. The provision of data
stream synchronizing or flywheel timing may entail unique hardware, and an automatic
data processing capability has already been mentioned. Such facilities may require a
dedicated “mini” at the station for the experiment if a highly flexible ADP and cross
connect capability are not available for experiment use. At one of the ground stations a
visual “quick-look” terminal is postulated to be based on a CRT or a “3-D” (time,
amplitude, frequency) display.

Data Collection   The characteristics of the spaceborne receiver are such that, in
conjunction with ground processing, a wide latitude in the incremental or quantization
levels of individual measurement parameters is readily attainable. The recommended limits
on attainable measurement characteristics and quantization levels are as follows:

• Amplitude: peak level during measurement interval; 1 dB increment; 65 dB
dynamic range

• Spatial: dependent on tracking accuracy and records; one measurement interval per
4 meters of spacecraft travel;

• Frequency; 20 kHz passbands specified to 1 Hz/MHz; five contiguous passbands
measured simultaneously per measurement interval;

• Time: 500 microsecond minimum measurement interval; accuracy dependent on
propagation ambiguity and ground station clock quantization accuracy.

Each primary data point will describe the peak level of incident RF energy in one of five
simultaneously measured contiguous 20 kHz channels during a 500 microsecond
measurement period and a 4 meter track segment of the satellite orbit. When constant gain
antennas are used, the measurements will not be highly influenced by RF energy incidence
angle; when the constant aperture antenna is used, the directivity characteristic will weight
the measurement appreciably.

In operation, the experiment will collect data using the following sequence. When a
command is received, the output data stream will convey the command word and then
commence outputting data bytes; upon completion of 500 data samples (10 MHz), flag
words are outputted identifying 10 MHz crossover points. Upon completion of each full
scan, flag words and the command words are outputted while the receiver resets. The



receiver detectors are inhibited as required during the transmission of non-measurement
data to assure that all measurement intervals are of uniform duration.

Data Handling and Analysis   The procedures and techniques established for the flow,
storage and processing of data from the experiment are directed to efficient use of ADP
equipment and the magnetic tape storage medium, to timely generation of useful output,
and to flexibility in the hands of the principal investigator. Central to the data handling and
analysis scheme is the concept of a central, fixed size magnetic tape library for archive
storage of reduced data. Such a library will contain the accumulated statistics on levels
encountered in addressable records identified by spatial, spectral and temporal
characteristics, and the statistics will be updated throughout the course of the experiment.

Two objective modes of operation are planned for the experiment. The first mode
measures and stores peak power levels as a function of frequency, geographical area, time
of day, time of year and satellite altitude in order to develop power flux density maps that
depict the levels of interference in terms of the above parameters. The second objective
mode measures interference levels in narrow frequency bands, over relatively small
geographical areas, at specific diurnal or annual phases, on a demand basis. The basic
processing algorithms and data reduction procedures will be similar for both modes. The
primary difference will be in the dimensional resolutions or boundaries to be used in the
data storage library.

Within such a library, the lowest individually addressable element is a frequency record.
The frequency record contains a number of amplitude cells, a maximum and a minimum
amplitude byte, and a flag. The amplitude cells each contain the count of samples falling
within their amplitude boundaries. The amplitude bytes provide the highest and lowest
levels encountered within the record, specified to the precision of the original data. The
flag is set if any of the amplitude cell counts exceeds the maximum level; no further data is
accepted for a record with a flag. The frequency record is bounded in time, and space by a
location or address hierarchy which facilitates its acquisition and use.

A practical library organization provides for the storage, retrieval and updating of archive
data with a minimum number of sequential storage area passes. A typical library could
store by annual season, nominal altitude, geographic resolution element, diurnal phase, and
frequency. Data will be classified initially by annual season of acquisition (one of four). It
will then be specified as to acquisition altitude (either apogee or perigee); the orbit has
been specified to facilitate this classification. The geographic resolution element provides
the next descriptor, and finally the acquisition frequency identifies the location of the data
to be manipulated. Hence, in a typical library, each of four seasonal sublibraries will
contain two altitude sectors. Each altitude sector will contain a number of geographic
“bins”, and each “geo-bin”, in turn, contains a number of diurnal blocks. Within each



diurnal block, a set of frequency records are contained. With the assignment, by the
principal investigator, of practical boundaries in each of these dimensions, the incoming
data can be buffered, indexed, smoothed and accumulated in the appropriate locations
within the operational library.

The orbit for the experiment is eccentric. The ratio of its perigee to apogee is 2.0. The
satellite will be within ±10% of its apsidal altitudes during approximately half of each
orbit, permitting the classification of input data by two distinct orbital spheres. (Such
concentric measurements will facilitate the extrapolation of data to other altitudes and to
the earth more readily than a single altitude orbit scheme). It is for this reason that the
primary data index is by altitude.
The “geo-bin”, or geographic resolution element, conceived for the experiment will define
an area specified in terms of equatorial longitude boundaries and latitude boundaries. The
shape, or form, of each geo-bin will depend upon its latitude boundaries: at or near the
equator, geo-bins will closely approximate parallelograms (on a planer map) but near the
inclination limit (63.5E), they will appear to have curved boundaries. However, such bins
facilitate data indexing and cataloging, and are, in fact, no less “regular” than any other
readily defined spherical surface apportionment.

The data handling and analysis scheme for the experiment is heavily dependent upon the
characteristics of the ADP facilities to be used and is based on computers structured with
60 bit words and 15 bit bytes.

Conclusions   The need for accurate characterization of the earth looking satellite
receiver’s interference environment is apparent. Such characterization can benefit the
spectrum manager and the satellite communications terminal designer greatly. The
experiment discussed here should provide outputs which will model the man-made
interference environment for a wide variety of satellite applications.

A major feature of this experiment is frequency range. While the entire 12 GHz range is
not expected to be covered extensively during the experiment, any portion can be studied
in detail at any time throughout its duration.

Another noteworthy feature is spectral resolution; the accuracy and resolution of frequency
is generally sacrificed for frequency range, but for the man-made noise experiment, this
sacrifice has been avoided.

Additional performance objectives and characteristics worthy of note include the use of an
“unusual” orbit to achieve measurements over a 2 to 1 altitude range; the extensive control
of the spaceborne data collection receiver from the ground, and the design of data
processing techniques based on predimensioned archive files. Finally, one objective not



mentioned previously is to avoid the stigma of the monitor or spy by conspicuously
avoiding the demodulation of received signals.

In conclusion, a word about the limitations of this experiment is in order. The location of
individual terrestrial transmitters, particularly in crowded bands, will not be feasible. The
determination of modulation characteristics of detected signals will not be possible.
Tracking of ground target areas is not possible. While these limitations could affect the
overall utility of an experiment such as this, for certain applications they are not considered
serious constraints within the objectives of this experiment.



 FIGURE 1   MAN-MADE NOISE EXPERIMENT HARDWARE



FIGURE 2   MAN-MADE RECEIVER FUNCTIONAL BLOCK DIAGRAM
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Introduction

Electromagnetic incompatibility and spectrum pollution resulting from the proliferation of
new communication systems has prompted the need for more efficient use of the radio
spectrum. Experience with operational satellite systems and planning for domestic satellite
systems with optimum utilization of the frequency spectrum has shown the need for
empirical data on mutual RF interference between satellite and terrestrial systems.1

The National Aeronautics and Space Administration is currently implementing an
experiment to provide data on the feasibility of expanded spectrum sharing.2 The ATS-F
Radio Frequency Interference Measurement Experiment (RFIME) is designed to measure
and evaluate the amount of up-link carrier power interference between synchronous
satellite and terrestrial microwave relay systems in the shared common carrier band of 5.9
to 6.4 GHz. Parametric measurements will include transmitted and received power levels,
propagation path loss and interference signal variations as a function of range, elevation
angle, rf polarization, and geographical location of interference sources. This experiment is
scheduled to acquire data for a period of one year following the launch of ATS-F in 1974.

Following a statement of the technical objectives for the experiment the remainder of this
paper contains an abbreviated system description, system performance characteristics and
a generalized measurement plan.



Technical Objectives

The technical objectives of the uplink interference tests and measurements are:

• Determine the integrated interference power from all 6 GHz terrestrial sources sharing
the common carrier band within the RF field of view of the ATS-F satellite;

• Establish practical G/T (receiver antenna gain/noise temperature ratio) limits for
satellites sharing the 6 GHz common carrier band;

• Determine the geographical and frequency distribution of 6 GHz terrestrial sources
sharing the common carrier band;

• Establish a protection ratio - wanted to unwanted carrier power (C/X) at the satellite
receiver;

• Investigate mathematical modeling for predicting RP interference.

Uplink tests (Figure 1) are designed to measure and identify the RF carriers of ground
transmitters radiating in the 6 GHz band which are potentially capable of interfering with
uplink transmission. These tests represent the only realistic method of determining the
integrated interference power generated in the large peographic area that can be seen by a
satellite. Because of potential uplink interference, there will be a practical lower limit to
earth station radiated power. This limit can be established by using the results of the uplink
tests to determine the distribution of interference power or to determine the distribution of
interference power with geographic location. This will be done to the accuracy permitted
by the satellite antenna pattern and pointing. Location information will be of use in the
event of unexpected sources of interference. It may also be useful in designing future
satellite system , since parameters can be based on interference levels in the particular
geographic areas in question.

System Description

The RFI measurement system is capable of examining uplink interference over the entire
shared frequency band of 5925 to 6425 MHz. This required that the datellite have wither a
500 MHz repeater bandwidth or a scanning receiver capable of sweeping across the 500
MHz band. If the system link is basically uplink-limited, as it is here, then narrowband
filtering in the satellite offers no improvement in performance. Furthermore, satellite
repeater simplicity is maintained with the narrowband filtering at the ground terminal. The
6 GHz interference signals of interest here are RF carriers of microwave relay stations.
Since the carriers are not ideal spectral lines but extend over several voice channels, a
practical reciever bandwidth of 10 kHz has been chosen. Assuming a carrier-to-noise ratio
of 10dB for 10 kHz bandwidth, the required carrier-to-noise power density (C/No) in the
satellite receiver is 50dB (Hz). The satellite transponder developed for this experiment
consists of a 6 to 4 GHz linear repeater with a noise bandwidth of 500 MHz. The 



FIGURE 1.  6 GHz RFI Experiment

interference vulnerability of a satellite is determined primarily by its receiver sensitivity,
which may be specified in term of its receiver antenna gain/noise temperature ratio (G/T).
The G/T for the ATS-F satellite is 19dB/EK, which requires an interference EIRP from an
earth source of 8 dBw to satisfy the C/No requirement of the satellite.

Equipment System Description

The experiment hardware consists of three major subsystems, Figure 2,the spacecraft
transponder, the RFI receiver/analyzer subsystem, and the portable calibration terminal.
The spacecraft intercepts the terrestrial interference radiation in the 5.925 to 6.425 GHz
band through its 30 foot parabolic antenna and transponds this radiation back to the
Rosman terminal in the 3.70 to 4.20 GHz band , where the interference spectrum is
scanned by the RFI receiver. A narrow frequency filter or window is moved across the
band. The output signal is stored on analog tape and in parallel is detected, processed, and
stored on digital tape for permanent record. The analog tape is used to provide storage of
the raw data and enable reruns of the detection process and to minimize the required
satellite access time.



FIGURE 2   RFI Measurement System

Spacecraft Subsystems

The RFIME repeater developed for ATS-F consists of four subs stems:

(1) a low noise preamplifier, (2) wideband frequency transponder, (3) redundant
transmitters, and (4) RF transmission lines, couplers, mixers, and switches. In addition to
the 30-foot parabolic antenna, a low gain, earth coverage transmit-receive antenna is
required. This antenna can be switched to the RFI transponder input for use in determining
the location of very strong interference signals. The RFI transponder characteristics are
summarized in Table 1.

Portable Calibration Terminal

The portable calibration terminal provides a calibration transmitter and a beacon for
accurate spacecraft antenna pointing. During the period of diagnostic tests, it will be
located at Rosman to transmit low level signals to the satellite. It is equipped with transmit
and receive antennas, control data communication capability, and with an accurately
controlled calibration transmitter. The portable calibration terminal is normally located in
the center of the narrow beam (30-foot antenna pattern). A data link between it and
Rosman provides fast calibration of the spacecraft-Rosman link.



3 V. F. Henry and G. Schaefer, “System Design of the ATS-F RFI Measurements Experiment”
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Table 1.

TRANSPONDER CHARACTERISTICS

Transmitter type

Transmitter power output

Transmitter Frequency

Receiver type

Receiver noise figure

Receiver frequency

Receiver dynamic range

Polarization diversity

Traveling-wave tube

20 watts

3950 ± 250 MHz

Linear, single conversion

8.0 dB

6175 ± 250 MHz

40 dB

Horizontal, vertical, or circular

RFI Receiver/Analyzer Subsystem

Design details of the RPIME receiver/analyzer were recently published in Reference 3. The
functional operation of this subsystem is summarized in the following paragraphs.

RF signals in the 500 MHz band from 3.7 to 4.2 GHz enter the RFI receiver after
amplification by the Rosman low-noise pre-amplifier. Narrow frequency bands are
selected from the 500 MHz input bandwidth automatically. That is, the RFI receiver is
tuned by means of digital signals from the RFI computer, thereby performing the first step
in the spectral and time analysis of the RFI signals.

Analog processing is performed by a variety of filtering and detection circuits. Switches
are automatically controlled to change gain, bandwidth, sweep rates and filters, etc. when
required. For the principal experimental modes, the processed analog data is converted to
digital funn for further processing in the RFI computer. An analog tape recorder provides a
record of the experimental data before they have been converted to digital form. The
analog recording will be played back for off-line digital processing.



Test and Measurements Plan

The RFIME system parameters are listed in Table 2. The detailed test procedures are
currently under development. In general, the tests and measurements for the experiment
will be conducted as follows.

Table 2

6 GHz RFIME System Parameters

Satellite transmit power (4 Ghz)
Satellite transmit antenna
Satellite EIRP
Satellite bandwidth (500 MHz)
Ground station antenna gain (4 GHz) - 85' dish
Ground station receiver noise temperature (50E K)
Ground station receiver G/T
Satellite receiver antenna gain (30' dia., 6 GHz, 45%)
Satellite receiver noise temperature (1000E K)
Satellite receiver G/T

13 dBw
17 dB
30 dBw
87 dB/Hz
56 dB
17 dB/EK
39 dB/EK
49 dB
30 dB/EK
19 dB/EK

Following the establishment of the ATS-F satellite “on station”, a series of diagnostic tests
will be performed to calibrate the antenna system, including patterns, axes orientation,
attitude stability, and orbital position. Additional measurements will be made to determine
overall system performance, including transmit-receive gain, polarization, pointing
accuracy, noise temperature, and EIRP of both the satellite and ground terminals. With the
earth terminal configured in a back-to-back loop through the satellite and transmitting up at
6 GHz and receiving at 4 GHz, the overall noise performance of simulated satellite
communications system will be measured. The simulated system will represent a fully
loaded system with 60 to 1200 channels of FDM/FM multiplexed voice channels across
the baseband. All of these n.p.r. measurements (which will be used for comparison with
the experimental measurements) will be made using the earth coverage (low gain) antenna
pointed to a “quiet spot” on the earth. Similarly, using the same configuration, reference
data will be established from measurements of the system configuration, reference data
will be established from measurements of the system carrier-to-noise and baseband signal-
to-noise ratios. Carrier frequencies for the simulated system will be variable to allow
calibrations in regions of the allotted common carrier band where interference is most
likely to occur. Then the main beam of the high gain antenna will be pointed toward a high
density population area such as the northeastern coastal region of the United States. The
satellite receiver terminals will be coupled to the high gain antenna while the transponder
output (transmitter) terminal will remain connected to the low gain antenna for



transmission at 4 GHz to the tests and measurements earth terminal. The earth terminal
remains in the simulated back-to-back loop configuration. Thus the measurement system
now contains both the simulated desired signals (and basic noise) plus the real (unwanted)
noise signals from all earth sources within the field of view. These unwanted noise signals,
sharing the same common carrier frequency as the simulated system, can now be
determined by remeasuring the system n.p.r. and carrier-to-noise (C/N) and baseband
signal-to-noise (S/N) ratios.

The procedures described above for the uplink interference measurements will be repeated
for different areas to determine the geographical distribution of interference sources. The
sweep-frequency receiver technique described earlier will be used to determine the
frequency distribution of interference sources across the 500 MHz bandwidth of the
common carrier band. Statistical time variations of noise will be determined by selecting
and adjusting the duration and time of day, week, and season of interference
measurements.

The actual RFI Experiments tests will be preceded by calibration of the portable terminal
and by 4 GHz RFI measurements of the Rosman receiving terminal pointing at the nominal
space station location while the spacecraft is not transmitting. Once the spacecraft is on
station, the link from portable terminal to the spacecraft to Rosman will be carefully
calibrated. The total link noise will be measured; and, from these measurements, noise
coefficients will be derived.

The initial measurement phase of the experiment will consist of an eastwest raster scan of
continental United States. Allowing for overlap of successive scans at the narrow beam
antenna 3dB contour, the total U.S. can be covered in nine parallel scans. For each
resolution cell, the frequency of the receiver is stepped across the 500 MHz band in steps
determined by filter bandwidth. The time required for a complete U.S. scan varies from 7.8
hours to 70 hours, depending on the accuracy desired and how rapidly the output of
processed data is desired. When data processing is done in real time, the scan time is
determined by the settling time of the narrowband (10 kHz) filter and detector assembly
and the requirement for frequency scanning in 10 kHz steps across the 500 MHz band.
When the raw data is stored in analog form and later processed off-line, a wider band filter
will be used with correspondingly reduced settling time and a smaller number of frequency
steps to traverse the 500 MHz band.

From the above data, taken in a relatively short time, power flux density contours can be
drawn indicating those areas where the flux density is high and, conversely, those where it
is low. Both are of interest and can be investigated more closely using the spot mode. In
this mode, the spacecraft is pointed to a particular area of interest for more detailed
examination. By means of small orthogonal scans across the area, each source that can be
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resolved in amplitude, space, and frequency can be located to within approximately 0.06
degree of the spacecraft boresight axis.

Mathematical Model

An elementary model of the expected RF interference power levels has been developed.4

The model has an estimated accuracy of 5 dB, and is adaptable to other frequency bands.
It utilizes computerized data bases permitting rapid up-dating and improved accuracy of
RFI predictions as better data bases become available. The model predicts that a RFIME
sensitivity of -117dBm/110kHz is expected to “see” about 6 possible RFI areas in the U.S.
compared to about 300 such locations for a sensitivity level of -127dBm/10kHz. In
addition to the above, data are included for expected spectral power flux density levels
emanating from 41 U.S. locations. These predictions permit application of different
satellite antenna patterns for evaluation purposes.

A study of the impact on received signals as satellite orbital position is shifted and
transmitters in the target area approach the optical horizon showed a 23 dB signal increase
for Canadian stations as the satellite position was changed from 40E to 10E west longitude.
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Summary   The effect of radio frequency interference (RFI) on the proposed Tracking and
Data Relay Satellite System (TDRSS) was assessed. The method of assessing RFI was to
create a discrete emitter listing containing all the required parameters of transmitters in the
applicable VHF and UHF frequency bands. The transmitter and spacecraft receiver
characteristics were used to calculate the RFI contribution due to each emitter. The
individual contributions were summed to obtain the total impact in the operational
bandwidth. Using an as yet incomplete enitter base, we have concluded that the 136-137
MHz band should be used by TDRS rather than the whole 136-138 MHz band because of
the higher interference levels in the 137-138 MHz band. Even when restricting the link to
136 to 137 MHz, the existing link design is marginal and it is recommended that
interference reduction units, such as the Adaptive Digital Filter, be incorporated in the
TDRS ground station. RFI is less of a problem in the 400.5 to 401.5 MHz band and can
probably be handled by restricting command transmissions to low RFI areas or if that is
not acceptable, by using simple automatic notch filters to notch out the few interferers
present.

Introduction   The problem addressed by this paper is to describe and quantify the effects
of RFI on the data links between the synchronous TDRS and the low altitude, low data
rate user satellites. The link geometry is shown in Figure 1. The forward link sends
commands to the user satellite while the return link contains scientific and satellite
housekeeping data. This problem has been addressed under two previous NASA contracts
and the results reported. 1,2,3 The purpose of this paper is to update the RFI estimates in the
136-138 MHz band and to analyze the 400.5 - 401.5 MHz band for the first time. The data
base used for this study is primarily ITU frequency registration data, with missing data
supplied through engineering judgement.

Basic Modeling Approach   The basic approach used to generate the RFI predictions
presented in this paper is to establish as complete a descriptive listing of emitter
characteristics as possible and then to calculate combined effects of these emitters at the
satellite receiver. The minimum data required for each emitter is the location, modulation



type, bandwidth, carrier frequency, peak transmitter power, and antenna pattern. Often
antenna pattern data are missing in the source documents and has to be supplied based on
a judgement of how typical emitters in that specific band are equipped. The percent of time
the station is actually on the air (duty factor) is seldom given, and this factor has been
isolated in the predictions so that an independent judgement can be made as to its effect.

In addition to the emitter characteristics, the satellite receiver characteristics must be
specified. The satellite location, frequency band, receiver band shape, and antenna
parameters (such as boresight point, gain, sidelobe levels, and polarization mismatch) all
affect the predictions. The emitter and satellite receiver characteristics are used to
calculate the received power at the output of the spacecraft antenna due to each emitter.
The basic calculations are shown in Figure 2. Once the calculations have been made for all
the emitters within lineof-sight coupling to the satellite, the result can be displayed in
several ways. In the past we have furnished NASA with plots of received power from each
emitter vs. frequency, the number of emitters vs. frequency, and the total power summed in
various bandwidths vs. frequency.

The RFI modeling approach described above has several limitations. These include the
lack of data on the transmitter usage factors, the frequent omission of transmitter antenna
type, and the lack of knowledge of location of specific mobile transmitters. An even
greater limitation is the fundamentally dynamic nature of the interference. New transmitters
appear periodically and old transmitters go out of service. Transmitters also change their
usage patterns in daily, weekly, and even yearly cycles. It would be very expensive for any
governmental or intergovernmental agency to keep track of these variations in great detail.
We conclude that there will always be a fair amount of uncertainty about RFI predictions
made in this manner and that there is no substitute for actual measurements made at
satellite altitudes.

136- to 138-MHz Band.

Power Level Estimates   The 136- to 138-MHz band is used to return data collected by
the user satellites to the two TDRS. The antenna pattern we modeled for the TDRS has a
3 dB beam width that covers the 1500-km user orbits and about 16 dB gain. The two
TDRS are in synchronous equatorial orbit at 41E W and 171EW longitude.

Preliminary power estimates based on ITU (International Telecommunication Union) data
and using the method described above were made and are summarized in Table 1. The
bands listed are exclusive of the end points - i.e., the 136- to 137-MHz band is really
136.001 to 136.999 MHz. This usage is based on the fact that there are many more
transmitters on 1-MHz intervals and that these emitters could be avoided by appropriately
shaping the receiver passband. This convention also explains why the sum of the emitters



in the two 1-MHz bands does not equal the number of emitters in the 2-MHz band. (The
137.0-MHz emitter’s are included in the 136- to 138-MHz band but not in either of the
two 1-MHz bands.)

The power levels shown in Table 1 assume that all the emitters are on all the time, which
is certainly not the case. Aircraft and ground van measurements were made in the US in an
attempt to establish the emitter duty factors. The results are summarized in Table 2. In 90
hours of aircraft data and 200 hours of van data, the measured RFI level never equalled the
receiver thermal noise level at the TDRS. It is heartening to find such low levels of RFI in
these bands. These measurements are consistent with our model, since the model did not
contain any emitters in this band in the US. However, we do not believe that it is valid to
take the duty factors of these very low power emitters and apply them to emitters in this
band that are located in other countries.

What duty factor should use is problematical. The only thing we can do in the short term is 
duty factors that are known for the US for similar services to those that occupy the 136- to
138-MHz band in other countries. This leads us to expect duty factors in the 10- to 25-
percent range, and allows us to reduce the power estimates given in Table 1 by 6 to 10 dB.
We will use 6 dB to be conservative until more direct data on the duty factors of foreign
emitters can be obtained.

The impact of the expected level of RFI on the TDRS low-data-rate return link is shown in
Figure 3. The interference power density for the 136- to 138-MHz band is -154 dBm/Hz,
whereas the density for the 136- to 137-MHz band is -160 dBm/Hz. The interference
density is thus 6 dB less in the 136- to 137-MHz band than it is in the whole 136- to 138-
MHz band. This leads us to conclude that the TDRS should operate only in the 136- to
137-MHz portion of the band.

igure 3 indicates clearly the importance of the AGIPA system - Without this system the
performance would clearly be unacceptable. To be realistic there are two modifications
that should be made to Figure 3. The first is that this figure does not include a link margin
and NASA would never build a system without at least a 3 dB margin. The other is that
there are other emitters that are known to us to be operating in this band but do not appear
in the ITU listings. We feel that these emitters will raise the interference levels by at least
3 dB. The additional 6 dB from these two factors raises the interference density for the
136- to 137-MHz band to -154 dBm/Hz, which reduces the data rate to the 2 to 10-kbps
range, depending on the AGIPA gain.

Contingency Plan   If the performance quoted in the previous section is not acceptable, an
adaptive digital filter can be used to remove the narrowband interferers from the wideband
telemetry signal. This filter can be located at the TDRS ground station where the size,



weight and power requirements are much less restrictive than in the spacecraft. Figure 4
shows the general configuration of the adaptive digital filter. This filter can take a 2-MHz
bandwidth analog input and sample it at 5-megasamples per second. Each sample contains
eight bits of amplitude information. The digital data stream is filtered by a transversal
digital filter. The controlling computer samples the interference and computes a new set of
filter coefficients according to one of several algorithms specified from the front panel. The
filter coefficients are updated every second in existing hardware. The existing hardware
has 64 taps on the delay line with provision for the easy addition of 64 more taps. The
number of taps controls the resolution of the notches that may be synthesized.

Figure 5 illustrates the matched filtering process. Basically it matches the spectral shape of
the desired signal while notching out the relatively narrowband interference. The
performance of the ADF is proportional to the interference level it is working against. Past
experience indicates that reduction of interference levels on the order of 3 to 6 dB is
achievable in moderate interference environments, while improvements of 10 to 15 dB are
achievable in heavy environments.

400.5- to 401.5-MHz Band   The 400.5- to 401.5-MHz band is used to send commands
from the TDRS to the user satellites. The user satellites have an omnidirectional antenna,
and since they are much closer to the earth than to the TDRS the interferers on the earth’s
surface have a space loss advantage over the TDRS. These two factors make the command
link particularly prone to interference problems.

The ITU data for this band shows that the band is clear over most of the world but is
registered for multiple users in Greece, South Africa and Australian Sea Areas. The worst-
case RFI, because of more RF allocations, was judged to be in the vicinity of Australia.
Obviously, we need more accurate data on the usage of this band by these areas and in the
Communist world before a reliable power estimate can be made.

Van measurements of the RFI in this band were made in the Eastern United States.
Thresholds were calculated as described earlier. In the worst case the RFI equalled the
command receiver thermal noise level for 5 percent of one hour. We conclude that the RFI
measured in the US would not bother the user satellite at the present time but should be
monitored for future growth.

The impact of the RFI on the forward link performance was assessed. Over much of the
world there would be little impact, but in the heavy RFI areas, the data rate would be
drastically reduced. This problem can be overcome by limiting command transmissions to
low RFI areas or, since the number of interferers is likely to be small, they can be removed
by automatic notch filters on the user satellites.



A block diagram of an automatic notch filter is shown in Figure 6. In this system the IF
band is translated to a lower frequency band that contains a fixed notch and then translated
back to the original IF. The VCO controls exactly where the notch filter sits in the IF band.
During acquisition, the notch is tuned to one side of the IF band and the 3-MHz filter is
used to allow the control circuitry to monitor the whole band. When an interferer appears
that exceeds a commanded power threshold the control circuitry tunes the VCO to notch
out that particular interferer. Thus, the filter automatically notches out the highest power
interferer that crosses the preset threshold. Any number of filters can be cascaded with
size, weight and power being the only constraints. The size, weight and power
requirements for one notch are also shown in Figure 6.

Conclusions   The following conclusions were reached in this preliminary study:

• The return link should be limited to the 136- to 137-MHz band as this band has
significantly lower RFI than the total 136- to 138-MHz band.

• Even when restricting operation to the 136- to 137-MHz band the return link data rate
lies between 2 and 10 kpbs depending on what AGIPA gain is actually achieved.

• To provide a performance margin for model inaccuracies and future RFI growth,
interference reduction units (such as the Adaptive Digital Filter) should be
incorporated in the TDRS ground station.

• The 400.5- to 401.5-MHz band is relatively free of interference over much of the
world.

• The significant RFI areas that do exist could be handled by restricting command
transmissions to low RFI areas and/or by including automatic notch filters in the user
satellite command receivers.
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Figure 1.  TDRSS Link Geometry

Figure 2.  Model Link Calculations



Table 1.  Preliminary Estimates of RFI Power Level in 1 MHz
at the TDRS in the 136- to 138-MHz Band

Table 2.  136- to 138-MHz Ground and Aircraft Data Summary



Figure 3.  LDR Return Link Performance

Figure 4.  Adaptive Digital Filter



Figure 5.  Matched Filter Process

Figure 6.  Block Diagram of the FM Canceller
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Summary   At the present time, considerable interference with communications to and
from spacecraft has been experienced. Consequently, the need for determining the extent
of this interference was indicated. NASA contracted AIL to design and build a very
accurately controlled receiver to monitor the electromagnetic radiations in both existing
and projected space communication bands. Based on analysis of the existing and projected
space communication bands, 108 to 174 MHz, 240 to 478 MHz, and 1535 to 1665 MHz
were covered. The receiver achieves accurate control via a digitally tuned synthesizer and
a wide range of digital control including frequency band coverage and gain control
selection. Digital memory was provided to store 16 separate digital command instructions
which can be programmed via a command data link. The receiver provides for
transmission to the ground of both a predetection signal and signals in digital format,
which in turn, were provided by sampling and analog-to-digital conversions.

Introduction   Space telecommunication systems are being designed without engineering
information on the nature of the electromagnetic environment. Because of this deficiency,
NASA has experienced unexpected rf interference problems that have impaired operations.
The increasing use of the spectrum will increase the likelihood of future disaster as long as
communication engineers are forced to operate blind.



Within the past ten years there has been an increased emphasis within the U.S.
Government on frequency management problems. In 1966, the Telecommunication
Science Panel of Commerce Technical Advisory Board concluded, after an analysis of the
electromagnetic spectrum utilization problem, that there were not adequate technical
programs aimed at improvement of the overall effectiveness of the utilization of the
spectrum. This panel recommended at that time that research organization and programs be
developed to provide the Director of Telecommunications Management, The Federal
Communications Commission, the Department of State, and all other government,
industrial, and academic institutions having an interest in telecommunications with the
technical information and analyses necessary to provide a valid basis for judgements which
affect the overall effectiveness of the use of the spectrum. In December 1966, the Director
of the Office of Telecommunications Management (now the Office of Telecommunications
policy), recognizing the need for more technical programs designed to improve the overall
effectiveness of spectrum utilization, asked the National Aeronautics and Space
Administration to undertake the design of experiments to measure factors influencing
frequency utilization and sharing between communication satellite systems and terrestrial
radio relay systems. NASA accepted and established what is now the communication link
characterization program which included contracting AIL to design and build this receiver.

The purpose of this paper is to describe in some detail the design of this receiver, with
particular emphasis on its performance requirements along with the rationale for the
selection of the frequency bands being covered.

In general, the approach was to provide a highly accurate and flexible receiver which, via
ground control, could monitor the electromagnetic radiations in three selected bands. The
monitored data in both predetected and digital forms would be telemetered to the ground
via normal data links. In the area of accuracy and flexibility, the receiver is designed to be
capable of being programmed to scan precise predetermined portions of the spectrum with
a variety of selectable bandwidths and types of detectors. as well as the basic predetection
signal. In order to effect an accurate measurement of the signal strengths over a wide
dynamic range, programmable gain settings and automatic gain control capability are
provided.

Rationale for Selection of Frequency Bands   Only those frequency bands which are of
immediate concern to NASA have been chosen for this receiver. These are at VHF, UHF,
and L-band.

There is intensive NASA interest in the VHF band because it is used for spacecraft
command and data transmission assignments are proposed for 136 to 138 and 148 to 150
MHz.



The 148 to 162 MHz band is assigned to railroad, maritime, highway maintenance,
taxicab, and police radio services. The bands 148 to 150 and 162 to 170 MHz are
allocated for space telecommunication links. However, heavy foreign utilization from 152
to 170 MHz for radar and surveillance restricts the use of this band.

The fm broadcast service occupies the band from 88 to 108 MHz; television channels 5
and 6 occupy the band from 76 to 88 MHz; radio astronomy and aeronautical radio
navigation occupy the band from 72 to 76 MHz; television channels 2, 3, and 4 occupy the
band from 54 to 72 MHz; amateur radio occupies the band from 50 to 54 MHz.
Consequently, it is impractical to use the frequency region below 108 MHz for space
telecommunications and 108 MHz was selected as the lowest frequency of measurement
for this experiment.

There is little NASA interest in examining the frequency spectrum from 174 to 240 MHz.
Practical use of this band for space telecommunication links is limited by the VHF
television service (channels 7 to 13) whichoccupy the band 174 to 216 MHz, and
aeronautical and military radar which occupy the band from 216 to 240 MHz.

Meteorological satellites and data collection platforms operate in the band from 400 to 410
MHz. As a result of the 1971 WARC-ST, the bands 240 to 328.6 and 335.4 to 399.9 MHz
are to be shared by land mobile and satellite services. Additionally, aeronautical and
military communication systems operate in the 225 to 400 MHz band.

UHF television channels 14 through 83 occupy the region between 470 and 960 MHz, air
traffic control radar occupies the band from 960 to 1215 MHz, and air surveillance radar
occupies the band from 1215 to 1400 MHz. The band from 1400 to 1540 is allocated to
aeronautical telemetry.

The portion of the UHF band of interest to NASA thus extends from 240 to 470 MHz.

The frequency band from 1558.5 to 1636.5 MHz is reserved on a world-wide basis for the
use and development of airborne electronic aids to navigation and any directly associated
ground-based or satellite-borne facilities. This band is also allocated to the aeronautical
mobile service for the use and development of systems using space radio communication
techniques. Such use and development is subject to agreement and coordination among
administrations concerned and those having services operating in accordance with the
WARC which may be affected. The use of this band is also allocated to transmissions
from space to earth stations in the maritime mobile-satellite service for communication
and/or radio determination purposes. Transmissions from coast stations directly to ship
stations, or between ship stations, are also authorized when such transmissions are used to
extend or supplement the satellite-to-ship links.



There are several frequency bands above 1665 MHz that are of interest for space
communications. However, examination of these bands will not be made by this
experiment to avoid excessive cost and complexity for this first experiment.

Additional information on frequency allocations is given in Table 1. As was noted, there
have been communication problems in the spacecraft resulting from interference. Table 2
documents some specific examples of interference.

Performance Characteristics   In order to achieve the basic objective of determining the
rf field strength as a function of frequency and location, the receiver should provide three
basic measurements: frequency of the received signal, signal amplitude, and time.

Since it is important to correlate signals, an accurate frequency measurement is required.
Consequently, the basic stability (absolute accuracy) of the frequency determining
elements shall be 5 parts in 106 and the capability of resolution is as fine as 25 kHz.
However, in order to process wider spectrum signals, 200-kHz resolution is provided.

High accuracy in the measurement of signal amplitude is also vital. Consequently, the
receiver provides a basic accuracy of better than 3 dB. Of course, the absolute
measurement of signal strength is dependent on accurate determination of the receiving
antenna performance and calibration of the overall system including the telemetering
downlink. Table 3 lists the minimum detectable ground emitter power levels and Table 4 is
a summary of the receiver characteristics.

Although a time measurement is not provided in the receiver, time measurements to the
required accuracy for correlation purposes is provided on the ground. This is practical
because all data is transmitted in real or near real time.

Receiver Design   The receiver is more comp lex than a typical spacecraft receiver. It is
programmable and remotely operable via the spacecraft command system. It has a built-in
memory and a separate power supply which permits memory retention without energizing
the entire receiver. A telemetry f ormatter in the receiver produces a PCM serial bit stream
for telemetering the receiver signal data. The frame sync pattern, housekeeping status, and
tuned frequency identifications are included in each PCM frame. The serial bit stream
modulates a subcarrier oscillator. Concurrently, a portion of the tuned rf spectrum is
translated in frequency to 260 kHz. This undetected (predetection signal) is combined with
the subcarrier oscillator signal to form the receiver output.

Figure 1 is a simplified block diagram of the receiver and Figure 2 is a photograph of the
receiver with its covers removed. The synthesizer is the large assembly to the left. The
digital portion, consisting of nine printed circuit boards, is toward the right. The bottom
section is the chassis which also houses the rf portion and the power supplies.



Table 1.  Principal Frequency Allocation/Usage for U.S.
(Region 2) Bands Within Selected Frequency Bands

Table 2.  Examples of Interference

Spacecraft Description of Interference

NIMBUS The IRLS experiment lost about 2 out of 3 interrogations
over the U. S. and Europe due to interference

OAO-2 The command memory could not be accessed due to
interference. This caused operational difficulties

OAO-5, OSO-6, OGO-6
NIMBUS-3

The spacecraft status changed unexpectedly due to
interference affecting the command system

IMP-4 TM data was degraded due to interference

OSO-5 TM data was degraded due to interference



ATS-3 The OPLE transponder signal dropped out and the
platform receiver saturated due to interference

NASA STADAN Operation affected by interference

EOLE The experiment could not be performed in some portions
of the northern hemisphere because of high UHF field
intensities

Table 3.  Minimum Detectable Ground Emitter Power Levels

Band Frequency
A 108 to 174 MHz
B 240 to 478 MHz
C 1535 to 1665 MHz

Tuning increments = 25, 50, 100, 200 kHz
Stepping rates = 400 steps/s to 1 step/110 min
Predetection bandwidths = 25 and 200 kHz
Nominal noise figure = 5 dB (band A), 5 dB (band B), 7.7 dB (band C)
Nominal a-m sensitivity (10 dB signal-to-noise ratio)

Band 25 kHz 200 kHz
A -115 dBm -106 dBm
B -115 dBm -106 dBm
C -112.3 dBm -103.3 dBm

Nominal f m quieting (I 5 dB signal-to-noise ratio)
Band 25 kHz

A -115 dBm
B -115 dBm
C -112.3 dBm

Dynamic range - thermal noise to -60 dBm
Sensitivity to spurious and image signals = -60 dBm
Automatic gain control time constants = 0.5, 5.0, 50, 500 ms
Manual automatic gain control settings = -120, -110, -100, -90, -80, -70, -60 dBm

Command storage = 16 to 56 bit command words, each word contains command number,
operating band, start frequency, stop frequency, frequency step size, stepping rate, and
predetection converter bandwidth.



Table 4. Summary of Receiver Characteristics

Ground Emitter EIRP in dBW
(With Emitter at Edge of Beam)

Frequency Antenna Beam Width = 108E Antenna Beam Width = 90E
(MHz)  BW = 25 kHz BW = 200 kHz BW = 25 kHz BW = 200 kHz

108 6.5 15.5 -4.3 4.7
141 8.8 17.8 -2.0 7.0
174 10.6 19.6 -0.2 8.8
380 17.4 26.4 6.6 15.6
425 18.4 27.4 7.6 16.6
470 19.2 28.2 8.4 17.4

1540 30.6 39.6 19.8 28.8
1600 30.9 39.9 20.1 29.1
1660 31.2 40.2 20.4 29.4

(With Emitter Directly Beneath Spacecraft)

108 -6.5 2.5 -11.6 - 2.6
141 -4.2 4.8 - 9.3 - 0.3
174 -2.4 6.6 - 7.5 + 1.5
380 4.4 13.4 - 0.7 8.3
425 5.4 14.4 + 0.3 9.3
470 6.2 15.2 1.1 10.1

1540 17.6 26.6 12.5 21.5
1600 17.9 26.9 12.8 21.8
1660 18.2 27.2 13.1 22.1

Signal-to-Noise Ratio = 10 dB (a-m), 15 dB (fm)
Antenna Gain at 108E = 0 dB, at 90E = 5.1 dB
Slant Range at 108E = 4116 km, at 90E = 2166 km
Overhead Range = 1464 km
) Path Loss, Edge - Beneath = 10 dB at 108E, 4.3 dB at 90E
Carrier-to-Noise Ratio dB-Hz = +79.0 dB
10 log10 (200 kHz) = -53.0 dB
Overall Carrier-to-Noise Ratio +26.0 dB
Carrier-to-Noise Ratio Threshold  -10.0 dB
Carrier-to-Noise Ratio Margin   16.0 dB



The receiver weighs approximately 38 lb and consumes about 40 W while fully active and
about 9 W when only the memory and its separate power supply are active.

The receiver consists of three major portions: the rf , the synthesizer, and the digital logic.
The rf portion consists of filtering, mixers, and switches required to facilitate operation
over the three bands with two selectable final i-f bandwidths and selectable automatic and
manual gain controls. Quadruple conversion is used in the low bands, bands A and B,
whereas triple conversion is used in the high band, band C. The output of the receiver is in
two basic forms: predetected and digitized detected. In the latter case, either a-m or
discriminator detection is provided. Under automatic gain control operation, four
selectable time constants are provided.

The synthesizer provides all local oscillator outputs for all the conversions, fixed tuned as
well as step tuned. In the case of the step tuning, four stepping increments and twelve
stepping rates are provided. The synthesizer local oscillator outputs are all of high purity
and stability as each is filtered and locked to crystal-controlled oscillators. The synthesizer
is, of course, digitally controlled.

The digital logic portion contains the memory for storing 16 commands and the distribution
circuits for each of the various controls, such as, band selection, frequency range selection,
automatic gain control time constant selection, manual gain setting selection, and so on. In
addition, the logic is provided to accumulate and format all of the digital data including the
basic signal data, monitoring points, and housekeeping data. The digital portion also
includes the necessary analog-to-digital conversions and the circuits that combine the
digital and predetection signals into a form compatible with the downlink transmitter.

The control f lexibility of the receiver is such that any combination of scan rate, step size,
bands, and frequency sector in each band can be programmed via the commands. This
permits very thorough examination of frequencies of prime interest and/or cursory
examination of frequencies of less importance.

Conclusion   Although the receiver design was completed, fabricated, and tested on the
grounds that it has not been flown to date, its design generally met the basic objectives and
performance characteristics. Thefollowingliststheoutputplotsanddocumentationthatcanbe
provided with appropriate data reduction and analysis.

a. Peak power density per unit bandwidth
b. Average power density per unit bandwidth
c. Peak/average power density ratios
d. Percent occupancy statistics of received signals
e. Temporal statistics (to a limited extent; time of day, time of week)



f. Regional mapping (to a limited extent)
g. Measured versus expected values of received spectral power density levels
h. Panoramic plots of power density versus frequency for selected bands

Finally, the data collected and processed will be directed toward reports and studies with
the following applications.

a. Develop operational procedures for improved satellite data-collection efficiency
b. Select optimum modulation schemes and/or coding techniques
c. Improve space-terrestrial services which share allocations
d. Improve data communications scheduling
e. Monitor and control emitters
f. Perform tradeoff studies for followon, dedicated missions
g. Design protection filters or antijam measures
h. Update characteristics for general use of scientific/ communications communities
i. Collect information in the national interest

Reference  B. W. Reich, C. P. Smith, J. Eckerman, E. A. Wolff, M. Cornell, and J.
Deskevich, “An Electromagnetic Field Intensity Experiment for an ITOS-D
Configuration Spacecraft Report,” Goddard Space Flight Center, Greenbelt,
Maryland, June 1972.

Figure 1.  RFI Receiver, Simplified Block Diagram



Figure 2.  Photograph of the Receiver
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A PROGRAMMABLE SAMPLING FORMAT TELEMETRY
SYSTEM1

MAX B. PETERSON
Johns Hopkins University Applied Physics Laboratory

Silver Spring, MD

Summary   This paper describes the programmable sampling format telemetry system to
be used by the near-earth Small Astronomy Satellite-C (SAS-C) and possible future SAS
missions. The concept of the programmable sampling format is introduced and the features
of the system are illustrated by an example. The SAS-C telemetry system is described at
the block diagram level and redundancy of the system is discussed briefly.

Introduction   In the past, the SAS series (ref. 1) had a minor frame format which was
fixed and “hardwired” into the spacecraft before launch. This left little flexibility for the
experimenter, since it was not possible to change the minor frame format if a better one
was determined in orbit.

As can be imagined, a programmable sampling format telemetry system allows extreme
flexibility. The experimenter is able to select, after launch, the desired order and frequency
with which he samples any given data source. Furthermore, if a data source should
malfunction in orbit it is possible to eliminate the sampling of that particular data source
from the format. This is accomplished by changing the sampling format program stored in
the variable format generator. This action has the effect of maximizing the useful
experimental data returned from orbit.

The reader might feel that changing formats so frequently would have an adverse effect on
the ground decommutation of data. However, APL has developed a “software compiler”
which allows the decommutation program to be changed automatically by recognizing the
format presently being transmitted.

Concept of a Programmable Sampling Format   There are two basic approaches to a
flexible format telemetry system: adaptive and programmable.

In the adaptive telemetry system, the data is examined by the system. The telemetered data
is then adjusted in real time by some algorithm in the telemetry system. This type of



system has the advantage of maximizing the amount of useable data returned while
requiring a minimum of intervention from the ground.

In the programmable telemetry system, which was chosen for SAS, the data is examined
on the ground by the experimenter. The telemetered data is then adjusted, as required, by
sending up a new format from the ground. The advantages of a programmable format
telemetry system are that it is relatively easy to conceive and build, because of present
integrated circuit technology; the complexity can remain on the ground because the
spacecraft is in view of a ground station most of the time, thereby allowing the format to
be changed at will; and it allows variation in the format from one spacecraft to another.

Of course, the above discussion ignores some of the practical aspects associated with
recovering telemetered data such as the difficulty of data decommutation if the format is
changed on an orbit-by-orbit basis and also the fact that there exists more than one satellite
using a given ground station. However, these difficulties are overcome by simply limiting
the number of format changes.

The concept of a programmable sampling format is best explained by using the simplified
block diagram of Figure 1. As in any satellite, the data to be telemetered is in two forms,
analog and digital. The problem is to build a system which will allow sampling the data in
any order by changing a “program” in the variable storage. Of prime importance is the fact
that the device must be simple. Further, to assure that the in-flight operation is essentially
undisturbed, it should not be possible to alter the contents of the storage except by ground
command.

Since it is not known in advance in what order the digital inputs to the multiplexer are to
be sampled, the “switch” shown in the multiplexer of Figure 1 has the capability of being
set to any of the 64 input positions by the format generator.

Furthermore, since it is not known what length each of the multiplexer digital inputs will
be, provision is made to accept data from each input in the following increments: 4, 8, 12,
16, 20, 24, 28 or 32 bits, i.e., the “switch” will dwell at any position for any of these
different increments.

The reader will notice the input to the format generator labeled “sense lines” in the
diagram of Figure 1. There are four such sense lines. They are used as interrupts and are
assigned priority by the manner in which they are sampled in a format program. It is also
possible to ignore the sense lines by simply not sampling them.

The SAS programmable sampling format telemetry system has only five operation codes
and does not have the capability of modifying program steps unless specifically changed



by ground command. The operation codes which give the SAS telemetry system its
flexibility are given in Table 1, along with a brief description of their use.

Perhaps the easiest way to understand the SAS programmable sampling format telemetry
system is to illustrate the features by writing a sampling format program.

As an example, let us assume the desired format for our telemetry system to be as shown
in Figure 4. The reader will observe certain standard items such as frame synchronization,
frame counter, error coding (Parity 1), etc., as well as those items allocated solely for the
experimenter data. The reader will observe that 22 samples (0-21) comprise the minor
frame. These samples vary in length from 8 bits per sample to 32 bits per sample. Because
some samples require more than one operation to complete, we will discover that our
sampling format program will be considerably longer than 22 steps.

The sampling format program shown in Table 2 has been written so that it will be easily
understood by reading the comments written beside each program step. (For the purpose of
illustration our starting point has been chosen as location 21.)

One feature which may not be apparent is the manner in which Format No. 3 (Telemetry
Verify) was written. The interested reader will confirm that the telemetry verify format
contains a 24-bit frame synchronization code, an 8-bit format number and thirty-two 24-bit
verification words. As will be observed, use is made of the repeat operation code, RPT, to
generate the minor frame without using a large number of program steps. As written, this
program took 10 steps. If it had been written without the repeat operation code, it would
have taken 37 program steps.

Description of the System   The SAS-C telemetry system (ref. 2) shown in Figure 2 is a
PCM/PM system with the capability of “in-flight” reprogramming of the sampling format.
It is capable of modulating a VHF transmitter operating at 136 MHz and/or an S-Band
transmitter operating at 2250 MHz. The PCM information transmitted is the standard
NASA split phase waveform, suitably filtered to meet the radio frequency transmission
requirements of reference 3. Deviation is 65 degrees peak.

The VHF premodulation filter is a 5 pole linear phase filter, with a -3 db point (sinewave
input) at 30 kHz and the S-Band premodulation filter is a 5 pole linear phase filter with a
-3 db point (sinewave input) at 200 kHz.

The VHF antenna is a turnstile (crossed dipoles) mounted on the end of one of the
spacecraft solar panels. The S-Band antenna is formed from two resonant quadrafilar
helices, mounted on two of the remaining solar panels.



As will be noted from Figure 2, data storage for this telemetry system is provided by two
endless loop tape recorders which will be furnished by NASA/GSFC to the Applied
Physics Laboratory. The tape recorders operate with a 20:1 playback-to-record ratio. This
in turn requires the VHF and S-Band transmitters to have two output power levels, since
the spacecraft can not indefinitely support the high power load required by the transmitters
when the system is in the playback mode.

To allow for modest capability the SAS-C telemetry system multiplexer and encoder will
accept 64 serial digital inputs coded as NRZ-C.

The SAS-C telemetry system provides two 16 channel digital subcomutators and three 64
channel analog subcommutators which are hardware subcommutators. (Although SAS-C
will have only three 64 channel analog subcommutators, it will be possible to increase this
number to eight 64 channel analog subcommutators if the need should ever arise on other
SAS.) In addition to the hardware subcommutators, it is also possible to subcommutate up
to 16 of the digital inputs to the multiplexer or 16 of the inputs to the analog
subcommutators by using a “software” subcommutation subroutine stored in the variable
storage. This feature of the telemetry system is explained in Table 1 and Table 2.

The reader will observe that Figure 2 includes one block labeled variable format generator
and one block labeled fixed format generator. The primary reason for the variable format
generator is, of course, to give the SAS-C telemetry system the capability of varying the
minor frame format. There are three secondary reasons for having a variable format
generator and a fixed format generator. a) The variable storage may inadvertently lose
information if power is lost. If this happens, it is desirable to have an operating system
without re-programming so that telemetry data is available when power is restored. b)
While reloading the variable storage, it is desirable to have telemetered data. c) Having
two independent storage media allows for a backup mode should one of the units fail.

The variable format generator storage is an 8192 bit random-access core memory (RAM)
developed by APL. The fixed format generator storage is an 8192 bit read-only memory
which is formed by 16 Harris Semiconductor HPROM-0512 read-only memory (ROM)
integrated circuits. Each storage memory is divided into two pages. Operation of each
format generator is limited to one page of storage at a time; hence, the operating size of
each page of the fixed and variable storage is 256 program steps of 16 bits, or 4096 bits.

The timing source of the telemetry system is an ultra stable crystal controlled oscillator
employing a 5.025 MHz crystal. The oscillator is initially set to within ±2 parts in 107 and
is stable to 1 part in 1010 per orbit over a temperature range of + 30EF to + 120EF. The
oscillator contains completely redundant crystals and their associated circuitry buried in
the center of the package. Very accurate temperature control is provided by completely



redundant proportional controlled heaters. In addition to providing the reference frequency
for the TLM and experiment control electronics, other reference signals are derived for use
by the momentum wheel speed monitor, the momentum wheel drive motor, and the tape
recorder drive motors.

The time code generator is used to relate spacecraft time to ground time. It is a twenty-four
stage binary counter. The contents are stored at the start of every major frame (256 minor
frames). It has a resolution of 2 seconds per bit, and therefore has the capability of a non-
repeating readout for approximately one year.

The Analog-to-Digital Converter (ADC) uses the dual slope integration technique to
convert an analog input to an 8 bit binary output.

Using appropriate signals from the format generator, the multiplexer accepts all the various
digital telemetry data and combines them serially. To provide a waveform free from
switching transients, the multiplexed data is routed to the encoder. The encoder then
converts the NRZ-C waveform to split phase coded data. The encoder has four isolated
outputs, one for each of the premodulation filters and one for each tape recorder.

When a ground station receives the telemetry data it is possible to detect certain errors
introduced by the transmission link or the station’s receiving equipment. This is
accomplished by utilizing the error coding data, the result of a parity check counter in the
telemetry system. The transmitted code word is a check on the complete preceeding minor
frame. The code allows detection of all odd number of errors, i.e., 1,3,5,7... In addition to
this property, the code will detect all burst error patterns of length # 8, 99.2% of the burst
error patterns of length 9, and 99.6% of all the burst error patterns of length $ 10. It should
be noted that the error coding is performed in such a manner that the telemetered data can
be recovered without performing the error check on the ground. For a more comprehensive
description of error coding, the interested reader is directed to reference 4.

Command Requirements   The command requirements of the telemetry system are
shown in Table 3. These commands are, in general, relay commands and are used to
switch power and signals to various parts of the telemetry system. In addition to these
commands, the telemetry system.requires two typos of “data command” service.

The short “data command” is a service whereby 24 data bits are serially shifted to the
telemetry system format generator from the spacecraft command system. This service is
used for loading single locations in the variable format generator.

The second “data command” service is termed the “long load” service. In this mode, an
even number of 24-bit words are serially shifted to the format generator. (NASA Data



Systems standards (ref. 3) require the total number of bits sent to be a multiple of 48, but
less than 4096 bits.) This service provides the capability of quickly loading one-half the
variable storage in 48 seconds, at a 64 b/s bit rate.

The telemetry system modes of operation which are possible will not be discussed in
detail, but may be inferred from the command requirements listing of Table 3. The reader
is referred to Figure 5 for the operating modes of the telemetry system which deal only
with the format generators.

Redundancy   Since the primary concern of an experimental satellite is the return of the
experimental data, certain parts of the SAS telemetry system have been made redundant,
as shown in Figure 3. The power converter, timing circuitry, multiplexer and encoder and
the tape recorder are made redundant by providing the variable format generator and the
fixed -format generator. The RF link redundancy is provided by the VHF transmitter and
the S-Band transmitter.

Because the housekeeping information (digital and analog) is not necessary for mission
success, the circuitry associated with this information is not redundant.

Acknowledgment   The author wishes to thank the members of the Applied Physics
Laboratory, Space Telecommunication group, for their many helpful comments as the
concept of a programmable sampling format telemetry system evolved.
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Fig. 1  TELEMETRY SYSTEM, SIMPLIFIED BLOCK DIAGRAM



Fig. 2  SAS-C TELEMETRY SYSTEM SIGNAL BLOCK DIAGRAM



Fig. 3  TELEMETRY SYSTEM REDUNDANCY

Fig. 4



Fig. 5  SAS-C TELEMETRY SYSTEM OPERATING MODE DEFINITION



TABLE 1
SAS-C Telemetry System Operation Codes



TABLE 2
SAS-C SAMPLING FORMAT PROGRAM EXAMPLE
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SAS-C SAMPLING FORMAT PROGRAM EXAMPLE



TABLE 3
COMMAND REQUIREMENTS FOR THE SAS-C TLM SYSTEM



THE APPLICATION OF AEROSPACE TECHNIQUES TO
AUTOMOTIVE CRASH TEST INSTRUMENTATION

J. J. JACHMAN
Ford Motor Company

Summary   The ultimate proof test of compliance with government safety standards for
automobile “passive” occupant crash protection is obtained by crashing a test vehicle,
occupied by instrumented anthropometric test dummies, into a concrete barrier. Each test
of this type costs a minimum of $10,000, and much more if the vehicle is a prototype. The
data that are obtained from the test dummies during such tests are the proof of compliance
with the government safety standards and, therefore, must be highly reliable. Many
aerospace techniques, such as a Metrology Laboratory, Quality Control, and redundancy
can be adapted and utilized to maximize the reliability of the barrier crash data. These
techniques are described and some early results are summarized. The early results show a
marked improvement in data reliability compared to previous tests.

Introduction   The field of automotive crash testing is one of the latest beneficiaries of
aerospace technology, both in some of the instrumentation hardware being used and in the
test techniques described in this paper. Aerospace type instrumentation hardware has been
of invaluable assistance in early development work on so-called “passive” occupant crash
protection systems. These crash protection systems, employing so-called “air bags,” will
have to undergo a large amount of testing on high-g accelerators prior to being refined for
incorporation into production vehicle designs. However, the ultimate proof test of their
performance against the government’s requirements is obtained by crashing a test vehicle,
occupied by instrumented anthropometric dummies, head-on into a concrete barrier at 30
miles per hour.

The government standard (No. 208) specifies that the 30 mph front-end barrier crash is to
be used to test for compliance to the government’s so-called “injury criteria.” The criteria
require the measurement of head and chest accelerations and femur (upper leg) loads in
instrumented dummies. The injury criteria portion of safety standard #208 has been
suspended because of recent court decisions. However, test programs on passive restraint
concepts continue to involve measurement of dummy accelerations and loads, because
such restraint systems can be validated only by the barrier crash criteria.

Each 30 mph barrier test destroys the test vehicle, so there is no chance to repeat the test
with the same vehicle in the event of an instrumentation failure. Even if a back-up vehicle



is available, the test schedule is usually so tight that there is little time available for a
retest. Loss of even one dummy data channel could mean a long delay in testing if another
engineering prototype vehicle had to be constructed, or worse yet, it could delay the
introduction of a new model. It is obvious that the instrumentation data must be as reliable
as possible.

Reliability Improvement Program   Historically, barrier crash testing at Ford had been
geared to development tests, in which instrumentation data reliability was not a prime
objective. Development tests, as used herein, mean those tests whose purpose is to obtain
crash data on the vehicle itself or on the occupant crash protection systems, but not to
measure ability to comply with governmental standards. Data channel failure rates for
development tests were higher than the level that was considered acceptable for standards-
related testing. An instrumentation reliability improvement program was developed, based
on the use of selected aerospace techniques. The following basic aerospace techniques
were adapted to the unique environment of crash barrier testing:

• Traceability of the test instrumentation calibrations to the National Bureau of
Standards through use of a Metrology Lab.

• Restrictions on the use of critical hardware, limiting its use only to standards-related
tests.

• Establishment of a Quality Control Program, tailored especially to the
instrumentation requirements of these tests.

• Special systems-level end-to-end tests, including dry run crashes.

• The use of redundancy where possible.

• The development and use of very detailed test procedures to control each step in the
test.

Barrier Instrumentation System   Figure 1 is a block diagram of the Ford barrier
instrumentation system that is presently used for these tests. Dummy head and chest
acceleration, vehicle acceleration and femur loads are sensed by bridge-type transducers
installed in the dummies and on the vehicle. Figure 2 is a photograph of an anthropometric
dummy showing the transducer locations. Signals from the transducers are transmitted
through 500-foot drag cables to signal conditioning equipment in the instrumentation van.
After being conditioned, the signals are recorded on magnetic tape, both as wideband FM
signals and as an FM multiplex, and also on an oscillograph. The peripheral 



instrumentation equipment includes two speed traps, a timing system and circuits to record
the time of initial barrier contact.

Metrology Laboratory   Although a Metrology Laboratory has been operated by Ford’s
Safety and Services Department for several years, its activities were reviewed for their
effects on over-all instrumentation data reliability and compliance to Federal
specifications. The Metrology Lab provides traceability of all instruments to the National
Bureau of Standards. In the event of a government inquiry into data from the Ford crash
test programs, such traceability would be invaluable in supporting the accuracy and
credibility ofthe teat data.

In order to improve data reliability, the following changes were made in the Metrology
Lab’s operations:

• A set of formal, approved calibration procedures was written, superseding the less
detailed informal procedures previously used.

• Calibration intervals for the transducers used for standards-related tests were
shortened. All accelerometers and femur load cells were calibrated before each of
these tests. The normal calibration interval had been 6 months for accelerometers
and 3 months for load cells.

• The recall of instruments overdue for calibration was made mandatory for these
tests. The use of an overdue instrument is permitted at the discretion of the site
personnel for development tests, but for standards-related tests the use of overdue
instruments is not allowed.

Limitations on Equipment Usage   As in aerospace programs, documented control of
critical hardware is an essential part of a reliability improvement program. Transducers and
cables were selected as the most critical items in the barrier instrumentation system, and
the required number were reserved for use only on critical tests. Ideally, the whole
instrumentation system should have been tested and reserved for use only on these high
reliability tests, but this was impractical because of the need to use this equipment for
development tests. Closer physical control was maintained on the selected set of
transducers and cables, and a better test history was developed. At the time the program
originated, the selected transducers and cables were simply obtained from the normal
inventory, but as the reliability requirements became more widely accepted, funds were
allocated to procure new transducers and cables solely for restricted use. This was a major
departure from past practice.



Quality Control Program   Another major step in the improvement of data reliability was
the establishment of an Instrumentation Quality Control Program, to be used for standards-
related tests. This Quality Control Program, the essentials of which were adapted from
aerospace programs, includes the physical control of critical hardware, visual inspections
of hardware, particularly connectors and cables, and verification that all procedures are
properly performed. This too was a major change from past practice, which had been to
rely primarily on the ability and judgment of the engineers and technicians conducting the
tests. Under the new program, quality control personnel perform the following tasks for
standards-related tests:

• Maintain physical control of transducers and cables.

• Conduct visual inspections of transducers, connectors, cables and other
instrumentation hardware.

• Review the transducer calibration data and the system set-up documents for
correctness of entries.

• Verify that the instrumentation test procedure is correctly followed and provide an
independent judgment in the event of problems.

• Maintain records to provide equipment traceability for each data channel.

• Document the problems that occur during the crash tests.

Systems Level Tests   Each component in the crash barrier instrumentation system was
selected so that the total system met the static and dynamic accuracy requirements of
governing regulations, including SAE Recommended Practice J211, which is referenced in
safety standard #208. However, just as aerospace programs rely heavily on systems tests
to demonstrate over-all system compatibility and conformance to specifications, three
systems level tests were initiated to demonstrate systems compliance. The first, called the
Technical Compliance Tests, was a one-time end-to-end test to prove the static and
dynamic accuracy of the system. The second, a systems frequency response test, is
performed prior to every standards-related test. The third, a filter verification test, is
performed just prior to computer processing the final crash data for a standards-related
test.

The Technical Compliance Test was conducted at the Metrology Laboratory, with the
instrumentation van and the cables and transducers that were to be used for standards-
related tests. Known accelerations were applied to the accelerometers and known force
loads to the load cells, using the laboratory’s vibration shaker and load test machine. The



data was recorded on magnetic tape in the instrumentation van, then taken to the computer
center where it was tabulated and plotted by the computer. The final computer output was
compared with the known input that had been applied. The comparison accuracy for the
single-point static accuracy test was well within the in-house limits of ± 3%. A frequency
response test was made by applying a swept frequency to The amplifier signal input at the
transducer. Other parts of the Technical Compliance Test included a check for noise, a DC
linearity test, and an accelerometer mount resonance test. Each of these tests showed
compliance with SAE J211.

The frequency response requirements of SAE J211 are considered to be among the most
important requirements that the instrumentation system must meet. There are four different
frequency response classes, 1000 Hz, 600 Hz, 180 Hz, and 60 Hz, each of which applies
to a different type of data such as head accelerations, femur loads, etc. Figure 3 shows the
limits for class 1000, which is used for dummy head accelerations. Note that the channel
class designates the frequency range over which the response is essentially flat, not the
-3dB point.

In order to assure that the frequency response requirements of SAE J211 are met, a
frequency response test is conducted prior to each standards-related test, using the
transducers, cables and signal conditioning that will be used for that specific test. The data
from this test is reviewed for compliance to SAE J211 prior to the final set-up for the crash
test, and a go/no go decision is made, based upon this review.

The third special test, the filter verification test, is also related to the frequency response
requirements of SAE J211. This test, which is conducted at the computer center just prior
to processing the final crash data, consists of computer processing a special frequency
sweep for each data channel. This data is also examined for compliance with J211
frequency response and is intended to give positive proof that the computer center’s analog
filters were set properly for each channel.

Redundancy   The use of redundancy wherever possible was also judged to be necessary
to obtain significant reliability improvement. Through past experience it was determined
that the most probable failures would occur in the drag cables or tape recorders. Using
redundant drag cables was impractical, but redundant recorders and recording techniques
were feasible. Figure I shows these redundant recorders as presently implemented. one
recorder records all data channels by means of three FM multiplexes, recorded on three
tape tracks. The other two tape machines record each channel individually using wideband
FM. An oscillograph is used as another backup recorder and for quick-look purposes.

Redundancy is used on two other parts of the barrier instrumentation system, the speed
traps and camera timing. Two speed traps are used, with each one connected to a separate



electronic counter. The camera timing system furnishes two different timing signals to each
camera, IRIG-A time code and 1000 pps. Either one could be used for time correlation of
all cameras.

Detailed Test Procedures   The instrumentation test procedures used for development
type crash testing were very brief, checklist documents, which placed a heavy emphasis on
the individual technician’s ability to remember and perform all necessary tasks. An
aerospace type procedure was judged to be the only way all the required set-up steps could
be accomplished reliably and consistently. This test procedure, which includes all
instrumentation activities from dummy preparation to post-crash data verification, is
presently a fifty-page document. It is written in an easy-to-follow checklist type format and
contains space for technician and Quality Control sign-off. Except for critical steps, it does
not tell specifically how to do each step, but is written in sufficient detail so that each
required step is called out. Figure 4 shows a page from this procedure. The completed
copy of the procedure for each test is kept on file as a permanent test record.

Special test countdown was also developed, with the intention of smoothing the test flow
and providing a quick means of telling the status of testing. The countdown starts on the
day scheduled for the crash. It calls out the start and finishing time of the major test steps,
particularly those which delay another step if not completed on time. The countdown
differs from many aerospace countdowns in that the estimated crash time is arbitrary. A
hold simply means that the crash might be delayed, not scrubbed.

Dry Run Crash Tests   Three dry run crash tests were conducted to exercise the entire
instrumentation system and to prove the workability of the procedures. All the special
preparations previously described were used for these dry runs, for which a development
test car was prepared and crashed. A selected team of engineers and technicians was used,
so that the dry runs could be part of their training for “live” standards-related tests. These
dry runs proved to be invaluable in detecting problem areas, in finalizing the test procedure
and in training personnel.

Summary of Results   The reliability improvement program was put into effect on a
limited basis for standards-related tests in March 1973. The results from the first eight
such tests show a noticeable improvement in data reliability compared to past history.
These results, based on eight tests and 184 channels, are summarized below together with
the results of a 1972 dummy data study. There is a noticeable reliability improvement,
although the statistical data base is small. The improvement is the most marked for the
dummy data channels.



DATA CHANNEL QUALITY DISTRIBUTION

1972 Standards-Related Tests
Dummy Dummy All
Data Data Data

Number of Channels Recorded 1,476 128 184
Class 1 (No Anomalies) 73.9% 96.9% 82.6%
Class 2 (Anomalies But Usable) 21.0% 2.3% 16.3%
Class 3 (Not Usable) 5.1% 0.87 1.1%

In addition to increasing the reliability of standards-related test data, this program has
produced important improvements which were applied to development tests. The
improvement of cables and the instrumentation grounding system are two of the more
tangible results. Other results, such as a general smoothing of development test operations,
are less tangible, but still evident.

The results of the reliability improvement program show that aerospace techniques can be
successfully adapted and used on automotive crash tests where high reliability data is
required. Although these tests are more mundane than a trip to the moon, they affect each
of us much more directly, and so deserve the same consideration as our recent trips to the
moon.

Acknowledgement   The author wishes to acknowledge the efforts of his associates in the
Safety and Services Department of Ford Motor Company, who developed and
implemented the reliability improvement program, thereby making this paper possible.



Figure 1.  Block Diagram - Barrier Instrumentation System

Figure 2.  Anthropometric Dummy Showing Transducer Locations



Figure 3.  Frequency Response Limits - Class 1000 Channel



Figure 4.  Sample Page of Instrumentation Test Procedure
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ULTRASOUND TELEMETRY OF FETAL CARDIAC ACTIVITY1

ORVAN W. HESS, M.D., F.A.C.O.G.
Department of Obstetrics and Gynecology

Yale University

WASIL LITVENKO, E.E.
Chief of Electronics Laboratory

Yale University

Summary   Patterns of alterations in fetal heart rate provide the earliest clue of jeopardy
of the fetus from umbilical cord compression, abnormal uterine contractions, placental
dysfunction or impaired fetal reserve. Correlated with uterine contractions, such patterns
provide an index of the condition of the fetus and an objective basis for clinical
management. The recognition of the value of continuous monitoring of these parameters
has resulted in widespread use of electronic apparatus. Telemetry techniques have proved
value as an alternative method of surveillance. A system has been devised for telemetry of
fetal cardiac activity detected with ultrasound.

Introduction   The use of ultrasound for the detection of fetal heart activity2 has
broadened the range of applications of electronic techniques employed for monitoring the
status of the fetus during pregnancy and labor. With appropriate censors placed on the
abdominal wall, it is now possible to obtain a continuous record of the cardiac rate of the
fetus prior to rupture of the amniotic sac when direct attachment of the electrodes to the
fetus is impossible or, for other reasons, may not be feasible. Reliable information which
may be procured in this manner and measured against universally accepted indices of well-
being is essential for the assessment of the condition of the fetus. Concomitant monitoring
of the fetal heart rate and uterine contractions adds significantly to the safety of induction
or augmentation of labor. Surveillance of these parameters in much the same manner as in
an intensive care unit has been shown to have special value in the clinical management of
patients when high risk of compromise of fetal reserve exists. It also provides means to
observe the fetal cardiac response to medications, anesthetic agents or other factors which 
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may have a deleterious effect. Alteration in patterns of instantaneous heart rate permit
early detection of signs of fetal distress3 and treatment of underlying causative factors.

In previous communications, we have described the development of miniaturized
apparatus and a system for radio-telemetering4 the fetal electrocardiogram when obtained
by standard methods with electrodes placed externally on the abdominal wall or applied
directly to the fetus. The purpose of the present communication is to report the
development of electronic apparatus for telemetering of continuous fetal heart activity
(Fig. 2) detected by ultrasound. A system which has been developed for simultaneous
continuous telemetry of uterine activity (Fig. 3) during labor is also described. A series of
selected tracings which demonstrate the type of recordings obtained in a wide variety of
circumstances is presented.

Methods and Materials   To delineate fetal heart activity, the type of ultrasound
transducer5 which is usually employed consists of a light weight circular disc containing
two or more transmitting and receiving crystals. From these crystals, the ultrasound
vibrations are transmitted through the abdominal wall at an angle of approximately
4-5degrees at a frequency of 2 MHz with an intensity of about 7-10 milliwatts. The total
radiated energy delivered to the fetus is estimated to be less than 2 milliwatts/sq. cm.
which assures safety to the mother and to the fetus. Several investigators6 have reported
that no microscopic injuries were observed with even higher levels of exposure to
ultrasound.

Uterine activity associated with contractions of labor is detected by means of the usual
tocographic sensor7 with modification to allow flexibility in range of sensitivity. This is
placed externally on the abdominal wall usually at the level of the uterine fundus. The
pressure sensitive transducer permits recording of the onset and duration of uterine
contractions. The resultant curve of the contraction does not represent the actual
intrauterine pressure. However, in many instances there is a close correlation with that
noted by internal catheter methods.



Fig. 2.  Diagram of system for radio-telemetry of heart activity
detected with ultrasound.

Fig. 3.  Diagram of system for radio-telernetry of uterine activity
detected with tocograph.



8 Clinical Monitor-101B, Corometrics, Inc., Wallingford, Conn.

The block diagram (Fig. 1) displays the overall layout of the important or significant
components of the transmitting and receiving equipment. The telemetry system has been
designed to operate in the 146.94 MHz band employing frequency modulation
transmission. Channelized crystal frequency control is used in both the receiver and
transmitter operating at a 15 kHz deviation.

Fig. 1.  Block diagram of system for radio-telemetry of fetal heart
activity and uterine pressure.

To transmit uterine pressure, the output of a tocograph strain guage which produces a D.C.
voltage which is proportional to the pressure is amplified and applied to a voltage-
controlled oscillator (VCO) to produce the sub-carrier. This in turn modulates the radio-
frequency transmitter. 160 Hz/sec was selected as the modulating frequency for the
pressure channel. The receiver portio of the system is a conventional, commercially
available, highly sensitive (.5mv for 20db dual conversion) Kenwood DP202 FM receiver
which has been modified as indicated to permit it to discriminate the sub-carrier signal. A
phase-lock loop (PLL) type demodulator accomplishes this function. The signal may be
further filtered and amplified as required to permit it to operate a recorder8 or some type of
display unit.

The fetal heart activity is detected on the basis of the Doppler principle by means of the
ultrasound instrument via the incorporated transmit and receive crystals and the additional
electronics associated with the unit. As in the uterine pressure system, the electrical signals
obtained in this manner are fed into a sub-carrier oscillator, modulated and in turn serve to
drive the FM transmitter.

The two sub-carrier oscillator outputs are combined and multiplexed to permit the two-
channel signal to be transmitted. Possibilities exist for adding other sub-carriers if desired.
The RF portion of the transmitter consists of a crystal oscillator which is varactor



modulated, and operates at 48.98 MHz. This is followed by a tripling stage which places
the transmitter on 146.94 MHz. The output is amplified further to produce about one-half
watt of power. This was found to be useful for penetrating difficult areas where thick walls
or partitions exist. Transmission has been successfully accomplished at distances of 300-
500 feet between transmitter and receiver stations.

Discussion   Reasonably compact and clinically useful electronic units are widely used for
the detection and monitoring of fetal heart rate and uterine pressure with techniques using
hardwire between patient and recording equipment. This method usually requires the
availability and placement of an individual unit in the labor room of each patient being
monitored. The equipment requires a moderate amount of space, and its presence may
occasionally be psychologically disturbing. An attendant, either a nurse or physician, must
make frequent visits to the room to observe the data being recorded.

Radio-telemetering apparatus offers an alternative system for surveillance. With this
method, signals of fetal heart activity and uterine contractions may be relayed from a small
bedside transmitter, completely isolated from contact with hospital electrical connections,
to remotely located read-out equipment or a central display console.

Linkage may be made from patients situated in a delivery room, distant areas of the
hospital or from other regional hospitals to permit taperecording and sophisticated
computer analysis.

The feasibility of the use of radio-telemetry when standard techniques of detection of the
fetal electrocardiogram and uterine pressure have been employed3 has been previously
demonstrated. The apparatus described has been developed for adaptation to the use of
external ultrasound and tocograph pressure transducers.

Conclusions   Radio-telemetry offers a useful alternative method for clinical monitoring of
fetal heart rate and uterine contractions.

A system and instrumentation have been developed for continuous telemetry of fetal heart
activity detected by ultrasound.

A system has been devised for multiplexing and simultaneous telemetering of signals
associated with changes in uterine pressure.



Fig. 4  Tracing of fetal heart rate telemetered during use of ultrasound. Patient in late labor exhibiting
mild bradycardia with pattern suggestive of head compression. (Time Scale: 5 Divisions/minute)

Fig. 5 Tracing of fetal heart rate telemetered during us of ultrasound. Patient in active labor exhibiting
bradycardia with uterine contractions suggestive of umbilical cord compression. (Time Scale: 5 Divisions/minute)



Fig. 6  Simultaneously recorded tracings of fetal heart rate and uterine activity during active labor. The upper
tracing is the f.h.r. The middle tracing of uterine contraction patterns was recorded with the usual external

technique for comparison with that recorded at the same time using telemetry. (Time Scale: 5 Divisions/minute)



Fig. 7  Simultaneously recorded tracings of fetal heart rate and uterine contractions. The upper tracing is the f.h.r.
The middle tracing of uterine contractions was recorded with use of internal (catheter) technique, The lowermost
tracing was recorded during telemetering. The progressive decrease noted in amplitude of the contraction corves

represents use of built-in adjustable sensitivity control. (Time Scale: 5 Divisions/minute)

Fig. 8 Tracing of pattern of uterine activity obtained from abdominal wall using tocographic technique after
telemetering approximately 300 feet. The sharp intervening peaks noted on the uterine contraction curves represent

movements. (Time Scale: 5 Divisions/minute)
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A PCM DATA SEQUENCE CONTROLLER1

CHARLES S. JOHNSON
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Summary   The PCM Data Sequence Controller described in this paper is used to
interface a memory-controlled PCM encoder with a plated wire memory to form a unique
digital data compression and storage system. The memory-controlled PCM encoder is used
to select formats and convert input analog data channels into a PCM bit stream which is
both transmitted and stored in a plated wire memory. The encoder is also used to retrieve
information from the plated wire memory and retransmit it. The system provides both
temporary and permanent data storage for the telemetering of data in a severe environment.

Introduction   The sequence controller in part of a system that is used to compress, store,
and retransmit PCM data where there is a high probability that the transmission link will
fail. Since it is important to obtain the data, a plated wire memory is interfaced to a
memory-controlled PCM encoder, so that the data can be digitized and transmitted and
also be stored for later retrieval. The limited capacity of the plated wire memory,
necessitates compressing the data by collecting it only during the time periods when the
data channels are active.

The block diagram in Figure 1 shown the digital storage system organization. Power
comes from nickel-cadmium batteries and in made available to the remaining parts of the
system through a power control box. The system receives two signals. One in a “Power
on” and the other is an indication to take either calibration signals or date. The control box
transmits these signals to the sequence controller which in turn controls the PCM encoder
and the plated wire memory. The sequence controller contains a software program to
govern the data gathering and retrieval processes. This paper deals with sequence
controller’s operation and how the sequence controller interfaces the PCM encoder to the
plated wire memory. A brief description of the PCM encoder and the plated wire memory
aids in understanding of the operation of the sequence controller.

Memory-Controlled PCM Encoder   Three 1024-bit Read-Only-Memories (256 words
by 4 bits) control and select the number of high-level, low-level, and bi-level inputs used in
the PCM output format (see Figure 2). The Read-Only-Memory (ROM) in the encoder
also controls the time multiplex sequence of the input channels. The encoder input
channels may be super-commatated, subcommutated, or sub-subcommutated by the



instructions that are programmed into the Read-Only-Memories. The bi-level channels are
organized on word basis and in this particular application are six channels per bi-level
word. The ROM in the encoder contains the frame synchronization codes which are used
to signify the start of each main frame.

The encoder is so configured that a number of functions can be selected during operation
by the application of external logic signals. The external logic signals in this system are
furnished by the sequence controller. The encoder is configured to encode 6-bit data
words. The internal output shift register (OSR) clock signal is removed from the encoder
and used as a clock for the sequence controller. This clock is the same as the bit rate at
which the encoder is operating. The master encoder clock rate operates at twice the
highest bit rate. The master encoder clock output is divided by binary counters in the
sequence controller and reinserted into the encoder on an external clock input line. The
encoder has 64 high-level channels, 0-5 volts, and 16 low-level differential, 0-40 millivolt
channels, and 64 bi-level channels. Not all the channel capability is used in this particular
application. (For additional information on the operation of the memory-controlled PCM
encoder and its potential applications, see References 1 and 2.) The PCM encoder is
manufactured for Sandia Laboratories by General Dynamics of Orlando, Florida.

Plated Wire Memory   Because of its capability to operate in a difficult environment, a
plated wire memory was chosen as the storage medium for the digital data. (See Figure 3.)
The plated wire memory is a true nondestructive readout (NDRO). The memory used by
Sandia Laboratories in this application was manufactured by Motorola’s Government
Electronics Division in Scottsdale, Arizona. The memory has a total capacity of 196,608
bits. It is organized in 8,192 words of 24 bits each. The particular memory used has a
capability of accepting either serial or parallel data. Data can also be retrieved from either
serial.or parallel outputs. In the system only the serial input and output data lines are used;
however, some testing and readout of the memory employs the parallel data input and
output lines. In this particular application the memory operates under command of the
sequence controller which tells it when and what address to read or write. All the input,
output, and control lines in the memory are compatible with TTL logic which was used
also for the sequence controller.

Sequence Controller   The sequence controller contains all the timing functions and
instructions for the operation of selecting PCM encoder format, plated wire memory
addresses, and read/write functions of the system. The programming functions are selected
by programable Read-Only-Memories. Controller design required the selection of a
number of varying functions and for that reason, Read-Only-Memories were chosen. While
it would have been possible to have used some section of the plated wire memory in which
to store this information, it was decided that the Read-Only-Memories would be the most
effective way of designing the controller. One other reason for using ROM was the



necessity of developing the sequence controller before the plated wire memory was
available. In order to carry on this design effort concurrently with the fabrication of the
plated wire memory system, it was necessary to make the sequence controller a stand-
alone package. All programing of the sequence controller functions can be accomplished
by programming of the Read-Only-Memories. A new sequence of events other than those
described in this paper can be accomplished by reprogramming a new set of Read-Only-
Memories and inserting them into the sequence controller.

Controller Programming   The complete sequence of operation is shown in Table I. The
information is Table I can beat be explained by going through each column. The “sequence
number” is merely the numerical sequence in which the system will proceed. The “format
letter” relates back to the format that is being selected in the encoder in and for that given
sequence. The formats are shown in Figure 4. The “nominal bit rates” indicate at what rate
the encoder and the sequence circuitry is clocking. The “instructional code” is the code
upon which the sequence controller is operating. “FMID” stands for the Format
Identification word and is the result of passing the instructional code through some
“exclusive-or” logic gates in the PCM encoder and outputting them in an error-correcting
type of code. By, observing the FMID words programmed into each format, one can
determine if the controller is proceeding through all the appropriate sequences of collecting
data. The “encoder address” relates to the octal address to which its internal ROM must be
set in order to call up the particular format. The “system function” is divided into three
particular functions, two of which are writing functions. The system will write calibration
signals upon command, which means it is coming on and dumping a certain number of
calibration signals into a portion of the memory. When commanded into a “write data
sequence,” it will collect the data available to the encoder at that time period. The data are
stored in the memory for the number of bits indicated under “storage bits.” The nominal
times for data storage are listed in the “time sec.” The memory location of the data
collected in a given sequence is shown under the “address columns” at the far right in
Table I.

The sequence controller is programmed by deciding which formats are desired at what bit
rates and how much memory is to be used. Although the sequence shows that the system
proceeds through the memory from lowest address to highest address, it is not necessary
that the system be arranged in this manner. Any block of data could be assigned to any
portion of the memory. Readout sequences can be fashioned so that they go to any portion
of the memory and take data out of it. In this fashion the system is software dependent
upon programming and not upon the hardware.

The encoder formats are all basically related to the frame length of 96 words. Examination
of the formats, however, will show that many of the supercom channels, such as high
levels 8 through 12, are dropped out of the other formats. Formats B and C can be



arranged differently. For example, Format B can be decommutated as a frame of 36 words.
However, by making the encoder do a frame code complement type of formatting, it was
possible to stretch Format B to 96 words. Format B can thus be programmed on a decom
as either supercom. channels in a 96-word-length frame or a basic 36-word frame with a
3-deep subframe. Format C can likewise be used either as a 96-word frame or a 16-word
frame with a 6-deep subframe. The reason for this type of encoder frame lengths is to
permit field testing and checkout of the system by programming a decom. to recognize a
basic 96-word frame. When sequence controller reads sequence 8 from the memory, it
reads all the data collected previously. By observing the FMID words collected under the
previous five write formats, it is possible to determine that the memory has been loaded
properly. The FMID word appears in all formats in word four. Thus, by looking for this
word on the decom, one can observe the change in binary value of the FMID word and
determine that all formats have been called up. The remaining Format D is a simple serial
digital format that enables the encoder to accept serial digital data from the plated wire
memory.

Controller Electrical Operation   A limited number of lines are available for controlling
the digital storage system. The system therefore operates on its preplanned software
routine (see Figure 5). When a signal to turn on power is received in the control box, all
power “dc to dc” converters start operating. The power-up detector in the sequence
controller detects when all 5-volt supplies reach a value greater than 4.5 volts. At this time
the sequence generator starts sending out control signals to set up the desired sequence. If
a voltage level greater than 2 volts is present on the cal/data line, sequence 1 is selected.
Format A operates at a nominal bit rate of 2 kilobits. The encoder collects data which is
written into the memory in the first group of 3,040 bits. Stored in the programmed ROM’s
is an information bit indicating that the system should stop and shut off at the end of the
sequence. If the data-taking sequence is to be executed, a low-voltage less than a TTL low
logic level or an open line indicates the desire to take data. Sequence 2 begins and
proceeds through to sequence 8. These options are functions of the software instructions
programmed into the ROM. Once the instructional code associated with the given
sequence is selected, it is routed to the format select ROM, the bit-rate select switch, and
the memory address counter ROM. The desired format address is sent to the PCM
encoder. The encoder also receives a signal to initialize the format circuit and force it to
accept the new address. The bit rate is selected and routed through the bit rate divider
chain into the encoder. The instructional code going to the memory address counter ROM
applies the start address to the memory address counter. A signal from the sequence
generator dumps this address into the memory address counter. At the same time, the
MAC ROM applies a stop address to the comparator.

The PCM encoder has some delay before it can start outputting valid data. Its own internal
registers require at least a 3-word (in this case, 18 bits) delay before valid data is present



on the data line into the memory. There is also a certain amount of jitter in the acceptance
of the initialize signal which means a few bits of uncertainty as to when the exact format is
available. To aid in selecting the first valid format, the sync pattern detector monitors the
memory data line The first valid sync pattern of the format detected is an indication that
the data now in the plated wire memory serial register are valid and that the data should be
loaded. Once the first initial detection of valid data is accomplished the memory initiate
control circuit takes over and periodically loads every 24 bits of data into the plated wire
memory. After loading, the memory address counter is advanced. At the same time, when
the new address is available in the counter, it is checked to see if it is a stop address. If it is
not a stop address then data continues to be loaded into the plated wire memory. The
address counter advances until the stop address is found. The comparator, upon finding the
programmed stop address generates a sequence restart signal. The sequence restart signal
goes to the sequence generator and a new instructional code is selected for beginning
another one of the preprogrammed sequences. If that sequence happens to be a data
retrieval sequence, then immediately after selecting the proper memory address, the plated
wire memory is initiated under a command to read. Data at that initial address is then
available to be sent into the PCM encoder. Under a command to read, the OSR clock is
locked out until the serial enable signal provides the OSR clock enable. The data can then
be clocked out of the plated wire memory into the PCK encoder.

The memory initiate control circuitry continues to initiate every 24 bits and loads new data
into the plated wire serial output shift register. The individual initiating pulses advance the
memory address counter to new addresses and at the same time, make a stop address
comparison. When the stop address is reached, either a sequence restart signal or a shut-
down power signal is generated. If the sequence just completed is the last sequence then a
software programming option generates a shutdown power signal and sends it to the
memory power control circuit. The power to the memory is turned off to protect the
memory and prevent any spurious initiate signals during the turn-off sequence. After a few
milliseconds delay, a system power shut-down signal goes to the power control box to
remove power from all of the remaining circuitry.

The sequence controller also contains a precision 10 kHz reference clock which drives a
series of counters. The counters supply signals to the encoder bi-level words which form a
timing base for relating the memory data back in time to the beginning of the sequence.
One of the counter outputs (312.5 Hz) also feeds the bit rate select circuit. The encoder
requires a twice bit rate clock. The 312.5 Hz therefore is used for the nominal 150-bit rate
in sequence 7. At all times, the PCM encoder, in addition to feeding data to the plated wire
memory, sends the same data in realtime to a remote trailer. Should the PCM output line
fail, the desired data is preserved in the plated wire memory. At a later time, the plated
wire memory is retrieved and the data recovered.



Associated Test Equipment   Two pieces of special equipment were designed to facilitate
the installation and use of the sequence controller.

One piece is a mini-decommutator. The mini-decom is hooked into the sequence controller
and uses the OSR clock and the serial data lines to form a means of checking on the
operation of the system at the installation location. The memory address counter and the
instructional code bus also are monitored by the mini-decom. Thus, it is possible to do
signal monitoring and other types of measurements without resorting to the use of the bit
synchronizer and a decommutator at the remote station location. The mini-decom also
contains switching which enables the user to switch to any particular sequence and hold
the sequence controller in the selected sequence while the checkout of channels in the
PCM format is accomplished. The other piece of test equipment is a plated wire memory
tester. This equipment is actually more than just a tester. It enables the direct readout of
any particular address and facilitates determination that the data are being properly loaded
into the plated wire memory. The tester also can execute a serial readout of all data in the
plated wire memory. The original information stored is in the form of a PCM format;
therefore, it is possible to read the data by going into a serial read mode and send the
output of the plated wire memory tester into a bit synchronizer and a decomnutation
system. Thus, the data can be processed and handled as regular PCM data.

Conclusion   The sequence controller was designed to have a great deal of software
flexibility. New formats can be programmed into the PCM encoder and new sequences can
be programmed in the controller ROM’s. The plated wire memory can have new
allocations of data blocks and new bit rates can be chosen for the operation of the PCM
encoder and the system. The basic design will also allow other random access memories to
be used in place of the plated wire memory.
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SPECTRUM PROCESSING RECEIVERS FOR TELEMETRY
APPLICATIONS

J. R. VAN CLEAVE.
American Electriconic Laboratories, Inc.

Colmar, PA

Summary   When the i-f filter of a telemetry receiver is replaced by a digital processor
utilizing an intermediate orthogonal transformation into either the frequency domain using
Fast Fourier Transform (FFT) or sequency domain using Fast Walsh Transform (FWT),
then much improvement in performance may be expected. This paper discusses both
application and results of FFT and FWT processing to: 1) a signal acquisition receiver
providing extremely enhanced phase lock loop (PLL) acquisition speed; 2) an adaptive i-f
bandwidth receiver providing a large i-f signal to noise ratio (SNR) improvement and also
immunity to undesired EMI and/or jamming signals; and, 3) a signal evaluation receiver for
measurement of SNR in the range of -30 dB and up. Spectrum processor design
considerations and tradeoffs are presented.

Introduction   The concept of spectrum processing is that technology which is involved
with implementation of an adaptive i-f filter for a receiver using digital processing. In any
receiving system, the first objective is to determine presence of a signal by systematically
searching through frequency (and often time and space) for energy that is not noise-like.
By digitally implementing the receiver i-f filter, an adaptive bandwidth becomes practical.
Fig. 1 shows the full two-way spectrum processing technique. The upper left hand i-f
signal has perhaps a 3 dB signal-to-noise ratio. If this signal were to be applied to a
conventional detector, the noisy detected signal shown would result. If, for example, a
forward FFT were to be performed on the i-f signal, the i-f instantaneous spectrum shown
at the lower left hand would result1. For display purposes, both real and complex
spectrums are rectified such that all spectrum elements appear positive. Note the carrier
peak and sidelobes in this spectrum which are known to be associated with a modulated
RF signal. If the processor blanks all frequency elements known to be noise, and passes all
elements that are statistically well above the noise level, the processed i-f instantaneous
spectrum shown results. This is equivalent to bandpass filtering of the signal only. The
associated i-f and detected signals occurring after processing are much cleaner and almost
noise-free, with negligible added distortion.

The first element of the process is to examine the instantaneous spectrum of the i-f signal
by digitally calculating either the FFT or simpler transforms such as the FWT and Fast



Haar Transform (FHT)2. After the signal and noise are separated, the conversion from
frequency domain back to time domain utilizes the inverse FFT (IFFT) or IFWT or IFHT,
respectively. For many receiver applications, only the forward transform is required.

Choice of Orthogonal Transformation   The Fourier Transformation is perhaps the most
well known of all orthogonal transformations due to the fact that electrical engineering is
based on a fundamental understanding of the relationships between time and frequency
domain. However, there exists a great many other orthogonal functions such as the
transforms of Laplace, Walsh, Haar, Karhunen-Loeve, and the Z-Transform, as well as
several polynominals and series. All may be represented as a sequence of functions:

which are orthogonal in the interval (-T/2, T-2)
such that:

Now that we have defined a set of orthogonal functions, we may expand any reasonably
behaved function (such as a signal) into a series:

that converges to the function f(t). In other words, we can break the signal f(t) down into a
series of orthogonal functions. The Fourier is most common, and its transform simply
represents a time domain function as a series of phased sine waves (harmonic analysis). If
the signal were a pure sine wave, then only one of the Fourier functions would correlate,
and a single frequency spectrum line would result.

The Hadamard (Walsh) functions are square waves; if the signal were a pure square wave,
a single sequency spectrum line would result from the Walsh transform. It is to be realized
at this point that sampled i-f signals, such as appearing at the output of an analog-to-digital
converter, are almost as similar to square waves as they are to sine waves. The Walsh
transform analyzes signals by examination of the rate-of-zero-crossings of an axis, which
has similar properties to the signal frequency, hence is termed sequency.

The Karhenen-Loeve (K-L) transform is described here because it represents an optimum
standard in terms of spectrum processing gain, but is very difficult to implement. The
advantage of the K-L transform is that the coefficients (an) are perfectly orthogonal and
statistically independent for any input signal function f(t), whether signal or noise. The



Fourier, Walsh, and Haar functions are not totally orthogonal and uncorrelated for random
noise inputs (remember f(t) must be reasonably behaved, noise isn’t always). As a result,
the spectral lines at the output of anything but a K-L transformer are slightly correlated for
noise or signal-plus-noise inputs, and the spectral processing (filtering) becomes
suboptimum. However, it turns out that the error for Fourier, Walsh, or Haar is small for
medium to large sample blocks (256, 512, 1024 samples, for example) and results in a
small degradation of threshold sensitivity over the K-L transform. The undesirability of the
K-L transform implementation is that it requires N2 computer operations, after the so-
called eigenfunctions are obtained. The eigenfunctions are obtained by calculation of the
covariance matrix, which is also tedious. As a result, K-L transforms are used for reference
purposes only.

A signal K-L spectrum as shown on a graphic display cannot be readily recognized as can
the Fourier, Walsh, or Haar spectrum display, because the viewer has no idea as to what
the ever-changing orthogonal functions represent.

The Haar functions are different from the Walsh and Fourier functions because they are
both locally sensitive as well as globally sensitive. Globally sensitive means that if a signal
element is continuously present over the collected series of time domain samples, then
maximum sensitivity occurs; for example, a cw sine wave maximally “rings out” one of the
orthogonal functions in a Fourier Transform but a pulsed sine wave has less energy at its
center frequency hence “rings” out less. If a single cycle of sine wave was present, it
would hardly be noticed in the Fourier Transform output, because the Fourier (and Walsh)
transforms are very globally sensitive (to cw signals) but not very locally sensitive (to
transients). The Haar functions are quite sensitive to transients, however, such as short rf
bursts.

In short, Fourier Transforms break the signal into sinesoids, Walsh Transforms break the
signal into square waves (pulse trains) and Haar Transforms break the signal into pulses.
All three transforms are linear; hence Gaussian time domain noise at the input results in
Gaussian frequency or sequency domain noise at the output. A signal is readily
distinguishable from the noise, especially if it is similar to only one of the orthogonal
functions.

The Filter Bank   Bandpass filtering is best accomplished in the frequency domain,
although even this simple statement occasionally raises an argument. This is not surprising
in a technology where an integrate and dump PCM bit detector (obviously a time domain
circuit) is called a matched filter! The fact is that time and frequency domains are
intimately related by the Fourier Transform, and any argument in terminology is view point
dependent.



If a block of time domain samples is converted to a block of frequency domain samples,
each cell of frequency domain can be thought of as the output of a narrow band pass filter.
All cells together form a contagious filter bank. If a cw signal plus broadband flat noise is
applied to this filter bank, one cell will most likely contain greater energy than any other
cell. This cell can be easily selected and inverse transformed if desired.

Another way of looking at spectrum processing that is more convenient at this point
is to realize that we are collecting a batch of time domain data samples (for example,
exactly 1024 samples from our analog-to-digital converter output) and searching through
this batch of samples looking for a regular pattern. We know that noise has an irregular,
random pattern and we know that a communications signal has a very regular pattern (at
i-f). We do not know the instantaneous amplitude of a signal buried in noise but we do
know that the signal has a relatively constant center frequency (or rate-of-zero crossings of
the axis). Either the Fourier, Walsh or Haar transform can detect this pattern.

The Walsh transform domain cannot be described in terms of frequency ( a sinewave
parameter) but is best described in terms of rate-of-zero-crossing of the axis, also called
sequency2. Such analog analogies as resonator quality factor, harmonic analysis, etc.,
really are not convenient in the sequency domain.

It is now best to look at some spectrum processing results, prior to investigating various
applications. Fig. 2A shows a noisy time domain i-f signal, which is a pulse with both
Gaussian and impulsive noise added. The FFT of this signal is shown in Fig. 2B. The pulse
main lobe is about 8 kHz wide, centered at 30 kHz, all else is noise. Fig. 2C shows
narrowbanding from 26 kHz to 34 kHz. Fig. 2D shows the inverse FFT of this filtered
signal. It is really a beautiful sight to see signals rise out of noise this way. Fig. 3A shows
another noisy burst in time domain. This signal’s FWT is shown in Fig. 3B. The FWT does
indicate signal presence and frequency, but we cannot recommend sequency filtering;
hence, we will go on to applications.

Application #1; A Signal Acquisition Receiver   A very popular telemetry
communication technique is coherent phase shift keying as demodulated by a phase lock
loop. The PLL demodulator has the advantage of providing signal tracking utilizing a
narrow loop bandwidth essentially independent of oscillator drift and Doppler shift. Phase
lock loops work very nicely, once they have acquired the signal, but until then they are
useless. Unfortunately, the PLL is not an optimum frequency acquisition device, and
usually one of three aids must be included 3, 4, namely: 1) a wideband PLL input, leaving
the voltage controlled oscillator (VCO) to find the signal carrier by noise deviation; 2) a
slowly swept signal system, either accomplished at the transmitter or by “chirping” the
receiver VCO; or, 3) a parallel filter bank type of frequency discriminator. In heavy noise
the fastest and most reliable acquisition is accomplished by the parallel filter bank



technique. The FFT or FWT can form a highly precision filter bank to be used as an
acquisition aid. Fig. 6 shows the implementation of such a technique. The wideband i-f is
analyzed using FFT or FWT, the carrier frequency is easily selected, and a corresponding
voltage presets the VCO. The basic governing equation, is the acquisition time (TA) to
place the VCO output within one-half the loop bandwidth (BWL) of the signal:

This is based on the fact that the time to form the filterbank with discrete cells of spacing
equal to the loop bandwidth is simply equal to the reciprocal of the cell spacing. However,
the time to select the peak cell can take twice as long if the pipeline transform approach is
used, since the frequency domain samples do not exit the pipeline until a new set of time
domain cells enter.

At low sample rates, a parallel array transformer could calculate the transform much more
quickly, once all time domain samples are present. This acquisition time is independent of
the wideband i-f SNR’s above about 9 dB in the cell processor bandwidth (made equal to
the loop bandwidth). Below 9 dB, the probability of the spectrum processor forcing the
VCO to a false signal frequency increases, thus acquisition time increases. For example, a
200 Hz loop bandwidth system would consistently lock up after a little more than 5
milliseconds for a -137 dBm signal in a typical receiver. The original frequency uncertainty
is unlimited, but typically may be ± 150 kHz, thus requiring 1500 cells each of 200 Hz
bandwidth within the 300 kHz i-f bandwidth, which would be best accomplished with a
4096 point transform sampling at 819.2 kHz.

For a conventional PLL, the maximum sweep rate for a high acquisition probability per
sweep is generally attributed to Gardner5 and verified by Chen6 as

where

For a SNRL or 9 dB and a value of Tn of 200 or 1257 RPS, the maximum sweep rate is
thus 755K radians/sec/sec or about 124 kHz sec hence acquisition could require 1.2
seconds, if the VCO started from center. Hence, acquisition time is improved by a factor
of 240:1 in this case.



Choice of the FFT produces a clear center frequency choice, as was represented in
Fig. 2B, and is independent of time domain shifts. Choice of FWT also presents a fairly
clear choice of center frequency as shown in Fig. 3B, but is not independent of time
domain shifts. It is possible to alter the FWT process to reduce the dependence on time
domain shifts, however, this produces a non-uniform distribution of noise, which is equally
undesirable. Thus, the FWT is somewhat lower In performance than the FFT for this
application, but does work well and has the advantage that it is much simpler to
implement. The processor can also lock out an undesired signal, if known. Spectrum
integration can also be used to further improve sensitivity, if the signal frequency is stable.

For the above example, a 9 dB SNR in the 200 Hz loop bandwidth relates to a -28 dB
SNR in the 300 kHz i-f bandwidth, and of course the PLL phase detector must have a
40dB or so dynamic range, which is somewhat rare. The next application, however,
discusses how to provide an adaptive pre-PLL filter such as to reduce the dynamic range
requirement.

To summarize this first application, it is convenient to realize that the spectrum processor
finds the signal frequency and presets the PLL in much the same way as a good marketing
man finds a funded requirement and presets an engineer to evaluate it, rather than send an
engineer out on the road to find his own business. We have separated the responsibilities
of acquisition and lock, now we may optimize the PLL for tracking performance.

Application #2 -- An Adaptive IF Bandwidth Receiver   In nearly all telemetry
communication receivers, the i-f filter is of a fixed bandwidth design, often of crystal
resonator construction. This i-f filter is often followed by a PLL which also is of constant
bandwidth design. If the signal is structured such as to allow a narrowband PLL to lock on
the carrier only and thus allow coherent demodulation of the total signal, it makes little
difference whether predetection or postdetection signal filtering is used. This assumes that
the PLL has the necessary dynamic range to handle the wideband signal. Good examples
of this technique are range tone transponders.

In the general case of telemetry communications, however, there are several factors that do
not allow PLL coherent demodulation, such as 1) non-phase lockable signal formats 2)
limited dynamic range phase detectors, 3) EMI or jamming signals within the loop lock
range, and 4) high density impulsive noise. For many signal formats and environments, an
incoherent detector must be utilized; it is this situation which best appreciates an adaptive
1-f filter. It also should be noted that often the first demodulator is coherent, but an
adaptive baseband filtering needed; of course, the same principles described herein apply.
An excellent example is that of analog speech, which is typically channeled in the 300 Hz
to 3000 Hz range. During most of the time, however, either 1) nothing is being, spoken, or
2) a vowel is being generated. A small portion of the time some consonant such as the



frictive sound is modulating a vowel, and the full 2,700 Hz bandwidth is required. This
observation is language dependent, e.g., Yiddish utilizes frequent hard consonants but
Spanish very rarely does. The point is that for a given interval of perhaps 80 milliseconds,
if nothing is being transmitted except a sinusoidal vowel of perhaps 10 Hz bandwidth, why
allow the full 2,700 Hz noise bandwidth to reach the ear? For sensitivity, the best
bandwidth is the minimum bandwidth, consistent with the tolerable distortion.

We briefly introduced the concept of spectrum processing and adaptive i-f filtering in
Fig. 1. Now we will examine the implementation of such a technique, as shown in Fig. 5.
The t-f output of a receiver front end is first translated to as low an i-f frequency as
practical then sampled and converted to digital words. The forward transformer is of the
real time pipeline type, which is a series array processor that generates a frequency or
sequency domain sample at the output for each time domain word at the input. Once the
samples are in frequency or sequency domain they can be processed. The processor then
performs its function, namely: 1) calculates the rms power of all signal and noise cells; 2)
examines the largest values of the spectrum to determine if they are sufficiently greater
than the rms value, if so, they are assumed to be signal components; 3) examines the
adjacent cells (if they are sufficiently above the rms value, they are also assumed to be
signal components); 4) generates spectrum windows based on the structure of the largest
cell values and their adjacent cells (all components not within the windows are set to
zero); 5) thresholds all components within the windows such as to eliminate those cells
near or below the noise floor. The remaining cells are now ready for inverse
transformation. Note that the windows are merely instantaneous bandpass filters placed
around the frequency cells that are most probably not noise.

Case I -- The Uneducated Receiver   The spectrum processor described in the
preceeding paragraph had almost no a priori knowledge of the signal; it simply passed
what was probably a deterministic signal and rejected what was probably noise. The
reconstructed signals previously shown in Fig. 2 were those resulting from such an
uneducated receiver. The only knowledge that this processor has is that instinctive
realization that the expected signal has an instantaneous bandwidth that is narrower than
the analysis bandwidth.

Case II -- The Educated Receiver   The educated receiver utilizes a priori known signal
information, in addition to the above mentioned signal recognition, such as to 1) better
shape the window(s) for minimum signal distortion and 2) reject undesired signals such as
EMI and jammers. If the expected noise free spectrum is known, it can be correlated with
the noisy spectrum such as to produce a matched filter. Even if only the expected signal
modulation format is known such as the mark-space deviation, bit rate and encoding
technique, an excellent detector can be constructed. An example of educated processing is
that of two windows, each of 100 Hz bandwidth and separated by precisely 850 Hz, which



corresponds to conventional hf audio shift keying. Given an input signal above threshold, if
both mark and space do not appear in the respective windows after a few spectrums, the
signal is rejected.

It is interesting to observe that if only the largest components of a noisy spectrum are
retained, all others being rejected, the signal is still quite recognizable. This is especially
true for speech and radar pulses, using FFT. Since the low level sidebands are generally
masked by noise anyway, very little distortion is realized by discarding them.

The FWT does not appear to be as useful as the FFT for the purpose of implementing an
adaptive IF receiver. In the FWT the small signal components appear more critical than
those of the FFT and create more distortion when removed. The FWT and FHT adaptive
processors appear to operate reasonably well for speech processing but are somewhat
below the FFT performance.

Application #3 -- A Signal Evaluation Receiver   The purpose of a signal evaluation
receiver is to monitor an existing data link and measure the SNR such as to: 1) predict the
probability of bit errors; 2) predict link degradation; and, 3) compare all available channels
so that the best circuit can be chosen. This type of receiver is also used to initially choose
the site location, antenna steering, etc.

It is highly desireable to be able to measure SNR’s well below 0 dB for 1) initial site
location and antenna steering, and 2) determination that a particular below threshold
channel is improving for prediction of when communication can be reestablished.
Conventional equipments utilizing phase lock techniques cannot measure SNR below
about 0 dB.

Fig. 6 shows the equipment configuration for the signal evaluation receiver. Only the
forward transform is needed. By review of Fig. 2B and 3B, it is apparent that a good
measurement of SNR can be made by the following: 1) measure the rms power of signal
and noise; 2) measure the peak frequency component (assume signal); and, 3) reject all
frequency elements greater than some threshold of perhaps 8 dB above rms and measure
again (assume noise). The signal to noise ratio is then calculated. Succeeding values of
SNR are then averaged and displayed. The accuracy of this technique is good to within a
few dB at SNR’s as low as -30 dB, dependent upon the ratio of analysis bandwidth to
signal bandwidth. The accuracy can be improved by measuring all frequency components
above threshold and calculating a rms signal level in step 2) instead of using the peak
level. Either FFT or FWT can be utilized for this application, with FFT again having the
edge.



IF Translation   To now examine spectrum processor implementation, we first consider
the RIP to digital interface. The principal philosophy in interfacing the receiver i-f output
to the Analog-to-Digital converter (ADC) is to purposely translate the i-f to as low a
frequency as possible, consistent with image rejection, frequency tolerance, and sample
aliasing factors. This translation will minimize the required ADC sampling rate and, for a
fixed ADC accuracy, will minimize size, logic power drain, processor clock rate, etc., and
is an important factor. Fig. 7 shows the translation circuitry block diagram for a receiver i-f
output centered at 160 MHz, with a 10 MHz 3 dB bandwidth and 20 MHz 60 dB
bandwidth. The i-f is translated downward until the point is reached such that the response
at the -60 dB point corresponds to dc. That is, any frequency below 150 MHz will be
imaged when mixed with the 150.0 MHz oscillator; however, all such frequency responses
are attenuated by at least 60 dB (by the i-f filter), hence, 60 dB image rejection is assured.

Aliasing occurs whenever energy is present at the ADC sample and hold input that is
greater in frequency than one-half the sampling rate. This energy will be effectively folded
back into the spectrum below the sampling rate. A planning value of 35 dB of aliasing
rejection is recommended, which places the sample rate equal to or greater than twice the
35 dB filter response point on the upper translated shirt. The resultant sample rate is 2.23
times the highest possible signal frequency.

The implementation of the i-f to ADC interface involves: 1) an input buffer amplifier; 2) a
band reject filter to attenuate the oscillator feedback; 3) a buffered mixer driven by the
crystal oscillator; and 4) a low pass filter to both improve aliasing slightly and attenuate
the oscillator feedthrough. The i-f output to the ADC must be a closely controlled 50 ohms
over the DC-15 MHz range.

The A DC specifications determine the limits of the performance achieved. The dynamic
range of the ADC, specified in number of bits, is a key parameter. Spectrum processing
will detect signals below the quantizing level, however. The conversion rate of this ADC
example must be less than about 30 ns for each sample. This high speed and number of
bits required must consider the degradation effects of VSWR and self noise generation of
the converter. The aperture time required to achieve the performance, considering the
highest input frequency of interest to be 15 MHz is about 85 ps. This is achieveable with
standard ICE ADC’s. The key parameter in A-to-D conversion is the precision in “snap
shoting” the value of the ac signal at the instant the sample is taken. If the time that this
“snapshot” occurs is uncertain, the sample taken will be in error. The uncertainty in sample
time is termed the aperture time. This term is not related to the sample width; during all but
the beginning of the sample the holding capacitor is simply following the ac waveform,
only the value at the instant the sampling switch opens is important, for that value the
holding capacitor will retain for encoding.



State of the Art Spectrum Processors   Now that we have viewed several applications of
spectrum processing toward telemetry systems, it is necessary to recognize the hardware
implications of such sophisticated digital processing. The FFT, FWT, and FHT are all
versions of the famous Cooley-Tukey algorithm, and differ primarily by the weighting
function used in the multiplier. The weighting function accuracy varies from one bit to 16
bits, dependent upon the transformation, hence, results in a very large hardware variance.

The critical parameter of a transform processor is not the time required to process a given
number of samples, but is 1) the real time operating capacity expressed in samples per
second which permits an input 1-f bandwidth of about 1/3 of the sample rate and 2) input
dynamic range expressed as the number of bits accuracy of the ADC at the highest 1-f
frequency. Fig. 8 shows the input 1-f bandwidth for real time processing for several types
of equipment. The software controlled FFT’s are limited to about a 30 kHz i-f bandwidth.
AEL hardwired emittercoupled logic FFT’s are limited to about 20 MHz and the FWT
processor can operate to about 200 MHz under hardlimited inputs. The size varies, from a
14" high panel, rack mounted, up to a five foot rack. The complementing symmetry MOS
processors are large-scale Integration compatible at low i-f’s and appear promising at high
i-f’s once silicon-on-sapphtre technology is available.

Conclusions   Three applications of spectrum processing toward telemetry oriented
receivers have been discussed and shown to offer a significant improvement in
performance at low signal to noise ratios. The complexity of the processing hardware has
been reviewed and shown to be highly dependent upon receiver i-f bandwidth. it is felt that
the hardware complexity, although significant, is justified for many receiver applications
and will become more so as digital technology advances.
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Fig. 1 - Spectrum Processing Technique

Fig. 2A - RF Pulse, OdB SNR, Time Domain Fig. 2B - RF Pulse, OdB SNR, Frequency Domain

Fig. 2C - RF Pulse, Processed, Frequency Domain Fig. 2D - RIF Pulse, Processed, Time Domain



Fig. 3A - RF Pulse, -5dB SNR, Time Domain Fig. 3B - RF Pulse, -5dB SNR, Sequency Domain

Fig. 4 - Signal Acquisition Receiver

Fig. 5 - Adaptive IF Bandwidth Receiver



Fig. 6 - Signal Evaluation Receiver

Fig. 7 - IF Translation

Fig. 8 - Spectrum Processor Bandwidth vs. Type
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Summary   The characteristics and capabilities of a channel measurement and simulation
facility are described. This facility has been established at the U. S. Department of
Transportation, Transportation Systems Center. The system employs a RAKE type channel
measurement system and a compatible digital equivalent tapped delay line channel
simulator. The equipment has been used for the evaluation of digital communications
problems created by the urban environment. It is currently being used to investigate the
performance of modems under a variety of propagation conditions.

Introduction   The channel measurement and simulation equipment currently in operation
at the Transportation Systems Center, Cambridge, Mass. provides a facility which can be
used for the development and evaluation of modems which make efficient use of available
radio spectrum and which provide reliable communications under adverse propagation
conditions. Both these properties are required for operation in the urban environment 1.

The discussion below describes the channel measurement and simulation hardware. Some
interesting channel measurements observed in Boston, Mass. and Chicago are also
presented. Finally, the utility of the channel simulator for modem test and evaluation is
briefly demonstrated.

Equipment Description   The channel playback facility includes two major subsystems: a
channel measurement and recording system and a simulator system. Fig. 1. shows the
simulator portion of the system. The channel measurement equipment collects channel
propagation data in the field. This data is recorded in a manner which is compatible with
the channel simulator data input requirement. The recorded data is later used to control



simulator parameters. Thus, the simulator reproduces actual channel propagation
characteristics in the laboratory.

Channel Measurement Subsystem   Channel propagation characteristics are measured
by a RAKE type channel prober. Specifically a channel probing signal is radiated from a
typical urban transmitter site. A receiver, multipath data analyzer, and recorder are
installed in a mobile van. The interior of the van is shown in Fig. 2.

The transmitted signal is a pseudo-random phase shift keyed carrier. The bit rate of the
pseudo-random sequence is 200 kb/s. Thus, the multipath time delay resolution achieved
by the channel measurement system is on the order of 5µsec. Clearly, this capability is
insufficient to resolve the physical paths which are present at any given time. However, the
goal of the channel measurement equipment is to collect data for the simulator facility
rather than to investigate the detailed physical properties of the channel. The channel
simulator is designed to provide valid reproduction of propagation effects on signals whose
bandwidths are 50 kHz or less. For this purpose, a channel prober bit rate of 200 kHz is
ample, i.e. the probing signal spectrum is almost flat in the bandwidth of interest.

The received prober signal energy at the mobile van is analyzed by a bank of 10
correlation demodulators. Each demodulator is provided with a locally generated pseudo-
random code reference. The relative delays of the 10 code references are staggered at 5µs
intervals. Thus, the outputs of each of the correlation demodulators are associated with
specific 5 µsec path delay intervals. The absolute delay of the reference sequences is
controlled by frequency standards at the transmitter site and in the mobile van.

The analyzer outputs are the real and imaginary components of the complex, time varying
impulse response of the channel. These are filtered at baseband in low pass filters with 120
Hz bandwidths. These bandwidths are selected to be wide enough to pass the highest
expected doppler rates. The highest carrier frequencies of interest for this application are
on the order of 900 MHz. At such carrier frequencies a doppler rate of 120 Hz is produced
if the mobile van speed exceeds 90 mph.

The baseband samples of the complex, time varying impulse response are multiplexed and
recorded on an instrumentation tape recorder which is installed in the mobile van. The van
is also equipped with a special purpose processor which smoothes the samples of the
complex, time varying impulse response and displays the channel’s delay power spectrum
in realtime. This display is in the form of a bar graph in which the height of each of 10 bars
is proportional to the average power observed in each of ten 5µs delay intervals being
monitored by correlation demodulators. Fig. 3 illustrates the scope display. The dynamic
range of the display (vertical axis) is roughly 28 dB. The scale of the delay (horizontal)
axis is 5µsec.



Table 1 summarizes the capabilities of the channel measurement equipment. As presently
configured, the system will operate with carrier frequencies at 150 MHz, 450 MHz, or
900 MHz. Of course, other carrier frequencies can be readily implemented. Similarly, the
equipment is readily modifiable to provide other code bit rates and sequence lengths.

TABLE 1
Channel Measurement Capabilities

R. F. Carrier Frequency 150 MHz, 450 MHz, or 900 MHz
Modulation Phase Shift Keyed

Deviation ± 80E
Prober Format Pseudo Random Sequence

Bit Rate 200 kb/s
Code Length 511 bits

System Range 20 miles (typical, depends on ant. height)
Multipath Delay Resolution 5µsec
Max. Delay Spread Capability 50µsec
Max. Doppler Spread Capability 120 Hz (single-sided)
Analyzer Dynamic Range 40 dB.
Max. Channel Recording Time 1.42 hours/tape reel
Display Dynamic Range 28dB.

Display Averaging Times 1/4, 1, 4, 16, or, 64 sec.

Channel Simulator Subsystem   The channel simulator equipment reproduces the effect
of channel propagation effects by implementing a tapped delay line channel model. The
tapped delay line and its associated tap gain controller are realized at baseband using
digital techniques. A total delay of 50µsec is employed with 10 taps, spaced 5µsec apart.
The complex impulse response data recorded by the channel measurement equipment can
thus be used directly to control the tap gains, in the simulator.

The signal input to the simulator can be at 150 MHz, 50 MHz, or, 900 MHz center
frequency. The signal should be constant envelope for optimum performance of the
simulator and the bandwidth must be 50 kHz or less. An L. 0. reference at 190 MHz,
490 MHz, or 430 MHz, must also be provided to the simulator for operation at 150 MHz,
450 MHz and 900 MHz, respectively.

The dynamic range of the simulator with only one tap excited is in excess of 40 dB. The
unit will not saturate with 9 of the 10 taps fully modulated. So, the total dynamic range of
the device is on the order of 58 dB.



The simulator includes provisions for the addition of impulsive noise to the multipath
distorted output signal. This subsystem can generate wide band impulsive noise with
dynamic range in excess of 60 dB when driven from suitably recorded impulse noise data.

Table 2 summarizes the performance capabilities of the simulator system.

TABLE 2
Simulator Performance

R.F. Center Freq. .50 MHz, 450 MHz, or, 900 MHz
R.F. Bandwidth 50 kHz

(constant envelope)
Max. Delay Spread Cap. 50 µsec
Tap Spacing 5 µsec
Max. Doppler Spread Cap. 120 Hz (single sided)
Worst Case Dynamic Range 40 dB
Total Dynamic Range 58 dB
Impulse Noise Dynamic Range 60 dB
Impulse Noise Bandwidth 1 MHz

Preliminary Experimentation   The system has been set-up to take channel data in
Boston, Mass. at 150 MHz; and in Chicago, Ill. at 450 MHz.

Fig. 3 shows some interesting multipath features observed in Boston. In particular, Fig. 3
shows the real-time display of the delay power spectrum of the channel with the
transmitter mounted on the roof of the D.O.T. Transportation Systems Center, in
Cambridge and the mobile van located on Commonwealth Ave., Boston.

A 64 second average is used to obtain the result shown in Fig. 3c. Note that significant
multipath energy roughly 10 dB down is received at a delay of more than 15 µsec from the
earliest arriving signals.

Fig. 3b and 3a show the differences in delay power spectrum achieved by moving the
mobile van 1 ft. along Commonwealth Ave.

Similar results were observed and recorded in Chicago at 450 MHz. In fact delay spreads
in excess of 20µsec were observed when signals were transmitted through the “Loop”
area. For most geometries the delay spread is typically on the order of 10 µsec.



Modem Testing with the Channel Simulator Facility   In order to demonstrate the
utility of the channel simulator for modem design and testing, the performance of a simple
FSK modem was measured in the laboratory under a variety of channel conditions. The
channel data used was collective in Chicago at 450 MHz.

Nine one minute channel data intervals were selected for the modem. The first 3 minutes
are representative of suburban channels. The next 3 minutes are representative of typical
urban channels. The last 3 minutes are representative of urban channels with very large
delay spreads i.e. between 20 µsec and 25 µsec.

Three modem tests were carried out for each 1 minute channel data interval. Specifically,
the probability of bit error was measured for three bit rates, 300 b/s, 600 b/s, and 1200 b/s.
The results achieved are summarized in Table 3.

TABLE 3
Modem Test Results

The results tabulated above demonstrate the capabilities of simulator to reproduce the
channel effects on modem performance in a controlled and repeatable manner. These
capabilities allow the designer to investigate the behavior of modems under adverse
conditions induced by multipath fading. For example, the results of Table 3 show that the
modem under test has a tendency to lose bit synch when the delay spread is larger than 20
µsec.



Conclusions   A channel simulation facility has been established at the U. S. Department
of Transportation, Transportation Systems Center. The system is currently being used for
the design, test, and evaluation of data modems for transportation systems.

Fig. 1  Channel Simulator

Fig. 2  Interior of Mobile Van



Fig. 3         Real-Time Delay

Power Spectrum Display

(a) Delay Power Spectrum (Commonwealth Ave., Boston

(b) Delay Power Spectrum at Location Displaced 1 ft. from (a).

(c) Long-Term Average of (a) and (b)
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Summary   Simulation results are presented for the error rate performance of the recursive
digital MAP detector for known M-ary signals in multiplicative and additive Gaussian
noise. The structure of the digital simulation of the innovative receiver, operating in a
multipath environment, is generally described. Specific results are given for a quaternary
signal, of the type used in air-ground data links, with 2500 symbol per second transmission
rate. Plots of detection error rate versus additive signal to noise ratio are given, with
multipath interference strength as a parameter. For comparison, the error rates of
conventional coherent and noncoherent digital MAP detectors are simultaneously
simulated and graphed. It is shown that with non-zero multiplicative noise, the error rates
of the conventional detectors saturate at an irreducible level as additive signal to noise
ratio increases. The error rate for the innovative detector continues to decrease rapidly
with increasing additive signal to noise ratio. In the absence of multiplicative interference,
the conventional coherent detector and the innovative detector are shown to exhibit
identical performance.

Introduction   A recent paper2 describes a recursive digital receiver for known M-ary
signals in a multipath environment. The transmission medium is characterized by white
additive and low-pass multiplicative Gaussian perturbations of the signal. The receiver is
optimum in the sense of minimum probability of error.



Figure 1. is the receiver structure. The outputs of the M parallel independent channels are
proportional, respectively, to the A Posteriori probabilities of transmission, given the
received data, for each of the M signals. When the output of the Jth channel is largest, it is
decided that the Jth signal was received. After each decision, all the Kalman filters are re-
initialized to the last values in the “correct” filter. Succeeding signals are detected in this
“decision-directed” mode.

The receiver thus implemented is adaptive in the sense that it estimates the multiplicative
disturbance. The first and second order statistics of the multiplicative process and the
power level of the additive noise must be fed to the receiver. Since these processes are
generally nonstationary, the receiver must be further adapted to changing statistics.
Methods for estimating the statistical parameters in real time are the subject of present
work by the authors and will be treated in a future paper.

In the present paper are documented the first results of a computer simulation of the
optimum receiver, in which the receiver has precise knowledge of the mean and covariance
of the multiplicative process and of the variance of the additive noise. These results give
the lower bound on error rate for practical receivers in which the statistical parameters
must be continuously estimated.

In this simulation, a well balanced sequence of 0’s and 1’s is randomly generated and
differentially encoded into a quaternary alphabet. The signal is passed through the
simulated channel and processed by the option receiver. Since the simulation “knows”
which character was transmitted, the receiver errors can be detected and recorded. Care is
taken that the signal sequence be longer than a few correlation times of the multiplicative
noise. A number of statistically independent simulation runs is used so that the results are
statistically significant.

The graphical results presented are plots of detection error rate (probability of error per
bit) versus the ratio of unperturbed signal power to additive noise power (additive SNR,
hereafter). Families of curves are plotted, with “multiplicative SNR” as parameter.

For comparison purposes, error rate curves are simultaneously obtained for the
conventional coherent and incoherent digital MAP receivers (matched filters, essentially).
The latter are designed to be optimum in the presence of the additive white noise, alone.

The inspiration for this work was the problem of optimizing air-ground communications in
the presence of ground reflection and scattering. The mathematical model used below is
thus somewhat predisposed to this particular context. However, the results are clearly
extendable to other situations.
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Design of the Simulation   Inasmuch as the emphasis in this paper is on receiver
performance, a simplified channel model is adopted, without, however, impairing the
equivalence of the simulation to physical reality. The transmitted signal is taken in a quite
general form as

F(t,m) = A(t,m) exp {j [Tt + N (t,m)]} (1)

where A(  ) and N(  ) are real, with 0 # A(  ). The index, m, denotes which distinct
waveform, of M possible, is transmitted. T is the radian carrier frequency.

The received signal is then defined to be

H (t,m) = P (t) F (t,m) + L (t) (2)

where P(t) is a lowpass complex non-zero-mean Gaussian process, and L(t) is white, zero-
mean, Gaussian, and independent of P(t). Note that in connecting equation (2) to the
multipath situation, overall transmission delays are disregarded. Differential path delays
are reflected in the behavior of P(t). This is a common formulation for the non-frequency-
selective fading channel.3 4

Physically, the received signal is taken as the real part of .(t,m). Thus, define

z(t,m) = Re{.(t,m)} (3)

Since the optimum detector of reference 1 is coherent, the Kalman filters may be more
easily implemented by first demodulating z(t,m) in quadrature. Define

zi(t,m) = 2 z(t,m) cos[Tt + N0(t)] (4)

zq(t,m) = -2 z(t,m) sin[Tt + N0(t)]

The term, N0(t), represents any residual phase disturbance which may be present as a result
of deriving the phase references for the carrier demodulators.

A continuous-time received data vector may now be defined as

z(t,m) = H0(t){H(t,m) x(t) + n(t)} (5)
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where

In equation (6), xi(t) and xq(t) are the real and imaginary parts of the multiplicative P(t).
Likewise, ni (t) and nq (t) are the real and imaginary parts of Lt) and are white, zero-mean,
independent, and Gaussian. It can be seen that in the case of a perfect phase reference, the
“demodulation matrix”, H0(t), is the unit 2X2 matrix. In the derivation of the optimum
detector, a perfect phase reference was assumed. In the sequel will be considered the case
for non-zero N0(t).

The continuous data is uniformly sampled at a rate of K samples per signal character. The
discrete-time notation is formally identical to that above, with t replaced by a sample
number, k. For example, z(t,m) 6 z(k,m), etc.

In the actual computation of H(k,m), t is functionally replaced by

(7)

where Int{ } denotes “integer part”, and T is the period of each signal character. This
scheme “centers” the K samples in the signal intervals of length T so that none of the
samples fall at ends of intervals, which are the signal transition times.

Figure 2. is a block diagram of the simulation. A pre-existing program is used to generate
the mean and covariance of x(k), from scalar Kirchoff solutions of the very rough or
slightly rough surface propagation  problem for arbitrary reflection geometries.5 The
desired direct-path/multipath characteristics are obtained by manipulating the reflection
geometry and the rough surface parameters.

The multipath statistics are used to drive the multipath process generator. In this paper,
these statistics are also hard-wired to the optimum detector, bypassing the adaptive
circuitry. The multipath process is represented in equation (6) as a 2-vector. However, the
process generator may have a greater number of internal states if x(k) is required to
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possess a Markov property of order greater than unity. Here, for simplicity, the state
dimension of the generator has been chosen as 2. This is equivalent to generating xi(t) or
xq(t) from white noise passed through slowly time-varying single-tuned filters. Also, xi(j)
and xq(k) have been taken as uncorrelated for all j,k. This is a reasonable assumption for
reflecting surfaces which do not exhibit rms. slopes greater than, say, 15E.

The present results are for an aeronautical communication system of current interest.6

Thus, the message generator produces a digital sequence from a quaternary alphabet. The
sequence is actually produced by differentially encoding a pseudo-random binary sequence
of 0’s and 1’s. Because the quaternary characters are used to generate the signal
modulation directly, the alphabet used is the set, {-2,-1,+l,+2} rather than the set,
{0,1,2,3} . Thus, rather than dealing with signal digits, m , {0,1,2,3} , we deal with the
digits, q , {-2,-1,+l,+2}. The digits, q, are generated by the difference relation

q(N) = 3 b(N-1) + b(N) - 2 (8)

where N is the digit number in the sequence, b(  ) is the binary digit, and q(  ) is the
quaternary digit.

The binary digits are generated in such a manner that the 0’s and 1’s are equally likely and
succeeding digits are independent. Under these conditions, it is not difficult to show that
the resulting quaternary digits are also equally likely.

The signal envelope and phase functions used are ( cf. (1) and (7))

(9)

The signal thus formed is 100% amplitude modulated by half or full cycles of sine waves
with plus or minus polarities. This signalling scheme is seen to have the characteristics of
both PSK and FSK. It is known as MSK, for minimum shift keying.7

The multipath process, x(k), the modulation, H(k,q), and the additive noise, n(k), are
combined as per equation (5) to generate the required vector, z(k,q). In the event that 



imperfect phase references are used for carrier demodulation, the matrix, H0(k), multiplies
z(k,q).

The variance of each component of n(k) is set to some prescribed value, and subsequently
varies in proportion to the square of the length of the direct path between transmitting and
receiving antennas. This is required, since all signal levels are normalized to that signal
strength which is observed at unit distance in the absence of multipath.

The simulated data process is fed in parallel to the inputs of the optimum detector and the
conventional coherent and incoherent detectors. All three detectors process the total
received vector, Z(K), which is the K-sample vector of the 2-vector process, z(k,q), taken
during the basic signal symbol period.

All the detectors attempt to calculate the joint probability densities, p( Z(K),q), for each of
the four possible values of q. However, each detector employs different assumptions
concerning the received data. The optimum detector assumes a perfect phase reference, for
which N0(k) = 0. The coherent detector assumes a perfect phase reference and also no
multipath, so that x(k) = (1,0]T . Thus, the coherent detector sees, essentially, only the in-
phase component of the received data vector, that is, zi(k). The incoherent detector
assumes no multipath and also that N0(k) is constant and is uniformly distributed over
[0,2B]. Thus, the incoherent detector first forms the density, p( Z(K),q,N0), and then
averages it over N0.

The resulting densities for the optimum detector and for the coherent detector are weighted
Gaussian functions and are not difficult to implement. The resulting density for the
incoherent detector is awkward, involving the modified Bessel function, I0(  ). Although
this latter detector would not likely be implemented in practice, it is still useful as a
standard for comparison. Incidentally, the reason that the argument of I0(  ) does not form
the usual sufficient statistic for detection is that the four possible signals are not of equal
energy.

All the detectors decide on that signal which gives the greatest joint density. Then the
detected signal digits at the output of the three detectors are compared to the transmitted
signal, and the errors are recorded. A fairly large number of simulation runs is taken over
the same geometry with different initial randomization of the multipath generator. Each run
is taken over five correlation times of the process, x(k), or for a number of signal digits
equal to 1.5 times the inverse error rate, whichever gives a greater period of time. The
mean, µ , of the error rate and the standard deviation, F, are computed over all the runs.
The results are not accepted for µ/F<1.0.



The simulation program was written in FORTRAN 4.3 for the CDC-6600 system. The
program contains approximately 900 instructions, requiring 524008 locations for
compilation and 234008 locations for execution. The Central Processing Unit time required
is approximately 140 seconds per 1000 signal symbols of data. Among the inputs to the
program are included the following: polarization (horizontal or vertical); heights of
receiving and transmitting antennas; initial ground range; initial additive noise power;
aircraft velocity; terrain conductivity, dielectric constant, rms. height and slope; signal digit
rate; number of samples per digit; number of digits per run; and number of runs per job.

Simulation Results   The results are presented in the form of plots of error rate versus the
additive SNR, with the multiplicative SNR (MPSNR) as parameter. Because of computer
time and expense factors, the error rate range is limited to be from 1.0 to 10-4

The various SNR are defined as follows. In the absence of multipath, xi(k) is unity and
xq(k) is zero, xi(k) representing the direct path signal. The additive SNR is thus defined as

(10)

(11)

tr { } denotes “trace of a matrix” and [cov{ }] denotes the covariance matrix.

The SNR for the multiplicative noise is defined by

(12)

where the upper bar denotes expectation.

For intuitive clarification, it should be noted that for no carrier modulation ( A(k,m) = 1,
N(k,m) = 0 ) and no multiplicative noise, the quantity, SNR, defined in equation (10) is
related to the ratio of carrier power to additive noise, CNR, on a per-sample basis, by

SNR = 2 CNR (13)



The intuitive definition for MPSNR is that, in the absence of signal modulation, it is the
ratio of Gaussian process power due to multipath only, divided by specular carrier power.
This second definition holds true whether the multipath is caused by a totally diffuse
surface reflection or whether the surface reflection has some specular component.

In order to plot an error rate curve, it is necessary to vary SNR while holding MPSNR
constant. It is also necessary to run the simulation for a sufficient number of signal digits to
obtain the required statistical significance. Because the simulation is driven by actual
vehicle flight trajectories over rough surfaces, the strength of the multipath and its
correlation time are interdependent. Thus, in order to reduce simulation run times on the
machine, it is necessary to run in an almost completely diffuse reflection environment.
Even for these cases, the multipath correlation times and, hence, the bandwidths of the
multipath process, vary over the ranges of MPSNR used. The performance of the optimum
detector may change somewhat as the ratio of signal bandwidth to multipath bandwidth
varies widely. The effect was observed in the following simulation results.

Figure 3., the first family of curves, gives the performance of the optimum detector alone,
for values of MPSNR of -3 dB., -7 dB., -10 dB., and for no multiplicative noise,
respectively. The transmission digit rate is 2500 symbols per second, with a sampling rate
of 10 samples per symbol. The equivalent low-pass single-sided noise bandwidth for the 
multipath process varies from 211 Hz., at -3 dB., to 10.5 Hz., at -10 dB. A perfect phase
reference is assumed for carrier demodulation.

It is seen that the detector performance Improves rapidly as the SNR increases, from the
“pure guess” value of 0.75 to a roughly exponential decay. As expected, increasing
multipath strength requires increased additive SNR to compensate. The dotted trace in the
figure shows the -3 dB. results for a transmission rate of 250 symbols per second, all other
parameters being equal.

Figure 4. compares the -3 dB. MPSNR results for the three detectors, at 2500 symbols per
second rate, with 10 samples per symbol, and perfect demodulation phase. The expected
saturation of the error rates for the two conventional detectors is apparent. Also shown is
the performance of the three detectors for no multiplicative noise, at all. The dashed curve,
representing the incoherent detector, converges to the solid curve, representing the other
two detectors, for increasing SNR. Examination of the simulation records shows that the
coherent detector and the optimum detector make precisely the same errors in this case.
Thus, their performance for no multipath is identical.

Because the multiplicative process is low-pass, it is difficult to recover a phase-stable
carrier component with which to demodulate the carrier. Figure 5. shows the -3 dB.
HPSNR performance of the three detectors when the carrier demodulation phase term,
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N0(k), is that which would be encountered with -3 dB. multipath and no filtering. It is seen
that the optimum detector and the standard non-coherent detector perform just the same as
with perfect phase. The standard coherent detector now performs at par with the non-
coherent detector.

The second set of results on this graph is a comparison of the standard coherent detector
and optimum detector for -13 dB. MPSNR. Although the coherent detector is not
saturating for error rates of 10-4 or greater, its performance is still markedly poorer than
that of the optimum detector, even for this small amount of multipath.

Conclusion   The simulation has demonstrated the superior performance of an optimum
detector, specifically adapted to a multipath channel in which the disturbance can be
modeled as multiplicative and additive Gaussian perturbations to the transmitted signal.
The results showed that the error rate for the optimum detector continues to decrease
rapidly for increasing SNR (at least for error rates between 1.0 and 10-4). However, the
error rates for conventional coherent and incoherent receivers were seen to saturate, for
large SNR, at levels which depend on the strength of the multipath interference. Another
very interesting result was that the superior performance of the optimum detector does not
require perfect phase references for the carrier demodulation.

It has also been shown that MSK, a coherent signalling scheme presently used in a
continental air-ground data-link, can be used in the presence of strong multipath. Now, the
simulated multipath process was totally diffuse, of a strength and bandwidth comparable to
that encountered over an ocean surface at L-band for the aircraft-satellite geometry.8 Thus,
it appears that the same signalling scheme which is used over land may also be usable over
the ocean, even in the presence of severe multipath.

The significance of the above conclusions depends, of course, on whether practical
receivers can be implemented with error rates approaching the bounds given by the
simulation. Practical implementation, in turn, depends on solving the real-time estimation
problem for the statistics of the multiplicative (multipath) process. The authors are already
in possession of partial solutions to this problem. It can be stated, now, that practical
solutions to the statistics estimation problem exist. Proof of this statement will be left to a
future paper.



Figure 1.  Receiver Structure.

Figure 2.  Simulation Block Diagram.



Figure 3.  Optimum Detector Performance.



Figure 4.  Optimum Detector/Conventional Detector Comparison.



Figure 5.  Performance With imperfect Phase Reference.
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Summary   The aeronautical channel characterized by multipath interference due to
scattering and reflections off the surface of the earth represents a difficult channel for
obtaining reliable data transmission. It is shown that interfering paths can be of sufficient
strength and have Doppler spreads such that conventional forms of modulation are
severely limited. In order to obtain error probabilities below 10-5 over a wide range of
channel conditions, a robust signaling approach which is relatively insensitive to short term
channel conditions is necessary. It is shown that these robust properties can be obtained by
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CRYSTAL-CONTROLLED HIGH-G TRANSMITTER

KENNETH L. LANGE
Hewlett-Packard

MAX V. SCHELL
Sandia Laboratories

Summary   Continuous telemetering during and after a 10,000 to 16,000g shock pulse
experienced by the telemeter is a requirement that is frequently not met. In most cases a
free-running oscillator is used in the transmitter while a very wide band receiver is used to
acquire and provide leeway for the drifting and shifting RF signals.

This paper describes a crystal-controlled L-band transmitter which performs in such a way
as to minimize most of the above operational problems. It has minimal short-tem drift,
predictable output frequency, and makes a low noise transition through the high g shock
pulse. RF power is 60 to 100 milliwatts. For analog data bus compatibility, phase
modulation is employed.

Sandia Laboratories has developed an L-band transmitter for telemetering data from the
inside of an artillery shell. The original need was for information during the in-barrel
portion of the flight. Later requirements were for information over the whole flight
envelope.

An examination of some detailed requirements is in order to show how they steered the
design:

1) The physical environment is very vigorous. Launch of the shell is accompanied by a
10,000 to 16,000g setback shock in conjunction with spin-up and centrifugal
accelerations of 6,000 to 12,000g orthogonal to the setback shock.

2) In-barrel telemetry employing the wave-guide effect made L-band the lowest usable
frequency range.

3) RF frequency pulling by variable in-flight VSWR should be avoided.

4) Frequency was required to be sufficiently stable to keep the RF signal within the
passband of standard telemetry receivers.



5) Temperature range of operation was expected to be -40EC to 60EC.

6) Power consumption was to be as low as possible. Transmitter to operate from 24 to
32 VDC.

7) A small size was indicated.

An examination of the physical characteristics of hybrid microcircuits led to an early
decision to develop the transmitter around that fabrication technology. Basic ruggedness is
the first attribute achieved through low mass components and interconnections plus high
strength bonds. The alumina substrate is fragile only if flexed.

Further on down the list of hybrid microcircuit attractive features are: Repeatability (once
the design is firm). Careful design of RF circuitry can keep size down to the same range as
handwired units. All circuits - dc, modulation, and RF - can be put down on one substrate.
Excellent heatsinking of components is afforded, as well as rapid internal thermal
equilibrium

Free-running oscillators (VCO’s) for transmitter use do not offer the kind of frequency
stability held to be desirable for Sandia flight tests. They are, however, relatively easy to
design, build, and modulate. DC to RF efficiency is probably higher than for a crystal-
controlled oscillator. All the attributes of the free-running oscillator do not offset the range

Crystal oscillators simply cannot operate at the required L-band frequency. However,
frequency multiplication by harmonic generation is pretty commonplace today. A step
recovery diode circuit set-up to accept the oscillator output will provide an output in L-
band. Such a circuit also affords a decent amount of reverse isolation. Exploration of the
literature provided the information that modulation could be impressed via the step
recovery diode bias circuit.

The unit initially was inteaded for use only during barrel transit. Experimental
measurements were made of the loop loss between a projectile antenna in a barrel and a
receiving antenna placed a safe distance away. Decent signal-to-noise ratio indications
were obtained with 10 milliwatts at 1500 MHz.

A frequency multiplication factor of 10 to 15 seemed reasonable, considering the needed
conversion efficiency, range of crystal frequencies for oscillators, and so on. It was fairly
natural to choose a 100 MHz crystal frequency and a X15 factor to arrive at a 1500 MHz
output.



The first transmitter design was comprised of the following elements: a voltage regulator to
provide a constant 21.5 VDC internal voltage while accepting 24-32 VDC external; a
100 MHz crystal-controlled oscillator; a frequency multiplier circuit incorporating a step
recovery diode and X15 harmonic selection for 1500 MHz output; a bias and modulation
amplifier circuit for the diode in the X15 multiplier. All parts except the TO-5 contained
crystal, and input and output connectors were mounted on the substrate.

Mounting techniques were exploited to assure survival and operation of the substrate and
crystal. First, placement of the substrate flat against the inside of the case was selected. Its
orientation was such that the setback (axial) inertial reaction would force the substrate
more firmly against the mounting face. Similarly the substrate mounted components would
place their adhesive in compression. The spin-produced inertial reactions of the substrate
and mounted parts will load their restraints in shear. These areas are where the strengths
are. It was learned that solder was the only acceptable structural adhesive to use for
securing.the substrate to the housing. Electrical and structural bonding of the metalized
bottom of the substrate was accomplished by sweat-soldering the entirety of it to the inside
of the tin-lead plated brass housing. Successful RF performance hinged on achieving a
marriage of the substrate to the housing.

Second, the TO-5 contained crystal was suspended by a conventional printed wiring
board. The internal crystal is supported by pins through the header. Orientation of this
device was such that the circular plane of the crystal is forced against the top of the pins by
the setback inertial reaction. Again, the adhesive is placed in shear by the spin-produced
inertial reactions.

A small number of tests conducted in heavy-shock producing equipment chased out major
bugs. Firing tests subsequently demonstrated that the concept was sound. Especially
noteworthy was data clarity during the shock pulse.

Partial consequence of the successful barrel-length flight performance was development of
a requirement to provide telemetry during the entire flight. Considerably more power was
indicated to be necessary. What could be more simple than to connect an L-band
amplifier? This approach was expected to provide the required gain and power while
increasing the dc to RF efficiency.

Continuing respect for the environment led to a relatively simple hybrid microcircuit
amplifier. Circuit design was low Q, heavily weighted toward survival, no noise, and fixed
tuning. Stub transmission lines tuned during alignment are used here. A consequence is
that harmonic content of the spectrum is higher than the current IRIG criteria. We have
experienced no operational difficulties as a result of this.



In conjunction with the addition of the amplifier, the board-mounted crystal was moved to
a cavity in the housing bottom and hard-mounted there. This is the design as it stands in
June, 1973.

DC input 24-32 VDC at 125-140 milliamperes; reverse polarity protection provided.

200 milliwatt 100 MHz crystal-controlled oscillator working into X15 step recovery diode
coupled into 1500 MHz amplifier with 60-100 milliwatt output, assuming VSWR less than
1.5:1.

Modulation frequency capability 20kHz to 200kHz at 3 radians peak deviation. True phase
modulation.

Load Mismatch: VSWR up to 7:1 with no harm to the transmitter.

Spectrum:  Not per IRIG 106-71 for harmonic content. Very little effort was made to
suppress harmonics that occur every 100 MHz 100 to 1700 MHz to a level more than
15-20 dB below the carrier.

Selected crystals have withstood 16,000g shock. Nearly a dozen successful flight tests
have been conducted in artillery pieces.

Size, less connectors is 1.375 by 1.636 by 0.9 inch high.
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MECHANICAL DESIGN CONSIDERATIONS FOR
A PROJECTILE TM1

DON WILLIAMS, JR.
Sandia Laboratories

Summary   The mechanical packaging necessary to protect electronic packages from the
gun firing accelerations is the key to a successful telemetry system. All components and
wires must be given structural support, usually by the use of potting materials. Where the
accelerations come from and two successful packaging methods are described.

Introduction   The design of a projectile telemetry package which will either survive or
operate during a gun firing is more of a mechanical packaging job than it is an electronic
design job. For this reason, Mr. Bentley thought it would be appropriate for a lowly
mechanical engineer to address this distinguished assembly of “electronickers.”

The acceleration environment that a projectile sees in a gun firing is extremely severe, but
electronic packages can be built which not only survive but which can operate successfully
during these accelerations. The army did the first work in this area with Harry Diamond
Labs, and The Ballistic Research Labs leading the way. Sandia Laboratories became
involved when we needed to obtain data upon projectiles while they were still within the
gun tube, as well as after exiting from the tube. After five years of hard knocks, we feel we
know haw to design a package to oper-ate in this environment, and this paper attempts to
pass on the major pointers that we have learned the hard way.

The Gun Firing Environment   Today we shall only talk about the projectile
accelerations, since they present by far the most severe problems to the designer. We shall
first discuss how the accelerations are produced, give an example of typical acceleration
levels, and then discuss haw to protect the electronic components from these accelerations.

When a gun is fired there are four short duration accelerations and one long duration
acceleration of interest: the setback and spinup accelerations caused by the gas pressure on
the base of the projectile, the balloting or slap of the projectile in the gun tube, the
unloading shock as the projectile exits from the tube, and the radial acceleration due to the
spin velocity of the projectile. Some people also consider the ramming shock, but we will
only consider the accelerations after the gun is fired.



The setback, or launch acceleration, is the primary force which has been considered by the
designer. This is a long duration shock compared to the natural frequency of the shell
structure, and so the response is essentially that of a static load. When you use a cartridge
gun instead of a powder bag gun, you have superimposed the shock due to the impact of
the cartridge closure plug on the base of the projectile. This is a short-duration shock
which causes ringing of the structure at its natural frequency while it is stressed by the
setback acceleration. This is analogous to the water impact shock NOL has worried about
for years and for which they developed the two-phase air gun shock test.

The balloting of the shell in the gun tube is the second acceleration of interest. In general,
the importance of this acceleration decreases as the length over diameter ratio of the
projectile increases. In our applications these have been relatively low and caused little
trouble.

The unloading or muzzle exit shock is the third acceleration of concern. This is not an
externally applied acceleration but rather an internal rebound due to the rapid removal of
the setback acceleration as the projectile exits from the gun. This loading is often
overlooked in design, and since the effect is that if a negative acceleration (opposite
direction) it quite often causes trouble.

The spin of the projectile causes two additional accelerations of interest: the angular, or
“spin up,” acceleration and the radial or centrifugal acceleration. The angular acceleration
and set-back acceleration are directly proportional, with the ratio between them being
determined by the rifling in the gun tube. In our experience, this angular acceleration has
caused little trouble. The final acceleration is the radial, or centrifugal, which is produced
by the spin velocity of the projectile, and is the only acceleration which continues
throughout the flight of the projectile. The twist ratio of the rifling determines the ratio of
spin velocity to muzzle velocity and the peak of this acceleration occurs at muzzle exit.
The easiest way to minimuze this acceleration is to keep the component on the centerline
of the projectile, and for this reason centerline space is at a premium. Our experience
indicates that other space is what will be available for telemetry systems.

Typical design accelerations for a 155mm projectile are as follows:

Setback acceleration 16,000g peak 12nm duration
Spinup acceleration 700g/in. of radius
Radial acceleration 9,000g/in. of radius
Balloting acceleration 300g lateral
Set Forward 1,000g

Of these, the setback and radial are the most significant.



Protecting electronic components from acceleration requires that some structure be
provided which will support the forces generated by the acceleration, but which will not
interfere with the electrical circuitry. Semi-flexible potting--this mans hard but not brittle--
is the best approach for small components, and has been used on complete TM system .
We feel that a whole system should not be potted in one block unless there are many
identical system to be fabricated, or they are to be expended in each test, or the contained
components are so cheap that the additional design required for a modular approach is
uneconomical. The problem with semi-flexible potting is that once installed it is hard to
remove without damage to the components. Normally, if something goes wrong with a
potted package, the whole package is thrown away as unusable. The module approach
allows only a part of the system to be discarded and replaced, and on complex, expensive
system saves money.

A temporary potting which can be removed at will does away with the necessity of the
more complex design of the module approach. We have been unable to find a universal
temporary potting which has good rigidity, high dielectric constant, ease of application and
ease of removal. We have investigated this field rather extensively, and have used several
techniques which can be helpful, the use of brown sugar being the most versatile. We have
used this successfully in projectile telemetry packages, and with proper care, it can
simplify the TM mechanical design considerably.

Selection of Components   Allied to the module approach is the problem of selecting
electronic components that will survive the gun launch environment. Commercial
packages, if available, would be desirable. Unfortunately, we have only found transmitters,
voltage-controlled oscilators and batteries that can be used in their original packages, and
even then a great deal of care must be taken in their mounting. As a result, we have taken a
procedure from the Ballistic Research Laboratory and pre-shock every component and
module before committing it to a firing. We use an air gun delivering a 10,000g, 3ms pulse
for our pretest, and find this has increased the reliability of our systems greatly. This is an
application where the brown sugar temporary potting is very helpful, allowing odd-shaped
components to be fired in a standard canister (Figure 1). Certain components are
electrically monitored during this shock, but the Majority are checked before and after the
test for changes and failure. Obviously, the reliability of a telemetry package can be no
better than ts components, and this is how we insure the reliability of the components.

In most of our projectile telemetry packages we plan on recovery and reuse of the
package. Since the next test will probably differ from this test, we not design versatility
into the package. Again, the modular design allows this greater flexibility, since only a
portion of the system must be changed. The most versatile of modular assembly techniques
we have developed is what we will call the wiring harness technique. A more 



sophisticated, less versatile, but more compact method we will call the wire cage
technique.

The Wiring Harness   In this method, many of the electronic components are repackaged
into standardized module shapes to fit into a predetermined package structure. By having
all of these circuits in the same size package with a standardized connector, many different
telemetry system can be built in the same housing, and so the system has a good
versatility.

The module shape chosen has been a right circular cylinder. The outside of the cylinder is
formed of thin-wall fiber tubing, with a phenolic header at one end supporting a connector.
After the circuit for the module is assembled inside this module, the cavity is potted with a
send-flexible material such as Scotchcast 8. The module is then trimmed to length in a
lathe.

Non-conductive materials are used in these module cases to prevent electrical grounding
problems with the solid aluminum case. The case contains round, flat bottomed holes to
receive and support the modules. A smaller diameter hole in the flat bottom allows the
connector to protrude through to mate with a connector on the wiring harness plate.
Dowell pins in the phenolic header mate with holes in the structure to position the module
and to take any forces tending to rotate the module. The module is held into its cavity by a
threaded cap screwed into the housing. Between this cap and the module is a keyed
washer which prevents the torque applied in screwing in the cap from being transmitted to
the module. For details of typical module mounting see Figure 2.

The wiring harness plate supports the mating connectors of the modules, the
interconnecting Wiring, and connectors for electrical access to the outside world, Figure 3.
A versatile mounting for the connector incorporating sore solder terminals and allowing
other wires from the connector to be routed directly to other connector mountings, make
the interconnecting wiring easier to installs All interconnecting wiring is made with hard
wires supported on this harness plate and epoxied In place to prevent movement,
(Figures 4 and 5). This greatly simplifies the cabling and wiring problem and gives the
method its name.

The structural housing In this method is a complex machining job and only a limited
number of standard-sized, round holes may be drilled into a given sized cylinder. The
metal in the rest of the housing adds weight and often is lowly stressed. The structure
itself, therefore, is not efficiently designed from a structural standpoint, but the resulting
package is an efficient and versatile telemetry system.



The Wire Cage   Space is saved in this method by the elimination of the unused volume
between modules in the wiring harness method and by simplification of the connectors and
interconnecting wiring. To make this simplification, more restrictions are placed on the
design of the component modules, and these modules become more expensive. Again,
almost all components must be repackaged into a standard shape.

Each module starts out with a printed circuit board on which the electronic components are
mounted. These are round PC boards and all interconnections with other boards are made
through terminals around the circumference of the board. These terminals are round
grommets (miniature spring socket AMP, Part No. 3-331272-5, through which solid .025"
berylium copper wires are pressed perpendicular to the PC board. This imposes the
restriction that the interconnection terminal on the next board must be in the same position
to allow this wire to be inserted. This restriction adds to the complexity in the design of the
PC boards.

After the electronic components have been mounted on the PC boards, thin fiber rings are
bonded to the top and bottom of each board outside all components and inside the
terminals. These rings are filled with 20#/cu.ft. foam plastic and then machined to give a
smooth top and bottom surface, (Figure 6). The modules are then ready to be stacked on
top of each other and the interconnections made by inserting the wires down through the
terminals. When viewed in this state, the modules seem to be surrounded by a cage of
wires, and hence the name, (Figure 7). These wires may be continuous from top to bottom,
or may only go between two adjacent modules. To prevent slippage of the wires under
acceleration, the wires may be soldered in the terminals, the wires deformed to prevent
slippage in the sockets, or the bottom of the wires supported by a plastic plate. The
insertion of the wires is made easier by the use of a sewing thimble on the finger when
making the interconnections.

These modules mist be designed to carry the load of the stack in compression through the
foam potting. Additional compression paths through the module can be designed in, but
this makes the layout of the PC board more complex and should be avoided unless really
necessary. The whole assembly is then mounted in a housing which interfaces with the
carrier vehicle.

Non-conductive anodize on housing parts has worked very well to allow the use of un-
insulated wires in the interconnecting circuitry. Cable access into the package is fixed and
cable routing to the package can be a problem, especially if interfacing requirements
change.

The elimination of connectors between modules allows much closer stacking of
components than in any other method. A module can be redesigned and the system



modified, but there are more restrictions in this method than in the other methods.
Individual electronic components can be replaced by digging out the foam and then
patching the modules, so some repair of modules is possible. This is a sophisticated,
complex packing method, which gives the minimum volume and weight, but costs more
than other methods, and therefore should be used only when really needed.

Supporting Interconnecting Wires   The most common failure mode for a TM package
fired from a gun is to have an interconnecting wire break. We protect the individual
components with potting, but the interconnecting wires and cables are harder to protect.
This is especially true when the wires run parallel to the direction of acceleration. The
copper wire must act as a tensile member to carry the load of the wire and its insulation,
and since copper is a weak but heavymetal, the wires often break.

As a rule of thumb, for wires running parallel to the acceleration direction, if the
acceleration in “g” times the length of the wire in inches exceeds 56,000, some
intermediate support is necessary.

This simple formula is based on a breaking strength of copper of 36,000 psi, a density of
copper of 0.322 lbs/cu.in., and a factor of safety of 2. The factor of safety should take care
of the weight of the insulation on the wire in most cases. The second form of the formula
shows how often intermediate supports are needed.

For support it is not enough to bond the insulation of a wire to the surface, since the bond
between the copper wire and its insulation is weak, and we have experienced cases where
the conductor has broken and slid r1git out of the insulation. Don’t let yourself be caught
in this trap!

A sinple way of transferring the load to the center conductor is to tie a knot in the wire,
(Figure 8). You can then fasten the insulation of the wire and be assured that the conductor
will remain with it. On more rigid wires or cables, it my be necessary to bend the cable
into a serpentine shape, fastening each section which runs transverse to the direction of
acceleration. This is not as sure a method of transferring the load from the center
conductor, and so the bends should be closer together than the formula predicts, normally
twice as close.

Wires running transverse to the direction of acceleration need support for the same
reasons, but this can usually be accomplished by allowing the acceleration to press them



against a flat plate. If the cable must run on the opposite side of a plate or along a plate
which has an axis parallel to the acceleration direction, the cable needs to be securely
fastened either by,bonding or tiedowns.

The 56,000 constant is large enough that these techniques need only be worried about
when large accelerations are expected, but this fact makes it easy to overlook the case
where it is needed and will almost guarantee a package failure if it is overlooked.

Conclusion   The primary rule in hardening telemetry packages for a gun environment is
that all electronic parts must be given structural support. In most cases, a seid-flexible
potting compound such as Scotch Cast 8, or a medium density foam, will give this support.
The most commn failure is the breaking of interconnecting wires during accelerations, and
so particular care must be given to supporting these wires. Following these sinple cautions
will eliminate 90% of the problems associated with the survivability of electronic packages
in a gun environment.

155mm TELEMEIRY BROWN SUGAR POTTING
Figure 1



TYPICAL WIRING HARNESS MODULE
Figure 2

155mm TELEMETRY SUB-ASSEMBLY
Figure 3



155mm TELEMETRY WIRING HARNESS
Figure 4

155mm TELEMETRY MODULES
Figure 5

155mm PCM SIGNAL CONDITIONER SUB-ASSEMBLIES
Figure 6



15mm PCM SIGNAL CONDITIONER
Figure 7

155mm WIRE SUPPORT MECHANISM
Figure 8



THE DESIGN OF A SECOND GENERATION YAWSONDE

WALLACE H. CLAY and WILLIAM H. MERMAGEN
Ballistic Research Laboratories
Aberdeen Proving Ground, MD.

Summary   Improvements have been incorporated into existing yawsonde telemeters to
facilitate ground reduction of extensive quantities of data. The main area of improvement
has been in the design of the amplifier so that solar pulses of constant amplitude and
constant width can be transmitted to ground receiving stations. The new amplifier design
makes it possible to reduce the solar pulse data on board the projectile itself providing
solar aspect angle as a function of time of flight in binary coded form at the transmitter.
Such on-board, real time motional data could be used in a command/control system to
enhance the accuracy of artillery fire.

Introduction   Yawsondes have been extensively used during the past eight years to
measure the in-flight motional behavior of a variety of cannon-launched projectiles (1 - 3).
First developed by Amery and his colleagues (4), the projectile yawsonde has undergone
miniaturization and modification until it now is housed entirely in the confines of an
artillery fuze. Adaptations of Amery’s original design have made it possible to measure the
pitching, yawing, and rolling motion of artillery shell as well as fin-stabilized projectiles
with slow roll rates.

A yawsonde is a device which measures the angle between the axis of a projectile and a
vector directed from the projectile toward the sun. While this definition is not exact or
complete, it will serve for the discussion of this paper. Since the yawsonde measures an
aspect angle between missile and solar vector, the actual motional behavior of the missile
with respect to the flight path must be inferred, usually through a complex numerical
reduction and fitting procedure (5,6). A complete reduction of yawsonde data is not
necessary, however, in order to visualize gross features of the motion of the projectile. A
simple plot of solar aspect angle versus time of flight can provide useful details about the
precessional, mutational, and rolling motion of the projectile.

In the early stages of yawsonde development, circuit elements were chosen for their ability
to survive high accelerations experienced in gun launches. Circuit design was kept simple
to increase the probability of a successful flight. During the past several years, the
electronics manufacturers have provided the market with a variety of microminiature and
integrated circuit electronics which have proven capable of withstanding high-g



environments. These circuit elements and complete subassemblies are now being
incorporated into more sophisticated on-board telemetry devices such as yawsondes.

Although yawsondes have provided useful data on a number of projectiles of interest to the
Amy, many of the results were degraded by radio-frequency interference, poor resolution,
data dropout, and inaccuracies in calibration and data reduction. The problems associated
with data reduction and calibration have been somewhat solved (7) and the design of a
two-slit sonde has increased resolution. The problems of rf interference and data dropout
remain. A potential solution to the rfi and dropout problems lies in the possibility of
reducing the raw yawsonde data on board the projectile.

In this paper the general characteristics of a yawsonde will be reviewed. The need for an
improved yawsonde design will be shown with substantial emphasis on the amplifier
circuit as the key to a successful design. Finally, results of improved design will be shown
and an on-board data reduction system will be described.

The Yawsonde   A yawsonde is a device which produces information about the pitching
and yawing motion of a missile or projectile. Yawsondes can be accelerometers,
magnetometers, solar aspect sensors, or similar devices. In this paper, the discussion will
be limited to solar aspect sensors or solar yawsondes. The data from yawsondes are
transmitted to ground receiving stations via a telemetry link. The telemeter design is
determined by the characteristics of the yawsonde instrument and sensing cells. A detailed
analysis of the yawsonde is described elsewhere (7). Here we wish to briefly mention the
main features of the instrument.

At present there are two basic solar yawsonde designs. One is aladaptation of the original
British design by the Harry Diamond Laboratories (HDL) and the other is a design
produced at the Ballistic Research Laboratories (BRL). The HDL sonde uses a silicon
photovoltaic cell, masked in a V configuration, behind a pinhole aperture located on the
surface of the projectile. The BRL yawsonde uses a number of slits mounted with tilted
fields of view on the surface of the projectile. Each slit illuminates a separate photovoltaic
cell. Both systems require that the projectile be spinning at a nearly constant roll rate in
order to make a sensible measurement. Both systems produce roll rate data from the spin
of the shell. Although the improvements detailed in this paper could certainly apply to the
HDL sonde, the main discussion will be restricted to the BRL two or three slit solar
yawsonde.

Figure 1 shows a schematic of the BRL yawsonde. The two slits form a V in space. As the
projectile rotates about its axis in flight, each field of view in turn intercepts the sun. The
solar cell associated with each slit produces a voltage when illuminated and since the slit
sweeps past the sun, the output is in the form of a series of pulses. The repetition rate of



pulses from one cell is related to the rolling motion of the projectile. The phase
relationship between pulses from both cells can be shown to be a function of the angle
between the axis of the projectile and a vector directed from the projectile to the sun. This
angle, called the solar aspect angle, changes with trajectory curvature and with the pitching
and yawing motion of the shell.

The data from a yawsonde, then, consists of a succession of pulses whose phase
relationship is a function of aspect angle and whose period is a function of roll rate. The
data pulses can be made to modulate a transmitter directly or, as is done in the BRL sonde,
an FM/FM transmission mode can be used to reduce noise. After the data have been
recorded on the ground, the data tapes are played back through a discriminator into a
hybrid computer for preliminary reduction. The computer is not a mere convenience but is
essential because of the high pulse repetition rate and the volume of data to be processed.
A typical artillery shell flight produces from 6,000 to 10,000 yawsonde pulses. The phases
of all these pulses must be measured. The present hybrid computer reduction requires
considerable operator skill since the data are often contaminated with noise or spurious
pulses. The hybrid computer output is a digital tape for further processing on high speed
digital computers. This tape contains pulse phase and spin data.

One of the major problems with the hybrid computer reduction is due to the fluctuations in
pulse amplitude and also occasional signal dropout and spurious pulses. These factors have
made it essential to improve the existing yawsonde circuit design to provide for constant
amplitude pulses. A second generation sonde could be designed to provide on-board data
reduction so that signal dropout would mean only a brief loss of data rather than a time
consuming piecemeal reduction on the computer. A sample pulse train from the present
yawsonde as well at the reduced solar aspect angle versus time is shown in Figure 2.
Figure 3 shows the yawsonde telemeter in block diagram form. The amplifier and the
photovoltaic cell are the items which require careful modification and improvement. The
voltage-controlled oscillator (VCO) and radio-frequency oscillator (RFO) are quite reliable
and well proven items in the high-g inventory.

Solar Cell Design   The signals which provide data about the behavior of the projectile
come from silicon photovoltaic cells mounted in slit fixtures as shown in Figure 4. The slit
fixture is designed with mirrored side walls so that the cell will be illuminated even at
extreme angles of solar incidence. If the sun is in the plane of the slit, within ± 45 degrees
from the normal, the cell is fully illuminated and a maximum output of up to 0.4 volts can
be obtained. From 45 degrees to 150 degrees of solar incidence, multiple reflections off the
mirrored walls will occur and the cell will be illuminated with light of varying intensity.
Thus, in order to obtain illumination over a wide field of view, variations in intensity must
be accomodated.



The silicon cell is a variable impedance device. The dark resistance is about 40 kS and the
impedance decreases to several hundred ohms under full illumination. Risetimes less than
one microsecond are characteristic of the cell when properly matched to an amplifier. The
impedance of the cell will vary from one lot to the next. The solar cell is quite brittle and
must be encapsulated in a clear potting compound to enable it to survive high
accelerations. The optical transmissivity of the potting material affects the solar cell output
and response. Matching cells for yawsondes is usually required to assure equal amplitude
pulses from both cells under the same lighting conditions.

Amplifier Design   The silicon solar cell design cannot be easily changed. The single
crucial element subject to change in the yawsonde then becomes the amplifier. Even if the
output of the solar cell were constant and maximum overall conditions of aspect angle,
amplification would still be needed in order to drive the subsequent IRIG voltage-
controlled oscillator. Since fluctuations in cell output exist, high gain amplification is
needed to assure reasonable voltages at the VCO when the illumination of the cell is weak.
The first yawsonde amplifier design for the BRL sonde was made in 1967 using then
available high-g tested components. The limitations of the solar cell were taken into
account by rather simple expedients. The amplifier has, however, functioned to provide
useful data until recent requirements made redesign essential.

a)  The current design of the yawsonde solar cell amplifier is shown in Figure 5. A
photograph of the yawsonde assembly is shown in Figure 6. Amplification is done by a
type 712 integrated circuit operational amplifier. This device requires external frequency
compensation and an asymmetric power supply. The op-amp is operated as a difference
amplifier with the solar cells coupled to the inverting and non-inverting inputs. Low value
resistors (150 ohms) are used to shunt the solar cells so that the variable impedances of the
cells will not adversely affect the amplifier. In this loaded down configuration, the cell
outputs are tens of millivolts and the amplifier has to be set to a gain of 1000 or more to
provide sufficient signals to drive the VCO.

Reasonable amplitude pulses can be obtained with this amplifier over most of the
trajectory of a projectile if the sun is correctly positioned in the sky. The amplitude of the
pulses from one cell may differ from that of the other cell and the amplitude of either set
may vary due to lighting conditions. The shapes of the pulses may also differ. These
variations and fluctuations cause serious difficulties in data reduction at the ground station.
Serious consideration was given to the redesign of the amplifier so that the yawsonde
would put out constant amplitude pulses with reproducible risetimes over a wide variety of
aspect angle and lighting conditions.

A first approach to solve this problem might be to remove the 150 ohm shunt resistors and
to operate the amplifier at saturation so that even millivolt signals from the solar cells



would produce volts at the amplifier output. This simple fix, however, leads to a variable
gain amplifier. The gain is determined by the ratio of the feedback impedance to the total
impedance between inverting input and ground. This includes the impedance of the signal
source. Since the impedance of the solar cell varies inversely with light intensity, a variable
amplifier results so that precisely at those conditions where maximum gain is needed (low
light levels) a lowest gain is achieved. A more sophisticated redesign was therefore
indicated.

The criteria for an improved sunsensor amplifier depend on the characteristics of the solar
cell and the desired pulse shapes. In the first place, the amplifier should not load down the
solar cells. This criterion would eliminate the inconsistent results due to cell to cell
variability. Secondly, the amplifier should have ample gain so that the output is saturated at
some minimum input level consistent with the most pessimistic illumination condition. A
saturated output would permit automatic handling of the data pulses, whether on board the
projectile or on the ground. Thirdly, an internally compensated, integrated circuit,
operational amplifier should be used. A variety of feedback systems could then be used
without affecting amplifier stability. Finally, the amplifier should work from a symmetric
power supply for ease in circuit design and assembly of the yawsonde system. Of course
the amplifier must be able to survive the high-g gun launch environment.

b)  Several redesign attempts were made with different operational amplifiers. The first is
shown in Figure-7. A type L144CJ op-amp was used. This device contains three
independent amplifiers in a standard DIP package. Internal compensation is provided for
and a symmetric power supply is used. The design concept was to use a three-stage dc
amplifier in the one IC with the first stage as a buffer between the solar cells and the
amplifying stages. The first stage would be close to unity gain and act as an impedance
matching device. The next two stages would provide the clipped output pulses. The overall
gain of the system was 300. The input leads of the two solar cells were arranged so that
the amplifier would sum the signals and provide pulses of alternating polarity.

Three yawsondes using this first redesign amplifier were fired on board M107, 155mm
artillery projectiles at the N.A.S.A. facility at Wallops Island, Virginia. The results of
firings showed a square wave yawsonde signal rather than the expected alternating pulses.
The amplitude of the square wave was the saturation voltage of the amplifier and the
frequency of the square wave was the roll rate of the projectile. It was not possible to
determine the exact cause of the problem but it was felt, at the time, that the recovery time
of the overdriven op-amp might be too long.

A second redesign attempt was made using the circuit shown in Figure 8. The same
L144CJ op-amp was used with only a single stage of amplification. Both cells were
coupled to the non-inverting input in such a manner as to obtain alternating polarity pulses.



A high pass filter was used at the cell input with the 3 db point set at 1 Hz. The purpose of
the filter was to block any slowly varying background light signals which might occur (it
was thought) during f1ight. Since the 10 kS filter resistor did load the cells down
somewhat,  the overall gain was increased to 400. In this design, the cells were not
connected to the gain loop and it was hoped that a constant gain amplifier would result.

Two yawsonde rounds using 155mm projectiles and the second redesign amplifier were
fired at Wallops Island. Again a square wave output was observed over the entire flight.
Again the frequency corresponded to the roll rate of the projectile. At this point it was
decided to change the operational amplifier for a third redesign. A type 741, single stage ,
internally compensated IC operational amplifier was used with an arrangement of
components shown in Figure 9. The configuration of the amplifier was identical to that of
the second redesign (Figure 8) except that it was now operated in the ac mode by putting a
capacitor in the gain circuit. The gain was reduced to 100 and the high pass filter resistor
increased to 300 kS with a 3 db point at 75 Hz.

Once again the trip to Wallops Island was made with two yawsondes using the third
redesign amplifier. The results were similar to the first two redesigns with a significant
difference, however. The waveform from one flight was not a square wave over the entire
flight. Toward the end of the flight one could see some pulses beginning to appear. Two
additional yawsondes had been fired with the original circuit on board as a control. Part of
the pulse trains from the original circuit and from the third redesign are shown in Figure 10
for comparison. It is interesting to note that the data from the original sondes consist of
pulses riding on what seems to be a sinusoidal waveform. Comparing these pulses with the
pulses from the third redesign firings suggests that the square wave data received in prior
tests was due to an overamplification of the sinusoidal interpulse baseline. If this
sinusoidal interpulse baseline existed on previous flights, then the amplifier gains would
have been sufficient to produce saturation with this sinusoid alone. The solar pulses, of
course, would have been far beyond saturation. The immediate question, then, had to do
with the origin of the sine wave and it was suggested that the sinusoidal variation was due
to background radiation.

c)  The effect of background radiation due to sky and earth had never been taken into
account since it was assumed that the intensity of the sun would mask all other effects. The
effect of background radiation was indeed smaller than the effect of the sun but was not
negligible particularly with the original circuit design. Moreover, the assumption th;t the
background would vary slowly over the flight was untrue. Certainly the difference between
sky and earth, if discernible, would cause a variation at the same rate as the roll rate of the
projectile. Such a variation would be sinusoidal.



In prior designs the solar cells had always been coupled to the amplifier with reversed
polarity leads to provide positive and negative pulses at the output. In such a configuration,
the signals from the two cells will subtract from each other. If the cells are installed 180E
apart on the projectile circumference, the background signals should be 180E out of phase.
The individual cell signal amplitudes and the difference amplitude for background radiation
are shown in Figure 11. The waveforms are idealized but the amplitudes were measured at
80 mV for skylight and 20 mV for reflection from the earth. The difference between the
outputs of the cells appears as a sine wave input to the amplifier with a ± 60 mV
fluctuation. The original amplifier design loaded the cells down so that voltage outputs up
to 80 mV did not produce a great deal of output from the amplifier in comparison to the
400 mV produced by the sun (see Figure 10). The three redesigns, however, left the solar
cells unloaded. With gains in the order of 300 to 400, the output of the amplifier would
always be at saturation for input amplitudes greater than 20 mV. As a result, the solar
pulses were not detectable due to the enormously magnified background radiation.

The Second Generation Amplifier   A number of promising designs for a second
generation yawsonde amplifier can be suggested on the basis of the preceding discussion.
The two designs outlined in the following paragraphs have been successfully tested at
Wallops Island.

a)  A single polarity amplifier can eliminate the background radiation problem. If the leads
from the solar cells are so arranged that they add the outputs rather than subtracting them,
then the result of background radiation should be a constant amplitude level. This dc input
to the amplifier is readily eliminated by using an ac amplifier design similar to the design
shown in Figure 9. The resultant amplifier circuit is shown in Figure 12. The essential
difference is the polarity of the cell leads. A single yawsonde using this circuit was fired at
Wallops Island and a data train of positive pulses, saturated in amplitude, was the result.
No effects due to background radiation were noticeable. A sample of the data from this
flight is shown in Figure 14a.

b)  A differentiating input amplifier can be used with the cell output leads either adding or
subtracting. The use of a differentiating input gives the advantage of producing fast rising
pulses of narrow width while at the same time eliminating the relatively slow variations
due to background. The differentiating input, however, produces overshoot and a limiting
circuit must be incorporated into the amplifier output as shown in Figure 13. The circuit
shows the cells arranged so that the signals will add thus requiring only a single overshoot
limiter. A slightly more complicated arrangement of limiters would be required if
alternating polarity outputs were desired. A yawsonde using the circuit of Figure 13 was
flown at Wallops Island and produced the results shown in Figure 14b. It should be noted
that the pulses are fast rising with no background effect. Additional tests are now being 



conducted with both the single polarity and the differentiating input amplifiers to determine
which one will be used in the next generation yawsonde.

A Second Generation Yawsonde   The redesign of the yawsonde amplifier has produced
an instrument which generates data pulses with sharp risetimes and constant amplitudes
since the amplifier gain is set so that minimum input signals will saturate the output. The
reduction of data from such yawsondes should be greatly simplified for the hybrid
computer. Unfortunately, the amplifier redesign has not solved the problem of rf
interference or data loss due to signal dropout. Even if transmitter power were increased to
overcome noise interference, there would still exist data dropout due to antenna pattern
variations or firing conditions such that the sun is not in view over portions of the flight.
Sporadic data is still quite difficult to reduce on the hybrid computer. If it were possible to
telemeter the measured solar aspect angle rather than a data pulse train, then gaps in the
data would merely represent an incomplete flight history rather than an unmanageable
reduction chore. In-flight data reduction has the added advantage of producing real time
information about the behavior of the shell. Such data might make it possible to
accomplish mid-course adjustments to the motion of the projectile and thereby enhance the
accuracy of artillery fire.

It has become technically feasible to reduce yawsonde data on board the projectile with
the availability of IC computer circuits in conventional DIP packages. A variety of such
circuits have been tested at up to 40,000 g and have functioned successfully after test. The
design of a circuit to reduce the data on board requires the availability of uniform and
precise pulses for measurement purposes. Thus, the on-board data reduction system
consists of signal conditioning circuits and pulse measuring and transmitting circuits.

a)  Signal conditioning of the data pulses would be done in the manner shown in Figure 15.
The output of the redesigned amplifier is used to drive a flip-flop. The normal and the
inverted outputs of the flip-flop are coupled to two inputs of a NAND gate. As the
amplified solar cell pulses arrive at the flip-flop, they change the output state (either high
to low, or low to high). Alternate inputs to the NAND gate will then go high or low
depending on which pulse has triggered the flip-flop. When either input to the NAND gate
goes low, the output of the NAND gate goes high and remains in a high state for a length
of time proportional to the RC time constant at the input. The result of a train of sunsensor
pulses is an output from the NAND gate of a train of constant amplitude, constant duration
pulses which are synchronized with the sunsensor pulses. For the usual yawsonde
application, the pulse duration would be set at about 200 microseconds. For a completely
on-board reduction system, the pulse widths would be set to about one microsecond. As
shown in Figure 15, the first tests of the signal conditioning circuits would be done with a
parallel output from the amplifier to drive a separate VCO. This would allow a comparison 



between the data pulses derived from the signal conditioner and the ones derived just from
the amplifier.

b)  The on-board data reduction system proposed for tests later this year is shown in block
diagram form in Figure 16. The circuit components are all digital IC’s using COS/MOS
type logic. The digital IC’s use very little power, can be operated over a voltage range
from 3 to 15 Vdc and have been tested at the high accelerations experienced in gun
launches.

The on-board circuits are designed to measure the time interval between pulses generated
by the solar cells. Two time intervals are measured, one between pulses from the same cell
(roll rate) and the other between pulses from different cells (related to aspect angle). The
amplified and conditioned sunsensor pulse train is a source of control pulses for the digital
circuits. A 14-stage binary counter counts clock pulses from a 1-MHz internal clock. The
conditioned sunsensor pulses are used to initiate parallel transfer of the count or state of
the counter to a 16-stage shift register. The system is so designed that the pulse from one
sunsensor will allow the state of the counter to be read by the shift register without
disturbing the count. The pulse from the second sunsensor will be used to read the count in
the binary counter and then will reset the counter for the next data interval.

After the parallel data shift from the counter to the shift register takes place, a second
internal clock serially shifts the data out of the shift register into the telemeter circuits for
transmission to ground stations. The data input to the telemeter is in the form of a series of
14 bit binary words, each word representing a time interval between sunsensor pulses.
These binary words can be read and directly related, through calibration, to the spin and
solar aspect angle data required from the yawsonde. Further sophistication could be
provided so that the solar aspect angle would be available on board the projectile, if
needed for control purposes.

Conclusions   A number of methods for improving yawsonde data have been described
and the results of actual flight tests have shown these methods to be promising. A second
generation yawsonde which will provide enhanced pulse data for hybrid computer
reduction has been designed and flight tests are currently being undertaken. The circuits
for accomplishing on-board data reduction have been g-tested and the design of an on-
board reduction system has been accomplished. Further tests of this system will be made
on actual projectiles once the selection of amplifier and signal-conditioner has been
completed.
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Figure 1.  A schematic of the BRL yawsonde.



Figure 2.  A sample yawsonde pulse train and the reduced solar aspect angle.

Figure 3.  A block diagram of the current BRL yawsonde electronics.

Figure 4.  A schematic of the solar cell and slit geometry.



Figure 5.  Circuit diagram of the current yawsonde amplifier.
An ac amplifier with differential input.

Figure 6.  The components of the nose-fuse yawsonde.



Figure 7.  Circuit diagram of the first amplifier redesign attempt.
A 3-stage, dc amplifier.

Figure 8.  Circuit diagram of the second amplifier redesign attempt.
An ac-coupled, dc amplifier.

Figure 9.  Circuit diagram of the third amplifier redesign attempt.



Figure 10. a) Solar cell pulses from the original circuit.
b) Solar cell pulses from the third redesign circuit.

Figure 11.  Idealized waveforms from each cell due to background
and the combined signal into the amplifier.

Figure 12.  An amplifier design which produces output pulses of the same polarity.



Figure 13.  An amplifier design with differentiated input pulses.

Figure 14. a) Data pulses from a yawsonde with a single polarity output
amplifier b) Data pulses from a yawsonde with Differentiated input.

Figure 15.  A signal conditioning circuit for use on improved yawsondes
or for on-board data reduction circuits.



Figure 16.  A block diagram of a proposed on-board data reduction scheme.
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A SHOCK HARDENED PCM SYSTEM WITH DATA STORAGE1

D. E. BARNES
Development Testing Directorate

Sandia Laboratories

Summary   A miniature shock hardened PCM system with data storage capability has
been developed by Sandia Laboratories for use in test where RF transmission either
difficult or impossible. The PCM has 16 channel input capacity and encodes the data with
6 bit accuracy. The data rate is selectable from 1k bit per second to 250 k bit per second.
The encoder has been harbarized and packaged in a volume of less than 4 cubic inches.
The data storage is selected in 6 k bit increments with a maximum storage of 600 k bits.
Typical applications involving earth and water penetrating are described.

ITC '73
This CD-ROM duplicates the published proceedings in that only a summary of this paper was published.



PLANETARY PROGRAM DATA SYSTEMS STANDARDS

EARL W. GLAHN
Planatary Programs Data Systems Working Group.

The planetary program data systems at NASA include the complete data link to and from a
planetary or interplanetary spacecraft and the data processing computers on the ground.
The functions performed by the data systems are spacecraft tracking, telemetry and
command. Although there have been design constraints placed on these systems in the
past, such as the transmission frequencies used, no standards have been available which
apply to these systems.

Planetary data systems are somewhat different from earth orbital systems and are
becoming more complex because of the requirement for data transmission over steadily
increasing planetary distances. For example, Pioneer 10, now on its way to Jupiter, will
have to communicate over distances up to 575,000,000 miles with a round trip
communication time of about 2 hours. Also, almost all planetary spacecraft include various
kinds of coding, such as block coding or convolutional coding, to gain higher link
efficiency and all data is transmitted as digital rather than analog data. Thus the planetary
programs during the 1970-1980 period are requiring significant new developments in the
data systems area. It is necessary that these new developments be controlled in such a
manner as to insure the most cost effective and technically feasible implementation, and to
maintain compatibility between the spacecraft and the ground elements of the systems.

In 1969 it was decided to start an effort to develop standards to apply to the planetary
program data systems. This effort was initiated with the formation of a working group,
now known as the Planetary Program Data Systems Working Group, under the joint
direction of the Office of Space Science (OSS) and the Office of Tracking and Data
Acquisition (OTDA) at NASA Headquarters. Membership on the group includes project
representatives and representatives of each of the data systems involved. Thus, the
spacecraft system, the deep space network, the ground communications facility and the
computer processing system are all represented.

During the early meetings of the group much time was occupied with discussion of what
standards really were, and if and how standards could really be applied to the planetary
program data systems. Also, we discussed whether we should UBe the term “standards” or
use some other term like “guidelines” or “design criteria”. Currently we are using the term
standards, but this subject is still undergoing periodic discussion.



The development of standards began with a review of the existing design of the data
systems elements. As stated earlier, certain constraints such as the transmission
frequencies constitute automatic standards. The task then became the identification of
other elements of the systems which could be candidates for additional standards. Previous
work, such as the GSFC Aerospace Data Systems Standards effort, was used to provide
examples of other elements which could be candidates and examples of the type of
document which might be produced. This effort proceeded rather slowly and it took about
two years to get agreement on a preliminary list of items which were considered legitimate
candidates.

In 1972 a Telecommunications Standards Committee was formed, sponsored by
Headquarters and reporting to the working group, to devote full time effort to the final
preparation of the standards. Due to the work of that committee, we have now developed
preliminary standards for the radio frequency transmission and telemetry systems. The
radio frequency transmission section and a part of the telemetry section have been
officially distributed and comments have been received. We are now in the process of
negotiating revisions based on these comments and expect to issue these portions in the
near future. This issuance will be in the form of a distribution letter to the users signed by
the Associate Administrators for OSS and OTDA.

The method of enforcement of the standards also has been the subject of much debate.
Each planetary project is required to have a document called the Project Plan approved by
NASA Headquarters before official project authorization. It is our current proposal to
require that each future Project Plan identify those standards which will be applicable to
the project, and those which will not be applicable together with a reference to the
approved waiver request.

Our plans for evaluation and approval of waiver requests have not been firmly established.
Tentatively, we believe that these requests can be evaluated by the working group who in
turn will make recommendations to management for final action. In any event, we do
recognize that a clear waiver process must be established. It is our intent to establish such
a process and to issue waiver request instructions with the first part of these standards
mentioned earlier.

Our future activity will be concentrated on development and issuance of standards for the
rest of the telemetry system and the command, central processing and tracking systems.
We hope to have a reasonable complete set of standards developed within about a year.
These areas which we now see as being the most difficult are those involving data
structuring and data coding aboard the spacecraft since these involve very obvious but
hard to measure trade-offs between the spacecraft and the ground elements of the data
systems. These trade-offs are now being studied.



We expect to have some opposition and reluctance on the part of the various systems to
accept and implement the standards. Much of this will stem from real resource limitations.
We have no answer to this problem now and propose to treat such opposition on a case by
case basis. It is encouraging to note that all systems admit the need for standards and have
shown a very active interest in the working group discussions. Through their direct
participation they have been and will continue to be exposed to various spacecraft/ground
trade-off studies. Such studies are now being considered by the Mariner Jupiter Saturn
1977 project in the design of their spacecraft which is now taking place in parallel with the
working group activity. Thus we believe that our effort will result in some degree of
informal standardization even without the existence of formal documentation. However, it
is our intent to continue in the direction of developing and implementing a complete set of
standards as soon as possible.



STANDARDS FOR GOVERNMENT USE OF THE SPECTRUM

JOSEPH A. HULL
Chairman

Standards Group
IRAC Technical Subcommittee.

The Interdepartmental Radio Advisory Committee (IRAC) formulates and recommends to
the Office of Telecommunications Policy (OTP) objectives, plans and actions, as
appropriate, in connection with the management and usage of the radio spectrum in the
national interest by the departments and agencies of the U.S. Goverment. A Technical
Subcommittee (TSC) of the IRAC supervises and coordinates the activities of six Working
Groups made up of representati.es =rom the supporting agencies of the IRAC to
recommend technical inputs as part of the above function. The Standards Working Group
of the TSC develops recommendations for new standards and improvement of existing
standards pertaining to use of the radio spectrum.

Specifically, the following general areas are considered by this Working Group:

1.  Review, evaluate and improve the existing standards in the OTP Manual that bear upon
the use of the spectrum.

2.  Ascertain areas in which standards could be established and promulgated throughout
the Federal Government which have a bearing on and would improve the use of the radio
spectrum.

3.  Determine the degree to which uniformity exists in the application of standards
affecting use of the radio spectrum in the Federal Government.

4.  Provide a technical evaluation of spectrum oriented standards incorporated in both
existing and proposed ITU documentation; and make recommendations as to their
adequacy. Further, prepare documentation for presentation through the IRAC channels to
the appropriate U.S. CCIR Study Group.

5.  Determine and make recommendations on how particular standards, being applied to
radio communication-electronic equipments and systems, may be evaluated from an
economic standpoint, with a view toward appreciating the tradeoffs between dollar
conservation and spectrum conservation.



6.  Rationalize the differences between the Federal Government and FCC standards in
areas of common interest.

The work of the Group is carried out by committees of Working Parties drawn from
representatives of the supporting agencies and from technical experts as appropriate to
formulate the technical recommendations for coordination through the TSC and adoption
by the IRAC. The resultant spectrum related standards are incorporated in the Manual of
Regulations and Procedures for Radio Frequency Management which is published by
OTP. The ultimate objective of these standards is to provide a uniform minimum standard
of practice required of all Government users of the radio spectrum assigned by the OTP.
This will require a continuing effort to upgrade and improve the standards in use here as
technology advances and as more efficient methods for spectrum utilization evolve.



COORDINATION OF TELEMETRY STANDARDS

RONALD M. MULLER
Telemetering Standards Coordination Committee

The Telemetering Standards Coordination Committee (TSCC) is a group containing
fourteen members, plus an equal number of alternate members and several subcommittee
members and consultants. We do not write standards, but rather we offer a review service
to any telemetry standards writing organization. Our members represent a rather diverse
cross-section of the telemetry community including industry, government users and non-
profit groups. We try to give timely and constructive criticism to our “customers” -
preferably before they publish a new standard or revise an old one. This is a continuing,
iterative process extending over years in some cases. For instance, the frequency division
standards now contained in 106-71 reflect many years of technological improvements.
These came about as evolutionary changes and TSCC has contributed to each revision of
the standard since TSCC was formed in 1960. (Some of the suggestions of that first
Committee were incorporated into 106-60).

It has been quite gratifying to see our comments and suggestions incorporated into the
published standards. It is this satisfaction which has attracted and held excellent telemetry
professionals for long-term service to the 6ommittee. One of the original founders of the
Committee is still an active member and two others only recently resigned. Our
professional sponsorship is by the ITC and the ISA and each member’s travel expenses
and salary are picked up by his company.

My report to the sponsoring societies of our past year’s accomplishments may be found in
the proceedings of this conference.



GSFC STANDARDS PROGRAM

WILLIAM B. POLAND, JR.
Standards Office, National Aeronautics and Space Administration

Goddard Space Flight Center
Greenbelt, MD.

The GSFC Aerospace Data Systems (ADS) Standards are a set of technical documents
which are the product of a standards effort having three major attributes: a system for
standards development, a management system to support implementation of the standards,
and a set of a well defined purposes with respect to GSFC data systems operations. This
approach to standardization for the NASA network and data facilities has been evolving
about 10 years and appears to have reached a kind of equilibrium from a management
standpoint, although it is expanding in the technical areas addressed. Basically, the ADS
Standards are intended to ensure compatibility at the interfaces between major data
systems required by missions which Goddard is responsible for supporting. In particular,
they are intended to ensure the ability of expensive ground installations to support multiple
projects without unnecessary alterations. At the same time, projects conforming to the
standards are guaranteed at least a specified minimum quality of support. We believe data
system standards should be sufficient to ensure this concept of compatibility.

Although there have been working ADS standards for tracking, telemetry, and Command
systems for a long time, there are several areas which urgently require augmentation. For
example, there is an urgent need at present for Completing standards for error detecting
and correcting PCK codes, and for Range and Range Rate tracking systems. Also, the
process of writing or revising standards has proved so slow that it has been difficult to
keep up with developing technology. These areas must be improved in future.

A n A number of major new technical developments a-e expected to affect NASA’s data
systems drastically in the 1970's, some of the more significant being:

(a) data systems with very high bit rates ‘12 data volumes (up to 300 M bits/sec on one
channel1 and 1012 bits/day average). Our present input is about 1012 bits/year.

(b) data collection systems; i.e., up to 10,000 “platforms” distributed over the globe
interrogated by orbiting spacecraft



(c) handling the tracking, command, and telemetry functions in real time through
spacecraft in synchronous orbit rather than through ground-based links

(d) very precise tracking systems having errors of a few centimeters or less which in
turn create a requirement for very precise time calibration at tracking stations.

An area in which we expect much activity in the next 5 years is coordination of systems
standards between major aerospace organizations. There are several standards documents
in effect at present in the organizations with which the NASA data systems interface. As
joint support and data interchange activities increase, there will be a corresponding
increase of importance in the coordination of these not necessarily compatible standards.
The points at which our major network requirements interface most actively at present are:
joint network support for command and telemetry; magnetic tape interchange (mostly
computer tapes in future); communication links and terminals.



RCC TELEMETRY STANDARDS

R. STANTON REYNOLDS
Range Commanders Council (RCC) Telemetry Group

RCC Telemetry Standards and Test Methods are the evolutionary result of the
requirements over a span of 20 or more years to standardize the telemetry systems used in
testing missiles and aircraft at the several National and Service Ranges throughout the
United States. More familiar as the IRIG Telemetry Standards are the responsibility of the
RCC Telemetry Group, which is responsible to the Range Commanders Council for their
content, applicability, and timeliness. For nearly 15 years it has been the policy of the RCC
that the standards be coordinated with interested manufacturers, manufacturers’
organizations such as EIA and AFTRCC, and with other government agencies, as well as
the Telemetry Standards Coordinating Committee before being submitted to RCC for
approval.

Through the course of several Standards revisions, the need for standard test procedures to
determine compliance with important portions of the Telemetry Standards became
apparent. In the 1966 Standards, test procedures were included for testing magnetic tape
recorder/reproducer systems. By 1970, test procedures had been developed for so many
parts of the telemetry system that it was felt necessary to make two documents. This
revision resulted in IRIG 106-71 “Telemetry Standards”, and in IRIG 118-71 “Test
Methods for Telemetry Systems and Subsystems”.

The contents of the current documents, 106-73 and 118-73, were approved by the
Executive Committee of the RCC in September 1972. However, extensive reorganization
of the material was felt to be necessary. It was also considered desirable to make use of
the great amount of work put into the documents by NASA in producing a version of the
two documents which included both International (SI) Units and English Units, and include
the two sets of units in the 1973 documents. Because of the sizeable editing job and the
workload of the RCC Secretariat’s staff, the current documents were not printed until this
June.

In order to keep the standards useful, it appears that a two-year revision cycle, which is
about what is currently adhered to, should be maintained. The emphasis on test methods in
the last two versions is a trend which will continue for the foreseeable future. As telemetry
systems become larger and more complex, the need for better, more comprehensive, and
even automated test procedures to assure data quality becomes more urgent. With the aid



and support by the Services in areas such as the studies being funded at NME, Point
Mugu, the Telemrtry Group should be able to meet the need for good, well-tried test
procedures as they are required.

With time, some of the areas now covered in the Telemetry Standards will be replaced by
more useful systems, or subsystems. PDM systems are not as popular as they were a few
years ago. Tape standards could be removed if a good usable specification results from
current efforts by the General Services Administration. As in the past, coordination with
industry and other interested agencies will be a requirement so that the standards will be as
useful as possible to as wide a segment of the technical community as possible, while still
meeting the primary purpose of providing standard telemetry systems at the Missile
Ranges.

Some of the areas to be covered in the next revision will be procedures for testing low-
noise telemetry multicouplers, recommendations for pre-recorded signatures on magnetic
tape for reproduce azimuth adjustment and reproduce amplifier equalization, procedures
for testing magnetic tape recorder servos, and diversity combiner test methods.
Transducers are also receiving greater effort. Methods of applying stimuli at, or as close as
possible to the transducer are being investigated with the objective of developing tests
which are truly end-to-end for the transmitting portion of telemetry systems.

In summary, it is the intention of the RCC Telemetry Group to continue, as in the past, to
provide standards and test procedures which are as up-to-date as can be reasonably
effected, and which meet the needs of the Ranges and other segments of the telemetry
community in a technically sound and responsive manner.
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APPENDIX A 

TELEMETERING STANDARDS COORDINATION COMMITTEE 

SPONSORED BY 

TWELFTHlANN'lJAL REPORT OF THE 
TELEMETERING STANDARDS COORDINATION COMMITTEE 

By Ronald M. Muller, TSCC Chairman 1972-74 

Introduction. The Telemetering Standards Coordination 
Committee (TSCC) was formed in 1960 and has been in continuous 
operation since that time. It is now sponsored by the ISA and 
the ITC and its membership is drawn from a wide cross-section 
of the telemetering community. Thus the views of Government, 
industry, user and manufacturer are brought out when any standard 
is reviewed by the committee. 

In accordance with its charter the TSCC is charged with the 
following tasks: establishing what standards, methods, and pro
cedures are in existence and published; examining the technical 
adequacy of existing and proposed documents; exploring the need 
for new standards, methods, and procedures and promulgating the 
derivation of new documents. The TSCC does not issue standards, 
but rather acts as a review, coordinating, and fact-finding body, 
endorsing specific standards, methods, and procedures, and making 
recommendations to the appropriate document originating groups, 
to telemetry users and manufarturers, and the Government agencies. 

For further info:gn4fion on the origination of the TSCC and 
its original Charter and Bylaws, please see the 1962 Proceedings 
of the National Telemetering Conference. An annual report has 
been published each year since that time. Years 1963 through 
1967 may be found in the NTC Proceedings of that year and, start
ing 1968 and all following years, may be found in the Proceedings 
of the International Telemetering Conference. 

Committee Activities. Since the Eleventh Annual TSCC Report, 
which was published in the 1972 ITC Proceedings, three TSCC meet
ings have been held as follows: 

October 12-13, 1972 - Los Angeles, California 
January 23-24, 1973 - Greenbelt, Maryland 
May 22-23, 1973 - Huntsville, Alabama 

TSCC activities resulting from these meetings, which are of in
terest to the telemetering community, are presented below. 



October 12-13, 1972

Honorarium plaques were awarded to past TSCC members at the ITC banquet. We, of the
telemetry community, are indebted to these men for years of dedicated service and the
plaques are symbolic of our thanks.

The committee heard a presentation on the B-1 “EMUX” by Mr. Jack Oldhaver of
Radiation Incorporated.

Mr. Joseph Koukol reported on NASA’s activities to standardize spacecraft flight
hardware in an effort to reduce spacecraft cost. Since this kind of activity usually results in
new standards, TSCC resolved to stay informed of this activity so it would be
knowledgeable when they did appear.

Mr. Larry Gardenhire resigned his charter membership in TSCC and Mr. Carroll Curry
was elected to replace him.

Mr. Ray Runyan resigned his TSCC membership and Mr. Mike Pizzuti was elected to fill
this vacancy.

Mr. Cecil Kortman was elected to be the new Vice Chairman of TSCC and Mr. Carroll
Curry was elected Secretary-Treasurer. These are two year terms and, as provided in the
bylaws, Mr. Kortman will assume the Chairmanship of TSCC at the time of ITC ’74.

January 23-24, 1973

The subcommittee structure of TSCC was revamped into two standing committees. These
are the Data Multiplex Subcommittee, Mr. Robert McElhiney, Chairman, and the Radio
Frequency Subcommittee, Mr. Verne Jennings, Chairman.

Mr. William Poland, of Goddard Space Flight Center, presented the committee with copies
of a draft Goddard Standard “Magnetic Tape Track Standard” and three USA
Contributions to the International Organization for Standardization (ISO). (Mr. Poland is
one of the USA’s representatives to the ISO.) These were the “Standardizations of Analog
Modes of Recording on Magnetic Tape for Instrumentation Applications”, IfThe
Standardization of Pulse Amplitude Modulation for Instrumentation Applications” and
“The Standardization of Pulse Code Modulation for Instrumentation Applications”. Mr.
Poland further talked about the Goddard Standardization Program and informed the
committee on the future plans for that effort.



Mr. Ray Piereson of the Jet Propulsion Laboratory presented some preliminary drafts of
RF standards being developed by the Planetary Program Data Systems Working Group.

The committee reviewed these standards and draft standards and made specific
recommendations on the JPL RF Standard, a Goddard Time Code Standard and the ISO
PCM Standard.

Mr. E. Mendel had resigned from TSCC and Mr. Burt Elliott was elected to fill this
vacancy.

The committee then were given a tour and presentation of the Earth Resources Technology
Satellite data processing facilities by Mr. John Sos.

May 22-23, 1973

New Standards or draft standards received by the committee at this meeting were as
follows:

1.  A new section on Timing to the JPL Planetary Program Flight/ Ground
Telecommunications Standard,

2.  A Magnetic Tape Track Standard and a Convolutional Coding Guideline both from
Goddard Space Flight Center, and

3.  A revised PGM definition figure to be included in the new IRIG 106 document.

The committee took action on a Diversity Combining Test Procedure, the two Goddard
standards above and the PCM definition diagram.

Mr. Joseph Koukol resigned his charter membership and Mr. Raymond Piereson was
elected to fill this vacancy.

Three presentations to TSCC were given by Marshall Space Flight Center personnel. The
SKYLAB Apollo Telescope Mount by Mr. J. Atherton, the Sortie Lab by Mr. Frank
Emens and the RF Systems for Shuttle Orbiter by Mr. Lee Malone.

Respectfully submitted,

Ronald M. Muller, Chairman
Telemetering Standards
Coordination Committee 
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