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CONCENTRATION OF BINARY FM SPECTRA

P. PAPANTONI-KAZAKOS
Electrical Engineering Dept.

Rice University
Houston, Texas

Summary -- The spectrum of a digital FM signal can be considered as an indicator of the
resistance of the signal to distortions caused by band-limitation. The study in this paper is
oriented toward the design of signaling pulses that will achieve an FM signal spectrum
concentrated about the carrier frequency. Convenient spectrum expressions and general
guarantees of optimality are found for binary FSK signals.

Introduction -- The frequency shift keying systems have been the subject of many studies
the past few years [1-3]. In these systems, the modulation signal is a series of pulses given
by

(1)

where g(t) gives the shape of the arbitrary pulse of duration T and ai are the information
digits. The modulated waveform is a sinusoidal process S(t) given by the following
expressions

(2)

where A : the constant amplitude;
Tc : the carrier frequency;
Td : the transmission frequency;
ai : the information digit transmitted during the time interval [(i-1)T,iT];
L : the pulse energy in [0,T], taken in general equal to one;
2 : the initial phase.

The waveform S(t) goes through two band-pass filters with spectra concentrated about the
frequencies ±Tc before the process of detecting the digits ai starts. The first band-pass
filter is an element of the transmitter and it is necessary for cutting down in wasteful power 



of transmission, while the second band-pass filter is the first receiver element and it is
necessary for banding the spectrum of the channel noise.

The less concentrated the spectrum of the waveform S(t) is about the ±Tc frequencies, the
more S(t) is distorted due to band limitation, and the larger the probability of false
detection in the system [4]. The waveform S(t) being a function of the pulse shape g(t) ,
proper pulse design will result in concentrated “optimized” spectrum.

Convenient expressions of the S(t) autocorrelation and spectrum will be sought with
emphasis on the binary case (ai = ± 1 with probability 1/2 each). Effort will be given to
establishing pulse characteristics that will “optimize” the above expressions.

In this paper, only the case of the ai digits being independent will be covered. In this case
the mean E{S(t+J)S(t)} can easily be found. The waveform S(t) is not a stationary process.
To stationarize it, one must average with respect to J. Before this is done, the mean
E{exp(j2Tdai)} will be discussed.

The phase interval [-B,B] is available for transmission, so one has to choose all the
possible values of Tdai in it. If the middle and edge points of the interval are excluded, one
has that

-B < Tdai < B, Tdai … 0

Let us notice that in Tdai the frequency Td is multiplied by the unit time and has phase
dimensions. The exclusion of the points -B, 0, B does not impose any actual restrictions to
the problem. Furthermore, if the information digits have density symmetric about the
origin, then

E{exp(jxai)} = E{exp(-jxai)} (3)
and

-1 # E{exp(j2Tdai)} < 1 (4)

If expression E{S(t+J)S(t)} is averaged with respect to t , and expressions (3) and (4) are
applied, one has the following bracket expression for the stationarized autocorrelation
function Rs (J) of S(t) :



(5)

where

and
                           (6)
It is obvious from expression (5) that the stationarized spectrum of S(t) is band limited
with band central frequencies the ±c. The low-pass autocorrelation RLS(J) in the binary
case is then given by (7):

(7)



There are a few signal-design observations that one can make right at this point. First of
all, the angle Td must be somewhere in the interval (0,B). If Td is equal to B/2 (orthogonal
signals), the autocorrelation is obviously zero for J > 2T and the process S(t) cannot be
strictly frequency limited, then. If Td is different from B/2 , the autocorrelation has the
form of a decaying oscillation of period either T if Td lies in the interval (0,B/2, or 2T if Td

lies in (B/2,B). Hence, for given pulse (given n(t)) one expects sharper spectra (less
modulated signal distortion) when the modulating signals +Td and !Td are not orthogonal.

Let us now call

(8)

(9)

Then, application of the two last expressions to expression (7), gives the following
expression for the low-pass waveform spectrum in the binary case:

(10)

Introducing the functions

(11)



(12)

(13)

(14)

one finds from (10)

(15)

Expression (15) is a general formula for the low-pass spectrum of the modulated waveform
S(t) , when the series of modulating digits ai is a series of independent plus and minus
ones. The pulse shape g(t) is included in the functions K1(J), K2(J), K3(J), and K4(J) and
the signaling frequency (frequency of transmission) is Td. One can work on (15) to find
FLS(T) under specific pulse shapes and signaling frequencies or to establish “nice”
conditions on the pulses to achieve sharp spectrum.



The Spectrum in the Presence of Orthogonal Pulses -- We will choose the pulse g(t)
here to be equal to 1/T for 0 # t # T . Then g(t) = t/T and the spectrum FSL(T) can easily
be found in this case. The result in the general case is a complicated expression of sin Td

and cos Td , though. One can find simple expressions of FSL(T) for special values of the
frequency of transmission Td .

Indeed, it can easily be found that for Td = B/2 (orthogonal signals) the low-pass spectrum
is given by the following expression:

(16)

From (16) it is obvious that the low-pass spectrum for orthogonal signals and rectangular
signaling pulse is a decaying sinusoidal function with two peaks at T = ± B/2T . This same
spectrum decreases as fast as T4 .

Another Expression for FSL(T) -- Let us define the following new functions:

g1(J) = k3(J) + k4(J) (17)

g2(J) = k4(J) ! k3(J) (18)

g3(J) = k1(J) ! k2(J) (19)

g4(J) = cos Tdk4(T!J) + sin Tdk2(T!J) + cos Tdk3 (T!J) + 

+ sin Tdk1(T!J) (20)

Then, if one uses the above expressions to find FSL(T) one gets

(21)



If we now assume that the pulse g(t) is smooth (all derivatives existing), so are k1(J), k2(J),
k3(J), k4(J) and g1(J), g2(J), g3(J), g4,(J) . S, let us define the following Taylor expansions:

(22)

(23)

(24)

where

(25)

(26)

(27)

If we assume that the summation of the infinite Taylor series converges to the Fourier
characteristics of the functions, one will get, by application of (22-27) to (21), an
expression for FSL(T) which will be simple in the case of orthogonal signals (Td = B/2).
Indeed, we have then

(28)



Based on expression (28), one can make some observations. From (11) and (12), one can
easily find that for orthogonal signals (Td = B/2) one has

(29)

We will remind the reader here that by definition

                                         the pulse, which is always nonnegative hence                        
are always nonnegative and                                  can be zero only if                                    
are zero. On the other hand, for Td = B/2 still,                                for every pulse.

Conclusion -- Assuming that all the partial sums mentioned above converge and, for
binary orthogonal signal case, one has a sharper low-pass spectrum FSL(T) than the one
accomplished by the rectangular pulse (one of the sinusoidal terms decaying faster than T-4

which is the order of decrease for the rectangular pulses (16)) if one chooses instead of a
smooth signaling pulse that is zero at the beginning and the end of the signaling interval of
length T
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DETECTION AND DISCRIMINATION OF X-RAY
RADIATION SOURCES
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Summary.   While studying radiation sources in X-ray range by devices, carried to the
near-Earth orbit, there appeares some problems, called by the necessity of uninterrupted
scanning of the sky sphere and high speed of canals’ test, which leads, consequently, to a
considerable  volume of data.

Side by side with strong sources of radiation one shows great interest to the weak ones
which may turn out to be unknown to the science stars. On detecting the source, it is
necessary to get a number of parameters, characterizing its structure.

Devices of the space station “Saljut 4", carried an enormous deposit into the study of
sources in X-ray range. The analyses of results shows, that beside useful signal from X-ray
telescopes, a considerable number of superfluous references enters the radioline.

Highly effective algorythm of detection and discrimination of useful signals, allowing to
raise the informational capability of radioline is represented in the work. Superfluous
references, which are stipulated by a galactic background are excluded from the whole
data stream.

The use of this kind of algorythm allows to discriminate more legible the sources of
radiation in on-board and on-Earth use. The effectiveness of this algorythm is shown in
adaptation of experimental data, got from X-ray telescopes of the space station “Saljut-4".

Introduction.   The latest times in astrophysics of high energies the most important results
are got in X-ray astronomy. More than 150 sources of X-ray radiation are discovered. The
process in this field is connected with the expe riment beyond the atmosphere of the Earth.

The researches in the field of X-ray astronomy consist of the following stages: detection of
the sources of radiation, study of energy spectres and time related sources, localization of
sources on the sky sphere.



For fulfilling this task X-ray telescopes are made with larger effective square of particles’
registration, lower the apparatus background of devices and etc.

On finding energy dependence the whole range of registration is divided into some
subranges, and for getting information about the time relationship of sources one must
raise frequency of canals’ test.

Measurements, conducted on Earth’s satellite in the scanning range, give a large volume of
information, more than 90%, which compose the background, and that makes Earth’s
adaptation of experimental data slow and overloads the radioline by superfluous
information.

The state can be very much improved if one puts a computer on board the satellite, which
will show presence or absence of the source in the field of view of the device.

Thus, one may exclude background parts (excessive data) from the whole mass of data and
raise the share of informational reference. For fulfilling the task it is necessary to develop
algorythm of detection and evaluation of scientific data, received from X-ray telescopes,
which will satisfy such conditions:

-  detection and discrimination with the assigned exactness not only of the signals, which
exceed the background level for 3 F , but also the signals with smaller ranges of energy
(weak sources);

-  transmission in the radioline only those meanings of reference, which carry information
about the sources.

Many methods of compression of data are known, for example, aperture. To them one can
refer extrapolators and interpolators of N-orders.

Both the methods use the criteria of exactness, therefore it is not expedient to carry out the
treatment of X-ray messages, because one can loose the information about weak sources.
then.

Let’s discuss the typical kind of measurements from X-ray telescope, sent by on-board
system of spacecraft, where data from the 4 canals is shown (figure 1). They characterize
the intensity of energy onbranges                                       in dependence from the time of
watch.

Parts with the sign “ q ” show the changes in the intensity of radiation. The
interconnection between indications of different detectors, in coinsiding time moments.



But the character of detector’s indications is that the classification (detection and
discrimination of radiation parameters) for this very case may be made by a comparatively
simple way, using any measurement algorythm of the moment of statistic characteristics of
the process, watched.

The results of the statistic treatment of experimental data allow to suppose the following:

1) the signal and the noise are independent processes;

2) the signal S ( t , ~ ) is a determined process with the following vector of parameters
~ = (a1........ an)

3) the noise n (t) is an incidental process with independent meanings and common one-
dimensional distribution;

4) the signal and the noise are additional;

5) correlation between energy subranges without the signal is 6 0, with the signal is61.

It is clear that the task of detection of the signal may be represented in the following
traditional for the theory of communication treating.

Mixture enters the device:

where              is an incidental magnitude with the distribution:

The noise n(t) is every moment t is a whole magnitude with the discrete distribution of
probability { pn }, enveloping of which is wonderfully described by Hans-curve.

Evaluation Q and û leads to a well-known task of parameters detection of determination
signal on the background of non-stational “white” noise with unknown parameters. The
system of detection and measuring of parameters switches on the subsystems, working in
the interval of watch with the condition that Q = 1 and the parameters ~b are known quite
well.



The subsystem of watch functions independently from the difference of b vector,
describing the statistic structure of normal process n (t).

We may consider  ~b as hipervektor:

 ~b = (~. b̄ )

Scheme-block of detector measurement is shown at figure 2. The criterion of evaluation of
such systems’ quality is very specific, because it is necessary to use this criterion for
detection of discrete parameter ( Q = {0, 1 } ). The most suitable for fulfilling the task
seems to be Neiman-Pirson’s criterion, minimizing the probability of signals, missing in
the given meaning of false alarm.

Let’s research the process of detection-evaluation, allowing to get the optimal variant of
detector, with the help of some additional suppositions.

We shall take real characteristics, got from X-ray telescopes (figure 1, 3 - for energy
subranges) as a basis of the signal kind. Let Si ( ti , ~) = S ( t , a ), then, the signals in all
N-canals are identical. Let a parameter be two-dimensional ~ = ( a1, a2 ) where a1 -
amplitude, a2 - time delay. Let’s describe the structure of detector, realizing the principle
of storage “Horizontal and vertical”, that is producing the storage for N-canals and for the
time (weight storage for every Si (t, ~) signal) (figure 2). Such principle of storage is just in
the light of supposition about correlations of sources of different energy subranges,



Thus, K -line of the matrice P must be coinsided with the selection of the signal vector in
N-canals.

In the case of                                            that is when the signals in all the canals have the
same form, matrice P must have the line from constant elements.

It is clear that every known types of ortogonal matrice (Furje, Haar, Wolsh, etc.) can
satisfy this condition.

Element                                                             is subjected to further change in the
storage-block “6" in accordance with the algorithm of consistent filtration

where weight in necession                            is chosen from the condition of consistency of
the kind of weight function with the signal. As it is seen from the figure 1 and 3 the signal
can form the kind of Haus-curve, triangle, trapezium and etc.

Accordingly, weight function must have discrete meanings in the interval          near to the
mentioned kinds.

The result of such treatment in the moment                           is compared with the
threshold D, which is chosen from the condition of detection and evaluation of the signal.
The threshold of detection is chosen from the condition of exceeding of the signal above
the noise that is                               , where L-numbers of storing references in the time
interval. Threshold of evaluation is chosen from Neiman-Pirson criteria and basically
depends from the given meaning of probability of false alarm (0). Threshold D12 can be
found from the equation:

(3)



In the threshold selection block “3" delay (memory) of vector Yi must be forseen before its
treatment for the time of signals’ duration Si ( t, ~ ).

Let’s examine the effectiveness of detection when there are some limitations in the
form of a signal in every canal and taking into account the statistics of the process of noise.

Let S(t) be fully determined in the form. However we consider that at the interval          it
may be transferred in time to any point of the interval or even its part only overlaps by the
interval          . We consider that in all the canals the signals are identical as to the form. In
this case transition from vector x̄i to ȳi is equivalent to enlarging of the signals’ amplitude
to N.

This is equivalent to diminition of the signal two times. That’s why signal/noise correlation
will have the form;

(4)

While multiplaying in succession of every reference of signal          to the weight function   
         (correlational method) one may more successfully combine them. Then the meaning   
             in the formula (4) is transformed to N. The results of treatment for zones
(according to the formula (4)) are shown at the 4-th figure and for correlational method at
the figure 3.



Correlation signal/noise fully characterize in those conditions the effectiveness of such
method of detection.

At figure 1 one sees the result of discharge and evaluation of strong source of radiation,
got while treating the data, taken from X-ray telescope of the station “Saljut 4”.

The data of the fig. 1a, b, c, show the graphic notes of the four canals (energy subranges)
of X-ray telescope. At the figure 1c one sees the result of treatment of the signals by the
block 6 (Figure 2).

At the same figure threshold meanings D11 and D12 are shown. The number of points,
analyzed was 50. Multiplied function (triangle) is divided into 50 points.

At the 3-d figure the most interesting case is shown the result of the treatment of weak
source of radiation.

At the figure 3a, b, c and d TM references from the 4 canals of X-ray telescope but on the
other coil of the satellite are shown.

After normalizing voltage of the canals by block “I” and block “2”, vertical summarizing
was carried on. The result of this treatment is shown on the figure 3e.

On the figure 3 g the result of multiplying of the signal (3e) and the weight function sin x
where x is discreetly changed from 0 to 180 is shown.

More compact the same result with taking into account threshold levels D11 and D12 is
shown on fig. 3g. As a result of such treatment there was detected and discharged with a
great state of truth (90%) two useful signals of X-ray source, concealed in the noise.

Thus, this algorythm turned out to be effective while detecting not only strong, but also
rather weak sources.

Time zone, marked by the algorythm is the most informational part, which is transmissed
by a radioline from the whole mass of data, treated.
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DETECTORS BASED ON CONDITIONAL TESTS

SALEEM A. KASSAM AND JOHN B. THOMAS
Department of Electrical Engineering

Princeton University

Summary.   The detection of a known signal in additive noise is an important function in
many receivers. Nonparametric detectors, such as the sign detector, will result in systems
with a constant false alarm rate, but usually suffer from a lower power compared to
optimum parametric detectors. In this paper a conditional statistical test is used to obtain
nonparametric detectors more powerful but still almost as simple to implement as the sign
detector. The technique of conditional testing is therefore useful in obtaining improved
detectors for practical use.

Introduction.   In many communication systems an important function of the receiver is to
make a decision about the presence, at its input, of one of a set of possible signals, against
the possibility of the input being random noise only. A simple and often accurate
description of practical decision, or detection, problems is that of the testing for the
presence of a known signal in background noise. This is the case, for example, in data
transmission systems employing ON-OFF keying.

Suppose we assume that the decision is to be based on an n-vector R=(R1,...,Rn ) of
samples from a process R(t) (which may represent an intermediate output after initial
processing, or may be the unprocessed received waveform), and for simplicity that the
known signal s(t), when present, is additive on a noise process N(t). Then we may
describe the problem as that of testing a null hypothesis H0 against an alternative
hypothesis H1 :

(1)

Here the Ni are independent samples of the noise process, and the sequence si is known,
being derived by sampling from s(t). The amplitude 2 of the signal may be any positive
value.



Since 2 can be quite small, it becomes desirable to use procedures for obtaining the
decision between H0 and H1 which are based on statistical criteria maximizing the
performance of the detector in some way. If, as is commonly assumed, the common
distribution function FN(.) of the noise samples Ni is Gaussian, the optimum detector
maximizing the power $ (the probability of correctly accepting H1) for a given false alarm
probability " (the probability of incorrectly rejecting H0) can be obtained easily. This
optimum detector [1] is based on the test statistic

(2)

and the decision depends on the outcome of a threshold comparison

(3)

Based on the knowledge of FN(.), the threshold t an probability p are chosen to obtain the
desired false alarm probability ". For simplicity, we will assume now that the si are all
equal, si =s for all i. We can further assume that s=1, without loss of generality. The results
to be presented can be extended easily to apply to the general case.

It is not always reasonable to assume that the noise distribution function is Gaussian, or
that it is completely specified. For example, undersea noise or atmospheric noise can have
a significant impulsive component or can be non-stationary. In such situations optimum
tests can no longer be constructed; instead, one may look for tests which can maintain a
certain level of performance for a wide class of noise statistics. A nonparametric detector
is designed to achieve this performance. Such detectors can maintain the false alarm
probability " at a value less than or equal to a maximum design value "0, under only
general conditions on the noise distribution functions. This is a useful property in situations
where a false alarm can lead to drastic and/or costly action. In testing H0 against H1,
instead of using S(R) of Eq. (2) the Ri may be replaced by their polarities. The resulting
statistic

(4)

where

has a known distribution under H0 provided only that the noise distribution functions FN(.)
have zero medians. The test statistic of Eq. (4) results in the simple-to-implement and well-
known nonparametric sign detector [2].



In this paper, we consider detectors based on such nonparametric tests. In both Eqs. (2)
and (4), all the data samples are utilized in forming the test statistic, but are weighted
differently. In Eq. (2) a linear weighting is used, whereas in Eq. (4) all the samples are
weighted equally, only polarity information being utilized. This latter case represents an
extreme kind of weighting, resulting in a simple system which is not as efficient as the
former when the noise is Gaussian. It is also this kind of weighting of the data which
allows the performance to be nonparametric. What we will now consider is a nonlinearity,
or weighting function, which uses the polarities of only the larger magnitudes of
observations and assigns no weight to the smaller observation magnitudes. This represents
a situation in between that of the sign and linear detectors. We will see how a
nonparametric detector can be constructed using such a nonlinearity. It will also be shown
that the resulting detector may have a better performance than the sign detector, although it
uses less information directly in forming the test statistic. This type of weighting can also
result in reduced processing requirements in other nonparametric detectors based on more
complicated operations, such as ranking, on the observations.

The Conditional Dead-Zone Sign Detector.   Consider the dead-zone limiter function
h(x;a) given by

(5)

This nonlinearity is illustrated in Fig. 1, on which is also shown the function sgn(x) and the
linear function h(x)=x. Thus, as mentioned before, h(x;a) represents a weighting function
which is closer to the linear function than is sgn(x). Replacing the function sgn(.) in Eq. (4)
by h(·;a), we get a test statistic Sa(R) which we now want to use for nonparametric
detection.

The sign detector has a nonparametric performance for zero-median noise because, under
this condition, sgn(Ri) is equally likely to be +1 or !1, under H0. The same cannot be said
of the dead-zone sign detector Da based on h(·;a). By imposing a symmetry condition on
fN(.), the density corresponding to FN(.), we can get equal probabilities of h(Ri;a) being +1
or !1, under H0. However, these probabilities are not equal to 1/2, but depend on the value
of FN(a) which is not known. Nonparametric operation can still be achieved, nevertheless,
because of the following observation. Given that Ri is outside the interval [-a,a), under H0

the probability is 1/2 that Ri is in [a,4) and also the probability is 1/2 that it is in ( -4,-a).
Thus, conditioned on the total number of observations na falling outside the dead-zone, Sa

(R) has a distribution which is known exactly under H0 This distribution is based on the
binomial distribution with number of trials na. Suppose for each possible value of na a



threshold t(na) and a randomization probability p(na) are determined to give a false-alarm
probability ". The test of Eq. (3) with test statistic Sa(R) can then give a false alarm
probability exactly equal to ", provided the threshold and randomization probability are
chosen corresponding to the value of na obtained in the particular sequence of samples.

Figure 2. shows the structure of the resulting nonparametric conditional dead-zone sign
detector. The Read-Only Memory (ROM) contains a table of values of t(na),p(na) for the n
possible values of na . This table depends only on the value of a required, and is
independent of a. The detector gives nonparametric performance for any symmetric noise
density function, and is clearly not difficult to implement.

In the next section we study the performance of the dead-zone sign detector. Although we
are considering only this particular detector here, it should be noted that this basic idea can
be extended and applied to other detection schemes. The polarity coincidence correlator
(PCC) [2] is another detection scheme based on the polarities only of samples from two
channels, and is used for the detection of a common random signal. It can be extended in
exactly the same way as the sign detector. Furthermore, we can consider more efficient
staircase-type weighting functions with more than the three levels of the dead-zone limiter
h(.;a). Also, as noted before, we need not consider only the detection of a constant signal
with the sign detectors–the case of a known signal may be treated in a similar way.

Performance of the Dead-Zone Sign Detector.   The construction of the dead-zone sign
detector Da insures that it has a constant false alarm probability for symmetric noise
density functions. We now investigate its power under the alternative of signal present.
First, some exact, computed results will be given, and then analytic equations for
asymptotic relative performance will be presented.

Because of the simple conditional structure of the dead-zone sign detector, the exact
power can be easily computed for different signal-to-noise ratios (SNR’s) and different
values of the parameter a, for Gaussian noise. If F2 is the variance of the noise, we define
the SNR as being equal to 22/F2. For a given SNR and parameter a, the power for
Gaussian noise can be computed by considering the probabilities of each of the n values of
na. For each value of na, the test parameters t(na) and p(na

a) can be obtained easily, from the
binomial distribution,and hence overall detection power can be computed. The results for
two different sample sizes n and false alarm probabilities " are shown in Tables I and II. In
these tables the power $ for different SNR’s is given for the sign detector D0 [based on
Eq. (4)], for the linear detector D [based on Eq. (2)], and for the detector Da for three
different values of a. It can be seen that Da performs very well relative to D0 which has a
very poor performance compared to DR, the optimum, detector for Gaussian noise. Thus,
Da has a performance for Gaussian noise which is much more acceptable compared to the 



optimum detector. The value 0.612 of the normalized parameter a/F is the best value
maximizing asymptotic performance, as we discuss next.

To obtain analytic equations for relative performance, the asymptotic relative efficiency
(ARE) [2] of two detectors may be derived. This gives the ratio of sample sizes required
by two detectors operating at the same false alarm probability " to obtain the same power
$ in the limiting case of vanishingly small SNR and large sample sizes. In most cases the
ARE of two detectors can be obtained easily [3]. In comparing Da to D0 and DR, the ARE’s
can be obtained quite simply, although some justification has to be given first for the use of
ARE for the conditional test [3]. We get the following results for AREa,0 and AREa,R, the
ARE’s of the detector Da relative to D0 and DR, respectively:

(6)

(7)

For specific density and distribution functions, these ARE’s can be evaluated, for any
value of a. The ARE’s may also be maximized by choosing a optimally. This can be done
numerically. The value a*=0.612F is the optimum value for Gaussian noise. Although this
value maximizes the asymptotic relative performance, the results of Tables I and II show
that the ARE comparisons are consistent with non-asymptotic results. For Gaussian noise,
we find that the optimum value of a yields an ARE *a ,0 of 1.27 and an ARE *a ,R of 0.81. Thus
a 27% improvement in asymptotic performance over that of the sign detector is obtained,
of the same order as that indicated for the non-asymptotic case.

To obtain the ARE’s for non-Gaussian noise, we may consider noise densities fN(.;c)
which are generalizations of the Gaussian density, in that their rates of exponential decay
are allowed to be some positive value c other than two; i.e.,

(8)
where k(c) and b(c) are constants depending on c and F2 , the noise variance. Table III
shows the ARE’s of Eqs. (6) and (7) for different values of the parameters c. Of course,
c=2 corresponds to the Gaussian case. For both AREa,0 and AREa,R, the optimum values
obtained with the best a for each c as well as the values obtained with a fixed value of
a=0.612F (optimum for c=2) are shown. This table shows the good relative performance of
Da for noise which is near-Gaussian in the class of densities given by Eq. (8). The optimum
value of a depends only on the noise power, and can be easily estimated, say for Gaussian
noise. Also, Tables I-III show that the performance is not very sensitive to even large



deviations in the value of a from a*. Thus, in practice a can be set to achieve good
performance over a range of density functions.

Conclusion.   We have shown that a conditional statistical test can be used to obtain
nonparametric detectors which are extensions of the sign detector. The resulting detectors
are easy to implement and are much more acceptable as simple nonparametric alternatives
to the optimum parametric test for Gaussian noise. Furthermore, the use of such a test can
actually result in reduced data processing in some cases. It was mentioned that the basic
method considered here can be applied to other detection systems, and can be improved to
become even more attractive and applicable to other situations.
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Fig.1  The Dead-Zone Limiter Function



Fig.2  The Dead-Zone Sign Detector

TABLE I

Power, $, for different SNR, for the Sign Detector, the Dead-Zone
Sign Detector, and the Linear Detector; sample size n = 50, false alarm
probability "=0.01, Gaussian Noise



TABLE II

Power, $, for different SNR, for the Sign Detector, the Dead-Zone
Sign Detector, and the Linear Detector; sample size n =100 false alarm
probability "= 0.001 Gaussian Noise

TABLE III

ARE of the Dead-Zone Sign Detector relative to the Linear Detector
and the Sign Detector, for noise density functions parameterized by c,
defined by Eq.(8).
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Summary.   Performance testing of modern PCM bit synchronizers requires special test
equipment above and beyond that available in commercial laboratory instruments. As a
result of this need, a standard product Telemetry Bit Error Rate Detector (TBERD) has
been designed to fill the requirement for a special-purpose test instrument for use with
PCM systems. After examining the primary performance characteristics of bit
synchronizers, the TBERD unit was designed to measure both detection and
synchronization performance for a wide range of bit rates and for all of the commonly used
PCM codes.

Introduction.   The widespread use of pulse code modulation (PCM) in telemetry systems
has spawned the requirement for specialized test equipment. The measures of performance
for PCM differ considerably from those for an analog system and, consequently, standard
test equipment such as signal generators and so forth have only limited utility. In many
cases, the development of adequate test equipment has lagged behind the development of
new products. In the course of developing a high-performance PCM bit synchronizer, the
requirement for a special-performance test unit became readily apparent. The utility and
flexibility of the engineering test unit subsequently led to the design of a standard product
test unit.

In this paper, the test requirements for a bit synchronizer test unit are considered and
techniques for the measurement of bit error and synchronization performance are
examined. An operational Telemetry Bit Error Rate Detector (TBERD) unit is discussed.

Test Requirements.   System testing of PCM telemetry links has been discussed in the
literature(1). The performance of the typical PCM telemetry system is primarily determined
by the performance of the bit synchronizer. Thus, the emphasis here shall be placed an
testing of the typical PCM bit synchronizer. The testing of a bit synchronizer may be
classified into two types: (1) operability tests and (2) performance tests. Operability tests
are normally performed in an operational environment to determine the operating condition
of the bit synchronizer. Some form of test set may be provided to determine whether the
synchronizer is operating within some predetermined performance bounds. This type of



test is a go/no-go test in that the system user merely wishes to assess whether the unit has
a certain prescribed minimum performance. The second type of test is designed to
determine the specific performance of the unit. Performance tests may be made by the user
to determine specification compliance or by the manufacturer to ensure that a product
meets its delivered specifications. Test requirements vary from system to system and any
test unit must have sufficient flexibility to cover a variety of test requirements.

The test unit must, as a minimum, have the capability to measure the fundamental
performance parameters of the bit synchronizer. The unit must also be capable of
measuring the performance under a variety of perturbations which occur in practical
system applications. The two primary performance parameters of a bit synchronizer are the
detection performance, as measured by bit error probability, and the synchronization
performance, as measured by parameters such as acquisition time, tracking jitter, and
synchronization threshold. These performance parameters must be tested in the presence
of typical system perturbations. Perturbations in most telemetry system applications can be
described by additive random noise inputs, periodic additive signals, and input timing
variations. Testing a bit synchronizer with additive white gaussian noise provides a means
of comparing the synchronizer performance with theoretical bounds. Additive periodic
signals, normally specified as a baseline shift, represent perturbations such as unwanted
pickup and interference from adjacent signals. Input timing variations simulate effects such
as flutter and wow from tape recorders. The test unit must be capable of measuring the
synchronizer performance with these perturbations over a range of bit rates encompassed
by the majority of the telemetry PCM applications and with a tuning resolution sufficient to
measure such parameters as capture and tracking range for a given bit rate. At the present
time, the majority of the PCM telemetry systems operate at data rates of less than 5
megabits per second. Standard PCM bit synchronizers typically cover the range of 1 bit
per second to 5 megabits per second in both tunable and fixed tuned units. The test units
must also be capable of generating the PCM input codes as specified in the IRIG
standards(2) and with signal levels compatible with the typical bit synchronizer. With these
requirements, techniques for measuring the performance of the bit synchronizer will now
be considered.

Detection Performance.   The standard PCM telemetry bit synchronizer not only includes
clock recovery circuits but also the basic detection circuits for recovering the digital data
in the presence of various signal perturbations. Bit error probability has been established
as an accepted measure of the detection performance. This performance measure is
primarily useful in gaussian random noise environments. When the input perturbations can
be characterized as gaussian noise with an arbitrary power spectral density, the bit error
probability, as measured by the average number of bit errors in a given number of data
bits, represents the most significant detection performance measure. When the input noise
is non-gaussian, other performance measures such as the mean time between errors may be



more useful. Under these conditions, however, comparing measured data with theoretical
performance predictions becomes considerably more complex. One can also argue that the
performance of a bit synchronizer under gaussian random noise is indicative of its relative
performance in other types of noise environments. Conceptually, the measurement of bit
error performance is straightforward. The test unit generates a fixed digital data stream
which is summed with an external noise source. The noisy signal is fed to the bit
synchronizer which reconstructs the data. The reconstructed data would then be compared
with a suitably delayed replica of the generated data bit stream. Errors can then be counted
on a bit-by-bit basis. This technique has the advantage that an arbitrary data format can be
simulated and every bit error can be detected and counted. The disadvantage of this
technique is that the delay between the reconstructed data stream and the input data stream
must be known or must be measured. This delay, in turn, must be utilized to delay the
reference data stream so that the reference and reconstructed data can be compared an a
bit-by-bit basis. In applications such as laboratory bench testing, this technique is entirely
suitable if sufficient delay is provided in the test unit. There are a variety of system tests,
however, in which the delay between the reference data and the reconstructed data may be
excessively long or may be completely unknown. An example of this situation occurs
when testing the performance of a bit synchronizer with tape recorded data.

A technique for avoiding the problem of unknown delay between the reference and
recovered data utilizes self-synchronizing pseudo-random data sequences. A detailed
discussion of self-synchronizing digital sequences is beyond the scope of this paper and
the reader wishing to explore the properties of these sequences in greater detail is referred
to existing technical literatures(3,4). The basic principle of self-synchronizing sequence
testing is to generate a digital sequence in the test box which forms the basic reference
data stream. The recovered digital data from the bit synchronizer is fed to the test unit
which contains a sequential logic circuit which synchronizes on the input data sequence
and allows errors between the reconstructed sequence and the generated sequence to be
measured without a knowledge of the absolute delay between the two data streams. In
practice, this is accomplished by using a feedback shift register to generate the reference
data stream and a similar sequential circuit to resynchronize on the recovered data and
measure bit errors. The use of linear sequential circuits to generate self-synchronizing data
sequences is a special case of self-synchronizing data scrambler circuits. A basic data
scrambler and self-synchronizing descrambler is shown in Figure 1. The reference digital
data stream output is equal to the modulo 2 sum of input data and a sequence of digits
from the feedback shift register. If the tap connections in the basic scrambler are
determined by a primitive polynomial over the algebraic field GF (p), Savage(4) shows that
the digital data stream at the output of the scrambler will respond to an input with a
periodic line sequence which either has the period of the input data or a period which is the
least common multiple of the input data and 2m-1. Now suppose that the data input to the
scrambler consists of the all-ones condition. In this case, the output digital data stream



consists of a data stream which has a period of 2m-1. Furthermore, Savage shows that the
transition density of the output data stream satisfies the following bounds:

Thus, the generator output produces a quasi-random data stream having an average
transition density of about 0.5. When this data stream is fed to the descrambler as shown
in Figure 1B, the descrambler output will be a replica of the scrambler input data provided
no bit errors have occurred. In the noiseless case, we can see from the diagram of the
descrambler that the data output satisfies the following equation:

When no noise is present, the data output is reconstructed exactly. If all-ones data is
inserted into the scrambler in the absence of bit errors, the descrambler output will consist
of all ones. Suppose now that a bit error occurs in the reconstructed data. As the bit in
error progresses through the descrambler shift register, it will cause erroneous outputs in
the feedback sequence and consequently the output of the descrambler will be zero
indicating a bit error. If the descrambler has W feedback taps, each input bit error will
create an average of W output errors. As long as the average distance between bit errors is
greater than the descrambler shift register length, the descrambler will be able to self
synchronize and indicate data errors.

This measurement technique is completely automatic and requires no operator adjustment
to initiate synchronization. There are several disadvantages to this error measuring
technique, however. One disadvantage is the fact that the descrambler is unable to function
properly at very high bit error rates. Secondly, the number of errors at the output of the
descrambler is a multiple of the number of actual channel errors. Consequently, the test
equipment must compensate for this multiplication factor. An alternative technique can
remove these objections at the expense of some minor operator intervention. If the
descrambler is arranged as shown in Figure 1C with a momentary switch in the feedback
shift register, the unit will operate as follows:  If the switch is momentarily depressed by
an operator, the recovered digital data is fed into the registers of the feedback shift



register. If no errors are present in the bits which are loaded into the register, the
descrambler will synchronize to the input data and begin producing a replica of the input
data stream with the proper synchronization. When the momentary switch is released, the
local sequence generator free-runs independently of the input data sequence. The two
sequences are, however, in synchronism, and the sequences can be compared bit-by-bit to
determine bit errors in much the same manner as with the fixed pattern. Thus, bit errors
can be counted directly without requiring any scaling and errors can be measured at very
low bit error rates, provided the internal sequence generator is resynchronized with a low
error rate data stream.

In comparing the two techniques for measuring bit error probability, there are advantages
and disadvantages for both techniques. The primary advantage of the self-synchronizing
technique is the ability to measure performance with an unknown or very large time delay
between the reference signal and the recovered data. This makes it possible to measure bit
error performance in tape recorder systems and over communication links having a large or
an unknown propagation delay. The primary disadvantage of the self-synchronizing
technique is the specific nature of the test data sequence. The sequence approximates a
pseudo-random data stream which has an average transition density of approximately 0.5.
While this is a desirable test feature in some applications, in many applications it is
desirable to examine the performance of the synchronizer under more realistic data
patterns. Thus, a primary advantage of a fixed format test technique is the ability to
generate a data sequence which might approximate a practical data format. This permits
testing of the synchronizer under conditions with less than 0.5 transition density, and with
more realistic data signals. The primary disadvantage of the fixed format technique is the
requirement to have an absolute delay compensation between the test unit and the
synchronizer under test.

Synchronization Performance.   The second major performance parameter of interest in
a bit synchronizer is the performance of the clock extraction circuitry. Before bit decisions
can be made, the bit synchronizer must extract timing clocks from the input data. There are
several parameters of interest associated with synchronization. One parameter is the
acquisition time. In many applications, the time required for the synchronizer to achieve
phase lock is of paramount importance. The second parameter of considerable interest in
practical systems is the signal-to-noise ratio at which the synchronizer begins to lose lock
and starts skipping clock cycles. In general, the performance of any synchronizer is
measured by the rms clock jitter as a function of input signal-to-noise ratio. The theoretical
mean square error performance has been discussed in numerous technical articles(5, 6). The
synchronization performance is as vital to system performance as is the basic detection
performance. Consequently, the test unit should provide, as a minimum, a means for
measuring sync acquisition time and tracking and synchronization threshold performance.



Measuring Acquisition Time.   If the data stream from the simulator is blanked for a
large number of symbol periods, the bit synchronizer under test will lose lock and the
tracking loop will settle to some arbitrary initial condition. Once the loop has settled, the
input data stream can be enabled and the phase error between the reconstructed clocks
from the bit synchronizer and the reference clock from the test unit can be measured. A
pulse can be produced from a comparator circuit each time the two clocks differ by more
than some fixed phase error. During the synchronization acquisition period, the phase error
between the clocks might be expected to exceed the preset threshold a considerable
number of times until the loop achieves phase lock and the average phase error is less than
the preset threshold. Thus, by monitoring the instantaneous phase error, an indication can
be obtained when the synchronizer has achieved a given level of phase lock. By counting
the period between the time at which the data was enabled and the time at which the phase
error decreases below the preset threshold, a measure of acquisition time can be made.
The typical acquisition performance of the standard PCM bit synchronizer is shown in
Figure 2. In order to measure the performance of the typical bit synchronizer, the test unit
should have the capability of measuring acquisition times up to about 10,000 bit periods.

Measuring Tracking and Synchronization Threshold.   The tracking performance of the
bit synchronizer is measured by the rms phase jitter in the reconstructed clock. Although
most applications do not require a detailed knowledge of the phase error performance of a
given bit synchronizer, occasionally this information is of importance. One method of
measuring phase error is to exclusive OR the reconstructed clock with the reference clock.
Provided fixed delays are removed in this comparison, the output of the exclusive OR will
be a measure of the phase error. Consider, for example, the waveforms as shown in
Figure 3. In the absence of a phase error, the output of the exclusive OR is ideally zero,
although in actual practice, small spikes are produced at the symbol transition times. As
the phase error between the recovered clock and the reference clock increases, the
exclusive OR output produces a pulse train with pulses whose widths are proportional to
the instantaneous phase error. Furthermore, the pulse train is a function of the absolute
value of phase error since negative phase errors produce the same output as a positive
phase error. The pulse widths vary periodically as a function of phase error. When the
phase error is 180 degrees relative to the reference clock, the exclusive OR is at a high
output. As the phase error becomes greater than 180 degrees, the average output
decreases. If this pulse train is fed into a very narrow low-pass filter effectively integrating
the pulse train, the DC level of the output of the filter will be approximately proportional to
the expected value of the absolute phase error. If we consider the instantaneous phase
error to be a random variable with approximately a gaussian probability density, it can be
shown(7) that the expected value of the absolute phase error is proportional to the rms
phase error. This relationship holds only for a gaussianly distributed phase error. It has
been shown theoretically(5) that the phase error does in fact approach a gaussian
distribution for small errors and is reasonably gaussian for phase errors as high as perhaps



30 to 50 degrees rms. For these conditions, the DC level of the averaged pulse train is a
direct measure of the rms phase jitter. For large phase errors, or equivalently low signal-to-
noise ratios, phase error measures made in this manner begin to depart from the actual rms
phase error. Figure 4 shows some typical phase error measurements taken in this manner
showing the departure from the theoretical values at very low signal-to-noise ratios. In
many cases, however, this measurement technique is adequate for engineering evaluation.
Closely associated with the phase error measurement is the measurement of clock cycle
slips. This measurement can be made by monitoring the instantaneous phase error using
logic circuits and counting each time the phase error exceeds a preset threshold. Each time
this threshold is exceeded, the clock is assumed to have slipped a cycle. By measuring
clock cycle slippages, the synchronization threshold, as a function of input signal-to-noise
ratio, can be determined. By providing techniques for measuring acquisition time, tracking
and synchronization threshold performance, in addition to bit error performance, a
reasonably complete test of a bit synchronizer can be conducted.

Test Equipment Design.   Based upon the typical test requirements and the performance
measures for bit synchronizer, a special-purpose TBERD has been designed which
provides test signals and error detection capability to measure the performance of PCM bit
synchronizers, tape machines, RF links and other PCM systems. The TBERD generates
PCM signals in all of the commonly used codes. Internal bit rates are selectable from 1 bit
per second to 5 megabits per second with ± 0.5% resolution. This data rate range permits
the testing not only of typical telemetry PCM systems, but includes the rates which are
commonly used in many telecommunication applications. The resolution of tuning permits
data rates to be set up to examine frequency offset conditions and to measure capture
range.

Under “Detection Performance,” it was shown that both fixed data patterns and pseudo-
random patterns have application in testing PCM systems. As a result, the TBERD unit is
provided with both capabilities. A unique 16-bit word with each bit front-panel selectable
can be incorporated into a fixed data pattern with up to 512 words per frame. The choice
of pseudo-random sequence was based on a compromise between sequence length and the
probability of sequence resynchronization at low bit error rates. A 2047-bit sequence was
selected which is generated by an 11-bit shift register with feedback taps on stages 9 and
11. The TBERD provides inputs for adding gaussian noise with bandwidths up to 20 MHz,
baseline variation and offset, and bit rate jitter to the PCM output signal. An external data
filter can be used to simulate pre-modulation filtering. An internal counter with a front-
panel display counts bit errors, clock slippages and synchronization acquisition bit periods,
depending upon the display and count mode selected. The counting period can be selected
from 10 bits to 107 bits in powers of 10 and a totalized mode is provided. An interesting
addition to the counting mode permits the counting of errors in both ones or zeros or in
only ones or only zeros. In a like manner, all clock slippages can be counted or only



positive or negative slips counted. This feature has use when adjustments must be made to
the bit synchronizer. A predominance of errors in either one state or the other can be
indicative of an improperly set decision circuit. A simplified block diagram of a PCM
generator portion of the TBERD is shown in Figure 5. The digital data is generated as
NRZ-L data which is then converted to the appropriate output data code. The PCM data is
summed in a wideband amplifier with externally-provided perturbation sources. White
random noise can be summed with the PCM through a switch-selectable step attenuator.
The step attenuator allows the operator to set up a reference signal-to-noise ratio. By
merely pressing the appropriate switch an the front panel, the signal-to-noise ratio can be
varied in 3 dB steps. If a reference signal-to-noise ratio of 0 dB is set up, the operator can,
from the front panel, selectively attenuate the noise so as to provide signal-to-noise ratios
up to 21 dB in 3 dB increments. A shift register delay is provided in the PCM generator to
delay the fixed pattern data up to 7-1/4 bit periods in increments of 1/4 bit period. Figure 6
shows the basic error detection circuitry. The recovered data and clocks are fed to a
pseudo-random data reference generator and to the bit error detector. The reconstructed
clocks are fed to the acquisition error detector and the clock slip detector. The outputs of
the bit error, acquisition error and clock slip detectors are switch-selectable into the error
counter. The contents of the error counter are displayed on the front panel. The basic
reference data rate clock is generated from a stable VCO which can be externally
frequency modulated to simulate jitter. In the sync acquisition mode, the acquisition time
in bit periods is determined directly by presetting the display counter to a count of 10,000.
Each time an acquisition error is detected between the recovered clock and the reference
clock, the counter is again preset to 10,000. After 10,000 bit periods following the enable
signal, the counter contents are displayed in acquisition bit periods directly since the
number left in the counter at this time is 10,000 minus N where N is the number of bit
periods elapsed since the last acquisition error.

Measurement Error.   Measurement errors, when using the TBERD unit, are largely
dependent upon the capability and accuracy of external test equipment since the majority
of the measurements in the TBERD are digital. The precision attenuator errors combined
with errors in the summing amplifier contribute to a maximum error in setting up the
signal-to-noise ratio of approximately 0.25 dB. Overall measurement accuracy depends
primarily upon the accuracy to which true rms measurements of the noise source can be
made and the apparent stability of noise sources themselves. For frequencies up to
approximately 20 MHz, true rms measurements over typical input noise levels can be
measured to an accuracy of approximately ± 0.2 dB. The stability of the typical noise
source is of the same magnitude. Under production test conditions, the TBERD unit
combined with high-quality noise sources and true rms meters can be used to routinely
measure error performance with an accuracy of ± 0.5 dB. Under closely controlled
laboratory bench conditions, measurement errors can perhaps be reduced to something in
the order of 0.3 dB.
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Summary.   A general vector digital signalling scheme for data communication through an
additive Gaussian channel is made adaptive for the purpose of simultaneous
communication of information and phase estimation. The phase estimate is shown to
converge to the true value, therefore the adaptive nature of the detector effectively
achieves phase acquisition and improvement in performance. Qualitative comparison to
other phase acquisition techniques is made. The basic virtues of the proposed method are
that no separate synchronization interval is required, and phase fluctuations can be tracked
simultaneously with the transmission of information.

Introduction.   Digital data transmission in space communications can be done either in a
coherent or incoherent mode. The former requires knowledge of the signal phase, while the
latter does not. As expected, coherent communication achieves lower probability of error
than the noncoherent one for the same signal to noise ratio and set of signals. A
comparison of achievable probability of error for the optimal coherent to that of the
optimal noncoherent signal structure is given in Weber[1]. For binary signalling and signal
to noise ratio equal to coherent communication achieves Pe=2.10-3 versus Pe=6.10-2 for
noncoherent communication. Taking into account the low signal to noise ratio of most
space communication situations, the use of coherent communication becomes necessary.

The basic circuit used for estimating the phase is the phase locked loop (PLL). A vast
literature on the behaviour of PLL exists. See for example, Viterbi [2] and Lindsay [3].
Analog circuitry has been used mostly in PLL. Recently, the use of all digital PLL has
been investigated by Schilling et al [4]. PLL demonstrate a threshold behaviour. As signal
to noise ratio decreases, there is a point beyond which performance degrades significantly.
Cahn [6] considered a maximum likelihood phase estimation scheme, tolerating a
demodulation delay, and showed improvement in low S.N.R. performance. Another
disadvantage of PLL is the requirement for a phase acquisition time interval, during which
no useful data are transmitted. If the operating environment causes frequent
synchronization loss and repeated phase acquisitions transmission rate suffers a significant
decrease. This disadvantage applies also to the method of Cahn.



In the present work, a scheme for simultaneous adaptive data transmission and phase
estimation is presented. Since we are not putting an a priori structure on the system as is
the case of PLL, and we are motivated by Maximum Likelihood estimation methods,
performance has to be better than PLL. Furthermore, the adaptive nature of the system
“tracks” efficiently phase fluctuations without having to stop the transmission of useful
data.

Communication Model.   We assume that we want to transmit one of m equal energy
signals, { si (t),t,[0,T],i=1,...,m}  si (t)=a.Ai(t).cos[Tot+$i(t)+2] where To is the carrier
frequency, 2 is the unknown phase angle, a is the signal to noise ratio, Ai (t) and Bi (t) are
assumed narrowband with respect to the frequency To . There is additive Gaussian noise
n(t) of wide spectrum with respect to Ai(t), Bi(t).The received signal is:

r(t)=si(t)+n(t).

Using complex envelope representation described in [1] and [5], and assuming that the
signals can be represented as linear combinations of a set of n complex orthonormal basis
functions {Ni(t),i=1,..,n,t,[0,T]}. We can represent the received signal r(t)and transmitted
signals si(t) as n-dimensional complex vectors R,S. The signal set is:

S={si,...,sm) where the si are equally probable.

The received vector R is:

R=a.siexp(j2)+N

where **si**=1,a2=signal to noise ratio, and N is a complex n-dimensional normal random
vector with a density function:

The part of the conditional log likelihood function that depends on 2 is:

where <.,.> denots inner product and V*i  is the complex conjugate of Vi. If V
k were

known, the Maximum Likelihood estimate of 2 would be:



Ak can be computed recursively:

In practice, the detector does not know the true Vk. Therefore, we propose the following
adaptive detection scheme:

Adaptive Detection Scheme.   Assuming 2k to be the correct value of 2, classify Vk+1 by
the rule:

We define the following complex valued function:

for Z,[-B,B], and dF(R) is an infinitessimal surface element on the sphere Cq.
We can show then that:

Motivated by the above result, we modify the algorithm for sequential estimation of         
as follows:

where L is a function to be defined.

If the complex sequence Ak converges to x, then x satisfies the following equation: (see [7] 
for detailed reasoning).



We want argx=2 to satisfy the above equation. This is achieved if:

where

G(S,0)=g.exp(jh).

Substituting the function L, the algorithm becomes:

Using a Stochastic Approximation theorems (see Sacks,[9]) it is possible to show that the
above algorithm gives a complex sequence Ak whose argument converges to the true phase
value 2.

It is shown elsewhere [8] that for fairly general codes S, algorithm (a) converges to the

true 2. At the same time, signal detection is achieved, because by construction V̂k+1 is the
Bayes-optimal decision about the (k+l)st signal, based on the current estimate, 2k.

The only difficulty in the implementation of the algorithm (a) lies in the calculation of
(g,h). They depend on the code S, and their calculation needs to be done only once.

One of the basic virtues of the algorithm (a) is its applicability for very general modulation
schemes (or codes) S. It is possible to write in closed form the asymptotic error variance of
the estimate 2k:

where k.e(k) 6 0 for k 64, and Q(S,2) is a constant depending on the code S and the true
phase value 2. The expression for Q will not be given here.

A first observation is that algorithm (a) is more finely tuned to the particular code S than
the PLL.Possibilities for all digital implementation of the algorithm (a) do exist, by
quantizing the 2-space. However, a separate detailed analysis is required.



References:

[1] C.L. Weber, “Elements of Detection and Signal Design,” McGraw Hill 1968.

[2] A.J. Viterbi, “Principles of Coherent Communication,” McGraw Hill 1966 .

[3] W.C. Lindsey, “Synchronization Systems in Communication and Control,” Prentice
Hall 1972.

[4] J. Garodnick, J. Greco and D.J. Schilling, “Response of an All Digital Phase
Locked Loop,” IEEE Trans. Commun., June 1974, pp. 751-763.

[5] H.A. Krieger and C.A. Schaffner, “The Global Optimization of Incoherent Phase
Signals,” SIAM Journal Appl. Math.,Vol 21, no.4, Dec.1971, pp. 573-589.

[6] C.R. Cahn, “Phase Tracking and Demodulation with Delay,” IEEE Trans. Inform.
Theory, Vol. IT-20, Jan. 1974, pp. 50-57.

[7] D. Kazakos, “Optimal Design of an Adaptive Classifier with Unknown Priors”
ICSA-Ri ce University Technical Report, #275-025-013, May 1974.

[8] D. Kazakos, “Maximum Likelihood Detection in the Presence of Intersymbol
Inerference and a Decision-Directed Detector.” Ph.D. Dissertation University of
Southern California June 1973.

[9] J. Sacks, “Asymptotic Distribution of Stochastic Approximation Procedures,” Ann.
Math. Statist., 1958(2).



SOME CHARACTERISTICS OF THE INTERNATIONAL
SPACE CHANNEL

T.L. Noack
Department of EE

University of Missouri-Rolla

W.B. Poland, Jr.
NASA

Goddard Space Flight Center

Summary.   Some physical characteristics of radio transmission links and the technology
of PCM modulation combine with the Radio Regulations of the International
Telecommunications Union to define a communications channel having a determinable
channel capacity, error rate, and sensitivity to interference. These characteristics and the
corresponding limitations on EIRP, power flux density, and power spectral density for
space service applications are described. The ITU regulations create a critical height of
1027 km where some parameters of the limitation rules change. The nature of restraints on
power spectral density are discussed and an approach to a standardized representation of
Necessary Bandwidth for the Space Services is described. It is shown that, given the PFD
(power flux density) and PSD (power spectral density) limitations of radio regulations, the
channel performance is determined by the ratio of effective receiving antenna aperture to
system noise temperature. Based on this approach, the method for a quantitative trade-off
between spectrum spreading and system performance is presented. Finally, the effects of
radio frequency interference between standard systems is analyzed.

Introduction.   The increased crowding of the radio spectrum has placed a premium on
measures to ensure compatibility among users of telecommunication channels, both
national and international. Because of a spacecraft’s mobility the international aspects of
spectrum management are particularly important in space applications. The Radio
Regulations of the International Telecommunications Union (referred to as RR) combine
with the physical characteristics of radio links to form a basis for preventing harmful
interference among users. Although these regulations were formulated at or before the last
World Administrative Radio Conference (WARC) in 1970, and constitute an international
treaty obligation to which the United States and many other nations are committed, there
does not appear to be a concise available source of information which describes the basic
characteristics of the space radio channel for a data system designer. This paper presents
some of the more important channel characteristics with respect to power flux density,



power spectral density, geometry, interference protection, and channel capacity. We do not
consider any propagation effects.

A glossary of key terms and definitions of parameters is included at the end of the text.
Some definitions of terms appear in Appendix A.

In developing a general method for spectrum representation, the user may be confronted by
a dilemma: the spectra encountered may be either continuous or discrete, or a combination
of the two. Continuous spectra are ordinarily presented by their power spectral density
(PSD) functions, but the PSD for a discrete spectrum has lines of infinite height and zero
width, which are not measurable by real equipment. As a compromise, the radio
regulations adopt a finite “reference resolution bandwidth” (RRB)which is determined by
the requirements of established services for a given band. In almost all bands, the RRB is
either 4 kHz, 1 MHz, or 1.5 MHz. When measurements are made using equipment having
other resolution bandwidths, a simple scaling of the results is usually made, based on an
assumption of uniform spectral distribution of noise and signal (except for signals having
line spectra). Taking the 3-dB resolution bandwidth of the spectrum measuring device has
been found to be satisfactory in most cases. The resulting spectrum curves for a given
signal may differ somewhat from those appearing in text books for theoretical (infinite
resolution) spectra but they provide standard finite quantitative and measurable values for
both discrete and continuous specra. In general, the use of a finite resolution bandwidth
has negligible effect on the spectrum displayed if the resolution bandwidth is small in
comparison to the features of interest in the spectrum.

A standardized representation of radio frequency emission is also aided by reference to
power flux density (PFD). This quantity is invariably expressed in terms of dB with respect
to one watt of power passing through a one square meter area normal to the direction of
propagation in a spectral band equal to a reference resultion bandwidth; e.g., 
dB 

POWER FLUX DENSITY.   The severest limitations on communications are imposed
by the regulations limiting power flux density from space at the earth’s surface. The
maximum values of PFD permitted for transmitters operated by the Federal Government
are indicated in Appendix B.

Relevant geometry is indicated in Figure 1 and a representation of the limitations on power
flux density is shown in Figure 2. Although the maximum absolute level of power flux
density which is permitted depends on the frequency band, the limitations on power flux
density follow the same pattern in all bands. If one assumes either that a spacecraft emits
isotropically or that the spacecraft rotates in such a way as to assume a variety of attitudes,



Figure 2 shows that the PFD at the subsatellite point controls permissible EIRP of a
spacecraft for heights up to 1027 km (638 miles); at greater heights the spacecraft EIRP is
controlled by the power flux density received at the earth’s surface at points where the
spacecraft appears at 5E elevation angle. At 1027 km height the difference in the RR
limitations on power flux density at 5E and 90E elevation are just compensated by the
difference in slant range for 5E elevation (point A of Figure 2) and 90E elevation (point B
of Figure 2). The maximum permitted EIRP corresponding to these limitations is depicted
in Figure 3. Figure 4 shows the maximum value of PFD at various elevation angles for a
spacecraft emitting at the EIRP indicated in Figure 3.

For earth stations in the space service, the radio regulations are primarily aimed at limiting
the power flux density at nearby stations on the surface of the earth and near geostationary
spacecraft. Figures 5, 6, and 7 indicate the nature of these limitations.

With a few exceptions the limitations on power flux density for transmissions from space
to earth apply only in space bands above 1 GHz.

POWER SPECTRAL DENSITY.   The power flux density limitation described above
applies to any reference resolution bandwidth in the emission spectrum of a transmitter in
the space services. An additional set of requirements is placed on the shape of an emitted
spectrum.

Most spacecraft telemetry or command spectra consist of a PCM baseband impressed on
an FSK, PM, or PSK carrier or subcarrier. Definitions of various PCM waveforms are
contained in Figure 8. Two PCM spectra resulting from a random bit stream are shown in
Figure 9a and 9b. A spectrum analyzer having a finite resolution bandwidth will distort the
theoretical spectrum of Figure 9. For example, a baseband PCM spectrum measured by a
spactrum analyzer having a resolution bandwidth equal to one-half the PCM bit rate shows
a pattern of nodes decreased about 1 dB from the theoretical spectrum but the nulls have
almost disappeared (see Figure 10a and 10b). As the relative size of the resolution
bandwidth increases in comparison to bit rate, the spectrum becomes more and more
distorted, until in the end it approximates the resolution element rather than the signal
spectrum. Since the nodes determine the EIRP of a transmitter and the envelope of the
spectrum, the theoretical spectrum for a PCM transmission using AM, PSK, or PM can be
used to predict within about 1 dB the significant characteristics of an emission for
purposes of determining conformance to the radio regulations provided the RRB is no
greater than one half of the PCM bit rate.

With some forms of modulation, for example AM or PM, a portion of the total power is
commonly left in the carrier. This results in a spectral line of constant amplitude at the
carrier frequency. If the sideband power is spread widely over the spectrum, as is the case



when the PCM bit rate is high, the power in the RRB containing this spectral line may
exceed the power in an RRB for the sidebands. For example, with a 4 kHz and 20 per cent
carrier power (the standard amount for telemetry signals received by NASA STDN), the
measured PSD for the carrier line will equal the peak measured PSD for the sidebands at a
bit rate of about 16 kb/s for PCM NRZ and about 8 kb/s for PCM Bi-0/ . At bit rates above
these values, PSK or some other carrier-free modulation technique should be considered in
order to operate efficiently under the RR limitations for PFD.

The spectra shown in Figures 10a and 10b are those that would be generated without
filtering. Ordinarily the power contained in a PCM spectrum beyond the first null is
considered negligible for purposes of signal detection; however, the skirts of the spectrum
are important because of their potential ability to cause interference. For a variety of signal
types using AM or PM carrier modulation, the spectrum rolls off at 6 dB/octave. It has
been found practicable to impose on system designers an additional requirement for
filtering the transmitted signal so as to attenuate the spectral skirts with a 12 dB/octave
slope, giving a net asymptotic slope of the spectral envelope of 18 dB/octave. Unfiltered
FM modulation spectra tend to remain flatter in the center and roll off more rapidly at the
edges than AM or PM spectra. An FM spectrum with high modulation index approximates
the amplitude distribution of the modulating signal.

In determining the required system characteristics for a given mission, the designer must
consider the worst case bit error rate that can be tolerated. From this, the value of Eb/No

energy per bit divided noise power density) can be chosen. In the PSD plots (Figures 9 and
10) it turns out that the ordinate actually represents Eb; i.e., the highest point on the PCM-
NRZ curve shown in Figure 9a represents the energy per bit for that signal. The required
value of Eb/No, that is, the required dynamic range for a given signal, can therefore be
represented by marking off an appropriate number of dB down from the peak of the PSD
spectrum. This required dynamic range is then an important parameter in specifying the
realistic requirement of a signal for freedom from interference by noise or other signals.

LIMITATIONS ON POWER SPECTRAL DENSITY.   In order to implement sharing
of the radio spectrum without harmful intereference, the international radio regulations and
the corresponding U. S. regulations have employed restrictions on the spectral distribution
of transmitter power. These restrictions usually take the form of a set of maximum levels
which may be used at various frequency displacement from the assigned frequency. On a
spectral plot this results in a spectral profile resembling a descending staircase. For
emissions supported by the NASA STDN Network, a somewhat different approach has
been used (see Figure 11). This profile usually permits the actual transmitted spectrum to
be fitted quite closely to the spectral limitation using a degree of filtering which in practice
has proved to be about the maximum that can be feasibily imposed on operating
spacecraft. The initial 10 dB step permits a closer fit of the profile to an FM spectrum



which tends to drop off more sharply than PM or AM. Current plans of the GSFC
standards group are to apply this spectral criterion to the power flux density of the signal in
the neighborhood of the receiver.

When required dynamic range is combined with the profile of Figure 11, a standardized
means of determining the bandwidth actually required for a transmission, the so-called
“Necessary Bandwidth,” is obtained. The profile of Figure 11 and the required dynamic
range then define a standardized region which must be kept free of interference. Such an
approach has been proposed for adoption as an OTP standard for Government space
applications.

VARIATIONS   The PFD at the earth’s surface resulting from emissions from a
spacecraft transmitter may vary substantially, although the variations are no greater than
those experienced in other services. For low earth orbiters (e.g., h = 161 km [100 miles])
slant range at 5E elevation from a receiving station is about 989 km (615 statute miles) and
at 15E elevation, it is about 541 km (336 statute miles). These slant ranges produce PFD
variation from an isotropic emitter of 15.8 dB and 10.5 dB respectively. Elevations of 5E
or more are usually a necessity for good reception, and 15E is strongly preferred. At
synchronous distance, the path-length attenuation exceeds that for h = 161 km at zenith by
about 45 dB, and at lunar distance the change in path-length attenuation is about 68 dB.

A so-called omni-directional antenna (isotropic emitter) is often defined as one which
maintains gain within +3 dB to -6 dB over 98% of the 4 B steradian solid angle. If the PFD
limit specified in the radio regulations is taken as the strict upper limit, the system user
must contend with actual PFD’s on the order of 9 dB below this maximum due to
fluctuations of antenna gain as a function of spacecraft attitude alone.

A number of other causes of signal strength variations including pointing angle error,
polarization variation, interference, and the obvious effects of weather and disturbances of
the propagation medium can produce additional fluctuations in received signal strength. It
is not very desirable from the standpoint of practical spacecraft design, reliability, and
economy to create a capability for wide spacecraft transmitter power variations in order to
decrease ground PFD variations. As a result, the variations described above often
necessitate design of the down-link for opertion at PFD values far below the nominal PFD
limits. This is particularly true when provision must be made to regain control of a
spacecraft which has temporarily lost attitude control.

Transmission Capacity of the Space Channel with Limited PFD and PSD   The received bit
energy/noise ratio, Eb/No can be expressed in terms of the link equation as



The maximum power flux density in a 4 kHz bandwidth is 
  

Where F is a spectrum spreading factor determined by the modulation type and the
bandwidth. For NRZ/PSK at high data rates it is 1. The ratio Eb/No is then given by

 is dexclusively a function of the receiving station equipment, and F is determined

 by the choice of modulation and coding. Bx is specified in the radio regulations. It is

usually more convenient to describe the station in terms of  and then,

for the high-data rate case, this parameter gives the Eb/No which the station can produce
under more or less nominal conditions.

If limitations on maximum power flux density at a receiver determine maximum data rate,
it is necessary to spread the signal spectrum so that the power in any resolution bandwidth
falls within the required limitation. Spectrum spreading may be accomplished by
multiplication by a PN sequence (pseudorandom number) among other techniques. It may
also occur as a byproduct of error control coding or modulation type (i.e., use of Bi-N
PCM rather than NRZ). For PN sequence coding, the symbol rate is usually much larger
than the bit rate; for error control coding, F is the ratio of coding gain to code rate. For
example, rate 1/3 convolutional coding with 5 dB coding gain produces F = 9.49 (9.8 dB).
In some cases this gain is sufficient without additional spectrum spreading. Figure 12
shows the behavior of F for some common codes and modulation types.

For typical stations and the existing regulations, this number adequately portrays a usable
channel under normal conditions. However, if the antenna gain drops, or the range
increases, the signal strength can drop below the threshold for adequate performance. In
addition, for some modulation types of interest (notably those with carriers) F will be much
less than 1. In general, to achieve usable communications under all normally encountered
link conditions, F must be made greater than 1. The spectrum spreading process, whether
done intentionally or as a result of other engineering choices, results in the larger values of 



F. Typical values of  and      are given in Table 1 for several

 representative receiving installations.

Table 1 - Parameters of Typical Network
Receiving Installations

The quantity    represents the value of Eb/No which can be obtained from

the channel under completely nominal conditions with the spectrum spreading factor F
equal to 1. All the various contingency quantities must be subtracted from this figure to
obtain the actual worst-case Eb/No. Often, as long as no carrier results from the modulation
technique used, the channel can be made adequate by applying convolutional coding,
which multiplies the bandwidth by the reciprocal of the code rate. It should also be noted
that the system noise temperatures quoted in Table 1 are not inflated values.

Interference effects on digital communication can be visualized by considering the
following detection system.

H(jT) is chosen so as to minimize noise effects under the constraint that the sampler output
has zero or small intersymbol interference. If H(jT) is a matched filter it is chosen so that



this criterion is satisfied, and this restriction allows a bound to interchannel interference to
be developed. Suppose an interfering signal has PSD=Mii(T) then the filter output has
PSD=Mii*H(jT)*2 and the sampler output has the mean square value

If H(jT) =  F(-jT) the output mean square is

An interesting special case is that of white noise with PSD=No. Then

This relationship thus gives the white noise effect as a special case. The

has an interesting geometrical interpretation.

If the matched filter detector is use , then Mii(T)*F(kT)*2 if the curve to be integrated and
compared. Two examples, first the noise case and then an interchannel interference case
are illustrated in Figure  13.

In the first example (at the top of Figure 13), it can be seen that the signal/interference
ratio is Eb/No. In the second example, it can be seen that interference components result
from both the main portion of the interfering signal interacting with the skirts of the



receiver passband, and the skirts of the interferer appearing on the signal. The first kind of
interference may be eliminated by receiver design; the second is controlled only by the
interferer.

CONCLUSIONS.   The results presented in this paper show that the data transmission
capacity and other system characteristics for a given bandwidth are very much controlled
by the limitations on power flux density contained in the ITU radio regulations. Under
ideal conditions the space channel is capable of carrying binary data with acceptable error
rates without spectrum spreading or other unusual techniques. However, several factors
exist which make either spectrum spreading, error control coding, or both, necessary in
many practical utilizations of the channel. Specifically these additional factors are the
variation in slant range due to orbital geometry, system gain variations such as the 9 dB
variations which must be assumed for practical omnidirectional antenna patterns, and the
PFD limitations of the radio regulations. These factors often combine to make coding or
spectrum spreading mandatory for acceptable communication performance.

Power spectral density limitations which aid in sharing the radio spectrum are very
important to users of the space channel. One proposal for a standard dealing with spectrum
sharing by users within the Government of the United States has been described. Most of
the essentials of this approach, slightly modified, have been used at NASA for a number of
years. It has been proposed that a new operating concept, the introduction of a required
dynamic range parameter, should be added to the spectral profile to provide a realistic
representation of “Necessary Bandwidth”. One of the advantages of the application of this
technique to spectrum management is an automatic allowance for “guard bands” just
sufficient to provide adequate protection from harmful interference at a reasonable level of
confidence.

One of the salient characteristics of the Radio Regulations as they now stand is that,
expecially in the expected future environment of increasing requirements for large data
channel capacities, their effect is to force spectrum spreading on the down link. This effect
is already being seen in some NASA programs. It is possible that altered regulations
placing different limitations on power flux density would in the end better serve the
community of radio spectrum users.

The limitations on ground transmitters in the space services are less severe, but the up-link
is nevertheless affected by most of the phenomena listed above. Some limitations on
ground transmitters of the space services are given in Appendix C.



GLOSSARY

Terms and Abbreviations

AM - Amplitude Modulation
code rate - the ratio of the information (bit) rate to the transmitted symbol rate of a

coded transmission
Eb/No - bit energy divided by noise power density
EIRP - Effective Isotropic Radiated Power
FSK - Frequency Shift Keying
Harmful Interference - essentially, any interference which has a truly or demonstrably

harmful effect
IRAC - Interdepartmental Radio Advisory Committee (note: unrelated to IRIG)
OTP - Office of Telecommunications Policy, Executive office of the President
PCM - Pulse Code Modulation
PFD - Power Flux Density
PM - Phase Modulation; phase deviation less than ±90E
PN - Pseudo-random Number
PSK - Phase Shift Keying; ±90E phase deviation
RRB - Reference Resolution Bandwidth
RR - Radio Regulations of the International Telecommunications Union (ITU)

Symbols and Dimensions

Ar - effective receiving aperture in m2

Bx - RRB in Hz (3 dB bandwidth)
F - spectrum spreading factor, dimensionless
fBR - bit rate, in bits per second
Gt - transmitting antenna gain, dimensionless
h - orbital altitude in M
K - Boltzmann’s constant, 1.38 x 10-23 joules/K
Lr - receiving system loss, dimensionless
P - bit period in sec
Pt - transmitted power in W
R - slant range in m
R1 - slant range to the 5E elevation angle locus in m
D - earth’s radius in m
S - signal power in W
T - system noise temperature in K
2 - spacecraft elevation angle in degrees
M - interference PSD in W/Hz
T - angular frequency in rad/sec



Figure 1  Geometry for Determining Power Flux Density Limits

Figure 2.  Power Flux Density from an Isotropic Radiator
at Various Heights



Figure 3.  ITU Limitation on EIRP (dB) of an Isotropic Radiator for
Space Bands Between 1670 MHz and 2300 MHz

Figure 4. ITU Limitation on PFD for Space Bands
Between 1670 MHz and 2300 MHz



Figure 5.  Transmitter Elevation Requirements

Figure 6.  Maximum Permitted EIRP at any Azimuth for Elevation Angles With
Respect to Geoidal Horizon for Bands From 1 to 15 GHz, No Excess (Per 470H)

Figure 7.  Maximum Permitted EIRP at any Azimuth for Elevation Angles With
Respect to Geoidal Horizon for Bands Above 15 GHz, No Excess (Per 470H)



Figure 8.  PCM Definitions



Figure 9A.  Carrier with NRZ PSK Modulation

Figure 9B.  Carrier with Bi-phase PSK Modulation

Figure 13. Graphical Examples of the Interference Criterion



Figure 10a.  Theoretical PCM NRZ Spectrum at 7.5 k b/s

Figure 10b.  PCM NRZ Spectrum With 4 kHz RRB at 7.5 k b/s



Figure 11.  One-sided Profile Representation of Necessary Bandwidth
and Power Level Limit

Figure 12.  Asymptotic Behavior of Spectrum Spreading Factor F,
for a 4 KHz Reference Bandwidth



APPENDIX A

DEFINITIONS

The following definitions are provided for the reader’s convenience. They appear in
publications such as the International Radio Regulations, the OTP Manual, etc.

Authorized Bandwidth:  the bandwidth appearing in the emission designator. The
Authorized Bandwidth equals the Necessary Bandwidth.

Bandwidth:  unless otherwise indicated, the Assigned Frequency Band. The Assigned
Frequency Band equals Necessary Bandwidth plus twice the absolute value of the
transmitter frequency tolerance. The Assigned Frequency lies in the center of the Assigned
Frequency Band.

Band: a specified range of frequencies. The following qualifiers are used most commonly
in the USA and appear in the OTP Manual.

a. Exclusive Band: a  frequency band allocated on a primary basis to a single service.

b. Space Band: a frequency band allocated on a primary basis to the space service(s).

c. Terrestrial Band: a frequency band allocated on a primary basis to the terrestrial
service(s).

d. Shared Band: a frequency band allocated on an equal primary basis to more than
one service. This term is commonly used to indicate a band shared equally on a
primary basis between one or more space services and one or more terrestrial
services.

NOTE: For a discussion of the terms “primary”, “permitted”, and “secondary”
services as applied in ITU usage, see RR Article 5, Sect. II, regulation no.
137-140.

Conducted Measurement:  a measurement made by means of a direct connection between
a measuring instrument and a transmitter. The measurement is made under conditions of
loading and other factors so as to reproduce the conditions encountered in actual
operation, and the results are presented as Power Spectral Density (see below).

Radiated Measurement:  a measurement made without the use of a direct connection
between the measuring instrument and the transmitter. The measurement is made under



conditions which reproduce those encountered in actual operation, and is expressed in
terms of the EIRP within a Reference Resolution Bandwidth (see Section 6.1.1 of the OTP
Manual); i.e., the effective radiated Power Spectral Density relative to an isotropic emitter.
Radiated measurements will be expressed in PFD units.

Radio Regulations (abbreviated RR):  see 1968 edition of Additional Radio Regulations,
Resolutions and Recommendations published by the General Secretariat of the
International Telecommunications Union (ITU), Geneva, as revised by the World
Administrative Radio Conference for Space Telecommunications (WARC), Geneva, 1971.

Space Services:  all services involving transmissions to or from any element of a Space
System. All U.S. Government services are identified in the OTP Manual, Chapter 6,
Section 6.1.2.

APPENDIX B
POWER FLUX DENSITY LIMITS AT THE EARTH’S SURFACE FROM

SPACE STATIONS

The power flux density limits at the earth’s surface specified below apply to space stations
operating in the bands and for the services indicated. This table is based on data taken
from the U.S. Government OTP Manual. The International Radio Regulation of the ITU
contain a somewhat more extensive table.

POWER FLUX DENSITY LIMITS AT THE EARTH’S SURFACE
FROM SPACE STATIONS SHARING WITH THE FIXED AND

MOBILE SERVICES

Frequency Band
         MHz)       

Space Radiocom-
munication Service

Angle of arrival (*) above
the horizontal plane in degrees

0E-5E            5E-25E           25E-90E

1670-1690 

1690-1700

1700-1710
2200-2300

Meteorological-
Satellite
Meteorological and
Earth Exploration-
Satellite (for
countries mentioned
in ITU No. 354A)
Space Research
Space Research

-154* -154
+ 

-144*



7300-7750

7450-7550

Fixed-Satellite

Meteorological-
Satellite

-152* -152
+ 

-142*

8025-8400

8025-8400

8400-8500

Fixed-Satellite

Earth Exploration
Satellite
Space Research

-150* -150 + -140*

21200-22000 Earth Exploration
Satellite

-115* -115 +            * -105**

POWER FLUX DENSITY LIMITS AT THE EARTH’S SURFACE FROM SPACE
STATIONS SHARING WITH THE METEOROLOGICAL AIDS SERVICE

1690-1700 Meteorological and -133 for all angles of
Earth Exploration- arrival***
Satellite

POWER FLUX DENSITY LIMITS FROM SPACE STATIONS AT
THE RECEIVER INPUT OF A STATION IN THE FIXED SERVICE

USING TROPOSPHERIC SCATTER

1670-1700 Meteorological and
Earth Exploration- -168 dBW referred to a 4 kHz
Satellite Bandwidth

1700-1710 Space Research (see ITU No. 47ONGA)
2200-2300 Space Research



POWER FLUX DENSITY LIMITS AT THE GEOSTATIONARY ORBIT
FROM SPACE STATIONS USING NON-GEOSTATIONARY ORBITS

8025-8400 Earth Exploration  -174*
Satellite

    * Entries indicate Power Flux Density (PFD) in units of W/m2 /4 kHz, expressed in
dB relative to a 1 W signal passing through 1 square meter measured in a 4 kHz
Reference Resolution Bandwidth.

  ** Entries indicate PFD in units of W/m2 /1 MHz, expressed in dB relative to a 1 W
signal passing through 1 square meter measured in a 1 MHz Reference Resolution
Bandwidth.

*** PFD in units of W/m2 /1.5 MHz, expressed in dB relative to 1 W passing through 1
square meter measured in a 1.5 MHz Reference Resolution Bandwidth.

 APPENDIX C
EXCERPTS FROM THE ITU RADIO REGULATIONS

The following items have been extracted for the readers’ convenience from the ITU Radio
Regulations (with some editorial changes for clarity). The paragraphs below indicate the
maximum permissable EIRP which may be transmitted horizontally by an earth station
operating on an equal primary basis with terrestrial services in the spectral ranges
indicated. Bands shared between other combinations of services on bases other than an
equal primary basis are not subject to these limitations:

a. below 15.35 GHz

The EIRP transmitted toward any azimuth as a function of elevation 2 (see Fig. 5) by an
earth station shall not exceed the following limits except as provided in (e) below:

+40 dBw in any 4 kHz band for 2#2E

+40 +(3 2) dBW in any 4 kHz band for 0E <2#5E (0.087 radians)

where 2 is the angle of elevation of measured radiation above the plane
perpendicular to the local gravitational vector (the geoidal horizontal) passing
through the centre of radiation of the antenna of the earth station and measured in
degrees as positive above the horizontal plane and negative below it (see Fig. 6).



b. 15.35 GHz to 40 GHz (inclusive)

The EIRP transmitted toward any azimuth as a function of elevation angle 2 by an earth
station shall not exceed the following limits except as provided in (f) below:

+64 dBW in any 1 MHz band for 2#0E

+64 +(3 2) in any 1 MHz band for 0E<2 #5E (0.087 radians)

where 2 is as defined in (a) (see Fig. 7).

c. above 40 GHz, as a design objective only

The EIRP transmitted toward any azimuth as a function of elevation 2 by an earth station
shall not exceed the following limits:

64 dBW in any 1 MHz band for 2#0

64 dBW +(3 2) dBW in any 1 MHz band for 0 <2 #5E (0.087 radiars)

d. For angles of elevation 2 greater than 5E there shall be no restriction as to the EIRP
transmitted toward any azimuth by an earth station (see Figs. 6 and 7).

e. As an exception to the limits given in (a) above, the EIRP transmitted toward any
azimuth for elevation angle 2#5E by an earth station in the space research service (deep
space) shall not exceed +55 dBW in any 4 kHz band (see Figure 6).

f. As an exception to the limits given in (b) above, the EIRP transmitted toward any
azimuth for elevation angle 2#5E by an earth station in the space research service (deep
space) shall not exceed +79 dB (W/M2) in any 1 MHz band (see Figure 7).

All transmitters used in the Space Services must be commendable according to the
requirements stated in the ITU Radio Regulations, Article 7, Section IX:

Cessation of Emissions

470V 24. Space stations shall be fitted with devices to ensure immediate cessation of
their radio emissions by telecommand, whenever such cessation is required
under the provisions of these Regulations.



1 Spa2   In the case of space stations on geosynchronous satellites having an angle of inclination
greater than 5 degrees the positional tolerance shall relate to the nodal point.

2 470e.1The level of unacceptable interference shall be fixed by agreement between the
administrations concerned, using the relevant C.C.I.R. Recommendations as a guide.

Control of Interference between Geostationary-Satellte Systems and non-synchronous
inclined Orbit-Satellite Systems

470VA 25. Non-geostationary space stations in the fixed satellite service shall cease or
reduce to a negligible level radio emissions, and their associated earth
stations shall not transmit to them, whenever there is insufficient angular
separation between the non-geostationary satellite and geostationary
satellites and unacceptable interference to geostationary satellite space
systems operating in accordance with these Regulations. (The level of
unacceptable interference shall be fixed by agreement between the
administrations concerned, using the relevant C.C.I.R Recommendations as
a guide).

The following requirements from the ITU Radio Regulations should be observed as
appropriate by the Space Services:

Spa2  Station Keeping of Space Stations1

470VB
Spa2

26. Space stations on geostationary satellites:

470VC
Spa2

shall have the capability of maintaining their positions within ±1 degree
of the longitude of their nominal positions , but efforts should be made to
achieve a capability of maintaining their positions at least within ±0.5
degree of the longitude of their nominal positions;

470VD
Spa2

shall maintain their positions within ±1 degree of longitude of their
nominal positions irrespective of the cause of variation; but

470VE need not comply with No. 470VD as long as the satellite network to
which the space station belongs does not produce an unacceptable level
of interference2 into any other satellite network whose space station
complies with the limits given in No. 470VD.



3 The level of unacceptable interference shall be fixed by agreement between the administrations
concerned, using the relevant C.C.I.R. Recommendations as a guide.

SPA2   Pointing Accuracy of Antennae on Geostationary Satellites

470VF   27. The pointing direction of maximum radiation of any earth-ward beam of
antennae on geostationary satellites shall be capable of being maintained
within:

10% of the half power beamwidth relative to the nominal pointing
direction, or

0.5 degree relative to the nominal pointing direction, whichever is
greater. This provision applies only when such a beam is intended for
less than global coverage.

In the event that the beam is not rotationally symmetrical about the axis of
maximum radiation, the tolerance in any plane containing this axis shall be
related to the half power beamwidth in that plane.

This accuracy shall be maintained only if it is required to avoid
unacceptable interference3 to other systems.

Spa.2  Power Flux Density at the Geostationary Satellite Orbit

470VG  28. In the frequency band 8 025 to 8 400 MHz, which the Earth exploration-
satellite service using non-geostationary satellites shares with the fixed-
satellite service (Earth-to-space) or the meteorological-satellite service
(Earth-to-space), the maximum power flux density produced at the
geostationary satellite orbit by any earth exploration-satellite service space
station shall not exceed -174 dBW/m2 in any 4 kHz band.

REFERENCES
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101.1, available to potential users of the NASA data acquisition network from:
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2. Lindsey, W. C. and Simon, Marvin K., “Telecommunications Systems Engineering”,
Prentice-Hall, Inc., 1973
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L-BAND, 1.2 m PARABOLIC ANTENNA-NOISE
TEMPERATURE MEASUREMENT
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Summary.   Extensive antenna-noise temperature measurements at 1.6 GHz (L-Band)
were made using a 1.2 m (4 ft. diameter) parabolic dish antenna mounted on the Flying
Bridge of a modern 15,690-ton, commercial-container ship owned by the United States
Lines. Both in-harbor and at-sea radiometer measurements were made that indicated a
steady background, antenna-noise temperature value slightly less than 70 degrees kelvin
(K) at elevation angles of 5E, and greater, at 1.6 GHz. A comparison of theoretical and
measured values indicate excellent agreement within about 5K for at-sea data.

These measurements should be especially helpful to RF equipment designers of maritime,
L-Band shipboard terminals for operation with the two, geostationary, maritime satellites,
Marisat-A and -B.

Introduction.   The United States Lines 15,690-ton, commercial-container ship,
“American Alliance,” was selected for the installation of an experimental, L-Band,
Shipboard Terminal using a 1.2 m-diameter (4 ft.), parabolic dish antenna for reception of
satellite signals at 1.6 GHz [1, 2].

Antenna-noise temperature measurements were made at 1.6 GHz, from June 16-20, 1974,
onboard the “American Alliance,” while berthed at Port Elizabeth, New Jersey (USA), and
at sea while enroute from Port Elizabeth to intermediate ports along the Eastern Coast of
the United States to as far south as Savannah, Georgia. While at sea, the ship maintained a
minimum of 20 miles distance from the shoreline to minimize line-of-sight interference
from the shore.

Shipboard Installation.   Various subsystems of an operational L-Band Shipboard
Terminal provided essential equipment including a 1.2-m-dia. paraboloidal (dish) reflector,
without radome, with 24 dB gain above isotropic at 1.6 GHz. Receiver subsystems



* Calibrated at 1.6 GHz both before and after sea tests using calibrated standard signal generator
and RF power meter.

resulted in a system noise figure of 5.9 dB. The 1.2 m antenna contained a right-hand
circularly polarized, prime-focus, RF feed for 1535 - 1660 MHz operation.

A make-shift antenna stand, and tripod mount with azimuth-elevation swivel axes, were
used to position the dish antenna centerline approximately 2.8 m above the deck of the
Flying Bridge for antenna mainlobe clearance (Fig. 1). The above-deck configuration for
the vessel, “American Alliance” is given in Fig. 2. The antenna stand was positioned on
the starboard side of the ship’s “Flying Bridge”, in the approximate location selected
tentatively for an operational L-Band Shipboard Terminal. A 12-m-length, low-loss coaxial
cable ran from the output terminal of the 1.2 m dish antenna to a radiometer located in the
ship’s Wheelhouse immediately below the “Flying Bridge.”

Fig. 1.  1.2 m dish antenna tripod and
stand on Flying Bridge

Antenna-Noise Temperature Measurements.   With the 1.2 m antenna positioned on the
Flying Bridge (Fig. 1), antenna-noise temperature at a center frequency of 1.6 GHz was
measured using an Airborne Instruments Laboratory Type 2392B Radiometer [3], and
cold-load reference temperature (liquid nitrogen, 77 K) located in the Wheelhouse (Fig. 3).
A continuously-variable precision attenuator (ARRA* Type 5614-60 L) was adjusted to
obtain an equal output reading on the X-Y Recorder for both switch positions A and B.
Measurements were made then for the 1.2 m antenna azimuth angles from 0E- 360E, in
20E increments, and for elevation angles from 0E- 90E, in 5E and 10E increments.

Since an apparent antenna-noise temperature was measured at the output end of the 12 m
coaxial cable (switch terminal A, Fig. 3), it was necessary to compute antenna-noise
temperature TA, referenced to the 1.2 m antenna’s output terminals, considering the fixed
1.8 dB transmission cable loss. Two methods [4] were necessary: Method 1 was used for



Fig. 2.  Above-deck configuration of vessel, “American Alliance.”

Fig. 3.  Radiometer for antenna-noise temperature measurements.



computing values of TA less than, or equal to the cold-load reference temperature, Tref  =
80 K; Method 2 was used for values of TA > Tref = 80 K. A description of each method
follows.

Method 1.   The apparent antenna-noise temperature T '
A , measured at switch terminal A,

is expressed as

(1)

for 0 # T # 1 (dimensionless). Similarly at switch terminal B,

(2)
for 0 # " # 1 (dimensionless) where

T = antenna transmission line attenuation power loss

" = total attenuation (power loss) of variable attenuator, including     
miscellaneous losses

Tref = cold-load reference noise temperature = 80 K

T0 = 300K =ambient physical temperature of all transmission lines

Setting T '
A = T" from (1) and (2), and solving for TA gives,

(3)

lim ("/T) 6 0, TA 6 T0, max. Furthermore, (3) is used only for computing values of TA #
Tref ,corresponding to lower scale readings on the variable attenuator.

Method 2.   On the other hand for higher scale readings of the variable attenuator,
corresponding to values TA > Tref , T '

A at terminal A is expressed in terms of the noise
temperature of the attenuation [4] as,

(4)
for 1 # LT < 4. Similarly at terminal B,

(5)
for 1 # LT < 4 where

LT = antenna transmission line loss power ratio



** Noise temperature greater than steady background noise temperature.

L" = total attenuation power loss ratio for cold-load reference arm

Again setting T '
A = T" in (4) and (5), gives a value of TA as,

(6)

Note that when L" = LT , TA = Tref. Whereas Method 1 is used only for values of TA # Tref ,
Method 2 is used only for values of TA > Tref .

Test Results.   Antenna-noise temperature measurements at 1.6 GHz were made both at
sea and in the harbor (Figs. 4, 5); in general, antenna-noise temperatures were lower at
sea. This is especially true of “hot spot”** noise temperatures resulting from harbor-
generated EMI (e.g., loading cranes, dock rotating machinery, etc.). Also, a series of “hot
spots” were identified as 1.6 GHz signals from the NASA Applications Technology
Satellite (ATS-6), in geostationary orbit at 94EW. longitude (Fig. 4).

Fig. 4.  1.2m (4 ft) dish antenna-noise temperature vs. elevation
angle in harbor 1.6 GHz data “American Alliance.”



Fig. 5.  1.2 m (4 ft) dish antenna-noise temperature vs. elevation
angle at sea 1.6 GHz data “American Alliance.”

The majority of the “hot spot” noise temperatures, above 5E elevation angle, disappeared
as the “American Alliance” went to sea (Fig. 5). Exceptions are the two “hot spot” noise
temperatures resulting when the 1.2 m antenna mainlobe pointed toward the radar-scanner
platform on the mast (65E elevation angle, Figs. 4 and 5, and when the Sun entered the
mainlobe at 75E elevation angle (Fig. 5).

In general, the measured steady background noise temperature increased sharply below 5E
elevation angle (Figs. 4, 5). However, at angles greater than 10E, the steady component
remains fairly constant vs. elevation angle from 10E - 85E. The average background noise
temperature varies, within this range of angles, from 50 K to 60 K, at sea; and from 65 K
to 75 K, in harbor. Each data point (dot), in general, represents 18 independent
measurements, obtained at azimuth angles from 0E - 360E, in 20E increments. Antenna-
noise temperatures not averaged include all “hot spot” noise temperatures identified by
circled X’s.

Blake [5] gives theoretical values of TA for a ground-based antenna, at 1.6 GHz, as given
in Table 1. A ground-based antenna within a few hundred feet of the earth’s surface is
assumed. Steady background noise temperature data points from Figs. 4 and 5 indicate
close agreement, except at 0E elevation angle.



Table 1

Comparison of theoretical vs. measured antenna-noise temperature at 1.6 GHz

Antenna-Noise Temperature (degs K)

Elevation
Angle

Blake’s [6]
Theoretical Value

In-Harbor Data
(Fig. 4)

At-Sea Data
(Fig. 5)

0E
5E

10E
90E

125 K
70 K
62 K
55 K

150 K
  68 K
  64 K
  65 K*

96 K
68 K
56 K
55 K*

*Actually @ 85E elevation angle.

Since the antenna-noise temperature (Table 1) is only 70 K, or less, for elevation angles of
5E, and greater, it is worthwhile for RF equipment designers to strive for improving
receiving system noise temperature. For example, modern low-noise bipolar transistor
amplifiers have noise figures as low as 2.0 dB at 1.6 GHz. Assuming TA = 70 K and 1.0dB
transmission loss between the antenna output terminals and the preamplifter input
terminals, gives a receiving system noise temperature of only 300 K – a significant
improvement of 5 dB in received carrier-to-noise spectral density ratio compared to 950 K
(noise figure = 5.9 dB).

The component parts of Blakes’ [6] theoretical value of antenna-noise temperature TA =
70 K, for 5E elevation angle at 1.6 GHz, indicate contributions of 9 K for average cosmic
noise, 10 K for quiet-sun noise in the antenna’s sidelobes, 18 K for tropospheric
(atmosphere) noise, leaving a remaining estimated 33 K average antenna sidelobe noise
from the ship’s structure. This is roughly equivalent to a ground-based, directive antenna.

A comparison of theoretical and measured values for TA, in Table 1, for at-sea data at
elevation angles of 5E, and above, indicate agreement within about 5 K.

Conclusions.   Extensive antenna-noise temperature measurements at 1.6 GHz (L-Band)
were made with a radiometer, and liquid nitrogen 77 K cold-temperature reference load,
using a 1.2 m-diameter parabolic dish antenna positioned on a commercial-container cargo
ship. Both in-harbor and at-sea antenna-noise temperature measurements were made at
1.6 GHz. Steady background, antenna-noise temperature measurements, slightly less than
70 K, were obtained at elevation angles of 5E, and greater, at 1.6 GHz, being equivalent to
a ground-based antenna. A comparison of theoretical and measured values, for at-sea data,
indicate excellent agreement within about 5 K.
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COMMAND AND DATA SYSTEM FOR AN UNDERSEA DREDGE
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Summary.   By the use of commercial equipment whose original purpose was to provide
alarm monitoring (fire and burglar) over telephone lines, a command and data system was
constructed to control an undersea dredge. The system was designed around the Larse
Corporation Data Communicators (trademark), and only a PAM multiplexer and a digital
demultiplexer were added to make the system perform. The system requirements were
analyzed, and only after the candidate design was agreed upon were the ideas put to paper.
The system was designed in modules, with the various components grouped according to
their function, to simplify interconnecting and test/checkout. The system has performed
well, no component failures have occurred to date, and all data and command functions
have worked as expected.

Introduction.   “Design a stepper-switch command and data system for an undersea
dredge” – those simple words introduced the problem, which was not quite that simple.
The system was to function from depths of 1000 feet (for test dives) down to several miles.
A hollow pipe and cable were to connect the dredge to the ship. Because of the high
interest in the dredging operations and the desire to protect the uniqueness of the
mechanical and hydraulic designs, only the electrical portion of the design will be
discussed. The data link system was to be of simple design, involve minimum cost, and be
repairable in minimum time.

Design Requirements.   In order to implement a design, a set of requirements (and
“desirements”) was established:

System Requirements:

Commands About 32 (plus spares)/1 time per second
Data About 32 (plus spares)/1 time per second
Power (primary) 115 V, 60 Hz, single phase
Load current As needed
Command types Discrete; switch closure
Data range 0 to 5. 1 V (20 mV steps)
Command constraint Reject rather than execute false commands
Cable Two twisted pair shielded



System Desirements:

Simple system (one or two men to operate)
Fast repair time (less than 1 hour)
On-line monitoring of all functions (considerable diagnostics)
Easily obtained parts
No design frills
Use of existing designs where possible

The requirements and desirements, not excessively strict in magnitude, left considerable
latitude in the means of finding the best system. Normally, requirements are originated by
a systems organization, but on this project our systems organization consisted of one man
to handle the paperwork, myself, and one or two other mechanical designers.

Systems Considered.   Several systems were considered for both the command and data
functions, each within a price constraint of $10,000 to $20,000. The pros and cons of each
system, as follows, were listed and evaluated:

1. Command Function:
a. Stepper Switch Command System: This system, shown in Fig. 1, is simple and

inexpensive, but -
(1) The system operates slowly.
(2) More than one twisted pair shielded is required.
(3) The monitoring of a large number of commands is difficult.
(4) The stepper requires that a high pulse current be sent down the cable.
(5) The system requires that each action be done in sequence.

b. Touch Tone Command System: The touch tone system, as used on a telephone,
requires very little equipment and is inexpensive. The system, shown in Fig. 2,
overcame the major disadvantages of the stepper switch system in that it required
only one twisted pair shielded and produced no major cable transients, but -
(1) The system operation is slow.
(2) Each action must be done in sequence.

c. Digital Command System: This system, shown in Fig. 3, was the system
selected, for the following reasons -
(1) It is fast.
(2) It has no series actions.
(3) It is inexpensive.
(4) It is simple to implement.
(5) It is easy to maintain.

This system is described later, under System Design.



Fig. 1 - Stepper Switch Command System.

Fig. 2 - Touch Tone Command System.

Fig. 3 - Digital Command System.

2. Data Function: Several alternatives were also considered for the data function:
a. Stepper Switch Data System: A stepper switch data system, Fig. 4, is configured

similar to its command system counterpart. This system, although simple and
inexpensive, has several drawbacks:
(1) It requires more than one twisted pair shielded.
(2) High cable transients exist.
(3) The cable AC voltage would interfere with the system.
(4) Operation is slow.
(5) Only one data point exists at one time.



Fig. 4 - Stepper Switch Data stem.

b. PAM Data System: This system, Fig. 5, is a slight modification of the stepper
switch data system, and has eliminated all of its drawbacks. However, the PAM
data system is a DC system; and with the 60 Hz power on, the cable would offer
interference.

Fig. 5 - PAM Data System.

c. Digital Data System: This system, Fig. 6, is the exact opposite to the command
system shown in Fig. 3. Since it uses the same parts as the command system,
which simplifies the spares problem, and it meets all system requirements and
desirements, it was selected.

Fig. 6 - Digital Data System.

System Design.   With the selection of an FSK digital system for the command and data
function, it was a simple matter to select the major system components (Fig. 7). Larse
Corporation in Palo Alto supplied the basic parts of the data system, as their equipment
was available off-the-shelf, required no modifications, and had a good history. The heart of
their system is a Data Communicator. This unit takes 16 inputs and, at the other end,
supplies 16 outputs. The data multiplexer was supplied by LMSC; it has been used on
several space programs with excellent results.

The power supplies were commercial units. A central system was used for the surface ship
and another identical unit for the undersea portion. The analog demultiplexer and the
test/monitor function were designed to fit the system.



Fig. 7 - Selected System Design.

a. Cable Transmitters:  The output of the SEN (scanning encoding) is 1V peak-to-peak
FSK, with an output impedance of .600 ohm. Since the cable is a twisted-pair shield
(AWG 16) with Zo = 89 ohms, it was necessary to provide an impedance matching device
to properly drive the cable (Fig. 8). One of these units was provided for the data portion
(sub-sea) and one for the command (surface ship) portion.

Fig. 8 - Cable Driver Receiver.

The heart of the system is the SEN units. These units accept 16 bits on the input in several
different circuit configurations. The configuration selected was to use mechanical switch
(or open collector) closures. This configuration was selected because it appeared to be the
most versatile and required no signal conditioning outside of the unit (Fig. 9). The switch
closure configuration was used in the surface ship to allow the operator to input to the
SEN unit by merely closing a switch. The open collector inputs were used on the sub-sea
data function, as it was the easiest to implement.



Fig. 9 - SEN Input Circuit Configurations.

The SEN unit takes the 16 data inputs, multiplexes them with 18 clock pulse, and outputs
34-bit Larse code. This code (Fig. 10) assures that the system will not lose sync. The SEN
unit thus transmits 16/34 = 47.1% of the number of bits; thus for every 1200 bits sent per
second, 564.706 are “usable” for data. A summary of the system usefulness capability
appears on Fig. 11.

Fig. 10 - Larse Code.

Fig. 11 - System Usefulness (1200 B/S).

Several features of the SEN unit were used in the system design. For instance, the unit puts
out a timing signal during the 34th bit to indicate that a group of data has been transmitted;
this pulse was used in the data system to “step” the analog multiplexer to its next position.
This and other features are described in the command and data sections following.



The SEN unit output is a frequency shift-keyed signal. This signal, obtained from an
internal oscillator, is 1200 Hz for a data “0” (input open) and 2400 Hz for a data “1”.
Since the data rate is 1200 b/s, a “0” has one transition and a “1” has two transitions.

b. Cable Receiver:  The receiving systems consist of a cable receiver and a REDE
(receiving decoding) system. The receiver accepts the cable output (in this case . 100 MV
peak-to-peak), performs an AGC function, conducts a sensitivity check, and presents
“cleaned up” FSK data to the REDE unit.

The REDE unit accepts the FSK data, demodulates it, checks for single or dual scan, and
outputs the 16 bits of data. Immediately after the data have been outputted, a “here it is”
timing pulse is present. This pulse is used on the surface ship to steer the data. The data
output from the REDE unit is an open collector transistor - low if the data output is a “1”
and high if a “0” - exactly the same as the input to the SEN units.

c. Command Function:  Input of the SEN units in the command system is switch
closures to the SEN unit return. A requirement of the command system is that the system
not execute a false command; it is preferable that no command be executed rather than a
wrong one. This operation is handled in the command system by sending every 34-bit
message two times prior to “moving on.” Since it was desired to have about 32 commands
plus spares in the system, the system was designed with 48 discrete inputs arranged in 3
groups of 16 each. This was mechanized by using one SEN unit as the primary unit and
two SEN expanders. This configuration can be further expanded so that as many groups of
16 commands as desired can be wired into the system. If, in the future, it is desired to go
beyond 48 commands, it will be a simple task to wire in additional units.

Each of the three REDE units is wired for a double-scan mode. Each unit is scanned two
times, and then the next unit is addressed and the process repeated. Each unit is scanned
two times in 68/1200 second (57 ms), with the whole cycle for the 48 commands taking
204/1200 second (170 ms). If a command is changed in the middle of a scan, it will be
rejected at the receiving end and picked up in the next cycle (170 ms later).

The receiver, the REDE unit, and the two REDE expanders are at the receiving end of the
command system. They are wired to perform the inverse of the SEN and SEN expanders.
They take the Larse code, investigate it to ensure correctness, scan the message two times
and, if identical, dump the message to the output. The last two bits of the message are
checked to see if more than one unit is being used; if it is, the next unit is gated on for the
following message. Each unit checks each of its messages two times and passes the
message along.



The SEN unit outputs are open collector transistors that can accommodate . 25 mA from a
28 V source (Fig. 12). Each of the 48 outputs has a Hewlett-Packard resistor LED on the
output so that the command link can be checked. A push-to-test switch is installed, and the
5 V to the LEDs is switched to reduce the power being drawn after the unit is sealed.

Fig. 12 - REDE (Command) Unit Outputs.

Resistor LEDs, test points, and controls are also installed in the following places as health
and status indicators.

Surface
Ship

Device
Norm/Reset Switch
Transmit LED
SEN Sync Test Point
SEN EXP 1 Code LED
SEN EXP 2 Code LED
SEN EXP Code Test Point
SEN EXP Code Test Point

Purpose
Forces All Commands to “0”
Visual Indicator of System Status
Scope Sync for Trouble-shooting
Visual Indicator of EXP Status

Test Point for Troubleshooting

Sub-Sea
Portion

Carrier Present LED
REDE Code LED
REDE Sync Test Point
REDE Code Test Point
Norm/Reset Switch

Visual Indicator of Data Present
Visual Indicator of Binary Data Present
Scope Sync for Troubleshooting
Test Point for Troubleshooting
Forces all Command Outputs to “0”

d. Data Function:  The data function was implemented with the Larse SEN, receiver,
and REDE units, just as was the command function; but the input to the system was 8-bit
PCM data, obtained from two 32-channel PAM multiplexer boards through an analog-to-
digital converter (Fig. 13). One board, in addition to the multiplexer, also contained the



timing circuits and an ADC-10Z analog-to-digital converter. The output from this
converter, as well as the six timing outputs (F0 through F5), was delivered to a signal
conditioner board prior to being transmitted link.

Fig. 13 - Data Function, Sub-Sea.

A PCM telemetry system is not difficult to design, but in this instance one was desired that
required no synchronization word insertion and the inherent demultiplexer problem. Also,
ease of maintenance and test was a desirable feature. Since the system only needed to
“see” each data point every 1 or 2 seconds, it seemed natural to use the entire 16-bit word
that was being transmitted. In the first 8 bits were inserted two 0s and F0 through F5 (the
count of the analog multiplexer being sampled). In the last 8 bits was the analog-to-digital
converter 8-bit output. This simple method allowed one to nearly look at F0 - F5 on the
surface ship and use those 6 bits to steer the 8-bit digital data. The demultiplexer was
implemented by using parallel in/parallel out shift registers with individual, inexpensive
6-bit digital-to-analog converters on the output. The outputs drove analog meters directly.
Figures 13 and 14 shows the data function.



Fig. 14 - Data Function, Surface Ship.

The system works as follows: Upon sampling the data, the SEN unit generates a pulse to
indicate end of word (EOW). This pulse is counter one position. Since the SEN unit
sequentially samples the input data, there is plenty of time for the counter to settle. After
the counter settles, the desired PAM multiplexer gate is opened and the data are sampled
by the analog-to-digital converter. The output of the converter as well as F0 - F5 (the
timing signals) are run through two 5400 (NAND) gates. The data can be inhibited by one
of two switches so that the contents of two and/or four Digitran switches can be
transmitted uplink in place of the data and timing signals. This feature allows the insertion
of either fixed data or timing bits to aid in fast troubleshooting of the system.

At the top end of the cable, the REDE unit outputs the data and generates a dataready (or
EOW) pulse. The data are split at the top side and diverted to two places - to a fixed
decommutator and to a dial-up decommutator.



The fixed decommutator is hardwired to accept the six most significant bits of the
magnitude data and the entire 8-bit position word. The EOW pulse is used to strobe the
data into the decommutator boards, the position bits are then decoded, and a delayed EOW
pulse strobes the data through a selected (by position bits) parallel in - parallel out shift
register. The output of this shift register is hardwired to a 6-bit digital-to-analog converter
(Mono DAC-01HS). The reason for continuing with a digital system was to eliminate the
need for PAM data and the attendant sample and hold circuits. In our method the data
remains in digital form to the very end. The 6-bit rather than the 8-bit DAC was selected
because the cost of an 8-bit DAC is more than four times that of a 6-bit DAC and we only
wanted to drive 1% meters. It is doubtful that the operator can see the difference (our least
significant bit is 20 mV).

The other part of the decommutator is used for test only. It consists of a toggle switch and
two 4-bit Digitran switches. The toggle switch allows the data display to either free run or
freeze in a position. In the free-run state, the magnitude bits are strobed through and cause
two seven-segment LEDs to continually count from 00 to the highest data channel used
(31). Also displayed on three seven-segment LED displays is the value, in counts, that is in
the data channel. In this mode the displays are continually active. In the freeze state, the
display locks on a specific word until released or until the word number is changed.

Besides the on-line monitoring of the data, the following test, control, and monitoring
capability is provided:

Surface
Ship

Device
Record/Playback Switch
Cable Monitor Test Point
Carrier Present LED
Receiver Code LED
Force OFF Switch

Purpose
Select Data Source
Monitor Cable at Receiver Input
Visual Indicator of System
Visual Indicator of Data
Forces All Data to “0”

Sub-Sea
Portion

Force ON/OFF Switch
SEN Code LED

Forces All Data to “1” or “0”
Visual Indicator of Data

e. Packaging:  Both sections of the system were housed in 19-inch relay racks. The
power supplies for the system were contained in separate sections; 110 V/ 60 Hz was the
common input. The power outputs were +/-15 V, +5 V, and +28 V.

The Larse cards were the driving force for size; five were used in each section. These
cards were 4-1/2 in. high by 9-1/4 in. long. Since the 32-channel analog multiplexer was an
existing design, it was decided to use the existing art master and add the timing circuit and
analog-to-digital converter. For the standalone multiplexer, only the multiplexer parts were



added to the board. For the remaining cards, Cambion wirewrap boards were selected,
with provisions for 64 16-pin display information processors.

For the individual digital circuits T2L was used, even though it is much faster than
required.

Since separate power supplies were used, each board had at least 100 µF of local
decoupling on each voltage; also, a number of 0.1 µF decoupling capacitors were
“sprinkled” about the boards. To ensure that there would be no problems with one shots,
each one shot used had 0.1 µF capacitors from Vcc to ground across the back of the chip.

An illustration of the surface-ship panel is shown in Fig. 15.

The system has performed extremely well. In the year that it has been in operation, no
false commands have been issued, no displays have had a case of “hiccups, “ and none of
the parts (all commercial) have failed.

Fig. 15 - Surface Ship Panel.
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Summary.   The detection of two dimensional optical signals which have been corrupted
by noise is considered. Discussion is limited to the detection of a known object in a known
location.

The problem is approached from the classical statistical technique of hypothesis testing.
Initially the solution is formulated in very general terms. The decision rule is derived for a
signal distorted by noise of an unspecified type which may include signal dependent noise.
Once the decision rule is obtained, the probabilities of false alarm and detection are
evaluated from a priori knowledge of the noise and imaging system.

The general results are applied to Poisson noise and signal dependent Gaussian noise.

Introduction.   The application of the principles of communication science to optics is not
a recent development. Optical imaging has been examined in the light of information
theory [1,2], and the modern theory of image formation is clearly expressed in terms of
Fourier analysis and linear systems theory [3,4,5].

Several authors have evaluated photographic and electronic imaging on an absolute scale
[6,7,8,9,10,11,12]. Signal dependent models for the grain noise in photographic film have
been suggested by Walkup and Choens [13] and others. The material available on
restoration of degraded optical signals is vast and is not reviewed here. There has been
some work on object detection in signal dependent noise. The problem has been solved for
the case of signals in photon noise detected by an ideal receptor [14].



A set of operating characteristics applicable to detection in a broad class of noise is
developed in this paper.

The Decision Rule.   The problem of detecting a known object in an image degraded by
arbitrary noise and sampling is considered first. The object location, size, and intensity in
the image plane, as well as the background, are assumed known a priori. A likelihood ratio
test is used because for a specified maximum probability of false alarm, the probability of
detection is maximized [15].

Let Rk (x,y) be the available signal at the point (x,y) in the image plane. The signal R(x,y)
sampled obviously depends upon whether or not the object in question is present, and is
given by

(1)

or
(2)

Assume that the image is sampled to form an MxN array of data samples using a sampling
function gij (x,y) to form the sample Rij. Then

(3)

Rij will be a random variable with probability density function

(4)

The likelihood ratio test is

(5)

where 0 is a threshold value determined by the maximum acceptable false alarm
probability.

If the sampling functions gij(x,y) are non-zero, or of significant value, only over disjoint
areas in the x,y plane, the individual density functions can reasonably be assumed
conditionally independent, and the decision rule is



(6)

Taking the natural log of the likelihood ratio defines the random variable

(7)

Now the decision rule may be stated as

(8)

Notice that L(R) is formed by the addition and subtraction of conditionally independent
random variables. If the object is large enough to require a reasonably large number of
samples, say 50, in the image plane, the central limit theorem implies that L(R) will be
approximately normally distributed.

The probabilities of false alarm and detection are given by

(9)

and

(10)

If the conditional probability density functions in Equations 9 and 10 are assumed to be
normal, it is necessary only to determine the conditional means and variances of L(R).
These are designated by µk and          respectively. The relation of PF and PD to the
conditional density functions of L can be clearly illustrated by sketching                        and 
                          .

However, it is more useful to standardize one of the curves by making the following
change of variables:                                                                                                     
                                                                                 (11)



Also let

(12)

(13)

and

(14)

thus
(15)

or

(16)
where

(17)

Therefore, if a maximum allowable PF is specified, (' is fixed, and

(18)

A decision rule based on U which is equivalent to that based on L (Equation 8) is

(19)



Thus PD has been expressed as a function of (' (or PF) and the two parameters F1/F0 and
(µ1 - µ0)/F0 . These equations are presented in graphical form in Figure 1. It should be
stressed that these results are quite general. Other than the requirement that the samples Rij

be conditionally independent, no restrictions have been placed on the noise model used or
the sampling technique. If the values µk and         can be found, the curves of Figure 1 and
the equations on which they are based may be used.

Example

Assume that F1/F0 = 1.2 and (µ1 - µ0)/F1 = 3.0. If the maximum allowable PF = .1 (on 10%
of tests made with the object absent the detector will indicate it, is present), the problem
proceeds as follows.

From the intersection of the PF = .1 line and curve corresponding to F1/F0 = 1.2 in Figure 1,
draw a vertical line intersecting the ('F0/F1 axis and the curve for (µ1 - µ0)/F1 = 3.0 on the
PD graph. The values ('F0/F1 = 1.06 and PD = .973 are found. Solving for (', the decision
rule is

(20)

If it is required that the maximum PF = .01, ('F0/F1 is found to be 1.93 and PD = .86. Thus
the more stringent requirement on PF reduces significantly the probability of detecting the
object.

Noise Models.   The general results of the preceding section will now be applied to
detection problems using different models for the noise content of the received signal
R(x,y). In each case the conditional means µk and variances         necessary to use the
curves are calculated.

A. Poisson Noise

An ideal diode array is basically a photon counter. Photon emission is by nature a discrete
random process in which the noise level depends on the level of intensity [8] and is often
modeled by a Poisson process.

The expected value Sk(x,y) of the received signal is now defined as the photon flux per unit
area per second. The output Rij of the diode which senses area Aij in the image plane will
be a Poisson random variable with mean



Figure 1.  Detector operating characteristics.



(21)

where $ij is the quantum efficiency (the probability with which an incident photon is
counted) and T0 is the exposure time. Because Rij is Poisson, its conditional probability
density function is

(22)

From Equation 9 the decision rule becomes

(23)

If L(R) is assumed to be normally distributed, its conditional mean and variance are

(24)

and

(25)

These values of µk and         may be used with the curves of Figure 1.

The upper bound on diode array performance for the case of Poisson noise can be found
by examining µk and         when the diodes have unity quantum efficiency, are contiguous
and the diode area shrinks to zero as the number of diodes grows without bound to cover
the image area I. For these conditions.

(26)



This is the same result obtained by Helstrom [14]. These values µk and           can be used
with the graphs in Figure 1, and the results compared with those obtained for a discrete
array. The degradation in delectability of a specified object caused by sampling and diode
quantum efficiency can thus be determined.

B. Signal Dependent Gaussian Noise

One possible noise model is that the signal R(x,y) will be normally distributed about the
expected value Sk(x,y) with the variance deterministically related to the signal [13].

The above model may be formulated as follows

(28)

where N(x,y) is a zero-mean white Gaussian noise with autocorrelation F(x,y), which is
independent of Sk(x,y); and Qk(x,y) is a deterministic function of Sk(x,y) and modulates the
noise. An individual sample Rij is assumed to be the average intensity R(x,y), weighted by
the sampling function gij(x,y) and normalized by the volume under the sampling function
curve

(29)

For convenience, define                                          .       The random variables Rij will be

normal with means

and variances

(30)

After simplification the decision rule reduces to

(31)



where

(32)

(33)

and                            (34)

As before, L will be assumed normal by the central limit theorem, and only the conditional
means and variances of L are needed to use the curves. Its conditional mean and variance
are found to be

(35)

and

(36)

A particular type of signal dependent Gaussian noise has been used to model the
grain noise of photographic film. For this case let Qk(x,y) =                              and assume
either Sk(x,y) is essentially constant over a sample region, or gij(x,y) takes on only two
values, zero and a positive constant. From this definition the following results are obtained:

(37)

with " determined from "' and gij(x,y). Also,

(38)

(39)

and



(40)

Therefore, for this case

(41)

with mean

(42)

and variance

(43)

Thus the parameters needed to use Figure 1 can be calculated.

Conclusions.   It is clear that statistical techniques can be applied to the detection of two
dimensional signals in signal dependent noise. The method appears to be useful in many
applications. The added a priori knowledge necessary for detection improves performance
beyond visual detection of an unrestored image, and the performance of no restoration
scheme can be expected to equal that of the likelihood ratio test. Extensive use as a
detection technique may be limited by the need of accurate knowledge required of the
signal and image sensing system. The method, however, may be used quite effectively to
evaluate the relative performance of various systems.

Throughout this paper it has been assumed that sufficient samples of the image have been
taken for L to be considered normal. Therefore caution should be observed in applying
these results when the available samples are few and when dealing with extremely small
probabilities of false alarm.
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A 200 MEGABIT PER SECOND DATA HANDLING/DATA
LINK SIMULATOR

JOHN E. GOODWIN
Electronics Department

Martin Marietta Aerospace

Summary   A multimegabit serial data channel, or slower parallel channels may be needed
to monitor multiple input data (including video) from sources such as Earth Resources
Experiments, Communication Satellites, and surveillance systems. It is desirable to operate
space equipment at low power, which is contrary to the use of fast circuits. Low powered
circuits are compatible with the speeds of parallel systems, but multiple channel RF
systems are usually costly in both size and weight. A parallel series compromise appears to
minimize these problems. A laboratory breadboard of a parallel-series data handling
simulator consisting of a data acquisition unit (DAU), a 200 Mb/s serial data link (SDL),
and a data recovery unit (DRU) was built and tested to operate satisfactorily up to
230 Mb/s in a typical noisy environment.

Introduction   There is a continuing need for data systems to handle large amount of data,
which implies large data bandwidths. While the requirements for large data handling
systems on such projects as Skylab and Space Shuttle may phase out with culmination of
these projects, there is an ever-increasing demand for large data capacities in
communication satellites. The term communications is used in the broadest sense as it
pertains to commercial, military and NASA applications. All data such as video, voice,
instrumentation, navigation, meterological, and survillance continue to “eat up” bandwidth,
creating an ever-increasing need for communications at higher frequencies.

Although most of the data sources can be expected to operate at relatively low rates, about
10 Mb/s and lower, the total serial data rates may easily be several hundred Mb/s.
Multiple lower rate data links can obviously be used for transmission of this data from
Space to Earth, but probably not without a rather large and complicated rf-system. Most
recent trends are to develop the data system with two serial outputs that operate at data
rates up to 500 Mb/s each for driving a two quadrant modulator. With this approach, serial
systems operating to 1 Gb/s have been implemented; however, if a person is restricted to
using readily available components, the limit is probably less than 500 Mb/s.

This paper describes the design, fabrication, and operation of a data handling simulator
that operates at rates up to 230 Mb/s. Two channels of this system could drive a two



quadrant modulator to provide a 460 Mb/s system. The circuitry utilized is “off-the-shelf”
emitter coupled logic for functions operating from about 60 MHz to the 230 MHz.
Motorola MECL 10,000 logic is used at about 60 to 100 MHz, and MECL III is used for
circuits operating above 100 MHz. Standard and low powered versions of TTL and
Schottky TTL are used wherever possible, with emphasis on low power. These state of the
art devices are well known by most of us, but too much emphasis cannot be placed upon
the application technology above 100 MHz. There is no distinct dividing line at this
frequency but the needs for proper line terminations, correct attachment of multiple loads,
and devices’ delays seem to be suddenly very apparent. Although the application and
design handbooks prepared by Motorola and others are excellent for addressing the
problems, the user need almost experience the pitfalls to appreciate criteria for their
avoidance. In addition to discussing general design techniques, data synchronization, sync
detection, and the clocking of received data, including phase locked loops are considered
herein.

Digital Design for Operation Above 100 Mb/s.   A large amount of the design of the
200 Mb/s simulator is best presented in a general form. This approach provides some
specific discussions of the system, but also provides fundamentals for those not familiar
with emitter coupled logic (ECL) circuits.

While there may be no exact operating frequencies where digital circuit designs change, it
is assumed that the design concept does change for handling data at rates above 100 Mb/s.
There are several reasons for this, with component limitations a primary factor. Essentially
all TTL devices are unusable above 100 MHz, and even most of the MECL 10,000 ECLs
are too slow for practical use at that frequency. In addition, circuit designs can no longer
be limited to logic only, i.e., serious consideration must also be given to RF design
techniques. Printed circuit boards should have ground and voltage planes; lines must be
short and/or terminated in their characteristic impedances; line lengths must be considered
in event-time relationships; and because of high frequencies, the suppression of cross-talk
must be considered. A work knowledge of these factors must be attained before a
200 Mb/s design capability is possible. The remaining paragraphs in this section describe
the high speed circuit designs that were developed during the performance of this task.

One of the major considerations in component selection, at least for airborne applications,
is to design using the lowest power consuming components possible. This requirement is
not particularly compatible with high speed circuit performance, i.e., for most state-of-the-
art circuits. ECL circuits are the only readily available components that are operable in
digital circuitry at 200 Mb/s or higher. There are also custom integrated current steering
logic circuits and discrete component circuits, but their use is limited and they also
consume relatively large amounts of power. Consequently, component trade-offs at
multimegabit frequencies are limited, except for minimizing the number of devices used. A



* Trade name registered by AMP Corporation

method of accomplishing this is to divide the basic frequency down (to the greatest extent
possible) for parallel operations at lower frequencies. The importance of this technique
cannot be overly stressed and it will be emphasized throughout this report. In fact, the
discussions concerning the breadboard design shows how it was first implemented
improperly by neglecting this technique. A final design improvement is then described to
show that most processing was accomplished at 100 Mb/s, or less. Not only is lower
power consumption possible, but circuit performance is also enhanced when operating at
the lower bit rate. However, further discussion regarding component selection is
warranted.

Numerous vendors manufacture several types of ECL circuits that can be used at the high
bit rates. The operating frequencies quoted for these circuits vary from approximately
100 MHz to 1 GHz for flip-flops; however, readily available devices are restricted to a few
types. Motorola provides a line of MECL devices that are typical of most available
components. MECL 10,000 is designated as one of the easiest types of ECL to use up to
100 Mb/s. General design notes stipulate that the circuitry is easily handled using standard
component boards with printed circuit lead, or back plane wiring interconnects. Solder,
wire wrap, or Termipoint* connections are all considered acceptable. Although some
transmission line terminations are required, they are not identified as being critical.
Experience gained during the course of this task, however, shows that these circuits are in
fact difficult to use at 100 Mb/s. Interconnections must be short, lines must be matched, or
both. The number and configuration of multiple loads must be closely monitored, and
propagation delays must be considered carefully. There are few MECL 10,000 devices
that can be used practically at operating frequencies above 100 Mb/s. Gates available in
this Motorola line, e.g., the 10105, have typical propagation delays of 2 nanoseconds, and
rise/fall times of 3.5 nanoseconds. A few of the gates classified as transmission line
drivers, e,g., the 10210, have propagation delays and rise/fall times of 1.5 nanoseconds.
The flip-flops developed initially, e,g., the 10131, are guaranteed to toggle at 125 MHz
(minimum) with a typical toggling frequency of 160 MHz. A flip-flop developed more
recently, i.e., the 10231, toggles at 225 MHz.

It is evident that the MECL 10,000 is not particularly suitable for operation at 200 Mb/s.
The Motorola product that is acceptable for operation at 200 Mb/s is the MECL III family.
Gates such as the 1660 have typical propagation delays of 1.0 nanoseconds, and typical
rise/fall times of 2.1 nanoseconds. Flip-flops such as the 1670 will nominally toggle at 350
MHz.

The use of standard TTL, low power TTL, Schottky TTL, and low power Schottky
devices is encouraged where designs can be implemented at lower speeds. There are
known problems with the reliability and yield of standard Schottky devices; however, the



simplicity in using them offers an attractive advantage up to 80 MHz. The use of high
powered TTL offers no advantages in most instances because the power consumption is
high, and flip-flop toggle frequencies are limited to approximately 40 MHz.

If data rates are low enough, CMOS logic (which is rapidly becoming more available)
could become a serious contender in logic designs. CMOS offers attractive power savings
and noise immunity for circuits operating under 1 MHz.

In summary, general rules to be followed in component selection might be stipulated as
follows:

• use the least amount of high speed ECL logic possible, i.e., minimum MECL III:

• divide all signals to the lowest practical frequencies using MECL 10,000 circuits in
the division chain as required; and

• implement as much circuitry as possible using TTL or CMOS logic.

Earlier objectives of this task resulted in the design of hardware operating at 100 Mb/s. It
was demonstrated that circuits could be built on standard PC boards using wire wrap or
Termipoint backplane wiring. MECL 10,000 components were installed in conventional
DIP sockets. As implied above, the performance of these circuits was not entirely
satisfactory at 100 Mb/s. Since problems with line terminations, cross talk, and loading
were apparent, it was decided to use different construction techniques for the new ECL
circuits. Our approach was to use doublesided PC boards, without sockets. Backplane
wiring was still used, but all lines were terminated in their characteristic impedances.
Motorola’s application notes list multilayer boards as the first preference for high
frequency work; however, the high cost and length of time necessary to develop and
manufacture such boards could not be justified for a onetime breadboard. The double-
sided board approach is a secondary solution, i.e., it is satisfactory if the boards are kept
small and contain only a few (about 10) IC components.

When designing with a 2-sided PC board the two sides are used for a ground plane and a
voltage plane. The voltage plane can be positive or negative, depending on how the ECL is
used. Recommended practice is to use the MECL operating from ground to -5.2 volts
(when only one voltage is used). A 5.2 volt differential between VCC and VEE provides the
optimum in speed performance. Minus voltages give the beat noise immunity. Since
terminating resistors must be returned to a -2 volt bias point, a recommended practice for
single voltage operation is to use two resistors connected in series between ground and
VEE.  (See Figure 1).



Figure 1.  Parallel Termination with One Power Supply

The resistor ratio is selected to provide -2 volts (as indicated), and the parallel Thevenin
equivalent value of the resistors should equal Z0, the characteristic impedance of the
interconnecting line.

Initial laboratory evaluation of the double-sided board design approach gave very good
results. A divide by N counter was designed and built using MECL III 1670, D-type flip-
flops. Most backplane wiring was configured as single conductor, teflon insulated stripline,
with a characteristic impedance of approximately 68 ohms. Some twisted pair lines were
used over long lengths, i.e., more than 3 inches. The clock was a Hewlett-Packard 608
rf-sinewave generator, capacitively coupled into an input biasing network similar to that
shown in Figure 1. The counter divided correctly with input frequencies up to 300 MHz.

During evaluation of the counter, the parallel termination shown in Figure 1, and a series
termination suggested by Motorola were examined. The parallel termination is used only at
the most remote load on a line. If there are intermediate loads they are tapped with
minimum length stubs to preclude reflections. It is not always convenient to tap multiple
loads, as the series configuration shown in Figure 2 may have application in some designs.

In Figure 2, RS plus the output impedance of the driving gate must equal Z0. This
configuration could not be made to perform well at 200 Mb/s.

The results of breadboard evaluation of the counter were encouraging and the data link
simulator was designed using the 2-sided PC board. This approach ultimately proved to be
somewhat less than optimum, as is discussed later. The major difficulty was in the
selection and use of two bias resistors for line termination. Application notes show that the
characteristic impedance of backplane wiring is consistent with wire type, length, and
spacing from the PC board. The notes also show criteria for modifying the impedances, 



Figure 2.  Series Termination

which change due to different distributed loads. In practice, however, specifying wire
lengths and wire spacing on the board, and adhering to these requirements can become a
tedious and difficult task. As a result, the selection of two bias resistors, and the pull-down
resistor (if required) is time consuming and also requires a large resistor stock. In addition,
the -2 volt bias point derived from the resistors is not stable enough under load variation at
the higher frequencies. Therefore, a minimum of three layers are recommended for ECL at
data rates of 100 Mb/s or greater. The third layer is used for a -2 volt fixed bias supply.
The three layer board allows for a much simpler selection of terminating resistors, and
since the bias is obtained from a fixed supply, circuit performance is greatly enhanced.

The subject of backplane wiring is extensively covered by others, e.g., Motorola’s MECL
System Design Handbook; therefore, comments are limited to the experience gained as a
result of this task.

Since PC boards with backplane wiring were used, we experimented with, and traded off
some of Motorola’s techniques. An equation presented by Motorola for determining the
characteristic impedance of a wire over a ground plane is

where er is the effective dielectric constant around the wire,
h is the height to the center of the conductor from the ground plane, and
d is the diameter of the conductor.

This characteristic impedance is stated by Motorola to be approximately 120 ohms ±40%.;
however, our experience on this task (using the same type materials) gave results more
typically equal to 80 ohms ±40%.



The above equation is applicable to a line between two terminals; however, practical
circuits will usually have multiple loads on a line. An equation used to modify the
characteristic impedance due to loads is

where C0 is the line capacity, and
Cd is the effective distributed capacity due to the loads.

The effective input capacity of MECL loads is about 3 pf per gate input, with variations
depending upon the type of MECL.

Unfortunately, all of the line characteristics are dependent upon the total geometry of the
wiring and PC board layout. If lines are more than 2 inches long (approximately), and the
number of leads is greater than three (approximately), then the matching and termination of
lines becomes difficult, and the resultant reflections of mismatches will cause problems
when operating at frequencies of 100 MHz or higher.

The data handling/data link simulator

Figure 3 is a block diagram of the 200-Mb/s data handling system simulator built in 1974.
The hardware consists of three major blocks, as indicated. The data acquisition unit
(DAU) simulates multiple slowspeed data sources being sampled, multiplexed, and
formatted, together with sync bits, into a 200-Mb/s serial data stream. The data link (DL)
is a hardwired link into which noise was inserted to evaluate performance of the data
recovery in the presence of noise. In the initial design there were both data and clock lines
in the link, but design refinements were made to eliminate the clock by adding a VCO to
the data recovery unit (DRU). This provides a closer simulation of an RF link on which
there probably would be no bandwidth available for clock. The DRU detects sync and
synchronizes itself to the received data. Data are demultiplexed and then compared with
reference data from the DRU. The recovered analog data are compared visually with the
source data on an oscilloscope, and all data bits in the recovered stream are compared with
transmitted data. Error rates are determined from the comparison and displayed to show
the effects of noise on the recovery accuracy. Frame sync dropouts and frames to sync are
also displayed.

The DAU consists of simulated data sources, data multiplexing circuits, a sync generator,
formatting and control logic, a data serializer, and line driver circuits. Data are sampled
and formatted in one of two selectable formats. The major frame format patterns consist of
fifty-six 42-bit minor frames. A minor frame consists of a 7-bit analog equivalent word,
thirty-four discrete or digital bits, and a sync bit in the forty-second position. In one 



Figure 3.  Block Diagram 200 Mb/s Data Handling/Link Simulator

format, the 7 bits representing the analog channel occur at bit positions 1 through 7. The
other format distributes these bits at every sixth bit position beginning with 1, i.e., 1, 7, 13,
19, 25, 31, and 37. The analog signal source is a 100 KHz to 300 KHz sawtooth generator
operating asynchronously to the system. The sawtooth is sampled, and the sample is
digitized by a two step successive approximation A/D converter into 7-bits once every
minor frame (about once every 200 nanoseconds.) The thirty-four digital sources are
simulated by multiplexing the outputs of a pseudo-random sequence generator. The sync
bit is multiplexed from a fixed format sequence generator, which is incremented once each
minor frame so that the sync word is the sequence of the sync bits in the 42 minor frames.

A 7-state shift register with feedback generates the multiplexer gate addresses in the
proper format for sampling and serializing the data. The outputs of the multiplexers are
combined into two groups which are alternately loaded into a two 3 bit serial shift register
which operate at 100 Mb/s. Serial outputs of the two registers are “OR’d” together into the
200 Mb/s data stream. The two serializer registers are alternately used to allow enough
time for the Schottky TTL multiplexers to operate. The use of two registers also keeps the
operating frequencies of most circuits at 100 MHz or less; except for the basic clock and
the data link drivers, which operate at 200 MHz rate.

The serial data link consists of a twisted shielded pair of lines for data. Clock noise
generators are also a part of this link, even though they are physically located in the DRU.



The DRU receives the data in NRZ form and an internal voltage controlled oscillator
(VCO) is synchronized to the data. The nominal operating frequency of the VCO is
100 MHz. Since there are no spectral lines in a 200 Mb/s data stream, the VCO cannot be
locked directly to it. The data, however, can be “AND' d” with itself delayed by about
1/2 bit and there will be spectral lines to which the VCO can be synchronized. Although
there are a number of phase detectors to use in the loop, an exclusive or circuit worked
about as well as any in the VCO.

Data is received in the presence of noise and is arbitraily divided into two 100-Mb/s bit
streams (i.e., bits 1, 3, 5, etc for one stream and bits 2, 4, 6, etc for the other, forming
“odd” and “even” streams). A bit of each stream is compared with a sync bit in the sync
word generator at what is believed to be the bit 42 time of each minor frame. When a
major frame is completed and one of the bit streams compared with sync has less than four
errors, the system is considered in sync. That stream containing bit 42 is known to be
even, thus identifying the sequence of all bits. If there is no sync in a major frame, the
minor frame bit counter (42-count) is retarded two counts and a new major frame is
examined. The count is retarded until there are less than four errors, at which point bit 42
is identifiable. Once sync is established, demultiplexing is easy, i.e., as the time of all bits
is known. Recovered data can be compared with reference and error rates determined by
digital counters monitoring for a known total bit time.

Performance   MECL circuits were initially fabricated on double sided PC boards. The
DAU (which uses the least MECL components) could be made to operate fairly well by
carefully tailoring the two resistor networks; however, the DRU operation was very poor.
Not only were the lines difficult to terminate, but in addition, too many circuits were
operated at 200 MHz. Two significant design criteria already mentioned emerge from the
solution of the problems:

• Build MECL circuits using PC boards with at least three layers for VCC VEE and Vref;
use a single resistor returned to Vref for each backplane wiring termination, and

• Divide high bit rate data streams and clocks by two or more to provide parallel bit
streams at lower frequencies. The logic operations can then be performed with a
minimum of circuitry running at high rates.

The second DRU (designed and built in accordance with the above criteria) was much
easier to test and make operational.

The success of the redesign was so significant, in fact, that the performance of the DAU
suffered by comparison. Thus, the DAU was also reworked to have a -2V reference for
terminating all 200 Mb/s circuits. Performance was then satisfactory up to 230 Mb/s.



Figure 4 shows photographs of the total 200 Mb/s data stream, both formats the analog
data bits with the digital sources enabled, and a comparison of the generated sawtooth with
the sawtooth recovered from the demultiplexed data stream (same for both formats).

Figure 4.  Typical Data Waveforms

All discussion to this point described the system operating without induced noise in the
data link. One objective of the task was to demonstrate acceptable synchronization and
data decommutation in the presence of 10-8 bit errors. Therefore, the noise generation
circuitry built into the DRU was made adjustable to permit random bit error rates from 10-9

to approximately 4 x 10-7 . None of these random error rates had any appreciable effect on
system performance. There were no sync dropouts during a typical run; the worst error
rate occurred in the analog channel words. The latter was measured at apprxoimately
5 x 10-6 , with a random bit error rate of 4 x 10-7.

In addition to random error noise, it was also desirable to simulate noise to produce burst
or block errors. Although no limit criteria was defined, test results showed that sync
dropouts do not occur with noise bits of 5.5 (10-7). The analog word error rate, however,
increases to about 24 (10-4), which is still acceptable. If the burst error rate exceeds 10-5,
the sync dropouts increase significantly (to nine or more in a five second interval), and
analog word errors increase to over 10-3, which is excessive. The ability to regain sync
after a sync loss, however, was successfully demonstrated. Resynchronization was always
acquired in 588 major frames. This can be identified as the minimum number required to
cycle through a missed sync comparison (with the type of noise simulation used).

Figure 5 shows photographs of the 19" rack mounting breadboard.



Figure 5.  Photograph of DRU and DAU

Conclusions   It is realistic to state that all objectives of the task to develop the 200 Mb/s
data handling simulator were realized. It was shown that available IC’s can be utilized to
implement such high rate data systems (at least in laboratory environments), although some
components must operate close to their limits. The best was to implement high data rate
systems appears to be “do only those operations at the highest frequency that are
necessary to get there”. Use at least 3-layered pc boards layed out to rf-criteria. for ECL
circuits when operating above 100 MHz, unless only a very few components are involved.
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Summary.   The authors have directed the technical portion of the MARAD maritime
communications experiments using the NASA ATS-6 satellite. The MARAD experiments
were conducted with satellite terminals placed on two commercial ships for evaluation of
the communication service similar to that which will be available with the maritime
commercial satellite system. These experiments also evaluated the benefits to fleet
management through utilization of the communications services. Furthermore, evaluation
of position determination using satellites was also made. These experiments were
conducted from the MARAD earth station located at Kings Point, N. Y., and the NASA
earth station at Rosman, N. C. Three modems having voice and digital data and a
stabilized shipboard L-band antenna system were evaluated.

Present results indicate that future commercial communications satellite systems will
provide the expected high-quality service, particularly when attention is given to improving
the reliability of components, such as the vertical reference system used by the shipboard
antenna.

The results of the experiments conducted indicate that the ship antenna demonstrated
successful tracking of the satellites for test period intervals of 4 to 6 hours without the
need for operator adjustment. The ship position determination tests show good



measurement repeatability, but with significant bias errors which may result from satellite
ephemeris.

Finally, the data analyzed demonstrated the ability of future commercial satellite systems
to achieve a probability of bit error of better than 10-5. Further data analysis is needed to
completely confirm these digital data results.

Introduction.   This paper will describe the U. S. Maritime Administration (MARAD)
maritime experiments conducted from June of 1974 through May of 1975. MARAD has
the continuing responsibility for improving the economic viability of the U. S. Merchant
Fleet. As one means of meeting this responsibility, MARAD has chosen to explore
methods of improving the exchange of information between shore and ship and to
determine the economic importance associated with this improved message and
information flow. An obvious tool for achieving this goal is the future commercial maritime
service to be provided by the MARISAT satellite. In order to prepare for this satellite
service, MARAD planned a series of economic and technical experiments using the NASA
ATS-6 satellite.

The objectives of this experiment were:

1.  To measure and evaluate the economic benefits accrued to fleet operators through the
use of satellite-based communications and radiodetermination services.

2.  To evaluate performance criteria for shipboard terminal equipments needed to establish
and maintain various grades of fleet operations services using commercial satellite
systems.

3.  To determine the effects of signal propagation, ship radio frequency noise, and ship
antenna pointing on the maritime communications and navigation channel.

4.  To evaluate various modems for the transmission and reception of voice, data, and
position location signals via satellite systems.

Much of the data obtained during these experiments is still under evaluation. Preliminary
results of the technical experiments conducted, except those of the voice tests, will be
presented in this paper.

Experiment Implementation

Satellite and Ground Systems.   The experiment was implemented using the NASA
ATS-6 satellite operating in the L-band fan beam mode. The satellite was located at



approximately 94EW longitude at synchronous altitude. The position determination
experiments used the synchronous NASA ATS-5 satellite at 105EW, also operating at L-
band. A number of experimenters, including NASA, DOT, CANADA, and ESRO shared
the use of the ATS-6 satellite with MARAD during the L-band experiments.

The MARAD earth terminal was located at the U. S. Merchant Marine Academy at Kings
Point, N. Y. Figure 1 shows the configuration used in these experiments.

Fig. 1 - MARAD L-Band Experimental Configuration

The NASA Rosman ground station operated simultaneously with transmissions from Kings
Point, allowing other experimenters to share the available ATS-6 satellite time. The press
for available satellite time required that NASA encourage integration of experiments to
utilize the available hours to the best advantage. The integration of MARAD experiments
was achieved by displacing the MARAD frequency 9 MHz above that used by the other
experimenters and reducing the available MARAD satellite downlink power to at least
10 dB below that utilized by the other experimenters to minimize interaction between the
simultaneous transmissions. The L-band communications frequencies used by MARAD
were at 1659 and 1559 MHz for the ship-to-satellite and satellite-to-ship up and down
links respectively. Since MARAD required various levels of carrier-to-noise density
(C/No) at both the ship and Kings Point to evaluate system performance, it was necessary
to vary the transmitted signal power at C-band from Kings Point to change the MARAD
L-band downlink C/No at the ship and varying the ship transmitted power to change the
power and the resulting C/No at the Kings Point earth station (KPES).



Signal control by transmitter power adjustment was more difficult to establish and maintain
than using attenuators or noise injection sources at the receiver ports, but uncertainty
introduced by such devices and the possibility of masking important affects, such as
shipboard interference on modem performance, caused selection of this transmitter power
adjustment and control.

In addition to the C-band links to ATS-6, Kings Point monitored the L-band downlink
from ATS-6 for downlink frequency adjustment to enable the ship terminals to maintain
lock and to provide round trip range through ATS-6 for the ship position computation.

The position determination sequence used the Rosman C-band transmission to the ATS-5
satellite which was initiated by means of a leased data phone line from Kings Point to the
Rosman ground station. A modulator using a PRN sequence for navigation was enabled
and sequenced by means of the data line. The ATS-5 signal was used only for position
determination. The second L-band antenna at Kings Point was used to receive ATS-5 and
a comparison of the resulting range measured enabled determination of the delay between
the Kings Point ATS-5 range signal initiation and the actual Rosman C-band ATS-5
transmission.

Ship Terminal Description.   Ship terminals were installed on the U. S. Lines American
Ace and on the Prudential Lines LASH Atlantico and tested as a part of this experiment.
Each terminal used a four axis stabilized four foot L-band antenna. Figures 2 and 3 show a
typical ship installation on the American Ace. Figure 4 shows in diagram form the ship
satellite terminal. The terminal receives satellite signals at 1559 MHz and downconverts
these with a synthesizer system to a 70 MHz center frequency where the modem interface
is established. Similarly a 70 MHz modem IF transmit signal is upconverted to a 1659
MHz and transmitted to the satellite. The terminals operate with a G/T of -5dB/EK and a
maximum EIRP of 36dBW.

Modem Description.   Three separate modems were evaluated during this experiment.
The AII Systems modem was placed on both ships, the COMSAT modem was located
only on the American Ace, and the Magnavox modem was located on the LASH Atlantico.
All modem equipment interfaced with the ship and ground equipment at 70 MHz.

COMSAT Modem.   The COMSAT modem tested was developed by COMSAT
Laboratories for evaluation of candidate modem techniques for use with the MARISAT
satellite. The COMSAT equipment was tested during a voyage of the American Ace
between August 16 and September 9, 1974 from the USA to France and return. The
COMSAT modem operated with a duplex FM voice using pre-emphasis and companding.
In addition, the modem contained two separate data modulation systems -- frequency shift
keying (FSK) and differentially encoded phase shift keying (DEPSK). The FSK was 



Fig. 2 - Ship Antenna Terminal on the American Ace.

Fig. 3 - Satellite Terminal Equipment on the American Ace,.

implemented for a low speed 50 baud teletype transmission in each direction. The DEPSK
transmissions were tested at 1200 bits per second in the shore-to-ship direction and 4800
bits per second in the ship-to-shore direction. These DEPSK data transmissions were
intended to evaluate the TDM/TDMA access scheme chosen by COMSAT for
implementation in their MARISAT system.

Magnavox Modem.   The MX-330 Magnavox modem tested (Reference 1) used bi-phase
DEPSK for data transmission and pulse duration modulation (PDM) for duplex voice
transmission. This is the only voice modem tested which used digital techniques for
processing the voice signals. This modem was originally developed by Magnavox
Research Laboratories for the U. S. Navy. A block diagram of this modem is shown in
Figure 5. The digital modem is designed to operate at 1200, 2400, 4800, 8000 and 9600 



Fig. 4 - Simplified Diagram of Ship Communications Terminal

bits per second rates. The 3.5 kHz voice analog baseband signal is sampled at a 9.6 kHz
rate. The resulting pulse width of the sampled signals is a linear function of the baseband
signal amplitude. The digitized PDM waveform takes on a zero or a one state which
allows transmission as a digital data stream. The resultant PDM data stream is phase shift
modulated on the 70 MHz carrier to form the bi-phase, phase shift keyed transmitted
signal. The digital portion of the modem uses differential encoding to resolve phase
ambiguity in the synchronous demodulator.

AII Systems Modem.   This modem was an extension of a previous design by AII
Systems of Moorestown, N. J. which was used in a MARAD ranging and data experiment
at C-band. The AII Systems modem is capable of performing NBFM voice transmission
with clipping, DEPSK data transmission at 1099 bits/second in the shore-to-ship direction
and 586 bits/second in ship-to-shore direction. (References 2 and 3) The data is
differentially encoded and modulo two added to a PRN code which contains 4095 chips,
and which is generated at a 100k chip/sec rate. The resultant bit stream is then PSK
modulated on the carrier. The code allows for accurate satellite ranging measurements
which are then used to obtain ship position. A NBFM voice signal is then introduced in the
first null of the PSK signal at 100 kHz from center frequency to minimize interference
between the code and data stream and the voice signal.



Fig. 5 - Simplified Magnavox Modem Block Diagram.

Technical Performance Tests

Stabilized Ship Antenna Performance.   These antenna terminals are four axis stabilized
with a gyro stabilization used for the vertical axis and azimuth pointing derived from the
ship’s gyrocompass. Initial antenna pointing was achieved by a terminal operator using
tables giving satellite azimuth and elevation as a function of ship position. Once the ship
has achieved acquisition of the satellite, fine pointing of the antenna was made by peaking
the received signal level. Typical operation in the North Atlantic showed a period of about
5 hours before a signal degradation of 1 dB due to pointing loss resulting from ship motion
occurred (Reference 4). Figure 6 shows signal degradation as a function of time with
antenna pointing up ate.

The measurement of signal amplitude level was derived from the change in carrier-to-noise
density measured with a spectrum analyzer. This method of antenna pointing and tracking
clearly requires operator update more frequently than every 24 hours to ensure successful
operation. It should be noted however, that the four foot stabilized antenna was able to
maintain track of the satellite signals for the duration of the four to six hour test periods
used. It must be emphasized that the method of tracking used by these antennas is different
from the steptrack system expected for use with commercial MARISAT operation. The
commercial MARISAT ship antennas are designed to maintain satellite track without
needing any operator supplied update once the satellite signal has been acquired.



Fig. 6 - Change in Average Signal Level vs Elapsed Time in Hours
Between Ship Antenna Pointing Updates

When operating correctly, the short term signal fluctuation for the experimental antennas
was as great as 2 dB peak-to-peak on some occasions and was 0.5 dB on other occasions.
These short term fluctuations exhibited a periodicity equal to that of the ship’s pitch and
roll, but the peak-to-peak magnitude of the signal fluctuations did not seem well correlated
with the magnitude of the ship’s pitch and roll, sea state or elevation angle.

Some test periods exhibited very large signal fluctuations ( >10 dB) which were usually
attributed to faulty vertical reference gyro performance. The large signal fluctuations
disappeared when gyro replacement was made. Further analysis of short term signal
fluctuations will be performed during subsequent data reduction.

Position Determination.   The position determination experiment utilized a PRN sequence
of 4095 chips which was transmitted via ATS-6 to the ship. The ship acquired the code
sequence by generating a replica of the code and performing a correlation operation which
consisted of time shifting the locally generated code and noting the amount of shift
necessary to achieve agreement reached between the received code and the locally
generated code. The positioning procedure is shown in Figure 7. Each position
determination cycle consists of making four measurements which are indicated below.
Each cycle takes approximately two minutes. Note that these four measurements provide 



Fig. 7 - Position Determination Block Diagram.

four equations and six unknowns R1 thru R5 and ".

M1 = 2 R1/c M3 = " + (R3 + R5 /c
M2 = 2 (R1 + R2)/c M4 = " + (R4 + R5 - R1 - R2)/c

The first measurement (M1) is the round trip range between Kings Point and ATS-6. Next,
the ship receives, correlates and retransmits its correlated code sequence to Kings Point
allowing ground measurement of 2 R1 + 2 R2.

The third measurement (M3) is performed when Kings Point initiates the ranging modem at
Rosman for transmission through to ATS-5. The delay " in the terrestrial circuits used to
initiate the modem is included in the overall delay measured for the ATS-5 down-link for
Kings Point to Rosman to ATS-5 and back to Rosman.



Upon completion of this measurement, the ship is commanded to move its antenna to a
pre-programmed location for ATS-5. The ship measures the differential path delay
between the received ATS-6 and the ATS-5 signals. This measurement (M4) is relayed
back to Kings Point through a digital link.

The remaining two unknowns, R3 and R5, are ranges from Kings Point to ATS-5 and
Rosman to ATS-5; these are derived from satellite ephemeris data supplied by NASA.

Figure 8 shows a portion of navigation data giving the position of the LASH Atlantico as
determined while the ship was in Charleston Harbor. The overall position error from the
ship’s position estimated by visual sighting to shore, based on objects of known location,
is about 6 n miles in longitude and about 1.5 n miles in latitude. Further work will analyze
the bias errors present in the data. The RMS errors are about 0.25 n miles in longitude and
0.25 n miles in latitude.

Fig. 8 - Dispersion of Measured Position of the Lash Atlantico,
Anchored in Charleston, S. C. on 2/19/75.

Data Tests.   The data tests were principally designed to evaluate bit error rate (BER)
performance; however, several character error rate (CER) tests were also run with the All
Systems modem. The BER tests were performed in forward (KPES-ATS 6-ship) and
return (ship-ATS 6-KPES) directions for all modems, while the CER tests were performed
only in the return direction.



The AII Systems modem was not optimized for bit error rate performance since its
characteristics were modified to provide position location information. The modem BER
performance therefore, was not as sensitive to changes in the link characteristics and is not
treated in this paper.

The Magnavox modem was evaluated at 1200, 2400, 4800, 8000, and 9600 bps. The 9600
bps data rate has been selected for presentation in this paper because of greater number of
data points available.

The shipboard terminal instrumentation block diagram for the data tests is shown in
Figure 9. A similar set-up was configured at the Kings Point earth station, except that the
ATS-6 L-band return link was monitored and recorded. The data transmitter/receiver used
at the ship and at the MCC was the Fredericks Data Transmission Set 600A, supplemented
by the Fredericks 600-A2 printer/clock.

Fig. 9 - LASH Atlantico Shipboard Instrumentation for Data Tests.

For convenience of test coordination between the MCC and the shipboard terminal, most
of the tests were performed in simplex mode: KPES-to-ship or ship-to-KPES. A test run
consisted of continuous transmission of PRN sequence of data bits by the data transmitter
from one end and recording the number of received errors in a given number of bits (from
103 to 107) at the other end. The errors were observed on the data receiver and then printed



on the printer/clock. Prior to the start of the test a CW signal was transmitted, and the
received C/N0 was monitored on spectrum analyzer at the other end of the link. The
transmitted signal was adjusted, by voice instructions from receiving end, for proper C/N0.
During the test, the power spectrum of the received modulated signal was monitored and
recorded. Upon completion of the test, the C/N0 was again checked using the CW signal to
determine the change in signal level. If the level drifted up or down by more than several
tenths of a dB, the test was repeated.

The Magnavox modem was only available on the LASH Atlantico. Unfortunately, this
shipboard terminal experienced severe problems with antenna gyroscope and other
equipment malfunctions which severely limited the quality of the significant digital data
collected while the ship was crossing the Atlantic Ocean.

Most of the data presented in this paper was obtained either when the ship was docked at
U. S. ports or with the terminal located at AII Systems facility in Moorestown, New
Jersey. The tests at AII Systems facility were used for calibrating the modem performance
in the absence of interference by HF radio, degradation due to system phase noise, and
antenna pointing oscillations due to pitch and roll of the ship.

The data collected while the terminal was placed aboard ship and during the calibration
tests at AII Systems is presented in Figures 10 and 11. Figure 10 depicts the results
obtained at the shipboard terminal and Figure 11 shows them for the KPES. In each Figure
four sets of data are presented: (1) closed loop ground tests of the entire terminal,
including the RF equipment; (2) link performance through the ATS-6 between the KPES
and the shipboard terminal at AII Systems; (3) same link performance but with the
shipboard antenna deliberately oscillating about 2 dB in peak-to-peak gain; and (4) link
performance while the modem was aboard ship.

The closed loop tests were run in order to re-check that modem performance has not
degraded from baseline performance (i. e. , obtain calibration data) and to determine that it
is not affected by terminal phase noise or any spurious signals. The tests between the
shipboard terminal at AII Systems and the MCC were done in order to assure that the
satellite phase noise is not degrading the performance of the modem. Testing with
oscillating shipboard antenna was performed in order to simulate the test conditions during
ship’s trans-atlantic crossing when antenna gyroscope was malfunctioning.

It should be noted that the curves depicted in Figures 10 and 11 are not the actual
measured probability of error points but are the result of a least square error logarithmic
parabolic fit to the means of the probability of error obtained, i.e., Pe = exp [a+ b (E/N0) +
c (E/N0)

2].



Fig. 10 - Ship Terminal Performance of Magnavox Modem at 9600 BPS.

Conclusions.   The ship antenna demonstrated successful tracking of the satellites for test
period intervals of 4 to 6 hours without the need for operator adjustment. Reliability
problems with mechanical components, particularly vertical reference gyros, caused large
signal fluctuations during a portion of the testing. Relatively stable signal levels were
achieved with the terminal on the American Ace, but highly variable signal levels were
noted within the terminal on the LASH Atlantico. These variable signal levels degraded
digital data performance of the Magnavox data modem at sea. Position determination
results are still being analyzed. Preliminary results show good measurement repeatability,
however, significant bias errors are present which may be a result of satellite ephemeris.



Fig. 11 - Maritime Coordination Center (MCC) Performance of
Magnavox Modem at 9600 BPS.

For the limited data analyzed here, data performance was adequate to demonstrate the
ability to achieve a probability of bit error of better than 10-5 in both the forward and return
directions through the satellite for the LASH terminal at Moores town, N. J. and for the
LASH at anchor in the return direction.

There is a perceptible tendency for the measured probability of error in the forward
direction to deviate by an increasing amount from the theoretical performance curves at the
higher E/N0 levels.



The noticeable deviation of the measured data from the theoretical curves in the forward
direction are presently ascribed to a variety of hypothetical causes. Among these are
possible spurious signals generated in the ship terminal downconverter stages, phase noise
in the terminal, RFI from the HF and radar equipment on the ship, and signal fluctuation
from improper ship antenna stabilization. Another possible source of degradation is signal
fluctuation from ATS-6, due to power sharing in the satellite. The possibility of data
degradation due to multipath is considered highly unlikely because the data presented was
obtained for elevation angles above 30 degrees with a ship antenna having a beamwidth of
11 degrees.

The result of signal fluctuation obtained by dithering the ship antenna (oscillating antenna
tests) shows significant deviation from theoretical performance particularly with higher
signal levels.

The measured data analyzed and taken with the ship at dock, shows a probability of bit
error in the forward direction slightly better than 10-3.

The measured data in the forward and return direction with the ship terminal at
Moorestown, N. J. , has shown that modem performance within 1 dB of theoretical is
achievable.
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FOR SPACELAB*
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Summary.   The joint NASA-ESA Spacelab project offers the space engineer the
opportunity to develop and test advanced communications technology in a new
environment. The large volume and weight carrying capability of the Spacelab, plus the
presence of an astronaut-engineer, means that large-diameter deployable antennas can be
developed; multiple antennas operating at differing frequencies can be employed for
propagation experiments and the detection of radio frequency noise sources on earth; and
comparative, side-by-side telemetry experiments can be performed employing differing
modulation techniques. The zero-gravity, high altitude and frequent flights into space make
Spacelab a new tool for the communication engineer to employ for telemetry/
communications research.

Introduction.   A new era in space communications technology research, development and
testing will be available to engineers and scientists in the early 1980’s when the NASA
European Space Agency (ESA) developed Spacelab will become a reality. This
experiment-carrier resides within the Space Shuttle orbiter payload bay. It consists of a
pressurized, shirt-sleeve environment laboratory where astronauts may move around and
conduct experiments, eat, sleep and observe. It is from this laboratory that extra-vehicular
activities (EVA) will originate, where analysis of records and/or instruments will take
place and where human and animal biological and physiological experiments will be
performed. Spacelab also consists of an unpressurized element called “the pallet.” The
pallet is where instruments requiring exposure to space will reside. Thus, communications
antennas, laser telescopes, optical telescopes, etc. will be carried on the pallet.

A Spacelab mission may consist entirely of a pressurized laboratory or entirely of a pallet,
or as is expected to be the majority of missions, a combination of the two. Pallet elements
are planned to be made up of 3 meter long units, and upwards of 5 units may be joined
together for an all pallet mission. Pressurized laboratories of 9-10 meter lengths are
possible.



Spacelab will fit within the Space Shuttle’s bay envelope which is 18 meters long and
4-1/2 meters in diameter. With the payload bay doors and radiators open, there is an
unobstructed 180 deg lateral field of view, except for local interference, for any point
within the bay 0.7 meters above the center line. The bay is vented during launch and entry
phases and operates unpressurized during the operational phase of the mission.
Contamination may arise from particulates emanating from the Orbiter. The overall sound
level will not exceed 155 dB and the random vibration levels for the mid-fuselage section
of the Orbiter will be 12-28 g, RMS, from 20 to 2000 Hz.

Spacelab will carry from 4,000 to 11,000 kilograms of experiment hardware and
experiment peculiar integration equipment into approximately 200-400 kilometer orbits for
upwards of seven days during its early missions. It will also be able to return with its
complete instrument cargo. Thus experimenters desiring data on the space effects on
instrument performance will be able to get their wish. Laser telescopes will have their
optics checked, communication tubes opened to the low vacuum of space can have their
cathodes examined in a ground based laboratory, and the distortion (if any) of antenna
structures can be evaluated.

The initial Spacelab missions will be from the Eastern Test Range, starting in 1980, with
inclinations of 28.5 to 57 deg. In 1983 the Western Test Range may be available for
Shuttle launches, with inclination limits of 56 to 104 deg. The orbital altitude to which the
Shuttle can deliver a payload depends upon the size of the payload and the inclination.
Without a payload the Shuttle can reach a circular altitude of 1250 Km and with a payload
of 30,000 kg, it can reach a circular altitude of 400 Km (assuming an ETR launch).

It is obvious that essentially all communications instruments require an earth-pointing
orientation of the Shuttle as much of the time as possible. At least the worst-case earth
pointing for two-thirds of the time specified for Shuttle Sortie flights would generally be
needed. This means that some primary payloads would not be compatible with the addition
of an experimental earth sensor. Most obvious of these are laser payloads, which would
probably demand inertial pointing.

The electrical power is obtained from a Shuttle fuel cell giving 7 Kw average and 12 Kw
peak power, at 28 + 7 VDC. Alternating current will probably also be available at 400 Hz,
115/200 V.

The number of Shuttle/Spacelab missions planned per year varies from three to eight
during the early years of Shuttle operation. Of these, the astronomy and physics missions
are probably incompatible with earth looking communications experiment development
because of fundamentally different pointing requirements. However, during the first five
years of operation (1980 - 1984) there may be four presumably suitable Spacelab missions



each year. Two turn-around cycles (time between landing and takeoff) have been
suggested - a standard turn-around of 34 days and a short turn-around of 14 days.

Experimental Payloads

The Spacelab design and mission capability appear to provide a practical vehicle for
meeting communication experiment needs and for conducting experiments that: will benefit
from the presence of an experimenter in space; require close observation of structural
deployments; or require major radio frequency antenna changes. The Sortie mode of
operation will also reduce the time, risk and cost for conducting certain short term
experiments and for developing the space technology which may lead to eventual
automated system application. The heavy payload capability feature of Spacelab facilitates
comparative test evaluation between alternative subsystems, components and techniques.
Finally, the Shuttle-Spacelab payload return capability not only enables the experimenter
to perform an evaluation of the effects of the space environment on his experiments, but
perform it in the comfort of his ground-based laboratory.

NASA, in its role as the developer of advanced space communications technology for the
civilian community, has tried to obtain the best advise and suggestions from the technical
community-within its own organization and outside, as to the communications technology
that Spacelab should develop. Examples of this advise range from the NASA-Industry-
University team that provided one of the early documents on the use of a space laboratory
for communications and navigation in May 1973(1); to the National Academy of
Engineering 1974 Summer Study on Space Application(2); to a 60 member Government,
Industry, University workshop on Shuttle Communications Experiments that met in June
1974(3). The results of these meetings and the results of numerous contractual activities
during the last few years(4), have shown conclusively the potential useful role that a
manned laboratory in space will afford to the communications community.

Some examples of the experiments that today appear to be strong candidates for early
flights on the Spacelab missions of the 80’s follow:

A. Radio Frequency Interference (RFI)

During recent years, increased radio frequency (RF) usage has created spectrum-
resource problems for the various regulatory agencies. Since spectrum occupancy is
expected to experience an ever increasing growth in the future, a capability for
providing continuous global spectrum monitoring and electromagnetic environment
mapping is essential in order to avoid overcrowding and interference in particular
bands. With the advent of the Spacelab program the opportunity for developing the
space technology and to perform space-monitoring RF environment surveys can be
accomplished. Figure 1 depicts conceptually this experiment on Spacelab.



The RF survey program will establish both a system and a data base for determining
limits on interference in crowded spectral bands and updated listings of those bands
void of interference. This type of information will then become available to both
NASA and the various regulatory US and foreign agencies. Based on this resultant
survey data, more efficient spectrum usage should accrue in the future. The space-
borne survey system may also provide mapping of certain geographical areas that
would have been impractical to achieve via terrestrial methods and levels or limits
of earth-to-space RF emissions on a global basis. Finally, this type of data will place
the U.S. in a more informed position regarding negotiations for international
frequency allocations at future meetings.

The heart of the experiment will be the RFI receiver. It will be a frequency scanning
device, digitally stepping through its total frequency coverage. The frequency
measurement error will be equal to or less than the local oscillator error pulse one-
half the sample increment plus broadening due to the pass-band filter skirts. For full
coverage of the spatial swath, the entire designed frequency range must be covered
at all antenna footprints across the swath. With an electronically scanned phased
array, about 36 milliseconds per step is available, assuming instantaneous stepping.
With a DF system looking at the entire 2.4E x 100E swath segment at once, 1.5
seconds are available to cover the required frequency band.

Due to RF bandwidth limitations of antennas and other RF components, only a few
desired frequency bands can be covered at a time with the same hardware; thus the
facility would have to be missionized. The obvious trade-off for receiver design is
frequency bandwidth versus sample bandwidth. Particularly in the crowded bands
below 10 GHz, a very narrow sample is almost a prerequisite. A narrow sample
bandwidth will also increase the receiver sensitivity for a given signal to noise ratio.
Halving the IF passband gives an extra 3 dB in power sensitivity, but narrower
passbands imply more samples and a longer time to cover the band.

Some obviously important signal parameters of interest to obtain are:
• Location of emitters on the earth’s surface
• Frequency and polarization of emitters
• Signal strength of emitters
• Time at which emission was detected

Location data is determined either from antenna beam position for a narrow-beam
antenna system or as an output from the DF receiver system. This raw data, angle-
of-arrival information, is combined with data on atmospheric signal refraction,
spacecraft attitude data, and location data to compute the location of the emitter on
the earth’s surface.



Signal strength is the basic parameter measured by the receiver. This raw data, a
video amplitude, will be converted to a receiver input signal strength based on the
calibration of the receiver. This input signals strength will be corrected to represent
transmitted EIRP by subtracting the receiver antenna gain and adding the path loss
and any other known atmospheric losses. The received signal strength data can also
be used to evaluate atmospheric propagation effects on signal strength such as
rainfall attenuation. This would be accomplished by using a calibrated emitter
whose EIRP is known.

The various data corrections discussed in the above paragraphs could be performed
either in the spacecraft or in the ground station. The trade-off would involve the
accessability of the needed spacecraft data to the ground station, availability of
processing power on-board, data rates, etc.

B. Laser Experimentation

Spacelab affords an excellent test bed to develop the technology for space-to-
ground, high capacity (greater than 300 MBPS) laser communications; and, if the
opportunity is available, for space-to-space laser communications. Definition
activities have been started by the NASA-GSFC for a 10.6 micron, CO2 laser
transceiver having a capability to transmit greater than 300 MBPS from a low
altitude spacecraft (Spacelab) to a ground station or to another satellite.

The need for high capacity data relay links in the near future is evident when one
examines the data output of some of the planned instruments being considered for
the Earth Observatory Satellites.

A synthetic aperature radar produces 200 MBPS, a high resolution pointable imager
produced 120 MBPS, the thematic mapper puts out 100 MBPS. Spacelab alone,
with its potential experiment weight capability of 4-11,000 kilograms may well
produce 500-1,000 MBPS, depending upon the particular complement of
instruments on a flight. Laser communications are one technology, millimeter waves
are another, to provide the flow of these data to ground stations or to future relay
satellites.

The Spacelab laser transceiver, shown in Figure 2, has a transmitter output power of
700 milliwatts and weighs about 55 kg. It will permit two way, simultaneous data
relay from space-to-ground and ground-to-space. The experiments to be performed
include: laser acquisition on the ground and in the Spacelab, technical aspects of
equipment performance and reliability, atmospheric propagation experiments and
finally communications demonstration tests.



** The term “compression ratio” is not used here in the usual sense as applied to digital data
streams. Redundancy is not removed from the data. Rather, blocks of unprocessed data bits
modulate the carrier amplitude and phase to permit transmission at a reduced signaling rate.

In the same time period as Spacelab, NASA and the Air Force (AF) are planning the
flight of an automated spacecraft containing a CO2 laser transceiver (provided by
NASA) and a Nd: YAG laser transmitter (provided by the AF). The spacecraft is
planned to be placed into a 12-hour elliptical orbit with an apogee of 39,000 Km
and a perigee of 1670 Km. The laser equipment planned for Spacelab-to-earth tests
is capable of acquiring and transmitting data to this 12-hour orbit spacecraft. What
will be required is that Spacelab perform a 180E roll such that the laser telescope is
pointing skyward.

C. Bandwidth Compressive Modulation

The Jet Propulsion Laboratory is examining a Bandwidth Compressive Modulation
Shuttle Experiment (BCMSE) to demonstrate technology for a very high rate digital
space communication link. This experiment will evaluate bandwidth compression
ratios of up to 6:1 by use of multiple phase-and-amplitude modulation techniques.**

This experiment is motivated by spectral congestion, primarily in frequences below
6 GHz. It has three major objectives. First is the collection of operational
communication link performance information about the acquisition and tracking
ability and link error rates of the bandwidth compressive modulation (BCM) system.
The second is collection of statistical data on propagation phenomena degradation
of this form of modulation at various frequencies in the 0.4 to 30 GHz range. The
third is an operational demonstration with user experiments utilizing the unique
capabilities of the BCM system.

BCM is an attempt to alleviate congestion of digital links not by new frequency
allocations or by frequency re-use but by using the allocated spectrum in a more
efficient manner. This form of modulation packs multiple numbers of bits of
information into each transmitted signal by forcing the transmitter carrier phase and
amplitude to take on one of a number of possible values during each signaling
interval. For example, if sixty-four possible phase-amplitude combinations are
permitted in each interval, then six bits (log2 64 = 6) of information can be
transmitted in each signal.

The primary penalties paid by BCM are increased transmitter power requirements,
increased implementation costs (due to more sophisticated transmitters and
receivers), and increased sensitivity to media and noise. Although it might seem
incongruous to consider using power to save bandwidth on space communication



systems, it is in fact plausible today. In deep space applications, bandwidth is still
usually expanded in order to reduce power requirements. This is because of low
data rate requirements, a generous frequency allocation, and severe weight and
power constraints. Near-Earth communications on the other hand, face a relaxed
power constraint and an increasing spectral squeeze. This easing of the power bind
is due to advances in launch vehicle technology and space hardware, which permit
larger space packages with higher gain-power products. Thus, this increased power
capability in near-space permits utilization of the BCM to reduce spectral
congestion. BCM involves simultaneous modulation of a microwave carrier with
multiple phases and amplitudes at high data rates. The transmitter must preserve
these phase-amplitude pairs during final amplication. The receiver must be capable
of handling these broad power variations at high data rate (the power in adjacent
symbols may differ by as much as 17 dB at a 6:1 compression ratio), while
distinguishing simultaneously which of the multiplicity of possible phases and
amplitudes was received. Additionally, the receiver must be synchronized and
tracked in time, frequency, phase, and amplitude, and the bit stream must be
processed prior to signal generation in the transmitter and after signal detection in
the receiver.

BCM can be analyzed in the laboratory, but final assessment of the technology and
its performance for space communication requires space flights to determine
performance under actual operating conditions. The Shuttle Spacelab provides a
flexible means for conducting the assessment. The sensitivity of this form of
communication to propagation phenomena and noise makes this space flight test
essential, since the analyses, simulations, and other tests may not adequately reflect
the sensitivity to time-varying operating conditions.

This experiment will establish a direct communication link between selected ground
stations and the Shuttle, using a separate pallet-mounted antenna and special equipment
within the Spacelab. The Shuttle communication system will not be required for the
experiment. The experiment will be conducted over a succession of several missions. It
will require establishing one-way links from the Shuttle to ground stations on early flights
(and two-way links between ground stations via a transponder in the Spacelab on later
flights).

Specific types of test data will be transmitted for the purpose of evaluating operational
performance, measuring error characteristics, and assessing effects of propagation.
Selected microwave frequencies will be examined. Use of multiple flights will permit
repeated transmission under a diversity of weather patterns, restrict the equipment
frequency range required in any one flight, and allow evolution of the experiment from
one-way links to two-way links.



The links will use various modulation forms including continuous CW, binary phase shift
keying, multiple phase shift keying, and multiple amplitude-and-phase shift keying for
calibration and evaluation. The flight equipment will be laboratory type equipment that can
be readily configured and adjusted by an astronaut for each modulation/demodulation
technique. This equipment will include modulators, transmitters, and control, support, and
instrumentation equipment, all housed within the laboratory, and an antenna mounted on
the pallet. Hardware at the ground stations will be required to acquire and track the signal
parameters (timing, phase, and amplitude), the received signals, and reduce and interpret
the data recovered.

Large Deployable Communications Antenna

There are numerous space applications disciplines that would benefit from large aperature
spaceborne antennas, (one is shown in Figure 3). These include: radio frequency
interference measurements and detection; radiometers, for determining terrestrial and
ocean surface temperature measurements; planetary bound spacecraft or landers could
transmit greater amounts of data to ground; broadcasting to small, remote, fixed or mobile
terminals; and use by future generation tracking and data relay satellites.

Common to all of these applications is the need to deploy the antenna from the automated
spacecraft, since the required antenna diameter is significantly larger than current and
projected launch vehicles, including the Space Shuttle. The ATS-6 demonstrated the
deployment of a 9.15 meter diameter parabolic dish. Future space applications needs may
require antenna diameters as great as 100 meters.

The Shuttle’s Spacelab affords the spacecraft manager or R & D engineer the opportunity
to develop and demonstrate improved antennas and new deployment concepts. Ground
tests of deployable antennas are not completely valid since the zero gravity effects cannot
be taken into account. Additionally, many environmental and performance tests cannot be
performed unless prohibitively expensive, new, large size facilities are constructed.
Spacelab tests provide data in as close to the actual o eratin environment as possible.

Mechanical tests of the antenna would include the stresses in the antenna ribs during and
after deployment, the degree of hysteresis, the surface accuracies as a function of time in
orbit, and the general affects of the space environment on the structure.

An additional mechanical feature that would be incorporated for Spacelab experimentation,
is an antenna redeployment feature. This would be mechanically actuated, with the
astronaut assisting via an EVA mission if required. This feature will require detailed design
study. The antenna return to earth will permit laboratory examination of its days in space,
and permit its reuse on future Spacelab missions for other discipline applications. The



presence of astronauts provides special capabilities not available with automated
spacecraft. Their direct visual observation can provide qualitative and quantitative data
regarding antenna deployment not available through practical automatic telemetry. For
large multielement arrays, astronauts could be used for the assemble process. In addition,
astronauts could manually change the antenna feeds on some antennas providing more
experiment data. This would allow the antenna to be operated over a wide-frequency range
without the necessity of a single multi-purpose feed, a costly and performance
compromising approach.

Finally, the reuse shuttle capability would allow repeats of demonstration experiments for
a variety of applications. By such experiments the benefits of large apertures to each
application could be demonstrated before a commitment to a costly design decision would
have to be made.

Conclusions.   Based upon the results of numerous studies and meetings of
communications experts in the US and Europe the following may be said about the
usefulness of Spacelab:

I. It can be expected that Spacelab will reduce the time, risk and cost for conducting
some communications experiments and developing the related space technology.

II. A useful application of Spacelab to communication will be when performing
experiments/technology developments that involve humans in a necessary and
relevant manner to increase the useful data output and decrease the instrument
complexity and cost.

III. Early implementation of longer than 7 days (30 days or greater) Spacelab missions are
desired. This added time is desired to obtain more statistical day for propagation
studies and performance/operations data.

IV. US industry dealing in space communications R&D and operational spacecraft should
examine the advantages Spacelab testing can provide for future technology
developments.
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Summary.   Terrestrial TT&C data processing for the COMSTAR and MARISAT
commercial communications satellites is provided by two earth stations operating in
conjunction with a system control center (SCC). The system is configured to operate in a
highly centralized manner, with the SCC monitoring and exercising direct control over the
synchronous operational satellites.

The design approach has consisted of developing a reliable, efficient, and cost-effective
system with minimum operational manpower requirements. The system has been designed
to be capable of continuous collection and monitoring of data from several satellites,
collection and processing of range/track data for orbital determination, and exercising
remote control over the earth station configuration from the SCC. Each earth station is
linked to the SCC by a single dedicated telephone channel for full simultaneous duplex
voice, TTY, and PCM data traffic.

System Description.   The TT&C data processing network (Figure 1) consists of two
earth stations, one located at Southbury, Connecticut, and one located at Santa Paula,
California, operating with a system control center (SCC) located in Washington, D.C. The
system is configured for centralized operation, with the SCC monitoring and exercising
direct control over the satellite network. The two earth stations are connected to the SCC
via C4 conditioned telephone data lines. Each earth station is capable of full autonomous
operation as a system fallback mode.

The TT&C network provides the following basic functions:

a. continuous collection and monitoring of all satellite telemetry data,

b. collection and processing of ranging and tracking data to determine satellite orbits,



c. transmission of commands to the satellites,

d. remote control over the earth station configuration from the SCC,

e. minimum operational manpower requirements consistent with reliable operation, and

f. system reliability via backup operational modes and equipment.

The earth station configuration will be described first, followed by description of the SCC.

Earth Station Description.   The TT&C earth station (Figure 2) operates as a terrestrial
relay terminal between the satellite network and the SCC. In normal operation the earth
station is slaved to the SCC and acts as a simple 2-way data relay. Command messages
generated by the SCC are encoded at the earth station and forwarded to the satellite
network. Similarly, telemetry and tracking data from the satellites are processed and
forwarded to the SCC. In the backup autonomous mode, the earth station can process
telemetry data and independently generate commands.

In the system described herein, the earth station performs the following general functions:

a. reception and demodulation of telemetry signals;

b. measurement of the slant range to the satellite via tone phase comparison and angle
tracking of the satellite beacon to determine the satellite orbit;

c. processing of telemetry, range, and angle tracking data for transmission to the SCC;

d. generation of the command baseband and a modulated IF signal; and

e. provision of programed antenna pointing data to the two tracking antennas.

The TT&C earth station is a highly integrated data processing system incorporating a mini-
computer. The basic system is designed to handle the initial COMSTAR and MARISAT
networks with built-in growth potential for system expansion.

Telemetry processing equipment.   Telemetry data are transmitted from the satellite on a
carrier in the 4-GHz frequency band. This signal is received at the earth station and
converted to a 70-MHz intermediate frequency carrier which is switched to the telemetry
receivers. The receiver video output consists of a 14.5-kHz FM subcarrier, a 32-kHz
PCM/PSK subcarrier, or a 93-kHz FM subcarrier.



The 14.5-kHz subcarrier may be modulated either by mutation accelerometer data or by
real-time attitude determination signals. If the signal consists of nutation data, it is
connected to the IRIG channel 13 discriminator and then to either the analog tape recorder
or the 602 analog modem for transmission over dial lines to the SCC. For attitude signals,
the receiver video is connected to the real-time tone detector, and the tone detector output
is then patched to the synchronous controller or the realtime digitizer. The synchronous
controller uses this information to enable execution of commands in synchronism with the
satellite spin period. The real-time digitizer converts the analog real-time pulse information
into digital form for computer entry.

The 93-kHz subcarrier provides an FM signal derived from the spacecraft bearing
accelerometer. This signal is connected to the IRIG channel F discriminator and is then
available to be analyzed at the earth station and patched to the tape recorder or the 602
analog modem.

The 32-kHz subcarriers containing 1-kilobit PCM telemetry data are patched to the four
bandpass filtered PSK demodulators. The resultant 1-kilobit NRZ-M signals are input to
the multichannel synchronizer/buffer, which is a completely modularized unit that contains
eight channels of bit synchronizer, frame synchronizer, and data buffer. The unit accepts
serial 1-kbps PCM data streams from the PSK demodulators, modems, or any other source
with EIA or TTL voltage levels. Each stream goes first into a bit synchronizer, which
generates a synchronous clock along with the data and verifies the proper bit rate. The
clock and data then go into a frame synchronizer, where the sync word is detected, a word
number and word flag are formed, and the data are converted from a serial stream to a bit-
parallel, word-serial format. Finally each data channel is double buffered in a first-in, first-
out (FIFO) memory so that the communications processor may simultaneously take in
eight complete frames of data (64 words/frame) from the eight channels.

The front panel controls and displays of the multichannel synchronizer/ buffer allow
operator display of any eight selected words from the input data streams. Status indicators
are provided to independently indicate bit synchronizer and frame synchronizer lock status
of each of the channels. The unit is also capable of outputing preselected input channels to
two command generators and synchronous controllers. A multichannel digital-to-analog
converter and calibration unit contains eight completely independent and modular channels
of digital-to-analog conversion, as well as calibration/memory logic to facilitate its use in
driving a stripchart recorder.

Telemetry display and recording.   The earth station is equipped with a rudimentary
telemetry display and recording capability sufficient to support backup autonomous
operation. The computer is interfaced with a CRT display and keyboard terminal for
display and monitoring of satellite performance. These functions are controlled by operator



information requests via the keyboard. Long-term records are provided by the multichannel
digital-to-analog converter, stripchart recorder, and an intermediate band analog magnetic
tape unit. The recording equipment may also be used to augment the SCC recording
capability and to allow concentrated attention on selected data.

Time code generation and display.   Each earth station is provided with a full
complement of time code equipment whose purpose is to display real time to the earth
station operators; annotate analog tape recordings, raw PCM data, or stripchart recordings
of decommutated telemetry data; and provide a real-time clock to the data communications
processor. The time code generator provides a display of the time of day and day of year, a
serial IRIG B code to the analog tape recorder, a slow code to the stripchart recorder, and
a parallel BCD code to the computer via the clock interface unit. It interfaces with a WWV
receiver for synchronization.

The time code reader is a combination generator/reader/tape search and control unit. Its
generator function is a backup to the main clock generator described above, while its
primary function is to interface with the analog tape recorder. In playback it is used to
display the time code which is recorded on the tape and it may be used to automatically
search a tape for a preset time code, to start the tape playing back at that point, and to stop
the tape at another preset time.

Command.   In the normal operating mode, command messages are originated at the SCC
and transmitted via the 1-kilobit link to the earth station computer. Error correcting/
detecting block coding is used to virtually eliminate data transmission errors. The
command messages are logged in the computer and forwarded to the command generator.
The command generator in turn encodes each message into a series of audio frequency
tone bursts which is switched to one of the frequency modulators. The output of the
modulator is a 70-MHz signal frequency modulated by the command tones. This signal is
switched to one of the up-converters, where it is converted to a 6-GHz signal for
transmission to the satellite.

Synchronous commands require the use of the earth station synchronous controller. The
synchronous controller derives spacecraft spin and attitude information from the
telemetered real-time tone signal provided by the tone detector and provides
synchronization information to the command generator. The tone detector output is also
supplied to the real-time FM digitizer which digitizes the information for entry into the
computer.

Ranging.   The ranging baseband processor generates a group of four tones which is
switched to the frequency modulator and then to the earth station up-converter for
transmission to the satellite. When the satellite is in the range mode, the signal is looped



back via the satellite telemetry data link to the earth station. The received signal is routed
to the telemetry receiver and then to the ranging system. The phase of the received signal
is compared with that of the transmitted signal by a phase meter to compute the distance to
the satellite using the lowest frequency to derive an unambiguous range estimate and the
higher frequency tones to more precisely determine the range. A range calibrator, which
loops back the ranging signals within the earth station, is used to calculate the portion of
the phase difference contributed by the earth station equipment.

Configuration control/monitor.   The earth station configuration control/ monitor
provides operating flexibility by making it possible to reconfigure the earth station
equipment on the basis of system requirements. The IF and video signal patching is
accomplished via computer (or manually) controlled matrix switches, while baseband
signal patching is manual.

The configuration control/monitor subsystem consists of four matrix switching modules, a
manual patch panel, and control matrix switching modules for both IF and video signals.
Baseband signals are routed through a manual patch panel. All signals are available for
monitor or display via patch test points. Each matrix switching unit consists of an array of
dry reed relays which comprise the switching element. The baseband patch unit consists of
several standard patch panels to interconnect the analog tape recorder, demodulators,
telemetry signal processing equipment, modems, etc.

Data communications processor.   The data communications processor employed at the
earth station is a memory-expanded Hewlett-Packard 9600A Basic Control System (BCS).
It consists of an HP2100S microprogramable system computer equipped with 32,000
words of 16-bit core memory, two direct memory access (DMA) channels, a teleprinter
communications channel, floating point hardware, a time base generator, and selected
peripherals (highspeed paper tape reader, teleprinter, paper tape punch, and miscellaneous
I/O cards). The computer operates in an interrupt-driven mode with respect to all external
devices so that priorities are assigned to these devices.

Antenna control and monitor.   The interface between the computer and the earth station
antenna control unit (ACU) is divided into two parts: data transfer for antenna
pointing/monitoring, and configuration control.

The processor provides the ACU with elevation and azimuth data to be used as the desired
pointing angles in the programed pointing mode. The ACU provides the processor with the
actual elevation and azimuth data as well as antenna servo status information. The
processor also provides signals which remotely configure the ACU servo mode between
prog:ram control, autotrack enable, and standby.



Antenna status data from the earth station up-link and down-link annunciator panels are
transferred to the computer via optical couplers to avoid ground loops. The output of the
optical couplers are multiplexed for transfer to the computer. These signals indicate the
status of switched RF receive and transmit equipment.

Earth station-SCC data link.   The data link between the earth station and the SCC is
established through a primary dedicated modem backed up by a group of dial modems
with reduced capability. The primary modem supports a full-duplex link providing
simultaneous 1-kbps data, voice, and a 110-baud TTY channel. The frequency allocation
of the link is shown in Figure 3.

A teletype is provided for dedicated hard-copy TTY communications between the earth
stations and the SCC. Normally the TTY link is provided via the primary data link with a
dial 103 modem for backup. Two leased 202C dial modems are provided at each earth
station for PCM data link backup, and a type 602 analog modem is provided in each earth
station for transmitting analog signals to the SCC.

Earth station software.   The earth station software provides the control and processing
which allows the equipment described in the preceding subsections to operate as an
integrated system. The software provides the station personnel with processed and
formatted data which are more easily interpreted and detects abnormal conditions. The
functions of the software are the following:

a. Telemetry processing.   The telemetry data are received from the decommutator,
time annotated, and displayed on the station CRT. Each TM channel is compared to
previously established limits and an alarm is set when a TM parameter is out of limits.
The telemetry data are reformatted for transmission to the SCC and IBM 360/65 so
that data from three spacecraft are interleaved onto one 1-kbps PCM data stream.

b. Tracking and ranging processing.   Azimuth, elevation, and slant range
measurements are time annotated and stored for transmission to an IBM 360/65.
These data are transmitted in a PCM-compatible format.

c. Antenna pointing control processing.   Pointing data are received from the IBM
360/65 and stored on digital magnetic tape for later recall. In the event that an antenna
is switched to program control, the software retrieves the pointing data and provides
the data to the antenna control console.

d. FM attitude data processing.   The FM attitude data are received from the FM
digitizer and transmitted in real time to an IBM 360/65 for further processing.



e. Station configuration monitoring and control processing.   Baseband, video, and
RF switch settings are monitored and the status is formatted for transmission to the
SCC. These switches may be controlled from the local CRT keyboard or TTY and
from the SCC via the earth station/SCC data link. Alarms are generated upon
detection of earth station anomalies.

f. Remote command and ranging processing.   The command generator and ranging
subsystem can be controlled from the SCC via the SCC/earth station data link. Local
control may be achieved via the CRT keyboard or TTY.

The software is divided into modules which perform these particular functions. The
relationship of these modules to each other and the hardware is shown in Figure 4. The
PCM TM processing and executive modules are executed continuously, while the other
modules are executed as specified by station personnel.

Operational control is provided by commands which are entered via either the teletype or
CRT keyboards. The operator can start and stop processes, change the source and format
of data being displayed, modify the sampling rates, and control the hardware configuration.
These commands can be exercised by SCC personnel via the data link.

System Control Center Description.   The SCC (see Figure 5) is used to control the
COMSTAR and MARISAT satellite networks from a central location. It originates
spacecraft commands and monitors the telemetry data for the orbiting satellite network.
Communications between the SCC and the earth stations are handled via the data link over
telephone lines. Telemetry data received from the East and West Coast TT&C earth
stations enter the SCC processor via a multichannel bit and frame synchronizer. The
processor assimilates the data and produces a real-time status display of the network.
Coupled with the display is a CRT with data keyboard which allows the operator to query
the processor for detailed system information. The main CRT display is located in the
director’s console, which is the central monitoring and control point of the network. This
console also contains the equipment required to originate commands for transmission to
the satellites via the earth stations and their voice links with the two earth stations.

In the system described herein, the SCC performs with the following general functions:

a. real-time display and limit checking of all significant satellite telemetry data and
generation of alarms for out-of-limit parameters;

b. storage and analysis of satellite telemetry data and earth station status;



c. initiation and control of earth station configuration and command operations to the
satellite; and

d. interface to the IBM 360/65 for satellite attitude ranging, angle tracking, and
historical telemetry.

Historical data are recorded at the SCC by an intermediate band analog magnetic tape
recorder before processing. The recorded signal is the modulated PCM data stream which
is taken from the input telephone line after being conditioned by the modem interface.

Telemetry signal processing.   All data to and from the SCC are routed through a manual
patch panel. Eight positions are available on the patch panel to route PCM data to the
multichannel synchronizer buffer. This sync buffer, which is identical to that previously
described in the earth station section, provides data to the computer through a DMA
channel and to the digital-to-analog converter.

Data processor.   The processor employed in the SCC is a memory-expanded Hewlett
Packard 9600E Real-Time Executive (RTE) system. This processor is quite similar to the
previously described earth station units with the addition of disk memory, line printer, and
dual graphics plotters.

Recording and display.   All telemetry data coming into the SCC are recorded by an
intermediate band analog magnetic tape recorder to provide a temporary history in the case
that the SCC processor is not on line. Associated with the tape recorder is a tape search
unit which allows data to be located within a selected time period. Time is placed on the
tape by the SCC time code generator, which also provides parallel time data to the CPU
and IRIG B slow code to the stripchart recorder.

Similar to data recording, data displays are produced primarily by the processor, with
limited manual backup. A multichannel digital-to-analog converter produces continuous
voltages based on selected telemetry channels to drive an 8-channel stripchart recorder.
Two X-Y plotters driven directly by the processor are also included. As a backup, the
multichannel digital-to-analog converter and stripchart may be directly coupled to the bit
and frame synchronizer for direct recording of telemetry data.

Director’s console.   The director’s console is the center for network monitoring and
control. Changes and control of each earth station or satellite configuration may be
initiated from the console by computer, voice, or teletype command. The console consists
of the following major subsystems: status display, video display, time display, and
communications. Each major subsystem performs a unique task in the overall function of
network monitoring and control.



Two complete status control panel assemblies, located on either end of the console,
comprise the status display subsystem. The status control panel assembly consists of four
status displays and a status control panel. Each of the displays consists of a back-lighted
legend screen mounted over a light assembly. The legend screen displays MARISAT,
COMSTAR, earth station, and antenna status. Each legend screen is a diagrammatical
representation of the unit whose status is being displayed. The status control panel is
driven by a logic unit which translates computer-generated data into individually driven
lines on the displays. Each of the two status control panels drives an audible alarm for out-
of-limit conditions.

The central unit of the director’s console contains the video subsystem. This subsystem
consists of two split-screen monitors, video switches, one CRT, one printer, three
keyboards, three character generators, and distribution amplifier modules mounted in a
single amplifier housing. The inputs to the distribution amplifiers for display are the three
computer-driven character generator video outputs plus a video output from a closed-
circuit TV camera. The character generator and keyboard located directly below the CRT
is connected to the CRT as well as to the distribution amplifiers. The printer is also
connected to the digital output of this character generator. This CRT/keyboard
combination provides a direct link to the IBM 360/65.

Time display is provided by two dual function clocks in the console. The clocks may be
set to display either GMT time or a countdown sequence.

A communications station is provided in each of the two side units and in the central unit.
Each of the three communications stations is a remounted telephone with provisions for a
remotely located headset or handset. As a supplement to the communications stations,
speakers, connected to a voice channel output from each of the multipurpose modems
mounted in the equipment decks, are mounted in the console.

System control center software.   The SCC software provides for the control of some of
the equipment described previously, processes telemetry data, and presents the data to the
spacecraft controller in a usable format for operation and analysis. The functions of the
software are summarized as follows:

a. Telemetry processing.   The telemetry data are received from the decommutator,
time annotated, and displayed on a CRT. The data are sorted by spacecraft and stored
on disk at selected time intervals. Each TM channel received is compared to
previously established limits, and if it is out of limits, an alarm is set and the condition
logged on disk and printer.



b. Command display processing.   All spacecraft commands are displayed via CRT
and logged on the printer as the command sequence is implemented. Command
registers, with identification and contents, time of execution, and number of
executions, are included. Command sequences are also stored on disk.

c. Plotting.   Selected telemetry channels can be plotted on either of the two graphics
plotters, and up to eight channels can be displayed on the stripchart recorder.

d. Command processing.   Commands are entered via the CRT keyboard and formatted
for transmission to the TT&C station commanding the spacecraft.

e. Station configuration processing.   The ability to monitor and control the earth
station configuration and the ranging subsystem is provided. Commands are entered
via keyboard for transmission to the earth station processor. Earth station anomalies
will cause an alarm to be set in the SCC.

f. Summary reports.   Daily summary reports are generated for each spacecraft being
monitored. These reports include out-of-limits conditions with time out/time in,
command executions, and statistical summaries of the TM data.

Operational control of the system is provided by commands which are entered via either
the teletype or CRT keyboard. The operator can start and stop processes, change the
source and format of displayed data, change the sampling rates of data, modify the
telemetry limit values, command the spacecraft, and control the TT&C station
configuration. The latter two controls are transmitted to the station via the SCC/earth
station data link.

The SCC software was developed to run under the HP RTE and File Manager (FMGR)
operating system. The RTE schedules programs for execution so that several may be run
simultaneously and handles input/output and interrupts. Each of the functions is performed
by one or more programs. These programs communicate with one another through a
common data area. They are executed in a 3-level hierarchy (i.e., real-time core resident,
real-time disk resident, and background), hence providing the most time dependent
functions with higher priority.

The real-time core resident programs are always in the processor memory and have the
highest priority for execution. These programs input the telemetry data, check the data for
command executes and out-of-limits conditions, and pass the data to other routines via the
common area. Unusual conditions detected in the telemetry data are placed in an event
table in the common area. Each frame of telemetry data is processed.



The real-time disk resident portion of the HP2100 system performs functions which must
be done in real time, but do not require monitoring of every frame of PCM data. Historical
files and plotter and printer outputs are built as the various programs operate on the data.
The data interface between the core resident portion of the program is the common area.

These programs are kept on disk and read into memory and executed as needed. Hence,
several programs can share memory and the functions can be performed simultaneously.

The background programs provide off-line (non-real-time) file maintenance and report
generation. The data interface between this set of routines and the core resident and real-
time disk resident processing is data files under control of the FMGR. These routines are
run to completion so that only one routine can be running at any given time.

Conclusion.   The system described herein has been installed and is currently in use for
personnel training preparatory to the first MARISAT launch. To date the basic approach
has proved to be viable, thus demonstrating that a centralized terrestrial TT&C network
can be implemented in a cost-effective manner.

Figure 1.  TT&C Network Diagram



Figure 2.  TT&C Earth Station Block Diagram



Figure 3.  Data Link Frequency Allocation

Figure 4.  Software Structure



Figure 5.  SCC Block Diagram
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With the change in Missile Telemetry frequencies from the VHF band to the UHF band in
1972, the requirement for a new high frequency portable TLM RF receiving set was
apparent.

Since a new common modulating format had been standardized, PAM/FM/FM combined
with FM/FM, it was apparent a full new receiving ground station on a portable basis could
be assembled around new, commercially produced hardware.

Inasmuch as the first of the test firings for Point Defense Missile would be in early 1972,
Naval Ship Weapon Systems Engineering Station (NSWSES) was tasked by Point Defense
to design and assemble one Portable TLM system around commercial hardware, with
system design and final assembly accomplished by NSWSES. This system must be able to
be hand carried, hand loaded and be installed as a portable TLM system on any of the
smaller Point Defense equipped ships.

Figure #1 shows the original PUTTS system as designed and assembled utilizing standard
commercial hardware in the period of October 1971 through January 1972. The basic
system weighed less than 600 pounds.

This original system has been used since 1972 both on United States and Foreign ships
with highly successful results. However, due to the basic design of commercial hardware -
non-ruggidized, further system assembly was delayed until MTBF and hardware problems
could be assessed - after two years of operation - with no hardware failures - it appeared
that standard, well-built commercial hardware could be used for portable fleet monitoring
without hardware failure.



In October 1974 the NATO SEASPARROW group in Washington, DC, advised it would
like to purchase five new updated systems for Belgium, Denmark, Netherlands, Norway
and Italy. This system to be updated to the latest state of the commercial art circa 1975.

PHYSICAL DESCRIPTION

The complete PUTTS II system consists of six separate units, Auto-Track Antenna/
Receiver Group, Data Processing Section, Magnetic Tape Unit, Spectrum Analyzer, CRT
Visicorder, and Dynamic Test Set. All units operate from 110/120 VAC 50/60 Hz power.

The RF Assembly (Figure #2 ) measures approximately 24" x 12" x 20" plus the radome
of 18" diameter and 15" high, (4 element array) or 24" diameter and 15" high (12 element
array) for a volume of 7.5cubic feet. Its approximate weight is pounds. It consumes
approximately 110 watts of power. Its removable, fiberglass dome protects the Auto-Track
Antenna array. A plexiglass front door a-lows access to power switches, manual tracking
controls, receiver tuning, and remote control unit which is stored in the base. A side door
allows access to control circuits and cabling.

The Remote Control unit can be removed from the antenna base and connected to the
antenna through a cable for use. It consumes less than 10 watts of power which it receives
from the Antenna-Receiver Group by way of the cable. Controls include: Local-Remote
control switch, Manual-Automatic mode switch, Clockwise-Counterclockwise manual
antenna rotation switch, Nanual antenna rotation velocity adjustment potentiometer.
Displays include a 1:1 servo antenna position pointer and a servo error indicator. These
controls and indicators are identical to those of the Antenna-Receiver Group Control Unit
in placement and function.

The Data Processing Section (Figure #3 ) measures approximately 20" x 22" x 36" for a
volume of 9.2 cubic feet. Its approximate weight is 200 pounds. It consumes
approximately 325 watts of power. The data processing section has front and back
removable protective covers exposing all controls and connectors. Five distinct sub-units
comprising the section are: A Time Code Generator/Reader, the Master Control Panel,
PAM/PDM Synchronizer, Demultiplexer, Discriminator Bank, and Detranslator.

The Magnetic Tape Unit (Figure #4 ) measures approximately 26" high x 17.5" wide x
16" deep for a volume of 4.25 cubic foot. Its approximate weight is 150 pounds. It
consumes approximately 500 watts of power. A protective, front, transparent door exposes
the tape deck, 10 1/2 inch tape reels and head assembly. Also on the front panel, but
outside the door, are power and operate controls, mode switches and Record/Reproduce
level indicators.



The Spectrum Analyzer unit (Figure #5) measures approximately 5 1/4" high x 16 7/8" 
wide x 16 7/8" deep for a volume of approximately .86 cubic foot. Its approximate weight
is 31 pounds. It consumes approximately 160 watts of power.

The Oscillograph Recorder (Figure #6 ) unit measures 9.4" high x 17.1" wide x 21" deep
for a volume of approximately 1.95 cubic feet. Its approximate weight is 75 pounds. It
consumes approximately 150 watts of power. The unit is a standard eighteen channel fiber-
optic cathode ray tube oscillograph speeds using 8" wide paper. Included is an ultra violet
paper developer.

BOX 1 RF ASSEMBLY

The antenna differs from the conventional tracking system in that it tracks in the azimuth
plane only. The majority of telemetry tracking operations are relatively short range
missions and the antenna has a relatively broad beam width which can be satisfied by auto-
tracking the aximuth motion of the test vehicle.

Elimination of the elevation tracking axis reduces antenna size and weight, improves
reliability, and minimizes multipath problems which can cause loss of track and loss of
telemetered data.

Two basic antenna subsystems have been developed for use in a portable telemetry
receiving system. The antenna subassembly consists of a 4 or 12 element array,
(Figure #7) polarization hybrids, monopulse hybrids, compaator and scan converter. These
antennas are a four element, in-line cross dipole array with an extremely broad elevation
beam width and a twelve element cross dipole array in a two element high by six element
wide configuration. Either array can be mounted on the same base and can be
interchanged.

All components are stripline to minimize loss and to enhance reliability. The received
energy is converted into sum and difference signals in the 90E comparator hybrids and
processed into a composite RF signal which contains both data and error information in the
stripline converter.

The purpose of the pedestal is to support and position the antenna. The pedestal consists of
a rectangular cabinet type base which houses the servo, the rotator, the local controller,
two telemetry receivers and provides storage space for the remote controller. The rotator is
mounted to the upper surface of the cabinet.

The rotator consists of a servo drive motor coupled through precision spur gears to the
antenna mounting flange. Positioning data is provided by a synchro torque transmitter
which is coupled through antibacklash gearing.



To permit continuous rotation of the antenna, slip rings and a rotary joint are included in
the rotator subassembly. Slip rings are used to transfer the drive signal to the scan
converter power to the preamplifier.

The servo system is a high performance linear d-c solid state design. Type II configuration
is used in the auto-track mode and a variable rate velocity loop is used in the manual
mode.

TELEMETRY/TRACKING RECEIVERS (Figure #8)

The demodulated FM information and AM tracking signals are supplied by two FM/AM
Telemetry/Tracking Receivers. The small, horizontal space provided by the antenna/RF
pedestal necessitated the design of these receivers to fit the available space. They have
been designed so that two receivers may be placed in a single 19-inch rack side by side
(for other applications or may be placed one on top of the other as is done in the PUTTS
system where a limited amount of horizontal space is available.

The design concept of the receiver was to utilize existing front panel plug-in RF tuning
units (including the Remote Tuning versions), and existing internal modules from a
commercial/telemetry Receiver which is an industry standard. As such, the concept of
front panel plug-in IF bandwidths and demodulator types were sacrificed to provide a
single bandwidth FM/AM only receiver. IF bandwidth and FM demodulator bandwidth
may be changed in the field by changing internal removeable modules. The full reange of
IF bandwidths (10 kHz to 6 MHz) and FM demodulator bandwidths (narrow, intermediate,
and wide) are available. A single cuttoff-frequency video filter is provided in lieu of the
switch selectable multiple filters.

The use of circuitry from an existing receiver provided a maximum of reliability in the
field, while the modular construction provides ease of maintenance on a modular basis.

RF TUNING UNIT

The Tuning Unit covers the required 2200 to 2300 MHz tuning range. The noise figure of
the tuning unit is 10.0 dB which, with a 1.0 MHz bandwidth, will provide tracking data to
-98 dBm input (6 dB IF S/N ratio) and FM data to -92 dBm (12 dB IF S/N ratio).

The RF Tuning Unit may be remotely or locally tuned in the VFO mode with the frequency
of operation displayed on a front panel digital readout counter. The counter has an
accuracy of ±10 kHz. A ten-turn conductive film potentiometer is provided on the front
panel to set the tuned frequency. There are no mechanically tuned elements in the tuning
unit other than the ten-turn tuning potentiometer. All tuning is done electronically.



IF FILTER/AMPLIFIER

A high performance 1.0 MHz 3 dB bandwidth 2nd IF Amplifier/Filter is provided in the
receiver. The replaceable module has a 60 dB to 6 dB bandwidth ratio of 3.0 maximum
and phase linearity of ±8 degrees over 80% of the 3 dB bandwidth. FM intermodulation
due to delay distortion is thus kept to a minimum

The module utilized FET active devices to provide a very linear gain control curve (dB
gain vs. control voltage). This is desirable to prevent changes in AGC loop gain which
causes attendand changes in AGC time constant. Changes in AGC time constant may
affect the tracking performance of the receiver.

FM DEMODULATOR

The standard wideband FM Demodulator was repackaged in a smaller internal module. It
has a 1.2 MHz ±3 dB video response and a linearity of 1% over the 1 MHz IF bandwidth.
A limiter with 50 dB of overdrive is incorporated in the FM Demodulator to provide good
AM rejection when receiving signals having large level variations due to signal dropouts
which may be too fast for the AGC system to follow. The limiter also rejects the AM
tracking signal superimposed on the RF Carrier.

VIDEO FILTER

A single bandwidth, 500 kHz 3 dB cutoff frequency, video filter is supplied as standard.
The relatively wide bandwidth is required since the system must pass a video doppler
carrier which may range up to 350 kHz. There is also a 276 kHz ±15% subcarrier. The
video filter may be changed to other bandwidths for system optimization by changing the
video filter module.

BOX 2 - DATA PROCESSOR

The demultiplexer contains a master control panel or system integration, a PAM
decommutator, a bank of automatic calibrating subcarrier discriminators and a time-code
generator/reader. The individual units are modular in construction.

MASTER CONTROL PANEL

The Master Control. Panel (Figure #9) contains relay logic and switches for routing
telemetry data and various signals to the data processing equipment and records for in-
flight recordings, playback and system testing. The front panel controls are divided into
two groups: the left side for testing and the right side for operations.



The Master Control Selector switch is divided into three modes of operation: Real Time,
Playback and Testing. In the real time mode, Telemetry 1 (TM1) or Telemetry 2 (TM2),
PAM or wideband FM functions are selected for in-flight (real time) readout on the
oscillograph, along with timing signals and video doppler data. All data are recorded on
magnetic tape in the real time operating mode.

During the playback mode of operation, TM1, TM2, wideband FM or scoring data may be
recorded on the CRT visicorder with timing signals. The video signals may be played back
at a reduced tape speed for video doppler rolloff display on the missilizer.

PAM or FM signals are routed to the decommutator and discriminators for system test and
alignment during the test mode of operation.

The test point on the left side of the MCP may be used to monitor selected signals during
operations or system testing. Selector switches are used to monitor the seven input and
output tracks of the tape recorder, discriminator output, decommutator input, selected
decommuteted channel output, IRIG “B” or IRIG “E” timing signal.

Other front panel controls include a master circuit breaker for system power, power
switches to rear panel receptacles for receiver, missilizer and demultiplexer system, tape
recorder remote controls, and manual event marker. Jacks are also included for a
microphone and headset for voice annotation.

There are three output signals routed to the MCP from the receivers: two video signals
containing the telemetered data and the AGC signal from the tracking receiver. The video
and AGC signals are routed to the MCP for additional processing and distribution.

The AGC signal from the tracking receiver is routed to the modulator/demodulator in the
MCP and is used to modulate a 14.5 kHz voltage controlled oscillator (VCO). The output
of the VCO is mixed with other data: Voice, Timing (IRIG “E”), Event, and 100 kHz tape
speed reference tone. The composite signal is then recorded on magnetic tape.

The video signal is routed to a selector switch: NSS (NATO SEASPARROW)/TTS
(TERRIER, TARTAR, STANDARD MISSILE). Other missile systems are acceptable
although not listed. In the NSS position, the signal is routed through a combination high
pass/low pass filter. The output of the high pass filter (200 kHz) is the 240 kHz subcarrier
oscillator modulated by the PAM signal. Both outputs are recorded on magnetic tape.
Either output may be selected for display on the CRT visicorder. The video doppler
information is recorded on the CRT visicorder in real time or may be played back at a
reduced tape speed at a later time.



With the NSS/TTS selector switch in the TTS position, the video signal is routed through a
combination high pass/low pass filter. The output of the low pass filter (75 kHz) is the
PAM signal. The output of the high pass filter (100 kHz) is a video dopplcr signal if
applicable. The PAM signal from the log pass filter modulates a 450 kHz VCO. The
output of the VCO is recorded on magnetic tape and is routed through a 450 kHz
discriminator to the decommutator for analog readout on a CRT visicorder. The output of
the high pass filter is recorded on magnetic tape for playback at a later time.

IRIG “B” (modulated carrier) timing is also recorded on the magnetic tape.

Although the composite signal (timing, voice, AGC, reference tone and event) recorded on
the magnetic tape is primarily for use by data analysis personnel at a land base site, it can
be used during playback operations at the recording site. Timing, voi-e and event are
readily available through the demodulator unit. AGC and the 100 kHz reference tone can
be obtained by routing the signals through appropriate discriminators and filters.

DECOMMUTATOR

The PAM decommutator provided signal conditioning, synchronization, and data
conversion for a broad range of pulse-ainplitude-modulated (APM) signals. The unit
accepts either PAM-NRZ (non-return-to-zero) and PAM-RZ (return-to-zero) signals at
channel rates between 10 channels per second to 100,000 channels per second (limited to
50,000 channels per second in (PAM-RZ mode). After synchronization, each channel of
the serial input pulse train is converted to a ten-bit parallel binary word which is available
as an output on the rear panel. The signal is further processed and compared against
“zero” and “full scale” reference levels and then converted back to an analog signal for
recording on the CRT visicorder.

The input signal to the decommutator may be either “real-tine” (in flight) or “playback”
(post flight) from a magnetic tape recorder.

The analog readout data is selected from a diode matrix program board. Up to twelve
channels can be programmed in any combination for simultaneous display on the strip-
chart recorder. Super-commutated channels of one function count as one read-out channel.

Pre-program boards are offered to facilitate operations. Up to four readout formats can be
pre-selected and the boards interchanged for real time or playback readout on the strip-
chart recorder.



DISCRIMINATORS

The sub-carrier discriminators are used to separate FM/FM data for recording on the strip-
chart recorder. The units offered were selected for use with the various SEASPARROW
Exercise Heads. Other frequencies are available and can be interchanged in the
discriminator housing.

The PAM signal from TERRIER, TARTAR, STANDARD is used to modulate a 450 kHz
subcarrier oscillator prior to recording on a direct track on the magnetic tape in lieu of
using a FM track on the tape recorder. The 450 kHz discriminator is used to recover the
PAM signal for decommutation. This discriminator is also used to recover the PAM signal
when an AN/SKQ-2 or AN/SKQ-3 magnetic tape is played back through the PUTTS
system.

The discriminators contain an automatic self-calibration feature. Each discriminator can be
calibrated individually from the front panel or all can be calibrated simultaneously from the
master control panel.

When a CAL COMMAND signal is received, the discriminator’s input is automatically
switched to a crystal frequency oscillator and the discriminator’s output is adjusted to 0 V
with an error of less then ±10 mV. Upon completion or the ZERO calibration, the
discriminator’s input is automatically switched to an upper bandedge crystal oscillator and
the discriminator’s gain is automatically adjusted to give an output of ±10V with an error
of less than ±20 mV. (Other output voltages are avaiTable.) The calibration time is less
than 2 seconds.

The logic, comparators and precision voltage references required for automatic calibration
are a part of the discriminator main frame. The center and upper bandedge frequency
crystal oscillators (referenced to internal crystal oscillators which are accurate to within
.001%) and switching logic are a part of the channel selector. This allows complete
freedom in system configuration by eliminating the need for external logic, voltage or
frequency references. The front panel “zero” and “gain” controls are eliminated with the
auto-cal feature. Thus the possibility of operator error is eliminated.

TIME CODE GENERATOR-READER

The time code generator is capable of generating a modified IRIG “B” and a modified
IRIG “E” timing signal. The signal is coded for hours, minutes, and seconds. The time can
be preset for hours and minutes and then placed in a run or generate mode of operation.



The Unit may also be used to read the timing signal from a magnetic tape during playback
operations.

DETRANSLATOR

The detranslator is a two-speed unit for use during real time or playback of video doppler
information. The video signal is translated up in the missile to the frequency range 205 to
350 kHz which is received and recorded on magnetic tape. The video signal is routed
through the detranslator and returned to a base band of 50 to 150 kHz. Reduce tape
recorder playback speed further reduces the frequency range by an identical factor of
reduction.

BOX 3 - MAGNETIC TAPE RECORDER/RE-PRODUCER

The magnetic tape recorder/reproducer is a standard 7 track, 7 speed portable instrument
using 1/2 inch tape on coaxial reels. The transport is a closed loop system using dual
capstans for constant tape tension and bead isolation. An optical tachometer and a servo
amplifier drive the capstans at a constant speed. An optical tape sensor control by
compliance arms maintain constant tape tension on the supply and takeup reels.

The record and reproduce amplifiers are designed for wideband Group II operation in the
direct mode. In the record mode the maching has 7 electronically switchable speeds from
1 7/8 inches per second to 120 inches per second. The playback mode, 6 speeds are
electronically switchable.

BOX 4 - CRT VISICORDER

The CRT visicorder is a multichannel, direct recording instrument which uses the light
from a fiber-optic cathode ray tube (FO-CRT) to produce a visible record on a
photosensitiver paper. All signals are presented to the CRT in the form of an unblanking
signal. A 50 Mz rate sweep is unblanked by the incoming signal to give an instantaneous
position of each trace.

The Plug-in signal-conditioning modules accept an analog-voltage input. The modules
contain an analog-voltage-to-time converter which produces a pulse, with a duration in
proportion to the amplitude of the incoming signal. These pulses unblank the CRT sweep
for data recording. An internal clock is generated to synchronize the signal conditioning
modules with the CRT beam.

The CRT visicorder as used in PUTTS contains 16 medium gain differential amplifiers for
telemetry data and a special interface module which includes the ability to intensity



modulate the oscilloscope from the video doppler signals from the spectrum analyzer. The
module also provides the capability of selecting either a positive or negative Video
Doppler trace on the CRT visicorder.

The output of the plug-in modules is a series of dots for static or slow moving components
of the signal and, a series of dashes for fast moving components. The dots and dashes are
further processed by a video amplifier in the basic recorder. The output of the video
amplifier is displayed on the CRT for recording on the photographic paper.

BOX 5 - SPECTRUM ANALYZER

The spectrum analyzer operates in a time compression manner. In its simplest form, the
unit consists of two components, recirculating memory and Heterodyne Analyser. The
signal enters the memory at one rate and because of the recirculation, exits at a faster rate.
The speed-up obtained by this procedure permits a much faster analysis than would have
been possiible at the original frequency range.

The Spectrum Analyzer operates with an input frequency bandwidth of 50 kHz (0-50 kHz)
including 500 Hz frequency discrimination.

The purpose of the Spectrum Analyzer in the PUTTS is to generate spectra of a video
doppler signal for recording in time versus frequency domain in order to analyze
performance and to determine miss-distance between a missile and target in flight.

The input to the spectrum analyzer is through an input attenuator to an antialiasing filter.
The output of the filter is amplified and then sampled in a Sample and Hold. Each sample
is converted to an eight bit binary work, of which only six bits are used. The synchronizing
clock is derived from a 12 mHz oscillator.

The memory elements are shift registers which introduce the time compression. Each piece
of the digitized data held in storage is continuously updated and reconstructed. The
memory contains 396 digitized samples which are recirculated at a rate of 12M word/s. As
they rotate, each digitized sample is applied to a Digital to Analog converter where the
applied signal represented in the digitized form is reconstructed at a rate corresponding to
12ms/s.

When a new sample is to be entered into the memory, it is placed in an update buffer to
await rotation of the recirculating memory. When the oldest entry is opposite the update
buffer, the memory is updated. If there is no new entry waiting, the memory continues to
recirculate.



From the Digital to Analog Converter, the reconstructed signal is first entered into a 4 mHz
low pass filter and then presented to a Heterodyne filtering system consisting of a mixer
and a narrow band filter. The mixer oscillator is swept by a 3.6 ms ramp. The output of the
narrow band filter is a 3.6 ms scan of the spectral content which is passed to an
Intermediate Frequency stage and again mixed down.

In order to obtain discrete data values, the scanned signal is gated to a high Q LC circuit
109 times during the 3.6 ms sweep time. The gating action is synchronized with the
recirculation of the memory. After amplification, this gated output of the sampled value
becomes the output of the spectrum analyzer.

The output of the spectrum analyzer drives an Intensity-Modulated Display Interface
Module in the Fiber-Optic oscillograph recorder. The 3.6 ms sweep from the spectrum
analyzer deflects the marking beam to generate a roster across the chart paper. The video
output of the spectrum analyzer blanks and unblanks the marking beam to present a trace
of the video spectrum with the amplitude of the trace representing the frequency scale and
the distance versus paper speed, the time scale.

BOX 6 - RF TEST BOX

The RF Test Box (Figure #10) is a single frequency S-Band Source designed for testing
the total system.

The main carrier frequency is 2252.2 mHz, which is available from the front panel for
antenna connection. The VCO’s have center frequencies and deviations of 240 kHz ±15%
and 275 kHz ±75 kHz, which are individually energized by a front panel switch. Controls
for adjustment of center frequency, input level, and output level, as well as test points for
monitoring, are provided for each VCO.

The Function Generator has two outputs: square wave and switch-selectable sine or
triangle wave. The output frequency can be adjusted from 2 Hz to 200 kHz in 5 switchable
ranges; (2-20, 20-200, 200-2kHz, 2 kHz-20 kHz, 20 kHz-200 kHz) with a vernier
frequency potentiometer. The square wave output is fixed 0 to 5 volts. The sine/triangle
output is adjustable offset control to provide 0 to ±5 DC shift.

The mixer/amplifier has two inputs available. The gain is adjustable by means of a front
panel potentiometer. The amplifier output drives the transmitter modulation input.

The PAM Clock Source provides a front panel, switch selectable, external clock source for
the PAM Commutator. By means of this switch, channel ranges of 5, 10 and 25 KCH/SEC
can be selected.



A BNC connector on the front panel is available to externally modulate the transmitter,
VCO’s or PAM Commutator.

Based on system requirement, the configuration of modulation needed is interfaced on the
patch panel. Upon modulating the transmitter, the multiplex proceeds through a 2 dB pad
directional coupler which provides voltage to the power meter, a 60 dB attenuator, and the
antenna input.

PAM/PDM SIGNAL SIMULATOR

The PAM/PDM Simulator has an adjustable channel rate from 10 to 100,000 channels per
second and adjustable frame lengths from 10 to 199 channels. All parameters (channel
rate, mode and code, frame-sync patterns, unique channel locations, unique and odd/even
channels’ data selection, DC offset, output level, and polarity) are front-panel
programmable. The unit is self-contained and is designed for rack or portable instrument
case installation.

The VCO and Clock Generator circuits generate the channel rate as adjusted by front-
panel switches. The Channel Counter and Output Logic circuits establish the frame length,
the frame-sync pattern location unique channels 1 and 2 location, and common odd and
even channels’ location. Front-panel switches operate in conjunction with the Output
Logic to select the data channels’ and frame-sync channels’ patterns.

The PAM Generator is both a multiplexer and PAM generator which converts parallel
pattern and channel command inputs into a serial PAM output. Internal voltage sources
provide the 0%, 50%, 100% and RZ baseline voltages. Unique channel 1 data is
continuously variable as established by a front-panel potentiometer in conjunction with the
0% and 100% voltage sources’ outputs. Unique channel 2 and common odd/even channel
data can be 0%, 50%, or 100%, or can contain data as established by external inputs to the
unit.

Output level and offset control are accomplished in the Output Amplifier which also
permits the summing of noise or other inputs into the serial PAM or PDM output. A front-
panel switch controls the mixing of the external signals with the data output. Another
external input is provided to the simulator which may be routed directly to the simulator
output instead of the normal serial PAM or PDM data output. A front-panel switch selects
the signal output.

A power supply and regulator network is provided in the simulator. This network operates
from a primary AC power input and generates all regulated voltages for operation of the
simulator.
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MAXIMUM LIKELIHOOD PROCESSING OF EXPERIMENTAL
RETRANSMITTED FOUR FREQUENCY OMEGA

WALTER E. RUPP, JR., CLARA L. CALISE AND THOMAS E. DOBRY
Naval, Air Test Center

Department of the Navy

ABSTRACT:   The Global Rescue Alarm Net (GRAN) System utilizes the Omega
navigation signals and geopsynchronous satellites for a world-wide search and rescue
system. A series of tests was conducted by the Naval Air Test Center, Patuxent River,
Maryland, during September and October 1974, to demonstrate the position locating
potential of four frequency Omega. In these tests four-frequency-Omega data was
retransmitted from seven remote sites throuah Lincoln Experimental Satellite 6 (LES-6) to
a ground station in Dallas, Texas, where it was recorded on magnetic tape. This paper will
describe the equipment used to receive the Omega signals and retransmit them to the
satellite, the satellite linkace and the ground station reception and recording of the phase
data. It will also describe the processing of.the collected data using a maximum likelihood
estimator and the results of the processing. Finally, the paper will present the conclusions
and recommendations drawn from these tests for the use of four frequency Omega in a
world-wide search and rescue system.
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DATA COLLECTION USING ADAPTIVE PHASED ARRAY

T.T. NOJI
AIL, a Division of Cutler-Hammer

Melville, N.Y.

ABSTRACT:   Adaptive Ground Implemented Phased Array or AGIPA provides a rapid
and cost effective means to read out and interrogate a very large number of earth based
sensors. AGIPA locates an array in space but locates all of its beam forming and beam
steering network on the ground; thereby providing multiple high gain beams to be formed
with minimal complexity in space. AGIPA offers:

• Less total system cost by placing a high gain array on a central data collection
system and reducing the cost of each of the thousands of sensors.

• Rapid data collection due to electronic beam steering as well as through formation
of multiple beams.

• Nulling of unintentional RFI that can disable the entire data collection system.

ITC '75
This CD-ROM duplicates the published proceedings in that only an abstract of this paper was published.



SESSION V

CODING AND TELEMETRY CHANNELS

DALE LUMB, Session Chairman

DALE LUMB

Dale R. Lumb received his BS with honors in electrical engineering from Kansas State
University in 1958, and his MS and PhD from Kansas State University in 1959 and 1962,
respectively. Since 1962 he has been with NASA-Ames Research Center, where he has
worked on communications problems for Pioneer missions and coding studies for deep
space telemetry applications. He is now involved in image compression for real-time
teleconferencing applications. Dr. Lumb was Principal Investigator on the Pioneer IX
Telemetry Coding Experiment, and he is currently Principal Investigator on the
Communications Technology Satellite Digital Video College Curriculum Sharing
Experiment. He has published several papers in channel coding. He is also a lecturer at the
University of Santa Clara, where he teaches courses in Information, Coding and Rate
Distortion Theory.



CONVOLUTIONAL CODING TECHNIQUES FOR CERTAIN
QUADRATIC RESIDUAL CODES

RICHARD W.D. BOOTH
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GUSTAVE SOLOMON
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Redondo Beach, California

SUMMARY

The encoding and decoding of the extended Golay code and the (32, 16) quadratic residue
code by convolutional coding techniques is discussed. The generation of the extended
Golay code is described in detail. A modified version of the Viterbi algorithm for hard and
soft decision decoding was implemented, and the simulation results are presented.

1.  INTRODUCTION

Recent work by G. Solomon(1) has shown that certain block codes may be encoded and
decoded by modified convolutional coding techniques. In particular, all quadratic residue
codes can be coded by such techniques. The encoding is performed by first partitioning the
codeword coordinates into three sets: the zeroth and infinity coordinates, the coordinates
corresponding to the quadratic residues, and the nonresidues. The rate 1/2 convolutional
encoder assigns one parity sequence to one set of coordinates and the other parity
sequence to the remaining coordinates. The zeroth and infinity coordinates are generated by
parity checks on the quadratic residue and the nonresidue coordinates, respectively.
Decoding is performed by repeated use of the Viterbi algorithm. This technique is
modified somewhat in order to make effective use of the zeroth and infinity coordinates.
The hard decision decoding decodes all three-error patterns and some four-error patterns.
The extended Golay code and the (32, 16) QR code were simulated, and the results of the
simulation are presented.

2. CONSTRUCTION OF GOLAY (24, 12) CODE BY CONVOLUTIONAL
TECHNIQUES

The construction of quadratic residue codes by convolutional coding techniques is
illustrated in Reference 1. The particular example of the Golay (24, 12) code will be
examined here.



The construction technique consists of generating 22 bits of the codeword with an
appropriately chosen convolutional coder and adding two parity bits that are a function of
the entire information stream. Note that this implies that most of the codeword is generated
using the finite memory properties of convolutional codes and the other part of the
codeword requires the entire information sequence. Consider the 12 information bits to be
encoded: i0, i1, i2, ..., i11. Consider i0 and i1, i2, ..., i11. separately. Construct the following
(extended) information sequence i1, i2, i3, ..., i10, i11, i1, i2, i3 where the first 3 bits have been
repeated at the end of the information sequence. It will be shown that the following
convolutional encoding structure and the appropriate parity bits will generate a permuted
Golay (24, 12) code (see Figure 1).

The operation of the coder is as follows. The first four information bits of the extended
information sequence are shifted into the encoder and then the parity sequences b0, b1, ..., 
b10 and c0, c1, ..., c10 are computed. Note that the machine starts and ends in the same state 
i1, i2, i3. Finally, the parity bit s c11 = 3ci and b11 = 3bi are computed. The information bit i0 
complements the bi sequence.

The relationship between this coding structure and the Golay (24, 12) code can be
investigated. The cyclic portion of the (24, 12) code is considered first. Factor

(x23 + 1) = (x+ 1) g(x) f (x)
where

f (x) = x11 + x10 + x6 + x5 + x4 + x2 +1

and

g(x) = x11 + x9 + x7 + x6 + x5 + x +1.

The polynomial corresponding to the additive recursion rule is chosen to be (x+ 1)f(x).
Note that if f("a) = 0, then Tr(") =1. Now every Golay codeword is of the form(2)

(do + Tr cx; x = $i)

where do , GF(2), c, GF(211), and Tr(x) =              and $ a root of f(x).

Equivalently, every Golay codeword can be written in the form

(do + Tr cx + io Tr x; x = $i)





Thus, b0 = a2, b1 = a9, ..., c0 = a5, c1 = a11, ..., etc. The a0 bit corresponds to Tr cx; x = 1.
Now

but                         where j, set of quadratic residues for all i. Thus

since the bi’s were assigned to the coordinates corresponding to quadratic residues. Note
ao 6 b11. Finally, the overall parity on the (23, 11) code can be calculated to give the (24,
12) code

But

and

 Thus,                                 Finally, the i0 Tr x vector just complements the b̄ sequence for
the convolutional encoding.

In summary, it has been shown that the output sequences of a convolutional encoder are
cyclic with a cyclic shift of the input data. The coordinates for a Golay codeword can be
divided into three sets, the $0 and 4 terms, the quadratic residues, and the nonresidues.
Transforms of the type                result in a permutation of the elements of each set. The
outputs of the rate 1/2 encoder can be associated with each set. Cyclic shifts of the output
of the encoder correspond to a shift through each permuted set.



3. ENCODING THE (32, 16) CODE

3. DECODING

The decoding is performed by repeated use of the Viterbi algorithm. The decoding must be
done in two sections, one section based on the assumption that i0 = 0 and the other based
on i0 = 1. Thus, two decoders are required corresponding to the complemented and
uncomplemented b̄ sequence. Since the initial encoder state is unknown, this must be
estimated also. This is done by assuming an initial starting state and then decoding the
received sequence with the Viterbi algorithm. Since the initial state and the final state are
the same, the algorithm must force the decoder to end in the same state as the initial state.
Since k = 4, there are eight initial states. Thus, the algorithm must be repeated eight times



in each section. The total number of times the Viterbi algorithm must be used is 16. This
gives 16 candidate codewords. An alternative procedure might be to recycle the received
digits through the decoder until the initial and ending states were the same. The initial state
is chosen arbitrarily, and the final state (after 22 received bits) is used in the initial state for
the next estimate of the codeword. The two parity bits c11 and b11 are computed for each of
these 16 codewords and compared with the received bits ĉ11 and b̂11. The overall metric for
each of the 16 paths is calculated, including the effect of the parities, and the best path is
chosen. For the hard decision decoder, the convolutional decoder has a minimum distance
of 6 which lead to occasional metric = 3 ties. These cannot be resolved in an arbitrary
fashion since the code must be able to correct all three error patterns. Both paths must be
saved and the parity bits used to resolve the tie.

4.1  Hard Decision Decoding

Since the (24, 12) code has dmin = 8, it is required that all three error patterns be
correctable. However, the convolutional part of the codeword (b0,c0, ..., b10,c10) has dmin =
6. When an error pattern of weight 3 occurs within this part of the codeword, a metric tie
will occur, since the minimum distance is only 6. When a tie of weight 3 is encountered,
both survivors that lead up to the node which contains the tie are saved. After adding the
metric due to the parity bits to both surviving paths, choose the path with the best metric.
This technique allows all three error patterns to be corrected. The algorithm is illustrated
below.

Step 1: Set initial state of the decoder = 

Step 2: Assume io = 0

a) Run the first 22 quantized received numbers through the Viterbi decoder and
save the estimate of the information bits (î1, î2, ..., î11). Store the metric
generated.

b) Form the parity bits:



c) Calculate the metric due to the parity bits and add to the metric calculated in part
(a). Store this cumulative metric.

Step 3: Assume io = 1.

a) Repeat Step 2.

b) Choose the decoding (io = 0 or io = 1) with the best metric from Steps 2 and 3.

Step 4:

a) Repeat Steps 2 and 3 for each of the remaining starting states. Store the metric in
each case.

b) Of the eight decodings, pick the one with the best metric.

c) Output the decoded bits.

4.2 Soft Decision Decoding

Eight-level quantization and the log likelihood metric were used for the soft decision
decoding. The soft decoding could be done in the same manner as the hard decision case,
except for the effect of the parities. In hard decision, the parity digits could contribute a
metric of at most 2, and therefore influence only the choice between two competing paths
that were “close” in Hamming distance. However, with eight-level quantization, the two
parity checks could conceivably contribute a metric as great as 2 x 7 = 14 and therefore
influence the choice between two paths that are not close at all. Since the parity checks
were intended only to help out on close decisions, the effect of the parities must be
reduced as much as possible. This is done by permuting the codeword until the “weakest”
received numbers are in the parity positions. By “weakest” it is meant those numbers that
are closest to the border between a 0 and a 1 (i.e. , “soft” 0’s or 1’s). All extended
quadratic residue codes are invariant under a two-point permutation such as this one.(3)

This permuting procedure is outlined as follows. Let the locations of the two weakest
received digits be indexed by j and k. The cyclic portion of the codeword can be cyclically
shifted j times to put the jth digit in the 0th location. The kth digit is now in the (k-j)th

location. The codeword can now be permuted under the map e 6 -1/e where e is the value
of the exponent of the coordinate ". This interchanges the zeroth and infinity digits. The
(k-j)th digit is now in location -1/(k-j). The cyclic portions can now be cycled and the
-1/(k-j)th digit put into the zeroth location. Now the digits located at positions j and k of the
original received sequence are located at position infinity and zero, respectively. The
decoder operation decodes a particular Golay codeword. The inverse map must be



performed on the decoded codeword in order to recover the original codeword. This key
property of the QR codes opens the door to the soft decision decoding algorithm:

Step 1:  Set initial state of the decoder = 

Step 2:  Assume io = 0.

a) Find the two weakest numbers in the received codeword and move them into the
parity positions.

b) Run the first 22 quantized received numbers through the Viterbi decoder and
save the estimate of the information bits (î1, î2, ..., î11). Store the metric
generated.

Step 3:  Assume io 0 = 1

a) Repeat Step 2.

b) Choose the decoding (io = 0 or io = 1) with the best metric from Steps 2 and 3.

Step 4:

a) Repeat Steps 2 and 3 for each of the remaining starting states. Store the metric in
each case.

b) Of the eight decodings, pick the one with the best metric.

c) Output the decoded bits.

4.3 Computer Simulation

A computer simulation of the decoding algorithm was performed on a CDC6500 for both
the (24, 12) and the (32, 16) codes for soft decision. These curves are plotted and
compared with other well known codes in Figure 2. Note that the soft decision decoding
buys 1.5 to 2 dB over hard decision decoding as would be expected.

5. FINAL NOTES

The convolutional decoding technique for these codes is cumbersome since the decoding
must be performed 16 times. The (48,24) code was studied in Reference 1 and is
encodable using a 9-stage convolutional code structure. In spite of these limitations, it is



hoped that the connection made between algebraic block codes and convolutional codes
will lead to further investigations into more readily implemented decoders for both(4) block
and convolutional codes. The technique of multipliers seems to hold some promise.
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Summary.   The performance of convolutional codes in conjunction with noncoherent
multiple frequency shift-keyed (MFSK) modulation and Viterbi maximum likelihood
decoding on a Rician fading channel is examined in detail. While the primary motivation
underlying this work has been concerned with system performance on the planetary entry
channel, it is expected that the results are of considerably wider interest. Particular
attention is given to modeling the channel in terms of a few meaningful parameters which
can be correlated closely with the results of theoretical propagation studies. Fairly general
upper bounds on bit error probability performance in the presence of fading are derived
and compared with simulation results using both unquantized and quantized receiver
outputs. The effects of receiver quantization and channel memory are investigated and it is
concluded that the coded noncoherent MFSK system offers an attractive alternative to
coherent BPSK in providing reliable low data rate communications in fading channels
typical of planetary entry missions.

Introduction.   The use of convolutional codes in conjunction with coherent binary phase-
shift-keyed (BPSK) modulation has proven to be an effective and efficient means of
obtaining error control on the classical deep space channel. Here the net effect of the
channel is simply the introduction of an additive white Gaussian noise (AWGN)
component. Recent work by Heller and Jacobs [1] has discussed the performance of short
constraint length convolutional codes in conjunction with coherent BPSK modulation and
Viterbi maximum likelihood decoding on the AWGN channel while previous work by
Jacobs [2] has treated the performance of longer constraint length codes using sequential
decoding. In future planetary entry missions, however, the AWGN channel provides an
inappropriate model of the propagation environment experienced by an entry probe in
transmitting an RF signal at S-Band through a planetary atmosphere. Here it is expected
that the signal will undergo fading due to a number of causes including: entry probe
dynamics; multipath reflections; and turbulent atmospheric scattering of the RF signal
within the planetary atmosphere. Furthermore, because of the typically low data rates
associated with planetary entry missions, the oscillator instabilities can be commensurate
with the data rate resulting in severe degradation of tracking loop performance with



subsequent degradation of coherent BPSK system performance. As a result attention has
recently been given [3], [4] to noncoherent signaling schemes which are less sensitive to
the effects of oscillator instabilities and hopefully perform well in fading channel
environments.

In this paper we will describe the implementation and performance of a noncoherent
multiple frequency shift-keyed (MFSK) system employing convolutional encoding and
Viterbi maximum likelihood decoding. Careful consideration is given to the modeling of
the channel in terms of a few meaningful parameters which can be correlated closely with
theoretical propagation studies. Primary interest is in the resulting bit error probability
performance as a function of Eb/No parameterized by the fading channel parameters, the
signaling alphabet size, and the receiver quantization characteristics. While the primary
motivation is related to system performance on the planetary entry channel, it is expected
that the results are of much wider interest.

Preliminaries.   A block diagram of the pertinent aspects of the MFSK data link under
consideration is illustrated in Figure 1. Here the binary data stream {ai} is applied as input
to a binary convolutional encoder of rate R=b/n. The binary output digits are grouped into
blocks of µ digits apiece to produce the output sequence {xi} where xi,{0,l,...,M-l} and
M=2µ for some specified µ$1. The output sequence {xi} is in turn applied to an MFSK
modulator/transmitter producing one of M = 2µ orthogonal tones for subsequent
transmission over the channel. The binary convolutional encoder is illustrated in somewhat
more detail in Figure 2 where it is assumed that n#µ. In the remainder of this paper we will
consider only the special case b=1, µ=n so that, in particular, one channel symbol is
transmitted for each input information bit.

The encoder output sequence {xi} applied to the modulator/transmitter produces the
channel signaling waveform

(1)

where p(t) is a unit amplitude pulse-like signal of duration Ts second. The quantity

(2)

is the signaling frequency corresponding to the i’th tone. Here T0 is some frequency
corresponding to the lower bandedge of the transmitted signal spectrum and )T is a fixed
frequency increment between adjacent tones. It will be assumed that )T is an integer
multiple of 2B/Ts so that, in particular, the signaling tones are orthogonal. The sequence
{Ni} is a sequence of independent and identically distributed (i.i.d.) random variables



uniformly distributed over [-B,B]. The independence assumption is obviously required
since otherwise the phase could be estimated on the basis of past transmissions violating
our assumption of noncoherent reception. The quantity Es appearing in (1) is the signal
energy per transmitted channel symbol. For the coding scheme under consideration we
obviously have Es=Eb with Eb the energy per information bit.

The received signal r(t) is assumed of the form

(3)
where n(t) is a zero-mean white Gaussian (WGN) process with double-sided noise spectral
density No/2 watts/Hz. The received signal component in (3) is then given by

(4)

where A(t) and 2(t) are respectively amplitude and phase perturbation processes which
account for the short-term effects of the transmission medium and/or relative oscillator
instabilities between transmitter and receiver. We shall assume that

(5a)

and
(5b)

with '=(ejR a complex quantity whose amplitude ( is fixed and deterministic while the
phase R is uniformly distributed over [-B,B]. The quantity a(t) is a complex zero-mean
wide-sense stationary Gaussian random process completely described in terms of a
channel scattering function F(f,J) as described in [5]. We shall restrict attention to
channels dispersive only in frequency with frequency dispersion function of the form

(6)

where Bo is the coherence bandwidth of the channel in Hz. While other choices are
possible, the first order Butterworth spectra represented by (6) provides a reasonable
model for a wide variety of channels with memory and at the same time is quite tractable.
The resulting autocorrelation function of the a(t) process in (S) is then given by

(7)

We will assume that the a(t) process varies slowly relative to an elementary signaling
interval of duration Ts seconds so that it can be considered constant over any such interval 



of duration Ts seconds so that it can be considered constant over any such interval but
allowed to vary from interval-to-interval. This is a reasonable assumption for BoTs<<1. As
a result the signal component in (4) can be expressed as

(8)

where Ai =*'+ai* , 2i =arg['+ai] and ai represents the value of the a(t) process throughout
the i’th signaling interval. The sequence {ai} can be described by the first-order regression

ai = Dai-1 +Wi ; i = 1, 2, ..., (9)
where {wi} is an i.i.d. sequence of zero-mean complex Gaussian random variates with
common variance (1-D2)Fa

2 and D=exp{-2,BBoTs}. For specified values of ( and Fa
2 results

can then be determined parametrically as a function of the dimensionless quantity BoTs

allowing conclusions to be drawn as a function of the signaling rate fs = 1/Ts. The quantity
BoTs is of course, indicative of channel memory measured in signaling intervals. Table 1
illustrates typical values of Bo and Fa

2 for a Venus mission. This data is taken from [6].
The choice (=1.0 is most representative while (=0 is somewhat of a worst case.

L* is depth of penetration into Venusian atmosphere

Table 1
Representative Channel Parameters

for Venus Mission

During each successive signaling interval the receiver, or alternatively the demodulator
detector, illustrated in Fi4ure 1 computes the M statistics

(10)

for m=0,1,...,M-1. The actual receiver output is the sequence {ri} where for each i, ri

consists of the above M components. This will be referred to as the unquantized case. In
practice it is desirable to quantize the receiver outputs in some fashion to facilitate



decoding. The particular quantization scheme considered here results in an ordered list of
the R largest decision statistics computed during successive signaling intervals. More
specifically, in this case ri is the R-vector.

(11)

where rij =m m,{0,1,...,M-1} provided zmi is the j’th largest statistic 1#j#R during the i’th
signaling interval. The case R=1 corresponds to the conventional hard decision receiver
while if R>1 additional reliability information is provided to the decoder. We refer to this
case as list-of-R decoding (cf.[7]).

In either case, the decoder performs maximum likelihood decoding of the received vector
sequence {ri} making use of the Viterbi algorithm. The appropriate decoding metrics in
each case are, of course, different. The details are provided in [8] and will not be repeated
here.

Uncoded System Performance.   In order to evaluate the coding advantage provided by
the MFSK system described in the preceding section, it is desirable to provide an
evaluation of the uncoded system performance. The symbol error probability in the
presence of fading is shown in [8] to be

(12)

where .=1+Fa
2Es/No and 0=(2/.. This expression is readily evaluated as a function of

Es/No for fixed values of ( and Fa2. Notice that in the absence of fading (=1, Fa
2 =0 so that

.=1 and 0=1 and (12) reduces to a known result [3],[4].

Of considerably more interest in a comparison with the coded MFSK system is the bit
error probability computed from Pe according to (cf.[ 9])

(13)

with M=2n and the symbol energy Es in (12) related to the energy per bit Eb according to
Es=nEb In future comparisons, Pb will be computed according to (13) for selected values of
Eb/No, (, Fa

2 and n.

Bounds on Performance of Coded System.   Recently Viterbi [10] has provided a rather
complete analysis binary convolutional codes and their performance in typical
communication systems. This work has shown the advantages of the state diagram and
generating function approach to analyzing such problem . We will assume some
knowledge of this approach and extend it to the analysis of binary convolutional codes



when used in conjunction with M-ary orthogonal signaling alphabets. More specifically,
we consider the scheme illustrated in Figure 2 employing a binary rate 1/n code with
M=2n. As in the binary signaling case we will find that a tight upper bound on the bit error
probability can be obtained in terms of the generating function T(D,N) (cf. [10] for
definitions) associated with the particular code employed. For example, a K=3, R=1/2
code is used in Figure 3a to generate a 4-ary signaling alphabet while the associated state
diagram is illustrated in Figure 3b. A D along any path indicates that the corresponding
state transition resulted in the transmission of an M-ary symbol other than the zero symbol.
An N along any path indicates that the corresponding state transition was caused by a data
“1” shifted into the encoding register. The state diagram differs from that which would
have been obtained in the binary signaling case in that the literals D appearing in Figure 3b
would then have as exponent the Hamming weight of the corresponding transmitted branch
sequence. In the M-ary signaling case we are only concerned with whether or not the state
transition resulted in the transmission of the zero channel symbol. As a result the
weight(exponent of the literal D) assigned to each branch in the state diagram is at most
unity.

The generating function for the code illustrated in Figure 3b is clearly

(14)

indicating minimum distance 3 in this new metric. Good codes for this application are
those that maximize this minimum distance. It does not follow that good codes for binary
signaling (cf. [11], [12])are necessarily optimum for M-ary signaling as indicated in [8]
where a tabulation of good codes for K#10 and M=2,4,8,16 is provided. These codes will
be employed in what follows.

Assume the all zero message has been transmitted. We desire to determine the probability
of the event that the correct all zero path is rejected for the first time at some level in favor
of an incorrect path which differs in exactly k symbol positions. This event is precisely that
of choosing incorrectly between two noncoherent orthogonal signals on the basis of a
k-fold diversity transmission. Define the k-vectors

(15a)

(15b)
where                        i=1,2,...,k represent respectively the value of the envelope and phase

processes throughout the i’th signaling interval in which the incorrect path differs from the
all zero path. The correct all zero path is then rejected in favor of this incorrect path
differing in k symbol positions if



(16)

where the sequence {mi} is completely arbitrary provided it does not include the zero
symbol. Clearly zj j=0,1 does not depend upon the phase vector 2k so that conditioning
upon this quantity can be removed. The conditional probability of a first error event given
Ak has been shown [8] to be given by

(17)

where

(18)

and 1F1 (m;n;z) is the confluent hypergeometric function [13]. It is easily established that
for k=1 (17) reduces to

 (19)

which is a known result for noncoherent orthogonal signaling.

The following useful bound on the conditional error event probability is provided in [8],

(20)

which will be used to obtain explicit bounds on the bit error probability Pb. We will be
particularly interested in the case of fast fading where the fading amplitude, although
constant within a signaling interval, is independent from interval-to-interval. This can be
achieved with sufficiently large interleaving still under the condition BoTs<<1. As a
consequence, the components of Ak are i.i.d. and after neglecting higher order terms in
(E/2No)

-1  appearing in (20), we have the following bound on the unconditional error event
probability.

(21)

where x is a generic random variable which is noncentrally chi-square distributed with two
degrees of freedom, variance parameter F2=Fa

2/2 and noncentrality parameter (2. The
expectation appearing on the right-hand side of (21) is easily evaluated in terms of the
characteristic function (ch.f.) associated with the random variable x given by



(22)

In particular, it follows that

(23)

so that the first event probability of rejecting the correct all zero path in favor of an
incorrect path differing in k symbol positions is bounded according to

(24)

Finally, applying the union bound approach of Viterbi [10] we have

                                            (25)
where

                                       (26)

This bound is evaluated in Figures 4-5 for M=8 and 16 respectively with (=1, Fa
2=0

corresponding, of course, to the AWGN channel. The codes in each case were chosen to
maximize the weight of the minimum distance path as described previously. In Figure 6 the
performance is indicated for M=8 with (=1.0, Fa

2=0.1 representing a typical case for a
Venus mission according to Table 1. Finally in Figure 7 we illustrate the bit error
probability performance as a function of Eb/No for M=8, K=6 where now the curves are
parameterized by .=(2/Fa

2 representing the ratio of specular to diffuse energy. The total
energy is held constant so that (2+Fa

2=1 in each case.

Simulation Results.   Extensive simulation results have been obtained for the coded
MFSK  system under a variety of channel conditions. Figure 8 illustrates typical behavior
for M=8 employing a code with constraint length K=6 and operating on the AWGN
channel, i.e., no signal fading present. As indicated, the upper bound does provide a useful
asymptotically tight approximation to the operating system performance. Also observe the
approximately 0.5 db degradation in system performance over the unquantized  receiver
using a full list-of-R(i.e., R=8 in this case) decoding metric. This is to be expected from
consideration of the corresponding union bound parameter Ro (c.f. [14], Chap. 6). This
degradation diminishes to a few tenths of a db for larger M and a full list decoding metric.
The uncoded bit error probability performance is also included in Figure 8 where we
observe only a slight coding advantage at typical error probabilities in the range 10-3 to
10-4. This advantage does increase in the presence of signal fading.



In Figure 9, the bit error probability performance is illustrated for this same system with
(=1.0 and Fa

2=0.1 representing typical channel parameters for a Venus mission. The
simulation results correspond to the case of zero channel memory and represent an
ultimate performance limit for the chosen values of ( and Fa

2  which can be approached
only with sufficiently large interleaving. It is to be noted that the coding advantage can be
considerable even for moderate amounts of fading. While the coded system is relatively
insensitive to small amounts of signal fading, the uncoded system performance degrades
rapidly.

Finally, consider the effects of channel memory. Figure 10 illustrates typical coded system
performance for the unquantized receiver parametized by BoTs under the choice (=0,
Fa

2=1.0. This represents a nominal worst case according to Table 1 and the sequel.
Observe the rapid degradation in system performance with increasing channel memory
(decreasing BoTs. At high channel signaling rates considerable interleaving would be
required to approach the memoryless channel performance. By comparison, a more typical
case with (=1, Fa

2=0.1 is illustrated in Figure 11. Observe that for moderate amounts of
signal fading, the performance is quite insensitive to channel memory. This is in marked
contrast to corresponding results for the coherent BPSK system (cf. [4], [15]). The ability
to considerably reduce, if not eliminate, interleaving requirements is a considerable
advantage of the coded MFSK system for planetary entry missions. Additional simulation
results are to be found in [8].

Summary and Conclusions.   An approach has been presented for the determination and
parameterization of the performance of noncoherent MFSK modulation in conjunction with
convolutional encoding and Viterbi maximum likelihood decoding on the Rician fading
channel. A tight upper bound on bit error probability performance has been presented
which can be approached within a few tenths of a db by appropriate receiver quantization
and a list-of-R decoding metric. The coded MFSK system is shown to provide considerable
improvement over the uncoded system in moderate-to-severe fading environments and is
relatively insensitive to channel memory. As a result it should prove competitive to
coherent BPSK in low data rate planetary entry missions. The error probability
performance can be improved considerably with larger constraint length codes in
conjunction with sequential decoding strategies. This is a topic of continuing investigation.
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Figure 1
MFSK System Employing Binary Convolutional Coding

Figure 2
Use of Binary Convolutional to Implement

Coded MFSK System



Figure 3
Typical Convolutional Code Generator and Corresponding

State Diagram for K=3,R=1/2



Figure 4 Figure 5
Computed Upper Bound for MFSK System Computed Upper Bound for MFSK System
with M = 8 Operating on AWGN Channel with M = 16 operating on WGN Channel

Figure 6 Figure 7
Computed Upper Bound for MFSK System, Computed Upper Bound for 8-ary

with M = 8 on Typical Rician MFSK as Function of the Ratio
Fading Channel of Specular to Diffuse Energy



Figure 8 Figure 9
Performance of 8-ary MFSK in Performance of 8-ary MFSK in

AWGN Channel Typical Rician Fading Channel

Figure 10 Figure 11
Performance of 8-ary MFSK as a Performance of 8-ary MFSK as a

Function of Channel Memory Function of Channel Memory on
on Rayleigh Channel More Typical Rician

Fading Channel
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Summary.   In this paper we use a recent technique of Chase to evaluate the performance
of several block codes, notably BCH codes of lengths 63 and 95, on a Gaussian channel.
We conclude that such codes are close to being serious competition for convolutional
codes on this channel.

1.   Introduction.   In this paper, aided by a recent technique of Chase [2], we shall
evaluate the performance of several fairly long binary block codes on a wideband additive
Gaussian channel. We were motivated to do this by the following considerations.

The current best practical coding system for the Gaussian channel is a convolutional code
with Viterbi decoding. Unfortunately the complexity of Viterbi’s algorithm is such that a
code with constraint-length much more than 8 cannot be implemented practically. And
while extremely good convolutional codes of quite long constraint-length are known, there
is no known way to decode them in a manner that yields performance superior to the short-
constraint length/Viterbi algorithm. (Sequential decoding is a practical method to reduce
the bit error probability, but the bit erasure probability remains high. We choose to regard
erasures as no better than errors.)

It is true that the performance of a convolutional code can be surpassed at relatively large
signal-to-noise ratios by hybrid concatenation schemes. But the performance of the
concatenation scheme is highly sensitive to the performance of the inner code at low
signal-to-noise ratios. Hence a significant improvement in the inner code at bit error
probabilities of the order 10-2 - 10-3 would yield a significantly improved concatenation
system.

There being no breakthrough in the decoding of convolutional codes on the horizon, we
turned to the other known class of codes, the block codes. Now block codes have never
been serious competition for convolutional codes on the Gaussian for one simple reason:
the known decoding algorithms for powerful block codes depend on the reception of



binary data. (This is not true for sequential and Viterbi decoding.) And if a binary
quantizer is added to a Gaussian channel its capacity is reduced by a factor of B/2 (~ 2dB).
Recently several authors Weldon [5], Chase [2], Dorsch [3], Sundberg [4]) have begun to
develop algorithms to alleviate this problem. In particular Chase has given a very
interesting. algorithm for decoding any block code on a Gaussian channel, provided it
already possesses a good binary decoding algorithm.

Intrigued by Chase’s ideas, we set out to try his algorithm on the most powerful practical
class of binary codes, the BCH codes with Berlekamp’s decoding algorithm. In section 2,
we describe Chase’s algorithm and our selection of candidate codes. In section 3, we
present our experimental results, and in section 4 we state our conclusions.

2.   Chase’s Algorithm.

We begin with an (n,k) binary (symbols:  +1,-1) of rate R = k/n and minimum distance d.
We assume there exists a “practical” algorithm which maps a binary vector at Hamming
distance # t from some codeword onto that codeword (necessarily 2t+1 # d). [This is
called the binary decoding algorithm (BDA).]

A codeword x = (x1,x2,...,xn) is transmitted over the channel and is received as
y = (y1,y2,...,yn), yi = xi + Zi, where Z1,Z2,...,Zn is a sequence of independent, identically
distributed, Gaussian random variables with mean 0, variance F2. The bit signal-to-noise
ratio ( = Eb/No is given by

If we were forced to guess the value of xi, given only yi, we would guess

Our confidence in this estimate is small, however, if *yi* is small, and so we define the
(relative) reliability of the estimate 2) by

Chase’s decoding technique can now be described. It depends on a fixed parameter c, to
be specified later. First, the received vector y is “hard quantized” into the binary vector x̂ =
(x̂1,...,x̂n.  Next, the c “least reliable” components of x̂ are located , i.e., components xi, i ,
Ic, where Ic # {1,2,...,n} is a set of cardinality c, and



Next, 2c binary vectors  x̂ (,1,,2,...,,c) = x̂(,) are produced, where

and each ,i = ±1. Next, each x̂(,) is decoded by the BDA. The result of each application
of the BDA will either be a codeword x or nothing (decoder failure). Hence after all 2c

applications oFthe BDA we will have produced a set D = {x(1), x(2),...,x(c') of at most
(usually many fewer than) c distinct codewords. The decoder’s output is that codeword for
which the inner product x(i) · y is largest.

If c = 0, this algorithm is merely hard-decision decoding of the given code. On the other
hand if c = n, the algorithm is maximum-likelihood (but extremely inefficient). The idea is
that ML decoding can be closely approximated by some much smaller value of c. Chase
suggests c= t (the number of errors being corrected), but our simulations have shown this
value of c to be too small, in general.

This algorihm can fail in two distinct ways. First, the transmitted codeword x may not lie
in the set D. This type of error, which dominates the algorithm’s performance for small
values of c, we call a type I error. Second, even if the set D contains x, it may happen that
x(1) · y is largest for some x(i) … x. This type of error, which dominates the algorithm’s
performance for larger calues of c, we call a type II error.

Note that while the probability of a type II error is extremely difficult to compute, it is
relatively easy to compute the probability of a type I error. For example, if the code is a
t-error correcting BCH code of length n, it is safe to assume that the BDA will fail if more
than t binary errors occur. Then the probability of a type I error can be computed as
follows. Let X1,X2,...,Xn be n independent, mean +1, variance F2 Gaussian random
variables. Let X(1) # X(2) # . . . # X(n) be a reordering of the Xi’s into increasing order.
Then the probability of a type I error is just the probability that -X(t+1) $ *X(t+1+c)*. This
probability, in turn, can be written as a messy but computable multiple integral. Thus to
some extent the performance of Chase’s algorithm can be computed analytically.
Unfortunately, as c increases, the approximation suggested by the above argument
becomes increasingly poor and it is necessary to resort to extensive Monte Carlo
simulation to obtain performance curves, for it is the presence of type I errors that makes



Chase’s algorithm inferior to MLD. When a substantial fraction of the decoder’s errors are
type II, it is clear that MLD has been closely approximated.

Before giving our numerical results, we include a brief discussion of the selection of the
codes to be evaluated. Our first requirement was that an efficient BDA be available. This
basically limited the available codes to be either very short, or BCH codes. But we still
needed some further preliminary figure of merit to screen candidate codes. Now it is
known (see Chase [2], for example) that the bit error probability of a block code Pe and the
bit signal-to-noise ratio ( = Eb/No are asymptotically related by the formula

where Q = R·d, the product of the code’s rate and minimum distance. (This formula also
holds for convolutional codes with d = the free distance). Hence among codes of
approximately equal implementational complexity we tended to favor those with large
values of Q. Incidentally, since Berlekamp [1] showed that long BCH codes have d ~ 2n
log R-1/log2n, it follows that for large n the “best” BCH codes for a Gaussian channel have
R = 1/3 = .368. Similarly if the asymptotic relationship between d and n for the best block
codes is given by the Gilbert bound R = 1 - H2(d/n), where H2 is the binary entropy
function, it follows that the rate of the best long block codes for the Gaussian channel is
R = .379 or so.

3.   Numerical Results

We present in this section the results of applying Chase’s algorithm to four binary codes.
In each of our figures, we plot log10(Pe) vs. 10 log10(() where Pe is the bit error probability
and y = Eb/No = 1/(2RF2) is the bit signal-to-noise ratio. For reference purposes we have
also included two “standard” dashed curves in each figure. The upper curve with the
smaller slope) represents “no coding” which can be viewed as a (1,1) block code with
Q = 1. The lower (steeper) curve represents the performance of a constraint-length 7, rate
1/2 (dfree = 10, Q = 5) convolutional code with MLD (Viterbi) decoding. This coded
system is a good approximation to the “state of the art” on the Gaussian channel; indeed it
will be implemented on all of NASA’s Mariner-class interplanetary spacecraft after 1976.

(23,12) Golay code (figure 1). Although the MLD performance of this code was already
evaluated by Chase, indeed even earlier by Weldon, we include it for completeness. The
BDA we used was merely syndrome-table lookup and so was very fast. The nice thing
about such a short code is that MLD is already extremely closely approximated (as Chase
pointed out) at c = 4. In fact at c = 4 and ( = 2.1 dB, more than 70% of all decoder errors
were type II. At c = 7 the percentage is over 95%. It is interesting to note that this code is
superior to the convolutional code if ( < ~ 2 dB and not much inferior out to about 3 dB.



Since the NASA application mentioned above is at about 2.5 dB, the Golay code with a
c=4 Chase decoder could have been a non-trivial competitor for the convolutional code.

(32,16) second-order Reed-Muller code (figure 2); d=8, Q=4. The BDA was Reed’s
majority-logic algorithm. Already for such a short code we see that MLD is not
approached nearly as quickly., For example at ( = 2.0 dB, at c = 4 only 5% of the errors
were type II, and at c = 7 the percentage is still only 47%. The conclusion is to obtain
near-MLD performance c = 7 or 8 is required.

(63,36) 5-error correcting BCH code (figure 3). Here d = 11, Q = 6.29. Here we see that
at c = 10, the code is definitely superior to the convolutional code. Furthermore MLD is
closely approximated, since at c = 10 and ( = 2.1 dB, 33% of the errors are type II.

(95,39) 9-error correcting shortened BCH code (figure 4). Here d = 19, Q = 7.8. Here
we do not know where the MLD curve lies, for even at c = 20 no type II errors occurred!
This fact, once discovered empirically, made the computation of the c = 20 curve
somewhat easier, as mentioned in section 2.

4.   Conclusions and Suggestions for Future Research

First, we conclude that there are many block codes of length  # 100 with extremely
attractive MLD performance on a Gaussian channel. (No doubt there are many whose
performance is even much better than those in figures 1-4; but at present it is impossible to
estimate MLD performance if a BDA for the code does not exist.) Second, we conclude
that BCH codes decoded via Berlekamp’s BDA and Chase’s idea are “close” to being
practical competitors to short-constraint length convolutional codes with Viterbi decoding.
This conclusion is based partly on the results of this paper and partly on private
communications with Berlekamp, who informs us that his algorithm can be modified to
accommodate “bit Chasing” with c =15 and bit rates of the order of 105/sec.

Finally, we believe this subject to be extremely ripe for further research. One question
which definitely merits attention is this. It is possible to view Chase’s algorithm as a way
to help the binary decoder by “guessing” the locations of some of the errors on the basis of
the reliabilities "i. Chase suggests guessing all possible error patterns which are wholly
confined to the least reliable c digits of the received codeword, a total of 2c guesses.
Surely, given a willingness to make 2c guesses, there must be a “better” set of guesses to
try. But what is a better set? We do not know. Also, since it is clear that the value of c
necessary to approximate MLD increases rapidly with n, we are motivated to find good
BDA’s for powerful short codes. For example, the (48,24) quadratic residue code has
d =12, Q = 6, and MLD could no doubt be well approximated by c = 8 or so. But so far as
we know, no decent BDA exists for this code!
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*f(t) can even be constant over the entire interval T, but the integration time T c must be small
compared to T.

ASYMPTOTIC PERFORMANCE OF THREE HARD-LIMITING
NONCOHERENT CORRELATOR-ENVELOPE DETECTORS

ANDREW J. VITERBI
LINKABET Corp.

San Diego, California

Abstract.   Three suboptimal correlator-envelope detectors are analyzed for the
noncoherent detection of one of M signals. Suboptimality is introduced in each case by
hard limiters which serve the dual purpose of providing automatic gain control (AGC) and
simplifying mechanization. The first two, bandpass limiter preceding the detector and hard
limiter in each channel, are well known and included for comparison. The third which is
like the second, but with the additional feature of comparison weighting of the limiter
outputs, is shown to exhibit an asymptotic performance within 0.25 dB of the bandpass
limiter.

Introduction.   The three devices shown in Figure 1a, b, c are suboptimal correlator-
envelope detectors for noncoherent detection of one of M signals. The hard limiters serve
the dual purpose of simplifying mechanization and providing automatic gain control
(AGC).

The received signal is

where  is arbitrary, n(t) is additive white Gaussian noise and the baseband waveform f(t) is
a binary sequence of value ± 1, which is piecewise constant* over each subinterval (k-1)Tc

< t < kTc, k = 1, 2, ..., N, where NTc = T. The only requirement for the accuracy of our
asymptotic analysis is N >> 1.

Performance analyses of the first two mechanizations are well known. They are included
here for completeness and comparison. The third system was recently proposed by A. L.
Covitt [1]. The asymptotic degradation in performance for each, relative to the ideal
correlator-envelope detector, is summarized in Table 1.



Figure 1a  Bandpass Limiter Preceding Detector

Figure 1b  Hard Limiters in Both Channels



Figure 1c   Hard Limiters with Comparison Weighting

Table 1  Asymptotic Performance Summary



** Throughout we omit the time index of the integrator outputs, since they are independent
identically distributed variables, until the last step in which they are summed.

Bandpass Limiter Preceding Detector.   The asymptotic degradation due to the
bandpass limiter shown in Figure 1a has been known to be equivalent to an energy-to-
noise (,/No) reduction of B/4 (-1 dB) since the well-known early work of Davenport [2],
but here we give a simpler derivation due to Aein [3] which is representative of the
asymptotic analysis which can be used in all three cases.

The bandpass limiter is basically just an AGC device which forces the two-dimensional
received signal vector to lie on the unit circle in the complex plane. This is illustrated in
Figure 2. In the absence of the limiter, the x and y channels of the detector at the integrator
output would be**

Figure 2  Signal and Noise Vectors and Chip Integrator Output



where nx and ny are independent zero mean Gaussian variables of variance No/2 and ,c =
STc is the “chip” energy. The bandpass limiter normalizes the magnitude of the vector and
the resulting outputs become

where a = ±1 depending on the sign of f(t) during the interval, and R, = N + 2 where 2 is a
random variable with p.d.f. [4]

Thus

Now since N and 2 are independent

where



Thus

Similarly

since E(sin 2 cos 2) = 0. Now

and hence

Note also that

Now since the noise is white, successive chip statistics are independent. Also

where the indices represent the position in the sequence of the i.i.d. variables x' and y' .
Since a2

k = 1 for all k, it follows that the output of the summers, X and Y, have means equal
to N times the individual chip means with a-1 eliminated and variances equal to N/2. Thus
letting , = N,c, we have at the detector output the effective SNR

This result is just B/4 times the corresponding signal-to-noise ratio without the bandpass
limiter; hence the 1 dB degradation.

Hard Limiters in Both Channels.   The analysis for the detector of Figure 1b is even
more classical, being an elementary result in nonparametric detection. In this case



Thus

and similarly

It is easily seen that the variances are

Similarly

while

Thus proceeding as before we have the effective SNR

for a degradation of 2/B (-2 dB).

Hard Limiters with Comparison Weighting.   In the system
of Figure 1c, the key variables are



Thus

while

Now as depicted in Figure 3, the four terms in the expression for the mean can be written
as

Figure 3  Integration Regions for System of Figure 1c



But since

It follows that

This

Similarly



Also

Thus we may proceed as before to obtain the effective output SNR.

Since C is an arbitrary variable, it may be chosen to maximize the SNR. The result is
 for which

for which

For the more practical choice C = 1/2, we have

Conclusions.   Table 1 summarizes the asymptotic performance degradation of the three
detectors relative to an ideal noncoherent correlator-envelope detector.

Thus it appears that comparison weighting restores about 0.66 dB of the loss due to the
hard limiters in both channels and it lies only about 0.25 dB from the bandpass limiter
result. This is not surprising since the latter represents the case where the vector is
normalized to the unit circle, the two hard limiters quantize to the 4 quadrants, while
comparison weighting extends this approximately to the eight octants.

Caution should be exercised in using these asymptotic results when N is small (less than
10).
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ON THE CONCATENATION OF SELF-ORTHOGONAL CODES

W.W. WU
COMSAT Labs.
Clarksburg, Md.

Summary.   The concatenation of convolutional self-orthogonal codes with threshold
decoding is suggested on the basis of extensive error run length statistical observations at
the outputs of the decoders. Simulation results are reported and some discussion is
provided.

Introduction.   One of the undesirable properties of the concatenation of codes is that the
output of the inner decoder produces additional, and sometimes unpredictable, errors when
the design capability of the decoder is exceeded by a larger number of channel errors. This
phenomenon has been observed in powerful decoders such as those used with BCH, Reed-
Solomon, and Viterbi codes. Very often these decoders have been known to produce
bursty errors. When they are used as inner decoders, the burst errors have traditionally
been handled by concatenation of either a multiple-burst error correcting outer decoder or
an interleaved random error correcting outer decoder. Such a scheme increases the
complexity of the overall decoder. The error generation phenomenon in an error correction
decoder limits the usefulness of coding in some applications.

On the basis of extensive run length statistical observations at the outputs of the decoders,
the concatenation of convolutional self-orthogonal codes with threshold decoding is
suggested. Computer simulation results will be presented for two representative codes.
The first codec evaluated is a code with a constraint length of 80, a rate of 0.75, and a
minimum distance of 5. The second codec has a constraint length of 376 and a rate of
0.875. Note that the code’s constraint length is defined as the product of the number of
encoder outputs and the maximum length of the encoder shift registers plus one.

Results.   Table 1 gives the measured performance of the rate 0.75 code. P is the specified
channel error rate from the IBM standard Gaussian random number generation subroutine.
The initial condition is X, and the corresponding distribution location is XX. Pa is the
measured simulation channel error rate for a given P. The differences between P and Pa in
this case are noticeable. Pe is the measured error rate after decoding. Since the constraint
length of the code is relatively short, 1000 bits of data are considered sufficient for each



computer run. This assumption is substantiated in Figures 1 and 2. Figure 1 is a run for
8 x 105 bits with a channel error rate of 10-2 . The decoder output error rate is about
2 x 10-3. Figure 2 is a run for 2 x 105 bits with a channel error rate of 5 x 10-3. The decoder
improves this error rate to 8 x 10-4.

Table 1.  Measured Performance of the Rate 0.75 Codec

Specified
Channel

Error Rate,
P

Distribution
Location,

XX

Measured
Channel

Error Rate,
Pa

Decoder
Output

Error Rate,
Pe

0.007
0.01
0.03
0.158
0.291
0.383
0.500

2.40
2.35
2.00
1.00
0.55
0.30
0.00

0.009
0.022
0.036
0.200
0.367
0.473
0.637

0.002
0.015
0.027
0.178
0.273
0.355
0.459

An interesting observation from Table 1 is that Pe is always less than Pa. This observation
indicates that, when the capability of the inner codec is exceeded, additional errors or burst
errors need not result if self-orthogonal codes are used. Of course, self-orthogonal codes
without interleaving are basically random error correcting codes. Accordingly, a channel
which exhibits random errors, such as a channel in the space segment of a satellite
communications system, is assumed. If a burst error channel must be considered, self-
orthogonal codes can be interleaved to varying degrees to overcome burst errors.

To investigate the behavior of the decoder, the probabilistic values of Table 1 are
insufficient. Hence, extensive run length statistics have been obtained. (The run length
statistics used herein indicate the frequency of the number of error-free digits between two
error digits.) Since the point of interest is a high-error-rate channel, the measured data for
two noisy channel values are presented in this paper. These values are all beyond the
capability of the decoder according to the feedback minimum distance criterion.

Figures 3 and 4 are two typical runs of the rate 0.75 codec. The total number of errors for
1002 bits in Figure 3 is 367. The total number of errors for the same number of bits in
Figure 4 is 637.



In the low values of the run length scale, which correspond to a bursty error pattern, the
decoder, which provides random error correction, may produce additional errors with burst
error characteristics at its output. However, the data indicate that the decoder always
attempts to correct random errors regardless of the channel error rate. The results show
that the decoders always reduce the error probability, even when the large number of
burst-patterned channel errors is taken into account.

Multistage Concatenation.   One of the attractive features of convolutional self-
orthogonal code concatenation is the large number of such codes. In particular, there is a
large number of high-rate codes.1,2 To preserve the communications efficiency, high-rate
self-orthogonal codes may be connected in multiple stages and a high transmission rate
may be maintained.

As an example, the following 3-stage concatenation scheme, shown in Figure 5, is
considered for domestic satellite applications. The three codec pairs are identical. The
codes, which are rate 0.875 codes of constraint length 376, have been used in the
INTELSAT single-channel-per-carrier system. The E’s are the encoders and the D’s are
the decoders. The coding rate decreases from 0.875 to 0.76 and 0.67 when the identical
codes are concatenated. For a channel bit-error rate of 10-2, the attainable error rate
improvements are 2 x 10-3, 10-4, and 2.5 x 10-8, respectively.

Self-orthogonal codes used for concatenation need not be identical. However, identical
codecs are easier to produce. From a practical point of view, if each codec is implemented
in a logical board, then the self-orthogonal code concatenation becomes a “plug-in” codec.
Economically, the advantage of such an implementation is self-evident.

Concluding remarks.   Due to the existence of a large number of convolutional self-
orthogonal codes, various rates and error rate improvements are possible with proper code
concatenation. Self-orthogonal codes are well known for simple decoding. In this paper
some interesting facts about threshold decoding of self-orthogonal codes have been
presented. The fact that a self-orthogonal threshold decoder always attempts to correct
errors in a noisy channel is not true of other error correcting codes, including the most
powerful ones. Such a decoding property is not only desirable for concatenation, but is
also useful in the design of a coded communications system.

The simulation results seem to indicate an important distinction. That is, threshold
decoding of non-self-orthogonal codes has resulted in error propagation, while threshold
decoding of self-orthogonal codes has not.

Why do threshold decoders for convolutional self-orthogonal codes exhibit such interesting
properties? A simple explanation is as follows: As the number of channel errors increases,



the average weight of the syndrome sequence increases, causing more error indications.
However, the nonzero feedback digits always seem to reduce the weight of the syndrome,
thus minimizing the effect of false error indication. As a result, this syndrome feedback
error propagation suppression phenomenon is responsible for the desirable code properties
described herein. This fact has been verified through simulations with and without
feedback.

Figure 1.  Decoder Performance at Channel Error Rate of 10-2



Figure 2.  Decoder Performance at Channel Error Rate of 5 X 10-3

Figure 3.  Run Length Statistics Figure 4. Run Length
for Channel Error Rate of 0.368 Statistics for Channel

Error Rate of 0.639



Figure 5.  A 3-Stage Concatenation

1  W. W. Wu, “New Convolutional Codes-Part I,” IEEE Transactions on Communications,
September 1975.

2  W. W. Wu, “New Convolutional Codes-Part II,” to be published in IEEE Transactions
on Communications.



*Throughout this paper the operations denoted by the symbols “+” and “G” refer to modulo 2
addition (Exclusive OR function) between corresponding pairs of binary variables. The sole
exception is when the “+” operation appears in an expression involving variables defined as
indicies. In these cases ordinary addition is implied.

CORRECTION OF BURST ERRORS CONTAINING BIT
SLIPPAGES FOR CYCLIC BLOCK CODES

EDWARD P. GREEN
Goddard Space Flight Center of NASA

Summary.   Conventional burst error correction techniques for (n,k) cyclic block codes
cannot cope with the presence of bit slippages that frequently occur in conjunction with
burst errors of the bit inversion variety. A technique is described to enable the correction
of an (n,k) cyclic code subjected to a noise disturbance consisting of an arbitrary number
of both bit deletions and bit inversions contained within a single error burst. An efficient
implementation of a Burst/Deletion Correction Decoder is presented. Although bit
insertion correction is conceptually similar to that of bit deletions, the decoder
implementation for combined insertion and inversion correction within a burst is much
more cumbersome. The probabilities of false correction are analyzed.

Introduction.   Let C be a codeword of an (n,k) binary cyclic block code where

(1

Let R(i) be the binary sequence representing the coefficients of the remainder polynomial
generated when Xi is divided, using modulo 2 arithmetic, by the generating polynomial of
the code, P(X). R(i) will be of order (n-k-1) or less.

If = †=‡n-1,‡n-2,..., ‡1,ê0 is the n-bit block received in response to the transmission of C, the
initial error syndrome of † is given by*

(2

S0 will be identically zero if no errors have occurred in the transmission. Consider now the
case of a b-bit error burst (b< n-k) in which no bit slippage occurs. In this case, † can be
represented as

(3



** Meggitt, J.E., “Error-Correcting Codes and their Implementation for Data Transmission
Systems,” IRE Transactions on Information Theory, IT-7, pp 234-244, October 1961.

where the b-bits within the error burst are denoted by “$” and occupy the j to (j+b-1)
positions of the block. The initial error syndrome computed from † is

(4

Let $i = ci + (i.. Thus (i = 1 if and only if ci … $i. Then

(5

The first summation is identically zero. Hence

(6

Following the procedure described by Meggitt**, the correction of a b-bit (or less) burst a
be attempted by first loading S0 into an (n-k) order feedback shift register with taps
selected for the code’s generating polynomial. The register is then successively shifted one
bit position in the direction of lower order. After j’ such cyclic shifts, the adjusted
syndrome is

(7

When j’ = j, the adjusted syndrome becomes

(8

Since b<n-k, all the R(i) terms (0#i# b-1) are all zero except for a single “1” bit in the i-th
order position. Thus a correctable b-bit burst starting in the j bit position can be recognized
by an adjusted syndrome pattern, Sj, having zeros in the high order (n-k-b) bit positions.
The burst error can be corrected by inverting the j through (j+b-1) bits in the received
block if the associated syndrome bit (i.e. 0 through b-1) contains a “1”.



Here it will be presumed that the “m” deleted bits occurred contiguously at the low order
end of the error burst. As previously stated this does not have to be true in fact; however,
the algorithm will make the proper correction to the (b-m) received burst error bits so as to
compensate for any error in the above presumption. The initial error syndrome, S0(m),
generated from (9 is

(10

Again let $i = ci + (i. Then

(11

If S0(m) is cyclically shifted one bit position towards higher order in the code’s feedback
shift register, the result is

(12

Now set j = 0 where “j” is a slip position index and form the sum Dm = ‡j+m + ‡j. Cyclically
shift the previously obtained syndrome value obtained above, one bit position towards
lower order in a feedback shift register with taps selected for the code’s generating
polynomial. In addition, complement the least significant bit position of the syndrome
register if Dm = 1. After the first iteration, the adjusted syndrome pattern, S1(m), is given
by



(13

Note that the Dm -controlled inversion has “corrected” the syndrome pattern, if necessary,
for an m-bit deletion starting in the zero-th order position of the block. In effect the ‡m bit
has been copied into the ‡0 bit position and the syndrome has been adjusted if ‡m … ‡0.
With each sequential iteration, the syndrome will be corrected (if necessary) for the
presumed m-bit deletion starting at the next higher order position. After a total of
m-iterations, the adjusted syndrome will be

(14

At this point the effect of the possibly erroneous “m” error fill bits have been eliminated
due to successive cancellation of any improper syndrome terms which may have been
initially generated. After “j” iterations the adjusted syndrome will be

(15

Now add the terms

(which are, of course, identically zero) to the right side of (15 and rearrange terms. Thus,

(16

The first summation represents the syndrome pattern of a valid codeword shifted right “j”
times. Since the initial syndrome would be zero for a codeword, it will remain zero after
any number of cyclic shifts. Thus,

(17

since b<n-k, all R(i) terms for i#b will have a single “1” bit in the i-th order position and
“0”s elsewhere. Thus a correctable b (or less) bit burst error with an m-bit deletion
imbedded therein which starts at the (j+m) order position of the received block can be
recognized if, after j iterations, the adjusted syndrome contains a “0” in the zero-order



position and zeros in all positions from the (b+l) through (n-k-1) order positions. When a
correctable syndrome pattern is detected after iterations, the decoder will output a valid
codeword,                                    where

(18

where si is the i-order bit position of the correctable syndrome pattern.

Burst/Deletion Decoder Implementation.   In order to construct a decoder that will
correct an m-bit deletion where m=0 (i.e. no bit slippage) and m = 1,2,...,M; a total of M+l
identical syndrome registers would be used. Each register would have (n-k) stages. The
major elements of such a decoder are shown in the diagram. The figure does not show the
control subsystem nor the initial syndrome generator. The initialization process would
consist of inputting the n-bit received block into the Data Register and generating the
initial error syndrome. Assuming a non-zero syndrome pattern, the syndrome pattern
would be cyclically shifted one bit position towards higher order and this pattern would be
loaded into each of the M+l syndrome registers. The Data Register and each of the M+l
syndrome registers would be cyclically shifted right one bit position. A correctable error
pattern containing an m-bit deletion will be recognized by a Lm = 1 state. If Lm = 0 for
0#m#M at a given trial position, then the above process is repeated for a total of “in”
iterations. If, at the j-th iteration, a Lm = 1 state was observed, the decoder would store the
burst start index (j), the bit deletion count (m), and the b-bit error locator field from the
Sm-Register. Because of the possibility of false correction, it may be desirable to
implement the decoder to proceed through all “in” trial positions even if an apparent
correctable condition is found near the beginning. Upon completing the entire n-bit cycle,
the Data Register will be restored to its original condition. If a single correctable error
condition were found during the cycle, the decoder will output a valid codeword using the
correction procedure described by (18. For a well-designed system the occurance of
multiple discrete correctable syndrome conditions will be very rare; nevertheless, it is not
possible to completely eliminate this possibility.

False Correction Probability.   The analysis of the performance of burst/deletion
correction decoders differs from that of a conventional linear error correction decoder in
that the false correction probability depends upon the data pattern of the transmitted block
as well as the bit error distribution. This is because bit slippages, when they occur,
displace the remaining bits of the block so that the initial error syndrome depends not only
upon the noise burst but also upon the properly detected but misregistered bits from the 



***Greene, E.P., “Error Correction Decoding of Block Codes Received with Bit Slippages,”
NASA/GSFC Document X-530-75-68, March, 1975.

point of the bit slippage. In the case of a b-bit burst with an m-bit deletion imbedded
therein, the initial error syndrome is given in (11 and can be rewritten as

(19

The bit slippage will, in general, result in a very large number of nonzero terms in the
S0(m) pattern. The analysis of the false correction characteristics must necessarily proceed
on a probabilistic rather than a deterministic basis. Throughout this analysis it will be
assumed that th initial syndrome pattern and all intermediary adjusted syndrome patterns
are completely random (i.e. a zero autocorrelation function and p(0)=p(l) for each bit
position) until the decoder is aligned on the actual error condition. Hence, at each trial
position, the probability that Lm=1 is simply 2k+b-n. For M+l separate syndrome registers,
the probability of one of these registers signalling a correctable error condition at any slip
position is approximately pf where pf • (M+1).2k+b-n. The probability that one or more false
correction conditions will be encountered as the decoder scans through the n-bit block is Pf

where for n.pf<<1,

(20

Thus it is possible to reduce the probability of false correction to an acceptable level by a
judicious choice of code parameters. As an example, a Pf  = 10-6 can be obtained using a
decoder capable of correcting up to ten error burst bits with up to three bit deletions for a
(1000,958) code.

Bit Slippages Involving Bit Insertions.   While conceptually similar to bit deletion
correction, the decoder implementation for bit insertion correction is considerably more
cumbersome. The m-bit deletion correction algorithm essentially moves sequential bits in
the block to an m-bit lower position and adjusts the syndrome accordingly. For m-bit
insertions, the opposite procedure would be used. The sequential bits would be moved
“m” bits towards higher order. This part is simple and can easily be implemented.***

However the problem arises when one attempts to correct both inversion errors and
insertion errors within a single burst. Due to the m-bit insertion, the low order m-bits of the
codeword were never received and thus the decoder will have to reconstruct them.
Similarly the decoder will, in general, have to flip bits due to inversion errors within the
burst. The missing “m” low order bits and the inversion error bits are usually not
contiguous in the block. It is possible to develop a procedure that will move either type of
error to the low-order-syndrome position where the error can be conveniently recognized,
but it is not possible to do them both simultaneously. If the syndrome error terms for the



missing “m” bits are kept in the low order positions, the inversion error syndrome will pop
up in a high order position where it is not easily recognizable. Regressing the inversion
error syndrome to the low order position will cause the syndrome terms for the missing
m-bits to shift to an equally unrecognizable position. The problem is avoided in the case of
the m-bit deletions imbedded in a b-bit error burst because the syndrome terms due to the
bit deletions and the bit inversions are contiguous within a b-order range.

Conclusion.   Modern communications channels almost universally rely on the principle
that an oscillator in the receiver is maintained locked in phase and frequency with an
oscillator in the transmitter. Phased Locked Loops (PLLs) are usually employed within the
receiver to insure phase coherency between the oscillators. However, during periods when
the channel is subjected to noise bursts, phase lock is often lost and the receiver must
make bit decisions without benefit of corrective synchronization feedback. As a result bit
slippage errors are often interspersed within an error burst and conventional burst error
correction decoding cannot cope with errors of this type.

The algorithm and decoder implementation presented herein can be easily applied to
correct both bit inversion and bit deletion errors contained within a single error burst of a
received (n,k) cyclic block code. It can be adapted to existing communications channels
employing (n,k) cyclic coding without any changes to the encoder.

Combined inversion and insertion correction is more difficult to implement but in many
cases the need for insertion correction can be eliminated. While it is not possible to
eliminate bit slippages within a communications channel, it may be feasible to bias the
oscillator in the receiver so that bit slippages, when they occur, are of the type that can be
corrected. Thus, when the PLL loses lock, the master oscillator could be biased to drift
towards lower frequency thereby risking the possibility of bit deletions but eliminating the
possibility of bit insertions.



Principal Elements of Burst/Deletion Correction Decoder
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SESSION OPENING COMMENT: THE BROAD ECONOMIC
IMPORTANCE OF SERVICE APPLICATIONS

HOWARD H. HUPE
Director of Systems Studies

Dept. of Health, Education, and Welfare

In the face of the serious economic problems facing the nation and each of us individually,
we might wonder if the subject which brings us here today is really important or just of
passing interest - a kind of hobby or curiousity. I believe the use of telecommunications to
serve a variety of social needs is of immediate and fundamental importance.

Increased productivity and efficiency is the most fundamental cure for the problems of
inflation and for the maintenance and improvement of the nation’s standard of living in the
face of rising costs, natural resource limitations and limited budgets. This is true for the
economy in general and is especially important, for example, to federal and local
governmental agencies faced with ever increasing demands for services and, at the same
time, frozen budgets which often represent decreasing resources in real (i.e., inflation
adjusted) terms.

While technology has been advancing manufacturing productivity for centuries, many
services - including government supplied or aided services and internal government
operations - are still rendered individually, face-to-face with little or no “technological”
amplification of human effort. The importance of this service sector of our economy is
clear when we realize that services represent over 40 percent of the nation’s gross national
product and nearly all of government agencies’ contribution.

Undoubtedly, some services must, at least in part, be individually delivered. But where
these services involve information transfer or communication, it is possible that modern
communications can vastly increase the productivity of the service supplier. This is
accomplished by increasing his outreach with respect to numbers and locations of clients
served, decreasing his information delivery costs, and increasing the variety of services
which are therefore economically feasible. Examples of these potential benefits may be
found in the areas of educational programming; public information distribution - such as
locally accessible information on agriculture, consumer advice, employment, medical and
health care, social service availability, eligibility and procedures, business and economic
data, etc; and criminal justice and crime prevention.



Such improvements to the efficiency and effectiveness of the supplier of informational
services represents an improvement in productivity and therefore a genuine attack on the
roots of inflation and a stimulus to growth and higher living standard (in at least the
services-related aspect). Technological amplification of human effort can result in the
delivery of more and better informational services to more people at less cost.

It would be foolish to claim that this represents the answer to all our problems, but it
would be equally foolish to fail to recognize that our efforts in these areas represent real
and powerful influences in the right direction. The application of telecommunications
technology to social service delivery may interest some of us greatly and leave others cold,
but we have much more compelling reasons for exercising our imaginations and efforts
along these lines.



TELECOMMUNICATIONS, HEALTH AND EDUCATION

RALPH P. CHRISTENSON, M.D.
Division Director for the Mountain States Health Corp.

Summary.   Prior to 1971 there were many experiments conducted in order to
demonstrate or test the feasibility, acceptance and effectiveness of communications
technology applied to health care and education systems. Within the past year two groups
of experiments were completed. One, utilizing terrestrial broad band systems, included
seven separate applications. The other, which utilized the National Aeronautics and Space
Administration’s Applications Technology Satellite Six (ATS-6), had five experiments in
health care and education. Each of these experiments is briefly described. Further
experimentation is needed with special emphasis being given to the impact of technology
on human systems. There is growing acceptance of the fact that demonstrations of
feasibility are no longer needed.

This particular session is concerned with “Telemetry for the Benefit of Mankind.” I will
assume that telecommunications is not excluded and that I can spend my time in describing
some of the applications of communications technology to health care delivery and health
education. I will not attempt to include all applications but will limit my attention to those
that seem most timely and effective. Since all applications that will be mentioned were
experimental in nature, concerned largely with feasibility and effectiveness, cost-benefits
were incidental considerations.

However, there is now growing acceptance of the fact that experiments concerned with
feasibility are no longer needed. This is one of the fundamental precepts upon which the
Public Service Satellite Consortium, Inc. was organized. This new development will be
discussed briefly later on in this presentation.

If we are to successfully and usefully introduce technical and scientific advances into
health care systems, attention must be given to operational systems in which costs are
carefully examined and the impact of new technology on existing health care systems is
evaluated. What changes in personnel behavior are required if new innovative systems are
to be used effectively and advantageously? What disruptions in associated systems occur
as a result of changes in the systems to which technology has been applied? There are
many questions of social, economic, political and humanistic nature that must be
considered when we begin to plan telecommunications applications for the future “benefit”
of mankind.



At this point, I should like to quote a friend of mine, Dr. Lawrence M. Gould, Geologist
and Chief Scientist with the first expedition made to the South Pole by Admiral Richard
Byrd. Speaking at the dedication of the Earth Sciences Center at the Arizona-Sonora
Desert Museum Dr. Gould said, “Technology has gotten us into a lot of trouble, but that
isn’t the fault of technology. You know there is a kind of basic assumption in the minds of
many people that when we learn we can do something, we ought to do it. You may
remember when there was a debate in the Congress over whether we should manufacture
the Supersonic Transport or not, one Congressman said, ‘Yes, we must. If we don’t do so,
it will be the first technology we have perfected and not used.’” Dr. Gould goes on to say
“we must learn what not to do.”

Decisions will have to be made concerning when broad-band communication is most
desirable and effective. What are the advantages of motion and color and the ability to
interact on a real time basis?

The applications of telecommunications to health care delivery have been studied
extensively by individuals and organizations funded by DHEW which has had a
$50,000,000 yearly investment in biomedical communications projects.

I have been asked to bring to your attention some of the more significant experiments that
have been carried out in applying telecommunications technology to health care and health
education systems.

Rather than attempt a survey or “listing” of what experimental applications of
telecommunications to health have been made, I have selected two major, recent groups of
experiments to describe because I believe they demonstrate most of the technologies.
More than most earlier experiments, they address some of the questions that have to do
with relationships, impact, etc., on people and people’s problems in health. Who does
what to whom and why do they do it (or why is it done). Engineers and other scientists can
tell us “how.” Costs are not always clearly seen. Benefits continue to be hard to identify
and measure.

I will also comment briefly on the experiments with ATS-1 that were carried out in
cooperation with the Indian Health Service in Alaska. This particular experiment
emphasizes so dramatically the value of being able to “talk” when that communication
mode has not previously been available. I believe it also suggests that those who want to
introduce new systems must look carefully at what changes are truly necessary and
desirable before irrevocable decisions are made.

The following list of projects is not intended to ignore many earlier experiments in
telemedicine such as those of Dr. Kenneth Bird in Boston.



In June 1972, seven exploratory two-way visual telecommunication projects were funded
by the Division of Health Care Information Systems and Technology (Bureau of Health
Services Research HRA) DHEW to (1) gain clinical impressions of the utility of this
technology; (2) develop methods for assessing the utility; and, (3) develop a framework for
further research in the logistics of health care delivery.

I have had some first-hand experience with some of these seven experiments. The others I
know by word -of -mouth and reading. in brief, they are as follows:

1. Illinois Mental Health Institute.  A 12 -unit picture phone network in a health care
system that consisted of two neighborhood mental health clinics, a school for
emotionally disturbed children and three psychiatric clinics to provide instantaneous
consultation.

2. Case Western Reserve.  Use of laser link (two-way, wide band audio-visual and
data communication) designed to support nurse anesthesist at night at Veterans
Administration Hospital by having anesthesiologist at Case Western Reserve
monitor visual signs, electrocardiograms, etc. Systems provided voice
communication and black and white T.V. signal to V.A. Hospital.

3. Cambridge Hospital.  Evaluation of video augmented consultation system between
physician extenders (nurse practitioners) in three satellite health clinics in East
Cambridge, Massachusetts.

4. Bethany Brethern--Chicago Westside Ghetto.  Experiment included two community
hospitals, three medical clinics and a drug awareness clinic staffed by ex-addicts. It
utilized picture phones and video frame storage discs by cable, microwave and
infrared for transmitting medical records from point to point.

5. Lakeview Experiment.  Connected geographically dispersed group practices with
bidirectional cable links, joined two clinics and a one hundred-ten bed hospital.

6. Dartmouth Experiment.  Two -way T.V. support of (1) speech therapy and (2)
remote dermatologist.

7. Mt. Sinai Experiment.  Explored feasibility of providing coverage of neighborhood
pediatric clinic in housing project in East Harlem.

There are available to you two documents that describe and comment on these
experiments: (1) The Dr. Maxine Rockoff Paper; and, (2) The Mitre Evaluation Benefits
and Problems of Seven Exploratory Telemedicine Projects.



1“An Overview of Some Technological/Health Care System Implications of Seven Exploratory
Broad-Band Communication Experiments.” Transactions on Communications, Institute of
Electrical and Electronics Engineers, January 1975, p. 29

2Benefits and Problems of Seven Exploratory Telemedicine Projects. The Mitre Corporation,
February 1975, p. 19

From each of these I wish to make one short quote --- (1) The Dr. Maxine Rockoff Paper.
“What started out as a program to assess the potential utility of visual telecommunication
in health care systems taught us more than anything else that this utility will have to be
determined not by communications engineers alone but rather by communications
engineers in partnership with biomedical engineers, health care consumers, health care
providers, health care system planners, economists, sociologists, psychologists, lawyers
and legislators.”1

(2)  The Mitre Evaluation. “The net effects of visual communications were almost
exclusively beneficial for the patients. New services were provided to the patients by the
telemedicine system that were not available before its introduction. Patients accept the
recommendations of their doctors and rely on their judgment. As such, no appreciable
patient dissatisfaction with telemedicine care was detected or registered. It would appear
that from all projects the patients received increased quality of care in one form or another
(e.g. received emergency treatment sooner, received physician supervision of non-
physician and received specialist consultation where it wasn’t available previously).”2

Beginning in 1971 the Lister Hill National Center for Biomedical Communications (NLM)
in cooperation with the Indian Health Service carried out experiments with ATS-I in the
Yukon Basin of Alaska. Here 26 low-power ground stations formed a network that, for the
first time ever, provided reliable voice contact between native Health Service doctors at
area hospitals and village aides widely scattered in small remote villages throughout the
Yukon Basin. The provision of reliable, regular, voice contact generated great expectations
on the part of Alaskan natives as well as the providers of health care. Although the initial
experimental activities are finished, ATS-I continues to provide valuable service in
supporting healthcare, education, and emergency services in Alaska. ATS-I was also
included as part of the communication system used by the Indian Health Service when
ATS-6 experiments were conducted.

In 1974 a series of experiments in health care and education was begun utilizing the
National Aeronautic and Space Administration’s Applications Technology Satellite Six
(ATS-6). This satellite permitted ground reception with low-cost antennae systems and
provided both audio and video capability. I will mention these experiments only briefly and
suggest that you consult the list of presentations made at the July 21-24 meetings of the
American Institute of Aeronautics and Astronautics held in Denver, Colorado. Each of the
experiments considered below was discussed at considerable length at that meeting.



Veterans Administration (V.A.).  The V.A. is interested in developing new methods for
exchange of medical information to and among the more than 170 institutions in the
service. On ATS-6, 90 hours of broadcasting involving about 75 subjects were developed
and presented. The modes involved were those common to most health education
applications: medical grand rounds, video seminars, computer assisted instruction, clinics
for patients and faculties and teleconsultation. This opportunity to introduce the very latest
medical technology demonstrated by the pioneers and recognized leaders in the field, to
large audiences, at widely scattered institutions, with provision for real time interaction
with the speaker, is indeed a much appreciated application of the ATS-6 satellite system.
Extensive experiments in adult basic education, job placement and counseling, emergency
medical services and graduate in-service training were also carried out by the Appalachian
Regional Commission.

Federation of Rocky Mountain States.  The Satellite Technology Demonstration (STD)
has shown us that it is possible to maximize the application of technology and educational
television programming by involving people in the planning, development and
implementation. Even in most rural communities in the continental United States,
television via satellite is not a new experience. Our rural communities have witnessed man
walking on the moon and the Olympic games, and unless the programming is exciting it
will be difficult to maintain their attention.

The STD has made it possible for teachers in very small rural schools to receive
educational services that would otherwise not be available to them. The STD has provided
small rural schools access to information resources previously available only to larger
school districts.

University of Washington Regionalized Medical School (Washington, Alaska,
Montana, Idaho --- WAMI).  In funding the WAMI program of regional medical
education, Congress has recognized that the mobility of graduates of professional schools
makes it inappropriate for one state alone to assume sole responsibility for the education of
several states’ physicians. Regionalized graduate medical education creates many
problems in communications and movement of teaching and administrative personnel. In
the case of WAMI, it was necessary to coordinate five university faculties and local
physicians in fifteen Northwest and Alaskan communities. Some of these communities are
as far apart as New York and Los Angeles.

ATS-6 was used experimentally by the University of Washington regionalized medical
school which included instruction of medical students in four states (Washington, Alaska,
Montana, Idaho). First year instruction was provided at home state institutions.



Students at the University of Alaska, Fairbanks, enjoyed a fully interactive color television
contact with teachers at the University of Washington in Seattle.

Administrative conferences involving the cooperating universities were held and pre-
admission interviews of candidates for admission to medical school were successfully
carried out.

The University of Washington is presently planning continued experiments to be carried
out on Communication Technology Satellite (CTS) the joint enterprize of the United States
and Canada.

The ATS-6 experiment of the University of Washington also conducted clinical teaching
sessions via the television network which connected the University and Omak,
Washington where one of the clinical care units is located.

Indian Health Service.  Indian Health Service ATS-6 experiments tested the application
of television combined with a Health Information System to the problems of health care
delivery in remote areas of Alaska in which village aides provide almost all primary care to
villagers. Non-physician providers of care at Fort Yukon and Galena were able to
demonstrate patient problems to the physician at the Area Health Center Hospital at
Tanana. Voice communication was possible via ATS-I which also permitted access to the
patient data in the computers at the Health Program Systems Center of the Indian Health
Service at Tucson, Arizona.

As a follow-up of the ATS-I experiments, ATS-6 added additional fuel to the already hot
fires of expectation felt by the people of Alaska, particularly those natives immediately
affected by the communications systems. Having achieved the ability to reliably
communicate, the people will not accept a lesser substitute.

In October, 1974, at a meeting held in Palo Alto, California, initial consideration was given
to the possibility of developing a consortium for the purpose of aggregating potential users
of satellite medical services in the interest of public good. Several months, meetings, and
conversations later the Public Service Satellite Consortium was incorporated and in July
1975 this organization was funded by DHEW at almost half-a-million dollar level.

Believing, as we do, that the interests and resources of many potential users will have to be
aggregated and coordinated if a Public Service Satellite can provide cost-beneficial
services, special emphasis during the coming year will be placed on the identification of
those potential users, a specification of their needs and resources, and finally a clear
statement as to costs. This will not be an easy task. It is necessary, however.



These experiments are by no means all that have been done in an effort to determine the
feasibility, acceptance and value of telecommunications application to health care and
education. They are, however, some of the more recent. The two major communication
systems, terrestrial and satellite (ATS-6) included several experiments which have been or
will be examined or evaluated collectively.

It seems apparent to me that continued experimentation is needed in order to determine the
variety and degree of adjustment that the human elements of the service system must make
if the technological innovations are to function near full efficiency. I believe too, like Dr.
Gould, that we may sometimes have to decide “what not to do.”



SYSTEM ALTERNATIVES FOR THE PUBLIC SERVICE
SATELLITE CONSORTIUM

JAMES M. JANKY and JAMES G. POTTER
The Federation of Rocky Mountain States, Inc.

Denver, Colorado

BRUCE B. LUSIGNAN
Stanford University

Stanford, Calif.

Summary.   The purpose of the Public Service Satellite Consortium is to foster the shared
use of satellites as a distribution mechanism for social services in health and education for
public and private non-profit users. The utility of a consortium lies in its ability to
aggregate a large number of small, diverse users into a market group which can then share
the costs for the space segment and take advantage of the economies of scale in
procurement of ground equipment. A summary of the technical analysis of the alternatives
for both the space and ground segment equipments is presented, along with cost estimates.
The recommended configuration consists of 20-watt transponders and on the ground,
eight- to fifteen-foot diameter antennas, using parametric amplifiers. The capital cost for
the electronics alone for a Community Antenna is under $9,500 in quantities of 1000 units.
This low relative cost makes it possible for many new users to benefit from satellite
technology.

Introduction.   The Health-Education Telecommunications experiment (HET) on the
Applications Technology-6 (ATS-6) spacecraft has had a great deal of success in both the
technical area of delivering a high-quality video signal to low-cost ground terminals
operated by unskilled laymen, and in the quality of the programming or services provided
(1, 2, 3). This success, coupled with the transfer of ATS-6 to India for a year, has
prompted a number of the principals in the HET experiment and others to form the Public
Service Satellite Consortium (PSSC). The purpose of the consortium is to foster the shared
use of satellites as a distribution mechanism for social services in health and education for
both public and private nonprofit users. The utility of a consortium lies in its ability to
aggregate a large number of small, diverse users into a market group which can then share
the costs for the space segment and take advantage of the economies of scale in
procurement of ground station equipments. Some of the present members of the
consortium include the Corporation for Public Broadcasting, National Public Radio,
Miami-Dade Community College, the Ilinois Instructional Television Distribution



Network, the California Consortium, Stanford University, and the Telecommunications
Department of the State of Alaska.

The consortium was formed largely because there is no means of obtaining video
distribution to small, sparsely located users with small terminals from commercial common
carriers, nor is such service planned for in any of the domestic satellite systems, in spite of
the fact that the potential demand for service is large, both in terms of transponder channel
hours and number of ground terminals. In a questionnaire conducted by the ad hoc Traffic
Subcommittee of the PSSC in January, 1975, it was learned that with only 19 respondents,
including Public Broadcasting Service (PBS) programming, the total annual demand for
one-way television exceeded 31,000 channel hours. Without PBS, the demand exceeded
15,000 channel hours. The time distribution of the demand without PBS was such that
81% of the demand could be satisfied with two transponders. The peak demand was for
four transponders, and with PBS participation, the peak demand was for seven
transponders. The number of terminals reported to be needed was over 2000. A number of
respondents expressed an interest in mobile video uplinks and over 10,000 hours were
requested for two-way audio/data services.

This potentially large number of users and terminals represents a radical departure from the
present configuration of satellite communications systems, in which comparatively few
large terminals support high-density trunk traffic with 5-watt transponders. When used
with 5-watt transponders, the cost for these large terminals, and for smaller terminals
better suited to individual users needs, is in excess of $60,000 each, thus putting them
beyond the reach of most consortium members) especially when compared to HET
terminals at $4,300 each. Since we are planning a system which is so different from the
commercial operations, we have approached the analysis from the standpoint of how
things ought to be in every respect for this new type of communications user in the public
sector. We have analyzed the system alternatives using higher powered transponders from
the viewpoint of minimizing the joint costs of the space segment and ground segment,
subject to certain constraints, over a very wide range of potential demand for terminals and
transponders. The following is a description of highlights of this analysis which has been
developed over a five-year period at Stanford University and the Federation of Rocky
Mountain States.

Technical Considerations.   Based on the stated needs for service from potential users,
seven generic classes of stations have been formulated. The type of user, quantity, range of
station, function, signal quality, and redundancy needed are summarized in Table I.

The “HET” Retrofits, Community Antenna type of receivers, and the mobile video uplinks
are intended for use at the point of installation. Redistribution sites require a slightly higher
signal quality in order to eventually provide a 42 dB or better picture to the end user. PBS



*The actual location and choice of frequencies for uplinks and downlinks is critical to this
problem. Rural location will be much easier to clear than urban locations.

and NPR terminals may or may not be located at the point of use., depending on whether
or not the location can be cleared with the FCC.* If a PBS/NPR affiliate location cannot be
cleared, then another location must be found, and the signals must be brought to the point
of use via terrestrial means. A unified and systematic approach to obtaining clearances for
a large number of non-commercial users will be one of the major tasks of the consortium.

Viable Space Segment Alternatives and the Optimization Question.   The critical
question we are trying to answer is how to allocate the burden of performance between the
space segment and ground segment most economically. Consequently, the cost for
transponder time as a function of power level and the cost for ground receiver systems (in
quantity) as a function of sensitivity (G/T) is critical to this analysis. Working closely with
vendors, we have assembled a consistent data base which covers a 5-W to 100-W range of
satellite power and a commensurate range of ground station performance.

The alternatives for spacecraft transponder configurations are summarized in Table II.
They range from a small spinner in a single satellite system to a hybrid satellite with high
and low power transponders to a three-satellite system with all high-powered
transponders. The last system is the most cost-effective in that all participants could use
small, lowcost terminals, and thereby minimize their capital outlay and their annual
revenue requirements. But this system also requires the most initial capital and the highest
initial demand to sustain the total annual revenue requirements. The major difference
between a one-satellite and a three-satellite system is overall reliability (any extra capacity
on the second spacecraft may be used on a preemptible basis, in case the first spacecraft
suffers a catastrophic failure).

A lower bound on the cost for transponder time was determined in the following way. We
assume that the annual costs would be derived from that fraction of the capital cost of the
space segment which is proportional to the actual capacity being used. That is, if a
spacecraft could carry five 20-W transponders maximum, the annual costs for one
transponder would be based on one-fifth of the overall system capital costs. Under this
assumption, the spacecraft owner would be responsible for disposing of any excess
capacity himself. We recognize that ultimately the price paid will involve a number of
additional considerations such as duration of a lease, total number of transponders leased,
and the spacecraft owner’s perception of his likelihood of disposing of his excess capacity,
if any. This knowledge will enable the consortium to decide between leasing transponders
and owning the spacecraft entirely. We have dwelt on the space segment costs because the
investment under consideration is on the order of 30 to 80 million dollars, and there is no
previous experience or data base from which to extrapolate.



The remainder of the costing data base includes estimates for the capital cost of
equipment, shipping and storage, site preparation, frequency coordination, installation,
maintenance, and spares, all tabulated individually to reflect the actual variations (such as
the variation in installation cost as a function of antenna diameter). Actual costs
experienced by a particular user will depend on his exact requirements. We have therefore
included a high and low estimate for all other capital costs.

A 95% learning curve is applied to assess the cost for volume purchases. For a given
demand, audio and video performance, and transponder power level, all meaningful
combinations of ground equipments are costed and compared; and the “optimum” group of
equipments is determined. Since the actual demand is not known, we select system
parameters which are optimal over as broad a range of expected demand and performance
as possible. By creating a market for these optimal components, the consortium will enable
qualified vendors to offer the necessary terminal apparatus as catalog items. The baseline
system parameters resulting from this analysis are summarized in Table III.

We have recommended the use of 14 GHz for uplinks to reduce the cost of clearing the
uplinks and to increase the likelihood of achieving colocation of the uplink at the point of
use. The use of 20-W transponders appears to be optimal over a wide range of demand,
extending to 10,000 terminals. The estimated capital cost for the terminal electronics for a
Community Antenna system is approximately $9,300 in quantities of 1000 units under a
block purchase. The entire capital outlay is approximately $16,600 per unit. Note that
everyone uses the same low-noise GaAs FET amplifier for the front-end. This price
estimate is in sharp contrast with the $66,000 estimate for the equipment needed for
operation with presently available 5-W transponders, and points dramatically to the reason
for considering a new satellite configuration.

This configuration provides the space segment reliability required by PBS and NPR, and
permits these agencies to expand their service coverage beyond the present urban stations
if they so desire at a greatly reduced capital investment. That is, PBS transmissions could
be received by either redistribution stations or Community Antenna stations for one-third
to one-fifth the cost of a station needed if only 5-W transponders were used.

We have also examined the same three-satellite case with 50-W transponders, as shown in
Table IV. In this case, a further reduction in the cost of terminal electronics is obtained;
and transistor amplifiers are used in all front ends instead of paramps. The estimated cost
of the Community Antenna system becomes $5,800, a substantial reduction from $9,300.
There are much higher annual costs for transponder time, however. The 50-W case is
important to consider in detail because it is necessary for the consortium to decide what an
acceptable minimum cost for a terminal will be in order to foster market development. The
additional cost for the space segment using 50-W tubes may be viewed as a front-end



**Use of a single large spinner with annual utilization of 33% is assumed. Per-hour cost of
transponder time is assumed to be $742. (Cf: Table V.)

market development cost. However, the use of 20-W transponders provides the satellite
owners with greater on-board capacity and therefore more risk in terms of disposing of the
unused capacity, and therefore they might be less willing to sell transponder time under the
favorable costing philosophy that is assumed.

Transponder Time Cost Estimates.   The annual costs for transponder time are given in
Table V. These costs are derived from capital cost estimates provided by satellite
manufacturers, and include an 80% markup on top of the annualized capital cost to reflect
factors for profit margin., maintenance costs, general overhead, administration, and cost of
sales. We have assumed an interest rate of 12% and a payback period of five years
(recognizing that these two factors are extremely variable) because they provide costs
which correspond to current quotations for commercial time on 5-W transponders.

The hourly costs for a transponder are computed from the annual costs by assuming that at
best, the average annual utilization of that transponder is 67% , and at worst it is only
33%. This results in a range for a 20-W transponder of $412-$824 per hour for the full-
scale three-satellite system. By comparison, the costs for a single satellite system using a
large spinner range from $371-$742 per hour, which is comparable.

The economies of scale inherent in the large spacecraft are reflected in the hourly cost for
a small spinner, which range from $516-$1,031 per hour for a 20-W transponder.

Use of 50-W transponders increases the hourly costs by almost a factor of two over the
20-W case, except in the case of a small spinner, where it is clearly necessary to own the
space segment outright, and thereby eliminate the 90% markup.

Sample Cost Comparison.   Prospective members of the consortium must determine
whether their participation would be cost-effective. Suppose, for example, that the
Veteran’s Administration decides to equip a total of 20 hospitals located rurally and not
affiliated with teaching institutions, with the express purpose of providing workshop
opportunities for paramedical personnel, diagnostic training and updating in various
specialties for medical personnel, and seminars on current topics of interest or potential
benefit to all personnel in the medical business. If such programs were presented only
twice a week for 40 weeks, the estimated upperbound for the annual cost of space segment
would be $35,640.** If there were only 200 people (out of a possible 1000) who directly
benefited., this average cost of $178.20 per person is still less than the average cost
incurred by a person to attend a workshop or seminar in a nearby city, when one includes
travel and lost time on the job. A more complete analysis would have to include the cost of
production of suitable material, coordination of program utilization, feedback and



***A 12% interest rate is assumed.

evaluation, and so forth. But the single important fact remains that more people could
participate with less time lost in travel than without a satellite distribution system. If the
ground equipment capital cost of $15,000 is amortized over a ten-year period, the annual
cost per hospital is $2,940***, or $58,800 for the total of 20 hospitals. Consequently, the
equipment and space segment costs to the entire Veterans Administration (VA), exclusive
of personnel or programing, amounts to $93,440 per year. The VA must determine what
level of participation and what mix of programming would make such a service attractive,
either in comparison to what is now available or on the basis of providing an entirely new
service.

Conclusion.   In conclusion, the favorable experience with the health and education
experiments on the ATS-6 spacecraft and the interest generated by the formation of a
Public Service Satellite Consortium point out both the need for new services and the
recognition that satellites can help supply those services. Aside from purely technical
concerns, the economic and regulatory issues involved in moving such telecommunications
services into the public sector are the major topics of concern within the consortium. We
feel confident that these issues can be resolved to the benefit of many new users.
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STANDARDIZATION: AID TO INNOVATION

ROBERT A. BYERS
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Standards programs are, far too often, accused of inhibiting the creative process. By
implication, “standards” stand in the way of progress, an effective barrier to the
introduction of new ideas. Standards are, in fact, an aid to the innovator and, far from
hindering the implementation of good ideas, they often foster the development and
subsequent realization of those ideas.

We must remember that standardization is intended to bring order to a complex situation.
Its introduction is very nearly always, for example, the overall system has become so
complex that it is beyond the comprehension of the individual. A “good” idea, introduced
into this environment can have many possible results; some may be constructive, while
others can be neutral or even destructive. The time of change for the sake of change or to
provide entertainment value for the innovator has passed. We still need change, however,
to improve the program, and to insure that the taxpayer gets the most for his buck. And,
we need those innovators with their good ideas.

How, then, do standards help the innovator? This is accomplished in several ways:

1. They free him from concern over unimportant detail, allowing more time for the
development and orderly exploration of the control problem.

2. They provide him with visibility into complex systems that he often lacks, regardless of
his vantage point.

3. They provide a “standard” with which to measure the merit of his idea.

4. They provide him a “point of reference” by which he can assess his direction.

5. They often provide a means by which he can identify those areas, in complex systems,
which require improvement.

6. They (standards programs) provide a centralized forum for detailed evaluation of his
contribution.



The above list, while certainly not exhaustive, serves to demonstrate some of the principal
ways in which standardization acts to help the guy with the idea. To ensure that
standarization does help and does serve to effect and not handicap a good idea, we must
bear in mind that standards, too, must change and, ultimately, incorporate those ideas
which result in a better system or a better product. Standardization for the sake of
standardization does not work.



PROSPECT FOR INTERNATIONAL STANDARDIZATION
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Summary   The prospects for international standardization depend largely on activities of
a number of official and semi-official international programs for standards. Many of the
national standards developed by the technologically advanced countries are proposed for
international standardization and the process of compromise and modification is necessary
to make specific standards acceptable on a broad basis. A second area of dialogue is
necessary for education so that the parties to a standardization effort are capable of talking
at the same level of technological detail. And, thirdly, the specific types of standards that
are needed fall into areas which range from easily quantifiable to agreements on
communication and national standardization are on a continuum which ranges from
technical refinement to preliminary discussion and candidate standard identification.

Basic Background   The international standards development arena can be divided
generally into three major areas. The first of these is the area of national agreements where
bi- or multi-lateral agreements establish standards for the purposes of trade or systems
development. The second major area is the development of standards through international
treaty organizations. Examples of these include the International Consultative Committee
on Telephony and Telegraphy (CCITT) and the International Consultative Committee on
Radio (CCIR). The third area is the set of organizations dealing with international
voluntary standards. Of particular interest are the International Organization for
Standardization (ISO) and the International Electro-Technical Commission (IEC).

The development of candidates for international standardization is usually done on a
domestic level by one of two types of activity. The first of these if Governmentally
sponsored activity flowing from the agency or agencies having technological responsibility
for the subject matter and standard. Examples of this type of candidates are atomic safety,
metrication, and the like. The second source for candidates is from the voluntary standards
organizations such as the American National Standares Institute (ANSI) under whose aegis
numerous standards are developed through joint cooperation of the using industry, the
suppliers, and the Government.

The types of standards that are broadly the subject of current international standardization
include those relating to measurement, the basic building blocks of all other standards;



those which can be used for procurement purposes, that is, included in procurement
specifications; those which can be used for performance measurement and, therefore, in
systems design; and those which are used primarily as a means of communication on a
man-to-man basis concerning elements of systems; or, those which are used for
communication between man and machine such as programming languages and
communication protocols.

The specific organization within ISO related to telemetry is the Technical Committee 97,
Commputers and Information Processing. Its subcommittees work on development of
standards for media, such as instrumentation magnetic tape, computer magnetic tape,
cassettes, cartridges and disks and other media of special interest for specific end use.
Programming languages of broad and general utility are developed including such
languages as ALGOL, COBOL, FORTRAN and PL-1. The area of data communication is
one in which codes, conventions and specifications for digital data communications are
prescribed.

The membership of the Technical Committee includes most of the technologically
advanced nations and Participating members and many others including the development
nations as observer members. In many of the member nations the development of an
international standard has a concomitant adoption of that standard as a domestic and
required standard. Thus, as international standards develop, their adoption and use will be
sponsored by many of the member nations of ISO and we shall see increasing use of the
standards and, in all probability, increasing time and effort required in defining and getting
agreement on detailed standards for the technology.



EXPECTATIONS FOR THE RADIO SPECTRUM AVAILABLE
TO THE SPACE SERVICES

DONALD JANSKY
Chairman of the Technical Subcommittee of IRAC

The World Administrative Radio Conference on Space Telecommunications 1971 made
15,654.47 MHz of new spectrum available for space services. The prospects for space
services in the 1980’s will in large measure depend on the effectiveness with which we
have used this spectrum as this experience will influence the decisions to be made at the
General World Administrative Radio Conference in 1979.

Preparation for the ’79 Conference is already underway at both the FCC and OTP. In the
latter case, the activity takes the form of a special subcommittee under the Interdepartment
Radio Advisory Committee (IRAC). This group has three components concerned with
Allocations, Operations, and Technical. With respect to the FCC, the first Notice of
Inquiry has been issued.

The majority of radio services concerned with satellites fall under the cognizance of
Federal Government agencies. These include DoD, NASA, Interior, and Commerce. The
International Radio Regulations which are of concern, include: Articles 5, 7, 9, and a
number of Appendices and annexes. The subject areas include: orbital utilization, station
keeping tolerance, emission criteria, and various coordination procedures.

This talk will outline the space services as they are today, discuss the pertinent technical
criteria which must be considered, and indicate the organizations, and institutions
involved. In this regard the role of the International Radio Consultative Committee (CCIR)
will also be discussed, in its relation to accomplishing U.S. objectives at International
Conferences.

In conclusion, this presentation will discuss the philosophy and guidance being followed
by the U.S. preparatory effort.



SUMMARY:  THE NASA LOW COST PROGRAM

LEO O. RICHARDS
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NASA announced a policy of achieving low costs through standardization in 1973. The
first step toward implementation of this new policy was the establishment of a
Headquarters office (called Low Cost Systems Office) to manage NASA’s Low Cost
Program. The staffing of this new office was almost completed by the summer of 1974.

The Low Cost Systems Office has organized its activities in three categories:  Standard
Equipment, Standard Practices, and Business Practices. To carry out its program, the
LOW Cost Systems Office has organized a NASA-wide program involving all the NASA
Field Centers, the various elements of NASA Headquarters, and the major NASA
aerospace contractors.

The mechanism established to accomplish the NASA-wide participation is the use of
NASA Inter-Center Working Groups -- some permanent and others ad hoc as needed.
These Working Groups include whatever expertise is required for the identification,
evaluation, and planning of cost-saving programs. Since getting maximum return for each
NASA dollar is the objective of each individual program within NASA, the Low Cost
Systems Office’s primary function is to serve as an active catalyst in this process, and to
implement cost-saving programs which can only be achieved by multi-program
participation.

Thirteen items of spacecraft flight equipment (primarily at the component level) have
already been declared standard, cataloged, and advertized. Several dozen other items
(components, subsystems, and entire systems) are currently under study as potential cost-
saving standards. Intense effort is currently underway to determine the advisability of
multi-mission use of entire spacecraft buses and major subsystems. Standardization efforts
are also underway in various program and business practices. These include specifications,
drawing requirements, work break-down structure, testing, risk assessment, acquisition
process, procurement strategy, personnel motivation, manpower utilization, and improved
project management. Once a standard has been declared by NASA, the use of an
alternative non-standard (hardware or practice) is permissible only through an established
waiver procedure.



COMMUNICATIONS AND DATA HANDLING FOR THE
GSFC MODULAR SPACECRAFT

CHARLES E. TREVATHAN
GSFC Spacecraft Data Management Branch

With the objective of reducing future spacecraft cost, a great deal of effort has been spent
maximizing portions of spacecraft systems that can be considered common from mission to
mission and, consequently, reducing portions which must be considered mission peculiar.
The common elements of our traditional spacecraft designs have been an electrical power
subsystem, an attitude control subsystem and a communications and data handling
subsystem. In the past, we have placed emphasis in characterizing these subsystems to
accommodate a specific class of missions, and as a result, 23 sets of spacecraft subsystems
have been designed and flight qualified for earth orbiting missions alone. Much of the
usual non-recurring costs can be eliminated and even some of the recurring costs can be
reduced by designing the common subsystems with sufficient flexibility and capability to
support a variety of missions.

In support of the GSFC Modular Spacecraft development activities, a Communications
and Data Handling Subsystem has been designed to fulfill the requirements of NASA’s
earth orbiting spacecraft programs projected through the early to mid 1980’s. Major
features of the design are:

1. Shuttle compatible RF, command, and telemetry needed for payload launch, on-orbit
checkout and retrieval.

2. On-board distribution of commands and data acquisition through remote units
interconnected via a serial multiplex data bus. A minimum of wires connecting
subsystems and instruments is needed to accommodate on-orbit refurbishment of the
spacecraft.

3. Application of a centralized on-board computer to provide functions such as time and
data dependent execution of stored commands, attitude control law computation, power
and thermal monitoring and control, TDRSS antenna pointing, and summary message
generation. Through use of the OBC, a variety of missions can be supported with
standard hardware configurations.



The multi-mission applicability of the subsystem provides numerous cost saving benefits.
Some of these benefits are:

1. Minimum non-recurring cost.

2. Reduced recurring cost through volume buys.

3. Use of common spares.

4. Standardized ground checkout and operations - both equipment and procedures.

5. Lower cost through more extensive use of LSI.

Other cost saving benefits, which derive from the use of a centralized on-board computer,
range from a reduction in special spacecraft hardware to a reduction in the salaries for
operations personnel that can be realized through the application of on-board autonomy.



RCC TELEMETRY STANDARDS: WHERE DO WE GO FROM 1975?
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How will IRIG telemetry standards affect and be affected by space programs of the
1980’s? A look backward from 1975 over the last 10 years should provide a few clues
about what might be expected.

The IRIG standards of 1965 have much in common with the 106-75 standards, though a
section-by-section comparison would show significant differences. The greatest change,
however, is not in the standards themselves, but in the fact that there is another complete
companion document, the 118-75 Test Procedures document, which had no 1965
counterpart. Since the issuance of 106-75, most of the effort of the RCC Telemetry Group
has gone into the preparation of test procedures to accompany the standards. This effort
was necessary to assure Ranges and range users that a common set of references was
being employed, and that a value established as a pre-mission system checkout parameter
on which to base hope for mission success means the same to the recipient as it does to the
person who measures that parameter. In a sense, the standards effort has been
overshadowed by the test procedures work for several years. Since 1969, the test
procedures document has become twice as thick as the standards document, and that trend
is continuing.

For future space programs, the importance of being able to test a telemetry receiving and
recording system to well-defined limits by well-understood and agreed-upon test
proccedures will increase in importance. Data rates, historically speaking, have steadily
increased. Frequency bands are crowding closer together and have many more users.
Microcomputers and microprocessors capable of preprocessing tremendous quantites of
data on board the spacecraft will greatly increase the significance of each bit that is
transmitted, and lower the user’s tolerance of system bit errors.

With the trend since 1965 in mind, a few predictions might be hazarded concerning the
DoD telemetry systems to which IRIG 106- and 118-85 might apply:

1. Data rates - 2 megabits per second, at least.
10 megabits per second is possible.



2. Radio Frequencies - Probably still some use of the 200 megahertz bands,
though most use will be in the 2200 to 2300 megahertz
region. Some use of millimeter-wave frequencies for
satellite-to-satellite communication.

3. Modulation formats - PCM of some form for most systems. Probably bi-phase
or some more sophisticated format. error-detecting- and
correcting codes will receive much more attention.

4. Antennas - Antennas with higher gain, more precise tracking,
including some use of “on-axis” tracking systems.
Multiple-object tracking systems. Multiple-object tracking
systems will also find their place in range operations.

5. Recording Systems - Changes will be evolutionary. New systems such as laser
recorders and magnetic buble memories may provide
some surprises.

6. Relay Systems - TDRS and its military cousins could make centralized
data receiving and processing centers a very practical
reality which, coupled with fast data transmission links on
the ground, could let an engineer sit at his home data
terminal and monitor- and possibly interact with- his
experiment.

Probably the greatest contribution RCC Telemetry Standards could make toward the
success of future space programs would be the continuation of concern on the part of those
responsible for the standards that the foreseeable requirements at the ranges are reflected
in the standards in a timely manner. Methodical preparation of test procedures for critical
parameters of new systems as they arise will also assist in an orderly growth toward the
most efficient use of the future, very expensive, test platforms in space.
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ANDREW R. CHI
NASA

Goddard Space Flight Center

The advancement in science and technology in the last two decades has generated a need
for more precise and accurate time synchronization between stations at widely separated
locations (approaching the order of microseconds and below). The use of the international
system of units, the SI second for time keeping, offers many advantages and also
disadvantages, particularly to those users whose needs are primarily for position
determination and for terrestrial observations. The distinction between the needs for “time”
and “time interval” is essential for the selection of a time scale to which a clock is to be
maintained. Furthermore, the clock time to be transmitted for calibration and comparison
often requires the use of a code. For simplicity in instrumentation design and low cost, it is
often desired that the clock calibration techniques and time coding formats be
standardized.

Since the accuracy of a clock is determined by the frequency of the oscillator which drives
it, a review of frequency stability of several types of oscillators will be given. Techniques
for clock calibration as well as a description of different time scales will be presented.
Finally, a recommendation for standardization of calibrating spacecraft clocks based on
needs for data collection and transmission, and for experimental observations will be
offered.
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Summary.   We will examine a broad class of army communications applications for
optical waveguides. Of principal interest is the multimode low-loss fiber. The applications
receiving primary attention are (a) a long haul time division cable (TDM) system, (b) local
distribution cable used to connect telephone users to central switches within a command
post. A cost trade-off analysis reveals a cost saving up to $3K/km of a fiber optic TDM
cable system over a conventional metallic cable system now in the army inventory. A
review of a feasibility model design that employs a low-loss ruggedized Corning fiber
cable, with special sources and detectors designed for ECOM application, is conducted.
The resulting cable facilities appear fully capable of meeting all aspects of army cabling
requirements and possesses all of the traditional advantages of fiber optic transmission
system.

Introduction.   A broad class of army communications applications are contemplated for
multimode optical waveguides. We will initially review the most attractive of these
application areas. The cable configurations required vary widely as do the mechanical,
electrical and optical properties required. Data rates from 32 kb/s to 25 Mb/s must be
handled and transmitted over lengths from approximately 100 meters up to 8 km (without
repeaters) in tactical ground communication applications. The principal portion of this
paper deals with two types of fiber optic cable system currently being fabricated at
ECOM:

1. A replacement for long haul time division multiplex coax, (CX-11230 cable).
2. An alternate to 26 pair cable (CX-4566 cable) used in local distribution telephone and

data system within army command posts.

The issues discussed included limitations of the current cable facilities, a cost trade-off
analysis of current metallic and proposed fiber optic cable system, fiber optic systems
design, special sources and detectors, connectors and cable hardware used in fabricating
these system and finally proposed system tests.



Discussion.   The potential application of multimode fiber optic waveguide to army
communications systems is extensive. Table I contains a listing of the application areas
along with the typical expected length of links. Data rates and signal formats also vary
widely. The transmission of analog voice, digitized voice and various multiplexed versions
of these signals are contemplated. In sections to follow, we will principally treat two
applications: (a) a long haul TDM trunk capable of transmitting digital data at rates of from
2 Mb/s to 20 Mb/s at ranges up to 8 km (without repeaters) and also 2 Mb/s at ranges of
up to 64 km with repeaters. (b) a local distribution system capable of transmitting a
mixture of 4 kHz voice and 32 kb/s CVSD voice over ranges up to 300m+. The
nomenclature of these cables currently employed in the field are CX-11230 twin coax and
CX-4566 26 pair respectively. Their function in a command post communication
distribution system is shown diagramatically in Figure 1.

Table 1.  Summary of Army Applications for Fiber Optics

Short Distance
100m

Moderate Distance
100m - 1km

Long Distance
1km+

1) Intra-shelter wiring.
2) Avionics data bus.
3) Antenna connection.
4) Base information trans-
    fer system.

1) Command post distri-
     bution.
2) Special weapons sys-
     tem (CE SAM-D).
3) Field computer inter-
    connect.
4) Base information transfer 
     system.

1) Down hill PCM
    cable.
2) 60 km PCM cable
     runs.
3) Base information
    transfer system.

Due to a number of operational deficiencies in the current systems employing metallic
cable, fiber optic cable appears to be an attractive alternative. Of crucial importance is the
fiber cables resistance to EMP effects, the ability to reduce adjacent channel crosstalk
below -95 dBm, reduction in weight and volume/unit bandwidth over metallic cable and
finally the reduced number of repeaters required on long haul trunking links.

In spite of these advantages, the potential cost of fiber cable must be approximately equal
to or less than existing cable facilities. A treatment of the relative cost of CX-11230 and
CX-4566 and its fiber cable replacement are discussed in the next section.

The principal areas of difficulty associated with fiber cable have been its survivability in a
tactical environment and special interface problems created by the fiber cable systems
inability to efficiently transmit dc power. Extensive progress has been made in connection
with the first of these problems.(1) The powering of remotely located terminals and electro-



optic elements remains a problem and will be treated differently depending on the
application. A full discussion of this problem is not treated here.

Cost Trade-Off Analysis.   The costs of the two types of cable shown in Figure 1 and
their fiber optic replacement are now considered. The current cost of CX-11230 is $.909
per meter, while the cost of a low loss six fiber optical cable is approximately $13.50 per
meter. Low loss optical cable is predicted to eventually cost less than $.10 per meter per
fiber in production quantities, and approximately $1.20 per meter in a six fiber cable.

For the long haul TDM system (2.304 Mb/s) presently in the army inventory, repeaters are
required every 1.6 kilometers (km) at a current cost of $750.00 each. A comparative
costing of CX-11230 versus fiber cable (including repeaters) is shown in Figure 2. The
fiber cable can handle this system and systems under development with higher data rates at
distances up to 8 km without repeaters.

A cost comparison of replacing CX-4566 with fiber cable is shown in Figure 3. Frequency
multiplexing is used to accommodate all thirteen channels onto three fibers (each
direction). Two cost estimates are shown for the necessary electro-optic interface/modem
in Figure 3.

Cost savings associated with decreased weight and volume are not shown in Figures 2 and
3. A 64 km system that uses CX-11230 weighs 8636 kilograms (kg) and requires four
2 1/2 ton trucks for transport. The same 64 km system using fiber cable would weigh
approximately 1815 kg and require only two 1 1/4 ton trucks for transport. For CX-4566
each 72.8m reel of cable weighs 131.5 kg, while the fiber cable replacement will weigh
less than 5 kg, including the reel. This reduction in weight, for example, could mean
replacing three 2 1/2 ton trucks of CX-4566 with a 1/4 ton trailer.

Replacement of CX-11230 by a fiber cable is, therefore, highly desirable from a cost stand
point alone, in addition to the savings in weight and volume. Replacement of CX-4566 by
a fiber optic cable is cost effective for cable runs greater than 75m, based on a lower
priced electro-optic interface/modem. For a well dispersed field headquarters complex, the
fiber optic cable becomes highly desirable in terms of both cost and transportation
requirements. Fiber cable offers multiple advantages over conventional cabling, and from a
cost analysis viewpoint is superior to wire cabling currently in the army inventory.

System Description.   Replacement of CX-11230 and cx-4566 with fiber optic cable is
subject to several constraints imposed by user requirements. The fiber cable must survive
in a tactical environment. Also, an analog voice orderwire must be handled over the long
haul TDM system and powering, now accomplished by a dc current on the line, must be
solved for repeaters and terminal instruments.



The ruggedized cable design employed to replace both CX-11230 and CX-4566 is shown
in Figure 4. Six individual fibers are buffered, and the buffered fibers are sheathed in a
polyurethane jacket. Strength of the cable is supplied by two strands of Kevlar, molded
into the polyurethane jacket.

Connector design for joining of two optical cable segments poses several difficulties.
Alignment of two fiber ends 50-75 micrometers in diameter for optical path continuity is a
requirement. The connector must also be useable in a field environment. Simplicity of
operation is an important consideration, to facilitate rapid setup/tear down of field
command post communication complexes. A laboratory version of a connector has been
proposed by Corning Glass Works, which meets several of the desired objectives and is
illustrated in Figure 5. Refinement of the design to achieve ruggedization is required.

Repeatering of the long haul TDM system is required for distances greater than 8 km.
Three approaches to powering these repeaters were considered: (a) reinsertion of metallic
conductors into the cable (considered the least attractive approach), (b) battery powering
of each repeater, and (c) local powering, or use of a separate power line. Methods (b) and
(c) appear more attractive and their feasibility is currently being considered.

Orderwire transmission over an optical cable may be accomplished by several methods.
Since we are dealing with a TDM system, incorporating a pulse data stream, modulating
the pulse repetition rate appears to be the most promising modulation method due to the
low duty cycle pulsed nature of the optical sources. One user constraint on the orderwire is
that it be available at each repeater for cable maintenance. Use of an audio tracking phase
locked loop provides a simple, effective means of accessing the orderwire applied by
means of timing variation.

The source of optical power for the long haul TDM system is a double heterostructure
(DH), triple stripe geometry, injection laser (IL) operating at a nominal wavelength of 820
nanometers (nm), and a 10% duty cycle. Use of an injection laser will permit coupling a
maximum of 100 milliwatts of optical power into a low numerical aperature (NA = .14)
fiber. Use of a triple stripe geometry IL appears to be one good solution to coupling to
three members of the six fiber optical cable.

Detection of the optical energy in the fiber cable will use an avalanche photodiode (APD),
followed by a transimpedance amplifier. The APD and amplifier is contained in one
integrated circuit package, but requires external gain stabilization. Use of this detection
scheme permits a low power consumpiton and more than ample receiver bandwidth.

We will now review the elements of a local distribution fiber optic cable. Design
differences between the long haul TDM and local distribution systems are centered chiefly



around the range and type of traffic they pass. The maximum length of CX-4566 cable is
approximately 300m. A Light Emitting Diode (LED) source offers the advantages of low
power consumption, good linearity, simple drive circuitry, and can couple sufficient optical
power into a fiber to be used over a 300m+ length. Both analog and digital traffic can be
accommodated. Use of a “Burrus” structure LED combined with a microlens
structure,(2), (3) as diagramatically illustrated in Figure 6, permits the coupling of 1 mW of
power into a .3 N.A. fiber.

The detection scheme for the local distribution cable utilizes a PIN diode, since low data
rates are in use and the S/N is high. The detector package, also illustrated in Figure 6, uses
a transimpedance amplifier, integrally packaged with the PIN diode, which requires no
external gain stabilization. Low power consumption, good sensitivity and a low voltage
power supply are all readily achieved here.

In conclusion, the replacement of CX-11230 and CX-4566 can be achieved by a six fiber
optical cable with appropriate electro-optic elements. Except for power handling
capability, the fiber cable is a superior replacement to current army cable in terms of
weight and volume, and is capable of meeting all user requirements.

Feasibility Models.   We are currently fabricating two fiber optic cable systems at ECOM
to determine their feasibility for the replacement of CX-11230 TDM dual coaxial cable
and CX-4566 26-pair local distribution cable.

The TDM system is designed to operate at a PCM bit rate of 2.304 Mb/s and utilize two
full duplex end terminals and one full duplex repeater. Eight members of the 26-pair cable
system are realized using four FM subcarriers modulated by either 32 kb/s conditioned
diphase or 4 kHz analog voice, and consists of two, four channel full duplex end terminals.

Due to the high cost of current low loss fiber optic cables, both systems are designed to
make use of the same 334 meter cable section with the TDM system also utilizing a 200
meter cable as well (Figure 7). To obtain a 1 km fiber optic path for the PCM cable system
from the 6 fiber 334m cable, the signal is optically looped back at each end of the cable
thru the use of special end connectors of the type shown in Figure 5. Thus, use is made of
all of the available fibers in the 334m cable. The repeatered signal can be sent down the
200m cable in a single pass (no loop back), or 600m with loop back. The 26-pair system
utilizes a single pass down the 334m cable. Changing the end connectors with attached
sources and detectors is all that is required for the conversion.

Both the TDM and 26-pair systems utilize an integral lens Burrus type LED(3) and small
area fully depleted PIN photodiode. No laser sources or avalanche photodetectors are
necessary due to the short (1 km max) distances involved. With a source power of 200µW



coupled into the 334m of .14 NA optical fiber and accounting for 1 dB loss at input and
output connectors, 6 dB loss at each loop connector (due to dissimilar fibers being
connected) and 1 dB loss at the detector interface, approximately 400nW of signal is
available at the detector. The minimum detectable signal for the PIN detector/bipolar
transimpedance amplifier combination utilized is 5x10-9W yielding a S/N of 19 dB. Similar
analysis of the 200 meter and 334 meter single pass links assuming 5 dB loss at each end
connector and 1 dB loss at the detector yields S/N ratios of 32 dB and 31 dB respectively.
Due to these large S/N ratios obtainable with standard bipolar transimpedance amplifiers,
no integrating front end amplidiers, for the feasibility model design were necessary.

When the TDM system is expanded to a full 8 km link between repeaters, as will be the
case in the next phase of the system development, full use will be made of double
heterojunction laser diodes, avalanche photodetectors and integrating preamplifiers. This is
necessary due to the increased losses incurred and corresponding drop in the signal to
noise ratio. A complete treatment of input amplifiers for optical receivers is contained in
reference (4).

The electronics involved in the TDM system other than the electro/optical conversion
portion, is essentially the same as in a standard TDM metallic cable system and will not be
covered here (5) with the exception of the orderwire. The input signal from the TDM
multiplex equipment to the system is a 2.304 Mb/s PCM bipolar data stream with a
baseband orderwire. These signals are first band split, then filtered to remove timing in a
phase locked loop, and finally narrowband frequency modulated by the amplitude limited
orderwire signal (see Figure 8a). This dithered timing signal then re-times the PCM signal,
which is transmitted on the optical fiber. In the repeater, (Figure 8b), the same phase
locked loop which derives timing for signal regeneration provides an orderwire output. An
orderwire input is also provided in the repeater. In the end terminal (Figure 8b), the
orderwire is derived in the same type of phase locked loop utilized in the repeater. A stable
clock signal with no orderwire dither is derived in a second phase locked loop. This stable
timing signal is used to re-time the PCM signal and with addition of the orderwire at
baseband, the signal is delivered to the multiplex equipment. The modulation index of the
dithered timing is kept less than B/2 to avoid missing pulses due to timing error.

The multiplexing electronics for the 26-pair system (Figure 9), is not comlicated. The four
input signals, be they 4 kHz analog or 32 kb/s conditioned diphase, are amplitude limited
and used to frequency modulate the voltage controlled oscillators. The outputs of these
oscillators are combined, filtered and routed to the LED driver circuitry. Subcarrier
frequencies are chosen such that if harmonic or intermodulation distortion products are
produced in the optical system due to non-linearity, they will normally fall outside the
receiver filter bandpass. Second harmonic distortion is approximately 60 dB. The
composite signal out of the optical receiver is filtered and fed to four phase locked loops



which decode the signals. They are then amplified and routed to the output connectors.
Thus, four full duplex FDM channels are realized. This can readily be extended to twelve+

channels using three separate fiber links or by stacking additional FDM channels. Both
alternatives are currently being considered.

Proposed System Tests.   Each of the feasibility models of the system described in the
previous section will be tested to determine their ultimate applicability to military
applications. For the CX-11230 replacement the following factors are of interest: (a) pulse
dispersion, (b) the effects of orderwire insertion on system performance, (c) repeater
power consumption, (d) interface match-up with existing cable modems and multiplexers,
(e) fault location using pulse excursion time to and from a break, (f) error rate
measurements and (g) near end crosstalk. For the CX-4566 fiber cable replacement
somewhat different parameters are of interest. These include: (a) system linearity, (b)
intermodulation noise and (c) connector crosstalk. Also the items (d), (e), (f) and (g) for
the CX-11230 cable. Feasibility and desired system performance in a laboratory
environment are of interest.

Conclusion.   The advantages of fiber optic cable systems over those currently in the army
inventory has been clearly established. These not only include a cost saving but freedom
from effects of EMP. crosstalk, and significant reduction in weight and volume. A system
capable of handling both digital traffic up to 20 Mb/s at ranges of 8 km and analog traffic
with 60 dB second harmonic distortion has been fabricated. Future efforts will involve
ruggedization of a laboratory design connector and production of engineering design
models.
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Summary.   It is now a certainty that laser communication systems will be operating in
space within this decade. The development of a laser communications satellite package
began this fall and is to be launched in 1979. The system is to operate at 1000 megabits
per second. Laser communications technology has proceeded from purely exploratory
research just over five years ago to the successful completion and operation this year of an
engineering feasibility model of the satellite system. Laboratory tests have verified the
system capability at a serial data rate of 1000 megabits per second. Thermal and
vibrational tests have been successfully completed to the test levels of the Defense
Meteorological Satellite program.

Introduction.   A 1000 megabit per second Nd:YAG laser communication system is now
planned for space launch in 1979. The space flight is to test the capability of intersatellite
laser communications by satellite to ground link operating at the levels required for the
satellite to satellite link. The laser communications satellite is to be launched into a highly
elliptical orbit with apogee at synchronous altitude and 12 hour period. The satellite
apogee is to be at 100E west longitude and 60E north latitude once every 24 hours. The
satellite will be near apogee for 5-6 hours, and laser transmission will occur from the
satellite at apogee to the ground station at Cloudcroft, New Mexico. The space laser
communications experiment will establish the feasibility and practicality of laser
communications operating in space in the 1980’s.

The Nd:YAG laser communications system will essentially be a satellite borne transmitter
which will incorporate both a lamp pumped laser and a solar pumped laser. When the
satellite can remain in sunlight for extended periods solar pumping will be used. A lamp
will be used for low earth orbit applications. A flat reflector is used to direct the solar light
down into the satellite and into a solar collector used to focus the light into the laser. By
having the solar telescope within the satellite rather than mounted outside, we eliminate
serious optical and mechanical difficulties associated with launch conditions and pointing
and tracking of the solar energy. In a similar manner, a flat reflector is used to control the
pointing of the high data rate laser signal transmitted to the distant receiver.



The development of the present Nd:YAG laser communications system began with
technology and component developments 5 years ago. The results were evaluated with
regards to their systems applications and demonstrated that a 1000 megabits per second
data could in fact be achieved. The system development was furthered by considering each
component individually, and optimizing each for maximum performance. We have
progressed from purely technological and component development through preliminary
subsystem designs, brassboard systems hardware and an engineering feasibility model of
the system1-5. The engineering feasibility model is a system designed for space use, tested
to space system acceptance levels of the Defense Meteorology Satellite Program, and
evaluated under laboratory conditions simulating the space use.

A laser communications system is essentially similar in nature to other communications
systems based upon other technologies. The main difference is in the source of the carrier
wave, here a laser, and the use of optical elements, rather than waveguides, and such. The
system has a transmitter, modulator, electronics, data source, and an antenna, here an
optical telescope with tremendous gain.

The development of the system is based upon the various technology achievements. These
include the development of the optical components, the opto-mechanical structure, a
successful acquisition, tracking, and pointing scheme, subnanosecond electronics, and
1000 megabits per second serial data stream performance. I will discuss those areas which
have been most difficult to achieve and which reflect the greatest advances in technology.
These include the laser, the modulator, the telescope assembly, the optomechanical
structure, and acquisition and tracking scheme. I will also include the overall system
performance and its relative advances in the past few years.

Opto-Mechanical Structure.   A photograph of the engineering feasibility model system
is shown in Figure 1. The system package includes the opto-mechanical structure and
telescope assembly, the baseplate, and laser and modulator units. A schematic illustration
of the system is shown in Figure 2 indicating the location of each component and the
various elements.

The opto-mechanical structure is the structural unit which firmly holds the components and
optical elements of the transmitter package in critical optical and mechanical alignment.
The opto-mechanical structure is fabricated from type 8-A356-T77 heat treated aluminum
for an optimum strain-elongation relation. The aluminum structure has the capability to
maintain the optical alignment of the many elements to within 1 microradian. This
alignment accuracy was held to the required levels even after vibrational testing at the
DMSP acceptance levels.



FIGURE 1. Photograph of the opto-mechanical structure and telescope
assembly; the engineering feasibility model

The opto-mechanical structure, that is, the aluminum housing without components and
elements weighs 5.7 Kg (12.0 lb). The complete unit including telescope, optical bender
bimorphs, baseplate, and optical elements weighs approximately 10.9 Kg (24.0 lb). The
weight of the three acquisition and tracking detectors is about 7.95 Kg (17.5 lb).

Optical, Acquisition, Tracking, and Pointing.   Acquisition between a distant receiver
and the transmitter is accomplished by using an active beacon at the receiver. The receiver
tracks on the 80.53 m transmitter laser signal and the transmitter tracks on a 81.06 m
beacon signal transmitter from the distant receiver. The pointing of each is accomplished
by actively tracking the laser light from the opposite terminal. The 81064 nanometer laser
light received at the transmitter terminal is collected by the telescope and much of the
same optics are used to transmit the high data rate 8532 nanometer laser light.

The arrangement of the optical elements in the opto-mechanical structure is schematically
shown in Figure 3. The telescope is a Cassegrain type device and will use a flat folding
mirror placed in front to direct the light to the distant receiver. Point ahead and fine
tracking functions are accomplished by using sets of small active mirrors, which respond
to the control of sequential tracking detectors. We are currently using torquer motor
mounted mirrors which have a frequency response in excess of 1 KHZ and a tracking loop
of 300 KHZ and the torquer motors have survived vibrational tests of 22g. The tracking
detectors are sets of quadrant detectors using a reflective pyramid; these are a coarse
acquisition PMT detectors), a fine acquisition PMT detectors) and a quadrant Si APD
detector.



 FIGURE 2. Arrangement of the various components of the laser
communications system with the opto-mechanical structure to
form a single satellite package

Acquisition between transmitter and receiver terminals is accomplished by sequentially
detecting the beacon light in a narrower field of view. The incoming 81064 nanometer
light is initially reflected by the bifurcating mirror onto the coarse acquisition detector.
This detector drives the flat scanning mirror so that the 81064 nanometer light falls
through the hole in the bifurcating mirror and on through the optical train to the fine
acquisition and fine tracking detectors. The tracking detector controls the orientation of the
tracking mirrors which center the 81064 nanometer light on the fine acquisition detector.
The beam is then directed to the fine tracking detector by the removal of the solenoid
activated fine acquisition mirror. The distant high data rate receiver and the transmitter are
thereby aligned, and controlled with provisions for point ahead angles by the active
mirrors.



FIGURE 3. Schematic representation of the optical arrangement of the
transmitter package, engineering feasibility model

The acquisition of two satellites by laser communications is considered to be difficult. We
have evaluated the acquisition and tracking between a laser transmitter and receiver in the
laboratory environment. The equipment was operated with the space distance simulated by
the appropriate attenuation of the optical signal. Additionally, the relative motions between
two space terminals were imposed upon the laser beam by means of a gimballed mirror
and a set of motion control mirrors mounted between the transmitter and receiver
terminals. The motion inputs included a simulated orbital motion with an angular velocity
of 1200 µrad sec-1, limit cycle with an amplitude 2 mrd, a period of 7 sec, thruster duration
of 0.4 sec and 10 mrad sec-2 , and sinusoidal vibrations with frequencies from 10 to 50 Hz
and amplitudes from 2 to 20 µrad peak to peak.

The pointing error measured with 2.4 x 10-10 watt of average power received from the
81064 nanometer beacon laser was less than 1.2 µradians peak to peak. This corresponds
to a beacon laser power of 100 m watt for the low earth orbit to synchornous satellite link
with a 6dB power margin. The overall result illustrated that a pointing error of 1 µrad peak
to peak is within the capability of the existing technology.

Optical Telescope.   The optical telescope developed for the engineering feasibility model
is a 19.05 cm (7.5 inch) diameter Cassegrain which will provide a 5.4 µrad full angle beam
divergence. A telescope of this type for space use had not been fabricated before. We have
used beryllium as the primary material for the telescope and the telescope mirror substrait.
The substrait is coated with a Kanogen surface which is polished to the desired optical
quality. The Kanogen surface is then coated with a silver reflective surface. The optical



quality of the telescope was designed to be better than 8/8. The measured optical quality
of the finished telescope was 8/13 before and after vibrational testing.

The clear aperture telescope transmission is better than 95.5%. The total overall
transmission at 81064 nanometer is 76% including a 4% obscuration loss. The 81064
nanometer transmission is about 64%. The telescope weight is 2.9 Kg (6.3 lb).

Various optical elements of the opto-mechanical structure have been evaluated with
regards to their reflective performance. It has been found that the 81064 nanometer light
reaching the fine acquisition detector is about 64% of the incident upon the telescope. A
value of 50% was initially expected. The technology of reflective coatings has been
improved substantially over the past two years, thereby improving the optical efficiency of
the system.

Laser and Associated Elements.   The evaluation of the capabilities of various laser
systems and the status of technology for detectors and modulators led to the choice of the
Nd:YAG laser operating mode-locked and frequency doubled at 8532 nanometers7-9. Both
the solar pumped laser and the lamp pumped laser have similar optical construction. Both
use an optically folded three mirror configuration for optimum operation. The laser uses an
intracavity lens to collimate the intracavity beam in the laser rod, and to focus the beam
properly into the mode-locking, frequency doubling element. The intracavity lens is placed
near the confocal position for thermal and mechanical insensitivity. The folded
configuration is used to achieve two pass interaction in the frequency doubling crystal, sum
the frequency doubled laser light, and direct it out of the laser in one direction. The laser
rod is conductively cooled since liquid cooling was unacceptable for satellite operation. In
addition, the laser pump cavity has its elliptical surface coated with a dielectric coating
which reflects only the pump band radiation between 8700 and 81000 nanometers, and
absorbs most of the other wavelengths.

The operation at 8532 nanometers is achieved by intracavity frequency doubling with a
crystal of Barium Sodium Niobate , Ba2Na(Nb03)5. The crystal is thermally maintained at
the phase match temperature where the indexes of refraction at 81064 and 8532
nanometers are equal and optimum generation of 8532 nanometer light may be achieved. 
Ba2Na(Nb03)5 crystals have been commercially available since about 196910. However, we
use crystals with extremely low absorption losses specifically grown for this program and
evaluated in our laboratories11.

Crystal absorption of 81064 and 8532 nanometer light is deleterious to the laser operation
since the crystal is placed within the optical caviity. We now have crystals with absorption
coefficients of order, "•0.001 cm-1. The visible wavelength absorption coefficients may be
10 to 50 times higher, but they are not as critical as the 81064 nanometer absorption since



the 81064 nanometer power is about 50 times greater. The optical quality of the crystal has
also been improved significantly, which has enabled increased laser performance to be
achieved.

We use Ba2Na(Nb03)5 crystal not only as a frequency doubler but also as a mode locking
element for the laser12. The use of the Ba2Na(Nb03)5 crystal in the dual role of acousto-
optical mode-locker and frequency doubling device has resulted in considerable improved
operation and eliminated previously used complex electronic circuitry.

The engineering feasibility model laser incorporates only the one Ba2Na(Nb03)5 acousto-
optical mode-locker, has been extremely simple to operate, and is much more stable than
previous lasers. A depth of modulation of more than 2% at 81064 nanometers is presently
achieved with only 1 watt to the acousto-optical mode-locker. A time independent analysis
of the laser indicated that the 8532 nanometer operation is more stable than the 81064
nanometer operation13. The engineering feasibility has an amplitude instability of less than
1%.

We have achieved an optimum laser optical resonator design by using an in-house
analytical computer model which include KRb lamp data, the rod fluorescence and
birefringence data, the Ba2Na(Nb03)5 data, as well as the induced thermo-optical effects14.
The absorption of 1.06 micrometer light in the frequency doubling crystal causes a lens
effect and diffraction loss which were included in the optical design. The output power of
the engineering feasibility model laser has been more than twice that measured with
previous similar lasers. The Kr lamp pumped engineering feasibility model laser has
generated over 250 mWatt of mode-locked 8532 nanometer power with 10% to 10%
pulsewidths of less than 300 per second15. Two theoretical treatments of the mode-locked
frequency doubled Nd:YAG laser describe the observed laser performance with good
agreement relative to power and pulsewidth16,17.

The solar pumped laser and the lamp pumped laser are different in the manner of optical
pumping. The solar pumped laser has the advantage of extended life expectancy and higher
efficiency than the lamp pumped laser. The solar light will be filtered before incidence
upon the laser rod to eliminate UV and IR wavelengths. The solar pumped laser may use a
Nd:Cr:YAG rod rather than Nd:YAG since there is some evidence that the Cr increases
the gain due to absorption in the 8400 to 8600 nanometer region. The thermal
perturbations are somewhat greater with Nd:Cr:YAG and we are currently evaluating the
solar pumped laser for optimum operating conditions. The solar pumped laser has
generated over 400mW of 8532 nanometer laser light with pulsewidths of less than 300
psec.



The lamp pumped frequency doubled Nd:YAG laser for space must operate with a
potassium-rubidium (KRb) lamp due to the low input power requirements. The KRb lamp
for the lamp pump laser is an air operated, KRb filled, arc lamp18. Early problem areas
included inadequate end seals, rapid frosting of the highly polished sapphire envelope, and
voltage control problems. Significant advancements have been made in these problem
areas during the last year. Frosting was greatly inhibited by adopting a larger bore size, the
use of a getter external to the bore, and improving the lamp processing. Controlability was
greatly improved by providing direct thermal contact between the reservoir heater
assembly and the cold spot control point. Maximum lifetime was once limited to 40 hours
and few on-off cycles. We are now achieving more than 70 cycles, and more than 500
hour lifetimes during lamp tests. Lamps have been thermally and vibrationally tested and
survived.

The KRb lamp operates in the laser pump cavity in the conductivity and radiatively cooled
modes. The central envelope temperature is about 1100EC and as such is a thermal
perturbing influence upon the laser rod. The lamp to rod interaction was carefully
evaluated. In addition to the distortion of the laser rod due to the thermal load from the
lamp19, we found by fluorescence tests that the KRb lamp arc image can pump the laser
rod in a non-uniform manner, and the 81064 nanometer power can thermally distort the
intracavity frequency doubling crystal.

Experiments were performed to evaluate the influence of thermal lensing, thermally
induced birefringence, and the arc image distribution in the rod. It was found that the rod
was thermally distorted with the KRb lamp and thermally induced lens in the rod was a
focal length of 140cm, as compared to 250-300 cm with the water cooled Krypton (Kr)
lamp operation of the same laser20. The evaluation of thermal birefringence and
fluorescence distribution of three identical laser rods operated in the laser pump cavity and
pumped KRb lamp led to a change in the rod dimension from 3 x 54.5 mm with earlier
lasers to 4 x 66 mm. A 1.5 mm beam in the rod can be supported which improves the laser
performance.

We have also found that increased gain may be achieved by optically finishing the cylinder
surface of the rod. Fluorescence tests using KRb and Kr lamps, and equally doped rods but
with varying cylinder surface finishes indicated that a highly polished rod has higher gain
than does a ground surface rod. Additionally, we have some preliminary data that suggest
that a rod cylindrically AR coated at 8000D has increased gain.

The engineering feasibility model laser is constructed from a single piece of invar for
maximum thermal and structural stability. The optical elements are firmly mounted and the
end mirrors have slight adjustments by means of locking flexure mounts. The laser rod and
pump cavity are differentially conductively cooled by separate heat pipes so that the rod



may be kept at 0EC or less and the cavity at 20EC. The laser operated within 90% of its
initial power after the vibration tests. This is the first time that a solid state laser has been
designed and fabricated to withstand a launch environment and operate hands-off. A
photograph of the laser mounted for vibration testing is shown in Figure 4. The laser
weighs 6.6 Kg (14.5 lb).

FIGURE 4. Photograph of the 6.4 Kg (14.0 lb) engineering feasibility model
laser as mounted for vibrational testing

Optical Modulator.   The engineering feasibility model system uses a modulation data
format different from that used in the brassboard system. A pulse quaternary modulation
(PQM) is used rather than pulse gated binary modulation (PGBM) because of increased
efficiency with PQM. We illustrate this increased efficiency in Figure 5 where the system
operation asynchronously with zero background; asynchronous means that the laser rate
and data rate are not synchronized to one another. The modulator depth of modulation was
20 to 1 and the data codes are indicated.

The PQM format modulator uses one 500 Mbps and one 1000 Mbps modulator placed in a
series with a 1 nanosecond optical time delay unit between the two modulators. The PQM
operation may be classified as a sequential series action. The polarization of an incident
light pulse is rotated by 90E by the first modulator for a binary one or not rotated for a
binary zero. The pulses enter the delay, the unrotated pulse are undisturbed while the
rotated pulse is time delayed by 1 nanosecond and then is optically recombined into the
main optical path.



 FIGURE 5. Comparison of the operation of the 1000 megabit per second
laser communication system operating with PQM and PGBM
formats

The combined pulse stream is then caused to enter the second modulator. The second
modulator causes polarization rotation or non-rotation similar to the first modulator. The
second modulator is coded electronically relative to the first modulator to account for the
unequal time interval between pulses. The incident 500 megapulses per second light is thus
coded in time and polarization to a 1000 Mbps data rate.

The electro-optical modulators are fabricated using two small tapered crystals of lithium
tantalate, LiTa03. The use of LiTa03 rather than some other crystal material is also a
technological advancement. LiTa03 has been historically difficult to obtain in the
contaminant (particularly iron) free state. LiTa03 which has an iron content of only 2-10
ppm was developed for use in these fast modulators21. This is over 100 times lower than is
normally available. Optical damage was once a problem. The new material has been tested
with optical densities of order 1 x 107 watts cm-2 for extended periods without deleterious
effects.



Each modulator uses two LiTa03 crystals placed end to end. The crystals are 10 mm in
length and are tapered along the length. The end dimensions are 0.25 x 0.25 mm and 0.15
x 0.25 mm. The crystals have their A-faces perpendicular to the incident laser light. The E
and 0 axes of the two crystals are rotated 90E relative to the polarization of the incident
laser light. The crossed axes configuration tends to self-compensate the natural
birefringence of LiTa03 and reduces temperature sensitivity. The incident laser light is
optically focused between two crystals with a beam waist of order 75 x 10-4 cm.

The modulator uses a solid state driver which provides a nominal 20 volt pulse with a rise
and fall time of order 200 picoseconds. Each modulator requires about 30 watts, including
driver and heater. The crystal temperature must be kept at 150EC to allow self annealing
and eliminate possibly optical damage. The voltage pulse must be applied to the crystals
simultaneously with the passage of the optical pulse which has a 10% to 10% point
pulsewidth of about 300 picoseconds. A precision retimer is provided in the premodulator
electronics to synchronize the modulator drive to the master clock derived from the
optically detected laser pulse rate at the laser. The modulator optical transmission is
currently about 0.50 with an expected improvement to about 0.75 due to improvements in
optical coatings.

A problem which exists as of this writing is optical coatings. We have observed some
humidity caused degradation. We are now involved in long term degradation, optical index
variation, and polarization study of the system coatings, The coatings in the laser, for
example, must be evaluated differently from those on the solar tracking assembly due to
the different environmental conditions. We do not yet have sufficient data to establish the
definite degradation causes.

CONCLUSIONS

The technology developments for visible laser communications has been significantly
advanced in the past few years. Recent system models have proven the capability of
fabricating visible laser space hardware. A serial data rate of 1000 megabits per second is
now the state of the art. Table 1 illustrates the parameters of a possible low earth orbiting
satellite laser communication system. The major advantages for space use are associated
with the weight and power requirements. We are now at the threshold of laser
communications for space use. The planned space test will set the stage for laser
communications system operating in the 1980’s and beyond.



TABLE 1. System characteristics of the space Nd:YAG laser communications
transmitter package in development for a low earth orbit to
synchronous satellite laser link
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ATMOSPHEIRC PROPAGATION EFFECTS ON A LASER SHIP
MAST DETECTOR

HAROLD O. CURTIS
Consultant

1.  Summary

The performance of a laser gate ship mast detector is evaluated. The laser gate consists of
transmitting optics and laser on one side of a shipping channel and receiving optics and
detector on the other side of the channel. Expressions relating the probability of detection
and the false alarm rate to laser power, noise, visibility or atmospheric attenuation of the
beam are developed. Finally, at power levels meeting safety standards and for useful
probabilities of detection and false alarm rates, the visibilities which limit system
performance are determined as a function of laser gate path length. The gate, at visible
wave lengths, will function at visibilities only slightly less than the path length.

In the next step, the expected performance of the laser gate using a CO2 laser radiating at
10.6µ in the infrared is analyzed. The extinction coefficient, which is only a fraction of that
in the visible case, is estimated for poor visibility conditions (RVR = 1,000 ft.) from a
combination of attenuation measurements relating attenuation to total water content and
meterological results relating visibility to total water content. Then, for the infrared system,
the same arguments as above are invoked and, in this case, it is shown that the infrared
system will provide the required performance at much longer path lengths.

Predictions of Laser Gate Performance

2.  Introduction

At Logan Airport, the use of the full 10,000 foot length of Runway 4R is allowed only in
VFR conditions in the daytime. When the ability of the pilot to see Boston Harbor is
inhibited either by darkness or by weather, the threshold for landing is displaced 2,500 feet
down the runway because of the possibility that the high masts of ships transiting Boston
Harbor have penetrated the approach zone.



In 1971, the Lincoln Laboratory of M.I.T. demonstrated the operation of a ship mast
detecting laser gate.1 In this experiment a narrow visible wave length laser beam on the
east side of Boston Inner Harbor was pointed at a narrow field of view detector on the
west side; the interruption of the beam by a one inch vertical mast on a ship traveling at a
speed up to 12 knots was, in good visibility conditions, an easily detectable event. In lower
visibilities, laser gate operation was demonstrated at visibilities somewhat less than the
laser path length.

The goal of this study was to evaluate the performance of a laser ship mast detector at
runway visibilities as low as one-quarter mile.

A quick survey of possible and convenient locations shows that no gate is characterized by
a path length approaching 1,200 feet. Since operation with a visible laser at visibilities
much less than the path length is recognized as marginal, this study was accomplished to
estimate quantitatively the performance of the laser gate as a function of path length and
visibility.

The process is first to establish the relationship used by the FAA to yield runway visual
range (visibility) from the transmissometer measurements of extinction coefficient if
runway visual range is known. The second step is to characterize the noise which will
inhibit operation of the laser gate. The third step is to develop a set of performance
expressions relating the probability of a missed mast - or the miss rate - and the probability
of false alarm - or the false alarm rate - to the signal-to-noise ratio observed in the laser
gate.

Finally by setting useful values of the miss and false alarm rates, numerical limits on the
signal-to-noise ratio are established. The signal is then observed as the power removed
from the beam when the beam is interrupted by a mast and, of course, contains a
dependence on the extinction coefficient. The expression for signal-to-noise ratio then
yields, for a given extinction coefficient, the maximum path length. Going back to the
relationship between runway visual range and the extinction coefficient, this implies a
determination of maximum path length given the runway visual range.

3.  The Relationship of the Extinction Coefficient and Runway Range

The path loss, L, of light from a beam in propagating through the atmosphere a distance r
can be estimated by

3.1
where " is the extinction coefficient. The extinction coefficient is related to the runway
visual range (RVR) and although the connection is in some ways tenuous, “standard”



techniques for establishing the relationship are used in the measurement of RVR. 2,3,4

In the daytime in reasonably good visibility, the RVR is defined by Koschmieder’s theory
which applies to the viewing of contrast

3.2

where V is the RVR

eo is the contrast threshold of the eye.

At night and in poor visibility in the dayime, Allard’s Law, which holds for the viewing of
lights, is used to define the visibility

3.3

where E T is the illuminance threshold of the eye in mile-candles.

I is the source intensity in candellas.

Arbitrarily using the values for thresholds defined by the RVR instrumentation and for
airport lighting as it exists at Logan Airport, the two expressions become

3.4

where " is the extinction coefficient in (feet)-1

V is the runway visual range in feet

For daytime, the RVR is taken as the larger of the values computed for V using
Koschmieder’s and Allard’s Laws.2 At the crossover,

V = 3,827 ft.

The variations of " with small changes in wavelength will not be considered; i.e., we
assume laser beams at visible or near visible wavelengths are attenuated with the same
extinction coefficient as that yielded by the visibility measurement which considers the



total response of the eye to reflected sunlight. This assumption will make estimates of ",
given a visibility, conservative at near infrared wavelengths. The vastly different extinction
coefficients at 10.6µ wavelength will be considered in Section 6.

4.  Noise Source

4.1   Background Noise

If the background noise density is N, the collected noise is

4.1
where Ar is the receiving area in cm2

S is the field of view in sterradians

W is the bandwidth in Ao

From the rather meager data available for the near horizon sky 5,6, for day time with the sun
not too close

and 4.2

For night, ignoring lights, we might expect 7 N = 10-14w/cm2 Sr Ao . A 100 watt (optical)
light at a range of 1 km with an effective bandwidth of 3,000 Ao gives isotropically
N = 3 x 10-13 w/cm2 Ao, independent of the field of view.

4.2  Signal Shot Noise

In the formulation used here, signal generated shot noise may also be important. Thus, the
received power, Pr, also contributes to the effective background noise; this contribution
will be evaluated below.

4.3  Internal Noise

There are a variety of sources of internal noises. To a first approximation these are
characterized by the Noise Equivalent Power (NEP) which is the root mean square (rms)
value of sinusoidally modulated power required to generate the same rms output in a one
hertz band as does the noise. The optical power, which would generate the same (shot)
noise as does the detector can be shown to be



4.3
where R is the detector responsivity in amperes/watt.

4.4  Total Noise

Combining the results of 3.1, 3.2 and 3.3

4.4

For our purposes, the only effect is a shot noise of (measured) power density

4.5

5.  Performance Expressions

The effect of the mast will be considered to be a rectangular pulse of width w/v where w is
the beam width defined by the optics and v the velocity of the ship.

In relating the performance to the system parameters, the performance measures are taken
to be the probability of a missed mast, Pm , and the probability of false alarm Pf.

For simplicity, and with little error, we think of the problem as a sequence of decisions on
successive time intervals of duration

5.1

For values of w = 1 inch and V = 15 kts,

The average miss rate is then Pm/J misses per second 5.2
and the false alarm rate is Pf / false alarms per second for single beam.

For a two beam system with identical beams, the probability of a miss is the probability
that either beam misses and the probability of false alarm is that both beams alarm within a
prescribed interval Ta. Thus, as far as noise performance is concerned with two beams



To estimate Pf and Pm, we assume that the receiver integrates (or counts) the received
signal for a J second interval and compares the result with a threshold L. If all the noises
are treated as Gaussian with a combined noise power density No amp2/Hz (measured) we
know8

5.4

where R is the cathode responsivity (amp/watt) including glass losses, etc.

Pr is the received signal power level in watts - here assumed constant over J, and

If a pulsed system is used J is replaced by Jp. the pulse duration. The expressions for Pf

and Pm are valid if the signal and noise levels are strong enough that individual events are
not distinguishable, which is incorrect in detail here. For lower count rates, Poisson-
derived expressions should be used, but, for our present purpose, the complexity is not
worth the improved accuracy. Thus, in summary, we shall use

5.5



Ta, the guard time on one beam after the other has fired, is the horizontal distance between
the beams divided by the ship speed. In Pf and Pm, J is the window crossing time or the
transmitted pulse duration - whichever is smaller. In the rates, it is the window crossing
time.

We shall use a miss rate of one per five centuries, Pm = 9 x 10-14 or

5.6

One (noise induced) false alarm per day should be acceptable. To get some feeling for the
noise alarm behavior, note that, for a miss rate of 1 per 5 centuries

5.7

5.8

Evaluating 5.8 for Ta = 1 sec and J = 3 ms, values of                               which is the
signal-to-noise ratio greater than 1.75 yield false alarm rates less than 1 per century. Thus
we specify

5.9

for J = 3 x 10-3 sec. and a cw system.

For a pulsed laser with Jp = J,

5.10

where Pr is the received power when the pulse is one, i.e., the peak power. We have, to
some extent, assumed that the threshold was set to achieve the desired Pm; this means in
practice that the threshold is varied with attenuation. If it is not, the false alarm rate is
constant but the miss rate varies.



If the system is quantum limited, the best possible situation,

5.11
and for unpulsed operation, we require

5.12

or

5.13

where Pr is the average power received.

For quantum limited operations with pulsing, the average power requirement is the same
(the power in Equation 5.13 is the peak received power.)

6.  Performance Calculations for Visible Wavelength Lasers

6.1  Received Power Level

Let the window size be w x h, the path length be R, and the extinction coefficient ". In the
absence of multiple scatter, the power through the window incident on the receiver is

6.1

where pt is the power density that would exist at the mast if " were 0. Here, we have
assumed that the receiving aperture is masked so that it receives all the light that passes
through the window which represents the mast. In the Commonwealth of Massachusetts
Safety regulations 9 require that, where people can be exposed, pt not exceed 10-5 w/cm2,
for visible and near visible lasers. We shall also assume that the radiation levels at the
transmitting aperture are at the safety limit, and that the beam is collimated at the
diffraction limit.

For a four inch transmitting aperture, the maximum laser power will be about 10-3 watts.
For a four inch aperture and lp wavelength, the beam is 10-5 radians and, in path lengths of
4,000 ft., the beam will have expanded only one inch. We ignore this expansion and the
variation in power density across the aperture. Thus, the power through the window is

6.2



This is also the power removed when a mast of width w blocks the beam. If the receiver
aperture is also four inches in diameter and masked for w equal to one inch

6.3

6.2  Noise Levels

In Section 3.4, we showed that the noise is

and gave typical values for N.

A typical value for R is 0.1 (GaAs - Cs2O)10 in the range 4,000 to 9,000 Ao . We shall take
the NEP for this surface as a photomultiplier cathode to be on the order of 10-13 to 10-14.
For a silicon photodiode, R is about 0.1 to 0.2 and the NEP is about 10-12 . For Ar . 25
cm2 , S = 10-6 sr, W = 10 Ao, the contribution of (day) background is about comparable
(order of magnitude) to the detector contribution even for a photomultiplier tube. Since we
can decrease our receiver field of view well below 10-6 sr, we can, without too much error,
neglect background. At night or with a photodiode, or with a narrower receiver field of
view, this will be even more true. Thus, approximately,

6.5

For quantum noise to dominate,

6.6

which is not possible. Thus, the system is detector limited and

6.7



6.3  System Performance Relationships

Substituting by 5.7 .1µ into expressions 4.9 and 4.10, we obtain

6.8

or

6.9

In particular, for Jp = 10-7 second, which is a typical pulse width, with one pulse per
decision interval, we have

6.10

Finally, it should be noted that no margin has been allowed for overlooked losses. A factor
of 10 dB margin in power is desirable so

Pr $ 1750 (NEP) unpulsed, 10 dB margin
6.11

Pr $ 10 (NEP) 100 ns Pulse per 3 ms, 10 dB margin

6.4  Minimum Visibility Operation

The expressions, 6.8 - 6.11, combined with 6.3 and 5.4, yield "R as a function of NEP.
For three values of NEP, the relationships become

NEP No Margin 10 db Margin

CW Pulsed CW Pulsed

10-14 18.8 23.9 16.5 21.7

10-13    "R# 16.5 21.7 14.2 19.4

10-12 14.2 19.4 11.9 17.1

One way to use these relationships is to ask the practical question, “In how low visibility
will a laser gate of path length R feet operate?” We assume the best photomultiplier,
NEP = 10-4 watts/hz and compute the minimum extinction coefficient corresponding to a
path length R. Table 1 gives the results of these computations.



Table 1 Minimum Operating Runway Visual
Range for

Three Values of Laser Gate Path Length
10 db Margin, NEP = 10-14 w/Hz1/2

Path Length (ft.)

1,500 3,000 4,500

"cw("R = 16.5 1.1 x 10-2 5.5 x 10-3 3.67 x 10-3

"   ("R = 21.7
   Pulsed

1.4 x 10-2 7.2 x 10-2 4.82 x 10-3

Daytime

Minimum RVR CW 620 1,020 1,350

   (ft.) Pulsed 520    850 1,100

Nighttime

Minimum RVR CW    1,100 1,900 2,700

  (ft.) Pulsed       900 1,540 2,150

7.  Performance Predictions for 10.6µ Wavelength Lasers

7.1  Extinction Coefficient in Fog

At visible wavelengths attenuation of the laser beam in any aerosol is caused almost
completely by scatter and the important parameter is the ratio of wavelength to particle
size. As this ratio increases, i.e. at longer wavelengths, the effective cross section for
scattering decreases and the attenuation decreases. At all wavelengths, the attenuation in a
real fog depends markedly on the particle size distribution. In addition to being scattered,
infrared radiation is absorbed by water. Thus, in a fog, the attenuation in the infrared
depends not only on the particle size distribution, but also on the liquid water content.

The measurements of the attenuation coefficients of fogs of differing water
content11,12,13,14,15,16 may be summarized as follows:

Worst Case Fog: 50 db/km, " = 2.9 x 10-3 ft.-1 . 1/3 "visible

Probable Fog: 33 db/km, " = 1.9 x 10-3 ft.-1 . 1/5 "visible



and, in the absolute worst case, in clouds

Clouds: " = 4.5 x 10-3 ft.. ½ "visible

7.2  Safety Requirements at 10.6µ

From the Massachusetts Regulations on the use of lasers9 the safe level for the CW
radiation at 10.6µ is 10 W/cm2.

7.3  Noise at 10.6µ

10.6µ is not only the wavelength of the CO2 laser, it is also the wavelength of the peak in
the black body radiation pattern objects at or near room temperature. However, if the field
of view of 10.6µ radiation detector can be restricted by cold baffles, it may be possible to
operate that detector in a way that its internal noise, which is primarily due to the thermal
generation and recombination of electron-hole pairs, is smaller than the background
noise17,18. At any rate, the NEP of infrared detectors, as measured, are a combination of
internal and background noise and, as such, the manufacturer’s quoted value for NEP is
that which will be used in our computations.

The detectors which are used at temperatures of liquid helium, Ge:Hg, Ge:Cu, exhibit
NEP’s of 10-11 for 60o fields of view. Hg:Cd:Te detectors operating at temperatures of
liquid nitrogen have NEP’s of 10-10. Pyroelectric detectors, operating at room temperature,
exhibit NEP’s of 10-9 and by careful selection 10-10. For the purposes of our computations,
we shall use 10-10 watts/hz1/2.

7.4  Diffraction Effects

At 10.6µ, the performance of the very simple optical and detection system in which the
transmitted radiation is collimated and the receiving aperture masked to a one inch slot to
match the mast diameter to be detected is seriously inhibited by the spreadout diffraction
pattern of the mast. In the infrared, the angle to the first minimum of the shadow pattern,
i.e. the angular width of the shadow of the one inch (.025 m) mast, is 4 x 10-4 r. and the
width of the shadow at 2,000 ft. distance, mast-to-detector, is 0.8 ft. The decrease in
power, i.e. the shadow, at the plane of the receiver is then spread out over ten inches and
the decrease in power is on the average only 10% as large as it would be at very short
wavelength. At visible wavelength (8 = 0.7µ) the angle of spread of the shadow is
3 x 10-5 r. and the diffraction width at the receiver 6 x 10-2 ft. (0.7 in.). Thus, the shadow of
the mast is only slightly larger than the mast at visible wavelengths and our assumption
that the diffraction effects are small in Sections 2-5 is substantiated.



One straightforward way of overcoming this problem is to move the mask from the
aperture to the focal plane of the receiver. Whereas, in the visible, the receiving telescope
was only a collector, in the infrared, it must be capable of resolving the one inch mast at a
distance of about 2,000 ft., i.e. its resolution must be 4 x 10-5 r. At 10.6µ, the aperture, Ar ,
then must be

With this aperture, and a 2 meter focal length, the field stop would be a slit of width, b,

7.5  Performance Calculations

In the infrared, we shall assume that both the receiver and the transmitter are 10 inch
optical systems and we shall ignore the spreading (2 inches in 4,000 ft.) of the collimated
beam. Again, the power density at the aperture will be that allowed by safety regulations,
10-2 W/cm2. The power removed when a mast is focussed on the field stop is

where R is the path length.

The relationships,

which were derived in Section 4 may be applied. They prescribe an extremely low miss
rate (one per five centuries) and a false alarm rate of one per day. These relationships,
used with the extinction coefficients given in Section 6.1 and an NEP of 10-10 watts/hz,
yield the following values for the maximum length of the gate, Rmax which can be used at a
runaway visual range of 1,000 ft.



Rmax

CW pulsed

Worst Case - Clouds - " = 4 x 10-3 ft.-1 4353 5645

Worst Case - Fog      - " = 2.9 x 10-3 6005 7786

Probable Case - Fog  - " = 1.9 x 10-3 9165 11884

With a 10 db margin, Rmax becomes CW pulsed

Worst Case - Clouds 3777 5069

Worst Case - Fog 5211 6992

Probable Case - Fog 7954 10672

The simple instrument assumed here does not optimize the performance of the gate
operating under the constraint of the safety requirement. For example, an optical system in
which the transmitted beam is focussed on the mast will increase the power removed by
the mast by almost an order of magnitude. The safety constraint would seemingly apply to
the mast rather than the aperture, but for visibilities low enough (" > 10-3 ft.-1, aperture =
12", and 3,000 ft. from transmitter to mast) the power density decreases monotonically
with distance. For all the situations above (" > 10-3 ft.-1, the performance would be
improved. This change would add about 800 ft. to the maximum path length in the worst
case fog situation.

The comparison between the performance of the laser gates at visible and infrared
wave lengths is basically that the infrared laser gate provides adequate performance with
laser gate lengths several times the visibility whereas the visible laser gate provides
adequate operation only with laser gates about equal to the visibility.
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Summary.  U.S. Navy anti-submarine-warfare telemetering sonobuoys have recently
become an important tool in the study of earthquakes at sea. Earthquake ground motion
converts to sub-audio compressional waves in the water and is detected by the sonabuoy
hydrophones. The frequency-modulated sonobuoy signals are monitored with commercial
VHF receivers on shipboard, aircraft or land, and are recorded on f.m. magnetic tape or
strip chart. Subsequent analysis of the seismic signals gives information on location and
depth of the earthquake as well as direction of fault motion, stress release and other
characteristics of the event. The accuracy of epicenter location is usually limited by the
precision of ship navigation but may also be limited by uncertainties in sonobuoy position
measured from the ship. Events large enough to be detected on land have been located
with better accuracy by sonobuoys than by the land arrays.

This paper describes the techniques of using sonobuoys for earthquake research, and gives
results of observations of microearthquake swarms in the Gulf of California along the
extension of the San Andreas Fault.

Introduction.  In order to obtain accurate hypocentral information from oceanic
earthquakes, local seismograph arrays with dimensions of the same order as the size of the
area and depths of events under study are necessary. Since land stations alone cannot
usually meet this condition, it is necessary to find sensors capable of operating at sea and
able to detect small, nearby earthquakes. Earthquakes have been detected by ships during
refraction studies near active regions, while receiving hydrophones were in the water
(Northrup and Raitt, 1963; Birch, 1966). The T-phase hydrophone array has been in
operation for many years (see, for example, Johnson, 1966) and has detected numerous
earthquakes. Raitt and Shor (Raitt, personal communication) have detected many
seaquakes on hydrophones. They recognized that this type of instrument would be useful
in studying microearthquakes at sea. Sonobuoys have been used for several years in
seismic refraction (Hill, 1952; Hill, 1963) and seismic reflection experiments at sea
(LePichon et. al., 1968; Houtz et. al., 1968). It seemed a natural extension to use this type
of instrument to study earthquakes at sea. In 1970, we began experiments using U.S. Navy



sonobuoys for local earthquake detection. These units consist of a small buoy containing
an audio amplifier and VHF transmitter. A hydrophone is suspended at some present depth
below the buoy. Sonobuoys can be easily deployed from a moving ship or airplane. Signals
can be monitored on board or at nearby land recording sites.

Hydrophone Response.   The pressure variations at the hydrophone depend upon sea
state, hydrophone depth, sea bottom earthquake motion, and the elastic parameters of sub-
bottom sediment and rock layers (Bradner 1962, 1963). In the present paper a simplified
relation will be used to relate Richter earthquake magnitude and the pressure at the
hydrophone (Reid, et. al., 1973).

M = log p20(µbar) - 2.85 - log Ao + log A20 (1)

where M is the local magnitude; p20 is the pressure amplitude at a frequency of 20 Hz; Ao

is the distance correction of Richter 1958; A20 is an additional distance correction for
20 Hz. seismic waves given by Brune and Allen, 1967.

For a M=0 at 10 km., Eqn (1) gives a peak pressure amplitude of 1.6 µbar. Since the
ambient sea noise (for a sea state 2) is about 1 µbar near 20 Hz. (Wenz, 1962), M=0 at
10 km. is about the lower limit of detectability for any hydrophone system operating near
that frequency. This background pressure level, 1 µbar, is equivalent to the pressure
induced by .26 mµ of ground motion (at 20 Hz.). For comparison the background motion
at land sites in Southern California is about 0.05 mµ for quiet sites and 0.3 mµ for noisier
sites. (Brune and Allen, 1967.) Thus, the sonobuoy system (or any hydrophone system)
has about an order of magnitude higher noise level than quiet land sites.

Pressure Spectrum.  To determine the response of a hydrophone system to a local
microearthquake signal, the spectral theory of Brune, 1970 is employed. According to his
theory, the ground displacement amplitude spectrum is flat to some corner frequency,
beyond which it falls off as T-2. The pressure spectrum, then, should increase as T,
reaching a peak at the corner frequency and fall as T-1 at higher frequencies. Such a
spectrum is plotted in Fig. 1 for a corner frequency of 20 Hz. (dashed line). Also plotted is
a typical ambient noise pressure spectrum for sea state 2 from the work of Wenz, 1962
(solid line). The maximum signal-to-noise occurs at frequencies near 20 Hz. While a
different corner frequency would shift the frequency at which the maximum occurs, it
does, in practice, appear to be near 20 Hz. for close events.

Also shown in Fig. 1 is the earthquake pressure spectrum expected when reflection from
the sea surface is taken into account. The pressure amplitude at some depth d is
represented as the sum of the incident and reflected waves, i.e.,



p = pi + pr = 2pi,sin(d"T) + surface scattering. (2)

In Fig. 1, d is taken as 20 m., a common sonobuoy hydrophone depth, and the factor of
two has been suppressed. The interference pattern antinode near 20 Hz. increases the
signal-to-noise at 20 Hz. relative to nearby frequencies. It should be noted that the
magnitude formulation of Eqn. (1) does not take the surface reflection into account. This
introduces only a small (~.3 magnitude units) correction in the calculated magnitude.

The Sonobuoy System.  Earthquake studies consist essentially of recording seismic
signals in analog format from an array of detectors, and then determining as much as
possible about the nature of the earthquake by examining the details of the analog traces:
The direction of first motion (compression or rarefaction) and the relative signal
amplitudes of array elements give information on the slip direction of the fault break.
Signal amplitude vs. distance determines earthquake magnitude, as previously indicated.
Spectral analysis of the signals gives information on the stress release of the fault break.
(Brune, 1970.) The location and depth of the event is found from the relative arrival times
of characteristic compressional or shear waves. Since only compressional waves often
show clearly on sonobuoys, the array must consist of at least four detectors to determine
the 3 spatial coordinates and origin time. If wave velocities in the sediment and rock are
not known a priori, even more sonobuoys are needed. We regularly deploy as many
sonobuoys as practical, up to about eight.

Each sonobuoy consists of a hydrophone and preamp hung 20 m. or 100 m. below a
surface buoy with a compliant line (to decouple the hydrophone from motion of the surface
buoy). The surface buoy contains sea-water batteries, an audio amplifier, and a VHF (150-
170 MHz.) transmitter. The frequency response of the hydrophone-amplifier system is
shown in Fig. 2 for one particular sonobuoy, the AN/SSQ-57(XN-3). The plot is taken
from the sonobuoy manual, NAVAIR 16-30 SSQ5T-2. Other models do not differ much in
the frequency range 10 to 100 Hz. The strip chart cut-off shown is for the multi-channel
recorder often used in sonobuoy work. Other recorders have slightly different high
frequency filtering, but usually do not effect the response near 20 Hz.

The sonobuoy monitoring system consists of VHF radio receivers and visible recorder.
Magnetic tape is often used as well. Since the calibration of the sonobuoys is given in kHz.
carrier deviation of the transmitter frequency per µbar at 440 Hz., it is necessary to
calibrate each radio. The radio output circuitry was modified to allow a dc response.
Detuning the radio dial a certain distance (corresponding to some frequency deviation),
with a carrier present, gives a dc offset at the output. The radio-recorder signal amplitude
can then be related directly to the pressure at the hydrophone. Though usually set up
aboard the deploying vessel, the monitoring system may be placed on land, if a close
enough site is available.



Operating and Tracking Procedures.  The first major seismicity program using
sonobuoys was carried out in 1972 during the HYPOGENE Expedition (Reid, et. al.,
1973). The following is a discussion of operating techniques developed during
HYPOGENE and subsequent expeditions. Sonobuoys have generally been deployed from
ships. The simplest procedure is to deploy the buoys as the ship is steaming in some
pattern. Satellite, radar or some other navigational tool will give the initial position of the
sonobuoy. For a short (1 to 3 hr.) lived buoy, this position is sufficient (at least in regions
where currents are not strong). If the buoy is active for a longer time, though, it either must
be anchored, or its position tracked. Since sonobuoy signals are telemetered to a central
receiving station on shipboard we can determine the approximate location of an event very
quickly, and augment the array to surround the event. In contrast temporary land arrays
usually record data at each separate seismometer; and faulty array placement is not
discovered until all aftershocks have occurred.

Several sonobuoys were anchored near Guaymas, Sonora, Mexico during HYPOGENE
(Brune, et. al., 1973). This was a time consuming process and had limited success. In
particular, noise resulting from tidal current flow past the hydrophone considerably
reduced system sensitivity for part of each day. Free-floating sonobuoys were found to be
much quieter.

Two methods have been used to track the position of free-floating sonobuoys. The first
employs small sound sources, such as an air gun or explosives. As the ship steams around
and in the array, the explosions are set off and the signals received at each sonobuoy are
recorded. Knowing the origin time and location of each source, and the arrival time of the
direct pressure wave at the buoy, a distance to the sonobuoy can be calculated. With
several of these ranging shots, the average position of the buoy during the shooting period
can be determined. In some instances, the direct wave can be refracted down, away from
the buoy, and no such arrival seen at the sonobuoy. When this occurs, the time of arrival of
the wave reflected at the ocean bottom is used to determine distance. This is a common
technique in seismic refraction work, and was used successfully during HYPOGENE to
locate free drifting sonobuoys.

For the second tracking method, a small (6 to 15 ft.) spar buoy, with one or two radar
corner reflectors fixed to the top, is connected to each sonobuoy via a 10 to 20 ft. line.
Whenever the ship is within radar range of the buoys, then, the position of the buoy
relative to the ship can easily be determined. For work accomplished during the past three
years, the maximum range at which the radar reflectors could be detected was rarely
10 km. and at times was only 2 km. Nevertheless, this technique has some advantages over
the explosion method. An air gun system or explosives do not have to be aboard; only a
radar is necessary to determine the buoy locations relative to the ship. The tracking
operation can be carried out at any time; the ship need not be underway. The position is



determined with a single reading, while at least three separate explosive shots are required.
Also, the radar technique can be carried out in the presence of high seismicity, when
knowledge of buoy positions is most critical but an arrival from a shot may be lost in a
natural event. One disadvantage is that the system cannot be deployed while the ship is
underway. Stopping the ship does decrease accuracy in navigation (especially if only
satellite navigation is used) since errors can accumulate in the dead-reckoning position. In
addition, the ship usually stays in the area to retrieve the radar reflector spars. This time
consuming operation is not necessary when no radar reflectors are used. Radar
transponders have evident advantages over corner reflectors but we have not been able to
afford them.

Generally, the positions of the buoys relative to the ship can be determined with an
accuracy of about 0.1 km. for radar fixing and 0.3 km. or so with the explosive method.
The largest sources of error in the latter are usually lack of knowledge of the velocity
structure in the upper ocean, and the necessity to average the position over the time
required to shoot several well-spaced shots. The absolute buoy locations, however, can be
determined only as accurately as the ship’s location. All navigation techniques used,
satellite, radar, and LORAN have limitations and inherent sources of error. The best
system would use some combination of these as well as bathymetric navigation to
determine the ship’s position as accurately as possible relative to the fault features. Ideally,
one would like to know the sonobuoy locations to about .1 km. For various reasons, this
accuracy has not been achieved. During most of the field work in the Gulf of California,
navigation has been solely by radar or sextant. The large distances to targets (up to
100 km.), poor azimuth distribution of useable targets, and erroneous positioning of the
targets on the available charts, introduces possible errors as large as 4 km. Such errors can
make interpretation of results difficult. Navigation errors have, in fact, been the largest
source of error in epicentral determinations for the studies discussed in this paper.
Nevertheless, epicenter locations by sonobuoys have shown less scatter than locations
from teleseismic land stations.

The standard Navy sonobuoys were designed to be dropped from an airplane. We have
used this technique in several studies (e.g., Bradner and Brune, 1974). Short life
sonobuoys are usually used, since they will drift after deployment and no easy tracking
method is available for use from a civilian plane. The signals are usually recorded with a
system aboard the plane.

Types of Experiments.  There are, in general, two types of seismic experiments which
involve temporary stations. For seismicity surveys, the stations operate for some length of
time with the hope that some significant activity will be present. Locations of active faults,
source depths and some source mechanism information can be examined without waiting
for a large earthquake sequence to occur in the region of interest. The experiment may last



several days or weeks before sufficient information is available for thorough analysis. For
example, the seismicity work of Brune and Allen, 1967, was carried out over periods of
from two days to one year per site.

The second type of experiment takes advantage of aftershocks of a large earthquake or the
time duration of an earthquake swarm, and the ability to respond quickly, before the
activity dies away. Some activity is almost guaranteed, depending on the size of the largest
event and the delay in setting up the stations. The events located give the length, depth,
and orientation of the ruptured region. Some information on source mechanism and
stresses involved is sometimes available, if the recording technique allows determination
of the direction of first motion, or spectral analysis of the recorded signals.

For various reasons, sonobuoys are better suited for the aftershock or swarm study than for
seismicity. The cost and operating life of each buoy, as well as their tendency to drift away
from the fault zone, limit their abilities to measure seismicity for any length of time. During
swarms and aftershock sequences, however, the data density is usually high enough to
offset the cost and effort of sonobuoy arrays. The major advantage of using sonobuoys for
an aftershock or swarm study is that they can be deployed and monitored from almost any
vessel.

Observations in the Gulf of California.  We will describe one series of observations in
the Gulf of California to illustrate the value of sonobuoys. Geological, seismic, gravity, and
magnetic surveys of the Gulf of California region have developed a general concensus
regarding its history and present structure. (See for example Shepard 1950, Hamilton
1961, Phillips 1964, Harrison and Mather 1964, Runsak et. al., 1964, Sykes 1967, 1968,
1970, Moore 1973, Karig 1971, Henyey and Bischoff 1973, Bischoff and Henyey 1974,
Sharman 1974).

The present Gulf has probably grown from a proto-gulf (a back-arc marginal sea) during
the past 4 million years. The long Baja California peninsula rides on the Pacific plate and
thus moves in a general northwesterly direction with respect to the American continent.
The land of California west of the San Andreas Fault appears to be similarly riding on the
Pacific plate, but the tectonics of the Gulf has been thought to be much simpler than the
multi-faulted and lifted California region. We are attempting to improve our understanding
of the San Andreas fault by studying its extension in the Gulf.

The bathymetry and suggested fault pattern of the central Gulf is shown in Fig. 3. A long
transform fault connects the Sal si Puedes Basin with the Guaymas Basin. The San Pedro
Martyr Basin may represent a short spreading center segment. The Guaymas Basin
consists of two well defined grabens (Sharman, 1974), sites of crustal formation. The 



Carmen Basin appears to have a small spreading-center type offset of the transform fault
extending south from the Guaymas Basin.

During our first extensive, six week, cruise using sonobuoys an average of 3 discrete
earthquakes per day were detected, in addition to six large microearthquake swarms. The
discrete events compare well with active portions of the San Andreas fault system.
However swarms of up to 1000 small events lasting up to a few days are not observed
along the San Andreas fault. Fig. 4 shows a sample of seismograms from a swarm of 1000
events recorded during an eight hour period in the northern Guaymas Basin trough. The
largest event of the swarm had a local magnitude of less than about 2.0. None of the events
were recorded at a permanent seismograph station at Guaymas, 120 km. distance.

Of the 1000 events, 28 were selected from a four-hour sample for accurate location. No
swarm events had a significantly different arrival pattern than these 28. Arrival times were
measured to 0.2 sec. accuracy and event coordinates were determined by triangulation
assuming a uniform velocity below the sea floor. All of the located events were shallower
than 2 km. into the crust. All epicenters lay within a 3 km. by 2 km. area, trending
approximately parallel to the spreading center trough of the northern Guaymas Basin and
lying beneath the northern wall of this trough. A fault plane solution from first motions was
not possible, though such solutions have been obtained on other earthquakes; we would
expect the Guaymas Basin swarms to be associated with either normal faulting or magma
movement near the wall of the spreading center. The seismic activity during the swarm
was not constant; there were several clusters of earthquakes. A sample autocovariance of
the seismic time series shows that the swarm was not a random series of events.

On the basis of Guaymas Basin observations the Gulf appeared to be perhaps a simple
structure. Subsequent observations of other swarms in the Gulf have shown that the
structure is not simple, but nevertheless less complex than fault systems of California.

Conclusions.  We have discussed the use of sonobuoys for earthquake studies and have
briefly summarized some observations in the Gulf of California to illustrate their utility.
Sonobuoys can be effectively used to record earthquakes that are poorly determined or
even undetectable by land stations. In spite of difficulties in position-fixing they give
earthquake locations with accuracy comparable to land arrays. By studying
microearthquake swarms we have been able to examine regions in finer detail. In particular
we note that the tectonics of the northern Gulf of California is apparently quite
complicated although not on such a large scale as represented by the Transverse Ranges of
Southern California. In order to untangle the northern Gulf, and completely determine its
relation with the active faulting of Baja California and Southern California, accurate
epicenters obtained over an extended period of time are necessary. This study has begun
(Lomnitz, et. al., 1970, Brune, et.al., 1975) but the data is not yet sufficient to provide
accurate fault delineation.
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EVALUATION OF A RANDOM ACCESS SYSTEM WITH
HARDWARE SIMULATION

G.G. DELMAS
ARGOS Project Manager

Centre National d’Etudes Spatiales, France

Summary.   The purpose of this study is to solve the problem of the determination of the
exact capacity and performances of a satellite location and data collection system using
random access. Here is described the method we apply in the particular case of the
ARGOS system; the TIROS-N and NOAA-A to G satellites will be equiped with the
ARGOS on-board experiment and will ensure an operational service from 1978 to 1985 at
least. The results we obtained are significantly better than the first estimations and should
allow us to increase the number of the platforms.

Introduction.   In the case of the first location and data collection systems including non
geostationary satellites, such as IRLS and EOLE CAS-A, the beacons were equiped with
both receiver and transmitter subsystems. When the beacons were in visibility of the
satellite, they received its call message and they transmitted back their answer message to
it. This double link between the satellite and the beacons allowed to do range and Doppler
effect measurements owing to which the beacons are localized. With such a system, not
only the programming of the beacons to be localized is complex, but also the transponder
of the beacons is elaborate and, consequently, expensive. In order to avoid these
disadvantages, in the ARGOS random access system the one-way link “beacons to
satellite” is used, the beacons transmitting their messages at periodic intervals,
independantly of the satellite. Per contra, the probalistic aspect of the method appears ;
several beacons can simultaneously transmit their own message to the satellite, and
possibly cause interference phenomenas. So, several processing channels are necessary.
Moreover, the location can only be done from doppler effect measures with oscillators the
frequency of which is not well known. Here we will not treat of this location problem,
except when it has consequences on the random access evaluation. Previous studies
demonstrated that the location is possible in these conditions.

When we examine the problem of beacons mutual interferences, we have to consider the
characteristics of on-board experiment, which includes non-linear elements, the working
manner of which is generally not known when they are in presence of two or several
signals. Through this way of study, the evaluation of the system is approximate, so the
only solution is to simulate by hardware the messages received by the onboard receiver of



the satellite. In this purpose, we have realized a model of the ARGOS receiving system.
Although the results we obtained be specific to the ARGOS equipment, we think that they
can be used as a general rule.

General.   Here we consider the ARGOS program, which includes users beacons, an
equipment to be put on-board a satellite and acquisition and processing facilities. As also
others on-board experiments, the ARGOS receiving system will equip the TIROS-N and
NOAA-A to G satellites. An operational service will be ensured from 1978 to 1985. The
orbit of these TIROS-N and NOAA satellites is circular, sun synchronous and quasi-polar ;
they will be placed at about 830 km altitude. Two satellites with almost orthogonal orbit
planes will simultaneously operate. A world coverage can be ensured by such a system.

The working manner of the whole ARGOS system is as follows - the beacons transmit
periodically coded messages independently of the satellite. Every time a beacon is in
visibility of the satellite, the latter receives the transmitted message, operates the
acquisition, decommutates the data, measures the signal frequency, operates the time
referencing of the message and elaborates a new message which is stored by the S/C
memory. When the satellite comes in visibility of one of the two network ground-stations,
all the data collected by the satellite are transmitted to ground, the ARGOS data are
extracted and they are sent to the French Processing Center, which operates the location
and the decommutation of the data. Then, the users are supplied with the results of
ARGOS system.

Aims - Location.   The initial purpose of such a system was to locate a float of 2000
beacons uniformly distributed around the world surface, with an accuracy of about 5 km.
So the problem was to determine if it was possible to obtain this accuracy rate with the
only doppler effect measures, in the case of a random access system. Here we don’t go
further back into the matter (Ref. 1 and 2); only some general results, necessary to
establish the performances of the random access, are given every doppler effect measuring
done for one beacon determines a geometric locus : it is a cone the axis of which is the
satellite velocity vector and the half apex angle of which is called 2, such as :

fd : doppler frequency
fo : carrier frequency
V : velocity of the satellite

In case fo is known, the accurate determination of the beacon position can be computed at
the second pass of the satellite it is located at the intersection of such two cones and of the
altitude sphere of the beacon. But, in ARGOS configuration, we have to take in



consideration that the carrier frequency is not know and that the beacons are moving, so it
is necessary to do more measurements. The required location accuracy rate necessitates
that (Ref. 1) :

(Ref. 1) : Note interne CNES. Etudes sur la localisation de plates-formes par mesures
doppler “one-way” système TIROS-N par A. CARIOU, C. FARJOT.
(Ref. 2) : Un système de localisation et de collecte de données par accès aléatoire.
XXIVème Congras d’Astronautique de Bakou par G. DELMAS.

1. - the orbitography of the satellite be ensured with specific beacons ;
2. - the frequency of the beacon equipment abide by precise specifications :
• stability during the counting (100 Ms) : 10-9 
• deviation during a pass of the satellite (20 mn) : 10-8 
3. - 6 measurements at least be done during each of two successive passes of the satellite.

The problem of the random access.   The messages transmitted by the beacons include :
• a pure carrier part in order to allow the on-board receiving system to do the acquisition;
• a frequency modulated part including the synchronization words, the identification of

the beacon and the data furnished by the sensors. Table I shows some specifications
required by the transmitted messages.

Table 1 .- Specifications of the platforms messages.

digital rate : 395 < fb < 405 b/s
phase modulation : biphase L
message structure :
• bit synchro : 15 bits “1”
• frame synchro 8 bits 00010111
• initialization : 1 bit “1”
• identification : 24 bits
• sensors : 4 n eight bits word 1# n # 8
repetition period :
• for location : T = 40 s or more following accuracy excepted
• d.c. only : T 200 s
transmission :
• frequency : 401,65 MHz



• osc. stability :
short term (20 mn) : 0,5.10-9 /mn

jitter,(100 ms) : 10-9 
• transmitted power : 3 watts

When several messages are received at the same time, the random access sets two
problems : the mutual interferences between the present messages and the simultaneous
processing of several messages. This second problem can be resolved easily, it is a
problem of “queue”. On the other hand, the first one is very much more complex : the
mutual interferences require the consequent study of the receiving system principle and of
its working manner in the presence of signals having different levels and some frequency
shift.

In order to minimize these interferences, it is necessary that the signal be as short as
possible and, consequently, that the processing be done as fast as possible by the on-board
receiving system. Of course, during the study, the evaluation of the performances and the
principle of the receiving system will be continually reconsidered the one dependent on the
other (Ref. 3). The block diagram is shown in fig. 1. The characteristics of the beacons are
themselves consequent from this optimization.

The receiving system is composed with

• linear receiver ;
• a fast spectral analysis device called Search Unit, which measures approximatively the

frequency ;
• 4 processing units which ensure the definitive acquisition of the message when the

frequency is established, the decommutation and the doppler counting ,
• a control device, which assigns the input signals to the available processing units and

determines a rough frequency position of these processing units phase-lock loop.



First evaluation of the random access problem.   An estimation induces us to consider,
on the one hand, the different mod of a message and the filled spectral bandwidth : pure
carrier frequency, modulated carrier ; on the other hand, the different traversed equipment
or functions and their bandwidth : receiver, search unit, phase-lock loop during acquisition
and during tracking, doppler counting, bit synchronization, demodulation. For each of
these phases, that leads to determine disturbance ranges defined into the frequencies
amplitude field. Inside a disturbance range no other signal has to be present in order to
avoid the considered signal be disturbed. These disturbance ranges, elementary at the
begining, have been gradually studied thoroughly as we acquired a better knowledge of the
equipment owing to various tests. But if it is easy, from well defined signals, to determine
the disturbance range of an equipment, the input of a nth equipment of the system is badly
defined.

(Ref. 3) : Conception d’un satellite à accès aléatoire par D. LUDWIG. Texte présenté au
Colloque National sur le traitement du signal et ses applications - Nice 16-21 juin 1975.

So, we conclude that the only significant estimation necessitates a real simulation : a set of
messages would be injected in a model of the receiving system in order to exactly
reproduce the working conditions of receiving and processing.

The principle is as follows :
under the control of a minicomputer, an emission simulator, composed of 5 subsystems,
generate signals toward the input of the receiver model. These signals are identical to those
which will be received by the on-board receiver during orbital flight. The processing of
these signals is done by the receiving system and the telemetry is recovered owing to the
minicomputer through an interface bay simulating, among other things, the functionning of
the on-board processor.

Fig. 2 - Example of disturbance range



By comparison of this telemetry and of the characteristics of the generated emissions, an
evaluation of the system performances is deduced.

Emission simulation.   The emission simulator consists of 5 simulating subsystems and of
a mixing unit. Every simulating subsystem is composed of a programmable synthetizer and
of a command block charged with checking the synthetizer and with generating the video-
message, according to informations furnished by the computer. So, a simulation subsystem
allows to generate a UHF signal which has the encoding characteristics indicated in
table 1, as well as the frequency and the level that such a signal could have at the input of
the receiver. So, the 5 simulation subsystems allow to simulate 5 simultaneous messages.
In the case of the 2000 beacons, the loss of messages due to the fact that there are only 5
subsystems is lower than 1%, which is the required precision.

The signals of these 5 subsystems are mixed and appropriately attenuated before their
introduction into the receiving system.

Preparation of a “float”.   The messages presented to the receiver have to be
representative of a “float”. In order to furnish a file of the emissions present at the input of
the satellite at every moment to the minicomputer of the testing bench, a simulation of the
orbital path of the satellite above a beacons float is done owing to a computer.

Fig. 3 - EMISSION SIMULATION



The principle of this simulation is as follows
S on a Larth likened to an ellipsoid with an oblateness of 1/298,25 and an equatorial

radius of 6378,155 K M, N beacons are geographically dispatched as it is required by
the mission. The geographical dispatching can be wether statistical (result of a drawing
according to a specific constant density) or deterministic.

Every beacon is characterized by its own parameters :
S identification number, number of sensors
S position and eventually movement ; latitude, longitude and velocity
S emission frequency and drift level of this frequency
S repetition period drawn at random according to an uniform law
S the time reference of the first emission of every beacon is also drawn according to an

uniform law between 0 and medium repetition period.

The position of the satellite is characterized by a file (identical to the one which will be
used for the processing) in the same coordinates system as the beacons. This allows to
calculate at every moment the relative satellite-beacons positions.

Being known these relative positions (beacons / satellite), it is possible to calculate the
emission characteristics at the satellite level :
S its frequency, bearing the doppler deviation
S its level, which depends on the propagation attenuation and on antenna diagrams of the

beacons and of the satellite. So for an orbital or an half orbital path of the satellite, a
file will characterize all the messages transmitted by the beacons which are in optical
visibility with their significant parameters as above.

These files are established for different geographical configurations. Various numbers of
beacons and different repetition periods will allow the minicomputer to get to generate the
messages mixtures which could be received by the on-board receiving system.

Then, we have to compare the processed telemetry with the transmitted file and to
determine the system performances :
S accuracy of the doppler counting
S bits errors
S general performances with regard to random access
S capacity.

Results. The tests are far from being ended and others missions will be studied later. The
missions we have studied at the present time are :

N = number of beacons evenly dispatched on Earth = 2000 and 4000



TR = Repetition period = 40, 30, 20 seconds message duration = non
modulated part : 160 ms

  = modulated part : 200 ms(4 sensors)

Number of processing units : 4 or extraction flow towards the spacecraft processor : 720
B/S which makes us sure that there is no blocking at this level, and 480 B/S.

The measured values are :
Po : Probability for a message to be satisfactorily received with an error of the frequency

measuring inferior to 2Hz

Fo : Standard deviation of frequency errors in Hz

Ps : Probability for a message to be received without errors on sensors bits.

L : Loss of messages because insufficient flow towards the spacecraft.

The table 2 shows some results :

TABLE - 2

From these results the general performances given in table 3 are obtained ; we take into
account the fact that 6 messages must be received at each one of two successive orbital
pathes of the satellite and that, moreover, there are at least 420 s between the first and the
last measuring.



The results due to the only random access are shown in the column 1 and 2 : Po previously
defined and P, probability of location for a beacon which is geometrically localizable ; in
the 4 next columns, the results are given with regard to the geometry of the pathes in the -
40E + 40E latitude aeras, inside of which some beacons are not in visibility of the satellite
during two successive pathes.

Table 3

P : Location probability if geometrecally locatable
P (1.12) : Percentage of located platforms by a S/C each 12 h
P (1.24) : Percentage of located platforms by a S/C each 24 h
P (2.24) MIN : Percentage of located platforms by a S/C each 24 h
P (2.24) MAX : Percentage of located platforms by a S/C each 24 h

By way of comparison, the first approximate value of Po was 0.7 for a 2000 beacons
mission.

Conclusion :

So the tests of real simulation allowed us to demonstrate that the capacity of this system is
almost twice what was expected previously. Of course, in order to be really realist, it
would be necessary to take into account the electrical interferences. such tests will be
carried out, but the only experience will be significant.

On the other hand, the tests allowed to do precise measures on the disturbance ranges
previously indicated and consequently, to perfect a numerical model of the on-board
equipment which will ensure the management of the float-and consequently to ensure a
judicious “so wing”-during the operational phase.



TELEMETRY APPLICATIONS IN WILDLAND FIRE CONTROL

JOHN R. WARREN
Forest Service, USDA
Riverside, California

Summary.   Telemetry will be coming into wider use in wildland fire control because it
provides the real-time information needed in decision-making. Two applications are
described: transmission of airborne infrared imagery of the fire scene, and the relaying of
meteorological data from remote stations. Experimental systems using these types of
telemetered data are being developed at the USDA Forest Service’s Pacific Southwest
Forest and Range Experiment Station. Also under development are computerized models
using telemetered and other information for predicting fire behavior.

Introduction.   Like other fire protection organizations, wildland fire control agencies are
becoming increasingly cost-conscious. They recognize that one way to reduce the cost of
fire suppression is to improve the means of acquiring and transmitting data necessary for
decision-making.

Fire researchers at the Pacific Southwest Forest and Range Experiment Station are
investigating ways of speeding up the dissemination of fire information. They are studying
the use of telemetry in transmitting (a) infrared (IR) imagery of the fire perimeter, fire
intensity, and spot fires outside the perimeter; and (b) meteorological data from remote
stations that would be useful in fire control.

Infrared Imagery.   Airborne infrared line-scanning systems for detecting and mapping
forest fires are used on an operational basis by the Forest Service (1, 2). But until recently,
the Forest Service lacked means of relaying the imagery from the aircraft to the place
where tactical decisions are made except by physical transfer. What has long been needed
is a system for telemetering the information from the patrolling or mapping aircraft to
centralized fire dispatching headquarters or camps established at the location of large
forest fires or both (3).

At Boise, Idaho, the Forest Service operates three aircraft equipped to record infrared
imagery. All three are able to drop the IR imagery to the ground, where it is picked up and
delivered to the fire boss. This technique is satisfactory in many situations. Where
dropping is not feasible, the plane lands and the imagery is then transported by ground 



*Trade names and commercial enterprises or products are mentioned solely for information. No
endorsement by the U.S. Department of Agriculture is implied.

vehicle to the user. This procedure often causes unreasonable delay and limits the value of
the imagery to fire officers.

The telemetry technique requires only the establishment of a communications link. It also
provides a high degree of freedom in the positioning of the aircraft. It can be used at night
or under restricted flight or visibility conditions. The receiving equipment may be located
at a fixed operations facility or in a vehicle at the fire camp or command post. The use of
telemetry does require the addition of one or more receiving sites with image recorders.
The additional tape recording and transmission equipment needed increases the cost of
obtaining the imagery.

The telemetering of IR imagery from a fire-mapping aircraft to a fire camp was
successfully accomplished for the first time at the Prospect Fire, in the Angeles National
Forest, September 21, 22, 1974. The equipment and procedures were integrated and tested
in Montana only 3 weeks earlier, following prior systems and equipment design. The
aircraft and IR equipment used were a Beechcraft B-50 King Air* airplane (Fig. 1),
airborne IR scanner, image recorder, encoder, tape recorder, S-band telemetry transmitter,
and antenna. The ground system was housed in a mobile van on assignment to the Forest
Service from the State of California for experimental and developmental purposes (Fig. 2).
The van houses its own 120VAC auxiliary power supply and communications equipment.
The telemetry equipment (S-band receiver and antenna) was supplied by McDonnell-
Douglas under contract to the Forest Service. The decoder was especially designed and
built, as was the airborne encoder. The receiving antenna was mounted on a pole atop the
van with a horizontal (360E) rotor and controller. The airborne and ground equipment
constitute the total telemetry and data processing system (Fig. 3).

Before this equipment could be used, it was necessary to conduct integration tests. The
purpose of this testing was to determine antenna pattern constraints, pilot/navigation
constraints, maximum usable distances, and minimum signal levels; and to develop air and
ground crew procedures and terminology. There had been no previous antenna range
measurements to define the antenna pattern. Also unknown were the effects of protrusions
from the plane because of existing equipment and electromagnetic interference conditions.
A method of finding the van and knowing its location from the plane had to be developed.
The distance, plane attitude, and minimum usable signal levels had to be determined to
verify calculations and to define operational limitations and restrictions. Finally, with new
equipment and crews, training and development of procedures were required. All the
objectives were achieved during the integration testing.



This first successful telemetering of infrared imagery from an aircraft to a fire camp
represents a step forward for the Station’s FIRESCOPE program--an ongoing research,
development, and application program headquartered at the Forest Fire Laboratory in
Riverside, California.

In the experimental system under development, infrared imagery and other data on fire
location and conditions would be telemetered by a central operations center to any one of a
series of command posts in the field. The center would be a permanent fixed facility. The
location of the field command posts would be selected from one of many predesignated
sites at the time of fire occurrence. Equipment would be dispatched to the fire scene, and a
command post activated on its arrival.

The operations center would include computer capability for predicting fire behavior.
Expansion of the fire perimeter would be forecast by using a rate-of-fire-spread model with
appropriate inputs, including fuel characteristics, slope, terrain, and weather conditions (4).
These parameters would be stored, catalogued, and updated by the computer.

Meteorological Data.   Wind speed and direction, temperature, relative humidity and
other meteorological data would be telemetered from a preestablished network of remote
stations. Additional information could be transmitted from portable weather stations set up
nearer to the fire.

An example of telemetry in research will be found in the network of experimental remote
stations now operating in the mountains of California. Research meteorologists are
developing toposcale models for wind, temperature, and humidity that would produce
predictions useful in fire management. The network is designed to provide the data needed
in these models.

With the necessary parameters available in real-time or stored in memory, the computer
can predict future fire location. A computerized grid system used with orthophoto maps
will facilitate entry of fire coordinates into the model and in transferring the information to
other locations. The knowledge of exact fire location and probable location at various
future times, coupled with knowledge of fireline resource locations, conditions,
availability, and capability, will greatly assist the fire control manager in planning and
directing suppression operations.

Future Plans.   The plans for the near future include moving from the temporary S-band .
assignment to the 902-928 MHZ frequency band, which is potentially the permanent
operational frequency home. Two-way transmission of information from the fire camp to
the operations center through facsimile and other means will be tested. This testing will
establish feasibility of and adequacy of methods for using telemetered imagery in more



than one location without a retransmission from the aircraft. Voice grade links rather than
wide-band channels will be tried for the ground transmissions. Methods for identifying
pertinent information contained in the imagery and quickly transferring it to maps by
manual or computer-aided means will be developed.

Conclusion.   The use of computers for real-time monitoring, analysis, and prediction
should and can be extended into fire suppression operations, especially as an aid in
selecting strategy and tactics, resource inventory and scheduling, as well as in general fire
suppression decision-making (5). Such extensions would require the application of
telemetry to relay the essential data in a timely manner. All aspects of telemetry--
acquisition, conditioning, transmission, reception, processing, and display of data are
expected to play key roles in fire control and suppression activities in the future.
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Fig. 1 - Forest Service fire mapping plane

Fig. 2 - Communications and status unit



Fig. 3 - Diagram of infrared scanning, telemetry, and recording system
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APPLICATION OF THE LANDSAT DATA COLLECTION
SYSTEM IN ALASKA

DUWAYNE M. ANDERSON AND HARLAN L. McKIM
Earth Sciences Branch

U.S. Army Cold Regions Research & Engg. Lab.

Summary.   LANDSAT data collection platforms have been interfaced with a variety of
environmental and water quality sensors to test performance, reliability and versatility of
the LANDSAT data collection system. Signal conditioning interfaces were required for
sensors selected to measure: ground, soil and air temperatures; wind passage and speed;
snow accumulation and ablation; pore water pressures; salinity; pH; dissolved oxygen; and
water stage. System performance was found to be excellent; system reliability was high.
Considering technical aspects only, exploitation of this satellite system for automated
environmental and water quality data collection is hindered most by the relatively
immature state of sensor and interface development. Notwithstanding, well prepared, two
man field parties had no difficulty in deploying DCPs with their associated antennae and
sensor subsystems in remote subarctic locations. Environmental data acquired at the
various sites are being used in the assessment of the environmental impacts associated
with the proposed construction of two hydropower dams on the Susitna River in interior
Alaska, on the effects of impoundments over permafrost, and in assessing the effects
associated with the construction and operation of the trans-Alaska pipeline.

Introduction.   Availability of the experimental LANDSAT (formerly known as ERTS)
data collection system (DCS) in addition to the LANDSAT multispectral satellite imagery,
provides a means of taking the first step in assembling large scale regional, national and
international inventories of environmental and natural resources data.12 Automated data
processing systems of various capacities and degrees of complexity are being set up and
perfected to exploit and build upon this capability. Much remains to be done before
realization of this objective is complete; however, developments are proceeding at a very
rapid pace and, barring serious social and political upheavals, global inventorying will be
well advanced by the end of the next decade.



3 S. Cooper, “A near real time data acquisition system by satellite relay.” Ibid pp 1197-1212.

Environmental data relay via satellite is particularly useful in remote or undeveloped areas
where access is difficult or where operations are inconvenient. Arctic and subarctic Alaska
is an example of such an area. It is a rapidly developing area where logistical costs and
other difficulties associated with conventional environmental data collection methods
drastically limit the number and duration of observations and measurements possible.
Raised standards of environmental protection during the development and urbanization of
this region demand the ability of rapidly acquiring, processing and disseminating large
quantities of environmental and engineering data. To test the performance, reliability and
versatility of the NASA LANDSAT data collection system we have interfaced data
collection platforms with a variety of environmental and water quality sensors and have
deployed them at several sites of varying accessibility. Experimental installations have
been made at Wilder Dam, Vermont; Libby Dam, Montana; and finally, Devil Canyon and
Unalakleet, Alaska.

System Characteristics.   A schematic diagram of the Devil Canyon data acquisition, data
relay, data processing and data analysis loop is shown in Figure 1. The loop is closed by
teletype from the New England Division (NEDCE)3 to the Cold Regions Research and
Engineering Laboratory (CRREL) to Anchorage. Nominal system design and LANDSAT
orbit parameters provide for closure of this loop at least two times per day, once at about
9:30 a.m. and once at about 9:30 p.m., for DCPs at virtually any location in North
America. Aside from interferences caused by unfavorable terrain, obstructions, etc., the
nominal probability of receiving a valid signal at least every twelve hours for up to 1000
DCPs anywhere in the United States is 0.95.

Three ground receiving stations were originally planned: one at Goddard Space Flight
Center; one at Goldstone, California; and one at Fairbanks, Alaska. The Alaska site was
active in receiving imagery, but a DCP downlink was never provided. Inasmuch as Alaska
lies beyond the limits of the nominal data relay geometry for both Goddard and Goldstone,
system performance over Alaska was expected to be suboptimum. Recently the decision to
activate the DCP downlink at Fairbanks was made and steps are now being taken to
implement it. Due to convergence of the subsatellite ground tracks at the poles, this will
greatly increase the frequency of DCP interrogation possible throughout Northern Canada,
Alaska and Eastern Siberia.

The original LANDSAT DCPs accept analog, serial, digital or parallel digital inputs or
combinations of these. For all inputs nominal signal amplitude ranges are from 0 to 5 Vdc.
Source impedances must be less than 10k ohms and less than 1000 picofarads; input
impedance is greater than one megohm. This provides great flexibility. Nevertheless,
signal conditioning interfaces usually were required. These ranged widely in complexity,
depending upon each sensor and the type of measurement required. Typical examples are



shown in Figure 2. The diagram at the top illustrates a snow pillow interface using the
conventional standpipe-float arrangement. The diagram in the center illustrates the
interface designed for a snow pillow installation utilizing a pressure transducer for the
sensor. Both have been tested and have performed satisfactorily. The ten turn
potentiometer which serves as the water level sensor in the upper diagram depends upon
the satisfactory performance of the float. In our experience, the mechanical linkage was
sometimes faulty or a matter of uncertainty. Consequently, the pressure transducer sensor
is preferred for the measurement of water equivalent in an accumulating or ablating snow
pack.

The diagram at the bottom illustrates the way ground, soil and air temperatures, wind
passage and wind speed were sensed and presented to the LANDSAT DCP. Temperatures
and wind speed were sensed by thermistors and a cup anemometer, respectively. The
signals were digitized and were introduced in the parallel digital mode. Performance of this
interface has been flawless.

In addition to the combinations shown in Figure 2, sensor-interface combinations for the
measurement of ground water pressures, soil water tension, salinity, pH, dissolved oxygen
and water stage have been made and operated successfully. Space does not permit
presentation of circuit and wiring diagrams or a detailed discussion of each sensor-
interface configuration. This information is being prepared for presentation elsewhere.

Deployment and Testing.   Typical data illustrating overall system performance at
Wilder, Vermont, are shown in Figure 3. These data were collected using a Martek water
quality probe. The five parameters measured were pH, electrical conductance (salinity),
dissolved oxygen, sensor location (water depth) and water temperature. At this site an
average of ten valid data messages were received from both the Goldstone and Goddard
stations every twelve hours. Individual values were reduced to a daily average and plotted
together with values measured manually. Interruptions of the data stream were infrequent
and in every instance were caused by a malfunction of the sensor or power supply. Data
accuracy was checked at every point by an independent measurement or analysis. In only
one instance was there disagreement. From 18 to 21 November 1973 values of electrical
conductivity (salinity) returned via satellite did not agree with values measured manually.
It was determined that this was due to faulty operation of this sensor; after repair, it
functioned without further difficulty.

System portability and the ability of a two man field party to move and install a DCP was
tested by moving the DCPMartek water quality sensor system from Wilder Dam, Vermont
to a floating platform on the reservoir behind Libby Dam, Montana. After four days of
successful operation at this location, the assembly was relocated on a buoy anchored in the
Kootenai River about 0.25 miles downstream from the dam. Relocation was complete and



the satellite data relay loop closed within five hours. This DCP provided uninterrupted data
from mid February through mid June 1974 via the Goldstone station. Again, accuracy of
the transmitted data was verified by direct comparison to values obtained by manual
measurements. Problems encountered were attributable to occasional malfunctions of the
experimental sensor-interface units being tested; all were found to be correctable with little
difficulty; overall system performance was good.

On 9 October 1974 a DCP interfaced with sensors designed to measure water equivalent
of the snow pack, wind passage and wind speed, air and soil surface temperatures was
installed at the proposed Devil Canyon power dam site on the Susitna River, Alaska. Data
being collected at this site will be utilized as a part of the environmental data base being
assembled to evaluate the merits and disadvantages of this part of the South Central
Railbelt power development plan. Block diagrams of the sensor-interface units employed
in this installation are given in Figure 2. As mentioned above, the Devil Canyon site is
outside the nominal range of the Goldstone and Goddard antennas. Nevertheless, data
were received from 9 October 1974, until the present with only four unintentional
interruptions. Three of these are attributable to extremely low temperatures during 29
January to 16 February and rodents severed one of the electrical leads early this summer
causing the latest interruption. Data transmissions ranged from two to five per day with a
long term average of three per day. Messages were received between 0730 and 0930 and
between 1730 and 1900 hours while the satellite was in simultaneous contact with the
DCP and the Goldstone antenna.

This was the first time a LANDSAT DCP was installed and operated at a remote site
during a subarctic winter. The operation of the system in this setting was not without
difficulty, but it has been clearly demonstrated that the DCS in its present form functions
adequately under these conditions. Battery packs and the DCP must be protected against
extreme cold; burial is recommended and electrical lines must be armored. There is a risk
that large mammals may inflict physical damage to the installation in remote, wild areas.

More recently, a DCP interfaced to sixteen thermistor thermometers, a pressure transducer
to measure reservoir stage and an anemometer was installed at Unalakleet, Alaska to
augment a data base on the effects of reservoir impoundments over permafrost. A stepping
switch samples a thermistor string that monitors ground temperatures down to 150 feet,
sending the signal to an analog to digital converter. Except for the pressure transducer, all
the sensor signals are presented to the DCP in the parallel digital mode. Data messages are
being received via Goldstone two to three times per day within the time frames given
above for the Devil Canyon site. Activation of the Fairbanks DCS downlink will greatly
increase the number of data messages obtainable from these and other sites in Alaska,
beginning sometime this winter. In conjunction with this increase in system capability, 



plans are being made to install several DCPs at selected sites along the trans-Alaska
pipeline to aid in assessing effects associated with its construction and early operation.

Conclusions.   The LANDSAT data collection system was tested for performance,
reliability and versatility at a number of locations within the contiguous United States and
Alaska under conditions in which portability and unattended operation were emphasized.
The DCPs, the satellite data relay, the ground receiving station and ground data handling
portions of the system performed extremely well. Overall system reliability was found to
be dependent upon the sensor and signal conditioning interface unit performance. This is
not an unexpected finding given the immature state of sensor-interface development and in
view of the fact that the sensor, after all, is the heart of any automated data collection
system. Nevertheless, sensor-interface units were designed, assembled and successfully
deployed in remote subarctic locations. Data return in general has been accurate and
reliable. This experimental test leads to the conclusion that automated data platforms with
satellite relay to a central data processing and dissemination center are immediately
practicable.

Figure 1. The data acquisition, data relay, data processing and data analysis loop
for the Devil Canyon, Alaska test site.



Figure 2. Block diagram of typical sensor-interface-DCP configurations. Two
snow pillow interfaces an air temperature and wind speed interface are
illustrated.



Figure 3. Typical water quality data returned via the LANDSAT DCS during an
experiment conducted at Wilder Dam, Vermont in 1974.



AN AUTOMATED LOCAL USER TERMINAL FOR
DATA COLLECTION

TIMOTHY D. BUCKELEW
Army Corps of Engineers

ABSTRACT:   The need for realtime hydrologic data for flood control reservoir
regulation puts special demands on a data collection system, especially during storms
when it is most needed. In an experiment to test the use of the LANDSAT satellite for
flood control activities, New England Division, U.S. Army Corps of Engineers in
cooperation with NASA is constructing a local user terminal for direct receipt of satellite-
relayed data at Waltham, Massachusetts. This station, consisting of a 15 foot dish, tracking
and receiving equipment, and a mini-computer, will be relatively simple, automatic,
capable of running unattended two to three days, and will be protected against power
failures by software restart features. Early operation will depend on Predicting the
satellite’s position, but software autotracking may be developed.
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THE MARS PENETRATOR TELEMETRY
AND CONTROL SYSTEM

R.D. BENTLEY AND A.B. CAMPBELL
Sandia Laboratories

Summary.   A new method for exploring the planet Mars has been proposed* that will use
ground-penetrating vehicles to carry scientific instruments below the Martian surface. The
subsurface performance of various sequences of complicated experiments poses challenges
in the design of the telemetry and control links. This article describes the overall mission,
the penetrator, the constraints imposed by the mission and the penetrator, and a design for
the telemetry/control system. This design uses a microprogrammed microprocessor; the
sequences of commands are stored in a Read-Only-Memory (ROM), and a particular
sequence is initiated by transmitting from the Earth the address in the ROM that contains
the first of the commands for the specific sequence to be performed. Data from the
experiments are stored in a memory for later transmission to an orbiter that serves as a
relay station for the command and data links with Earth.

Introduction.   The goal of landing scientific instruments on Mars can be achieved in at
least three ways. First, it is possible to soft land an instrument package by using
appropriate active techniques for a controlled descent; such a method has been chosen for
the Viking Lander. The advantage of soft-landing is that instruments that are not shock-
hardened can be used, but the corresponding disadvantage is that achieving such a soft
landing is a difficult and costly task. A second method of surface deployment involves
slowing the instrument package only through the use of passive devices, so that the
instrument package experiences an abrupt deceleration at the surface. This is a technique
that the Russians have used. The advantage of such a technique is that it is simple,
whereas the disadvantage is that landing decelerations are on the order of 20,000 Earth
g’s, which requires extensive shock-hardening of the instruments. There is a third method,
intermediate to the first two, that is the subject of this article. This third method involves
using only passive devices to slow the instrument package, but differs from the hard lander
in that it achieves shock mitigation by so shaping the instrument package into a long,
sharp-pointed cylinder that the package penetrates the Martian surface for several meters.
The ground penetration by these vehicles spreads the overall deceleration over both time
and distance, thereby achieving a shock level that is an order of magnitude less than the



shock for the hard lander. The advantages of such a scheme are that it is simpler and thus
less expensive than a soft lander, and less shock-hardening of the instruments is required
than for a hard lander. The disadvantages are that more Shock-hardening is required than
for a soft lander, and the instruments must be so designed that they will fit into a long,
slender cylinder. A fact that has both advantages and disadvantages is that the instruments
are emplaced below the Martian surface.

A Mars penetrator mission has been proposed that will be complementary to the Viking
Lander, and that will serve along with the Viking Lander to gather information that can be
used for the planning of a sample return mission. The penetrator mission will involve the
use of multiple penetrators that will be deployed from an orbiter. Each penetrator will be
comprised of a forebody that will carry the scientific instruments below the Martian
surface; an afterbody that stays at the surface and contains the high-shock-hardened
transmitter, receiver, and antenna; and an umbilical between the two. After a penetrator
comes to rest it will establish a communications link with the orbiting spacecraft for probe
command and control purposes. A sequence of science experiments is then conducted
either by command from the orbiter or under control of a preprogrammed sequence, and
the data are stored in an onboard memory until they can be transmitted to the orbiter for
relay to Earth.

Science.   The use of the penetrator technique offers several unique features for science
objectives:

• Multiple landing sites per orbiter

• Subsurface emplacement of science

• Capability of operating in polar regions

• Compatibility with a broad range of landing sites

• Tolerance of uncertainties about atmosphere, terrain, and terrain relief

Although many experiments are compatible with the penetrator concept, a science package
incorporating experiments in vertical profile physical geology, geochemistry, and
seismology has been selected to establish a baseline system design.

The penetrator will carry a high-frequency accelerometer the output of which will be
double integrated to give the depth at which the forebody comes to rest. This deceleration
record will provide a direct measurement of the penetrability and stratification of the
Martian surface over the depth of the penetrator emplacement. These data, when compared



with similar data taken in analog Earth materials, will provide insight into the structure of
the Martian subsurface.

Two remote chemical analysis techniques used on the moon are candidates for a penetrator
mission; alpha-backscatter analysis and neutron activation analysis. There is little doubt
the alpha-backscatter instrument can tolerate the penetration-induced environment;
therefore, it is classified among the most compatible science instruments. The neutron
activation instrument in its present form uses a thallium-loaded sodium iodide monocrystal
in a scintillation detector in conjunction with a photo-multiplier. Both of these components
are very susceptible to shock damage. For this reason the alpha-backscatter instrument
was selected for the base line design. The alpha-backscatter technique involves
illuminating a Martian soil sample with a source of alpha particles. The elements that are
being illuminated can be detected by an analysis of the spectrum of the alpha particles and
protons that are backscattered into the alpha and proton detectors that are part of the
instrument. Thus by this technique certain of the elements of which Mars is composed can
be determined, and subsurface measurement insures that the elements are from the
undisturbed soil instead of from particles that may have been blown over the Martian
surface or otherwise disturbed.

Passive seismological studies are eminently suited to the penetrator mission. The
subsurface placement of the penetrator provides a superior coupling of seismic instruments
to the surrounding soil. The penetrator can accommodate appropriate three-axis seismic
instruments of two types: the Viking seismometer and the geophone. A typical mission will
provide a minimum of four probes; thus deployment of the penetrators at different times as
the orbit of the spacecraft precesses around the planet will automatically establish a
dispersed seismic net.

Penetrator Delivery and Emplacement.   Delivery and emplacement of the penetrators
and their science payloads for subsurface exploration of Mars involves the combination of
mechanical design, aerodynamics, and terradynamics. (Terradynamics is the branch of
dynamics that deals with rapid penetration of earth materials.) This task is accomplished in
three steps: (1) transport to a Martian orbit, (2) entry through the Martian atmosphere, and
(3) emplacement into the Martian surface. Each part of the delivery sequence imposes
demands, often competing, on the penetrator and entry system designs. For instance,
compatibility with the spacecraft dictates a compact package, while atmospheric entry and
deceleration require a large drag area. Also, successful penetration of a broad range of
surface materials requires a slender, rather heavy vehicle, while launch vehicle and
spacecraft capabilities dictate that the weight be kept as low as possible. Furthermore,
accomplishment of scientific objectives requires subsurface emplacement of the payload,
while communications of data to the orbiter requires that the antenna be at the surface.



A design concept, which accomplished the delivery of the penetrator to the surface and
satisfies the competing demands of the spacecraft, atmospheric entry, and surface
penetration, is illustrated in Figure 1. This concept is based on existing technology. The
penetrator and its terminal deceleration system are packaged in a cylindrical canister which
is in turn carried in the spacecraft launch tube. The canister provides a clean interface with
the spacecraft launch tube and the deorbit rocket motor. In addition, the canister provides a
biobarrier which minimizes the impact on the mission of a prelaunch failure of the primary
biobarrier, the launch tube. Upon ejection from the launch tube, the canister is
pneumatically extended to twice its original length to provide a high-drag first-stage
decelerator and heatshield for atmospheric entry. At the appropriate time, the cylinder is
removed, and a large parachute is deployed. This large parachute further decelerates the
penetrator and orients it to near vertical. After the proper attitude has been achieved, the
large parachute is released and a cluster of three small parachutes is deployed for terminal
velocity control.

After the penetrator reaches the surface, it must be capable of emplacing the science
experiments as deep as possible in the broadest range of materials without exceeding the
deceleration limits of these experiments and support electronics. The penetrator must also
maintain a communications link to transmit the data acquired from the subsurface probe.
Figure 2 depicts how this is to be accomplished.

The Mars penetrator will be patterned after the over 10,000 seismic and acoustic sensor
vehicles deployed in Southeast Asia on the McNamara line. In the Southeast Asia
application the main body penetrated sufficiently deep to limit the deceleration to safe
limits for the onboard sensors and electronics, and a detachable afterbody containing the
antenna system was left on the surface. An umbilical cable was deployed as the forebody
penetrated to provide the required link between the electronics and antenna system. In the
proposed Mars penetrator the antenna, up-link transmitter and down-link receiver will be
located in the afterbody, with the principal scientific payload, power supply and data
handling electronics located in the forebody. Physical characteristics of the Mars
Penetrator are listed in Table I.

Using the proposed entry system and decelerators, the penetrator impacts the surface with
a nominal velocity of 150 M/sec and performs as follows:

• Penetrates to a depth of 1 meter in a law strength (2500N/cm2 unconfined
compressive strength) rock formation (this is typical of certain kinds of basaltic
lava).

• The forebody penetrates to a maximum of 15 meters in soft material.



• The forebody payload experiences maximum average decelerations of 1200 earth
g’s for 15 to 20 millisec and maximum peak decelerations of 1800 earth g’s for 5
millisec.

• The detachable afterbody experiences peak decelerations of 18000 earth g’s for 2 to
3 millisec.

Electronics Objectives.   To fulfill the requirements of the Mars penetrator and the
scientific experiments, the following electronics design objectives were established:

1. To support the scientific experiments with appropriate command and control, data
gathering, data analysis, data storage, data transmission, and power.

2. To provide housekeeping information so that the states of health may be assessed
for the scientific experiments and the electronics package itself.

3. To provide enough options in the command and control hardware to allow for a
variety of situations.

4. To provide flexibility in the implementation of the command and control hardware.
This flexibility is needed to make possible the inclusion of new aspects of the
various scientific experiments as those experiments evolve toward their final
designs.

5. To perform the above tasks during the variety of environments which the electronics
package can be expected to experience.

6. To perform the above tasks for a long enough time to provide a scientifically useful
mission lifetime (design goal: a lifetime of one earth year).

7. To perform the above tasks with enough reliability to provide a probability of
success sufficient to justify the mission.

Command and Control and Telemetry.   The command and control scheme for the
electronics package has been designed specifically to address the first four points in the
statement of objectives above.

First, in order to provide for the maximum flexibility in command, a command receiver has
been included in the electronics package. The receiver allows an experimenter on Earth to
change the operations of the scientific experiments through appropriate commands relayed
to the penetrator via the orbiter. In order to insure that the proper command is executed,



the penetrator retransmits the command it receives and then waits for a specified time
before continuing. This delay allows for any necessary correction (from the orbiter) of an
incorrectly received command. In the case of the failure of the command link, the
command and control logic on the penetrator will still step the scientific experiments
through a preassigned sequence of operations. This facet of the command and control
hardware thus provides a fail-safe operation in case the command link is somehow
interrupted.

Data-gathering will be done digitally: analog signals will be digitized by an analog-to-
digital converter which will be time-shared through a commandable multiplexer.

Data analysis, if such is desired by the experimenters, will be accomplished by the
command and control logic, again with commands for analysis which will have been stored
in the ROM. The control and computing capability of the onboard logic will be roughly
comparable to that of a general-purpose 12-bit minicomputer.

Data storage will be accomplished through use of a 50-kilobit solid-state Random-Access-
Memory (RAM). Use of such a memory allows storage of enough data to be compatible
with the scientific missions which have thus far been designed, without using an inordinate
amount of the necessarily limited paver available in the penetrator. The random-access
nature of the memory allows for great flexibility in data storage and allows for such
possibilities as the easy addition of counts from the various frequency windows of the
spectrum produced by the alpha-backscatter experiment as those counts are accumulated
during successive time intervals.

Data transmission will be accomplished under command from the orbiter. Selection of the
bit rate, time of transmission, and resetting of the penetrator clock from the orbiter master
clock will be accomplished automatically. The data stored in the RAM will then be shifted
out in sequence to the transmitter for transmission to the orbiter which will then store the
data for retransmission to the earth at a lower rate.

Housekeeping information will be taken either under command from the Earth or at
preassigned points in the operation of the scientific experiments, or both.

The third and fourth points in the statement of objectives are met by the fundamental
principle of operation of the command and control portions of the penetrator: all
commands are stored in a ROM. The appropriate sequence of commands is initiated from
the ROM by having the command from the orbiter contain the address in the ROM in
which the first command in the sequence is stored. By use of subroutines in the ROM an
almost limitless number of different sequences can be initiated. Another virtue of the ROM
is that the commands which actually control the commands to the experiments can be



easily altered as the experiments themselves evolve toward their final designs. (This “easy
alteration” will be provided by using a programmable ROM until the final design.) Also,
by altering the commands in the ROM, the operation of the whole system can be easily
checked. After the final design of the system is complete, the storage of the commands in
the ROM will make them secure by the nature of the virtual indestructibility of data stored
in a ROM.

The design goals of appropriate hardening and reliability will be met by using proven
hardware technologies which were developed for penetrators which were used in
Southeast Asia.

The block diagram for the electronics is shown in Figure 3. The block diagram shows the
division between the forebody, which penetrates below the surface, and the afterbody,
which remains near the surface. The lines shown between the forebody and the afterbody
constitute the umbilical that must be payed out between the two bodies.

The afterbody contains the transmitter and the receiver (necessary because the losses
associated with carrying the radio-frequency signals down the long umbilical would be too
great), the antenna and antenna deployer, some experiments and the logic to control them.

The forebody contains the command and control system, including the memories, the
analog-to-digital converter (ADC) and the programmable multiplexer that feeds it; the
paver supply; and more experiments. Note that the power supply is composed of three
parts: a battery (either a primary lithium system or a rechargeable nickel-cadmium system)
between two Radio-isotopic Thermal Generators (RTG’s). These RTG’s supply 300 mw
(electrical), and the 20 watts (thermal) will serve to keep the battery warm enough to
operate. This paver supply has been designed to meet the goal of a oneyear lifetime.

System Operation.   A typical sequence of operation will begin with the emplacement of
the penetrator in the ground. When the penetrator enters the Martian surface, the afterbody
separates from the forebody and is emplaced at the surface to provide antenna support.
The abrupt deceleration of the afterbody triggers a deceleration-sensing mechanism that
releases the parachutes so that they will not interfere with antenna deployment.

As the forebody descends below the surface, the accelerometer generates a signal
proportional to the deceleration. This signal is digitized and stored in the random access
memory in the electronics package. After the forebody finally comes to rest and the
deceleration signal has been safely stored in the memory, the penetrator command and
control electronics issues the command to erect the antenna. Antenna erection must be
accomplished immediately after the penetration to prevent the extreme cold (150 K) from
hindering the movement of the mechanical parts.



Housekeeping data will next be read. The penetrator will then transmit the acceleration and
housekeeping data to the orbiter, which will analyze the Doppler shift in the signal from
the penetrator to discover the penetrator location. Once the location of the penetrator has
been determined, the orbiter can choose the optimum times for penetrator transmission.
After the first transmission (barring command link failure), subsequent transmissions will
be commanded from the orbiter at those optimum times. Also after the first automatic
penetrator activities (erecting the antenna, reading the housekeeping information,
transmission), the orbiter will command the specific operations to be performed by the
penetrator. If the command link should fail, a “fail-safe” sequence of instructions stored in
the ROM will be initiated. The “fail-safe” sequence will insure that at least some functions
will be performed, but mission lifetime would be shortened in such an event. Mission
lifetime would be shorter because the optimum time for transmission could not be selected
and, therefore, the transmission period would have to be longer to insure that the orbiter
would be able to receive the signal from the penetrator. These longer transmission periods
would use up the energy available from the battery more quickly.

After the initial experiments are completed, the penetrators continue to fulfill their mission
on Mars: measuring seismic activity and temperature and responding to commands from
Earth via the orbiter. These commands can initiate such things as an adjustment of criteria
for recording seismic events or the reperformance of the alpha-backscatter experiments.
The penetrator mission thus provides a long-term assessment of Martian seismic activity
and performs other measurements over an extended period of time.

Conclusions.   The method of exploring Mars by using surface penetrating vehicles offers
certain advantages for scientific experiments, while being less costly than a soft lander.
The design goals for such a mission present certain challenges for the design of an
appropriate command and control and telemetry system. The challenges have been met by
a design that utilizes a microprogrammable microprocessor and memory to provide the
necessary flexibility and control, and by use of Radioisotopic Thermal Generators with
batteries to supply the necessary long-term electrical energy and heat. Necessary criteria
for hardness and reliability have been met through the use of proven penetrator electronics
hardware technologies.



FIGURE 1.  ATMOSPHERIC ENTRY AND DECELERATION CONCEPT



FIGURE 2.  IMPLANT SEQUENCE

FIGURE 3.  PENETRATOR ELECTRONICS BLOCK DIAGRAM



TABLE I

Physical Characteristics of Mars Penetrator

Complete Penetrator

Mass
Principal diameter
Frontal area
Sectional density
Length

31 kg
9.0 cm
63.6 cm2

0.49 kg/cm2

140 cm

Forebody Probe

Mass
Principal diameter
Frontal area
Sectional density
Length

28.7 kg
9.0 cm
63.6 cm2

0.45 kg/cm2

123 cm

Detachable Afterbody

Mass
Principal diameter
Frontal area
Sectional density
Length

2.3 kg
23.0 cm
348 cm2

0.007 kg/cm2

28 cm
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Summary.   IIT Research Institute has developed a technique that greatly increases the
operating life of the magnetic tape media as well as that of the head. This is accomplished
by the application of a very thin coating of an inert lubricant to the surface of the media.
Tests have been performed with a variety of commercially available tapes and various
head materials. Greater than 5 million passes of 3M 900 on a loop tester were achieved
with no apparent effect on the tape. Without lubrication, the same tests achieved only
30,000 passes. Head wear was decreased by as much as a factor of ten where lubricated
tape was used. This paper describes the technique and gives typical test results obtained
by IITRI and others.

Introduction.   The minimization of friction between the magnetic media (i.e., tape, cards,
drums, etc.) and the magnetic transducer (heads, etc.) is an important requirement in
recording systems. Frictional forces and associated thermal effects may lead to the rapid
deterioration of the tape, deposition of debris on the record and reproduce heads,
excessive head wear or loss of signal, resulting in the functional failure of the system.
Accordingly, some form of lubrication is used in magnetic tapes in order to reduce the
coefficient of friction between the tape and the head. Manufacturers of quality magnetic
media products incorporate lubricating compounds as additives in the tape coatings. The
coating formulation into which lubricating compounds are introduced consists essentially
of a dispersion of magnetic oxide particles (e.g., Gamma Ferric Oxide, Chromium Dioxide,
Nickel-Cobalt doped Fe203, etc.), in an organic resin that comprises the binding matrix for
the magnetic material. This binder system is applied to the tape substrate, such as
polyethelyne terupthylate or aluminum, by coating processes common to the trade. The
lubricating agents used in magnetic coatings include natural, petroleum-based products1,2,
synthetic liquids such as esters of dicarboxylic acids and branched chain alcohols, e.g.,
(2-ethylhexyl sebacatate), polysiloxane fluids (silicone fluids) as well as solid lubricants,
such as talcum3, molybdenum sulfide4 and fluorinated polymers5.



The main function of these lubricants is to reduce the amount of close contact between the
solid surface (metal, ferrite, plastic, etc.) of record and reproduce heads and the surface of
the magnetic media by interposing an easily shearable or interaction lessening layer of
lubricating agent at the interfacial boundary of those elements that remain in sliding contact
when the media is in use. Incorporation of lubricating compounds within the bulk of the
magnetic coating has an advantage in that it affords a means of replenishing the friction-
reducing agent at the tape surface, exposing new layers of lubricant as the coating wears.
A major disadvantage is that internal lubricants, having a chemical incompatibility with
most binders, have undesirable effects on the structural integrity of the magnetic
pigment/binder system since they impair interfacial bond conditions and interfere with the
proper polymerization of the resin.

The incorporation of lubricants has been identified as a major limit of tape life in extensive
studies6. Layer concentrations, while reducing the dynamic coefficient of friction, actually
reduce tape life. It is postulated that since the lubricants migrate to the surface of the tape,
they also migrate to the substrate, inhibiting proper binding of the oxide to the substrate.
Consequently, only small quantities of lubricants can be added before severe degradation
is noticed and when the quantities of lubricants added are small, the effects on lubricity or
coefficient of friction are similarly reduced.

The addition of a separate lubricant layer, in an attempt to eliminate the problems
discussed, has been postulated previously. This work relates to the addition of finite sized
solid lubricant particles to the surface of the magnetic media, polytetra fluoroethylene
having a size of..05 to 0.5 microns7, DuPont vydax with an initial size of around 5 microns
but subsequent reduction to from 1/2 to 1 micron8, or molybdenum bisulfide and graphite
particles of colloidal size (between 10-4 and 10-6 centimeters)9.

The incorporation of finite sized solid lubricant particles also causes separation of the
magnetic media from the magnetic transducer by at least a distance equal to the size of the
particles. This causes a loss in recorded signal on the tape and subsequent reproduce
losses as defined by the functio10

where 8 is the recorded wavelength and S is the distance from the surface of the magnetic
oxide to the gap of the reproduce transducer. Thus, at extremely short wavelengths
(< .05 mil) frequently encountered in demanding instrumentation applications, it is obvious
that reproduce signal output will be severely reduced by incorporating surface coated finite
sized solid lubricant particles. No successful method which incorporates these principles is
being marketed today, despite the previous disclosures.



Other attempts to eliminate the weakening effects of lubricants in magnetic coating
systems have been made in the direct application of friction reducing treatments, such as
solid fluorinated polymer films, to read-record heads of magnetic recording equipment11.
The effectiveness of this approach is inevitably lessened by the inherently abrasive nature
of conventionally lubricated magnetic tape, which taxes the film on the heads, and leads to
the deposition of abraded film fragments on the tape surface or in the gaps of the heads,
thereby interfering with recording or reproducing processes.

The work carried out at IIT Research Institute eliminated the previously encountered
disadvantages of friction reducing treatments by a deposition of an inert liquid film on a
fully manufactured (cured) magnetic media. The film contains no particles, is a compound
that is characterized by good lubricating and thermal properties, is inert with respect to the
normal formulation constituents, and has low surface tension and vapor pressure
characteristics. The deposited film need only be molecularly thin to impart adequate
lubricating properties to the tape.

Characteristics of the Surface Lubricant.   A coating of an inert liquid lubricant with a
low surface tension, high molecular weight, and excellent lubrication and wetting
properties is either dispersed in a suitable solvent and applied to a magnetic media or is
applied undiluted to the surface of the media to form a very thin layer of lubrication
between the media and the transducer.

The selection of a liquid lubricant free of particles such as those described earlier is
essential. A low surface tension, preferably lower than the critical surface tension of the
resin binder, is desirable in as much as such a lubricant spontaneously spreads on the tape
surface, wetting the microscopic asperities and depressions that are characteristics of
typical tape topography. Good wettability is required to ensure lubrication of those
elements of magnetic tape that are likely to come into frictional contact with the transducer
surface, and to facilitate entry of the liquid lubricant into microscopic tape depressions,
which then serve as miniature reservoirs from which the lubricant is transferred to the
media and to transducer surfaces over extended periods of tape usage.

Since the sustained action of the friction reducing compounds depends also on its
resistance to volatilization, a relatively low vapor pressure, preferably less than 1 x 10-2,
mm Hg at 25EC, is desired for the lubricating agent.

Other desired properties of the selected surface coating include the following:

a. High degree of chemical inertness so as not to react with the wide variety of binder
systems presently in use in the manufacture of magnetic media.



b. High thermal and oxidative stability to permit usage in a wide variety of media
applications where thermal extremes would preclude a conventional lubricant’s usage.

c. Nonflammable to allow its usage in magnetic media required to be self-extinguishing
when exposed to fire.

d. Inertness with metals, glasses and plastics at temperatures below 100EC to ensure that
there is no damage to magnetic transducers or guides, vacuum columns, capstans, etc.

e. Wide range of viscosities as a function of temperature to facilitate application in
commercial processes.

f. Non-deposit forming to prevent build-up on magnetic transducers, guides, vacuum
columns, capstans, etc.

The fluorocarbon compounds and their derivatives are particularly attractive in tape
lubricating applications because of their low friction, low surface tension and good thermal
properties. Their chemical inertness minimizes the danger of modifying (weakening) the
mechanical properties of the magnetic coating.

A preferred compound for the treatment of magnetic media which satisfies all of the
aforementioned conditions is a perfluoroalkyl polyether having the general formula

such as the KrytoxR family of oils (KrytoxR types 143AZ, 143AA, 143AY, 143AB,
143AX, 143AC, and 143AD) manufactured by the E. I. DuPont de Nemours and
Company, Inc., Petroleum Chemicals Division. These oils are characterized by a molecular
weight from about 2000 to 7000,a viscosity of 18 to 495 centistokes at 100EF, a surface
tension of 16 to 19 dynes/cm and a vapor pressure of less than 1 x 10-2 mm Hg at 25EC.
The KrytoxR oils are also characterized by a high degree of chemical inertness, high
thermal and oxidative stability, nonflammability, and are not deposit forming.

The advantages derived from the use of perfluorinated alkylpolyether treatments for
magnetic tape in regard to reduced head/tape friction and corresponding increased head
wear and tape life have their basis in the low surface energy and high lubricity that
characterizes perfluorinated compounds. This low surface energy, which is associated with
the close packing of fluoro-substituted CF3 groups along the carbon-carbon backbone,
reduces the interaction between two surfaces that are brought into mutual contact when a
thin coating of perfluorinated compound is deposited on one of these surfaces. The low 



surface energy condition of solids treated with such a compound is reflected in the large
contact angles that these surfaces exhibit in comparison with uncoated tapes.

Method of Application.   The surface lubricant may be used without dilution or dispersed
in a suitable solvent such as trichlorotrifluoroethane (Freon TF). The application of this
and other liquid lubricants may be accomplished by conventional methods of knife, spray
roller coating, or by deposition. It is extremly critical, however, that the amount applied be
carefully controlled to insure that as near to a molecularly thin layer as possible be applied.

A typical application method consists of transporting the media either as a web or as a
ribbon over the top roll of a reverse roll coater to achieve contact over approximately 30
degrees. The lubricant is picked out of a fountain located at the base of the lower roller by
the driven lower roller. The lubricant may be heated or cooled to a desired temperature to
achieve the desired viscosity necessary for proper application by cooling or heating coils
mounted within the base of the fountain. The surface finish of the lower roller may be very
smooth or treated by sandblasting or chemical etching to achieve the desired quantity of
lubricant to be removed from the fountain. An instrumented variable loading doctor blade
may be lowered to the surface of the lower roll to remove excess lubricant picked up by
the lower roller from the fountain.

The lubricant is then passed by the lower roller to the upper roller at a line contact between
the lower roller and the upper roller. The line contact loading may be adjusted by two
variable loading helix springs. The upper roller is heated to a temperature of 125E to
150EF to modify the viscosity of the selected lubricant. The upper roller surface should
have an extremely smooth surface finish to ensure thin layer transfer to the tape.

Tape from a supply reel may be guided to the top surface of the reverse roll and wrapped
between 30 and 90 degrees over the top roller. Precision supply and take-up tension servo
systems are used to tension the web correctly as it passes over the top roller. The preferred
direction of the top roller is in the direction opposite to the tape motion. However, either
direction may be utilized depending on tape absorption. The speed of the tape passing over
the top roller may be from several inches per second to hundreds of feet per minute.

Following the application of the surface lubricant, the surface is buffed using industrial
clean grade natural filament buffing material. This buffing treatment promotes dispersion
of the applied lubricant to cover the surface asperities frequently found in magnetic media.
The direction of rotation of the buffers is preferably in the direction opposite to the web
motion. The speed and quantity of the surface stations is a function of the surface
conditions of the buffing media. It has been found that this is not a necessary process, in
some instances, for those media having an extremely smooth surface prior to the
application of lubricants.



Surface Coated Magnetic Media Test Results.   Various forms of magnetic media were
prepared using the lubricating techniques developed by IITRI. The test results have
indicated a significant improvement in tape life (as measured by dropout activity, oxide
shed, etc.), head wear (measured using both “soft” and “hard” heads), static and dynamic
coefficients of friction, together with negligible effects on other media characteristics.

Test Series 1--Tape Life and Dropout Activity.   A section of 3M (Minnesota Mining
and Manufacturing Company) Type 500, two-inch wide vide tape was surface lubricated
with the preferred lubricant. The tape was recorded before lubrication using an RCA Type
TR 70 video machine. The dropout counts over each segment were logged. Following the
surface coating procedure, the dropout counts were again logged and found to be identical.
There was found to be no reduction in the video signal output when played back on the
TR 70. The coated section of the tape was then subjected to repeated reproduce passes
over the TR 70. An identical piece of 3M Type 500, not treated with the surface lubricant,
was subjected to the same procedure. Dropouts for the untreated tape became significant
after about 3000 passes. The treated tape was run for 10,000 passes without significant
increase in dropouts.

Test Series 2--Wavelength Response and Digital Response.   A length of 3M Type 900
tape, one-half inch wide, was prepared with surface lubrication. A typical wavelength
response test was then performed on both uncoated and coated samples using an Ampex
FR 1600 recorder. For wavelengths between 0.03 mil and 10 mil, no difference in response
between the coated and uncoated samples was seen.

The same tapes were then subjected to an output test at 800 and 3200 FRPI using a KYBE
CS-1300 tape certifier. No difference was seen in the output of the coated and uncoated
samples.

Test Series 3--Tape Life Degradation.   A length of 3M Type 900 tape of a one-half inch
width, was surface lubricated. A life test was then performed to determine operational
integrity. The test was performed using an IITRI loop tester with a tape length of 54 in.,
8 oz. tape tension, a wrap angle of 15E and an aluminum head coated with 5 mils of
chrome. A tape speed of 32 ips was used. The untreated 900 showed substantial oxide
removal and accumulated head debris after 30,000 passes. The tape had no useful life
remaining. The treated 900, on the other hand, accumulated greater than 5,000,000 passes
with no head debris or visible oxide removal. The tape appeared to be in essentially a new
condition.

Test Series 4--Head Wear.   A group of one-half inch wide tapes, 3M Type 900, an
IITRI epoxy binder formulation, an IITRI polyamide binder formulation, an IITRI low
temperature polyimide formulation, and an IITRI high temperature polyimide formulation



(coated on KaptonR) were surface lubricated. A series of tests were performed to
determine head wear caused by treated tapes in relation to untreated tapes as a function of
tape footage passed over the heads. In all cases, total tape passed over the heads was one
million feet. Tape tension in all cases was 8 oz. and head wrap in all cases was 15E in, 15E
out, for a total head wrap of 30E. The heads were chrome-plated aluminum. The head wear
as measured on a “Proficorder”, Model 2, Micrometrical Mfg. Co., is shown in Table 1.

Table 1 Head-Wear for Treated and Untreated Tapes

Headwear/million ft. (µ in.)

Tape Type Treated Untreated

3M 900

Epoxy

Polyamide

Low Temperature 
Polyamide

High Temperature
Polyamide

0

0

0

0

0

15

5

5

5

5

Note: The resolution of the measurement was between one and two microinches.

A sample of treated 3M 900 tape was passed over different head materials with an
accumulated tape footage of 14.5 million feet. The wear rates as expressed per million feet
of tape passes are as follows:

Mu Metal--6.5 microinches/million feet
Brass--5.5 microinches/million feet
Aluminum--17.0 microinches/million feet

The wear rates for an untreated (as received from the manufacturer) type 3M 900 was 180
microinches/million feet on an aluminum head.

Test Series 5--Tape Dropout Activity as a Function of Tape Life.   A length ot 3M
Type 900 tape, one-halt inch wide, was surface lubricated. Prior to the surface lubrication
process, the tape contained six dropouts (amplitude decrease of 50% as measured by the
KYBE Model CS-1300 at 3200 FRPI). After lubrication, the count remained at six. The



**“Failed” is defined as unable to synchronize the video picture horizontally using a typical
unmodified monitor-picture is unreproducible.

prepared sample was then loaded onto a Video Research Corporation tape shuttle machine
with the following settings:

a. Total Tape Wrap--30E
b. Tape Tension--8 oz.
c. Tape Speed--90 ips

The tape was shuttled for a total of 50,000 passes. It was removed after each 5000 passes
to retest for dropout activity. A similar section of untreated 3M 900 one-half inch tape was
subjected to the same test conditions. Dropout count for the coated tape remained constant
throughout the test. An increase in dropout count was seen at each 5000 pass interval for
the uncoated tape. At the end of 50,000 passes, 250 times as many dropouts occurred on
the uncoated tape as compared to the count at the beginning of the test.

Test Series 6--Video Still Frame Dropout Activity.   A length ot Ampex type 161 video
tape, one-halt inch wide, was surface lubricated. The tape was placed on a Sony CV-1200
one-half inch EIAJ type video recorder. After recording, a frame of the tape was played
repeatedly (still framed) using machine developed tensions and normal heads. After 18
hours of still frame, the video data was fully usable with no perceptible dropouts. A
subsequent test using an untreated pieced of Ampex type 161, under identical test
conditions, failed** prior to four hours of still framing.

Test Series 7--Static and Dynamic Coefficient of Friction. General Procedure.   A
VRC reel-to-reel tape transport capable of forward, stop, and reverse modes was used in
conjunction with a head mounting system suitably instrumented to measure the drag force
of the tape against the head. Three different heads were used in this test; chrome,
aluminum, and brass. The wrap angles for each set of heads were as follows: Brass
head=20E; Aluminum head=30E; Chrome head=30E.

The tape tension was set at 8 oz. The transport was alternately operated in a forward and
reverse mode at a speed of 30 ips while monitoring the output of the calibrated head drag
transducers. Two values of drag were extracted from the measured data, namely; peak-to-
peak drag at the turn around point, from which the static coefficient of friction is
calculated, and peak-to-peak drag while running, from which the dynamic coefficient of
friction is calculated. The results were as follows:

a. The initial static and dynamic coefficient of friction for this tape against all three head
materials was decreased an average of 25% when surface coated.



b. After 30,600 passes, the coated tapes exhibited a coefficient of friction that averaged
about half that of uncoated tapes.

c. The dynamic and static coefficients of friction of the coated tapes remain essentially
constant between 5000 and 30,600 passes.

In addition to the tests carried out at IITRI, tests were carried out by various tape
manufacturers and users. Sample quantities of tape were coated by IITRI for test purposes.
The following describes results obtained by others.

3M Company.   The 3M Company ran an evaluation of head wear durability, coefficient
of friction, and output on two tape types, 400 and 900. For each tape type, comparative
tests were run with uncoated tape from the same roll. The results were as follows:

Uncoated Coated

Head Wear ( µin./hr)

   Quadruplex
   Helical

8.4
3.2

2.3
Negligible

Durability Identical Head Pass Marks

Coefficient of Friction
(Dynamic)

   150 gm. Load
   150 gm. Load

0.08-.13
0.07-.12

0.08-.13
0.09-.11

Normalized Output (dB) 0 +1.6 (heads re-
adjusted between
tests)

Sony Corporation.   The Sony Corporation ran tests on U-Matic and AL tapes. Included
were tests of video output in which the rf signal output, signal-to-noise ratio, and
chrominance output were measured. Coated and uncoated tapes gave results which were
identical within at least 0.8 dB. The static coefficient of friction was about the same for
both the coated and uncoated tapes, while the coated tape was more stable than the
uncoated in their kinetic tests.

U.S. Government.   Head wear was measured on similar Ampex 787 samples. Three
samples (200 feet each) were run from the same reel. The first was untreated, while the 



other two were cleaned on a KYBE either before or after lubrication. The results were as
follows:

Untreated
Cleaned Before

Lubrication
Cleaned After

Lubrication

Head Wear
(µ grams/pass) 0.43 0.13 0.18

BASF.   Floppy discs were treated. Each disc was run for five million passes. No head
wear was evident. In addition no track marks could be seen on the disc.

Conclusion.   The test results cited in this paper demonstrate the benefits to be derived
from the technique for surface lubrication of magnetic media developed by IITRI. The
significant decreases in head wear and extensions in tape life can be beneficial in several
ways. Increased head life means lower-replacement costs and maintenance expense.
Increased tape life can also significantly reduce costs by decreasing the quantities of tape
required. The higher reliability of the recording system also gives a higher probability of a
successful experiment. We recommend that further study be carried out to demonstrate the
benefits for specific applications.
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TAPE TRACKING AND HANDLING FOR MAGNETIC
TAPE RECORDERS

WALTER PAROBY AND RAYMOND DiSILVESTRE
NASA, Goddard Space Flight Center

Summary.   One of the critical performance and life limiting elements of a spacecraft tape
recorder instrumentation system which has received little attention in technical literature is
magnetic tape tracking and handling technology. This technology is required to understand
how to gently transfer tape from one reel to another with proper alignment and a desirable
uniform velocity at the read and write transducer heads. The increased demand for high
data rate (i.e. multi-track spacecraft recording instrumentation systems), coupled with
performance under extreme environmental conditions, requires a thorough knowledge of
the various parameters which establish an optimum designed tape tracking and handling
system. Stress analysis techniques are required to evaluate these parameters substantiated
with test tape tracking data, to show the effect of each parameter on a tape recorder
instrumentation tracking system. The technology is applicable to ground type tape
recorders where the detrimental effects of edge guidance can be eliminated.

Introduction.   The increased demand for high data rate spacecraft instrumentation storage
systems capable of performing under extreme environmental vibratory and thermal
conditions provided the impetus for a thorough study of tape transport magnetic tape
tracking and handling mechanisms. An ideal tracking mechanism must optimize the
necessary gentle reeling, idling, tape-head alignment and metering functions while isolating
and protecting the tape from both internal and external perturbations. The uniform
precision with which the magnetic tape is moved is largely determined by perfection and
alignment of the mechanical elements. A highly precise mechanical system will therefore
reduce the complexity of the associated tape transport electronics.

With flutter (velocity change of tape at the head) reduction as a prime mechanical design
goal and with the increased uses of bidirectional multi-track recording (.015"-.025" typical
intertrack spacing), optimization of all tape handling elements becomes more critical to
obtain the proper data time relationship across the various tracks. For a high performance
recorder, a time base stability goal of 0.5 microsecond is desirable. Fixed head-tape or
fixed tape control mechanism misalignment for example, produces a DC shift “static
skew” while imperfect tape guidance across the heads results in a sinusoidal shift
“dynamic skew,” both resulting in poor recorder performance. Typical head-tape skew
effect on performance is shown in Table I below.



TABLE I - Typical Head-Tape Tracking Effect

Head/Tape D.C.
Vertical Offset (%)

Head Amplifier
Output Voltage

(%)

0
2
5

10
20
30
40
50

100
91
87
83
75
68
58
50

Tape Speed = 5 in. per sec.
Record & Playback Freq. = 2 KHz
AMC 5 Track Head Model #ERP424005
Track Width = 0.025"1
Gap Width = 74 microinches
Intertrack Spacing = 0.050"1
Wave Length - 2 1/2 mil

Note: Tape remains in contact with the head. Loss in amplifier output voltage results
from vertical displacement of tape across the head.

Prime mechanism parameters which contribute to desirable transport tracking and handling
performance consist of the following:

• Alignment and roundness of rotating members.
• Proper tape guide roller design.
• Uniform and stable tape tension.
• Limited tape pack and handling stresses.
• Low motor torque variation.
• Perfect tape reels.
• Good head-tape frictional interface, i.e., no “stick-slip.”
• Uniform bearing rotational torque.
• Sufficient rotational dampening inertia of tape handling elements.
• No acceleration or deceleration tape slippage at start or stop of tape transfer.
• Proper geometry of tape contact elements.
• Uniform gear teeth rotation.
• No drive belt splices.



TAPE TRACKING MODEL AND ANALYSIS

Tape in bent position shown, enters the crowned roller at the center of rotation. Due to
crowned roller rotation and no tape-pulley slippage, point “A” on the tape travels to point
“B” in a manner analogous to the thread advancement of a screw. Thus the belt will
continue this action until is is centered at the apex of the crown, and the bent removed. The
centering shear forces and moments to accomplish this action are a function of the tape
tension, tape stiffness, and crowned roller profile. The tape edge at “B” stretches to
conform to the guide roller diameter at “B” while the outer edge has essentially zero
stretch at the guide roller. This spanwise strain distribution of the tape results in centering
shear forces and moments which are associated with this spanwise stretch differential. The
approaching uniform belt tension field thus readjusts itself to the guide roller profile, the
readjustment accompanied by tape element shear forces and moments. Each rotation of the
guide roller thus advances the tape to a centering position on the guide roller.



MMechanical Precision.  The single most important contributing factor to successful
magnetic tape recorder mechanism performance is the precision with which the detailed
parts and assemblies are made and integrated to constitute a tape transport. A
mechanically well designed tape transport will perform poorly if the required detail
precision and alignment accuracy are missing.

As a central source of government and industrial magnetic tape recorder technology,
NASA has promulgated modular assembly mechanisms of extremely high precision. These
mechanisms include motors, reels, roller guides, etc. which constitute major troublesome
components of aerospace tape transports. Special attention is given to these modules in
such areas as bearing pre-load, bearing lubrication, bearing fits, detailed tolerances,
material compatibility, tape tracking centerlines, capstan run-outs, and shimming or
adjustment requirements.

Based upon years of aerospace magnetic tape transport experience, good recorder
performance is achieved with the tolerance limits of Table II. The limits are established for
fundamental tape handling elements. Adherence to these tolerance limits for the primary
tape handling elements will greatly contribute to good tape recorder performance.

TABLE II Tape Handling Mechanism Tolerance Limits (Microinches)

Item
Tape
Reels

Guide
Rollers

Capstan
Module

Tension
Mechanism

Head/Tape
Interface

Tape Centerline
Wobble
Radial Run-Out 
Axis Parallel to
Drive Capstan
Axis
Inter-Roller
Spacing
Tape Wrap Angle
(Degrees)
Coaxial Reel
Spacing
Guide Roller
Tracking
Centerline

# 2000
  ± 500

# 1 min

-

-

# 2000

-

# 500
± 200

# 1 min

# 2000

# 90E

-

# 1000

# 150
± 100

-

-

135E min

-

-

-
-

# 3 min

-

-

-

-

± 1000
-

-

-

5 - 10E

-

-



Tape Guide Roller Design.   Good tape guide roller design is governed by gentle tape
handling and tracking attenuation. Gentle tape handling is best achieved by maintaining full
tape width roller contact at minimum tape stress levels. Tracking attenuation is the guide
roller reduction of an input tape transverse error or offset of tape center as the tape
traverses the guide roller. A high precision tape transport mechanism will further require
tape guidance in the critical head transducer region as the tape travels from one reel to
another. Parameters which affect tape guidance are tape tension, tape path geometry, tape
elastic properties, and guide roller profile. In a given transport, most of these parameters
are constrained, with the designer limited to tape guide roller detail design for guidance
control.

Guide Roller Attenuation Testing.   To supplement the analytical tape tracking effort, a
test rig (Figure 1) was devised at NASA Goddard Space Flight Center and attenuation
measurements were performed on various guide roller configurations. The test procedure
consisted of mounting the test guide roller to the tool right angle bracket and positioning
the end weighted magnetic tape (3M-900) in line over the guide roller and tape driver.
Tape and weights were selected equal to the tape and tape tension to be used on an
existing tape transport. The rig is limited to static or DC input errors, but attenuation
improvement measurements made on various guide roller configurations also apply to
sinusoidal input error attenuations.

The guide crown module center line location (roller center line to base) is obtained by
energizing the drive motor which moves the weighted tape across the crowned driver in
the direction of the guide crown module. The tape moving in this direction is controlled by
the crown driver. The guide crown modules see the induced error in the crowned driver if
an error off center line exists. After 30 inches of tape have passed over the guide crown
module the motor is stopped and the tape edge position is measured with the tape
measuring attenuation micrometer at the gravity side of the guide crown module. The
reading is recorded. The motor is then reversed so the tape travels over the guide crown
module in the direction of the crown driver. The guide crown module now sees in the
direction of the gravity controlled weighted tape which positions the weighted tape on the
tracking center line of the guide crown module roller. After 30 inches of weighted tape
movement, measure edge of tape at the same place as measured above. When the same
micrometer measurement in both directions is obtained then the tape is aligned on the true
tracking center line of the roller which is part of the guide crown module. This center line
is then precisely measured (without benefit of guide crown module detail tolerances) with
the attenuation micrometer. Since the test guide roller is of modular construction, the test
rig is a very useful tool in accurately locating the tape guidance center line with the base as
a reference, and for acceptance testing of production quantity guide rollers.



Guide roller attenuation is determined by adjusting the input error micrometer stage at
various increments. At each setting, weights are cycled (raised and lowered) three times.
An attenuation micrometer reading is then taken (after the test guide roller) with the weight
under the roller in a lowered position. This reading, a deviation from the guide roller center
line reading, is thus a measure of the guide roller guidance attenuation. Using the equation:

where: A = Attenuation (%)

The measured attenuation of various roller configurations can be readily determined by this
procedure. Major parameters which may be evaluated by means of the guide roller test rig
are:

1. Guide roller configuration.
2. Major roller diameter/crown radius.
3. Tape tension/stress/elasticity.
4. Guide roller material.
5. Guide roller geometry.
6. Tape contact width.

Guide Roller Configuration.   The various guide roller configurations tested are shown in
Figure 2. They include commonly used profiles such as cones, spheres, and spherical
cones plus some variations to alter the tape spanwise longitudinal stress distribution and
contact width. An outward taper or convex profile is required for tape guidance with the
apex or crown acting as a keystone about which the guidance forces must balance. Any
slight vertical shift of the tape centerline from the keystone causes an unbalance of forces
accompanied by an immediate partial restoring action. To prevent tape damage, no tape
edge guidance should be used.

Stress or strain patterns across the tape width as it contacts the guide roller conform to the
roller profile. To accommodate the related tension field transition at the guide roller the
tape edges do not necessarily remain in contact with the guide roller. Inward from the tape
edges, where the tape just contacts the roller, there is no longitudinal strain. The
longitudinal stress/strain field reaches a peak at the guide roller crown. This spanwise
strain distribution thus provides the restoring shear forces and moments when lateral tape
movement or unbalance of forces occurs. Optimum guide roller configuration tracking and
handling is achieved by maintaining full tape width-guide roller contact under maximum
permissible spanwise stress variation. The stress variation or strain profile concentrated
near the tape edges. This maximizes the restoring shear force and moment per unit of tape
lateral movement.



Of the various configurations measured on the tracking test rig, the spherical, coned, and
spherical cone profiles demonstrated approximately equal tracking capability. The
spherical roller is preferred as it provides a more effective lateral restoring action with a
near uniform longitudinal stress variation distribution across the tape width. It further
requires less tension load to maintain full tape width contact within given dimensional
constraints, and consequentially handles the tape more gently during the guidance process.
Attenuation for the configurations as measured on the test rig are shown in Figure 3.

The spool profile roller was tested to determine the effect of increased lateral and
longitudinal stresses at the tape edges with an effective greater restoring moment arm
capability when the tape has a lateral induced error. It displayed an improvement in
tracking performance, but is error limited in that it tracked the tape on only one of the
raised spherical surfaces for large input displacements. Similarly, the spherical grooved
roller provided a varied tensile pattern across the tape width in an attempt to increase the
restoring action. Finally, a concave profile was tested to demonstrate the significance of a
convex apex or crown. The concave profile had no tracking capability and, in fact, had the
opposite effect of forcing the tape off the roller.

Major Roller Diameter/Crown Radius.   Based on attenuation test data it is desirable to
minimize the major roller diameter. This minimum diameter is necessarily restricted to
maintaining the maximum combined allowable tape stress (roller diameter determines the
longitudinal bending stress) and guide roller detail design for mounting bearings. For a
given roller profile, however, a larger diameter requires less tape tension to maintain
desirable full tape width contact. The roller crown radius is selected to complement the
roller major diameter for optimum tracking performance. This requires a uniformly varying
longitudinal stress distribution across the tape width with no stress concentration at the
crown, as the tape traverses the guide roller. The roller crown radius provides control of
the lateral bending stress, and for a given tension and stress limiting system provides a
maximum tape guide roller contact width. The minimum allowable crown radius for 3M-
900 magnetic tape, for example, is approximately 0.1" based on an allowable bending
stress of 3500 psi. Maximum crown radius is established by determining the minimum
guide roller crown radius necessary for full tape contact width under a given tension field.
Major roller diameter and crown radius effect measured on the tracking test rig are shown
in Figure 4. It is desirable to make the crown radius greater than twice the roller major
diameter such that the longitudinal bending stress in the tape dominates the spanwise
stress.

Tape Tension/Stress/Elasticity.   The effect of tape tension, stress, and elasticity on
tracking performance is shown by the test data of Figure 5. For a given guide roller
configuration, an increase in tape tension and stress will help to provide for full tape width
contact and correspondingly provide for better tracking. In most tape transport mechanism



design this tension is limited by inter-reel torquing capabilities of either a motor or spring,
plus the maximum desirable tape stress. Based on attenuation tracking test data tape
tension of one pound per inch of width is desirable to provide good tracking performance
for 1 mil thick magnetic tape and a reasonably good tape guide roller system.

Limits on tape tracking attenuation is imposed on guide rollers by the allowable stress
limits for the magnetic tape. Most modern magnetic tapes have a polyester film base which
has a unidirectional bending endurance limit of 3500 psi. The tape magnetic coating
material endurance limit is normally in excess of this value. For a tension limited system an
increase in tape stress is achieved by a reduction in tape contact width.

Thinner tape of a given material and a given tension guidance system is easier to track.
Basically, using beam bending theory, a more flexible inter-roller span, i.e., thinner tape or
longer span makes for better guide roller attenuation.

Guide Roller Materials.   The effect of various guide roller materials on tracking
performance is shown in Figure 6. From electrostatic magnetic charge and tape coating
wear consideration a non-magnetic material in contact with the nonmagnetic tape surface
is desirable. The materials selected rubber, delrin, and 301 ST/STL cover a wide range of
friction coefficients and have been used in various tape transports. Tracking test data show
no appreciable relative merit of one material over the other providing no tape roller
slippage occurs. Surface dirt retention, thermal and vibratory environment, and desirable
inertia are other factors which contribute to material selection. Kennertium, a high density
tungsten alloy, is presently being considered as a guide roller material to improve the
flutter performance of an existing tape transport design.

Guide Roller Geometry.   Location of guide rollers in a given tape transport configuration
is dependent upon the location of the transducer head or heads, tape drive capstan or
capstans and reel arrangement, i.e., coplaner or coaxial. Since tracking or guidance at the
heads is most critical, optimum positioning of guide rollers is contingent upon maximum
tape tracking in this area. Good design practice is to have bidirectional recording layback
heads essentially isolated from tape vertical movement by mounting them in close
proximity to crowned guide rollers. The capstan in many instances serving also as a
crowned guide roller as well as a tape drive mechanism.

In a coplaner reel transport, guide roller angular position is usually simple and normal to a
mounting surface. For a coaxial reel transport, angular mounting of the guide rollers is
required to change the tape elevation from one reel to another. This is best achieved by
making the elevation transition in one stage between two equally angled guide rollers with
all other guide rollers mounted parallel to the reel axes. The effect of inter-roller spacing
on tracking attenuation is shown in Figure 7.



Tape/Roller Contact Width.   Gentle tape handling is best achieved by maintaining full
tape/roller contact width. This precludes exposing the magnetic tape to a detrimental shock
type fatigue loading which occurs if the tape edges lift off the rollers. Gentle tape handling
and optimum tape tracking are both attained by maintaining full tape width contact under
maximum permissible stress.

Guide roller tracking test rig results for several tape/roller contact width and stress
variations are shown for conical (Figure 8) and spherical (Figure 9) 7/8" outer diameter
roller configurations. Full tape width contact is achieved with two ounces of tape tension
for a conical roller of 0E 21' angle at 1640 psi and a spherical roller of 9.9" radius at 1175
psi. The higher stressed tape over the double coned roller tracked better than the lower
stressed tape over the spherical roller.

Conclusions.

1. Tape guide roller configuration requires a convex or conical profile for good
attenuation characteristics and gentle tape handling.

2. A spherical crown roller is the preferred profile as it optimizes the restoring shear
forces and moments for a given tape tension/maximum stress guidance system. It
requires the minimum tension force to obtain desirable full tape width/ roller contact.

3. For gentle tape handling it is desirable to have full tape width contact as the tape
traverses a guide roller. This minimizes the magnetic tape fatigue requirements.

4. An increase in tape tension or related tape stress in a given tape guidance system will
increase the tracking or attenuation effectiveness.

5. An increase in inter-roller unsupported tape length or tape flexibility will increase the
attenuation of a guide roller.

6. A decrease in tape thickness or tape flexibility will similarly increase the attenuation
of a guide roller in a given tape guidance system.

7. Guide roller material selection is unimportant to tape tracking providing there is no
roller-tape slippage as the tape traverses the roller. Other factors such as conductivity,
inertia, dirt retention, magnetic characteristics dominate friction requirements.

8. For a given roller profile and tape tension system a small roller major diameter will
provide better tracking attenuation. However, it will require more tape tension to
maintain full tape width roller contact than that required for a large diameter.



9. It is desirable to position transducer heads in close proximity to adjacent guide rollers.

10. The spherical crown radius should complement the major roller diameter to provide
full tape width contact under a given tape/tension system.

11. A minimum tape tension of one pound per inch of tape width is recommended for
guidance of 1 mil thick magnetic tape.

12. A crowned tape guide roller or crowned capstan should be used to control tape on or
off the tape reels as the reels and the tape stacking on the reels provide a major source
of tracking error.
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Figure 1.  Tape Guide Roller Tracking Test Rig

Figure 2.  Guide Roller Configurations



Figure 3.  Guide Roller Configuration Attenuations

Figure 4. Major Roller Diameter/Crown Radius vs. Attenuation



Figure 5.  Tape Tension/Stress/Elasticity vs. Attenuation

Figure 6. Guide Roller Material vs. Attenuation



Figure 7.  Guide Roller Spacing vs. Attenuation

Figure 8.  Tape/Conical Roller Contact Width vs. Attenuation



Figure 9.  Tape/Spherical Roller Contact Width vs. Attenuation



DIGITAL CLOCK RECOVERY SCHEME MASKS TAPE ERRORS

JAMES P. WELCH
Senior Staff Engineer

Odetics, Inc.
Anaheim, California

1.   Summary.   The bit error rate (BER) of the tape recorder is a primary factor in
determining the overall accuracy of a space to ground PCM data link. The ultimate goal is
to obtain a recorder BER signature that is dependent solely on tape quality; however, in
practice, the BER may be several orders of magnitude worse than the goal. Usually this
occurs when the data transfer rate is not preserved during dropout intervals – intervals
where the net signal-to-noise ratio is insufficient to guarantee valid data cell boundary
detection.

This paper investigates tape dropout signatures and addresses the problem of maintaining
time coherency between reproduced data and clock assurance throughout the dropout
interval. A digital approach is presented that utilizes a dual threshold detector in
conjunction with a clock recovery generator. The generator is synchronized to the tape
signal by a clock, N-times the data transfer rate, coherent with the transport servo
reference.

Implementation of the approach is discussed for two popular PCM formats. The
effectiveness of the approach as a function of cell boundary detection, system signal-to-
noise ratio, and transport time base error (TBE) is considered.

2.   Introduction.   Digital data retrieved from magnetic tape are inherently low level
analog signals that exhibit a zero axis crossing for each flux reversal recorded on tape. The
signature of this signal is characterized by finite amplitude modulation attributed to
temporary loss of intimate head-to-tape contact. When this effect reduces the signal-to-
noise ratio below the threshold of reliable detection, an error is generated. Failure of the
recorder electronics to preserve the data transfer rate over such intervals implies that the
frame rate of the PCM data train has been disturbed. That is, the ground based equipment
will lose frame synchronization (bit slippage). Consequently, the invalid data interval
begins with the original error and lasts until frame synchronization is regained.

In past PCM data links involving spaceborne tape recorders, the problem of bit slippage
was avoided by eliminating the source of the error. Stringent tape selection and tape



conditioning combined with moderate tape transition densities allowed for virtually
errorless performance of the tape recorders.

The PCM data links of the present and immediate future however, have generated total
data storage requirements an order of magnitude greater than was previously available. To
satisfy this need and still fall within the boundaries of size and weight constraints,
multitrack parallel recording techniques, operating at high tape transition densities and
yielding finite error rates, must be used. These requirements, coupled with the trend to
further reduce recorder induced errors via error detection and correction systems, have led
to the use of clock assurance techniques in the reconstruction electronics of the recorder.

The common denominator in all past research relating to clock assurance is the phase lock
loop (PLL). Although implementation techniques vary, the basic concept remains the
same. In essence, the PLL consists of a voltage controlled oscillator (VCO) that is phase
locked to the signal generated from the tape zero axis crossings. In the presence of normal
data, the VCO output will generate a strobe having a rate equal to the data transfer rate
and phased to fall at the mean position dictated by the data decoder limits. In the presence
of a data dropout, the VCO strobe will continue to supply decoder clocks at the mean data
transfer rate and (hopefully) rapidly reacquire lock without introducing additional post-
dropout TBE.

For a given application, a figure of merit may be assigned to a PLL design based on its
ability to have sufficient:

• Bandwidth to track the TBE (integral of flutter) of the tape transport

• Frequency stability of the strobe during a dropout versus temperature and life

• Slew rate during transition from dropout to normal data

The PLL is inherently an analog device; and consequently, interaction between these
performance parameters cannot be avoided.

This paper theorizes that the function of the PLL can be implemented by digital
techniques. These techniques are conducive to eliminating the interaction between
performance parameters and to providing explicit performance boundaries.

3.   Design Criteria.   The design criteria established for clock reconstruction are:

• The reconstructed clock must follow the instantaneous changes in transport speed and
electronic jitter without accumulating excessive phase error.



• The clock reconstruction circuitry must maintain the clock timing signal in the
absence of data transitions.

If either or both of the above criteria are not satisfied, it is conceivable that the bit
synchronizer will lose frame synchronization as the result of an addition or subtraction of a
single clock interval.

In order to keep within a safe margin of the first criteria, the magnitude of time delay
between the reconstructed clock and the disturbance at the head-to-tape interface must be
minimized. The fact that the employment of such criteria would result in a jittering clock at
this point in the reconstruction electronics is not deleterious. The primary function of clock
reconstruction is to maintain the integrity of the timing signal with respect to the data
transition on tape. All subsequent dejittering of the clock and data is accomplished by
dejitter buffers.

To ensure that the second criteria is satisfied, the reconstruction circuitry must:

A. Define the beginning and end of the dropout zone.

B. Process only valid tape zero crossings.

C. Ensure that the artificial clock and the tape clock are phased coherently.

The dropout zone is defined by considering signal-to-noise ratio of the carrier and
establishing an amplitude threshold. The beginning of a dropout zone is marked when the
signal amplitude falls below the threshold for a time interval equal to or greater than 1/2 of
a bit-cell interval. When the signal amplitude increases to above the threshold for a period
equal to or greater than one bit-cell, the end of the dropout zone is detected.

Actual photographs of tape dropouts taken from a Bi-0/ -Level format are shown in
Figure 1. The significance of these photographs lies in illustrating the two basic problem
areas associated with dropout recognition.

The first problem to overcome is to insure that the detected zero crossings are independent
of finite circuit hysteresis before the analog signal amplitude reaches the threshold of the
dropout detector.

The second problem is related to making the dropout detector immune to spurious
indications when the dropout amplitude hovers at or near the dropout threshold selected.



To ensure that only valid zero crossings are processed, provisions must be made in the
clock assurance circuitry to eliminate the invalid transitions which are encountered at the
boundaries of the dropout zone. Once the dropout zone has been detected, timing signals
(that are generated from the reference source) are used to ensure that the reconstructed
clock does not lose its phase relationship with the data transitions during the dropout
period.

Under these conditions, then, the clock is considered assured as long as the time base error
buildup (contributed by all sources of transport and electronic components) does not
exceed ± 1/4 of a bit-cell time interval.

4.   Design Considerations.   In the digital scheme described, a clock, N-times the data
transfer rate, coherent with the transport servo reference signal, is used to sense a data
transition on tape to within 1/N of a data cell. The data cell itself is divided into N equally
spaced increments. A cyclic counter that is resetable by the tape transition is used to
generate the desired timing signals for data decoding.

4.1   Resolution.   Resolution relates to the bit-cell guardband that must be allowed
between the clock edge and the data cell transition being decoded. This guardband is
necessary in order to take into account variations in logic element characteristics such as
propagation delay times and flip-flop setup times. The resolution is most generally
expressed by the relationship:

where ,g = the guardband in nanoseconds

and ,a = the nominal bit period in nanoseconds.

The major tradeoff for increasing resolution for a digital decoder is the power required to
operate high speed logic elements.

4.2   Error Margin.   Error margin differs from resolution in that this parameter takes into
account variations between transition intervals as a result of time base instability. There
are two sources of time base instability:

A. Nonlinear phase transfer characteristics of the head-to-tape interface.

B. Tape transport flutter.



By employing phase equalizers in the analog portion of the reproduce electronics, the
major ill effects of phase distortion are normalized. However, there is always a net
uncompensated phase distortion that induces a bit-to-bit jitter that is a function of the data
content and is considered a non-cumulative error. The magnitude of bit-to-bit jitter is
obtained by measuring the time base signature of the phase equalized electronics output.
This signature will vary slightly as a function of head-to-tape interface constants and PCM
format selected. Sufficient samples of empirical data have established the maximum limits
for this quantity to be within 10 percent of the data period.

On the other hand, tape transport flutter, when integrated over a given tape length, will
induce a TBE that is directly proportional to the magnitude of flutter and inversely
proportional to the flutter frequency. The overall error margin must take into account both
error sources.

The extent to which the time base error signature influences the design margin of the
decoder is dependent on the magnitude of the differential time delay existing between the
reconstructed clock transition and the tape transitions being decoded. By using digital
techniques, the differential delay between the reconstructed clock strobe and the data
transition is insignificant. Therefore, the allowable percentage deviation of the bit rate for
proper decoding is independent of the frequency of this deviation.

4.3   Artificial Clock Generator.   The coherency that exists between the sampling clock
and the data transfer rate is conducive to an explicit solution to assuring clock timing
integrity throughout the dropout interval. The phase of the last valid transition is stored in
the cyclic bit counter and circulated at precisely the transfer rate. The only dependent
variable that limits the clock assurance interval is the time base error accumulated over the
entire dropout length.

5.   System Operation for Bi-0/ -Level Formats.   A block diagram for a Bi-0/ -Level
decoder employing digital clock assurance is shown in Figure 2. Principle waveforms for
the block diagram are shown in Figure 3.

The signal supplied by the analog signal conditioner is processed through two parallel
paths. The invalid data detector provides the means for rejecting all data below a
predetermined peak-to-peak threshold (symmetrical about the zero axis). The second
detector, consisting of a limiter and Schmitt trigger, provides unrestricted zero crossing
detection.

The dual threshold allows the dropout margin to be adjusted to fall within the signal-to-
noise ratio constraints of the system while not inducing time base distortion for valid
transitions near the boundaries of the invalid data settings. The gated 1/4 bit delay takes



into account the maximum phase shift inherent in the invalid data detector as the input
signal approaches the threshold setting.

During normal data operation, the leading and trailing edges of the data are detected and
passed through the cell-boundary detector implemented to pass only cell-center transitions
to the reset input of the cyclic counter. A dropout is sensed whenever a leading or trailing
edge occurs at the time invalid data is sensed.

During the dropout interval, the valid transition gate inhibits any further resetting of the
counter; therefore, the counter will cycle at the bit rate. The 1/4 bit delay is also gated off
at this time. This is to ensure that noise from the Schmitt trigger does not introduce a false
transition when exiting a dropout region. The dropout detector is also sampled by the bit
rate clock. Resetting of the dropout detector occurs only when a complete bit cell of valid
data has been detected.

6.   System Operation for Delay Modulation Formats.   A block diagram for the delay
modulation (DM) decoder employing digital clock assurance is shown in Figure 4.
Principle waveforms needed for following the signal flow are shown in Figure 5.

A comparison of the block diagram between the Bi-0/ -Level and DM systems shows the
commonality existing between the required functions. The major difference lies in the
extension of the cyclic counter to two bit-intervals and the arrangement of the counter
outputs. These outputs extract the clock during normal data and provide additional timing
signals when operating in or exiting from a dropout region. Since the clock assurance
timing is an integral part of the cyclic counter, the subsequent discussion will also include
decoder principles of operation for reference.

6.1   Delay Modulation Format.   The DM format described here has identical transfer
characteristics to the more popular Miller code; however, the logic rules used for encoding
are different.

Delay Modulation Example Format

As shown in the figure, the rules for data transitions are as follows:

A. Logic “0” is represented by a transition at the end of a bit cell.

B. Logic “1” is represented by a transition in the center of the bit cell if the previous bit
was also a “1”; however, if the previous bit was a logic “0”, a “1” is represented by
no transition in that bit cell.



From the example, it may be seen that the decoder must distinguish between three different
data periods. Resolution of the decoder must allow for an increase or decrease of bit
periods due to recorder TBE and transition displacements due to head-to-tape interface
nonlinearities.

6.2   Decoding Method.   A high frequency clock, which is phase locked to the transport
servo reference, is used in such a way that exactly 24 clock pulses occur between
transitions of the shortest delay modulation period. The example below shows the clock
and data decoded from the delay modulation data pattern.

6.2.1   The clock output is determined by decoding 12, 30, and 42 clock pulses. The rules
for determining the decoded clock output are as follows:

A. A transition always changes the state of the NRZ clock output.

B. Decoding of the 12 or 30 clock pulses always causes a change of state of the NRZ
clock output.

C. Decoding of 42 clock pulses always causes the NRZ clock output to go to “0” state.

6.2.2   The rules for decoding to NRZ data are as follows:

A. If the clock is a logic “0” and 12 or 30 clock pulses are decoded, the data out is “1”.

B. If the clock is a logic “0”, and a data transition occurs, data out is a logic “0”.

C. For any other case, there is no change in data out.

6.3   Method of Counting.   The cyclic counter is divided into a modulo 6 counter that in
turn clocks a modulo 8 counter. Reset of the cyclic counter occurs with each edge
detection pulse. Counting and decoding will then continue until the next edge detection
pulse.



Figure 6 shows the state sequence of the modulo 8 counter and the decoding associated
with this counter. The decoding shown on the left of the count sequence is the NORMAL
mode which is used when converting from DM to NRZ. The NORMAL mode decoding
occurs when the time between transitions is less than 54 clock pulses. Should the time
between transitions be 54 clock pulses or greater (as in a dropout), then decoding will be
as shown on the right of Figure 6. Decoding will then continue to be that shown on the
right of the figure until the next edge detection pulse causes decoding to revert to the
normal mode.

Count Sequence - 8 Count
Figure 6

During the dropout, the DM decoder will continue to generate NRZ clocks until the
longest possible DM bit width has occurred. This period would, for normal DM, occur
during a 0-1-0 pattern, and is nominally 48 of the x24 clock pulses. Allowing for bit width
distortion, the decoder waits until 54 clock pulses have occurred from the last transition. It
will then cause artificial NRZ clocks to be generated until such time that transitions are
declared valid. Thereafter, it will revert to its normal mode of decoding.

During normal decoding, the 42 count pulse is used to reset the NRZ clock flip-flop. This
is the method of synchronizing the phase of the NRZ clock on the 0-1-0 pattern. However,
during a dropout, the 42 count cannot be used to reset the NRZ clock flip-flop, or the
phase of the clock prior to the dropout will not be preserved. Hence, during a dropout the
counter decoding is changed such that the 42 count toggles the NRZ clock flip-flop instead
of resetting it.



7.   Conclusion   The primary objective of this paper is to communicate the need for
improving present and future tape recorder performance and the applicability of digital
techniques to satisfy these needs. This design tool offers an alternative to the analog PLL
and allows the designer to make a tradeoff between the two techniques and, consequently,
achieve a more optimum design.

Since development of digital clock assurance techniques in 1971, Bi-0/ -Level as well as
delay modulation applications have been used in four NASA sponsored and three Air
Force sponsored recorder programs. However, the full potential of this digital technique is
far from being realized. In some newer development programs, the digital approach has
been expanded to include applications for continuously variable transfer rates as well as
wide range rate seeking decoders.

In both the current digital clock assurance techniques and the expanded techniques, the
primary conflict is power the conflict between the power allotted to the recorder and that
which is required by the high speed logic elements associated with digital clock assurance
techniques. Future applicability of these digital techniques will be influenced by the
recorder power budget (high enough to match the increased functional complexity
required) or by any improvements in the bandwidth/power ratios of the logic families used
by the designer.
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THE INFLUENCE OF AN AMBIENT MAGNETIC FIELD ON
MAGNETIC TAPE RECORDERS

FINN JORGENSEN
TRW Systems

Introduction

Magnetic recorders are susceptible to external magnetic fields and hence prone to data
degradation. This is primarily observed in instrumentation (space and ground) and
computer recorders, where little or no shielding of the heads is provided.

The magnetic core material in the heads attracts flux lines and will with certain orientations
concentrate these in the record, play back or erase gaps. During recordings a foreign field
may therefore be superimposed on the intended recording field and may cause errors in the
form of phase shift and dc offset; these affects are agravated when AC bias is used in the
recording process. If an external field is present during playback only, partial or complete
erasure may take place.

One external field is always present: The earth s magnetic field which has a magnitude of
roughly one Gauss (or Oersted). The writer is not aware of any errors per se caused by this
field, but it has numerous times caused difficulties in achieving a perfect demagnetization
of heads (An oscillating and simultaneously decreasing field from a degausser does then in
essence record a permanent magnetization into the heads, which in turn will result in noisy
and distorted recordings).

Other fields are man made, such as originating from heavy currents in cable harnesses. The
analysis presented in this paper was undertaken to establish susceptibility limits for a field
generated by a magnetic attitude control system for spacecrafts. This is illustrated in
Figure 1, where three orthogonal electromagnets on board a spacecraft generate a magnetic
moment (M), variable in magnitude and orientation. The attitude correcting torque (T) on
the spacecraft is expressed as the cross product between this moment and the earth’s field.

Recording equipment may be located within a few feet of the center of the attitude control
field, which must be limited in magnitude or the recorder shielded to avoid data errors
and/or erasure.



Examination of Susceptible Components

A tape recorder is shown in Figure 2, and the susceptible magnetic components illustrated
in Figure 3. The effect of a field on the motor, tachometer and relays are discussed briefly
later.

The magnetic heads are fabricated from high permeable (µ - 104) material and will attract
flux lines through them. The magnetic tape has a 0.2 mil thick coating consisting of
roughly 30% minute permanent magnet particles dispersed in a plastic binder. The
effective permeability is very low (1-3), and the tape packs on the reels will have
negligible effect on the external field.

Figures 3, 4 and 5 show how three different field orientations are deflected by passage
through the recorder. From these we can deduct the following information:

Deflection of Field by Magnetic Heads

The perpendicular field causes no contribution to the useful longitudinal field in the gap,
i.e., it should no affect erasure, recording or playback. The side-to-side field does
concentrate the field in the head gaps, and off-set an otherwise symmetrical recording field
or cause partial erasure at the playback gap. It could further DC magnetize the tape at any
of the gaps.

The front-to-back field gives the largest field concentration in the gaps and the effects
mentioned in the preceding paragraph are accentuated. The fields in the gaps are moreover
longitudinal and will hence interfere directly with the intended fields in the magnetic erase,
record and playback heads.

An order-of-magnitude estimate is in order. Assume the external field has a strength of H0

Oersted and roughly approximating the core structure with a sphere, then the internal flux
is

B = µ x H0

where µ is the permeability of the core. The bulk permeability, after head fabrication, is in
the order of 103. The presence of gaps in the core reduces this to an effective value of 30
(for a typical record head). The internal flux is further reduced by the demagnetization
factor of the approximated sphere structure which is 1/3.

An external field of magnitude H0 will therefore produce a core flux of roughly 10 x H0, a
fact we shall use later.



Deflection of Field by Magnetic Tape Pack

The effective permeability of the tape pack is so low (1 to 3) that the field deflections are
minor, but the field direction will however, have influence on the magnitude of potential
erasure.

The perpendicular field will be reduced inside the tape pack due to demagnetization:

H = H0 - N x J,

where H is the inside field, N the demagnetization factor and J the magnetic intensity
formed on the outside layer of the pack. The magnitude of N is approximately One for a
field perpendicular to a plate, and we can therefore, predict reduced erasure of inside
recorded tracks as compared to edge tracks, i.e., the tape pack serves as a shield for its
own tracks.

The side-to-side or front-tobback fields do penetrate the tape pack since the
demagnetization factor is less than 10-1 for a disc in these field orientations. Partial or
complete erasure may therefore, result from fields that are not perpendicular to the tape
pack; this effect will be magnified when the reels are turning and the relative effect is an
alternating field.

Erasure of Magnetic Tape

We can, from the foregoing, anticipate accidental erasure of magnetic tape in an
unshielded recorder. This has indeed been reported in the past, and MMM Co.,
experimented to find the amount of erasure for a given field strength; their data are plotted
in Figure 5. A quantative analysis of the effects of an external field is easily made by using
geometric projections to and from the hysteresis loop for the magnetic tape coating.



The erasure of a recording made at a level of 6 dB below saturation can be analyzed in a
similar manner and the result is shown in Figure 9; Both positive +Br and negative -Br

magnetizations are affected and complete erasure occurs above H = 500 Gauss.

If the recorded tape is subject to an alternating field, as is the case when the tape loops
through a recorder (see Figures 4 and 5, bottom), or the reels are turning, then the
degradation may be even worse. The result is shown in figure 10, constructed from
hysteresis loops similar to the example in Figure 11.

The transition between minimal and maximal erasure is quite pronounced, occurring
around 270 Gauss, which also is the value for the coercivity Hc of the magnetic tape used
in the above example.

We can hence conclude that a 6 dB - below - saturation recording will be affected at field
strengths of 50 - 100 Gauss, and will be severely erased above 300 Gauss. And we have
seen that this field can be brought about by a 10 times smaller external field, if picked up
and focussed by the heads. We can therefore, expect signal degradation of pre-recorded
data at 5 - 10 Gauss, and severe erasure at 30 Gauss and above.

Distortion of Recordings

Recording of Magnetic Tapes in the Presence Of an External Magnetic Field

Most digital recorders operate with saturation recordings, while newer, high packing
density units utilize AC-bias during recording.

The transfer curves for the two techniques are shown in Figure 12. It is evident that the AC
bias technique is extremely sensitive to even a small biasing (superimposed) DC field,
while saturation recording is relatively insensitive to fields less than 100 Gauss.

An example is a 6 dB - below - saturation recording made with a data field of ± 50 Gauss.
The recording will be totally asymmertrical for a DC bias field of 50 Gauss, which in turn
can be caused by a 5 Gauss external field due to head focussing.

Recording of DC Magnetized Tapes

We have seen that an external field can saturate the magnetic tape into the +Br or -Br

direction when it passes over the erase head (which actually reords the external field onto
the tape). This magnetized tape will present a DC flux at the record head and cause a DC
off-set (or bias) of the transfer curve with resulting distortion. It is difficult to assess the
field value that will cause trouble, since the tape remanence will be to low to affect the



recording field, but strong enough to “re-record” itself across the gap with resulting
distortion. This distortion will, during playback, cause zero-crossing (and phase) shifts
which may cause bit errors.

Experiments

Verification of the presented predictions were carried out by experiments using an
instrumentation set-up as shown in Figure 13. The field in the center of the large coil was
measured with a Hall element prove, prior to insertion of the recorder. All following field
readings were made with the probe located as shown.

The recorder contained a pre-recorded tape which allowed us to make the first tests a
determination of signal degradation due to an external field during playback only. The
recorder was identical to the unit shown in Figures 2 and 3. The packing density was 6
kbpi, the recording speed 4 IPS and the playback speed 32 IPS.

Playback of Pre-Recorded Data in an External Field

The unit was oriented for the worst case field orientation-, front-to-back. The playback
signal was monitored on an oscilloscope, prior to limiting, and signal degradation judged
on the amount of erasure.

The signal amplitude started dropping at 5 - 7 Gauss and then decreased linearly with
increasing field strength. At 28 - 30 Gauss the amount of erasure was 20 dB, and bit errors
began to appear. Phase distortion became pronounced, and at 35 Gauss the errors were in
abundance and the played back data at total loss.

Recording of Data in External Field, Playback without Field

In this test a combination of magnetized tape and DC biasing of the record field was
tested. Signal degradation was noticed at 10 - 14 Gauss and at 30 Gauss the played back
data were a total loss.

Recording and Playback of Data in an External Field.

All degrading affects of the external field were acting in this test: DC magnetized tape, a
DC biased recording field and partial erasure of the recorded tape. And signal degradation
was observed above 5 Gauss, and the played back data total loss above 25 Gauss.



Effect of Field Orientation

The recorder was sensitive to all field orientations except one: perpendicular (as
predicted). This preferred orientation allowed recording and playback in the maximum
possible field, 160 Gauss. The playback level was only reduced 1 dB, and there were no
errors.

However, this orientation is very critical. By turning the unit only a few degrees, signal
deterioration started rapidly. Since the direction of the anticipated field from the attitude
control subsystem will shift in magnitude and orientation as well, advantage cannot be
taken of this particular recorder orientation.

Effect of External Field upon Motors, Relays, etc.

Motors and relays are closed magnetic circuits, and no performance degradation
anticipated. Reed relays may be exceptions, and we found that the magnetic tachometer in
the servo drive system was highly susceptible: The superimposed external field distorted
the tachometer signal so speed synchronization was very poor at 30 Gauss, and complete
loss of phase lock occured at and above 34 Gauss.

Remanent Magnetization of the Recorder Unit after Exposure to External Field

The magnetization of the recorder was measured before and after the tests and the results
plotted in figures 14 and 25. The curves show the magnetic field from the recorder during
a 360E rotation, with a field probe located 0.5, 0.7 and 1.0 meters from the center of the
unit.

At a distance of 0.5 meters the maximum field was 0.002 Gauss prior to test, and 0.011
Gauss after. This is largely attributed to DC magnetization of the tape packs. .

CONCLUSIONS

An unshielded tape recorder is susceptible to external magnetic fields, Predicted and
measured degradation of the record and playback signal correlate and rank as follows:

Above 5 Gauss: The amplitude of recorded data is reduced.
Above 25 Gauss: Loss of digital playback when external field is present during both

recording and playback.
Above 30 Gauss: Loss of digital playback when external field is present during recording

only.



Above 35 Gauss: Loss of digital playback when external field is present during playback
only.

These figures are typical and will vary among different recorders, configurations and head
constructions.

Figure 1.  Magnetic Attitude Correction for Spacecraft

Figure 2.  Tape Recorder Out of Enclosure (Courtesy, Odetics, Inc.)



Figure 3.  Deflection of a Perpendicular Magnetic Field



Figure 4.  Deflection of a Transverse Magnetic Field



Figure 5.  Deflection of a Front-to-Back Magnetic Field



Figure 6.  Erasure of Magnetic Tape in an A.C. Magnetic Field (after 3MC0)

Figure 7:  Distortion of Recorded Data in a DC Magnetic Field of Strengths 100, 200,
300 and 500 Oersted. Original Recorded Saturation



Figure 8.  Distortion and Erasure of Saturation Recording by an External Field H

Figure 9:  Distortion and Erasure of 6 DB-Below-Saturation Recording
by an External Field H



Figure 10.  Distortion and Erasure of a 6 DB-Below-Saturation Recording
by an Alternating Field



Figure 11.  Distortion and Erasure of a 6 dB - below Saturation Recording
by an Alternating Field of Strength ± 270 Gauss

Figure 12.   Saturation Recording Transfer Curve ----, and AC-Bias Transfer Curve.



Figure 13.  Instrumentation for Measurement of Tape Recorder Performance in an External Magnetic Field



Figure 14.  Residual Magnetization of Recorder Prior to Tests



Figure 15.  Residual Magnetization of Recorder After Test



DIGITAL DATA RECORDING AT FIVE MILLION BITS
PER SQUARE INCH

C.R. THOMPSON, JOHN WARING
RCA, Camden

ABSTRACT:  A 24 megabit per second, serial bit stream recording system using rotating
shed recording techniques has been developed. This system provides maximum data
density on an area basis (5 x 106 bits per square inch) with reliable in-track packing
density (24,000 bits per linear inch). The two-inch tape width accommodates the 24 Mb/s
data rate at a longitudinal tape speed of 2.4 inches per second. A fourteen inch diameter
reel of tape stores a trillion bits of data. A bit error rate of one error per million bits has
been demonstrated. An error correction system has been designed to improve the bit error
rate to one error per billion bits. Commercially available television tape is utilized on a
modified industry standard data format. A track width of 2.5 x 10-3 inches and a track
spacing of 3.75 x 10-3 inches provide approximately 260 tracks per inch along the length of
the tape.
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THE COMMON ELEMENT APPROACH TO TELEMETRY
PROCESSING SYSTEMS

DANIEL J. KARLESKINT
Control Data Corporation

Sunnyvale, California

Summary   This paper postulates a complete computerized telemetry processing system
which has only one basic hardware module as the system building block. A discussion of
the technology incorporated in the system and its effect on systems cost and complexity is
included.

Introduction   Traditionally the computerized telemetry processing system has been
configured from a myriad host of special purpose black boxes, programmable devices and
general purpose computers. Inherent in a heterogeneous mixture of hardware such as this
is at least a subset of the following problems:

• Systems maintenance responsibility
• Cost of system maintenance
• Training of new personnel
• Cost and time involved with software development on multiple hardware units
• Systems mean-time-to-repair Lack of systems flexibility

The capability, achievable within the state-of-the-art, to configure a system in which the
basic hardware module is the keystone element satisfying every functional requirement
should alleviate most, if got all of the above problems.

The paper defines basic functional requirements, discusses the attributes the basic
hardware module must have, demonstrates that the functional requirements may be
allocated to versions of the basic hardware module.

Discussion   Currently most (1,2) telemetry system architects are advocating the use of
microprogrammable processors as the general purpose central processing computers in a
system.

At least two authors (3,4) have analyzed the use of microprogrammable processors to
replace special purpose units in telemetry configurations. Without addressing specific 



architectural shortcomings, it suffices to say that the conclusions drawn in this respect
have done little to solve the problems stated in the introduction of this paper.

However, the way has been pointed, I feel, to the solution of the problem. Several systems,
among them theSamtec Telemetry Decom Validation System (TDVS) (5) have
successfully utilized the microprogrammable processor in several functional areas.

FUNCTIONAL DESCRIPTION   This section of the paper will depict a typical
computerized telemetry system for PCM data acquisition and processing. This hypothetical
system synchronizes incoming data, executes algorithms against the data and sends the
data to a general purpose computer for further software analysis, display, and recording.
Each of these functions will be described briefly, setting forth the requirements and thus
the specifications for our “Common Element” system.

Synchronization   The synchronization capability for this systems discussion will be
limited to word, mainframe, masterframe, and multiple (up to 4) asynchronous subframe
synchronization.

At the current time, the author is not aware of any attempt in the industry to accomplish bit
synchronization in any unit other than one specifically designed for this task.

The strategy used in the sync-function should be fully programmable and if possible, be of
an adaptive “Best in Frame” strategy. As a minimum, all IRIG standards should be
satisfied by the synchronization logic in the system.

Decommutation   The functional capability must exist to decommutate the incoming data
according to IRIG standards. The current standards make it imperative that word sizes be
variable on a word to word basis from 4 to 64 bits. Because of the incompatibility of
computer single precision word sizes with the maximum telemetry word length (64 bits),
the capability must exist in the system to syllablize the data words (i.e., dissect a word into
more manageable lengths).

Algorithm. Processing   The system should have the capability to execute algorithms at
the incoming word rate. This programmable capability would be utilized to edit and apply
an engineering unit conversion or to compress the data using varying techniques such as
zero order prediction.

General Purpose Computational Facility   The last major hardware functional unit in
our system is the general purpose computer. This device is used to control and load the
other functional units in the system, execute analysis software in support of data reduction
tasks, and record and/or display the data.



This then is the list of functional units necessary to satisfy the requirements of our system:

• Synchronization unit
• Decommutation unit
• Algorithm unit
• Computational unit

Figure 1 depicts a typical configuration.

Basic Telemetry Unit   Now I feel we have enough information to establish the baseline
specifications for the basic hardware module that is to be the keystone building block for
the system. From this point on I shall refer to this module as the BTU (Basic Telemetry
Unit).

The BTU must be a programmable device occupying a minimum amount of rack/floor
space because of the potential number of them in a system.

The BTU must be an extremely high speed device to cope with the current 2.0+ mega bit
data rates. The speed necessary is a function of basic word size and the telemetry word
size. For example: An 8-bit machine processing a high-low limit check on 10-bit data
values must access his memory two times the frequency at which a 16-bit machine must.
Pugsley, in his paper on microprogrammable telemetry processors (3), showed that a
minimum speed of 200 nanoseconds per instruction was necessary for even the most
menial task.

The BTU must have the hardware assists necessary to compensate for those functions that
must occur at a frequency greater than the bit rate. The decision to describe this capability
as a hardware assist was made after a market study analyzed the feasibility of a cost
effective sub 100 nanosecond standard processor. It was determined that the addition of a
few hardware boards to the basic hardware unit was technically and economically sound.

The BTU must have a simplistic, fast method of BTU to BTU communication for data and
control. There are three methods currently utilized in the industry that satisfy this
specification; a data bus (6) or common memory modules (5), or a combination of both.

The BTU must be capable of executing a general purpose computer instruction set.

The above is, in reality, a general subset of the complete specifications for a BTU but will
suffice for this document.



APPLICATIONS TAILORING   The hardware assist which I specified earlier I refer to
as the Applications Tailoring of a general purpose microprogrammable processor. Control
Data Corporation has been very successful in utilizing this technique in the development of
special function hardware (5), as well as peripheral and communications controllers.

Basically the method involves the integration of special purpose hardware boards into the
chassis and the backplane of the general purpose processor. The one constraint on the
BTU is that its design is in consonance with this philosophy i.e., the internal bus structure,
etc., is readily available for interfacing.

THE SYSTEM   Keeping in mind the functional units required in our system and the data
rates that they must operate at, the configuration in Figure 2 is a conservative approach.

Each of the three functional units is built from a BTU. One of the units must have
applications tailoring. A second unit may also need the hardware assist depending on
whether floating point (real) computation is desired.

The formatting synchronization unit has hardware assists for those functions that occur at a
frequency greater than one syllable/word time. As a minimum these functions consist of
serial to parallel conversion, mainframe pattern digital correlation, MSB to LSB
conversion, word synchronization (if required) and parity checking. The firmware in the
BTU controls the action of the hardware assists, controls the memory list structure, routes
data to other systems units and performs all of the strategy associated with main, master,
and subframe synchronization.

All communication between this BTU and subsequent BTUs is through common memory
and an interrupt bus structure.

The next functional unit in our system is the algorithm unit. This unit may optionally utilize
hardware assists in the area of floating point Ax+b hardware for polynomial expansions of
telemetry data.

Basically this unit performs one or a series of algorithmic operations on the incoming data.
Typically these algorithms are compression, limit check or engineering units conversion.

The last functional unit in the string is BTU number three which has its function the
execution of a general purpose computer instruction set. This unit performs the remaining
tasks defined for the system such as data reduction and analysis.



SUMMARY   The system depicted in this paper would be constructed of MOS memory
modules, three standard microprogrammable processors, approximately 5 special purpose
printed circuit boards, peripherals, and fit into two standard RETMA racks.

The basic premise of this paper was that a telemetry system constructed with a common
element as the basis for the various functional units should alleviate the typical systems
problems in an operational environment. Let’s discuss each identified problem and
determine the “Common Element” effect on them.

Systems Maintenance (Cost, Responsibility, MTTR)   These problems are solved by
the reduction of logistics support required in the way of spare parts, training, and having
one single supplier for the whole system. Since all of the BTU’s are identical, sparing of
different card types is kept to a minimum, people are familiar with the total hardware
system thus decreasing MTTR and therefore real cost.

Since the BTU’s are a standard off-the-shelf product, all of those maintenance problems
attendant to one-of -a-kind black boxes are missing.

Software (Cost, Responsiveness)   The off-the-shelf nature of the BTU assumes a large
software product support base, thus lessening the amount of software to develop.

Programmers need only be trained in one language on one machine architecture. Proper
firmware development could lead to the generation of one set of common routines to
perform the basic functions for each functional unit.

Flexibility   Since the BTU is a programmable device, all of the functional units in the
system are inherently flexible. The advent of read/write micromemory allows the capability
to change firmware as easily as software.

The state-of-the-art memory technology typically allows the addition of processors to
memory modules thus allowing horizontal growth (i.e., dual stream operation, etc.)
necessary to achieve systems flexibility and growth.

Conclusion   The “Common Element” approach shows definite potential for the reduction
of costs and complexities inherent in the modern high rate telemetry processing system.
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LANDSAT 2 ON-BOARD COMPUTER

JOHN G. LESKO, JR.
Goddard Space Flight Center

Greenbelt, Md.

Summary.   Operational experience of the Landsat 1 spacecraft pointed out the need for
additional on-board command storage. Landsat 2 was launched on January 22, 1975 with a
general purpose computer programmed for command storage and spacecraft “monitor and
reaction” tasks. The computer, software, and its I/O interface to the spacecraft, called
ERTS Command Auxiliary Memory (ECAM), was designed to supplement the existing
command subsystem. The computer selected for the task was the Advanced On-Board
Processor (AOP) which has subsequently been designated the NASA Standard Spacecraft
Computer.

Introduction.   The Landsat Spacecraft Project (formerly Earth Resources Technology
Spacecraft, ERTS), was initiated in 1970 and made maximum use of previously developed
Nimbus spacecraft hardware. One limitation of the command subsystem was the
availability of only 30 stored command locations within the command subsystem
hardware. The 30 stored command locations was sufficient for the Nimbus mission
because the relativity low power instruments were designed for continuous orbital
coverage. It was soon recognized that the limited command storage would put a limitation
on the operation of the Landsat 1 mission with much higher power sensors, recorders, and
wideband communications being cycled on and off throughout the orbit, but additional
storage was not deemed a requirement until after gaining operational experience with
Landsat 1.

The first solution proposed was a redesign of the existing command subsystem. This would
have required requalification and refurbishment of existing hardware and was relatively
costly.

A simple memory with hard wired logic was the second proposed solution, with a design
that would interface with the existing hardware and require no modification to hardware.
This design was eventually implemented using an existing AOP Computer and a 4096
word X 18 bit plated wire memory.



The engineering model of the AOP was in final development testing and was to serve as
the qualification model, however, because of a speed-up in the Landsat 2 launch date, the
engineering model became the flight and was launched.

The computer is programmed for two main tasks: 1) delayed command storage for up to
512 time tagged commands. Each command word is a 9 bit number, specifies one of 512
commands with a 24 hour time tags at 1 second resolution; 2) “Monitor and Reaction
Tasks” where a defined combination of spacecraft telemetry points indicate an out-of-limit
condition can trigger commands to place a subsystem into an off or safe mode, and inhibit
further commanding of that subsystem.
The system, consisting of the AOP processor, I/O, memory, software and interface to the
spacecraft, is called ECAM for ERTS Command Auxiliary Memory.

Landsat 2 Command Subsystem.   The Landsat 2 Command Subsystem block diagram is
shown in Figure 1. Four receivers are connected so that one S-Band and one VHF receiver
are powered and connected to a Command and Integration Unit (CIU) at all times. The
CIU operates on the S-Band command data to do a preliminary decode and converts the
signal to be compatible with the VHF receiver output. In the A Channel, the signal is sent
directly to the message decoder. In the B side, the command signal is routed through the
ECAM. The received signal is present at the input to an AND-OR gate where ECAM
supplies select control. Either the receiver signal or the ECAM output is sent to the
message decorder. No uplink message decode takes place in ECAM.

There are four types of messages that may be sent to the spacecraft. Realtime commands
contain the spacecraft address, a 5 bit key, control bits, 9 bit command number and parity
in addition to the compliment of the message. The command is executed upon receipt if the
message passes all tests.

The second message type is called a serial data command, and is used to uplink 36 bit
words to either the ECAM or the narrow band telemetry subsystem. This serial data
command may be used to load stored commands, control the operation of the computer, or
to change any or all words of the memory.

The third type is a stored command word to load the 30 command locations within the
command decorder.

The fourth type is a message to reset the time code within the spacecraft clock.

The first type is the only message tested for accuracy. The last three types are executed
without tests and are verified on the ground via telemetry.



Normally, all command messages pass through the ECAM front end without interference.
Any uplink message is destroyed however, if the message is being received at the time a
command is to be issued from ECAM.

All commands issued from ECAM are in a realtime message format, and enter the message
decoder just as a command received via the uplink.

ECAM Functional Block Diagram.   Figure 2 is a functional block diagram of the
ECAM showing the major signal interfaces with the receiver/CIU, the Message Decoder,
and narrow band telemetry subsystem.

ECAM Data to the message decorder may be disabled completely by the relay contacts
shown. The AND/OR gate is used to provide an ECAM output when required.

All messages to the ECAM are via the serial data input from the 36 bit serial data uplink
command. A hardware decode and control function is used to initially load the operating
program into memory. Executive requests are control inputs to the operating system
software.

The verification output to the telemetry subsystem may contain either a complete memory
dump format, or a dump of the command and time tag buffer in memory, along with
ECAM time and status.

The telemetry data input is used to extract the words of interest from the narrow band
telemetry output serial bit stream for limit checking. Any combination of functions may be
programmed to trigger the reaction command.

System Block Diagram.   Figures 3 and 4 are block diagrams of the I/O and processor
respectively. The five data input and output signals are buffered using the Direct Memory
Access capability and parallel/serial converter registers. Clocking signals for the I/O
generate requests to the cycle steal logic. A “Block Length Equals 0” (BL= 0) signal is
generated when a channel requires computer servicing. This signal and the request are
used to generate the appropriate interrupt.

New program loads, system controls, and stored command data enter via the Decoded
Serial Data input. A 26 bit register is used for hardware control and initial program load.
This register contains an 18 bit field and an 8 bit sync and operations code field. All
functions necessary for a “cold start” of the computer are available from this hardware
decode logic. Once the program is loaded and running, the data is input under software
control in a 36 bit format.



* The above description of the processor is excerpted from GSFC X-Document, X-715-71-451,
“The Advanced On-Board Processor AOP.”

The power supply has a power clear output signal which is used to bring up and shut down
the computer in orderly fashion when applying power, removing power, or as a result of
power transients.

“The Processor Module employs a fully parallel adder and parallel data transfers between
registers and at the Processor/Memory interface. Data words and instructions are 18 bits in
length with negative numbers being represented in two’s complement form. Addressable
hardware registers include an 18 bit index register, an 18 bit accumulator, an 18 bit
extension of the accumulator, a 4 bit memory page register. In addition an 18 bit storage
limit register which specifies read-only sections of memory and a 16 bit interrupt lockout
register are conditionally addressable by means of privileged instructions. Unaddressable
registers include a 16 bit memory address register, an 18 bit memory operand register, a 16
bit instruction counter, a 10 bit instruction register, and two 16 bit registers used for
storing interrupt and cycle steal operation requests. Three 1 bit registers, decision, carry,
and overflow, are used for test and arithmetic control.

There are 55 instructions, 31 of which require an operand fetch. The other 24 instructions
have a minor operation code in the address field of the instruction word. With 12 bits of
address available, 4096 memory words are directly addressable. Memory size as large as
65, 536 words requires a 4 bit page register which can be loaded and stored under program
control and which is appended as the four high-order bits to the 12 bit address MU to form
a full 16 bit address. If the index bit (13) is set to a “1,” the low order 16 bits of the
subscript register are added to the address to form an effective address. All transfers are
indirect such that pointers which are subject to change may be stored in data portions of
memory. This obviates the need for write cycles in the protected program portions of
memory.”*

Software.   The software system is interrupt driven from an interruptable halt state. This is
primarily to take advantage of the power strobed plated wire memory. Standby power is
0.1 watt, maximum operating memory power is 4 watts. Each interrupt level sets an
interrupt priority as it is serviced. A general flow chart of the software is shown in
Figure 5. Two clock interrupts, 6 and 11 provide the basic system timing. Interrupt 6 is a
one hertz signal which updates the ECAM time counter, initiates the table search if in
Execute, and tests the mode switches for any change.

Interrupt 11 is the once per 16 second pulse which is used to synchronize the ECAM to the
telemetry subsystem. Interrupt 11 also sets a flag for background processing of the fixed
memory area checksum. Every 16 seconds, all fixed locations are exclusive ORed with a 



running checksum. If the results of the computed checksum do not agree with a stored
checksum word, the computer is shut down.

Interrupts 1, 2, 4, 9, and 13 are service requests from the 5 I/O cycle steal operating of the
Direct Memory Access channels. Interrupt 1 is used to load 18 bit words into a specific
number of memory locations starting at an address specified as the first word in the
message, under software control. This channel is generally used to load the memory with
the program, using a bootstrap. Interrupt 10 is used to set up for this input.

Interrupt 2 is the normal control and stored command data input. Interrupt 8 is used to
resynchronize the input hardware at the start of each transmission. Control messages
include: reset stored command locations to zero from X to Y, set the ECAM time, reset
status bits, set the verification address, reset or enable monitor and reaction functions, etc.
Each control message has an EXCLUSIVE-OR field which is tested before any message
received is executed. Commands are stored without benefit of the EXCLUSIVE-OR test.

Interrupt 4 services the telemetry bit stream input. An interrupt is generated for each 10 bit
word received.

Interrupt 9 is the Command output. For each command the ECAM generates the INHIBIT
signal to the AND-OR gate, switching the message decoder input from the receiver to
input, then sends the realtime command sequence to execute the command.

Interrupt 13 is used to output a message of 16, 10 bit words to the housekeeping telemetry
subsystem. This output is used to telemeter status, program, time, and stored command
verification to the Operations Control Center.

Interrupt 7 is generated by a spacecraft pulse command to reset the ECAM time to zero.

Interrupt 15 and 16 are internally generated interrupts. Fifteen is a storage protect violation
interrupt that is generated if the program attempts to write into a protected memory
location.

Interrupt 16 is used to log mode changes, reaction commands triggered, and error
conditions.

The software for the ECAM was assembled using the “Advanced On-Board Processor
Assembly Language” which was developed for the AOP. The ECAM software occupies
approximately three-fourths of the 4096 word memory. This includes all storage and
buffers.



Command Storage.   Command storage in the ECAM requires two 18 bit memory words
per command. The first word contains a 17 bit time tag and a parity bit. Seventeen bits
provides one second resolution at a maximum time of 24 hours. The second word contains
the 9 bit command number and a parity bit. A buffer of 512 commands was selected and
divided into two sections, A and B, of 256 each. The A and B sections allow loading and
verifying one section while guaranteeing the other section won’t be disturbed.

Two latching relays are used to control the loading and execution of the two sides. One
relay, LOAD/EXECUTE, allows loading or execution, but not both. The other relay RUN
A-LOAD B/RUN B-LOAD A determines which section may be loaded or executed.

Commands may be stored randomly. Only one command may be stored for each second
per side. A telemetry flag is set if a command is stored in the same side with an identical
time tag. When in the execute mode, a search is initiated once per second, through the
selected side for a time match with the ECAM 17 bit clock. If a match is found, and both
time and command parity check, the command is encoded into the realtime format and
output.

The uplink command load format contains three fields within the 36 bit word. A 17 bit
time tag, a 9 bit command number, and an 8 bit location vector specifies which of the 256
locations of A or B the word should occupy.

Spacecraft Monitor.   The ECAM receives the telemetry bit stream from the Narrow
Band Telemetry Subsystem. This bit stream contains all the housekeeping telemetry from
the spacecraft. The telemetry frame consists of 1600 ten bit words arranged in a 80 row by
20 column matrix which repeats once per 16 seconds. The serial bit stream at 1 kilo bit per
second is collected, synchronized by a once per 16 second pulse from the spacecraft,
grouped into 10 bit words and used by the ECAM as data to the limit checking program.

Three specific functions have been implemented to date. The first monitors the payload
bus voltage and current. If these are out of limits, commands are issued to turn the
payloads off and to restrict the sending of any stored commands that would turn on the
payloads. The second and third functions monitor each of the Wide Band Video Tape
Recorders for high temperature or high head wheel motor current, and turn off the tape
recorders under out-of-limit conditions. Again, further commands that would reenable the
tape recorders are restricted. Each of the functions may be individually enabled or
disabled, and may be placed in a monitor and log or monitor, log, and react state. All three
functions may only be triggered once, until reset by ground command. The telemetry frame
must be in sync with ECAM and the out-of-limit condition exist for four consecutive
frames for the function to trigger.



If a function is out-of-limits and commands are to be issued, an output to the spacecraft
occurs just as the ECAM stored commands would, in the realtime format. Commands are
issued once per second, so that if a string of stored commands are being issued, the
reactionary commands are buffered until the next available second.

Conclusion.   The computer aboard Landsat 2 has been operational since launch,
providing storage for about 250 commands a day. This has improved the efficiency of
collecting data by allowing command storage for as many ON/OFF command cycles as
required. This is important because each of the wideband video tape recorders aboard the
spacecraft can provide storage for only fifteen minutes out of the one hundred minute orbit.
The flight hardware is shown in Figure 6.

Under the present operating philosophy, commands that can be transmitted in realtime
over ground stations are not stored. These commands could, however, be stored to reduce
the need for normal command capability to transmissions once or twice a day.

Command storage consists of individual commands in the present design, although most
commands are repetitive sequences. In the future, sequences could be stored with delta
times, addressed by time tagged stored commands.

Fig. 1 - LANDSAT 2 Command Subsystem Block Diagram.



Fig. 2 - ECAM Functional Diagram.

Fig. 3 - I/O Block Diagram.



Fig. 4 - Processor Block Diagram.



Figure 5. General Flowchart

Figure 6.  ECAM Hardware



ARCHITECTURES FOR REAL-TIME DIGITAL
CHANNEL SIMULATORS
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Summary.   This paper suggests an all-digital, time domain approach for real-time
simulation of digital communications channels and proposes four possible implementations
of the time-domain approach using standard minicomputers or microprocessors and
peripheral random number generators. The time-domain method is based on simulating the
digital channel on a bits-in, bits-out basis with bit errors introduced into the bit stream in a
manner which approximates the error sequence of a real (or hypothetical) communications
channel. The error sequence of the simulator can duplicate a measured error sequence or it
can be generated by a stochastic model of the error sequence. The four proposed
implementations represent different levels of complexity in the architecture of the channel
simulator. The first proposed implementation employs only a single computer; the second
employs a computer and a peripheral random number generator; the third employs a
computer and multiple peripheral random number generators; the fourth employs multiple
computers and multiple peripheral random number generators. The significance of the
time-domain approach lies in its potential application to the design of high performance,
general-purpose media simulators at greatly reduced cost due to the use of standard
hardware and relatively simple processing.

Introduction.   This paper suggests an all digital approach to simulating digital
communications channels directly in the time domain. The approach is markedly different
from the approached used in current channel simulators and takes advantage of the
availability of low-cost high-speed minicomputers and microprocessors. A real-time
simulator employing this approach introduces errors into a bit stream on a bit-by-bit basis.
The error sequence is generated either by a deterministic process which exactly reproduces
an error sequence measured on a real communications channel or by a random process
which produces an error sequence based on a stochastic model of the error sequence of a
communications channel.

The significance of this approach lies in its potential application to the design of a high
performance, general purpose simulator at greatly reduced cost. Use of off-the-shelf
minicomputers or microprocessors and inexpensive binary random number generators
promises significant savings in the cost of hardware implementation. Use of relatively



simple processing algorithms promises similar savings in the cost of software
development.

The proposed time-domain method treats the communications channel as a coding channel
[1] which includes an encoder, a modulation channel, and a decoder. The input and output
of the coding channel are digital signals. Its transmission characteristics are specified in
terms of a bit-error sequence. The major processing capabilities needed to implement the
time-domain method are bit manipulation, masking, counting, and random number
generation. These requirements are especially well-suited for computation using standard
minicomputers or microprocessors and inexpensive binary random number generators. As
a result, the time-domain method promises a significant reduction in the cost of digital
communications channel simulators.

The coding-channel simulator would be used to study digital communications systems and
would be particularly suited for applications requiring simultaneous use of a number of
communications channel simulators. For this type of application to be economically
feasible, the cost of a channel simulator must be low enough so that a number of simulators
can be kept on hand. Applications of this type include studies of the effect of the
communications system on a larger system in which it is embedded. An example is the
study of the performance of a network of computers connected via communications
channels. A real-time study might involve interconnecting a number of actual computers
via coding channel simulators having adjustable error characteristics. The study could
provide measurements of the performance of the computer network as a function of the
characteristics of one or more of the communications channels.

The alternative to the all-digital time-domain approach is the use of a frequency-domain
model of the communications channel as is done in the telephone channel simulator
described in Reference 2. In this approach an analog input signal is sampled and its
discrete Fourier transform is computed. The Fourier transform is multiplied by a discrete
Fourier transform which characterizes the channel to obtain the Fourier transform of the
channel output signal. An inverse Fourier transform is computed to provide the time
domain output signal of the channel.

The frequency-domain method treats the communications channel as a modulation channel
[1] which includes a modulator, a transmission medium, and a demodulator. The input and
output of the modulation channel are analog signals. Its transmission characteristics are
specified in terms of an impulse response or a frequency response. The major processing
capability needed to implement the frequency-domain method is that of computing a
discrete Fourier transform in real-time. This is well beyond the capability of most general
purpose computers. Due to the complex processing requirements, implementations of the
frequency domain approach must employ special purpose fast-Fourier transform



processors [3, 4] or special purpose signal-processing computers [5] capable of computing
discrete Fourier transforms in real time. In addition, they usually include a general purpose
computer to provide processing capability not available in the special purpose processor.
As a result, the cost of a simulator based on the frequency domain approach is quite
expensive.

A modulation-channel simulator can be used to study analog communications systems and,
with the addition of an encoder and a decoder, digital communications systems. It is
particularly suited to studies of the performance of particular modems or of the effect of
the transmission medium on transmitted waveforms. Because of its high cost, it is poorly
suited for applications requiring simultaneous use of a number of communications channel
simulators.

The Time-Domain Method.   The proposed time domain method simulates a digital
communications channel on a bits-in, bits-out basis. That is, for an ideal channel, the bit
stream observed at the output of the channel is identical to the bit stream observed at its
input. The non-ideal aspects of the communications channel are observed in the form of bit
errors--difference between the input and output bit streams --which can be characterized
on a statistical basis. The primary function of a digital communications channel simulator
is that of introducing errors into the bit stream in real time on a bit-by-bit basis in a manner
which approximates the bit-error sequence of a real communications channel. The statistics
of the error sequence can be determined by analytic means, by measurements of real
systems, by non-real-time simulation on a digital computer, or by measurements on another
media simulator. References 6 to 9 describe a number of analytic error models. References
9 to 13 present results of measurements made on data transmission facilities of the Bell
System.

Figure 1 illustrates the time-domain approach proposed for introducing bit errors into a bit
stream. The channel simulator receives a bit from an input bit stream, introduces an error
into the bit if appropriate, and passes the bit on to the output bit stream. The error
sequence introduced into the bit stream is generated by either a deterministic process
which reproduces a known error sequence or a random process which produces an error
sequence based on a stochastic model of the channel’s error sequence. The more important
case involves the stochastic model. In that case, the decision of whether or not to introduce
an error is made as follows. An n-bit random number generator computes a uniformly
distributed random number A in the range 0 to 2n-1. An error characteristic generator
determines the probability P that an error occurs in a given bit and computes an integer
threshold value B in the range 0 to 2n-1 such that the probability that A $ B, is exactly P. If
A $ B, an error is introduced into the bit before it is transmitted to the output stream. If
A < B, the bit is transmitted without ereor. If the error sequence is based on a deterministic
model, it can be handled quite simply by introducing errors directly into the bit stream.



Operation of the error characteristic generator can be illustrated by considering its use in
generating three types of errors: random bit errors, burst errors, and time-varying random
errors. Random errors with a probability of occurence P can be simulated by loading the
error characteristic register with a fixed value 2n(1-P). Since the length of the error
characteristic register is fixed at n-bits, only 2n values of P can be achieved exactly. This
limited resolution can be minimized by making n large or it can be practically eliminated
by periodically incrementing or decrementing the number in the error characteristic register
by 1 to achieve an average value of 2n(1-P). Burst errors, characterized by an error
probability of 1/2, can be simulated by loading the error characteristic register with a value
2n-1. More moderate bursts can be simulated by loading the error characteristic register
with a number somewhat larger than 2n-1. The duration of a burst can be controlled by
controlling the period during which the relatively low value is in the error characteristic
register. Time varying error characteristics can be simulated by varying the value in the
error characteristic register as a function of time. Burst errors are one example of time
varying error characteristics.

The most striking feature of the proposed approach is the simplicity of its signal processing
requirements, which are reduced to random number generation, bit manipulation, and
threshold level computation. None of the complex processing requirements found in the
frequency domain approach, such as discrete Fourier transform calculation, are present in
the time-domain approach.

While the approach illustrated in Fig. 1 is not restricted to a particular implementation, a
strong argument can be made for using a small computer (minicomputer or
microprocessor) to implement the error characteristic generator. A small computer
provides an economical and flexible approach to generating the arbitrary error
characteristics needed for high fidelity general-purpose simulation. The computer can
perform the additional functions of comparing binary numbers, introducing errors into the
bit stream, and generating pseudorandom numbers. The computer can also provide
executive programs which assist an operator or user in interacting with a simulation during
setup and execution. Finally, the computer can monitor the progress of a simulation and
compute and save statistics and other measures of the performance of a simulated system.

Four computer-based implementations are discussed below in order to illustrate the use of
computers with the time-domain method. These implementations, as well as others which
envolve during the investigation, will be analyzed in the course of the research.

Implementation with One Computer   Figure 2a illustrates a straightforward
implementation of the time-domain method. All functions are performed by the computer.
For each bit in the bit stream, the computer generates a threshold value and a pseudo-
random number, compares the two, and introduces a bit error if appropriate. Because the



computer performs each operation in sequence, the bit rate which it can handle is limited
by the amount of processing-required for the error characteristic generator and the random
number generator.

Implementation with Peripheral Random Number Generator.   Figure 2b illustrates an
implementation similar to that in Fig. 2a except a peripheral device is used to generate
random or pseudo-random numbers. This scheme can handle much higher data rates than
that in Fig. 2a since the task of generating random numbers is removed from the computer.
In general, the generation of an n-bit random number for each bit of data is a relatively
time consuming task for the computer, taking from 10 to 1000 microseconds per random
number depending of the computer’s hardware and the algorithm used. In contrast, random
numbers can be easily generated in a period of less than 1 microsecond per word by low-
cost peripheral devices.

Implementation with Multiple Peripheral Random Number Generators.   Figure 2c
illustrates a scheme similar to that in Fig. 2b except a number of peripheral random number
generators, error characteristic registers, and binary number comparators are used.
Typically, the number of peripheral subsystems equals the word length of the computer, N.
The output of a subsystem is a bit which indicates whether or not a bit error should be
introduced into a corresponding bit in the data stream. The subsystem output bits are read
in parallel by the computer in the form of an N-bit error mask. This scheme permits bit
errors to be introduced on a word-by-word basis rather than a bit-by-bit basis and, in some
cases, can increase the maximum data rate which can be handled by a factor equal to the
word length of the computer.

Implementation with Two-Computers.   Figure 2d illustrates a scheme in which two
computers are used. One handles the data stream and introduces bit errors. The second
serves as the error characteristic generator and computes the values which are loaded into
the error characteristic registers. Peripheral random number generators, error characteristic
registers, and binary number comparators are used. This scheme can handle higher data
rates than that in Fig. Zc since the tasks of introducing bit errors into the bit stream,
generating random numbers, and generating errors characteristics are carried out in
parallel.

Performance Factors.   The main factors affecting the bit rate and fidelity of a simulator
based on the time-domain approach are the processing and I/O handling capabilities of the
computer used, the architectural complexity of the simulator, and the complexity and
fidelity of the error generating algorithm. In the simplest implementation discussed above,
as the bit rate is increased, the computer eventually becomes compute-bound when it must
devote all of its time to the tasks of random number generation and error characteristic
generation. The maximum bit rate depends directly on the processing requirements of the



error model used. In the two-computer implementation, the limiting factor is more difficult
to specify. If the error model is a relatively simple one such as a Gilbert model or more
generally a model which involves relatively low-frequency switching between states
having fixed error rates, the limiting factors are the processing and I/O handling capability
of the data-stream computer. The upper limit on the bit rate for a computer having N bits
per word and N peripheral subsystems depends on the sum of the times required to input
the bit- stream word and the bit-error word, to introduce the bit errors into the bit stream,
and to output the bit, stream word. This limit is above one million bits per second for most
modern minicomputers. If the error model requires that the values in the error
characteristic registers be changed at a frequency which approaches the bit rate of the data
stream, the limiting factors become the processing and I/O handling capabilities of the
computer which generates the error characteristics. The upper limit depends on the time to
compute and output a value for one of the error characteristic registers.

The fidelity of the time-domain simulator depends entirely on the fidelity of the error
model employed. In the area of channel modeling, the frequency-domain approach appears
to be better developed than the time-domain approach, possibly due to a heavier
concentration of effort in the past. Most of the bit-error models available are relatively
simple ones. However, new models are being developed [6] and it seems likely that
improved models will become available.

Conclusions.   An all-digital time-domain approach for real-time simulation of digital
channels has been suggested. Four possible implementations which employ standard small
computers have been presented. The approach is completely different from that used in
most current channel simulators and should permit the design of a high performance
simulator at greatly reduced cost. As a result the approach is particularly suited to
applications requiring simultaneous use of a number of simulators. The limiting factors on
the maximum bit rate which can be handled depend on the particular implementation used.
The limiting factors include the complexity of the bit-error model used and the processing
and I/O handling capabilities of the computers used. The limiting factor on the fidelity of
the simulator is the error model employed. Here, there is a need for additional work in
developing new and better error models.
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Figure 1:  Basic Approach for Introducing Bit Errors into a Bit Stream

Figure 2:  (a) Implementation with One Computer, (b) Implementation
with Peripheral Random Number Generator



Figure 2(c):  Implementation with Multiple Peripheral Random
Number Generators

Figure 2(d):  Implementation with Two Computers
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Summary   The ever-evolving nature of spacecraft Support operations requires computing
systems which can adapt to dynamic support requirements. These systems must exhibit a
high degree of reliability, perform a wide spectrum of services, and be able to grow
incrementally in response to demand. A distributed computing network is proposed as a
system architecture displaying the desired attributes. The proposed system employs
functional specialization of resources, featuring high performance scientific processing,
real-time response, and interactive operations. Fundamental to the approach is the notion
of process-to-process communication, which is effected through a high-bandwidth
communications network. Both resource-sharing and load-sharing may be realized in the
proposed system.

Introduction   The operational support of orbiting spacecraft requires coordination and
cooperation among many groups of people and among the systems designed and operated
by these people. At NASA’s Goddard Space Flight Center, ground-based operations are
conceptually and organizationally divided into five parts: communications, satellite
operations, information processing, tracking and data network operations, and mission
operations support computing. Each of these parts comprises autonomous computer
systems, and data communication lines interconnect the five systems.

Within the context of this paper, mission operations support computing includes orbit
determination, attitude (satellite orientation) processing, maneuver computation, resource
scheduling, and a host of miscellaneous capabilities to respond to the unique requirements
of a given mission. Of current interest is the form of the evolution of mission operations
support computing. In particular, what type of computer systems will respond most
effectively to a set of diverse and dynamic requirements? Overall system reliability is of
prime concern, with incremental expendability the next priority interest. Processing
requirements include high performance scientific computations, real-time telemetry and
tracking data processing, and interactive terminal support.



A distributed computer network is presently being proposed as a viable means of fulfilling
these requirements. Distributed computing is an approach to systems design which effects
the sharing of network-wide resources. Computer systems are interconnected through
digital communications facilities, and the resulting network appears to the user as one
computing facility.

The concepts of distributed computing have been explored in several research,
organizations recently, resulting in the development of prototype, experimental systems.
Perhaps the best known effort is being conducted at the University of California at Irvine.
They have constructed the Distributed Computing System (DCS), a set of minicomputers
which communicate via a specially designed communications ring (2-6). The University of
Maryland is constructing the Distributed Computer Network (DCN) using several DEC
PDP-11's, a Univac 1108 dual-processor, and a Univac 1106 (10-11). The-February 1975
issue of Datamation contains several articles related to distributed computing. One of them
(19) describes a rather esoteric design being developed at Carnegie-Mellon University
involving up to sixteen DEC PDP-11 series minicomputers sharing up to sixteen memory
boxes through a 16 X 16 switch.

This paper describes the philosophy behind the Distributed Environment for Mission
Operations Support (DEMOS). Its prime technical design requirements include:

1. high performance floating point processing
2. real-time response
3. interactive operations
4. high data throughput
5. data base management
6. program development support (e.g. time-sharing)

An additional set of high level requirements are associated with the operations
environment:

1. fail-soft reliability
2. modularity
3. incremental expendability
4. minimal cost
5. ease of maintenance
6. smooth transition process

Gross characteristics of the major hardware and software components are discussed, as
well as their integration into a complete system.



Throughout the discussion, problem areas to which specific attention may be directed are
noted. The paper closes with a brief account of several pragmatic factors influencing
design choices.

Distributed Computing   The broad spectrum of user requirements experienced in many
installations has fostered the development of distributed computing networks. The most
frequently stated objective of such a network is to promote the sharing of resources among
a set of computer systems, which may be as close together as in the same room, or
separated by thousands of miles. This approach has much to offer both those who supply
services and those who use systems. Expensive resources such as plotters or proprietary
software packages need not be replicated at each installation where demand exists.
Instead, access can be gained to a given resource via the network. Information availability
similarly can be enhanced through network facilities. A data base maintained at one facility
can be accessed by other facilities with the currency of the information assured. Thus
distributing resources among several processing sites and providing communication
facilities between them is likely to make sense both economically and practically.

Distributed computing systems appear to the user as one (perhaps geographically
distributed) computing facility. Resources available throughout the system are made
available to a user without his needing to know where they reside. In fact, the processor
residency of his own processes is transparent to him, and may be dynamic, illustrating a
fundamental objective of this approach: to take advantage of those benefits which accrue
when processes are allowed to migrate among the processors of a distributed system.
These benefits include load balancing and increased reliability. A processor malfunction
can potentially result in resurrecting its processes on other processors, and reconfiguring
the system around the failing site. A distributed system also exhibits substantial potential
for growth. New resources (processors, peripherals, etc.) can be introduced into the
system incrementally to respond to changing demand. From the user’s point of view, he
sees the same system as he is accustomed to, but now with increased power. Both growth
and reliability in this case result from the dynamic nature of a distributed system.
Resources can be added and deleted at will, with available services increasing or
decreasing in response.

The design goals of such a system imply autonomous processing sites with distributed
control. Each processor must be capable of functioning on its own, viewing the remaining
system much as a user would: as a facility which can serve it. Of course, this relation is
symmetric; each processor must be willing to serve the other processors also. Centralized
control is precluded by the reliability requirement. Failure of the centralized control would
introduce a single point of failure which could disable the entire system.



Emphasis in a distributed system is on process-to-process communication. This implies
that a process need not (and probably will not) know the residency of a process with which
it is communicating. The software and hardware communication mechanisms are
constructed in such a way that messages are routed from the originating process to the
destination process, whether those two processes exist in the same machine, or are on
processors separated by thousands of miles. This type of communication facility is one of
the key distinguishing factors of a distributed computing system. Not only user processes,
but also system processes, and even portions of the operating system itself may be
distributed among various processors.

Scheduling and resource allocation become more difficult in a distributed environment than
in a single processor environment. Each site of a distributed system is responsible for the
execution of those tasks presently in its queues. Two options are available. A site may
schedule a task’s execution on its own processor, or it may decide that the task’s
requirements can be better handled at another site. In the second event, the task is sent via
the communication facilities to the alternate site. The destination site then must make the
same determination. Should it keep the task, or send it on elsewhere? Obvious tradeoffs
are involved here. Transmission costs must be factored into any realistic algorithm a site
uses to determine the optimum site to process a task. It is entirely possible that a task sent
to another site may be sent back to the originating site, or that a loop may develop, where
each site in the loop is saying, “No, you do it!” Where transmission costs are substantial
and delays significant, the problem becomes even more difficult, because each site’s
knowledge of the other site’s operating conditions (e.g. queue lengths, resource
availability) is likely to be out-of-date, and expensive to update.

DEMOS Hardware   Mention was made earlier of the need for high performance
processors for scientific applications. But we may observe that real-time requirements,
interactive terminal support, and data management requirements do not need such a
sophisticated unit. An immediate case can be made for at least two classes of processors.
We will call the high performance processors “Class A” processors, and the data-oriented
units “Class B.” A Class A processor should probably have a word size of at least 32 bits
and have double precision floating point hardware. A Class B processor is an information
processor which should be able to support many external interfaces and specialize in
input/output operations. These units are going to need to communicate with each other
efficiently and simply, where efficiently means with minimal interference with their
primary functions, and simply is meant to imply consistency and uniformity. We therefore
introduce a third processor, Class C, whose specialty is communications. At least one
Class C processor is associated with each Class A and Class B processor. Its sole function
is to manage its associated processor’s communications with the other units.



Figure 1 illustrates the organization of these processors into the DEMOS building block,
which we call a cluster. The Class C processors are interconnected among themselves to
form a high bandwidth communications network. The precise topology of this network is
currently undetermined, and unimportant to this discussion, hence it is represented by the
shaded area.

A DEMOS cluster is functionally tuned to a specific mode of operation, for example,
orbital analysis. Its composition is completely variable. Any number of Class A processors
may be included, as well as any number of Class B processors. The typical cluster is
expected to include a total of six to ten Class A and B processors. This range of numbers
strikes a reasonable balance between cluster complexity and composite processing
potential. Figure 1, with its six processors, then represents a modest cluster.

The basic cluster exhibits many of the properties required of a mission operations support
system. Its reliability is assured by the complete absence of critical points. The loss of any
one processor does not disable the system. Its composition may be specified to provide
any degree of processor redundancy desired. This same property enables maintenance to
be performed by temporarily removing a processor from the cluster. In general, system
availability and reliability is assured for hardware through multiple redundancy. A cluster
can be configured to provide whatever degree of reliability is preferred (and afforded). As
should be obvious, a cluster can be expanded or contracted at will, by adding or removing
processors respectively. This provides the potential to grow incrementally in response to
changing requirements, and to upgrade the system as improved processors become
available.

A Class A processor will not be expected to maintain a large array of secondary storage.
Certainly it may require swapping devices and storage for data its processes require
immediate access to, but extensive file storage is more the job of a Class B processor.
Similarly, terminal interfaces and communication into and out of a cluster are the
responsibility of a Class B processor. A Class A processor can be correctly characterized
as self-centered. It maintains that data its processes are most interested in, but in general is
not concerned with other processor’s data requirements. A Class B processor, on the other
hand, can be quite gregarious. Its concern is the welfare of the cluster. Data which the
cluster as a whole has shown an interest in recently is maintained by the Class B
processors of that cluster. Therefore, the secondary storage requirements of Class B
processors could potentially be substantial.

The communications facilities must provide high bandwidth (at least a megabit per second)
digital communications. The components of each cluster are expected to be geographically
close to each other (e.g. on neighboring equipment racks), so that no modems should be
required, and communication lines will probably be relatively short pieces of coaxial cable.



The Class C processors will need a modest amount of buffer storage and perhaps an
associative store (content-addressable memory). The processor itself is expected to be a
microprocessor.

DEMOS Software   The basic function of any operating system is to manage the
resources of the system. In the context of DEMOS this means sharing system-wide
resources to effect load balancing. Queues of work building up at one processor should
automatically be redistributed to lesser loaded processors. Emphasis in DEMOS is on
performance, where performance includes throughput, response, and robustness. This
stands in contrast to OS/360, where the emphasis was on functional scope. IBM’s efforts
to provide all things to all people resulted in reliability problems and an interminable series
of new releases. DEMOS’s goals are less lofty. We wish to design a system which can be
counted on to reliably support mission operations.

DEMOS is to be a process-oriented system. This is perhaps one of the most important
concepts in distributed computing. A process need have no knowledge of its own location
or the location of another process with which it needs to communicate. It need only know
the process’s name, or some other equivalent identification. Further, hardware resources
are assigned processes to manage them. A process which wishes to read a record from a
tape, for example, does this indirectly by communicating with the process which manages
the tape. This approach merges the resource allocation problem into the process
management problem, facilitating a unified approach to each. In this environment, the
interprocess communication mechanisms become a predominant factor and can mean the
difference between success and failure.

Each DEMOS processor must maintain its autonomy. It can rely on no other processor for
its own fundamental activities. Therefore each processor will have its own kernel system
to support its basic machine interfaces. For example, processor scheduling is an
independent activity on each processor. That process of highest priority will be allocated
the processor whenever it becomes available. Note that the mechanism for setting priority
need not (and probably will not) be a kernel function. In fact priorities may be determined
by a process on another machine, or even a person external to the system. It is not the
policy of setting task priority which is important here, but the management of processor
time in accordance with a priority scheme. Memory management is a similar function.
Each processor must bear the responsibility of maintaining in its main memory that set of
information to which it needs quickest access. Many schemes have been suggested for
memory management, but some form of segmented virtual memory with appropriate
hardware assist (i.e. address mapping) seems particularly well suited to DEMOS. This
point will be discussed more later; the important point is the locality of the function.
Interrupt handling also must be done by each processor. Usually all three of these items:
processor scheduling, memory management, and interrupt handling, are highly



interdependent. Each processor must contain a kernel system which performs each of these
bare, essential functions. Note that the kernel’s primary function is to enable the processor
to decide what to do next at a microscopic level.

Certainly the scope of services provided by DEMOS must be far more extensive than
those discussed so far. Each processor must also support the interprocess communication
by which we achieve virtualization of process residency. When a process sends a message
to another process, that message is routed from the originating process to that processor’s
resident communications system. A list of resident processes is checked and if the
destination process is resident on the same processor, message transmission can be
facilitated easily by software. If, on the other hand, the destination process name is not
found in the list, then the message must be sent into the communications network for
routing to the appropriate processor.

Resource allocation is a non-trivial problem which is currently stimulating substantial
research. The question is, of course, how does one processor, confronted with a process’s
resource requirements (which may be dynamic) evaluate which processor (at that moment)
can best provide the desired service.

Protection is fundamental to any system. User processes must be protected from each
other, and the operating system itself should be impenetrable. The most successful
protection mechanisms suggested to date make it physically impossible for one process to
gain access to unauthorized areas. This is accomplished by mapping a process’s logical
addresses into the memory’s physical addresses. The appropriate mapping tables are
inaccessible to the user, and generate address faults if the user attempts an unauthorized
memory access. This form of protection can be implemented on a segmented or paged
virtual memory. A complete discussion of protection is beyond the scope of this paper, and
of course, protection itself extends beyond merely memory protection. One must also
consider file access, and access to “privileged” instructions, for example. The interested
reader is referred to [17] for an excellent discussion of protection.

Process synchronization and interlocking is another mechanism a distributed computing
operating system must provide. These mechanisms can be implemented through the
interprocess communication facilities, but are greatly facilitated by machine instructions
such as the S/360 test and set (TS) which interrogates a bit, can change its status, and
return an indication of its status all in one memory cycle. This type of instruction can be
used to preclude two processes from inadvertently gaining access to a critical region of
code concurrently. It is generally advisable to express any process interdependencies
explicitly via appropriate synchronization primitives, thereby removing time dependencies.
This becomes especially critical in a distributed environment where a divergent class of
processors may be represented.



 The overall integrity of a DEMOS cluster is the responsibility of each component
processor. This is to say that each processor should be very suspicious of the other
processors. Perhaps each one maintains an active process which tests remaining portions
of the cluster. If two processors (say) both conclude that a third is malfunctioning, they
may initiate a recovery procedure which reconfigures the cluster, removing the suspect
processor and attempting to restart on another processor those processes on the failing
machine. The malfunction could then be logged and the system operator notified of the
contingency.

Support of a wide range of input/output devices has been a longstanding operating system
function, and so it is in DEMOS. I/O support is generally provided through “access
methods” which on one end present to the user a reasonably intuitive set of commands
(e.g. OPEN, READ, WRITE, CLOSE) and on the other end cater to the idiosyncracies of
a particular device. These routines are generally invoked through subroutine CALL or
program-generated interrupt to the operating system. A DEMOS process could expect to
invoke an access method through the interprocess communication facilities, since in
general the process itself and the I/O units it may be using need not be on the same
processor. Through the communication facilities, the physical location of I/O devices is
made transparent to the user.

Data management services in DEMOS are constructed to serve a hierarchy of storage
devices. At upper levels of the hierarchy one finds high speed, low capacity media (e.g.
main memory); as one moves down the hierarchy, capacity increases as speed decreases.
A typical hierarchy might put drum storage under main memory, then moving-head disks,
then tape. What is important is that a user need not be aware of the physical device on
which his data resides. The level of activity experienced by a unit of data influences at
what level in the hierarchy that data is stored. Highly active data is kept near the top,
where it may be accessed quickly. As data ages and is used less, it migrates to lower
levels, until it reaches the lowest level of offline storage. From the user’s point of view, all
data is accessible as if it were online. The access time he experiences, however, will
increase markedly relative to the depth in the hierarchy at which his data resides.

DEMOS Communications   The prime element of the interprocess communication
mechanism is the network of communication lines and Class C processor which
interconnects the Class A and B processors. To be effective, the Class C processor should
accept as much of the communications burden as possible. Traffic between a host (A or B)
and a communications processor (CP, Class C) should be limited to only communication
which is of actual concern to the host. Therefore, messages addressed to processes not
resident on the host should never reach the host. In addition, communication time from
origin to destination should be minimized, and the overall success of the communication
network should not depend on every CP functioning normally.



To achieve the first objective, i.e. shielding a host from superfluous messages, a CP must
be aware of its host’s activities. This could be facilitated, for example, through a list
maintained by the CP of those entities resident on its host which are accessible to the
network. Such a list could contain the names of processes currently resident on the host,
and might include file names. Messages directed to these processes and requests for these
files could be routed by the CP to the host. When a new process is started, the host would
send its name to the CP for entry into the store, and when a process terminates or migrates
to another processor, its name would be removed from the CP’s store.

The topology of the network and the “intelligence” of the CP’s must be matched in such a
way that either a message will successfully reach its destination, or the originator will be
notified of the failure. An acceptable topology may be very simple. A communication line
could run from each processor to its immediate neighbors, for example, forming a “ring.”
A multipath topology ultimately promises more reliable direct communication with higher
net bandwidth, but at higher communication cost and increased complexity of the CP., In
the limit, the topology of the CP network could form a fully connected graph. In addition
to being expensive, this approach makes growth very awkward, for each CP must be
modified to accept a path to the new CP. Therefore one must design the CP in such a way
that it provides an acceptable communications bandwidth, while maintaining needed
flexibility to add or delete CP’s from the network. Store-and-forward forms of
communication should not be relied upon unless adequate fault detection mechanisms are
present to detect a failing CP.

DEMOS System Architecture   Having considered some basic aspects of DEMOS, let us
now consider how a mission operations support environment may look. The basic
component in DEMOS has been identified as the cluster. A cluster can be functionally
tuned to perform a specific class of activities very well. It is therefore proposed that the
computational activities of mission operations support be partitioned into classes, the
elements of each class being functionally related and highly interdependent. Each of these
classes would then be assigned to a cluster. Such an organization would be designed to
focus data flow within the cluster. Interaction within each cluster would be deliberately
high, while intercluster activity would be lower. Figure 2 illustrates such an environment.

Orbit operations, and attitude and maneuvers have been assigned separate clusters not
because of a difference in function, but more from level of activity considerations. Each of
these requires sufficient computational power to justify individual clusters. The Network
Resource Scheduling Cluster, however, is functionally very different. Raw computer
power is not as important as a highly interactive facility to monitor tracking network
activity and respond to real-time tracking site requirements. The fourth proposed cluster
specializes in data management and interfacing DEMOS to the outside world (e.g. the
interface to the communications network linking DEMOS with Goddard’s other operations



groups). Most human interfaces (e.g. terminal devices) will be supported by the Support
Cluster.

Perhaps the most important function of the Support Cluster is data management. All data
going into and out of DEMOS goes through the Support Cluster. This localization of
control over data is essential to ensure proper accounting for and the overall integrity of
data. This cluster manages the primary data bases and the data archive for DEMOS. Any
data worth saving, be it programs or data, is stored in this cluster. The data requirements of
the other clusters are satisfied by sending them copies of the data they desire, and data
they generate which is to be saved is returned to the Support Cluster. Clusters other than
the Support Cluster need not overly burden themselves with elaborate provisions to
manage data storage. Data may be discarded at will by them to free up needed storage
space, since another copy of that data is guaranteed to reside in the Support Cluster.

Communications between clusters is supported in precisely the same way as
communications within a cluster. Class B processors will typically host two Class C
communications processors: one for intracluster communications, and one for intercluster
communications. Clearly a hierarchical structure for communications is emerging. One can
visualize this as a tree (Figure 3).

Processors within the same cluster comprise the leaves of the tree, and their
communication can be effected very rapidly through the first level of the hierarchy.
Intercluster communication forms the next level of the tree, allowing any DEMOS
processor access to any other DEMOS processor, albeit at greater cost if the processors
reside in different clusters. The Goddard computer communications network is tvte third
level (going up) in the hierarchy, providing communication between DEMOS and other
Goddard facilities. The fourth envisioned level would link all Goddard facilities with other
networks (e.g. ARPANET). This level could potentially provide research scientists on an
international scale access to experimental data in a much timelier fashion than is now
provided (through the postal service, for example).

DEMOS Pragmatics   In proposing any new system, certain realities must be recognized
and addressed. First, present day operations are performed on several large scale S/360
systems. These systems provide not only operations support, but also general purpose
computing for the Goddard community as a whole. How can they be incorporated into
DEMOS? One solution may be to modify the S/360 operating system slightly to enable the
360’s to simulate a true DEMOS site. The feasibility of this approach has been
demonstrated by the University of Maryland in integrating their Univac machines into the
Distributed Computer Network. By adopting this approach in DEMOS, both sophisticated
general purpose facilities of the S/360 machines and their high performance processing
power become available to DEMOS users. At the same time, non-DEMOS users can



continue to use the 360’s as they always have, oblivious of the machines’ role in a
distributed computing environment.

The next point to be addressed is the type of processor ideally suited to being a DEMOS
Class A or B processor. The economies of the minicomputer industry certainly make these
machines an inviting choice. The recent announcement of 32-bit architecture in top-of-the-
line models makes the prospects even more appealing. Careful attention must be given to
the specific architecture of these machines, however, such as the addressing structure
employed. Availability of support software (e.g. compilers, utilities), or rather the lack of
same, is also a point of concern. A minicomputer user today must be prepared to work in a
rather austere environment, largely lacking the software facilities taken for granted on the
large-scale systems. One who is willing to commit to a substantial development effort,
however, will potentially enjoy a system which can evolve with the user, growing to meet
new requirements incrementally without the trauma of periodic total system replacements.

Conclusions   In this paper an alternative to conventional large scale third generation
computer system architecture has been discussed. It has been shown that distribution of
resources and control results in increased reliability and exhibits potential for incremental
growth. Through functional specialization a distributed system may be tuned to very
specific operational requirements. Such an approach allows one an alternative to selecting
a computer system on the basis of the most complex function he needs to perform, at the
cost of mediocre performance overall. As technology advances and requirements change, a
distributed facility can evolve gradually.

As this approach is yet young, many open problems still exist. The type of operating
system to be designed, and the algorithms to be employed are largely unanswered
questions. Communications technology is just entering an era where the sophisticated
communications of a distributed environment are realized and economically feasible.

Despite the substantial development necessary to realize DEMOS, the benefits which can
be expected to accrue make that development worthwhile. The feasibility of distributed
computing as a concept has been demonstrated in numerous research projects. Technology
is now to the point where one can seriously propose application systems based on these
concepts. Without a doubt in the near future many systems such as DEMOS will in fact be
proposed, designed, and implemented.
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USE OF TSE COMPUTERS ABOARD SPACECRAFT

DAVID H. SCHAEFER
NASA-Goddard Space Flight Center

Summary.   The Goddard Space Flight Center has undertaken a program to develop
improved methods of handling two-dimensional data. From this, the concept of a new
family of computers known as “tse computers,” has evolved. These computers utilize
entire binary images as their basic computational entity. This is in contrast to conventional
computers that utilize a bit as their basic computational entity. Because of their ability to
perform thousands of operations simultaneously, they have the potential of operating
orders of magnitude faster than conventional computers. They are ideally suited for
spacecraft onboard image processing tasks.

The Goddard Space Flight Center is developing a new type of computer that will perform
many thousands of operations simultaneously. Because of their parallelism, these
computers have an intrinsic speed advantage of many thousands over their conventional
counterparts. This type of computer is known as a “tse computer.” Logical components are
under development that will perform 16,000 logical operations at one time. The
components are NOT, NAND, and NOR devices. Such tse devices accept a 128 x 128
element binary image as an input, and provide an output in the same form. All operations
are carried out in parallel. No type of scanning is involved. Fiber optic hardware that is
being developed provides for fan in, fan out, and tranferring of the binary images.

Along with the actual computation devices, components for analog to digital converters
that perform 16,000 conversions in parallel are also being developed.

The natural place to use these massively parallel computers is at the location where a
“real” image is sensed, such as aboard a spacecraft. Here the input image is, by its very
nature, in a parallel form. Therefore, all elements of the image can be sensed
simultaneously, analog to digital conversion can be performed on all these elements
simultaneously, and computation performed on all elements simultaneously. One of the
early uses of the components may be for photon counting of very dim star fields. Because
of the parallelism of tse components, photons emanating from many stars within the field
of view can be counted simultaneously.

Tse computers can, of course, be utilized on the ground to digest the data sent through
ultra high speed communication systems. Here, however, the input has to be reformatted



back into a parallel form before advantage can be taken of the parallelism of the tse
system.

Delivery of first generation components is anticipated during 1975. Tse systems capable of
performing involved image processing tasks should be available by the mid 1980’s.

Reference: “Tse Computers,” Schaefer, D. H., and Strong, J. P., GSFC X-943-75-14.
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REPLACING UNENCODED PCM/PSK WITH
CONVOLUTIONAL ENCODED PCM/PSK

THOMAS M. LoCASALE
Vice President
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Fort Washington, Pennsylvania

Summary.   Rate 1/2 constraint length 7 convolutionally encoded PCM/QPSK techniques
offer significant Bit Error Probability versus Signal to Noise Performance improvements
compared to unencoded PCM/BPSK and yet require no increase in system bandwidth and
little increase in hardware cost. This applications oriented paper explains the effects on
those factors which determine realistic coded modem degradation e.g.: PSK carrier and
PCM bit synchronization, phase ambiguity, and coding gain in the presence of noise, jitter,
transition density, and offset and gain variations. Measured performance is presented, and
pitfalls are identified which can lead to misinterpretation of empirical data.

Introduction.   Although it has been known for decades that PCM/PSK is the optimum
digital modulation technique, only recently has it approached the familiarity of PCM/FM.
The deep space probes with heavy noise and the need for wider link error margin
demanded a changeover to PCM/PSK with its 3 db advantage in bit error probability
versus signal to noise ratio. The insure the success of these early uncoded PCM/PSK links,
PSK Demodulators and PCM Bit Synchronizers were developed providing Eb/No
synchronization thresholds to 0 db peak signal to RMS noise. Of course, matched filter bit
error probability at 0 db approaches one error in ten and at +2 db is still only 3 errors per
hundred bits. In classical engineering leap-frog style, the desire to use this ability to sink
and detect “in the mud” spawned the need for practical Forward Error Encoding. One of
the most useful hardware implementations was the Viterbi Decoder. This convolutional
technique not only improved the heavy noise bit error probability by an order of magnitude
but; in the meantime, when applied to lighter noise systems, for example +6 db Eb/No,
achieved 3 orders of magnitude improvement in error probability. Mediocre 10-3 type
channels were transformed to highly reliable 10-6 error probability data communications
channels. The price is often an increase in required channel bandwidth. However, if the
original uncoded system were PCM/BPSK, converting to PCM/QPSK along with Rate 1/2
convolutional encoding provides the same error improvement with no increase in system
bandwidth. Understandably, system designers have shown an increased interest in
PCM/BPSK and convolutional encoded PCM/QPSK. To clarify some of their most



frequent questions, this paper discusses the fundamentals of BPSK/QPSK modulation and
how applying convolutional encoding/decoding affects systems considerations such as
bandwidth, Signal to Noise threshold and Bit Error Probability and carrier and bit clock
stability. It includes the something for nothing by-products and the skeletons in the closet.
Since this is an applications oriented paper, the summary consists of test results using off
the shelf hardware. The published manuscript contains some test results gathered in early
1975. The presented paper will contain more current and extensive test data.

Fundamentals of BPSK and QPSK.   BPSK can be explained referring to the modulation
techniques and waveforms of Figures 1 and 2. In Figure 1, a PSK (±90E) modulated
waveform results from multiplying a carrier by a PCM signal. If the PCM is NRZ-L the
resultant modulation is usually called BPSK or somtimes PSK. In BPSK one of the carrier
states represents a binary one and the other state is a binary zero. Unfortunately, since the
absolute phase reference of the carrier is unknown at the demodulator, the reconstructed
PCM signal can be either the original NRZ-L or its compliment. This phase ambiguity can
be removed by using a frame synchronizer with automatic polarity correction (APC) but
the more common solution is to use Differential Phase Shift Keying (DPSK). DPSK results
when the multiplying PCM signal is NRZ-M (or NRZ-S) Code. The binary 1 (or 0 for
NRZ-L) is determined by a change of state. In DPSK there is no phase ambiguity;
however, in an unencoded system, DPSK suffers from the inherent doublet error
associated with mark and space codes. The errors always occur in pairs. For uncoded
systems this contributes as little as a few tenths DB degradation at Eb/No of 10 db or as
much as 2 db degradation at 0 db.

Figure 2 shows the spectrum of BPSK whether PSK or DPSK. This spectrum is identical
to Double Sideband Suppressed Carrier AM (DSB-SC). No energy is wasted in
transmitting carrier. The absence of carrier accounts for the demodulator’s phase
ambiguity when DPSK is not used. The entire spectrum of the NRZ waveform is present
on each side of the suppressed carrier (SC). The absence of carrier accounts for the
demodulator’s phase ambiguity. In synchronous demodulation, the phase lock loop uses
the information in the side bands to reestablish the carrier frequency and phase. Any
imperfection in amplitude or phase between the upper and lower sidebands will cause a
phase error and or jitter in local rederived reference clock. Reference 1 shows how the
double sideband suppressed carrier structure permits the use of linear multipliers and
premodulation baseband filtering for bandpass spectrum control. Similarly the multiplying
waveforms could have been other PCM codes instead of NRZ-L, M or S with their
inherent bandwidth reflected in the sidebands.

QPSK can be explained by referring to Figures 2 and 3. In Figure 3 the original PCM bit
stream used in the BPSK channel is applied to a serial to parallel converter which provides
two half-rate symbol streams: channel M and channel N. Each of these half-rate symbol



streams multiplies a separate quadrature carrier providing its own channel M or channel N
half-rate BPSK signal. When these two quadrature BPSK channels are linearly summed
together the result is one QPSK channel. Since channels M and N are BPSK channels
formed by half-rate symbol streams, each channel has the same spectral shape as the
BPSK in Figure 2 but half the bandwidth. Furthermore, since channels M and N are
quadrature channels, their linear summation occupies the same spectral bandwidth as
either of them individually. For a given bit rate the net QPSK spectrum has the same shape
as the BPSK spectrum but requires only one half of the bandwidth. As explained further in
Reference 2, the quadrature relationship between channels M and N means that the noise
is uncorrelated between M and N. The detected symbol streams have their symbol error
probability referenced to signal to noise ratio in the symbol noise bandwidth. Each symbol
stream can be detected independently with its own detector matched to the symbol rate
and the associated symbol bandwidth requirement. Another way of explaining this is:
although the energy in each quadrature stream is half the total, the matched filter time
duration is twice as long as the bit rate. The channel M detector will provide X errors per
M total symbols. Likewise, the channel N detector will provide Y errors per N total
symbols. Of course, statistically X and Y are equal. When the M and N symbol stream are
recombined (parallel to the serial conversion) to arrive at the original PCM bit rate, the net
error probability will be (X + Y) errors per (M + N) symbols. Since X and Y are equal and
M and N are equal, the final bit error probability is the same as the symbol error
probabilities. Therefore, the final bit error probability is the same as the BPSK case and it
was accomplished in one half the bandwidth. Of course all of the above assumes perfect
carrier demodulation. As discussed below, a given phase error in the demodulator’s
regenerated carrier will degrade symbol or bit error probability more for QPSK than
BPSK. Another minor disadvantage of QPSK over BPSK is that QPSK introduces
quadrature channel ambiguity, i. e. , when the M and N channels are demodulated, M and
N can be interchanged. Differential phase encoding (DQPSK) eliminates the ambiguities
but again causes doublet errors.

Choice of Rate One-Half Constraint Length 7 Convolutional Encoding.   In space
communications where noise tends to be Gaussian, one of the most useful decoding
algorithms is Viterbi Decoding of convolutional codes. The introduction of hardware
decoders for this algorithm not only freed computer time but has made real time decoding
at megabit and higher bit rates practical. The theory and implementation of convolutional
codes has been covered in References 3 and 4. Only the available performance will be
described here.

Three factors determine the coding gain realized by the convolutional codes. The
constraint length (the number of encoding shift registers), the Rate (the ratio of uncoded
bits to coded symbols) and quantizing levels (use of soft or hard bit decisions). The coding
gain increases as constraint length and number of quantizing levels increases and as rate



decreases. Unfortunately the system complexity grows almost exponentially with
constraint length and hardware decoders have tentatively settled on constraint lengths of 7
as a practical compromise (from here on this paper will assume constraint length 7 unless
noted). Choice of rate is primarily dictated by available system bandwidth. Since the
number of symbols transmitted increases directly as the rate fraction decreases, the
bandwidth requirements follow accordingly.

The third factor affecting coding gain is the Quantization (Q) or detection supplied by the
PCM Bit Synchronizer. In uncoded systems the optimum bit detector is a matched filtered
detector which simply operates (usually integrates) on the signal plus noise during the bit
interval and makes a “Hard” binary decision whether the net result is closer to the 0 or the
1 level. In this case Q equals two. Hard bit detection weighs all decisions equally
regardless of how marginal the decision is to the threshold of the matched filter output at
decision time. Soft decision schemes, Q $ 4, apply an A/D converter to the matched filter
output so that multiples thresholds are presented to the decoder. Each bit decision
therefore is tagged with its own confidence level and therefore the decoder can select
which bits are most likely in error thereby correcting more effeciently and providing higher
coding gain. Typically Q = 8 provides a 2 db improvement over Q = 2 and about 0.5 db
improvement over Q = 4. Since Viterbi decoding picks up less than 0.5 db more from
Q = 8 to infinity, Q = 8 has been the most common quantization. Table 1 is reproduced
from the Linkabit LV series brochure. This performance, with less than 1 db degradation,
has been experimentally verified at 1.024 Mbps using a Model 335 PCM Bit Synchronizer
with Q = 8 and a Linkabit LV7026 Encoder/Decoder.

Convolution Encoded PCM/BPSK and QPSK.   Convolution codes work well with
BPSK or QPSK because they can be made transparent to the 180E phase ambiguity
discussed previously. They do not depend on the use of differential coding. Note however
the subtle difference between “transparent to data inversion” and “correcting for data
inversion”. Transparent means it will correct errors equally well when the received
encoded data is normal or inverted from the original encoded data. The decoder does not
remove the inversion. If the received data is inverted the decoded corrected data will also
be inverted. If other equipments can not tolerate data polarity ambiguity, differential
encoding must be used just as for the uncoded systems. Even in this event, a proper
convolutional code results in additional performance improvements. In DPSK mode
(DBPSK or DQPSK), convolution systems exhibit less than one tenth db degradation
rather than the three tenths db or more for uncoded systems.

The substantial coding gain of Rate 1/2, coupled with the bandwidth savings of QPSK
makes an excellent marriage. If Rate 1/2 encoding is added to a previously uncoded BPSK
link, the required bandwidth doubles. However, if that same link is then converted to
QPSK, the QPSK bandwidth reduction restores the original bandwidth. The coding can be



implemented with no change in channel assignment or receiver IF bandwidth. Since QPSK
does not degrade error probability from BPSK, the full coding gain is obtained. Assuming
access to the complete modem is possible, the shift from uncoded PCM/BPSK to Rate 1/2
coding and QPSK modulation contributes very little hardware complexity. Figure 4 is a
block diagram of a complete uncoded PCM/BPSK modem. Figure 5 is a block diagram of
a Rate 1/2 coded QPSK modem. The difference in modem cost depends on bit rate range
and whether single bit rate, or multiple bit rate. But typically the added cost is between 5
to 20K.

Another important by-product of the switch to Rate 1/2 convolutional encoded QPSK is: if
the QPSK phase states are properly chosen the decoder will automatically resolve the M
and N channel ambiguity without the need for special sequences.

Test Results and Applications Pitfalls.   As shown in Figure 5, the error correcting
modem consists of three distinct but interrelated functions: the Modulator/ Demodulator,
the PCM Bit Synchronizer/Detector and the Encoder/Decoder. It is obvious that the total
Bit Error Probability performance is determined by the algebraic sum of the gains or losses
of each section. However, when all effects are considered, the results are not so obvious.

The first surprise is the severe demands placed on the PCM Bit Synchronizer and PSK
Demodulator threshold performance at low error rates resulting from the realizable coding
gain. As in Table 1, an uncoded system realizing a 10-6 Bit Error Probability operates at
Eb/No approximately 10.5 db (actually 12 db if 1.5 db degradation is allowed for the
modem). Rate 1/2 encoding can provide a net coding gain of 5.3 db. The modem will then
provide a 10-6 channel at Eb/No = 6.7 db. Superficially, this prompts the erroneous
conclusion that the demod and bit sync are operating at an effective 6.7 db. What is
overlooked is that the net coding gain equals the gross coding gain minus the coding loss
resulting from the increased symbol rate after encoding. For example, for Rate 1/2, the
symbol rate is twice the bit rate and the coding loss is 3 db. (For Rate 1/3, the bandwidth
is tripled and the loss is about 4.8 db). To achieve the net coding gain of 5.3 db the total
coding gain is 8.3 db to make up for the 3 db coding loss. This reflects itself in the modem
operating level. The demodulator and bit synchronizer know nothing about coding. They
see only the symbol bandwidth and rate. They are operating on Es/No, which due to the
coding loss, is 3 db worse than Eb/No. The modem is really operating at Es/No of 3.7 db.
The test setup in Figure 6 was used to generate the bit synchronizer performance data in
Table 2. For a jitter free but noisy signal, a well-designed modem will synchronize and
degrade little to 0 db. But its a taste of “Future Shock” to contemplate how quickly we
have gone from a 10-6 system operating at Eb/No = 12 db to a 10-6 system operating at
Es/No = 3.7 db. Its more disturbing when we consider the presence of bit or symbol rate
clock jitter on the incoming signals as shown in Table 2. Under test conditions B through
H, the unit will not be able to handle the baseband jitter plus noise at Es/No of 3.7 db. Had



we ignored the coding loss effect we may have concluded that we could handle the jitter
with at least 0.7 db margin to spare. Incidentally, Tests I, J, K, L, and M for transition
density are irrelevant for coded systems because the coding introduces randomness to the
data and eliminates low transition densities.

Similarly the phase demodulator is effected by the change of Es/No. The test setup of
Figure 7 was used to obtain the data on Demodulator Degradation versus SNR shown in
Table 3. The demodulator degradation must be added to the synchronizer’s expected
Es/No to determine the modem input Es/No required to meet the desired error rate. It
should be noted that the data was taken using a standard demodulator with a stock phase
lock loop bandwidth of 1% of the symbol rate. The test data can be improved by 3 db for
every octave reduction in loop bandwidth since its the signal to noise in the loop which
causes the degradation. Likewise for QPSK, similar results to Table 4 result if the QPSK
bandwidth is one octave narrower than the respective BPSK bandwidth.

Failure to consider that the demodulator operates on an incoming Es/No of 3.7 db (plus
modem degradation) rather than Eb/No of 6.7 db would lead to 0.2 db over-optimism in
expected modem performance.

The above coding gain considerations are dramatically summarized in Figure 8 which
shows the Bit Error Probability versus Eb/No theoretical performance for coded and
uncoded QPSK/BPSK link. Note how much steeper the slope of the coded curve is than
the uncoded curve. Therefore a given amount of modem SNR degradation causes a much
larger change in the number of bit errors in coded links as shown in Table 4. A 0.7 db
additional degradation in performance increases the errors by 50% in an uncoded modem
but by ten to one in a coded system.

Conclusions.   This paper described the ideal relationships for a class of convolutional
encoded PSK links. It also identified pitfalls to avoid when applying these techniques.
Measured test results were used to substantiate the critical effects of degradation in
modem signal to noise performance. As published here, this paper presents test results and
conclusions obtained using Demodulators/Bit Synchronizers in tandem and Bit
Synchronizers/Viterbi Decoders in tandem which were available off the shelf in late 1974.
The presented version of this paper will contain more extensive test results obtained from a
completely integrated modem; i.e., a BPSK/QPS modem with modulator, demodulator, bit
synchronizer and Viterbi decoder integrated within one design to provide less than 1.5 db
degradation from the coded error probability curves with the noise measured at the modem
input thereby simplifying the system designer’s problem.
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TABLE 1

BEP for Q = 2 & 8 for Rate = 1/2
Constraint Length = 7 Viterbi Encoding/Decoding

BIT
ERROR
RATE

Eb /No, (db) *

With Soft
Qty. Q = 8

With Hard
Qty. Q = 2

Theory
Alone

10-2

10-3

10-4

10-5

10-6

2.0
3.0
3.8
4.5
5.2

3.6
4.7
5.7
6.5
7.2

 4.2
 6.8
 8.4
 9.6
10.5

*For practical modem degradation add 1.5 db total
to all table values to include degradation through
the demodulator plus symbol detection.



TABLE 2
Model 335/336 Performance

TABLE 3
Measured Demodulation SNR Degradation

Symbol
Rate

SNR
(Es/No)

SNR
Degradation Carrier

200 Kbps +3
+4
+5
+6

.71

.56

.53

.5

600 kHz

50 Kbps +3
+4
+5
+6

.7

.58

.54

.5

600 kHz

Note:  Data = NRZ-L, Modulation BPSK



TABLE 4
Effects of Modem Bit Error Probability Degradation

Eb/No

Modem
Allowed

Degradation
BEP

Uncoded Link

BEP
Coded

(R=1/2, CL=7)

5.5 db
5.5 db
5.5 db
5.5 db

1.0
1.3
1.5
1.7

0.8 x 10-2
   1 x 10-2
1.2 x 10-2
1.3 x 10-2

1 x 10-5
3 x 10-5
4 x 10-5
1 x 10-4

Figure 2. Spectrum of PSK Modulated
by Random NRZ

Figure 1.  BPSK/DPSK Modulation

Figure 3. Forming a QPSK Channel



Figure 4. Uncoded PCM/BPSK Modem

Figure 5. A Rate ½ Convolutional Coded QPSK Modem

Figure 6. Bit Synchronizer Tester



Figure 7. Measuring PSK Demodulator BEP Degradation

Figure 8. Theoretical Modem Performance
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PHASE-COHERENT DUAL-FREQUENCY LINK FOR HIGH-
PRECISION DOPPLER TRACKING ON THE

APOLLO-SOYUZ MISSION1

A.C. BERG, J.J. STIFFLER AND D.G. YOUNG
Equipment Division

Raytheon Co.

Summary.   During the Apollo-Soyuz Test Project, a phase-coherent dual-frequency VHF
link was scheduled to be established between the Docking Module and the Apollo
Command Service Module. The purpose of the radio link was to enable measurements of
the relative Doppler between the two modules to an accuracy of the order of one
milliHertz. These measurements will be used to detect mass concentrations in the earth’s
crust of the order of 10 milligal and greater. The transmitter has a high stability master
oscillator common to both channels. The receiver has a local oscillator with identical
stability characteristics; its two channels employ phase-lock loops. The receiver is
followed by a Doppler processor and tape recorder to extract and encode the desired
gravity field information. This paper describes the instrumentation system concept and its
implementation. It also contains an error budget for the deterioration of the Doppler
accuracy due to various instrumental and propagation effects.

Introduction.   The first joint USA-USSR space venture, the Apollo Soyuz Test Project,
was scheduled to take place during the summer of 1975. One of the experiments to be
performed in conjunction with this project, the Doppler Tracking Experiment, had as its
purpose the measurement of anomalies in the earth’s gravitation field at horizontal
wavelengths ranging from 100 to 1000 kilometers.

The Doppler Tracking Experiment was scheduled to begin after the Apollo and Soyuz
were separated and the Apollo had jettisoned the Docking Module that provided the link
between them. The Apollo Command Service Module (CSM) and the Docking Module
(DM) were to remain in coplanar orbits 221 km above the earth’s surface for
approximately 24 hours with the distance between them gradually increasing to 1000 km.
The experiment was to be conducted during this period by measuring the relative velocity
between the two modules. A mass concentration (mascon) or density discontinuity in the
earth’s crust first accelerates an approaching spacecraft and then decelerates it after the
vehicle has passed by (if the mascon is less dense than its surroundings, the initial



acceleration will, of course, be negative). Since the DM precedes the CSM in orbit, it
experiences this perturbation before the CSM does. As a consequence, the velocity
between them first increases (for higher density mascons), then decreases as the DM
passes over the mascon, and then once again increases back to its original value as the
CSM leaves the mascon behind. The resulting S-shaped “signature” obtained after data
analysis will be of considerable help in understanding the distribution of mass in the
earth’s crust.

The change in velocity between the two modules may be measured by transmitting a highly
stable radio-frequency signal from the DM and observing the frequency of the signal
received at the CSM. Actually, two frequencies are transmitted, one at 324 MHz and the
other at 162 MHz. This is done so that the relative shift between the two frequencies can
be used to estimate, and hence compensate for, frequency perturbations due to the
ionosphere, an effect which would otherwise seriously limit the sensitivity of the
experiment. Since it is desired to resolve relative accelerations as small as 10 milligals
during any one 10-second observation period, the difference in frequency between the
transmitted 324 MHz signal and that received at the CSM must be established within a few
milliHertz. The measurement of the frequency shift between the two received signals must
be correspondingly accurate in order to estimate ionospheric effects with sufficient
precision. The following sections describe the instrumentation developed to provide this
accuracy.

System Description.   The transmitter, located on the DM, consists of a highly stable
crystal oscillator, frequency multipliers, amplifiers, and a diplexer to combine the two
frequencies for transmission from a single antenna. The CSM receiver has an identical
oscillator which provides the reference needed to establish the Doppler shifts in the two
signals received via a single antenna. The two transmitted frequencies are each tracked by
a phase-locked loop, heterodyned down to a 1 kHz center frequency, and sent to a
Doppler processor unit. All local frequencies used in the heterodyning process are derived
from the crystal oscillator in order to maintain the desired accuracy. The basic functions of
the Doppler processor unit are to locate in each of the two 1 kHz signals two positive-
going zero-crossings separated by approximately 10 seconds, to determine to the nearest
microsecond the time at which these zero crossings occur, and to count the number of
other positive-going zero-crossings separating the two thus identified. New measurements
are made over each consecutive 10-second interval, coded and stored in a buffer memory.
After 73 such measurements have been made, the resulting “frame” is recorded on two
tape recorders for later processing.

Implementation.   The transmitter includes an oscillator, frequency multiplier, and
battery, all mounted on a base plate as shown in Figure 1. During the oscillator warmup
mode, the transmitter is powered from spacecraft power; during the operational phase it is



powered from the silver zinc battery. The transmitter oscillator is mounted in a cylindrical
enclosure. Its frequency is nominally 5.06 MHz. Its stability of 1.5 pp 1012 over both 10
and 100 second intervals is accomplished through many design techniques, including
making the crystal oscillator nearly insensitive to changes in its environment. Here,
“environment” includes the following: pressure, temperature, orientation, supply voltage,
and output load. A single multiplier chain multiplies, amplifies, and filters the oscillator
output, and drives a power divider. One of the power divider outputs drives the 162 MHz
input of a diplexer. The other power divider output is frequency-doubled and used to feed
the other diplexer input. The diplexer provides input isolation and filtering. At least
100 mw of output power is delivered to the dual frequency antenna at each of the two
frequencies.

The receiver provides the processor with a TTL-compatible Doppler output for each input
frequency. These outputs retain the frequency and phase variations of the 162 and 324
MHz inputs through the use of second order phase-locked loops. The receiver outputs are,
in effect, bandpass filtered and constant-amplitude replicas of the input signals, translated
from 162 MHz and 324 MHz to 1 kHz. The 1 kHz center frequencies at the Doppler
processor inputs were chosen as a compromise between the desire for high accuracy(and
hence a low frequency) and the need to avoid the ambiguity that might result were the
Doppler to shift this frequency negatively by more than 1 kHz. Since the maximum
anticipated Doppler shift is of the order of 350 Hz, this choice of center frequency left an
adequate margin without significantly degrading the attainable -measurement accuracies.



A simplified block diagram of the receiver is shown in Figure 2. An important feature of
the design is that each phase-locked loop contains internally all narrowband and automatic
gain controlled stages which could otherwise produce receiver-induced phase variations.

TO/FROM DOPPLER PROCESSOR

FIGURE 2. -RECEIVER BLOCK DIAGRAM (SIMPLIFIED)

The receiver is powered from an internal supply. Its dc-to-dc converter, regulators, and
filter circuitry supply all the receiver (and tape recorder) operating voltages. Less than 50
watts is drawn from spacecraft power.

An oscillator identical to the one used in the transmitter (except for frequency) provides
the reference frequency input to the synthesizer and the timing reference for the Doppler
processor. The synthesizer provides all local oscillator injections and phase detector
references. The synthesizer’s output frequencies are all phase coherent with the 5.0 MHz
reference. They are derived through frequency multiplication and division; bandpass filters
are used where required to obtain outputs of sufficient spectral purity.



The preamplifier and mixer provide a front end with a noise figure of less than 8 dB and
over 60 dB of first i-f image rejection. A diplexer at the input, like the one in the
transmitter, splits the single input from the dual frequency antenna into two channels.

For each channel, at least 60 dB of second i-f image rejection is achieved by means of a
crystal filter at the i-f phase detector module input. The first i-f includes two automatic
gain-controlled stages. The second i-f consists of four active filters with amplitude limiting
at each stage. This i-f is followed by sine and cosine phase detectors and filters. The sine
phase detector is used to develop the loop filter voltage that is fed to the voltage-controlled
oscillator (VCO). The cosine phase detector provides both the agc voltage for the first i-f
and a lock/out-of-lock signal to the Doppler processor.

The processor responds to an out-of-lock signal by supplying the phase detector module
with two signals. One of these changes the phaselocked loop bandwidth from 5 Hz to
100 Hz. The other injects a sweeping voltage into the loop, which in turn sweeps the VCO
frequency over ±5 kHz at 324 MHz or ±2.5 kHz at 162 MHz. The differences between
these sweeps and the expected Doppler shifts allow for changes in the VCOs’ control
voltage to frequency transfer characteristics. When lock is acquired, the signal voltages
change state, the sweeping voltage is removed, and the loop bandwidth is restored to 5 Hz.

The VCO module output which is fed to the first mixer is derived by multiplying and
filtering the output of a voltage-controlled crystal oscillator, whose nominal frequency is
22.5 MHz. This oscillator requires much of the same design care as is applied to the
5 MHz oscillator, in order not to add excessive phase jitter to the 1 kHz output which is
fed to the processor. The latter output is derived by mixing the multiplied VCO output with
a reference frequency from the synthesizer.

The transmit and receive antennas are both dual frequency units. The transmit antenna is a
vertical monopole which acts as a quarterwave antenna on both 162 MHz and 324 MHz.
At 324 MHz, an inductor near the midpoint of the antenna isolates the top section from the
bottom while at 162 MHz, the inductor acts as a small loading coil. The receive antenna is
a strip line conformal type, covering 42" x 42" of the CSM exterior. The receive antenna
uses tuned stubs to couple portions of the antenna together at 162 MHz and to isolate the
sections at 324 MHz.

Table 1 shows a link analysis for the system, taking into account the pertinent parameters
of the equipment described above.



TABLE 1
LINK ANALYSIS

Transmitter power -10.0 dBW

Total antenna gain (average) +1.0 dB

Antenna polarization losses,* -3.0 dB

Total feedline loss -2.5 dB

Path losses (350 km separation):
324 MHz
162 MHz

-134. 5 dB
-128. 5 dB

Equivalent noise at receiver input (tracking filter bandwidth  = 5 Hz,
noise figure  = dB)

-189.0 dBW

Signal-to-noise ratios
324 MHz
162 MHz

40.0 dB
46.0 dB

*These losses are due to the fact that the transmit antenna is linearly polarized and the
receive circularly polarized.

The primary function of the Doppler processor is to process the receive Doppler frequency
information and record this processed data using two tape recorders contained in the CSM.
The Doppler processor extracts the desired information by counting the number of
positive-going zero-crossings observed in these signals over precisely measured time
intervals (see Figure 3 below).

Figure 3.  Doppler Processor Averaging Interval

A ten-second counter identifies the time instants to, t2, = to + 9.996 s, to' = to + 10 s, t '2 = 2t +
10 s, etc. The points t1 and t3 are determined by the first positive-going zero-crossing
occurring after times to and t2 respectively. (Note that while to and t2 are common to both 



channels, there are two t1’s and two t 3’s, one of each associated with each of the two
channels.) For each channel, an associated vernier up/down counter is enable at time t and
counts the number of 1-microsecond clock pulses observed before it is disabled at time t1. 
It is again enabled at at time t2, this time in the down-count mode, and down counts the
number of clock pulses in the interval (t2, t3). At the same time, the zero crossing counters
count the number of positive-going zero-crossings in the interval (to, t2) for each channel.
These time counts and zero crossing counts constitute the raw data associated with the
observation interval in question. The counters are reset and the whole process begins anew
at time to'.

The average frequency f̂ observed during a processor cycle can be determined from these
tape-recorded data by dividing the number Z of zero-crossings by the observation time
(i.e:, f̂ = Z/(9.996 -ªt), with ªt being the contents of the verier counter). The zero-crossing
counters and vernier counters are 15 and 13 bits wide, respectively. This assures the
unambiguous measurement of any Doppler frequency shift not exceeding ±750 Hz.

The following secondary functions are also performed by the Doppler processor:

• monitor lock/out-of-lock signals from the receiver to initiate a lock aquisition sequence
and process out-of-lock data into a unique format which can be detected during
subsequent data reduction.



• supply high-channel phase lock status information to telemetry and to astronauts via a
panel meter.

• supply frame number to telemetry.
• perform analog to digital conversion of the pitch, roll, and yaw gyro inputs to provide

information on the CSM maneuvers.
• generate seven parity bits to protect against substitution and synchronization errors.

The high channel phase lock status information allows spacecraft maneuvers to be ordered
in order to regain high channel lock,if required. If the high frequency channel is locked, the
low frequency channel has a high probability of being locked because of its higher signal-
to-noise ratio. The telemetered frame number allows the tape recorded data to be
correlated with the position of the CSM/DM pair relative to the earth. Similarly, the
pitch,roll and yaw information enables the effect of CSM maneuvers on the Doppler shift
to be compensated for in data reduction.

A random access memory, shift registers, a frame counter, and microprogrammed
controller are used to format the following information every 10 seconds: number of zero
crossings for low frequency and high frequency channels, ªt values for low and high
channels, pitch, roll, and yaw values, and parity. This information constitutes a data word;
after 73 words are stored as a frame, the frame number is appended, and the data is serially
transferred to the tape recorders at a 972 Hz bit rate through a biphase encoder.
Approximately 5.2 seconds of recording is required per frame.

Receiver Mechanical Design.   The receiver is mounted on cold rails in the CSM. Its
envelope dimensions are 8.32H x 12.75L x 10.00W and it weighs less than sixteen lbs.
The receiver is packaged in two housings as shown in Figure 3. The upper housing
contains the VCOs and phase detectors. The lower housing contains the power supply,
preamplifier, mixer, frequency synthesizer and Doppler processor. Attached to the lower
housing is the crystal oscillator.

The use of two housings allows convenient access to the printed wiring assemblies for
troubleshooting or repair. Each housing serves three ways: a basic structure and thermal
path for the circuit assembly, a chassis for mounting circuit boards and parts, and shielding
for protection against electromagnetic interference. Each housing is precision machined
from solid stock to achieve the close tolerances required for rf shielding, mating fit, and
structural integrity. In addition, a soft aluminum gasket is used to insure rf joint integrity.
Material for the housing is 6061-T6 aluminum alloy. This allows for relatively high stress
levels, good thermal conduction, and flexibility in fabrication. Interconnection between the
circuit boards within a housing is accomplished by hard wiring and interconnection
between housings is by means of external connectors and cabling.



The rf portion of the receiver is packaged on two-sided printed wiring boards. Each board
is mounted to the housing at its perimeter and center. This assures good thermal paths as
well as proper support during launchboost and pyro shock so that large displacements are
eliminated. The entire Doppler processor is implemented on two multilayer printed circuit
boards mounted back-to-back on a metal plate. One multilayer board contains 5 layers and
the other 4 layers. Approximately 170 integrated circuits are contained on the two boards.

Error Budget.   The accuracy with which the two frequencies can be determined at the
receiver is limited by two major factors: instrumentation errors and errors due to multipath
propagation. This section deals with the magnitudes of these errors. Table 2 lists the
estimated rms values of the various errors resulting from limitations in the Doppler
Tracking Experiment instrumentation as well as propagation.

TABLE2
ERROR SUMMARY

RMS ERROR AT 1000 Hz
SOURCE MEASUREMENT FREQUENCY

(a)  Equipment Phase Stability Error Negligible
(b)  Frequency Measurement Error 0. 04 mHz
(c)  Oscillator Instabilities 0. 69 mHz
(d)  Phase-Locked Loop Error 0. 45 mHz
(e)  Total Doppler Measurement Error 0. 84 mHz
(f)  Total Differential Doppler Error 0. 66 mHz
(g)  Multipath Propagation Errors 2.7 mHz

The factors which determine the errors are described.below. The equipment phase stability
errors (a) are caused by variations in signal amplitude and temperature. Based on
measurements of typical solid state amplifiers and the expected rate of temperature change,
these errors are expected to be negligible (less than 0.001 mHz). Frequency Measurement
error (b) is based on inaccuracies in the Doppler processor unit in estimating the average
frequency over a nominal 10 second interval. While the number of positive going zero-
crossings is an integer, the intervals t1 -to and t3 -t2 (see fig. 3) are each determined to
within 1 microsecond. Oscillator instability error (c) is based on the use of receiver and
transmitter oscillators having frequency stabilities of 1.5 pp 1012 over a 10-second interval.
The phase locked loop error (d) is based on loop bandwidths of 5 Hz and signal-to-noise
ratios of 40 dB at 324 MHz and 46 dB at 162 MHz, as well as an allowance for VCO
instabilities of a factor of two in the tracking error variances. It turns out that since the
lower frequency is in effect doubled in the receiver before Doppler processing, its phase
variance is quadrupled, compensating for the 6 dB difference in signal-to-noise ratios. The



phase locked loop error is the same for either 324 or 162 MHz. The total Doppler
measurement error (e) is determined by e = (b2 + c2 + d2 1/2 . Total differential Doppler (f)
is determined by f = (b2 + d2 1//2) (2)1/2 . This error is not affected by the oscillator
instabilities since the receiver and transmitter oscillators are common to both channels.

The expected multipath propagation errors (g) are based on loop signal-to-noise ratios in
the order of 40 dB and a ratio of 15 dB between the signal levels of the direct and reflected
paths. 10 dB is due to the difference in antenna gain experienced by the direct and
reflected paths, and the remaining 5 dB accounts for the ground reflection losses and the
increased path length.

Conclusions.   The preceding sections have described the instrumentation to be used
during the Apollo-Soyuz mission to measure anomalies of the order of 10 milligals and
larger in the earth’s gravitational field. The technique for measuring these anomalies
depends on the ability to determine precisely the frequencies of each of the two signals
received over the dual-frequency link between the Docking Module and the Command
Service Module. Theoretical analyses were made of the various potential sources of error
in these frequency estimations. It was concluded that the major sources of error are, in
order of severity, multipath propagation, oscillator instabilities, and phase-locked loop
tracking errors, with the first of these by far the most significant.



MULTIMISSION SPACECRAFT DATAPLEXER

RAFAEL COSME AND DONALD LOKERSON
NASA, Goddard Space Flight Center

Summary.   A low power, small size, building block type of central data system has been
designed for use in a number of explorer type missions. The Data Multiplexing Unit was
designed to satisfy a wide range of requirements among the several spacecraft. The
resulting design includes preprogrammed Read Only Memories (ROM’s) to generate the
telemetry format tailored to the particular mission requirements. The relatively small size
and low weight and power dissipation attained was largely due to the use of PMOS
technology. The addition of sub-commutators in groups adequate to meet the particular
spacecraft requirements allows low data rate experiments to be time multiplexed into a
single main input channel for a more efficient data collection and processing operation.

Introduction.   A typical data management system is shown in Figure 1. It consists of a
Data Multiplexing Unit (DMU), including one or more sub-commutators, one or more
scientific instruments and related electronics, spacecraft housekeeping instrumentation,
command receiver/decoder, a transmitter, and, in some missions, an On-Board Computer
(OBC). The DMU, acting as the central multiplexing unit, receives commands via the
command receiver/decoder to set up its mode of operation. It generates synchronization
pulses to the experiments and in turn samples the experiment lines according to a pre-
selected format. The data handling unit can feed data to the OBC and in turn receive
requests from the OBC for specific data, and finally it converts all the data into a form
suitable for transmission to earth.

The purpose of this article is to describe this data multiplexing unit, also designated as the
Dataplexer, which has been designed for the International Ultraviolet Explorer (IUE), the
International Sun-Earth Explorer (ISEE) and probably will be used on other small
spacecraft presently in the study phase. The Dataplexer was designed to satisfy a wide
variety of requirements among several spacecraft. The resulting design includes
preprogrammed Read only Memories (ROM’s) tailored to the particular mission
requirement. Figure 2 represents the basic telemetry format generated by the Dataplexer. It
consists of a minor frame of 128 eight bit words where words 60 thru 63 are dedicated to
Dataplexer parameters such as spacecraft clock, command register status, memory read
out and frame counter. Words 123 thru 127 are dedicated to frame sync and coding read
out. Other required or desirable features of the dataplexer as listed in Figure 3.



Figure 4 represents an artists conception of the IUE data multiplexing unit. In consists of
redundant Dataplexers, Subplexers, and power converters. The complete unit is 13 inches
by 6 inches by 8 inches in size, weighs approximately 16.5 pounds and dissipates
approximately 2.5 watts. The relatively small size and low power dissipation numbers
attained are due largely to the use of PMOS large scale integrated circuits. All the PMOS
devices used were designed at Goddard primarily for the DMU.

Figure 5 represents a block diagram of the Dataplexer. The crystal clock drives fixed rate
and telemetry rate count downs. The variable format memory register (VAM) and the
ROM’s for fixed format operation drive the digital and analog input commutators, the
analog to digital converter and sync pulse generator. The A/D output, digital data or status
bit register serial data are fed into the input register and then to the convolver and channel
coder. The command input register is a 16 bit shift register designed to receive data either
serially or in parallel from the ground or the OBC via the command decoder. The data
received is held in the register until the beginning of a minor frame when the information is
transferred to a control register causing the Dataplexer to switch to the new mode
determined by the bit configuration related to format, selection, sample rate, and multiplex
ratio. These items will be discussed in more detail later. One important feature of the
command register is that it can be pre-programmed during dataplexer fabrication to cause
the system to start at a preselected mode when power is first turned on. The spacecraft
clock consists of a Pierce crystal oscillator running at approximately 640 KC followed by a
countdown chain that divides down to approximately one cycle every seventy-nine days.
The highest frequency expected on IUE is 160 KC. The input sample rate is variable from
160 KC down to 1.25 KC by selecting one of eight binary outputs from the main clock
through an eight bit commutator. The telemetry bit rate can be further reduced by selecting
one of eight binary outputs from the sample rate countdown. This latter operation is called
the OBC/TM multiplex ratio. Thus, the Dataplexer is capable of operating from 80 KBS of
information down to 16 BPS. Some important features of the spacecraft clock are: it can
be reset by ground command, it can be slaved to an external or redundant clock, and it can
slave an external or redundant unit continuously every half second when telemetry rates
are changed by ground command. The sample rate mentioned earlier is the rate at which
experiment data is accepted by the Dataplexer. The multiplex ratio determines the number
of samples selected for use by the OBC versus the number of samples selected for direct
transmission to ground. The telemetry bit rate is the rate at which the data is telemetered
and its period is equal to or longer than the sample rate depending on the multiplex ratio.
For example: data telemetered at 40 KBS, 1:1 ratio means that the data is sampled at
80 KBS; one sample is fed to the OBC while the next sample is telemetered at 40 KBS.
Thus one telemetry word is read out two sample words.

The Dataplexer uses six PMOS fixed ROM’s of 1024 bits organized in 128 words of eight
bits each which are pre-programmed during chip fabrication. In addition to the fixed



ROM’s the Dataplexer contains two 128 word by 8 bit storage registers designated as
VAM’s which can be programmed by ground command and perform the same functions as
the fixed ROM’s. Four of the fixed ROM’s and one of the VAM’s are dedicated to the
telemetry formats. The remaining two of the ROM formats and one VAM are dedicated to
the OBC formats. The outputs of all the devices mentioned above are connected to a
common address bus which addresses the input and output commutators. There is a
computer direct address interface connected to the bus to allow the OBC to directly
address the bus when desired normally only during the computer time. The formats that are
to be operating at a given time are selected by ground command. It should be pointed out
that only one of the VAM’s can be used while the other is available for reloading by
ground command. Since the Dataplexer will be used in several missions requiring a variety
of formats the mechanical layout was designed such that the ROM’s can be replaced or
installed with minimum effort even after the Dataplexer has been fabricated and tested.

The Dataplexer accepts three types of inputs: (1) digital, 8 bit serial, (2) analog, 0 to +5.1
volt, and (3) bi-level single bit flags. The IUE complement of building blocks consists of a
32 input analog multiplexer, 16 output analog word gate commutator, 32 input digital
multiplexer, 32 output shift clock multiplexer, and 32 output digital word gate multiplexer.
Each digital input has a corresponding shift clock and word gate. Each even numbered
analog input has a corresponding word gate. The word gates can be enabled or disabled
depending on the users requirements. The address present at the address bus determines
the input and corresponding output control signals as follows: bits 1 thru 5 select one of 32
lines, bit 6 selects between digital or analog, bit 7 determines if a word gate is present or
absent and bit 8 is not used to control the commutators. However, bit 8 is used for indirect
addressing in the fixed ROM’s and for parity checking in the VAM’s. Some desirable
options available in the commutator are: 16 of 32 analog lines can be wired to operate as a
subcommutator where the lines are sequentially addressed a minimum of once per minor
frame; any of the 32 analog inputs can be wired to drive thermistor sensors by supplying a
reference voltage through an internal voltage divider network that connects to the
thermistor. The experiment input/ output interface includes a number of timing signals
available to the users and a 24 bit parallel input register to accept housekeeping single bit
flags. The data stored in the parallel input register is telemetered during words 60 thru 63
once every four minor frames.

Analog data sampled by the commutator is fed to an eight bit, 0 to +5.1 volts, successive
approximation analog-to-digital converter. The conversion rate can be one of two rates:
maximum clock rate of 160 KC to minimize the effect of noise, or equal to the sample rate
which has the advantage that if degradation due to radiation limits the frequency of
operation, the conversion rate can be reduced with the sample rate to minimize the
possibility of errors. This option must be selected prior to final Dataplexer fabrication. The
resolution of the A/D converter can be refined further by taking the remainder voltage after



the last comparison is made. The residual voltage is amplified and fed back into the A/D
converter through another input channel, for a high resolution additional conversion of the
data. The digital output of the A/D converter is fed to a shift register where it is time
multiplexed with the incoming digital data and the fixed words which are inserted in the
format at the non-programmable time. It is important to note that no experiment data
should be sampled during words 60 thru 63 as it will be overriden by housekeeping data.
All output of the register is serially shifted to the OBC. In addition, during telemetry times
only, it is parallel transferred to another register where it is shifted, at the telemetry bit
rate, to the coder.

Several methods of coding are available in the Dataplexer: (1) Error detection (Block), (2)
Error detection and correction (Convolutional), and (3) Coherent subcarrier. In the Block
code mode, a 16 bit hamming code word is read out preceeding the sync word at the end
of every minor frame. Bit error detection can be performed with minimum impact on
information data bandwidth. In the convolutional code mode, the coder generates two bits
of code for each bit of data. As a result the output bit rate is twice the value of the
information bit rate. The parity bit is transmitted first followed by the complement of
another parity. Proper sequential decoding of the code bits results in an improvement in bit
error rate equivalent to at least a 5 db increase in transmitter power. In the coherent
subcarrier mode, when a bit rate below 1024 BPS is selected the output will automatically
switch to a 1024 cycles per second coherent subcarrier. This mode is used to enable the
ground stations to keep lock on the sideband data without carrier interference. The method
of coding is selected by ground command except in the case of the coherent subcarrier
option which can be automatic or wired in during assembly. All the data regardless of
coding is fed to the split phase generator where it is converted to split phase PCM and fed
to the transmitter.

The DMU was designed to accommodate any number of subplexers (illustrated in
Figure 6). The digital subp1exer consists of two subcommutators. The analog portion has
32 inputs which like the Dataplexer can be wired for thermistor inputs. The digital portion
has 32 inputs and in addition has 32 shift outputs and 32 word gate outputs. Each
commutator is controlled independently. The analog subplexer consists of two 64 input
commutators which can be operated independently or as one 128 input commutator. The
option is wired in during assembly. The subplexer outputs are connected to the Dataplexer
inputs in the same way as any experiment. Control signals such as word gates and shift
clocks are also connected to the Dataplexer in the same manner. Other timing signals are
received from the buffered sync outputs of the Dataplexer. As mentioned earlier each
subplexer consists of two independent subcommutators. Each subcommutator can be
addressed as in the case of the Dataplexer by the telemetry format during telemetry time,
the OBC format during computer time, or directly by the computer during computer time.
The control circuit for each subcommutator consists of two separate counters. The parallel



outputs of the counters are connected to the inputs of a ROM where the address is
selected. The output of the ROM is connected to the address bus. As in the case of the
Dataplexer, the address present on the address bus determines the input line to be selected.

Figure 7A illustrates the experiment input interfaces. The zener diode and resistor network
are used for protection from transients or accidental shorting to a high positive voltage
which would prevent proper commutator operation. Figure 7B illustrates the experiment
output interfaces. The output diode is used to allow for more than one output to be
connected together and to prevent any positive voltages from feeding back into the
commutator and causing crosstalk between the lines. Figure 7C illustrates the buffered
timing signal interfaces available to the users. Figure 8 illustrates the types of redundancy
built into the Dataplexer to reduce harness and reduce weight when only partially
redundant systems are in the spacecraft.

The Dataplexer just described has its speed limitations where its maximum operating input
shift rate is believed to be approximately 160 KC. Future developments include the design
of an identical Dataplexer using CMOS technology and synchronous counters. It is
anticipated that this will improve speed substantially.

1.  Typical Data Management for Small Spacecraft
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THE GEOSTATIONARY OPERATIONAL ENVIRONMENTAL
SATELLITE /GOES/ IMAGING COMMUNICATION SYSTEM

W.L. BAKER AND J. SAVIDES
Aeronutronic Ford Corporation

Palo Alto, California

Summary.   The SMS/GOES Satellite obtains day and night weather information from
synchronous geostationary orbit by means of (a) earth imaging, (b) collection of
environmental data from ground based sensors, platforms, and (c) monitoring of the space
environment.

SMS-1 and SMS-2 have been in orbit for 17 months and 8 months respectively and are
presently taking full earth disc images in the visible and infrared every 30 minutes. SMS-1
is positioned to cover the eastern portion of the United States while SMS-2 is positioned to
cover the western portion.

This paper provides a general overview of the imaging communication portions of the
SMS/GOES, related to the image data encoding and transmission as well as the method of
the data time multiplexing and the manner in which the scan line to line synchronization is
achieved.

Introduction.   The Geostationary Operational Environmental Satellite (GOES) is the
operational version of the Synchronous Meteorlogical Satellite (SMS), and provides for
improved weather prediction, environmental sensing and timely warning of hazardous
environmental conditions.

This paper provides a general overview of the imaging communications portions of the
GOES. Figure 1 shows the SMS/GOES. The first SMS (SMS-1) was launched on May 17,
1974 and the second SMS (SMS-2) was launched on February 6, 1975. At this time we
have accumulated some 25 months of operational experience. After the initial checkout of
these satellites by NASA the SMS satellites were turned over to the National
Oceanographic and Atmospheric Administration (NOAA). SMS-1 was utilized to support
the Global Atmospheric Research Program, Atlantic Tropical Experiment (GATE) during
June 1974. Subsequent to the GATE SMS-1 was positioned at 75E west longitude. SMS-2
was positioned at 115E west longitude. Both SMS-1 and SMS-2 have been providing 



Figure 1 SMS/GOES

imaging data (full earth disc) every 30 minutes since operation has been turned over to
NOAA.

SMS-C/GOES A will be launched in October 1975.

General System Description.   The GOES is a spin stabilized satellite with nominal spin
rate of 100 RPM (spin period = 600 milliseconds). This allows the use of a visible and
infrared spin scan radiometer (VISSR) in which the west to east scanning is accomplished
by the spinning of the satellite while the north-south scan is accomplished by stepping a
mirror within the VISSR optics. This VISSR data is digitized, encoded and transmitted as
shown in Figure 2 to the Control and Data Acquisition (CDA) station at Wallops Island,
Virginia. At the CDA the VISSR data is buffered, stretched in time and anotated with
gridding data and identification data and then retransmitted to the GOES for transponding
to the National Environmental Satellite Services (NESS) at Suitland, Maryland and other
users.

The transponding of the stretched data via the GOES is performed in a time multiplex
manner. As shown in Figure 3 the VISSR data is transmitted to the CDA at a 28 Mbps
data rate, during the 30 ms that the VISSR views the earth. During this 30 ms earth in view
period the GOES transponder is squelched off. In the remaining 570 ms of the GOES spin
period the VISSR output is squelched and the transponder squelch is removed enabling the
transponding of the stretched VISSR data in a serial format at a 1.75 Mbps data rate. The
offset in time of visual and IR channels relative to the VISSR data transmission is due to
the transport time to the CDA and return to the GOES. The stretched VISSR (SVISSR)
data is then retransmitted to the NESS Central Facilities (World Weather Building) at 



Figure 2  The GOES Imaging Communications System

Figure 3  VISSR/SVISSR Transmission Timing

Camp Springs, Maryland. Within the World Weather Watch Building the imaging data is
processed for analysis and wind derivation. In addition, the imaging data is “sectorized”
into 13 sections of 0.5 nmi resolution which cover the contiguous 48 states, and the
Caribbean area. This sectorized data is transmitted to the regional satellite field service
stations (SFSS) which in turn provides analysis of the imaging data as well as relaying the
sectorized data to the various local weather service forecast offices (WSFO) for their
analysis and interpretation.



In addition to the imaging data, both a real time sun sync pulse and a digital sync word
(with the VISSR data) are transmitted to the CDA for synchronization of the SVISSR
transmission to the satellite spin rate and for the line to line synchronization of the visual
and IR channels.

GOES Segment.   Figure 4 shows the satellite imaging sensor configuration. There are 8
visual channels in the 0.55 micron to 0.75 micron spectrum and two redundant IR channels
in the 10.5 micron to 12.6 micron spectrum. As shown in Figure 4 the west to east
scanning is obtained by the spinning of the satellite and north-south is obtained by stepping
the scan mirror in 0.192 mr steps after each earth in view time. 1821 scan mirror steps
provides a 20 degrees north-south scan. The subsatellite resolution for the sensors are
0.5 nmi for the visual and 5 nmi for the IR.

Figure 4  Imaging Sensor Configuration



Figure 5 shows a simplified functional block diagram of the GOES VISSR data
transmission equipment. The 8 visual and 2 IR analog output signals of the VISSR (0 to
5v) are fed to the VISSR digital multiplexer (VDM). Each signal is then passed through
pre-sampling filters, sampled and then converted to digital data. The visual and IR
channels are sampled at a 500KHz and 125KHz rate respectively. A linear analog to
digital (A/D) converter is used to convert the IR channel to 8 bit digital words.

Figure 5 Simplified Functional Block Diagram of the GOES Segment

A linear A/D converter could have been utilized for the visual channels, however, this
would have resulted in a 37.5 Mbps transmission rate. To reduce the transmission rate a
6 bit nonlinear A/D converter was utilized. The nonlinear transfer function was selected to
match the noise characteristics of the photo multipliers used in the VISSR. The photo
multipli output noise increases in proportion to the square of the output signal.(1)

The serial data stream is then differentially encoded into two 14 Mbps data streams each
of which biphase modulates two carriers which are added in phase quadrature. The
quadraphase (QPSK) modulated signal is then upconverted to 1681.6 MHz, amplified and
transmitted to the CDA via the GOES electronically despun antenna (EDA). During the
VISSR data transmission period, which is during the 30 ms earth in view period, the
output of the receiver is squelched off to eliminate interference with the VISSR data.
During the remaining portion of the spin period (570 ms) the VISSR Digital Multiplexer 



(VDM) is powered off, the QPSK modulator output is squelched and the squelch is
removed from the receiver allowing transponding of the SVISSR data.

Both housekeeping telemetry data and a real time (RT) sun pulse are transmitted to the
CDA. The primary interest in telemetry is the transmission of the RT sun pulse which
consists of a 70KHz stable oscillator whose output is gated “on” by a 100 microsecond
sun sync pulse. The 70KHz sun sync pulse is phase modulated upon the telemetry carrier
for transmission to the CDA for synchronization of the CDA timing.

Figure 6 shows the data format for the transmission of the VISSR data as well as the
timing sequence for operation. At -19.6E, relative to the subsatellite earth center position,
the VDM power is turned on. VDM turn on prior to data transmission allows time for gain
stabilization of the VDM. At -11.5E, a 2 ms preamble, which consists of alternate ones and
zeros, is transmitted to provide for carrier acquisition and bit sync of the CDA QPSK
demodulator. At -9.8E a decom sync is provided to the VDM for the scan line start of the
data transmission. The first 56 bits of each scan line consists of a 16 bit scan sync word, a
12 bit line scan identification (VISSR mirror position) and the 8 LSB’s of a 23 bit digital
sun pulse. The remaining 20 bits are transmitted as alternate ones and zeros. The visual
and IR data is transmitted during the rest of the scan line transmission period as shown. At
+9.8E the VDM power is turned off for the end of transmission. During the next earth in
view period the cycle is repeated.

Figure 6  Data Format for VISSR Transmission



The GOES Control and Data Acquisition (CDA) Segment.   Figure 7 shows a
simplified block diagram of the CDA. The 28 Mbps VISSR data and the telemetry data is
received via a 60 foot parabolic antenna and then down converted to a 70 MHz
intermediate frequency. The QPSK VISSR data is demodulated and demultiplexed to
provide an 8 bit parallel transfer of each IR word or 6 bit parallel transfer of each visual
word to the buffer storage of the synchronizer/data buffer (SD/B). In addition, a scan sync
timing pulse, bit clock, IR data strobe and a visual data strobe is also provided to the
S/DB. The telemetry is demodulated with the real time sun pulse also being provided to
the SD/B.

Figure 7  Simplified Block Diagram of CDA Segment

When the data from one scan line (30 ms) is stored, the output controller will commence
clocking out line by line at a slower rate; the total time to transmit the data being
approximately 540 ms (60 ms available for each visual and one IR line). Of the 60 ms
available for each line, the first 7.5 ms is utilized for line, bit and word synchronization as
well as providing documentation information such as time of day, day, year, operating
mode, resolution, etc., while the remaining 52.5 ms is devoted to the imaging data. Thus
each line will be stretched by a factor of 52.5/30 = 1.75 which reduces the SVISSR
transmission rate to 1.75 Mbps maximum (500ksps/l.75) x 6 bits/s. The SVISSR data is
bi-phase modulated upon a 2029. 1 MHz carrier and transmitted to the GOES for
transponding to the NESS.

Spin Rate and Line to Line Synchronization.   The primary requirement for timing is to
provide for line to line synchronization within about 1/10 of a picture element. A picture
element is 25,FRAD (0.5 nmi) at geosynchronous altitudes. The line to line
synchronization requirement is then about 0.25 microseconds for a satellite spin period of
600 ms. To achieve this synchronization, the GOES utilizes both an analog and a digital
timing system related to the satellite/sun position.



The analog timing is achieved by gating the output of 70 KHz crystal oscillator “on”
during the sun pulse period. This analog sun pulse is transmitted to the CDA and utilized in
a digital phase lock loop to obtain course timing. Satellite spin rate variations are tracked
out utilizing the analog sun pulse tracking. The timing jitter for the course synchronization
is on the order of 2 to 3 sec for typical on-orbit operation.

Fine synchronization is obtained by the utilizing the digital timing data. From Figure 8 it is
seen that the GOES utilizes a 23 bit counter to provide a count between the sun pulse and
the decom sync (start of data transmission). The 23 bit counter provides a 1.5,Frad (6% of
picture element) timing resolution. The 8 LSB are inserted into the VISSR data stream and
transmitted to the CDA.

Figure 8  Timing and Synchronization System



The S/DB generates a digital sun pulse in the same manner as the satellite. That is, a 23 bit
counter is started by the analog sun pulse received from the satellite and stopped by the
decom sync decoded from the VISSR data. The 8 LSB are compared with the decoded
digital sun pulse and the associated error is computed and utilized to fine adjust the CDA
clock. This approach minimizes the effect of long term drift of the satellite oscillator.

The timing is now synchronized to less than 1/10 of a picture element relative to the
satellite/sun position. In as much as the satellite/sun position changes as a function of time,
an offset angle is computed from the known sun/earth/satellite geometry, each satellite
rotation. This offset angle is utilized to correct for the start of scan line.

The SMS imaging system has been performing for some 25 months with overall bit rate
performance of better than one error per one million bits.
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A TELEMETRY LINK FOR AN EARTH PENETRATOR

THURLOW W.H. CAFFEY
Sandia Laboratories
Albuquerque, NM

Summary.   The design and field-testing of a telemetry link to send signals to the surface
of the earth from an earth penetrator are described. The link uses a PCM/FM format at a
frequency of 10.5 kHz, dissipates 8 watts, and fits within a cylinder with an inside
diameter of 100 mm. A bit error rate of less than 10-5 was achieved from a depth of 52
meters at a bit rate of 103 bits per second.

Introduction.   Interest in a variety of geologic and volcanic parameters near the surface
of the earth such an soil moisture, conductivity, and temperature has generated a need for
the implantation of probes to depths of 50 meters. Such probes are typically fired from a
gun pointing vertically downward, and often the measurement of the deceleration load
upon the vehicle and the monitoring of some internal functioning parts is required.
Previous attempts to provide this information have taken the following three forms:

1. Recover the penetrator and extract the contents of an on-board memory. This method
is expensive at best, and some penetrators have been abandoned at depths of less than
50 meters with a total lose of information.

2. Deploy a fine wire from the penetrator to the surface. This method had to be
abandoned for impact velocities above 300 m/s due to breakage of the wire.

3. Drill a hole parallel to the intended descent path and emplace a receiving system for
lateral transmission through the soil from a 220-MHz telemetry system within the
vehicle. The cost of hole-drilling, together with the fact that a penetrator does not
necessarily either descend or come to rest vertically, discourages this approach.

The method described in this report is that of transmission between two vertical magnetic
coils, one upon the rear of the penetrator and the other upon the surface of the ground
offset from the descent path. This article first describes the choice of transmission scheme
based upon considerations of signal-to-noise ratio. The design and results of a typical field
experiment are presented. Further details of the work summarized here are available [1] as



is the description of another approach to the penetrator telemetry problem due to Galbraith
[2].

Choice of Transmission Scheme.   Because the earth is a conducting medium, a source of
atmospheric noise generates a wave which propagates, at a large distance from the source,
with a predominately vertical polarization and which is slightly tilted in the direction of
propagation. A shielded receiving coil is required to eliminate the effect of the two E-field
components, and the coil axis should be perpendicular to the surface of the earth in order
to eliminate the effect of the H-field noise. The receiver noise is thus set, neglecting man-
made sources of noise, to the thermal noise level of the antenna-preamplifier combination.

The vertical orientation of the receiving coil would permit its use with the vertical H-field
component from a buried coil with either a horizontal or vertical orientation. The vertical
H-field from the buried vertical coil is much stronger than that for buried horizontal coil, so
that transmission between two vertical coils emerges as the best choice.

In the formula for the induced voltage, the transmitting coil is assumed to be buried a
distance z = -h below the origin of a cylindrical coordinate system located at the air/earth
interface with the coil axis along the z-axis. It is also assumed that displacement currents
are negligible with respect to conduction currents in the earth. The formula for the voltage
induced in a receiving coil located near or upon the surface of a semi-infinite,
homogeneous earth is due to Wait [3] and given below:

(1)

In Equation (1) the symbols have these meanings:

V =  voltage induced in a vertical coil by vertical H-field
N = number of coil turns
A = cross-sectional area of a coil turn, m2

r,t = subscripts to denote receiving or transmitting coil
I = current in rms amperes
z = height of the center of the receiving coil above the surface, m
h = depth of the center of the transmitting coil beneath the surface, m
D = radial distance in a horizontal plane between the centers of the two coils, m
x = h times the separation constant, 8, of Bessel’s equation of order zero which

results from solving the wave equation with azimuthal symmetry
µo = permeability of free space, Hy/m



T = angular frequency, rad/sec
J0 = Bessel function of the first kind of order zero.

The terms outside the integral in Equation (1) describe the voltage induced in a coil whose
axis coincides with that of the source coil located an axial distance h away in free space.
The integral is the modification of the free space field due to both the semi-infinite
conducting earth and the radial offset. The system design is based upon the formula for a
homogeneous earth, and the choice of the parameters (D,z,F,T) in indicated below.

Choice of Design Parameters.   The soil conductivity, F, varies over a considerable range
of values and because it is difficult to measure F at every possible test site, it was desirable
to find a value of F which would conservatively apply to most locations in the continental
United States. A detailed conductivity map of the U. S. prepared by the FCC from data
supplied over the years from radio station licencees is available but is too large to include
here [4]. The major area of highest conductivity is the central third of the U. S., and the
major area of lowest conductivity roughly corresponds with the Appalachian mountain
range. Keller and Frischnecht [5] have also compiled a conductivity map based on the rate
of decay in field strength from about 7000 radio broadcast stations. Their map agrees with
the main features of the FCC map, but there are many differences in detail. The accuracy
in either map is limited by the fact that the relatively few observation sites were
determined by the commercial aspects of siting commercial broadcast transmitters rather
than by a requirement to provide a national conductivity map. Figure 1 is a distribution
curve adopted from [5] which shows that a design value of 100 mmhos/meter should be a
conservative choice since all of the data suggest that it should seldom be exceeded.

Because of the shielding and orientation of the receiving coil, the noise level is set by
thermal processes within the receiving system so that the maximum signal-to-noise ratio as
a function of frequency will occur at the frequency for which Eq.(1) is a maximum.
Choosing D = 10 m, h = 50 m, and z = 0.25 m results in Figure 2 which shows a broad
relative maximum near 8500 Hz. A frequency of 10 500 Hz, a standard IRIG frequency,
was chosen because of the availability of hardware. The reduction in received voltage due
to this choice is less than 1 dB. Figure 3 shows the effect upon the induced voltage as each
of the parameters D, h, and F are separately varied with respect to the design values which
are marked with a dot on each curve.

Coil Designs.   Examination of Equation (1) shows that it only remains to choose the
quantities (NA)r and (NAI)t. It is preferable to make (NA)r as large as possible to reduce
(NAI)t. The receiver coil was finally sized so that it could be readily transported between
the wheel wells of a station wagon or 1.18 meters square. The coil consists of 6 square
planes, 109 centimeters on a side, each of which supports 40 turns of 24SF wire wound in
a basketweave pattern to reduce capacitance between turns. A 6-millimeter spacer was



used between planes, and between the end planes and the slotted shield. The inductance
and resistance between each side of the balanced assembly and the output common was
50.3 mHy and 320 ohms measured at 10 500 Hz. The (NA)r was 239 square meters and
the weight of the coil, including the 6-mm thick aluminum shield, was 63.5 kg.

The choice of (NAI)t was based upon both the receiver noise and the desired quality of
transmission, namely a bit error rate of 10-4. The IF bandwidth was established as 1600 Hz
due to the availability of IRIG ±7½% discriminators, and the anticipated maximum bit rate
was 1000 bits per second. The product of the IF bandwidth and bit period was 1.6 so that
the required SNR in the IF became 20 dB [6]. The receiver noise in the IF bandwidth,
including the effect of the antenna impedance upon the preamplifier noise contribution,
was 290 nV so that a minimum signal of 2.9 µV was required. The use of this value and
(NA)r = 239m2 in Eq.(1) leads to a (NAI)t of 0.57 amp-m2. The possibility of winding the
coil within a narrow groove upon the outside of the penetrator was prohibited by structural
considerations, so that an aft-protruding coil was required. The transmitting coil van
wound with 126 turns of 23SF wire on a 93-mm diameter cylinder, and was driven with
1.0 ampere rms from a Class-D amplifier [7] to provide a (NAI)t of 0.86 amp-m2.

A Typical Experiment.   The experiment described here was performed at Edgewood,
New Mexico, and the observed transmission quality is typical of other experiments
performed at six widely scattered sites in the western U. S. and Canada. At each site a
vertical hole was drilled and then cased with 150-mm rigid PVC tubing which was plugged
at the bottom. The finished depth for this experiment was 52.3 meters.

The soil conductivity was measured using a right-angle array [8] at a frequency of 150 Hz.
The apparent conductivity, as measured with two arrays rotated 90 degrees with respect to
each other, is shown in Figure 4. The curves lie close to each other which shows that the
conductivity was independent of azimuth angle. The peak in the conductivity curve
suggests three layers with the middle layer having a relatively large conductivity. A lengthy
analysis of the data led to these estimated values of the soil conductivities and interface
depths: cF1 = 24, F2 = 165, F3 = 46 mmhos/m, and d1 = 9.1, d2 = 49.4 meters.

As a preliminary to conducting the PCM/FM bit error tests, a cw transmitter was lowered
to the bottom of the hole in small incremental spacings to check the signal level. The
results of such a test together with computed values using a 3-layer earth model are shown
in Figure 5. The induced voltage from the bottom of the hole was about 3.5 µV rms which
was close to the minimum required value.

Following the cw tests, a 127-bit pseudorandom code generator was added to the test
package to simulate an NRZ-L/PCM data stream into the transmitter VCO. Figure 6 is a
diagram of the receiver system upon the surface of the ground. The discriminator output is



the NRZ-L stream which is fed into the bit synchronizer. The clock pulses are
reconstructed by the bit synchronizer from the NRZ-L pulses and toggle an 8-stage shift
register and feedback combination similar to that used in the transmitter for the
pseudorandom code generator. When the switch is in the “Load” position, the NRZ-L data
is loaded into the shift register after which the switch is moved to the “Run” position
which introduces the feedback elements. This process causes the NRZ-L data to circulate
continuously through the receiver shift register whose output can be compared with the
NRZ-L output from the synchronizer. Any disagreement between the two data streams is
accumulated as a bit error by a counter. The bit error rate, or BER, was defined as the
number of errors divided by the total number of transmitted bits. The goal of the PCM/FM
tests was to find the maximum bit rate at which a BER of 10-4 or less could be provided.
Optimum performance would be obtained if some combination of peak deviation and
lowpass filter could be found which would further decrease the BER. The bit rate could be
varied from 200 to 1000 bits/second and the peak deviation to 425 Hz. Low-pass filters
were limited to 220, 500, 1000, and 2000 Hz with Butterworth characteristics. Twenty-
nine tests, each involving at least 105 bits, were run for various combinations of the
parameters. At the maximum rate of 1000 bits/second the BER was no worse than 10-5 for
(375 < peak deviation < 425) Hz and (500 < low-pass filter < 2000) Hz. At the maximum
rate, the sample size was at least 2 x 105 bits. The results of this experiment exceeded the
design goals but the order of magnitude improvement in BER could have been eliminated
by only a 2 dB increase in noise.

System Improvements.   An easy way to improve the system noise margin was to
increase the (NA)r by using a larger coil while keeping the coil resistance constant. The
new coil design is mounted on a two-wheel trailer and has an (NA)r of 478 m2, twice the
previous value. The antenna coil on present TM packages is mounted on the rear and it is
desirable to minimize the axial winding length to reduce the possibility of breakage by
passage through the earth. This was easily done by using much finer wire and winding
several banks in parallel such that the resistance and inductance remained substantially
constant. For example, the first TM coil had a single-layer wound over a length of 7.6 am,
while present coils have 8-bank windings over a length of only 1.5 cm.

It should be noted that, for a required magnetic dipole moment, the power varies inversely
with the cube of the winding diameter. For example, an increase in winding diameter by
only 25 percent reduces the power by 50 percent. An upper bound to winding diameter is
set not only by the vehicle diameter but also by the radome thickness required for
protection.

Equation 1 obviously applies for transmission in either direction, and a two-way link using
a common buried antenna for simultaneous transmission and reception is currently being
developed. The present one-way link is in frequent use in current penetrator programs.
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Figure 6.  Diagram of Receiving System



REMOVING RESONANCES IN AUTOMOTIVE CRASH TEST
INSTRUMENTATION

LAWRENCE W. GARDENHIRE
Independent Consultant to Ford Motor Co.

Summary.   Unwanted resonances can make analysis of crash instrumentation extremely
difficult. These resonances are a natural part of the acceleration measurements and in many
cases are allowed to be present to maintain the needed high-frequency responses. Crystal
accelerometers are, for instance, essentially undamped, and have resonance humps 40 dB
above unity in order to maintain a flat response to approximately one-half the resonance or
natural frequency of the accelerometer. This resonance also allows the phase angle
response to be close to zero well out towards the natural frequency.

Additional resonance problems exist in the mounting brackets, or as frame resonances
which carry little or no information. The process of removing them, however, can produce
extreme errors in both amplitude and phase.

The SAE J211a Recommended Practice recommends four channel classes for impact tests:
c1asses 60, 180, 600, and 1000. The frequency response is flat to +1/2, -1 dB to these
frequencies, and to +1, -4 dB to the break frequencies of 100, 300, 1000, and 1650 Hertz.
The filter rolloff is nominally 12 dB/octave (second order) from these break points.

Second order filters are normally used for impact tests since accelerometers have second
order response. This filtering will provide satisfactory results, if no resonance is present at
less than several times the class frequency. Often the next lower class is used to remove a
resonance, a step that may cause large errors. A better solution is to follow the typical
class filter with a sharper cutoff filter that will remove the resonance without affecting the
amplitude and phase of the initial impulse.

A method that determines when data is lost by excessive filtering is presented and
demonstrated on two crashes. One crash has a resonance about 15 times higher than the
class; one is less than 3 times higher.



*The Application of Aerospace Techniques to Automotive Crash Test Instrumentation by J. J.
Jachman, Page 363, 1973 ITC.

**Sampling and Source Encoding by Lawrence W. Gardenhire, Harris Electronics Systems
Internal Report April 1970.

Introduction.   Data for analysis was obtained from the Ford crash instrumentation system
as described by Jachman*. The analog tapes were sampled at 50 kilosamples/second,
digitized, filtered (using digital filtering techniques with 12, 24, and 36 dB/octave),
converted to engineering units, listed, and displayed on a Cal Comp plotter. The digital
filter routine used 251 filter weights and a transform size of 2048. They were flat to ±1/2
dB to the break point and within ±2dB of the final slope to below 30 dB. The data was
taken from vehicle structural accelerations located on the frame at the door post. J211a
recommends class 60 for total vehicle comparisons and class 180 for integration of
velocity or displacement.

In most cases studied, the class 60 filter caused large errors in amplitude as well as phase
shifts up to 2 milliseconds. More significantly, the class 60 filter produced a change in the
order of the data. When a second order system responds to an impulse, the output will be
third order. During the initial impulse of a crash, the accelerometer will respond such that
the data is always third order. If excessive filtering occurs, the data will change to second
order. Undersampling will do the same thing; that is, if the samples are spaced far enough
apart, they will miss the points that make the waveform third order.

The order of data can be determined from its interpolation error when sampled and
reconstructed**.

By sampling the analog data at a high sampling rate, samples can be dropped and replaced
by linear interpolation during reconstruction. The difference between the reconstructed
values and the original samples can then be used to calculate the RMS interpolation error
for a reduced sampling rate. Errors for several lower sampling rates can be calculated and
an error curve plotted. The slope of this curve, when plotted on log paper, is a function of
the order of the data and the interpolation processed used to reconstruct the data. Using
linear interpolation (drawing a straight line between samples) the slope will be 1/2 for first
order data, 3/2 for second order and 2 for third order and higher orders of data.

When higher orders of interpolation are used, the same process occurs, with the slope
increasing by one for each order of data, until the interpolation process is one order less
than the data. For all higher orders of data the slope will remain the same.

DATA WITH HIGH FREQUENCY RESONANCE.   When the resonance is many
times higher than the information, it is, of course, much easier to remove without affecting
the data itself. An example with a resonance of about 3000 Hz was chosen as a



demonstration. The reconstructed waveform, filtered with a class 1000 filter (wideband), is
shown in Figure 1. The 3000-Hz resonance can clearly be seen with peaks as high as
200 G’s. Had the data not been filtered, the peaks would have exceeded 700 G’s. The
actual data is more or less represented by the envelope of the 3000 Hz.

Ringing started at 3.36 Ms and 39.6 G’s, long before the initial impulse had reached a
peak. Interpolation errors for the waveform cannot be determined, since the peak is
obscured by the ringing and the noise frequency is high enough to make even the 50 Ks
inadequate.

If, however, the waveform is filtered at a break frequency of 300 Hz with a sharp rolloff of
36 dB, the resonance will be removed with the high-frequency noise. The results of this
filtering are shown in the solid surve of Figure 2. Note that the peak of the initial impulse
occurred at 3.94, or one-half millisecond after the ringing started, and is only -36.39 G’s
compared with -137.03 G’s in Figure 1.

The question now becomes how much filtering can be done without harming the data. The
best approach is to study the rise time of the initial impulse. If the rise time remains third
order, we have only removed higher frequencies, not the structure of the impulse.

The dotted line in Figure 2 shows the reconstructed waveform after a class 60 filter is used
(breaks at 100 Hz with 12 dB/octave rolloff). The amplitude has been reduced to
23.97 G’s and the peak shifted to 3.51, a 34 percent decrease in amplitude and a 11
percent decrease in phase.

More important, however, is that the order of the rise has changed from third order to
second order, and the initial impulse has been lost.

If the interpolation error is calculated for both rise times (at several sampling rates), the
two right-hand curves in Figure 3 result. The slope of the 300-Hz data is 2, while the
100-Hz data is 3/2. The interpolation error for a given sampling rate (10 kilosamples/
second) increases from 0.095 percent to 0.19 percent; the higher the accuracy, the larger
the difference.

In order to avoid this change in order and to see accurately what the accelerometer is
responding to, the frequency of the filter must be increased and the rolloff sharpened to
remove any resonances or undesired high frequencies. Using a 180-Hz digital filter with a
36-dB/octave slope results in the dotted curve shown in Figure 4. (The 300-Hz data from
Figure 2 is shown for comparison). The initial rise has been altered very slightly, as have
the peak amplitude and phase. The peak’s amplitude of 34.90 G’s occurred at 3.86, only a
4 percent decrease in amplitude and a 2 percent decrease in phase. The data is still third



order as seen in the left-hand curve of Figure 3. The interpolation error for 10 kilosamples,
which decreased to 0.032 percent was to be expected, since the lower break point filter
has removed the higher frequencies that required a greater sampling rate.

A second approach to determining interpolation errors provides interesting results. If the
time for the amplitude to go from 10 to 90 percent is determined, a rough estimate of the
maximum frequency present in the rise can also be determined. This rise time is considered
1/4 cycle of the natural frequency of the device producing the data. This method is not
always accurate, but it is quite satisfactory for undamped systems with low noise content.
The rise frequency for the three filters were 136, 108, and 95 Hertz. Ten kilosamples
would result in 74, 93, and 105 samples/cycle of the rise frequency. The interpolation
errors obtained from the tables given by Gardenhire are 0.08 percent, 0.04 percent, and
0.23 percent. These results are quite close to the actual calculated results and show the
importance of the generalized sampling rate tables.

The resonance frequency to be removed in the example cited was much greater than the
information frequency and therefore easy to remove, even with standard SAE class filters.
Although class 180 filter would certainly have accomplished the same results, things
would be different if the frequency had been 300 Hz instead of 3000. The next example
demonstrates this statement and shows the need for sharper cutoff filters.

DATA WITH LOW FREQUENCY RESONANCE.   When the resonance frequencies
are close to the filter class, the problem is more difficult. A measurement which contained
a 455 Hertz resonance in class 180 data was chosen as a second demonstration. This is
only 2.5 times above the class frequency. The resonance can clearly be seen in the
reconstructed waveform in Figure 5. Note that the peak to peak amplitude of the 1/2 cycle
following 31 ms is approximately 53 G’s. The wide band (class 1000 filter) reconstruction
of this 1/2 cycle was 152 G’s. The remaining frequency is particularly disturbing,
especially since it completely masks the maximum negative peak about 10 ms.

The filter used in this case was not the standard class 180 electrical filter, rather a digital
filter with its break point at 300 Hertz, and thereby closely matching the electrical filter.
When a class 60 filter is used most, but not all of the resonance is removed, as seen in
Figure 6, the 10 to 90 percent amplitude is reduced to 75 from 113 G’s with a class 180
filter. The rise frequency is also reduced from 163 to 97 Hertz. In this case however, the
order of the data did not change, meaning that the initial impulse was low in frequency
content.

A filter with a 36 dB per octave slope, breaking at 180 Hertz is a better solution to the
problem. This result is shown in Figure 7. The 10 to 90 percent amplitude is 92 G’s, and
the rise frequency 110 Hertz. This curve is much easier to read and more nearly represents



the actual impulse since the amplification produced by resonance has been removed. The
sampling rate for all three examples was 10 kilosamples/second, therefore the interpolation
error was very small, 0.018% for the last case. It could be reduced to 1 kilosample/second
and would be only 2.0%.

CONCLUSIONS.   Removing resonances from Crash Instrumentation is easily
accomplished by using sharp cutoff digital filters, with the break frequency slightly less
than that of the class filter. It is recommended that this method be added to the SAE J211a
recommended practices. The electrical filtering should remain the same as now
recommended, and when a resonance is present a second filtering should be done digitally
as part of the data processing. This will make the measurements much easier to evaluate
and will be more meaningful and will improve the correlation of a given measurement from
crash to crash.

For class 180 data the break frequency should be 250 cycles. This means there will be two
breaks, the first with a slope of 36 dB per octave and above 300 Hertz the slope will
increase to 48 dB/octave, since orders of filter add.

In problem cases where the resonance,is less than 3 times the data class, the break
frequency can be lowered, however care must be exercised, such that the order of the data
is not changed.
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IN-BORE MEASUREMENT OF PROJECTILE ACCELERATION
AND BASE PRESSURE USING AN S-BAND TELEMETRY SYSTEM

JAMES W. EVANS
Ballistic Research Labs.

Aberdeen Proving Ground, Maryland

Summary.   This paper presents the results of the instrumentation used on a firing test for
making inbore measurements of projectile acceleration and base pressure. The system
components; including the telemetry data link, acceleration and pressure sensors; and the
packaging techniques are described. The data from a test of six 105mm proof projectiles
fired in an M-68 tank gun are presented and compared with independent measurements.

Introduction.   The measurement of forces on projectiles during the interior ballistic cycle
is an important input to the on-going program being conducted under Research in Interior
Ballistics (RIB). Continuous measurements of base pressure and axial acceleration on a
projectile during its inbore travel have been identified as a top priority item by projectile
designers, fuse designers and Interior Ballisticians. Feasibility tests1 have been made at the
Ballistic Research Laboratories (BRL) to prove the technique of using a “S-Band” radio
telemetry system as a data link for making on-board projectile measurements.

The scope of the investigation covered by this paper is the design and development of a
projectile instrumentation system using improved telemetry components and transducers to
make measurements of base pressure and axial acceleration. A careful evaluation of the
total measurements system was made starting with the transducers used to sense the forces
in the gun environment and ending with the output data in the proper form for analysis. Six
105mm proof projectiles were instrumented and fired at three different pressure levels in
an M-68 tank gun. Data from these rounds were compared with “standard” independent
measurements made on the gun tube.

Description of Projectile Instrumentation (a) Telemetry Transmitting System.   The
instrumentation used on each telemetry transmitting system consisted of an antenna,
transmitter, three voltage controlled oscillators (VCO), and a battery pack. Two of the
VCOs were frequency modulated by the transducer output signals and the third VCO input
was grounded to measure the effect of the launch environment on the Telemetry System.
The output signals of the three VCOs were summed and used to frequency modulate the
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transmitter (modulation index = 0.7) forming a conventional FM/FM telemetry system. A
block diagram of this system is shown in Figure 1.

The transmitter (Figure 2) was a commercially available Microcom Corporation model
T-4B-S operating on nominal frequency of 2.22 GHz with a power output of
approximately 10 milliwatts. This basic transmitter had the capability of a minimum power
output of 150 milliwatts, but an attenuator was incorporated within it’s case to provide
approximately 10 db of isolation between the transmitter and the antenna. This was done
to minimize the frequency pulling due to varying VSWR as the projectile traveled in the
gun tube. The transmitter required a 20 volt power supply at 50 milliampers and had a
modulation sensitivity of 0.7 volts/MHz.

The antenna was a Double Scimitar2 that was fastened to the top of the transmitter
(Figure 2). This antenna was broadbanded by a factor of 10:1 to provide additional
isolation from frequency pulling caused by the varying VSWR.

The voltage controlled oscillators were Omnitek Inc. Model 22C1 units (Figure 2). They
consisted of microcircuits that were manufactured using a thick film technique. Center
frequencies of the units used were 128, 192, and 256 KHz. Each oscillator had a constant
bandwidth deviation of ±16 KHz for an input voltage range of 0 to +5 volts. The output
signal amplitude was adjustable by selection of an external resistor. This is necessary to
set-up the R.F. deviation in a linear taper for the specific receiver intermediant frequency
bandwidth used.

The battery pack consisted of 32 Union Carbide type S-76 silver oxide “Button Cells”
(Figure 2). These cells were connected together by welded tabs to form 8 cell stacks which
were then wired together in a series-parallel combination providing a battery pack capable
of supplying 22 volts at 100 milliamperes for 45 minutes.

Prior to it’s use in a system, each unit was given a shock test at the Exterior Ballistics
Laboratory (EBL) lead test facility.3 Those units that suffered catastrophic failure or who’s
operating characteristics were drastically changed were eliminated.

The telemetry system was packaged in a modified standard fuse housing (Figure 2). The
four battery stacks were molded, with Emerson and Cummings Stycast 1090SI, into a
cylinder 2.5 cm diameter and 5 cm long. All components, except the transmitter, were
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mounted on a 3.8 cm diameter printed circuit board and molded with 1090SI into a 2 cm
long cylinder. The electronic components were assembled in the fuse housing and all voids
were filled with the stycast. The polyphenylene oxide (PPO) windshield of the fuse
housing was used as the radio frequency window. A terminal board was mounted on the
back of the housing to provide for payload check out prior to final assembly and for
interfacing with the transducers. Two miniature jacks were mounted along the side of the
housing to accomodate a shorting bar to turn the system on and to supply external power
during check out.

(b) Transducers.   The transducers used were piezoelectric devices (quartz) manufactured
by PCB Piezotronics, Inc. Each transducer contained a P-channel, MOSFET, source
follower circuit (unity gain) that functioned as an impedance transformer. This arrangement
provided the transducer with a nominal 100 OHM output impedance. Power for the
transducer was supplied from a constant current source of 2 milliamperes at a nominal 11
volts. The transducer signal was capacitive coupled from the input power conductor. A
circuit diagram of a power supply and transducer is shown in Figure 3.

The pressure transducers used were PCB Model 109 units which contained a very rigid
acceleration compensated quartz element coupled to the source follower. Full scale output
was 5 volts. The diaphram had a ceramic coating to render the flash thermal effect
insignificant and as a futher precaution, the exposed diaphram was covered with a thick
layer of silicone grease just prior to firing. All pressure transducers were calibrated in the
Interior Ballistics Laboratory (IBL) “Quick Dump” facility.

The accelerometers used were PCB Model 305A units which contained a seismic mass
loaded quartz element that gave an output of 5 volts for full scale input. The manufacturers
calibration was used for the accelerometers because of the lack of an in-house calibration
facility.

(c)  Projectile and Instrumentation Assembly.   The projectiles used were standard
proof slugs modified to accept the fuse housing and the transducers. The base was
machined off and replaced with a transducer adapter structure. The transducers and
telemetry system was inter-wired and all voids within the structure were filled with
Stycase 1070SI. Figure 4 is a drawing of the assembled system.

Description of Instrumentation Used External to the Projectile for Independent
Measurements.   Each cartridge case contained an internal ferrule pressure transducer for
continuous measurement of breech pressure. Minihat pressure transducers4 were located in
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the gun tube wall at various distances from the breech to compare with the telemetered
base pressure as the projectile passes each station. A microwave (10 GHz) doppler radar
was used to acquire interior ballistic trajectory data5 6 for comparison with the telemetered
acceleration data.

Description of Receiving and Recording Instrumentation (a) Data Recording.   Data
received from the telemetry link and hardwire data from support instrumentation were
recorded on analog magnetic tape. The standard IBL Data Format, 7 that includes five
calibration steps prior to the event, was used.

(b)  Telemetry Receiving System.   The FM/FM ground telemetry link used standard,
commercially available receiving equipment. A block diagram of the system is shown in
Figure 5. The antenna, that was a helix, was located about 13 meters in front of the gun
and about 10E off the line of fire. A down converter, located by the antenna, translated the
nominal 2.22 GHz signal frequency to a nominal 235 MHz. The receiver located in the
recording room, approximately 50 meters from the antenna, had an intermediant-frequency
bandwidth of 3.3 MHz and an video bandwidth of 400 KHZ. The data discriminators used
in the second detection process, had an input bandwidth of 32 KHz and an output data
filter bandwidth of 8 KHz for a deviation ratio of two.

The frequency modulated, direct coupled, video output signal of the receiver was used as
an indication of the transmitter frequency stability during the interior ballistic cycle. The
signal was amplified and passed thru an 18 KHz low pass filter to eliminate all subcarrier
frequencies, and recorded along with the other data.

(c)  Data Reduction.   The data contained on the analog tape was played back at reduced
speed into an analog-to-digital converter, and the output was recorded on digital magnetic
tape. Existing in-house computer programs were adapted to process the data on the
Ballistic Research Laboratories Electronic Scientific Computer I/II (BRLESC I/II). The
reduced and manipulated data were then plotted on the Calcomp Plotter.

Firing Test Results.   The six instrumented rounds were fired on October 18-23, 1974 in
a M-68 tank gun at the IBL Sandy Point Test Facility.



(a)  Telemetry Data Link.   Adequate radio frequency signals were received from all
payloads. Frequency excursions, due to the interior ballistic environment, remained with-in
the receiver I-F bandwidth as shown in the plots of frequency variation vs time (Figures 6
and 7).

All VCOs, except for one, functioned normally thru out the events. The 256 KHz VCO
failed after 8 milliseconds on round number two. This VCO had displayed intermittent
operation prior to being fired; but because of the nature of the structure of the system,
repairs were not feasible.

Loss of signals and noise due to marginal signals did occur in several instances. This effect
can best be observed on a plot of the reference VCO output which should be constant base
line. Figure 8 shows areas that appear to be high signal excursions and areas of excessive
noise. It is felt that this was due to incomplete obturation and hot propellant gases that
attenuated the R.F. signal sufficiently to approach receiver threshold. For the remaining
rounds, a technique used at IBL to improve the signal of doppler radars for measurements
inside a gun tube was employed. This entails filling the gun tube with dry nitrogen. A
polyethylene diaphragm was taped across the muzzle as the projectile was readied for
ramming. Nitrogen was admitted thru a small hole in the polyethylene and allowed to
purge the tube. The projectile was then rammed capturing the nitrogen. Figure 9 shows an
improvement in the signal after using this procedure. Noise from all sources was within
one percent of full scale signal. The high signal excursion at the end of the record is caused
by instrumentation “ringing” due to loss of signal as the projectile exited from the gun
tube.

(b)  Interior Ballistic Data.   The Interior Ballistic data measured in these tests are
presented in a smoothed form. The plots of the different quanities were traced from the
raw computer plots with obvious noise and signal drop-outs deleted.

Figures 10, 12, and 14 are plots of pressure data obtained during the interior ballistic cycle.
Breech pressure data were recorded from the internal ferrule pressure transducer located in
the cartridge case. The base pressure data were obtained from the on board transducer.
This data is corrected for the effect of acceleration on the transducer by using the
telemetered acceleration data and the acceleration sensitivity calibration factor of the
transducer. The tube port pressure data were obtained from the minihat pressure
transducers located along the tube and these data points are time correlated with the
passage of projectile base past the various gage ports.

Interior Ballistic trajectory data are shown in Figures 11, 13, and 15. These plots compare
the data from the onboard accelerometer with the data from the microwave doppler radar.
The acceleration data was scaled to metric units and integrated twice, using the trapezoidal



rule, to give velocity and displacement respectively. The acceleration data plot for Round
5 contain an unexplained characteristic. The data from this round displays an erratic
behavior on the descending slope but this behavior corresponded to a radical R.F.
frequency shift shown in Figure 7. The remaining data channels for this round did not
display any anomalies as would be expected in the event of instrumentation failure.
Therefore, there is an indication that the erratic behavior was caused by a forcing function
such as a severe ballot. The microwave doppler radar data was reduced using an in-house
computer code (red-mint).

Conclusion.   The feasibility of making useful measurements on-board a projectile during
the interior ballistic cycle has been demonstrated. Additional effort is needed to gain more
confidence in the transducers. Techniques are required for the dynamic calibration of
accelerometers and pressure transducers so the linearity, hysteresis, and repeatability of
the transducers are known.
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Figure 1.  Block Diagram of Projectile Instrumentation

Figure 2.  Projectile Instrumentation Components



Figure 3.  Transducer and Power Supply Circuit

Figure 4.  Projectile Assembly Diagram



Figure 5.  Block Diagram of Telemetry Receiving and Recording System



Figure 6.  Transmitter Frequency Variation vs Time, Round 2

Figure 7.  Transmitter Frequency Variation vs Time, Round 5



Figure 8.  Reference VCO Output vs Time, Round 2

Figure 9.  Reference VCO Output vs Time, Round 6



Figure 10.  Interior Ballistic Pressure vs Time, Round 1

Figure 11.  Interior Ballistic Trajectory, Round 1



Figure 12.  Interior Ballistic Pressure vs Time, Round 3

Figure 13.  Interior Ballistic Trajectory, Round 3



Figure 14.  Interior Ballistic Pressure vs Time, Round 5

Figure 15.  Interior Ballistic Trajectory, Round 5
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LOW FREQUENCY TELEMETRY FROM
TERRADYNAMIC VEHICLES

L. K. GALBRAITH
Sandia Labs.

Albuquerque, New Mexico

Summary.   A telemetry system has been designed and built which transmits digital data
from a buried earth-penetrating vehicle to the surface by magnetic induction. The
transmitting package is a cylinder 10 cm in diameter by 30 cm long and draws 5 watts of
dc power while transmitting. Error rates of 1.16 x 10-4 have been obtained at a range of
52 meters through soil at a data rate of 50 bits/second, utilizing only the 0-50 Hz region of
the electromagnetic spectrum. Projected performance of the system in high-conductivity
media indicates useful ranges exceeding 50 meters in media as conductive as sea water
(4 mho/meter). System improvements are discussed which should allow severalfold
increases in data rate or range over the experimentally obtained values.

Introduction.   Terradynamics is the science of high velocity projectiles which penetrate
the earth to depths of tens to hundreds of feet.(1) Reliable telemetry of on-board generated
data to the surface is presently a serious problem. Direct data transmission along a trailing
wire pair is sufficiently reliable for operations utilizing small expendable vehicles(2) but not
for the more costly operations involving larger, more fully instrumented projectiles. Real
time radio data transmission through dry soil has been accomplished from a high-speed
penetrator at a 260 kHz carrier frequency.(3) Under more general field conditions, however,
terradynamic media are found to vary at least five orders of magnitude in conductivity,
from about 10-5 mho/meter for dry granite to several mhos per meter for sand or mud
saturated with salt water. In the latter materials, deep penetration ranges and high media
conductivity rule out the use of kilohertz frequencies because of excessive signal
attenuation.

This paper will describe a successful low-frequency telemetry system which was designed
to perform equally well through any terradynamic medium likely to be encountered. The
basic design approach was first to set a minimum system range of 50 meters to cover the
expected distribution of penetration depths. Next, the operating frequency of the
transmitter was chosen on the basis of this minimum range and the maximum earth medium 



conductivity expected (4 mho/meter). Finally, the transmitter modulation format was
chosen to maximize the data rate with the limited bandwidth available.

Determination of Operating Frequency.   Figure 1 shows the geometric variables in the
underground-to-surface to telemetry link. The transmitter is shown as an oscillating
magnetic dipole (electric dipole moments are poorly coupled to soil in physically small
antenna structures at low frequencies) with a dipole moment amplitude P in weber-meters.
If the axis of the dipole (transmitting coil) is at an angle 2 with respect to the vertical, the
magnetic field components BH and BV at the ground surface directly above the transmitter
are given by:

(1)

(2)

where r is in meters and the functions Q,D are dimensionless attenuation factors;
H = (FµT)1/2r where F = soil conductivity in mhp/meter, µ = permeability and T is the
operating frequency. H is also %2 times r expressed in skin depths for an electromagnetic
wave of frequency T propagating into the conductive medium.

Both Q and D approach unity as H60. At a given burial depth r, therefore, the expression
for the fields at the ground surface become equivalent to the free-space values as operating
frequency or medium conductivity go to zero, provided µ = µ0, which is true for most earth
materials. Wait(4) has derived an integral expression for Q(0,H), equivalent to the case of a
vertical magnetic dipole. The amplitude and phase components are plotted in Figure 2. It is
clear that the loss of amplitude and phase shift do not become prominent until H exceeds
about 2.5, at which the amplitude is 59% of the dc value and the phase shift is 67E. For a
maximum anticipated medium conductivity of 4 mhos/meter and r = 50 meters, the
operating frequency at H = 2.5 is 50 Hz. This frequency was chosen as the upper limit of
the operating band for our terradynamic telemetry system, particularly since it allows the
use of a 50 Hz sharp-cutoff low-pass filter in the receiver system to minimize interference
from 60 Hz power line noise.

Receiver System and Background Noise Limitations.   Although in principle a
magnetometer can be used to detect the time-varying field produced by a buried oscillating
magnetic dipole, a simple inductive pickup coil can be fabricated to provide four or five
orders of magnitude more sensitivity. The receiver coils employed in our work generally
have several hundred turns enclosing on the order of 1 square meter of area. The coil is
connected to a low-noise transformer to step up the coil voltage by a factor of 100 and



then fed into a Princeton Applied Research low-noise preamplifier, law-pass filter and strip
chart recorder.

In order to determine whether the 50 meter system range would be attainable with a
practical transmitter package, the characteristics of natural and man-made background
noise first had to be evaluated at representative test sites. Measurements with a 456 turn,
0.81 m2 coil were first carried out at the Sandia Laboratories experimental test range near
Tonopah, Nevada (TTR). This site is relatively uncontaminated by 60 Hz paver line
interference; atmospheric noise was the predominant noise component intercepted by the
coil in the 0-250 Hz region. With the receiver coil axis horizontal and oriented in azimuth
for maximum atmospheric noise pickup, the atmospheric noise-induced coil output voltage
was 0.2 µv rms in the 0-50 Hz band,,with occasional short bursts of ~ 1 µv rms. The data
of Maxwell and Stone(5) taken during the summer in Colorado indicate that the horizontal
magnetic field noise spectrum is relatively flat from 3 Hz to 50 Hz. Assuming this to be
true of the atmospheric noise picked up at TTR by our coil, our measurements correspond
to an atmospheric noise density of 0.34 µ amp/meter/%Hz. This is within 1 dB of the
values measured by Maxwell and Stone between 3 and 50 Hz.

When the receiver coil was oriented with its axis vertical, the noise voltage appearing
across the coil terminals was 0.02 µv, or 20 dB below the value measured with the coil
axis horizontal. The noise also appeared to be Gaussian in nature without the short high
amplitude bursts characteristic of atmospheric noise and was probably mostly thermal and
amplifier noise. Evidently atmospheric magnetic field noise in the 0-50 Hz region is
oriented predominantly in the horizontal plane.

60 Hz noise from power lines must be taken into consideration in a general low-frequency
telemetry system design, since this man-made noise component may have substantial
vertical magnetic components and not all potential terradynamic test sites are as remote
from habitation as TTR. For instance, at the Edgewood Test Site (ETS) near Edgewood,
New Mexico, a small power line runs about a mile away from an area where terradynamic
experiments are done. The same coil which picks up 0.02 microvolts of random noise
when oriented vertically at TTR has more than 30 µv of 60 Hz noise across its terminals at
ETS. A low-pass filter was constructed which combined a 10-pole active 0-50 Hz
Butterworth filter and an active twin-T notch filter tunable around 60 Hz. When this filter
(which was also used in the TTR test to define the system bandwidth) was connected to
the low-noise amplifier output at ETS, the 60 Hz noise component could be nulled out
completely, leaving a much smaller random component.

Transmitter Design Considerations.   For preliminary tests, an oscillating magnetic
dipole transmitter had to be designed within the requirements of a practical terradynamics
package. Basically, this amounted to getting the highest possible dipole moment with



5 watts of power consumption in a cylindrical volume 10 cm in diameter and about, 30 cm
long. An air-core cylindrical coil has a dipole moment given by:(6)

(3)

where N = number of turns in the coil, I = coil current in amperes and A is the average
effective area in square meters of each turn. In an air core coil, A is the area enclosed by
each turn projected along the coil axis. However, if a core of high permeability material is
provided, the effective area of each turn, and hence the total dipole moment, is multiplied
by a factor of µrod > 1, whose exact value depends on the core permeability and length-to-
diameter ratio.(7) For L/D ratios of ten or above, the values of Belrose(8) for µrod in rod-type
loop antennas are roughly proportional to (L/D)2. If L is chosen to be the maximum
transmitter package length, the dipole moment per unit current per turn, which is
proportional to the product Aµrod, is almost independent of the rod diameter (since
A " D2). Since the core diameter is not very critical, a laminated silicon steel rod 32 cm
long and with a square cross section 3.3 cm on a side was fabricated for a prototype
transmitter, allowing ample room for coil driver electronics and the coil winding (see
Figure 3). The latter consisted of 450 turns of #16 copper wire with a winding length of
15 cm and situated at the midpoint of the core. The length-to-diameter ratio of the core
gave a projected µrod = 40, and with a winding resistance of 0.948 ohm and A = 15 cm2, a
sinusoidal current dissipating 5 watts in the winding should produce a dipole moment
P = 0.21 x 10-6 weber-meters. If this antenna is buried 50 meters below a receiver coil in a
nonconductive medium and both coils are oriented vertically, the signal induced in the
receiver coil used at TTR with a 50 Hz sinusoidal transmitter current should be 11.5
microvolts rms, or 55 dB above the measured noise level at 0-50 Hz for a vertically-
oriented receiving antenna. Even if one subtracts 30 dB for worst-case conditions (a
medium conductivity of 4 mho/meter and the transmitting antenna axis horizontal,
necessitating a horizontally-oriented receiving coil), the remaining 25 dB signal-to-noise
ratio in a 50 Hz band should be ample for low-error rate digital data transmission.

Choice of Transmitter Modulation Format.   The overall voltage transfer function of the
transmitter coil-receiver coil-low-pass filter system is flat within 3 dB from 4.4 to 45 Hz.
The system response falls off to zero at dc because of the nature of inductive coupling,
hence direct application of an NRZ pulse train to the transmitter coil was ruled out because
of the large baseline shifts produced by lack of system dc response. Biphase coded data at
50 bits/second was considered next, since its dc component can be made zero without
disturbing data fidelity.

It was initially not clear that 50 bit-per-second biphase data could be successfully
reproduced after propagating through the low-pass filter with its nonlinear phase versus
frequency characteristic near 50 Hz. A simulated telemetry system was therefore built and



tested in the laboratory with biphase-modulated data (see Fig. 4). The simulated data
signal was a 31-bit pseudorandom sequence coded in biphase format at 50 bits/second
using equal positive and negative voltage levels so that the average dc level was zero. This
signal was applied through a power amplifier directly to the transmitter coil. A couple of
meters from the transmitter coil was situated a receiver coil having the same inductance
and resistance as the coil designed for field use, and connected to the 100:1 stepup
transformer, low-noise preamplifier and 50 Hz low-pass filter used in the noise surveys.

Random white noise could also be injected into the preamplifier input through an
attenuator to add to the coil signal and allow the system bit error rate to be found as a
function of signal-to-noise ratio (measured at the low-pass filter output). The signal was
decoded into digital form with a laboratory prototype, matched-filter type biphase
demodulator. A strip-chart record of the transmitter input signal and demodulator output
signal indicated about 8% time jitter in the output signal and an overall system delay of
about two clock periods. When the transmitter input signal was delayed two clock periods
with a two-stage shift register and sent into an exclusive-or gate with the demodulator
output, no bit errors could be detected (the gate output was sampled at the midpoint of the
clock period) until noise was added deliberately to the preamplifier input. Bit error rates
were then measured as a function of signal-to-noise ratio of the filter output. The results
are plotted in Figure 5. It is apparent that the low-pass filter adds a 1.5-bit period delay to
the data (the remaining 0.5-bit period delay is inherent in the demodulator) but does not by
itself set a lover limit for the bit error rate.

Fun System Field Test.   When the various subelements of the system were shown to be
working up to theoretical expectations, the complete system was felt to be ready for a
simulated telemetry test under actual field conditions. The tests were carried out at
Edgewood Test Site, since it was anticipated that power-line induced noise would be the
limiting factor in system performance. The transmitter coil was driven by a switching-
mode pulse amplifier driven by a biphase signal derived from a 127-bit pseudorandom
generator. The transmitter coil driver circuit (Fig. 6) operates from a single 28 volt dc
supply derived from rechargeable nickel-cadmium batteries. Since the driver transistors
operate either in the fully off or fully saturated mode, most of the inductive energy stored
in the coil is returned to the battery pack during data transmission. At 50 bits per second,
the transmitter draws an average power of 5 watts from the batteries despite peak battery
currents of several amperes at 28 volts.

The transmitter and battery pack were hermetically packaged and lowered to the bottom of
a 52 meter deep, 15 am diameter hole cased with plastic pipe. The receiving coil of 240
turns and 1 m2 area lay on the surface 10 meters from the well and with the coil axis
vertical. The coil was connected to the 100:1 stepup transformer, low-noise preamplifier
and 50 Hz filter used in the TTR noise tests, and the filter output was recorded on an



analog FM tape recorder at 1-7/8 inches per second. The tests were run long enough for
432 kilobits to be transmitted, and the tape record was taken back to the laboratory for
signal recovery and processing.

When the tape was played back into an Elpac bit synchronizer, the latter would not lock
onto the signal at first. A strip chart record of a portion of the taped signal indicated large
base-line level shifts during the longer strings of ones and zeros. Putting the signal through
a differentiator circuit removed the baseline shifts and enabled the bit synchronizer to lock
onto the signal. Comparison of the synchronizer output with a laboratory-generated 127-bit
pseudorandom sequence indicated an overall error rate of 50 bit errors in 432,000
transmitted bits or a bit error rate of 1.16 x 10-4. This bit error rate was somewhat larger
than would be expected from the measured system signal-to-noise ratio of 18 dB. The
background noise, however, was not Gaussian in nature but was characterized by large
spikes of 20 dB or more above the mean noise level. Strip chart records of both the raw
tape signal and the bit error detector output indicated that errors occurred in groups of two
to four within a second, followed by long periods (up to 20 minutes) with no errors at all.
The bit error groups coincided with large noise spikes in the raw signal. Since the
background noise was nearly 30 dB greater than the atmospheric noise measured at TTR,
it may have been man-made in origin. A possible explanation is that power line current
surges, which would not be eliminated entirely by the 50 Hz low-pass filter, were being
inductively coupled to the receiver coil. Nevertheless, the system met the overall
requirements of a practical through-the-earth low frequency telemetry system, producing a
bit error rate low enough for practical telemetry, especially with error-detecting data
codes.

Outlook for System Improvement.   The biggest area of potential improvement is in the
system signal-to-noise ratio in cases of high natural or man-made noise backgrounds. Both
types of noise sources can be expected to produce relatively small field gradients
compared with those characteristic of the oscillating dipole transmitter. If, for instance,
two identical receiver coils are positioned so that one is directly above the transmitter and
the other at least three burial depths away from the first, connection of the two coils in
series opposition would result in a less than 10% reduction of the received signal.
Cancellation of inductively coupled background noise should be 20 dB or more, leading to
a greatly improved signal-to-noise ratio under high noise conditions such as were
encountered at ETS. A 20 dB improvement in signal-to-noise ratio would enable the
system range to be doubled to at least 100 meters.

The main limitation to data rate in the available 50 Hz bandwidth is the large nonlinear
phase shift at the upper band edge produced by 60 Hz rejection filters (or by the medium
itself for conductivities on the order of 4 mho/meter). Digital filtering with linear
transversal filtering techniques,(9) however, are capable of linearizing phase response to the



extent that multiphase or combined phase-amplitude modulation techniques could multiply
the data rate severalfold. This would still not allow the system to be used for real-time
terradynamic data transmission, which requires a capacity of several thousand bits/second,
but it would substantially reduce battery requirements for a system using on-board data
storage and later playback.

Conclusion.   We have shown that a magnetic induction telemetry system can be designed
to transmit at least 50 bits/second of data through a minimum of 50 meters of highly
conductive earth media. The system can be used with practical terradynamic vehicles in
conjunction with on-board data storage. Although the data rate is limited compared with
most other telemetry systems, it has the capability of working under conditions where no
other telemetry system will perform adequately. The potential exists for extending the
system range at least twofold and the data rate by a factor of three or four, using state-of-
the-art signal processing techniques.
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FIGURE 1.  Geometric Variables involved in
Underground-to-Surface Telemetry Link

FIGURE 2.  “Q” - Q(0,H) versus Normalized Distance H



FIGURE 3.  Prototype Transmitter Package

FIGURE 4.  Block Diagram of Simulated Telemetry System



FIGURE 5.  Bit Error Rate versus Signal-to-Noise Ratio for
Simulated Telemetry System

FIGURE 6.  Transmitter Driver Schematic
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Summary.   An algorithm for threshold compression of the processes with the sharp
variations of a level is considered. In broadening the concept on an significant sample we
are successful in transmitting completely almost all the samples appropriate to the
phenomenon studied; at the same time the compression ratio at the quiet parts is kept at the
acceptable level. The experimental results of seismogram compression are given.

Introduction.   For the global seismic investigations of the Earth to be performed a great
number of the automatic research stations can be located on the planetary surface including
the almost inaccessible regions. It is convenient to carry out the acquisition of the data
obtained by means of an artificial Earth satellite. Here each station transmits the data to the
satellite; these data are stared (from all the stations) on board the AES and then are
transmitted to the Earth during sessions.

Due to the limitation of the AES memory volume and very short time of sessions the
necessity arises for the economical description (compression) of the data recorded. The
similar problem suggests itself in studying seismometrically the Moon or the other planets.
Finally, compression of the seismometrical data can be useful for the stationary
seismometrical stations on the Earth also.

Below a rather simple technique, of compression is discussed that can be also used either
on board the space vehicles or on the surface of celestial bodies studied. The choice of the
compression device location depends on the problem under solution and the considerations
on the technical expediency.

Any compression algorithm can be, naturally, correlated to some extent with the character
of a signal recorded. Hence let us consider first of all the features of seismograms. Fig. 1
gives the very typical seismogram obtained from the “Moscow” seismometrical station.
The characteristic features of this seismogram. (fairly typical) are not difficult to outline.



a)  For a considerable interval of observation time the signal shows fluctuations of noise-
type,relative to zero level. It is “quiet” parts almost not including the data on the seismic
phenomena and hence are of little interest for the experimentators.

b)  Sharp oscillatory bursts of the high level occupy a short time interval in comparison
with the total duration of recording. They characterize the events that allow to define the
earthquake properties. It should be noted that of interest can be the parts directly adjacent
with a burst (e.g. for studying the earthquake heralds).

The techniques of seismogram. compression.   According to the description given above
it is not difficult to formulate one of the main principles of compression of the
seismometrical data. This principle means that the data associated with the quiet part are
not recorded (as far as it can be realized). The active parts are completely reproduced
without any attempts to reduce redundancy.

Now let us describe the specific algorithm that allows to realize the chosen approach to the
data compression.

1) For each sample of the process yi the comparison is performed

(1)

where *yi* is an absolute value of the sample yi and d is a preset threshold which generally
can vary.

2)  If the condition (1) is satisfied the appropriate sample is believed to be “significant”
and has to be recorded. Otherwise the sample is not registered. It is clear that this
algorithm permits to realize the principle formulated above (with the sufficiently high
degree of approximation). The threshold d should be chosen as adequately great so that
fluctuations rarely exceeded d at the quiet parts. At the same time the threshold should not
be very great since otherwise the serious distortions can occur in recording the bursts.

The compression algorithm modification.   The significant (recorded) samples appear
irregularly. Therefore not only their value but also the time of their appearance have to be
recorded. Using the well-known terminology the number determining the time of
registration will be called as “address” of a sample. Two techniques of the formation of
addresses will be considered below.

(1)  Address - sample.   Let us denote the number of binary symbols as s and t that are
used for the description of a value of sample and its address, respectively. The initial
sequence of samples (up to compression) should be divided into the groups of equal



lengths L# 2t. Then t-gigit address corresponds simply to the item number of a sample in
the group (telemetry frame).

If the number of samples (significant) in “adaptive” frame (after omission of insignificant
samples) is equal to R their description requires

(2)

times less binary symbols than for the initial presentation (in (2) the number of symbols
used for synchronization are not taken into account that for the initial and adaptive
presentations are sufficiently less than the numerator and the denominator, respectively).
Thus, K1 is a compression ratio with the use of “individual addresses” of samples.

(2)  Address-run of sufficient samples.   When an event occurs the sufficient samples are
grouped into runs and this can be used for economical description of their addresses.
Actually, in this case it is sufficient to indicate only the address of the first sample and to
record subsequent samples (in the run) without addresses. Here for one-valued decoding it
is necessary to introduce the additional markers for address and the values of sample (see
e.g. [1] ). Then the compression ratio is equal to

(3)

where m is a number of runs per a frame; Ri is a length of i-th ran (i = 1, 2......, m). It is
expected that, due to specific character of a signal studied, K2 should be more than K1 . In
conclusion it should be noted that it is necessary to choose s = t; otherwise bit errors can
result in the synchronization errors at the prolonged parts of data[i].

(3)   Recording of the generalized runs-1.   As it has been briefly mentioned the
recording of some samples turns out to be rather desirable or necessary before the
beginning and (or) after the end of the run. Let us give several substantiations of the
expediency of such an additional registration.

-  Recording a of the insignificant samples before the beginning of bursts can be of interest
in studying the development of a burst or investigating the earthquake heralds.

-  Oscillatory character of seismodetector output signal means that its amplitude takes
relatively often the values close to zero. Hence using the algorithm formulated above the
burst will be described by the set of single runs of the samples the total number of which
can be sufficiently great. But the latter means that some samples “inside” the burst will not
be recorded that is evidently undesirable.



It is impossible to make allowance for these notes at the cost of decreasing the level of
d-threshold since the location of the insignificant samples which are desirable to be
recorded is rather rigidly bound with that of the significant samples. The decrease of
d-threshold will lead to the considerable increase of the number of samples recorded
during the quiet parts and, as a consequence, to the essential diminution of the
compression ratio.

Taking into account the last note it is necessary to modify the algorithm formulated above.
The following modification is of interest. All the runs of samples have to be recorded that
satisfy the following conditions:

a)  The run begins precisely from a insignificant samples (i.e. (a + 1)-th sample is
significant).

b)  The run ends exactly with insignificant samples (i.e. (b + 1)-th sample from the end is
significant).

c)  Between the first and last significant samples of the run “subruns” of insignificant
samples may occur which lengths do not exceed " = a + b. The latter condition follows
directly from the former two. As an example, Fig. 2 gives the subdivision of samples into
generalized runs with some values of a and b.

Fig. 2

If the problem of technical realization and effectiveness of compression is not dealt with
the chosen value a is determined by the burst “prehistory” duration, the experimentator is
interested in, but the value b is defined by the duration of decay of seismograph pickup
oscillation. Various combinations of a and b are possible. For example, there is either a = 0
or b = 0 in the simplest case. Further we shall not discuss various combinations of
parameters as they are determined only by the experimental objectives instrument
performance characteristics and technical requirements.



As a result of modification each run contains not less than a+b+1 samples. Many runs are
combined as compared with the initial algorithm according to a = b = 0 (Fig. 2 illustrates
the latter). It is natural that in this case it is expedient to use only one method of address
formation, the signel address for the run. Therefore in calculating the compression ratio the
expression (3) should be used with changes that take into account decrease of m and
increase of run lengths.

(4)  Recording of generalized runs-2

With increase of a and b the compression ratio K2 can decrease rather essentially.
Therefore the previous method can be slightly changed.

Let us consider the runs of samples to be registered that have been determined in the
previous item. Sometimes it seems possible not to record the first values of a and (or) the
last b of insignificant samples. As a result the slightly changed form of generalized run is
obtained which can be defined as follows:

a)  The run begins with a significant sample which is preceded by not less than a
insignificant samples.

b)  The run ends by a significant sample which is followed by not less than b insignificant
samples.

c)  Just the same as in the previous item.

And as before the expediency of description of run addresses rather than individual
samples is obvious. In calculating the compression ratio Eq. (3) should be also used taking
into account the change of m and Ri , i = 1, 2, .... m.

(5)  The elimination of “isolated” significant samples-   The duration of the investigated
phenomena (earth-quake, etc.) allows to confidently affirm that during the burst a great
number of significant samples is recorded. But the latter means that “isolated” rare
significant samples can be caused by fluctuations at the quiet part and they can be omitted.

We can regard a significant sample as isolated (not to be recorded) if it is preceded and
followed by not less than C insignificant samples.

The experimental results.   For an experimental estimation of the efficiency of the
algorithms suggested the real seismogram was used a fragment of which is given in Fig. 1.
Three-component seismograph was used for recording the total duration of which
corresponded to 12 hours of observation. A single recording component was processed. A



number of quantization levels on the digitized seismogram was 2s = 128; the flame length
was chosen to be equal to 128 samples (it corresponds to s = t). The whole seismogram
used was divided into 424 frames, the event being recorded over the interval equal to 20
frames, the rest of 404 frames can be used for the quiet parts.

The analysis of the recording at the quiet parts showed that zero bursts (or microseisms)
rarely exceed the value of three quantization levels, hence during the experimental study
d = 3 was chosen. The analysis of frames containing the event registered showed that
according to the first two compression technique modifications only 80% of samples at the
parts being of interest for investigator were transmitted. To improve this value other
algorythms of compression were also considered and choosing a = b = 3 or 5 in frames
containing the event almost all the samples are transmitted.

The calculation results are summarized in Table I. Here (i) i = 1, 2, 3, 4, 5 denotes the
number of the compression techniques used according to items of the previous section.

Table I

On the complexity of technical realization of the methods described   To realize the
methods using the concept of generalized runs given above the internal memory is needed.
It is due to the necessity to record sometimes insignificant samples in a combination with
significant ones. In particular, for the realization of (3) and (4) methods while dividing
sequences of samples into runs it is necessary to store (a + b - 1) successive insignificant
samples that requires (a + b - 1) log2 d bit storage cells. Using the most effective method
(5) together with (3) and (4) the device that singles out generalized runs should be
preceded by another device for recognition and omission of the isolated significant
samples.
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Summary.   As the volume of aerial photographic data increases in various applications,
there is increasing demand for automated data analysis. Faster and larger computer alone is
not the solution. In this paper effective and computationally efficient techniques for
computer processing of the aerial photographic data are presented. They include: (1)
picture data compression, (2) feature exttraction using the histograms of the original and
sharpened pictures, (3) sequential target and classification, (4) threshold selection, and (5)
Walsh power spectrum analysis. All of these techniques may be incorporated in a fully
automated data analysis system to meet certain real-time on-line system requirement.

Introduction.   In spite of the advance of a number of remote sensing techniques, taking
aerial photographs remains to be an effective way to collect information on the ground.
Processing of the aerial photographic data is presently performed almost exclusively
manually, although there is an obvious need for atuomatic analysis of such data. There are
two major areas of automation in data analysis. The first involves A/D and D/A interfaces,
displays, coordinate transformation and correction, etc. The second is the digital
processing to extract useful information from the data. Only the second area is considered
in this paper. To derive useful information may require picture enhancement by digital
means or decision making to detect or classify the objects, etc. Although a large number of
digital filtering, pattern recognition, and picture bandwidth compression techniques have
been developed, they are generally not cost-effective. Cost or computation time should be
a major consideration on automated image data analysis. The following simple and
efficient procedures are presented in this paper for computer processing of aerial
photographic data: (1) picture data reduction and smoothing, (2) feature extraction from
grayscale histograms, (3) sequential target acquisition, (4) threshold selection, and (5)
Walsh power spectrum analysis. It is felt that these axe useful techniques for automatic
aerial photographic data analysis in realtime on-line digital processing systems.



Picture Data Reduction.   Image data usually contain too much information to be handled
effectively by the computer. The area of data reduction for picture bandwidth compression
has been well studied in recent years. Its objective is to reconstruct the transmitted image
at the receiving site as accurately as possible. For the purpose of pattern recognition, data
reduction is to remove the irrelevant details and to retain only the discrimination
information. Thus the objective is to reduce the amount of computation for classification
with minimal loss of recognition accuracy.

Figures 1 and 2 are examples of aerial photographs considered. The pictures are digitized
and then quantized into 256 possible gray levels. In this case each digitzed picture is a
1024 x 1024 array of points. The data at each point can be further quantized into two
levels, 0 and 1. The picture is now represented by strings of 1’s and 0’s which are
particularly convenient for computer storage, processing and data transmission.. For data
reduction, every 3 x 3 matrix of binary points can be reduced to one point by thresholding.
If the total number of 1’s exceeds 4 then the 9 points are replaced by a single point 1,
otherwise the point 0 is used. The 9 to 1 compressed (reduced) picture will again be
represented by strings of 1’s and 0’s. This kind of operation can easily be performed by
using APL (a programming language). A sample APL program for picture reduction is
shown in Figure 3. Figures 4 and 5 are 9 to 1 compressed pictures corresponding to
Figures 1 and 2 respectively. Figure 6 is a 25 to 1 compressed picture for Figure 2. Only
the target (object) areas are shown for compressed pictures. The simple decision operation
removes low-level noises and thus provides data smoothing. The isolated data points are
also considerably eliminated by data reduction. High-level noise, however, causes errors in
decision and picture reduction must then be preceded by filtering to remove the noise. The
maximum allowable picture reduction depends on target size and the objective of data
analysis. If the objective is to detect or classify the target, then a considerable amount of
reduction (i.e. greater than 25 to 1) is allowed. If image enhancement is desired, the
amount of reduction should be small (say 9 to 1 or less).

Feature Extraction Using Histograms.   Since gray-scale histogram contains essential
statistical information of a picture, useful features may be derived from histograms.
Variance of the histogram is a useful but not necessarily effective feature. For aerial
photographic data, the histogram is normally a bimodal or unimodal distribution. If the
target and the background are well separated, the histogram is bimodal, otherwise it is
unimodal. The degree of bimodality of the gray-scale histogram provides a good indication
of the existence of a target. An empirical measure of bimodality is defined as

The degree of bimodality can be improved by sharpening the picture when the noise level
is low. Unimodal may become bimodal by sharpening. Figures 7 and 8 are the two-level



gradient pictures of the target area corresponding to Figures 1 and 2 respectively. The
targets are much more clear in the gradient picture than in the original picture. Thus the
degree of bimodality of the original or sharpened picture is a useful feature which can be
derived from histograms.

Sequential Target Acquisition.   For the 13 aerial photographs available, computer
experiment on sequential target acquisition has been performed. For each picture, five 100
x 100 subpictures are selected and one of the five contains the real target. The histogram
of each subpicture is determined and recognition proceeds as follows.

Step 1.  Check the existence of bimodal distribution.

Step 2.  Measure the quantity *. The smaller the *, the more likely the target is located. If
none of the subpicture has bimodal distribution, the decision is to reject. Among the 13
pictures, two are rejected, one is decided incorrectly; the remaining pictures are decided
correctly. The sequential method appears to be quite effective in detecting the existence of
a target. Although the bimodality is measured manually here, the process can be automated
by additional software. For the pictures rejected, the gray-scale histogram of the gradient
pictures can provide better recognition results. It is noted that the hardware for computing
histogram is commerciallyavailable.

Threshold Selection.   To generate a binary, i.e. two-level picture, it is necessary to
determine a good threshold. When the target and the background are well separated, the
valley is a good place for locating the threshold if the two peaks are nearly equal in height.,
This, however, is not the case for the 13 pictures available. Threshold selection may be
considered as an unsupervised signal detection problem which requires evaluating the
mean and variance of each component Gaussian density. Some a priori knowledge is
available about the background making it easier to determine the threshold. Our experience
indicates that the threshold should be located closer to the target side on the valley. To
automate the selection, computational algorithm must be developed. For unimodal
histogram, gray-scale normalization and gradient operation are needed to obtain a bimodal
histogram.

Walsh Power Spectrum.   Among all orthogonal transforms, Walsh transform requires
the least amount of computation. Its performance is close to other transforms where fast
algorithms are available. For a given subpicture, the Walsh power spectrum is obtained by
first taking the Walsh transform and then computing the power at each sequency
component which is the sum of squares of the Walsh transforms at the same sequency. It is
noted that the Walsh matrix must be arranged in sequency order. For a 16 x 16 subpicture,
the Walsh matrix W is given by



The Walsh transform is obtained by pre-multiplying and post-multiplying the picture
function (an array of numbers representing the gray levels) by the matrix W. The ratio of
a.c. power to the total power has been shown experimentally to be an effective measure for
detecting and classifying a target. The a.c. power is an indication of the variation of object
boundary in the subpicture.

Conclusion.   We have presented several effective and conputationally efficient techniques
for automatic analysis of aerial photographic data. All of these techniques may be
incorporated in a fully automated data analysis system to meet certain real-time on-line
system requirements.



Fig. 1  Aerial Photograph Considered (Target:  truck)

Fig. 2  Aerial Photograph Considered (Target:  car)



Fig. 3  Sample APL Program for Data Compression

Fig. 4  9-to-l Compressed Picture of Target Area in Fig. 1



Fig. 5  9-to-1 Compressed Picture of Target Area in Fig. 2

Fig. 6  25-to-1 Compressed Pictures of Target Area in Fig. 2



Fig. 7  Two-level Gradient Picture of Target Area in Fig. 1

Fig. 8  Two-level Gradient Picture of Target Area in Fig. 2
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Summary.   The vocoplexer is a system which permits a reduction in the data rate
required to transmit voice signals when many such signals are multiplexed onto a common
digital line. This is accomplished through the use of a coding technique which is based on
the statistical properties of voice signals.

The reduction in data rate that can be realized by the vocoplexer is a function of the speech
quality required. Typically, for a speech quality equivalent to PCM at 8,000 samples per
second and five bits per sample, a reduction in data rate to about 1/3 can be accomplished.
The descriptions in this paper are based on this quality requirement. However, for a
somewhat reduced quality requirement, even greater savings can be accomplished. For
example, if quality equivalent to PCM at 8,000 samples per second at four bits per sample
is adequate, the vocoplexer will require approximately 9,600 bits per second. For quality
equivalent to delta modulation at 18,000 bits per second the vocoplexer requires
approximately 6,400 bits per second per voice channel.

Vocoplexer Description.   Before proceeding to a discussion of the vocoplexer and the
principles on which it is based, it is useful to review the operation of a conventional
multiplexed PCM voice system. It has been found that acceptable voice quality and
intelligibility can be achieved when voice signals are sampled at approximately 8,000
samples per second and each sample is quantized to 5 bits. Based on these parameters, a
conventional approach for multiplexing 60 voice signals onto a common line is illustrated
in Figure 1. Each of the 60 voice signals is sampled sequentially and each resultant voltage
sample is then converted into a 5-digit binary number. This yields a sequence of 60 5-bit
numbers in a sampling period of 1/8000 of a second. This process is repeated every 1/8000
of a second so that each of the voice signals is sampled and converted into a 5-bit binary
number 8,000 times a second. This process yields a stream of binary digits at a rate of 60 x
5 x 8,000 = 2,400,000 bits per second, which can then be transmitted over any binary
communication system. In any practical system additional bits have to be provided for
various synchronization purposes. These, in general, are a function of the particular
communication system and will be neglected in this discussion.



Figure 1.  Multiplexed PCM System for 60 Voice Channels

The vocoplexer takes advantage of the statistical properties of a voice signal in order to
permit a reduction of the data rate required to carry voice signals, while maintaining the
quality of each signal. If a voice signal is quantized and the frequency of occurrence of
each of the quantum levels is measured, it is found that the zero-level, or the levels about
zero, occur much more frequently than other levels. Furthermore, the low levels occur
much more frequently than the high levels. This is illustrated in Table 1, which shows the
frequency of occurrence of the various levels which exist when a voice signal is quantized
to 5 bits, or 32 levels. Table 1 is based on measurements which were obtained for each
speaker in a two-way conversation in which each of the participants was quiet
approximately half of the time. It should be observed that the +0 and -0 levels occur much
more frequently than any of the other levels. In fact, they occur more than 4/5 of the time.
Furthermore, the small quantum levels occur much more frequently than do the large
quantum levels. It is this set of facts which is used to reduce the required data rate when
such signals are multiplexed onto a common line.



TABLE 1
STATISTICAL DISTRIBUTION OF VOICE SIGNAL

LEVELS IN TWO-WAY CONVERSATION

The binary representation shown in Table 1 is one of a number of standard representations
that can be used. This particular representation will be used in the fixed sampling rate
vocoplexer to be described in this paper. In the binary representation shown, the last bit
indicates the sign, a 1 representing plus and 0 representing minus. The first four bits
represent magnitude in a conventional binary counting arrangement.



Now consider that a sequence of 60 voice signals have been sampled and quantized. A
typical sequence of 60 5-bit words, which would result from such a procedure, is shown in
Table 2. The frequency of occurrence of the various words shown in Table 2 is in
accordance with the probabilities given in Table 1. It will be observed, in general, in
Table 2 that ZEROS occur much more frequently than ONES. In particular, in the row of
symbols representing the most significant bit, ONES occur very infrequently. In fact, based
on the probabilities given in Table 1, it can be computed that the probability that the most
significant bit will be a ONE is 0.01. ONES will occur in the second most significant bit
slightly more often. The probability of the second significant bit being a ONE is 0.035.
The probability that the third most significant bit will be a ONE is 0.068, and the
probability that the least significant bit will be a ONE is 0.097. The probability that the
sign bit will be a ONE is 0.5 since plus and minus voltages occur with equal probability.

TABLE 2
A TYPICAL SEQUENCE OF BINARY

VOICE SAMPLES



The sequence shown in Table 2 is transmitted in the following manner. Starting with the
column representing the most significant bit, count the number of zeros which occur until a
ONE is encountered. Write down this number plus one; then write down the sign bit in the
word in which the ONE has occurred. If 30 ZEROS are counted before a ONE occurs,
write down 31 followed by a zero and resume counting. After this procedure has been
completed for the column representing the most significant bit, continue with the second
column, then the third column, and finally the fourth column. If this procedure is followed
with respect to the sequence shown in Table 2, the sequence of numbers shown in Table 3
will result. For convenience these numbers are called location numbers. As shown in
Table 3, at the end of the frame the number 0 followed by a 0 is written. This serves as a
frame sync signal.

TABLE 3
A SEQUENCE OF LOCATION NUMBERS DERIVED FROM TABLE 2

It is clear that, except for the sign bit associated with the zero-level, the original binary
sequency given in Table 2 can be exactly reproduced from the location numbers given in
Table 3, and in fact there is some redundancy with respect to the sign bit. Each of the
numbers in Table 3 is less than 32 and, therefore, each of these numbers can be
represented by a 5-digit binary word. This representation is shown in Table 4. The sixth bit
is, of course, the sign bit from Table 3. It can be seen that the original sequence of 60 5-bit
words given in Table 3 can be exactly represented by the sequence of 16 6-bit words given
in Table 4. Thus, for this particular example, 96 bits are required to represent the original
300 bits.

TABLE 4
A SEQUENCE OF BINARY NUMBERS REPRESENTING THE

LOCATION NUMBERS OF TABLE 3

In a fixed sampling rate system a sequence of 60 5-bit samples as shown in Table 2 will be
generated every 1/8000 of a second. Since, however, the number of ONES which occur in
such a sequence is variable, the number of location numbers corresponding to the 60 5-bit
samples will be variable. The digits illustrated in Table 4 must, however, be transmitted at
a fixed rate over the communication system and, therefore, buffers are required. The basic



principles involved in the use of the buffers are described here. Consider that the
communication system is to transmit 120 bits in the 1/8000 of a second in which the 60
voice channels are sampled. The communication system can then transmit 20 6-bit location
numbers corresponding to the 60 5-bit voice samples. If, as illustrated in the example
given, fewer than 20 location numbers are required to represent the 60 voice samples, the
remaining slots are filled with 0(0)’s. If however, more than 20 location numbers are
required for some particular sequence of 60 voice samples, then there will be a buffer
overflow and some information will be lost. Since the location numbers corresponding to
the least significant bits occur last, when a buffer overflow occurs, information concerning
the least significant bits will be lost. Thus, the effect of a buffer overflow is simply to
reduce the fineness of quantization from 5 bits to 4 bits. This occasional loss of the least
significant bit has a negligible effect on intelligibility or quality.

System Analysis.   As was pointed out in the previous section, when the number of
location numbers required to represent a frame of 60 voice samples exceeds 20, a buffer
overflow will occur and information will be lost. In this section the probability of buffer
overflow will be computed. This computation will be carried out for the system parameters
used in this paper, namely, a location-number-buffer capacity of 20 6-bit numbers to
represent 60 5-bit voice samples.

The following method will be used in computing overflow probability. Compute first the
average number of location numbers required to represent the most significant bits in the
60-sample frame; then compute the average number of location numbers required to
represent the first and second most significant bits; then compute the average number of
location numbers required to represent the first, second and third most significant bits; then
compute the number of location numbers required to represent the first, second, third and
fourth most significant bits. (These are all of the magnitude bits for the 5-bit sample.) Now
compute the variance of the number of location numbers required, respectively, for the
most significant bit, the first and second most significant bits, the first, second, and third
most significant bits, and the first, second third, and fourth most significant bits. Now, if
the approximation is made that the required number of location numbers is normally
distributed, the probability that this number will exceed the location-number-buffer-
capacity can be computed from a knowledge of the average and variance. In fact, we can
thus compute the probability that the buffer capacity will be exceeded for all of the
magnitude bits, for the first three most significant bits, for the first two most significant
bits, or for only the most significant bit. In this way we can determine the probability that
the system will degenerate in quality to the equivalent of a four-bit system, a three-bit
system, or a two-bit system.

In the Appendix it is shown that the average number of source bits that can be represented
by one location number is given by:



(1)

where

p is the probability of a ONE
q is the probability of a ZERO (q = 1 - p)
n is the number of consecutive ZEROS for which we record 31 and start counting

again. (In the system that has been described n = 30.)

The average number of location numbers required to represent a string of 60 source bits is
then:

(2)

From Table 1, it can be computed that the probability that the most significant bit is a ONE
is 0.01. The probability that the second most significant bit is a ONE is 0.035. The
probability that the third most significant bit is a ONE is 0.068 and the probability that the
least significant bit is a ONE is 0.097. We then compute the average number of required
location numbers:

n̄L = 2.2 6 for the most significant bit
= 3.26 for the second most significant bit
= 4.57 for the third most significant bit
= 6.10 for the fourth most significant bit

To compute the variance in the number of required location numbers we assume that
ONES are generated by a Poisson process and make the approximation that the variance in
the number of location numbers is equal to the variance in the number of ONES. The
variance is then given by:

Var nL = Np (3)

where

N is the number of source bits (N = 60)
p is the probability of a ONE.

Using Equation (3) we can compute for the variance of the required number of location
numbers:



Var nL =  0.59 for the most significant bit
=  2.14 for the second most significant bit
=  4.07 for the third most significant bit
=  5.80 for the fourth most significant bit.

Summing means and variances we can compute:
n̄L = 5.52 and

Var nL = 2.73 for the first and second most significant bits;
n̄L = 10.09 and

Var nL = 6.80 for the first, second and third most significant bits;
n̄L = 16.19 and

Var nL = 12.60 for the first, second, third and fourth most significant bits.

Since the capacity of the location number buffer is 20, and one slot must be reserved for
the frame synchronization number 9(0), an overflow will occur if the required number of
location. numbers exceeds 19. If we make the approximation that the required number of
location numbers is normally distributed, we can find from tables of the gaussian
distribution the probability that this number exceeds 19, since we have the mean and the
variance.

We find that the probability of an overflow is:

Pr (overflow) = 0.21 for the least significant bit
= 3 x 10-4 for the third most significant bit
~ 0 for the second most significant bit
~ 0 for the most significant bit.

Thus we see that, on about 1/5 of the voice samples, the fineness of quantization will drop
from 5 bits to 4 bits. The probability that the fineness of quantization will degenerate
below 4 bits is seen to be negligible.

Conclusions.   The vocoplexer technique has a number of unique and desirable qualities,
some of which are summarized below.

1. It reduces the required data rate per voice channel, thus permitting the use of a
transmission channel with lower capacity for any given number of voice channels; or
equivalently, for a given capacity of the transmission channel more voice signals can
be carried.

2. It is easily implemented since it is based on standard digital techniques.



1 Jolley, L.B.W., “Summation of Series,” New York, Dover, 1961, pg. 2.

3. It is relatively inexpensive since it requires very little equipment beyond that which is
required for a standard voice multiplexed PCM system and much of the additional
equipment is shared among all the voice channels.

4. It is very flexible, being adaptable to a variety of conditions and requirements for
voice quality.

5. It degrades slowly with increased loading. The effect of adding channels is simply to
reduce quantization.

6. It performs well in the presence of noise or transmission errors. The effect of errors
on the data stream is less severe when the vocoplexer is used than when a
conventional multiplexed PCM system is used.

Two versions of the vocoplexer have been built: one for the Air Force under contract
F30602-71-C-0357, the other for the Army under contract DAAB07-73-C-0064.

APPENDIX

The Average Number of Source Bits that can be Represented
by One Location Number

Let p be the probability of occurrence of a ONE and q = 1 -p be the probability of
occurrence of a ZERO. Let n be the number of consecutive ZEROS for which we record
31 and start counting again. Let n̄s be the average number of source bits that can be
represented by one location number.

To compute n̄s, note that the probability of a sequence if i ZEROS followed by a ONE is
pqi, the probability of a single ONE is p, and the probability of n consecutive ZEROS is qn.
Note further that a single location number is used to represent any of these cases with
0#i<n. Thus:

But1



Then we have:

Since p = 1 - q

which is the desired result.



NEW ADAPTIVE METHODS FOR PARTICLES FLUX
INTENSITY MEASUREMENT REDUNDANCY

REDUCTION AND THEIR EFFICIENCY

V.P. EVDOKIMOV AND V.M. POKRAS
Institute for Space Research, USSR

Summary.   Particles flux intensity measurements redundancy reduction algorithms are
proposed. Accuracy criteria consists in limiting of a samples relative error maximum value.
The algorithms are based on prediction or interpolation operations with a variable
threshold, adaptive to a changing flux intensity. A formula for computation of an adaptive
threshold zero order predictor compression ratio is deduced. Computed values show good
coincidence with those received by signal and algorithm computer simulation. Adapter
threshold zero order predictor (AT-ZOP) and first order interpolator (AT-FOI) algorithms
applied to real telemetry data reveal their high efficiency as relating to attainable
compression ratios. Algorithms compression ratio comparison results in predictor
advantage against interpolator and unsignificantly small predictor loss when preliminary
data smoothing is applied. Compression ratios for joint application of background removal
[2] and adaptive predictor algorithms are also evaluated. AT-ZOP simplicity and high
efficiency allow to recommend it for use in particle flux intensity measurements
redundancy reduction systems.

1.  Redundancy reduction algorithms.   Particle flux intensity measurements are an
important part of many scientific experiments on board the spacecraft. It is often supposed
that particle flux with certain characteristics is described by a single parameter, mean
number of particles per time unit (intensity) 8 . Flux-measuring gauges usually consist of
sensors where an electric pulse appears at the output if a particle with certain
characteristics arrives at the input and of counters for registering number of pulses during
accumulation time T. number of pulses registered during successive time intervals T has
Poisson probability distribution

where M = 8T is a mean number of particles for T. We suppose here that accumulation
time T is chosen to be of such a value that with a small error 8 may be considered constant
over T. Particles number dispersion over T is equal to its mean value,                             .
Having successive particle counts over Ti it is possible to determine values of 8 that the
experimenter is interested in. Number of particles registered at each time interval is the



maximum likelihood estimate for its mean value M [1]. Flux intensity estimate over Ti is
equal then to                              . Statistical scatter, determining measurement’s accuracy
for M is then

If 8 = Const and T is increasing, then estimate accuracy for may be very high. The upper
limit of T depends on rate of change of 8 with time that is of interest for the experimenter.
He usually sets lower and upper limits for intensity change 8min + 8max. The accumulation
time is chosen according to the rule that statistical scatter *x /,M for 8 = 8min must not
exceed a certain preset value. If accumulation time is constant and intensity is increasing,
than measurements accuracy becomes higher. If the experimenter does not get additional
information owing to higher accuracy for 8 > 8min then part of successive counts becomes
abundantly accurate. If one plans to have constant accuracy for any 8 from a given range
then there appears a possibility to trade this statistically abundant accuracy for experiment
data redundancy reduction. To make it possible one has to apply intentional error insertion
into these counts that correspond to 8 > 8min. Inserted error absolute value must be a
variable that becomes bigger for increasing 8 . Algorithms that have such quality of
making absolute error grow in accordance with growth of 8 are based on insertion of
relative error, not exceeding the preset value E, into the abundantly accurate counts. Such
a requirement of having the relative error constant throughout the whole change range of  8
is usual for the experimenter.

If we substitute 8 in this expression by it’s maximum likelihood estimate we have then
inequality which forms the background for possible redundancy reduction algorithms

Let’s consider an algorithm that makes use of prediction operation to form the estimate       
         .It is a modified zero order floating aperture predictor.

1 step - The reference count Xi is transmitted
2 step - Adjustable threshold for counts comparison is formed                     . It depends

on reference count.
3 step -



4 step -

1 step - The reference count Xi is transmitted.

2 step -

3 step -

4 step -

5 step -   All intermediate counts Xi+k , where i < K < n) are to be checked for being
located between upper and lower estimates straight lines, i.e. the following
inequality fulfillment is being checked

If this inequality is correct then all the intermediate counts are set aside, the 2 step is
repeated, where n changes for n+1.
If one or more counts are located beyond the estimates straight lines then the 1 step
is repeated where i changes for i + n - 1.

Inasmuch as counts Xi are acting estimates for M = 8T and the threshold Z is proportional
to the flux intensity, both algorithms become adaptive to the flux intensity. As the intensity
estimate is defined at each step by only one count there exists no other constraints for the
8 change rate except for those that were taken into consideration at choosing accumulation
time T.



2.  Algorithms efficiency for simulated signal.

Let us define the maximum value of relative error inserted into abundantly accurate counts.
If estimates are taken instead of passive counts then relative error will have its maximum
for those counts that are located on the lower estimate line. For the predictor the reference
count Xi becomes an estimate and

For the interpolator 
and

or

If Emax is given then it is possible to define the threshold relative value.

To calculate possible predictor compression ratios let us take Poisson independent counts
as a flux model. The probability of the event that the count is active is equal to

It is defined by the difference of two Poisson random values. For this difference a
probability is know [1]

where L and 8 are intensities.

Direct calculation with such a formula for 8 and L values of practical interest is impossible.
If 8 and L are close to each other and large, E is small then difference probability
distribution may be taken as approximately normal. We have then the following formula
for active count appearance probability



where

Compression ratio (without additional timing information) is equal to

Fig. 1 shows compression ratios for different and E = 5, 10, 15% of the count’s magnitude.
Kc values fastly grow for 8 > 100. To define relative error dispersion             ,
reconstructed counts flux intensity and it’s dispersion, formula (2) approximation accuracy
the Poisson counts flux with given intensities was simulated on a digital computer.
Simulation results are shown in Table 1. Compression ratio Kc and maximum relative error
Emax values received by simulation show good coincidence with those that were calculated
with the help of formulas (1) and (2).

3.  Algorithms efficiency for real telemetry data.

For algorithms efficiency estimation real telemetry data obtained on “Prognoz-3" satellite
in May 1973 were used. The scientific load on board includes devices for electrons,
protons and X-ray emission measurement for different energy ranges,

Processed communication sessions contained information about rise and fall of a solar
burst. At this period the particles flux intensity increased in great extent, but there were no
big changes of 8 during considerable part of the session.

Logarithmic counters with reset to zero and analog logarithmic intensimeters were applied
for measurements. 3 binary digits were used for exponent of measured number and 4 - for
mantissa.

The accumulation time was equal to sampling period and was about 41 sec. Analog
intensimeters time constant was considerable less than sampling period that resulted in
additional counts error. To decrease this error the counts of analog intexisimeter output
were smoothed before compressions.

The linear sliding smoothing for 3 and 5 points were used.

To define the influence of parameters smooth on the compression efficiency the counts at
the logarithmic counters output were also smoothed.



To illustrate the results of proposed algorithms application following signals were
considered:

Channel 1 - logarithmic electron flux counter for energy range E > 25 kev.

Channel 2 - analog logarithmic electron flux intensimeter for energy range E >500 keV.

The intensity could change from 10 to 104 particles per sec.

The above mentioned algorithms were applied to calculate compression ratio and relative
errors.

The values of data compression ratios and mean squared relative error are given in Table 2
for the predictor and in Table 3 for the interpolator.

It is interesting to note that the compression ratio values for interpolator without smoothing
are smaller than those for predictor.

If extent of smoothing is increased application of interpolator have some advantage, but so
insignificant that interpolators application is not advantageous.

The affect of smoothing on compression ratio is more considerable for the channel with
analog intensimeter. 5 points smoothing gives only a small compression ratio gain than 3
points one.

Taking into account the fact, that the contribution of the events with great intensity
increase above background level in total measurements set is rather small, efficiency of
combined application of zero predictor with adaptive threshold algorithms and background
removal algorithm described in [2] was also studied. This algorithm is based on counts
summing and particles counter reset only if accumulated number of particles exceeds a
threshold B , which is given by experimenter and depends on background level. Usually
this threshold is defined by the particles number when statistical scatter becomes less than
some fixed value. The sums which exceed the threshold form a new sequence of counts.
This one is then processed by means of zero order with adaptive threshold. The total data
compression ratio for both algorithms application is equal to:

Kctotal = Kcbgr x KcAT-ZOP

It should be noted that for calculation of real compression ratio an additional data about
counts number when the counts some exceeds the threshold is added.



The results of compression ratio calculation (without additional data) and mean squared
relative error are given in Table 4. The thresholds are equal to 100 particles per
.accumulation time T for logarithmic counter and 10 particles per second for analog
intensimeter.

Combined application of the zero order predictor with adaptive threshold and the
background removal algorithm leads to sufficient increase of total compression ratio.

Simplicity and high efficiency of zero predictor with adaptive threshold for real telemetry
data allow to recommend their application in data compression systems for particles fluxes
intensity measurements.
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REAL TIME DATA COMPRESSION FOR RAE-B
SPACECRAFT CAMERA

W.H. MILLER
NASA-Goddard Space Flight Center,

Greenbelt, Md.

ABSTRACT:  A real time data compression unit was designed and fabricated for the
Radio Astronomv Explorer Lunar Mission Antenna Aspect Camera. The camera takes a
panoramic view of spacecraft, moon, etc. of ±35 degrees by 360 degrees. This data
compressor combined information reduction and redundancy reduction. The information
reduction was accomplished by subsampling (used every fourth line): and the redundancy
reduction was accomplished by an adaptive run-length encoder. The adaptive run-length
encoder used a zero-order predictor. Two different maximum run-lengths were used with
two different data formats. Selection of the operating format depended on the sampled
gray level compared to a fixed threshold.

Statistical data and images indicate that the redundancy reduction technique yields a
compression ratio of 8:1. Thus a combined compression ratio of 32:1 was obtained on an
entire panoramic view.
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CHARGE COUPLED DEVICE (CCD) ANALOG
SIGNAL PROCESSING*
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Summary

A discussion of the CCD basic building blocks for analog signal processing with particular
emphasis on application for telemetry. Serial in/Serial out (SI/SO) blocks provide time
base translation electrically alterable delay, and sequential TDM filters, Parallel In/Serial
Out blocks are useful in time divisions multiplexing (TDM) and Serial In/Parallel Out
blocks for variable tapped delay lines, filters and correlators. Combinations of the above
linear or one-dimensional blocks provides two-dimensional arrays for filter banks, multiple
correlators, etc. Particular telemetry applications are FM filters, Parallel Correlators,
Matched Filters, Single Sideband Modulators and Adaptive line equalizers.

1.0   Introduction

A simplification of the charge-coupled (CCD) analog shift register is shown in Figure 1.
The timing is arranged so the switch toggling frequency is one half of the four-phase clock
frequency. Thus, the input sampling switch, S1, alternately samples data and zero
reference. At the output, swithch S2 clamps during zero reference, samples during data,
and holds when it is not actually sampling. The output holding capacitor, therefore,
contains only the “time-stretched” data samples. In a shift register having N pairs of
stages, there will be N signal samples and N zero reference samples, each of duration T/2.

Figure 2 illustrates some key waveforms which are applied to the CCD analog shift
register. The waveforms 0/ 1, through 0/ 4, are the four-phase clocks whose function is to
propagate charges down the line without dispersion. Waveform S1 demonstrates the switch
functions; data is sampled in the up position and zero reference is sampled in the down
position. Vo demonstrates the appearance of the delay line output voltage with the alternate
data and zero reference outputs confined to 3/8T. S2 demonstrates the output processing
functions: the data is sampled in the up position, the zero is clamped in the down position,
and the data is held when it is not sampled (center and down). The interval from data
sample to data sample is T and the total transport time is NT where N is the number of 



Figure 1.  Charge Coupled (CCD) Analog Shift Register1

Figure 2.  Basic CCD Four-Phase Clock Timing1

CCD analog delay line data stages. Thus, the signal delay for a serial in/serial out (SI/SO)
CCD analog shift register is,

J = NT = N/fc (1)

which illustrates the electrically alterable delay feature of the CCD delay line. Since the
Shannon Sampling Theorem requires the analog signal to be sampled at least twice during
its period we may write,

(2)

and the time-delay signal bandwidth product becomes,

(3)



The low frequency limit is set by the thermal leakage current which accumulates in each
stage, and the upper frequency limit is determined by input injection limitations and
transfer efficiency.

Figure 3 illustrates a cross-section of a four-phase electrode CCD with transfer and storage
electrode dimensions. The CCD is fabricated with MOS silicon technology and the
insulator is a dual dielectric comprised of silicon nitride (Si3N4) over thermal silicon
dioxide (Si02). The electrodes are fabricated with polycrystalline silicon and aluminum.
This structure is an overlapping electrode configuration with coplanar electrodes for
uniform charge handling capability. The overlapping electrode feature provides a “sealed”
CCD surface and stable operation over temperature-bias excursions.

Figure 3.  Cross-section of Four-Phase CCD Stage Delay

2.0   Signal Transport in a CCD

The CCD delay line2,3 provides a unidirectional transfer of signal charge qs(x,t) from one
storage cell to another adjacent cell. The signal charge is designated in cell x at time t,
where x and t assume integer values; i.e., the unit of distance is the cell-to-cell separation
X0 (center-to-center), and the unit of time is the stepping interval T (clock period).

The frequency response of the CCD delay line may be calculated from a discrete
frequency expression for the signal charge:

qs(x,t) = , qs(x,t-1) + (1-,) qs (x-1,t-1) (4)

where , is the transfer inefficiency per stage delay with typical values of , # 10-4 for
f < 1 MHz. Since equation (4) is a discrete set of signal values in the time domain, we may
transform the signal charge to the Z-domain.

Qs(x, Z) = Z1[,Qs(x, Z) + (1-,)Qs(x-1,Z)] (5)



The transfer function of a N-stage CCD delay line becomes4

(6)

and the substitution of Z = ejTT = ej2Bfs/fc into equation (6) yields the amplitude and phase
characteristics shown in Figures 4 and 5, respectively5, for various values of N,. The
signal frequency fs # 0.5 fc as restricted by the Shannon Sampling Theroem which states
that a band-limited signal fs may be reconstructed from samples taken at time intervals
T = 1/fc. The phase deviation )0/ (fs) is the departure from linear phase shift. The insertion
loss of the CCD delay line is less than 2 dB at the Nyquist limit (fs = 0.5 fc ) if N , <0.10
and the maximum phase deviation at fs = 0.25fc is less than 3E.

Figure 4.  Amplitude attenuation characteristics as a function of fs/fc

for various values of N,

2.1   Frequency Dispersion

This dispersion can be viewed in the frequency domain as a shift in the filter response
frequency with the maximum shift at one-half the clock frequency.

(7)



Figure 5.  Phase Deviation as a function of fs/fc for various
values of N,.

2.2   Amplitude Dispersion

The signal is “dispersed” or spread-out in time as a result of the finite transfer inefficiency
, and the number of cell N. The dispersion of a single data sample of unit height (i.e., one
propagating storage cell through the delay line) may be determined by the binominal
expansion theorem:

(8)

(9)

Figure 6 illustrates the effect of N, product6 on the shape of a single data sample of unit
height. The total area under the output waveforms is identical to the area under a single
sample at , = 0. The peak of the signal lags by one clock period when N •1/, and
dispersion is minimal for N,# 0.10.



Figure 6.  Degradation (Amplitude Dispersion)6 of a Single
Charge Packet as a function of N,.

3.0   CCD Basic Building Blocks for Discrete Analog Signal Processing (DASP)

Any signal processing system that involves the linear transformation of analog signals such
as correlation, discrete Fourier transformation (DFT), filter banks, matched filters,
multiplexing/demultiplexing, array scanning, orthogonal scan transformation, time base
translation, etc., can be realized with combinations of CCD basic building blocks. In
discrete analog signal processing (DASP), analog data samples are stored, transferred, and
operated upon by analog means, whereas in conventional digital signal processing (DSP),
digital or quantized samples are handled with binary logic. A major advantage of DSP is
retained by DASP, namely the precise transport delay, particularly in relation to coherent
signal processing. The dynamic range of an analog bit in DASP may be thought of as
composed of 6-dB equivalent DSP digital bits. Thus, a typical example of 100 Stage
(N = 100) CCD delay line with 60-dB dynamic range and transfer inefficiencies of ,• 10-4

at 1-to-2-MHz clock rates will provide the equivalent of 1K bit of digital shift-register
memory with an overall signal degradation of 1 percent (i.e., less than 0.1-dB insertion
loss).

One-dimensional basic building blocks7 (linear arrays) are shown in figure 7 and may be
classified according to the characteristic information flow patterns:



(1) Serial in/Serial out (SI/SO)
(2) Parallel in/Serial out (PI/SO)
(3) Serial in/parallel out (SI/PO)

Figure 7.  CCD Basic One-Dimensional Building Blocks7

These fundamental linear arrays may be combined to form area arrays (2-dimensional
matrices) with increased signal processing capabilities. Table 1 provides a partial listing of
applications for these basic building blocks.

3.1   Serial In/Serial Out (SI/SO)

The SI/SO block is a simple CCD shift-register with the characteristics discussed in
sections 1 and 2. In a linear array configuration the SI/SO block provides pure analog
signal delay with the ability to provide time base translation. Typical dynamic range for
present-day SI/SO blocks is 60-80dB with ±1 percent linearity and clock frequencies from
1KHz - 1.0MHz for a 64 analog bit delay line. The clock requirement may vary from
device to device with voltages varying from TTL to MOS compatible. In general, MOS-
type voltage swings are needed (e.g. typically 15-20V, although 10v operation has been
achieved) to obtain dynamic range and frequency response. The capacitance loading for
the drivers is typically 0.2pF/mil 2 of active bit area and for bit areas of 1.5 mil we have
0.3pF/analog bit. Thus, a 64 bit delay line will offer a loading of à20pF/driver. In general,
CCD structures have not been build with interface/buffer circuits, on the chip because of



Table 1

the advanced development nature of the work; however, CCD chips can be fabricated with
MOS, CMOS, or bipolar interface circuits. In order to test SI/SO blocks without on-chip
buffer circuits, a so-called “open collector” driver may be employed. This driver is
relatively inexpensive and provides clock voltage swings of 30V up to 2 MHz clock
frequencies. Clock shaping may be accomplished if desired by the use of a series resistor,
which also protects the drivers in the pull-down transient. A CCD chip should have
protective resistor/diode combinations, similar to MOS-type circuits, to limit the
displacement current and prevent shorting of the input electrodes.

A time multiplexed CCD filter bank1 which used SI/SO blocks is shown in the block
diagram of Figure 8. The Filter-Bank Characteristics are illustrated in Figure 9 for the case
of a uniform filter spacing. Storage and sequencing of the constants is accomplished
digitally using programmable read only memories (PROM) or electrically alterable ROM’s
(EAROM’s). Weighting of the analog signals by the filter constants is accomplished by
means of multiplying digital-to-analog converters. The serial output data is multiplexed
onto N lines by the output sampler which stretches each sample to a width, Ts = NT.
Timing circuitry provides the CCD clock waveforms, the PROM addresses, and the
sampler address.

The 2-D Matrix SI/SO array may be configured in a series-parallel-series (SPS) or
serpentine configuration. The SPS is configured of Series in/parallel out (SI/PO) and
parallel in/series out (PI/SO) register in addition to SI/SO registers. If we have N bits in
the input and output high speed registers and M bits in the low-speed registers, then each 



Figure 8.  Block Diagram of N-channel CCD Filter Bank1

Figure 9.  Uniform Filter Characteristics1



input signal sample sees N+M delays before reaching the output. Thus, a N = M = 100
configuration with 0/ c (high) = 1MHz and 0/ c (low) = 10 KHz can provide a total time delay
of 10 msec with only 200 delays; 100 delays at 1 MHz and 100 delays at 10 KHz. If the
transfer inefficiency , = 10-4 at both clocking rates, then the loss for each signal sample is
200 x 10-4 (2 percent).

3.2   Parallel In/Serial Out (PI/PO)8

The PI/SO block may be used to time division multiplex a number of low data rate signal
channels into a higher date rate output channel. The variations in electrical input may be
minimized with the use of a stabilized charge injection circuit. An N-channel multiplexer
converts N parallel input channels into a single-channel pulse amplitude modulated (PAM)
signal. The input signals are synchronously sampled and the sampler information is entered
into a unique spatial and temporal position in the CCD delay line. Applications include the
multiplexing of many sensor input channels (e.g. electro-optical sensors, acoustical
sensors) into a single video output channel.

3.3   Serial In/Parallel Out (SI/PO)

The SI/PO block can be used for extracting the signal unweighted after a specified number
of delays to provide beam forming in sonar systems, acoustical imaging systems, etc. In
general the tap positions are weighted to provide such functions as filtering, correlation,
transformations, etc. In linear arrays, the SI/PO block is a linear or one dimensional filter
in matrix arrays it becomes a filter bank or multiple correlator.

The tap weights of a transversal filter describe the impulse response of the filter in the time
domain. This is shown in figure 10, where a delay line with 10 cells is tapped and
weighted by resistors summed in an operational amplifier. If a single unit amplitude signal
pulse is introduced into the delay line, the signal will be transferred through each of the 10
storage cells on successive clock pulses and the output signal will be the successive values
of the weights, as shown in figure 11. It is clear that the output is zero before the signal is
introduced and zero again after the signal propagates through the delay line. The duration
of the response caused by an impulse is a number of clock pulses equal to the number of
cells in the delay line. The filter shown in figure 10 is thus a finite impulse response (FIR)
filter.

The discrete Fourier transform of the impulse response is the frequency response of the
filter, thus the Fourier transform of the tap weights shown in figure 10 for the impulse
response shown in figure 11 is the frequency response of that transversal filter. The
function described as an example is the well known Hamming (window) weighting
function which has a frequency response as shown in figure 12. The phase characteristic is 



Figure 10.  11-Point CCD Transversal Filter with Hamming Weights 5

Figure 11.  Hamming Weighting Impulse Response5

Figure 12.  Hamming and Uniform Weighting Frequency Response5



another aspect of frequency domain response which may be important in some
applications. In transversal filters with taps conjugate symmetrical about the center of the
array, the phase is a linear function of frequency.

4.0  Telemetry Analog Signal Processing with CCD’s5 

There are many and varied potential applications for CCD’s in communication equipment.
However, CCD’s in the following applications seem to offer the greatest possible
advantages

1. FM telemetry filter banks
2. Parallel correlation
3. Single Sideband Modulation
4. Adaptive line equalizer.

4.1   FM Telemetry Filters9

Of the many potential applications for the CCD transversal filter in communication
equipment, its use as a FM telemetry filter (bank of filters) is perhaps the application
where it provides the greatest advantages. Its key advantage over a conventional filter is its
linear phase characteristic in the passband which results in a “distortion free” FM output.

The FM bandpass filter selects the subcarrier to be demodulated and rejects the other FM
subcarriers in the multiplex. The typical filter represents a compromise between the
selectivity required to minimize cross-talk and bandwidth phase characteristics required to
minimize distortion. Since amplitude limiting is used in the FM channel, distortion depends
only upon the phase characteristics of the network. That is, if the network (filter) is linear
phase such as a CCD transversal filter, then the output signal is free of distortion.

4.2   Parallel Correlation

In voice and/or data secure communication systems employing encoded transmissions, the
receiver must be “synchronized” to the transmitter for the reception of information. In
these applications, parallel or serial correlation is used for initial synchronization. Serial
correlation is a search mode of operation and is considerably slower than parallel
correlation. However, parallel correlation, which simultaneously compares (multiplies) a
rather large section of the in-coming signal with its replica, requires typically a more
complex circuit. Therefore, in many applications, serial correlation is selected over parallel
correlation. However, a CCD as a matched filter is ideally suited for use as a parallel
correlation in those applications where data rates and therefore receiver IF frequency is not
beyond the capability of the CCD.



4.3   Single Sideband (SSB) Modulation

Single sideband (SSB) modulation is often accomplished by first forming a DSB (double
sideband) signal and then rejecting one sideband by filtering. However because the SSB
filter design requirement is often so difficult, other methods of SSB modulation are
necessary. One of the most useful methods for representing SSB modulation involves the
use of a constant phase delay network (Hilbert transform). Since a CCD transversal filter
or a derivative therefrom can be designed to provide essentially constant delay, it is ideal
for use in SSB modulation.

A block diagram of the constant phase delay SSB modulation is shown in figure 13. The
SSB modulator employs three delay networks; however, only one is constant phase. The
delay network D1 is used to cancel the inherent delay D3 associated with the constant
phase network. The delay D2 provides a phase coherent sin Tct for a cos Tct input. It is
important to note that since ein is an arbitrary function, T is not constant. The constant
phase network must provide the same phase delay for all input values of T. For simplicity,
it will be assumed that the constant phase delay will be       and J3 is an arbitrary delay.
Now, for harmonic functions (voice) and unity gain for each component in the diagram

(10)

(11)

(12)

Let

(13)

(14)



Figure 13.   Block Diagram of the SSB Modulator

The delay J1 represents a uniform time delay for all input signals, therefore, except for
system time response it can be neglected. The output is therefore

e 0 = A(t) cos (T - Tc)t (15)

which is the desired SSB output with Tc the carrier frequency. Although it was assumed
that this SSB modulation design was intended for voice signals, the design is not limited to
voice signals. The limiting factor is the bandwidth of the constant phase network. Analysis
has shown that CCD constant phase networks with a video bandwidth of a couple of MHz
are practical.

Figure 14 illustrates a simulation of 21 tap Hilbert Transformer which is used for SSB
modulation. Figure 15 shows the relative response over the passband. The Hilbert
transform consists of convolution with t-1 and may be written as

(16)

The principle feature of this transform is the phase characteristic of the output signal which
is +     for negative frequencies and  -      for positive frequencies. The selection of tap
weights is determined by an optimization routine which considers in-band ripple, skirts,
and reject band characteristics.



Figure 14.  Tap Weights for Hilbert Transformer - 21 Taps

4.4   Adaptive Transversal Line Equalizer

The electrically programmable transversal filter is well suited to perform many adaptive
filtering functions, especially those employing the least mean square, LMSE, algorithm.10

As an example, the CCD implementation of an adaptive line equalizer for a data
communication system will be described briefly.

The functional block diagram is shown in figure16 . The signal vector sn is a set of signal
samples taken at each bit clock interval from the tapped delay line. The weighted sum of
each signal vector forms the filter response, un, which is used to obtain data
synchronization and to regenerate the “desired” signal, dn. There are many schemes for
generating the desired signal ranging from receiving a test signal of known form to a
decision feedback system which uses the best estimate of each signal bit.11



Figure 15.  Single Sideband Modulator

Figure 16.  Basic LMSE Adaptive Loop for Adaptive
Transversal CCD Equalizer



The operation of the adaptive loop proceeds as follows. The nth set of signal samples sn

are conjugate weighted by the nth data sample output un, which is compared with the
desired signal dn. The difference is multiplied by the feedback gain factor (a)(where “a”
can typically by 0.005). This result then multiplied each received sample to form the nth
updating vector, 4wn. Thus, the n+1th weight set is

(17)

Stability and adaptive loop noise constrain the loop feedback factor to be much less than
unity (see reference 2); however, it is not critical in system applications where
transmission characteristics are slow functions of time. In fact, many practical equalizers
are implemented by simply incrementing or decrementing the weights a fixed amount in
accordance with the size of each component of )wn. Aside from the synchronization
function, the DASP programmable filter device constitutes the bulk of the adaptive line
equalizer, i.e., the tapped delay line, the weighted signal summer, the storage of the current
weights, and their updating.
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AN ANALOG MEMORY DEVICE1

VASIL UZUNOGLU
COMSAT Laboratories

Clarksburg, Md.

Summary.   The analog memory device is a combination of a bipolar and a MOSFET
device which stores information in analog form for several hours or more with no
degradation of data. The emitter base junction of a bipolar transistor is covered with an
SiO2 layer and a voltage is applied to this point. With zero volts applied, the unit acts as a
bipolar transistor. Increasing the voltage at this point increases the emitter injection
efficiency of the bipolar transistor, which in turn increases the current gain of the device.
An SiO2 layer with no leakage paths can retain the charge applied to it for long periods of
time; thus the gain will remain at this level as long as the charge remains on the oxide
layer. A large number of such devices can be fabricated on a single chip. Such devices
combined with other integrated circuits can be used, for example, for automatic
equalization of transmission lines, echo suppression, and correlation detection.

Introduction.   Solid-state devices have important functional2 properties, such as the
negative resistance characteristics of tunnel diodes and 4-layer diodes, which have not
been fully utilized in the past. The tunnel diode can be used as a bistable or astable
element as well as a linear amplifier due to its stable negative resistance region, whereas
the 4-layer diode can be used as a bistable and astable element, but not as a linear
amplifier due to its avalanching property in achieving the negative resistance region.

Lack of understanding of the physical aspects of solid-state device operation has prevented
most application engineers from fully utilizing the functional properties of such devices.
This paper will introduce an important device which has an analog information storage
capability. These two important properties are achieved by combining two well-known
functions of solid-state devices, namely, the properties of bipolar transistors and the
modulation effects of oxide used in MOSFET devices. Such a device can perform any
function which requires analog data storage.



3 H. Kroemer, “Zur Theorie des Diffusion and Des Drift Transistors,” Arch. Elekt. Übertragung,
Vol. 8, May 1954, p. 223.

4 Vasil Uzunoglu, “Evolution of Solid State Amplification and Its Limitations,” IEEE
Transactions on Education, Vol. E-10, No. 3, September 1967.

Device.   Figure 1 is a physical layout of a bipolar transistor. Its emitter efficiency is3

(1)

where Fb = conductivity of the base region
Fe = conductivity of the emitter region
Lp = average diffusion length of holes
Ln = average diffusion length of electrons
Jn = average lifetime of electrons in a

n-type region
Jp= average lifetime of holes in an

p-type region

From equation (1) it can be deduced that, in order to increase Fe, the conductivity of the
emitter region must be high compared to that of the base region. Also the diffusion length
of the base must be short, and the lifetime of electrons in the base region must be high.
Since equation (1) deals with a given emitter area, it is also evident that increasing the
injection emitter area will increase the gain

Next a device which possesses these properties will be introduced. The properties of an
oxide layer on a MOSFET device are well known. Figure 2 is a physical layout of such a
device. It has two N+ regions imbedded in a P region, with an SiO2 oxide layer on top of
the gate region. The device of interest is an enhancement-type device so that, with no
voltage applied to the gate, there is no channel between the source and the drain.
Channeling or modulation is achieved by applying a positive voltage to the gate so that the
P-region underneath the oxide is depleted of holes and becomes an N region. This N
region forms a channel between two N+ regions and is modulated with the variation of the
voltage applied to the gate. Since modulation4 is a requirement for gain or amplification, an
amplifying device has been achieved, namely, a MOSFET device.

Now the same concept will be applied to a bipolar device with an oxide on top of the
emitter-base junction, as shown in Figure 3. It is assumed that the oxide layer is perfect
and void of positive ions and that the region beneath it is in its normal mode. As soon as a
positive voltage is applied to the oxide layer, the region beneath it becomes depleted of
holes and portions of the base region next to the emitter region become an N region, as
shown by the dotted line in Figure 3. With this condition, the desired goals have been
achieved; that is, the emitter injection area has been enlarged and the distance for the



electrons to travel from the emitter to the collector has been shortened, which implies less
recombination of carriers and increased gain. It should be remembered that most of the
carrier injection to the base occurs beneath the surface area. In addition to these effects,
the goal of increasing the conductivity of the emitter region has been achieved, hence
decreasing the conductivity of the base region. Positive voltage on the oxide attracts more
electrons to the effective emitter injection area, which increases the number of electrons
and consequently F in equation (1).

The opposite effect occurs in the base region. That is, the region adjacent to the emitter
region is converted to an N region, but the area further to the right, which has remained a
P-type region, has decreased its conductivity due to removal of holes away from the
surface. Thus, Fb is decreased and equation (1) is satisfied.

If it is assumed that the oxide inserted on the top of the emitter base junction is perfect, the
charge applied to it will be retained for an indefinite period of time. Of course, there is
always a finite leakage present so that the charge will be retained for a finite period of time
which determines the time constant of the storage.

The equivalent circuit of Figure 3 can be represented as shown in Figure 4.The Ic-VCE

characteristics are given in Figure 5.

In the normal mode of operation, as shown in Figure 4, with no voltage applied at X, the
operating point lies at point A. With a positive voltage applied to X, the operating point is
switched to point B. With a higher voltage applied to X, the operating point is brought to
point C.

The device shown in Figure 3 has the following properties:

a. current gain,
b. storage or memory, and
c. weighing capability.

Weighing means that the storage or normal gain can be increased externally by varying RB

or VBS on RB. Also the RB point can be used as a second input, which simplifies circuit
design for many requirements.

At this point it should be noted that this device should not be confused with a charge
coupled device (CCD). In a CCD the information is stored in potential wells and moved
sequentially or transferred by external clocks from one well to the next. In an analog
storage device there is no transfer of information and the device acts on its own as a
memory element using the oxide.
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Several of these analog information storage devices have been fabricated and tested
individually as memory elements. With SiO2 as an oxide layer, the unit has a storage time
of over one hour with no appreciable degradation of information. It is assumed that silicon
nitrate can greatly increase this time. An area which requires further testing is the linearity
of gain versus voltage applied to the oxide. Results of these tests will determine whether
the design of the device will require extra precautions.

Application.   The device in its simplest form is an analog information storage device.
Thus, it can be used whenever analog information must be stored.

As a simple example, consider the circuit shown in Figure 6. It consists of a shift register
(SR) #1 which sequentially feeds the information to the memory devices. This shift register
is driven by clock #1 at frequency T1, for example. A second shift register (#2) recovers
the stored information at a later time and combines it on an operational amplifier (OA),
where the data, which are in sampled form, are reassembled. Shift register #2 is driven by
clock #2 at a speed T2 which may be different from T1 as long as both satisfy the Nyquist
criterion.

The information to be stored is a 2-period sine wave. According to the Nyquist criterion,
four points are needed for identification of the information. Thus, the shift registers and the
storage elements have four stages. In addition to storing analog information, the device is
also capable of feeding and recovering the data from the system at different speeds. For
the preceding application, only the storage property of the device was used. If the device is
used as a correlator, its second input is also used, namely, RB or the voltage applied to RB

may be used as a variable. In both cases the current gain of the device can be changed.

In autocorrelation, for example, the function is multiplied by itself at a later time and the
similarities of the two functions are identified within a given period of time. In this case
information is stored on the oxide layers and the delayed information is applied to the RB’s
as VBS voltages. Next the product of information applied to the oxide and the RB’s should
be maximized so that the information applied to RB must be inverted, and the operational
amplifier should be replaced with a level detector.

In a correlation detector,5 in which incoming information must be compared with all
possible available data stored in the receiver, this device is ideal. Incoming information is
stored on the oxide layers and all possible information levels are recycled through the RB’s
at a rate determined by available levels of information.

Conclusion.   The examples introduced herein represent only a part of the functions which
can be accomplished with the analog storage device. Lack of such a device has



complicated circuit design in the past and information has been changed to digital form to
be stored. The present device accomplishes this important storage function, and its
inclusion in the family of integrated circuits is in accordance with the present philosophy.
In fact, a complete memory device with several hundred information levels can be built on
a single chip.

Figure 1.  A Bipolar Transistor

Figure 2.  A MOSFET Device

Figure 3.  Memory Device



Figure 4.  Analog Memory System

Figure 5. Equivalent Presentation Figure 6. VCE-Ic Characteristic
of a Memory Device
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Summary.   Many surface acoustic wave (SAW) devices are now sufficiently well-
developed that they can have a significant impact on systems design. This paper reviews
the properties and limitations of SAW devices which seem particularly well suited to
communications. The simple bandpass filter is considered in detail as it will undoubtedly
see the widest usage of all SAW devices. The application of SAW analog matched filters
in phase-shift-keyed synchronization and data demodulation is also discussed. Finally,
SAW resonators and oscillators are briefly considered. A number of examples are included
which show how system performance can be improved through use of SAW technology.

I.   Introduction.   Properties of waves of mechanical displacement, i.e. acoustic waves,
propagating on the surface of a solid have been studied for more than seventy years by
those investigating the physical consequences of earthquakes.1 However, it was not until
the late 1960’s that the major breakthroughs occurred which were to transform this work
into the now rapidly expanding field of surface acoustic wave (SAW) signal processing. In
1968 a group at Stanford University2 with the help of computations by Campbell and
Jones3 used a new electrical to acoustical energy transducer (the interdigital transducer)
devised by White and Voltmer4 to demonstrate SAW devices with a less than 10 dB
insertion loss over a 20% fractional bandwidth. Subsequently, the Stanford group
developed an equivalent circuit model of the transducer5 which made simple, accurate
device design possible. The potential for performing VHF-UHF signal processing with
relatively low loss over substantial bandwidths in a compact, rugged geometry spurred
SAW R&D efforts in most of the major electronics firms in this country and abroad. The
technology now appears ripe for application to the communications field. This paper, after
a brief discussion of the basic SAW delay line, will review those SAW components which
should be of greatest significance to this field.

II.   Fundamental Limitations of SAW Devices.   An understanding of many of the
performance limitations of SAW-based signal processing devices can be gained by
reviewing the operation of the basic SAW delay line, shown in Figure 1. The delay line
consists of two metallic interdigital transducers on a highly polished surface of a
piezoelectric cyrstal. When a sinusoidal electrical voltage is applied to the input terminals
of the device, the electrical field between adjacent fingers of the transducer fringes into the
substrate producing an alternating strain field and consequently an acoustic wave. Acoustic



waves propagate away from the transducer along the surface in both directions
perpendicular to the fingers. The forward propagating wave which is generated by the
input transducer is partially converted to an electrical signal at the output transducer by the
inverse piezoelectric effect. Waves either propagating in the reverse direction from this
transducer or propagating past the output transducer are damped by the acoustic absorbing
material. In this basic device the bidirectional nature of the transducers therefore limits the
minimum attainable insertion loss to 6 dB.

The physical constants most important in the design of SAW devices are given in Table I
for the most widely used piezoelectric materials. Since all single crystal materials are
anisotropic, and acoustical properties have a significant orientational dependence, both the
crystalline plane of propagation and the direction of propagation must be specified.

TABLE I
Physical Constants for Selected SAW Materials

(after Holland and Claiborne6)

Material and
Orientation

velocity
(x105cm/sec)

k2

percent

Delay Time
Temperature
Coefficient
in ppm/EC

LiNb03(YZ)*
Quartz (ST,X)

Bi12Ge020(111)(011)
LiTa03(YZ)

3.48
3.15
1.65
3.22

4.5
0.16
1.7
.74

91
0

128
.37

*Symbols parentheses are the orientation of the surface normal, and the direction of wave
propagation.

The acoustic wave velocity determines both the delay per unit length and the transducer
periodicity. In general the SAW velocity is five orders of magnitude less than its
electromagnetic counterpart. Because of this feature SAW devices are capable of
extremely high information density, enabling complex signal processing to be carried out in
small physical dimensions.

Of the commonly used materials bismuth-germanium-oxide possesses the smallest velocity
hence the largest delay per unit length, six microseconds per centimeter. Crystals up to 25
cm. can be processed hence delays to 150 microseconds are achievable with a simple
delay line. Longer delays can be realized with special folding schemes. For example, by
rounding the ends of the crystal and forcing the acoustical wave to propagate in a helical



path around the crystal delays of 1 millisecond have been demonstrated with 62 dB
insertion loss.7

The practical range of operating frequencies is also determined by the SAW velocity. Most
efficient acoustical excitation occurs when the frequency is such that the period of the
electrical signal equals the time required for the acoustic wave to travel one transducer
period (See Fig.2). At this frequency a propagating wave is reinforced by each finger under
which it passes. With equal finger and space widths, the most commonly used
configuration, a quarter acoustic wavelength fabrication capability is necessary. Since the
SAW geometry is planar, conventional microelectronic photolithography with a resolution
limit of about one micron can be employed. For the “fastest” known material, a composite
structure of ARN on A1203,one micron resolution places an upper limit of 1.5 GHz on the
frequency obtainable. For the more widely used materials, quartz and lithium niobate, the
limit is about 750 MHz. With a modest increase in fabrication complexity, i.e. utilization
of flexible photomasks with conventional photolithography, the resolution capability can
be extended to .5 microns.8 For still finer resolution, electron beam or x-ray
photolithography, can be employed. LiNb03 devices operating at 2.5 GHz have in fact
been demonstrated.9 In general, the vast majority of SAW applications have been below
800 MHz, principally because of fabricational considerations but also because acoustic
attenuation becomessignificant above this frequency.10

Another important material parameter noted in Table I is the temperature coefficient of
delay. Where temperature stability is of paramount concern, ST quartz is employed since it
exhibits a zero parts per million (ppm) per degree centigrade temperature dependence at
room temperature. Over the temperature range -50EC to +80EC, however, the ST-quartz
surface wave velocity can vary as much as 80 ppm.11

A third material parameter noted in Table I is the electromechanical coupling constant, k2. 
k2 gives a measure of the efficiency which electrical energy can be converted to acoustical
energy. A SAW delay line can be matched over the fractional bandwidth.12

(1)

The midband insertion loss of this device will be 6 dB, due to the transducer
bidirectionality, plus minor contributions from acoustic diffraction, ohmic losses, etc.,
typically ~1 dB. This high degree of matching is seldom done because it results in high
multiple reflections within the device; furthermore, it is frequently desirable to let the SAW
device rather than the electrical matching network set the device performance. In general,
insertion loss can always be traded for increased bandwidth. Outside the bandwidth given
in equation 1, the loss increases at a rate of 12 dB per octave.



There are many second order effects which may be important in SAW device design10,12

e.g. diffraction, beam steering, spurious mode excitation, parasitic capacitance and
resistance and acoustic attenuation, but all are now well characterized. Although design
can be quite complex, it can nevertheless be straightforwardly carried out to a high degree
of accuracy.

From the above discussion it is obvious that there is no “universal” acoustic material; the
“best” material is dictated by its intended application. In practice, the most widely used
materials are ST-quartz, because of excellent temperature and spurious response
characteristics, and LiNb03, because of a high coupling constant. However, for specialized
applications, such as those requiring a long delay or high frequency, other materials are
employed.

III.   SAW Components. A. Introduction.   Despite-their relatively short history, SAW
devices have found their way into a number of systems and subsystems. However, apart
from the TV filter to be discussed below, by far the widest usage of SAW devices has
been in the field of radar, a field to which the time delays and bandwidths of SAW devices
are well suited. The SAW pulse compression filter has been particularly significant; this
component is now widely used in operational radar systems. Communications systems
tend to require smaller bandwidths (# 10 MHz) and longer time delays (> 1 ms) than radar
systems, parameters for which SAW devices are not in general well suited. However, for
some applications SAW devices offer clear advantages over competing technologies.
These applications will be highlighted in the remainder of this section.

B.   Bandpass Filters.   An extremely wide variety of bandpass filter responses can be
realized with SAW delay lines by proper design of the interdigital transducer. The design
engineer uses two parameters to achieve the desired bandpass shape--the electrode
separation and overlap (Fig.2). The former determines the frequency of maximum response
and the latter the amplitude contribution of any given set of electrodes. The actual design
procedure relies on the property that the spatial pattern of the transducer is equivalent to its
impulse response. Mathematically, the frequency response, H(T) and the impulse
response, h(t), are a Fourier
transform air. I.e.

(2)

The frequency response of a transducer made up of N uniformly spaced, unweighted
electrode-pairs is sinx/x with a 3 dB bandwidth of 1/N. To produce a rectangular
frequency bandpass, the electrodes must be weighted in a sinx/x spatial pattern. The finite
transducer length causes ripples in the bandpass which can be minimized with proper



additional weighting functions. Ripples can also be caused by acoustic phase front
distortion, electromagnetic feedthrough and spurious mode excitation.

Of the wide variety of SAW bandpass filters the one receiving the most attention is the TV
filter since it is the first SAW device which has the potential of finding a wide commercial
market. The Zenith version of the filter,13 whose frequency response is shown in Figure 3,
is not a complicated filter by SAW standards. Deep traps at 39.75 MHz and 47.25 MHz
are necessary to remove the upper adjacent channel picture carrier and the lower adjacent
channel sound carrier, respectively. In general, the electrical performance of the filter is
excellent as compared to conventional IF filters. The main concern has been its economic
viability; the filters must be manufactured for ~ $2 apiece. Recent indications are that its
use is imminent, however.13

The group at Edinburgh University has identified several communications s stems which
could advantageously be retrofitted with SAW filters.14 Specifications for two such filters
are given in Table II, one an IF filter for a 2700 channel analog repeater and a second a
gaussian response IF filter for a 32 channel PCM system. Both can be realized with high
quality state-of-the-art design and fabrication procedures. Besides the usual SAW device
advantages of lightweight, compactness and ruggedness use of SAW IF filters can
eliminate the time consuming adjustments required for lumped element filters.
Furthermore, any reproducible group delay distortion can be designed out in the filters
themselves.

TABLE II
Specifications for IF Filters for a) 2700-Channel Repeater

and b) 32-Channel PCM System

Center Frequency
Insertion Loss
Passband Width

Passband Ripple
Stopband Attenuation
Group Delay Variation

a)

140 MHz
< 8 dB
±15 MHz(-1 dB)
±25 MHz(-3 dB)
< .1 dB (±15 MHz)
> 50 dB (±40 MHz)
.1 ns.(±15 MHz)

b)

70 MHz
--

±2.5 MHz (-3 dB)

--
> 35 dB (±7.5 MHz)

3 ns.

Table III presents a recent tabulation of SAW bandpass filter characteristics divided into
three categories--those now practical, those demonstrated in the laboratory and those
which should ultimately be realizable. Not all parameters can be achieved simultaneously
e.g. low insertion loss and low phase ripple are currently not feasible. In order to achieve



less than 6 dB insertion loss multi-phase transducers have been developed. However, their
complexity and lack of flexibility has precluded their wide use to date. Most of the
limitations in Table III follow directly from the material and fabrication considerations
discussed in Section II.

TABLE III
SAW Bandpass Filter Ca:)abilities

(after Claiborne15)

Parameters Practical Developmental Projected

Center Frequency
Bandwidth
Minimum Insertion Loss
Sidelobe Rejection
Deviation from Linear Phase
Amplitude Ripple
Triple-Transit Suppression

10 MHz-1.0 Ghz
50 kHz-0.4 fo

6 dB
45 dB
±1.5E
0.5 dB
-40 dB

10 MHz-1.5 GHZ
50 kHz-0.4 fo

2-3 dB
65 dB
±1.5E

0.05 dB
-50 dB

1 MHz-2 GHz
20 kHz-0.8 fo

1-2 dB
70 dB
±1.0E

0.05 dB
-50 dB

C.   Fixed Phase-Coded Delay Lines.   Tapped phase-coded delay lines for analog
matched filtering can be straightforwardly implemented with SAW technology. A simple 3
chip device is shown in Figure 4. Operation in the generation or correlation mode is
possible. To generate a bi-phase code, a voltage impulse is applied to the input transducer
producing an acoustic wave having a spatial duration equal to the transducer length. The
input transducer length is equal to the tap spacing, resulting in a uniform amplitude output
signal as the acoustic wave passes beneath the output transducer. The phase of the output
voltage is determined by the relative position of the taps, i.e. tap 3 is 180E out of phase
with taps 1 and 2. The chip rate is fixed by the surface wave velocity and the output tap
spacing. When the device is to be used as a correlator, the phase coded transducer is
designed to have an impulse response equal to the time inverse of the to-be-processed
signal waveform.16 A sharp correlation peak occurs when the signal just fills the coded
transducer.

Numerous applications for SAW-tapped delay lines as analogue matched filters (AMF)
have been suggested. Collins and Grant17 pointed out the utility of the SAW devices in
M-ary communication systems, direct spread spectrum systems, continuous multiple
access systems and passive navigation systems. Functions performed by the fixed SAW-
AMF include synchronization, ranging, code generation and identification. Of these, the
synchronization is perhaps the most important. Here the receiver contains a SAW-AMF
coded with a known segment of the transmitted code. When the segment appears within
the SAW delay line, a sharp correlation peak is generated and the desired timing



information obtained. Because the operation is asynchronous, the lockup time is reduced
by a factor equal to the matched filter processing gain over that of conventional serial
search techniques,18 

In continuous multiple-access systems, each subscriber is designated a specific pseudo-
noise (p-n) sequence which enables the transmitter to select a given subscriber by simply
preceding his message with the proper p-n sequence. The SAW-AMF is an attractive way
of implementing this subscriber identification functiona17

A somewhat different use of SAW devices for electronic identification was recently
demonstrated.19 Each object to be identified contained a passive transponder with a SAW
delay line coded with a specific 10 digit code. When the interrogating unit emitted a short
burst (impulse), the interrogated unit responded by transmitting its unique code back to the
interrogator for processing and identification. This general approach to identification is
attractive because of its simplicity and low power requirement.

Generation of long PSK sequences with SAW devices has also been demonstrated. The
SAW tapped delay line is used with two taps of the phase-coded output transducer
connected to a modulo-2 adder which in turn is fed back to the input. With appropriate
choice of the number of taps, n, and the feedback taps, a p-n sequence of 2n-1 can be
generated. Crisp20 demonstrated a temperature-stable, 100-stage SAW-shift register
operating at a bit rate of 20 MHz. Extension to 300 stages and 150 MHz appears feasible.
This approach to code generation is attractive for relatively high speed, low-power
consumption applications.

SAW phase-coded-delay lines have also been used to generate frequency hopped (FH) p-n
codes.18 Four 127 tapped delay lines, each coded with a different p-n sequence and each
operating at a different center frequency were cascaded to share a common output.
Individual devices were centered at 40, 50, 60 and 70 MHz, respectively; all operated at a
10 MHz chip rate. By impulsing the individual lines one-at-a time according to a p-n
sequence, a FH/p-n sequence was generated.

Performance limitations of fixed-coded delay lines are summarized in Figure 5. Again
division is made in three categories, production, custom and developmental. Additional
problems are incurred with “long” devices i.e. high sensitivity to misorientation and
temperature fluctuations. For these devices ST quartz is almost universally used.

D.   Programmable Matched Filters.   The devices described in the previous section can
process only one fixed code. For greater flexibility SAW tapped-delay-lines have been
developed in which the phase of each tap is programmable. A number of schemes to
provide for a ±180E phase shift have been investigated; the most widely used is shown in



Figure 6(a).22 Single pole double throw switches are used to connect taps to one of two
summing busses. The switches are operated in pairs so that one tap per pair is grounded at
any one time. The signal derived from each set of taps undergoes a 180± phase change
when the d.c. bias polarity is changed. Many of the same general performance limitations
noted for the nonprogrammable devices apply for the programmable devices. In addition it
is necessary to connect the taps to the switching circuitry. The finite real estate to make
this interconnection and excessive cross talk place limits on the achievable chip rate. Using
hybrid schemes, i.e. quartz or lithium niobate with taps wire bonded to silicon switching
circuitry, the chip rate is limited to 10 MHz. An integrated scheme, aluminum nitride
transducers on a sapphire substrate with taps controlled by silicon-on-sapphire diodes, has
been used to realize a 20 MHz chip rate.23 With either of these schemes the total power
required per tap is about 2 milliwatts.

An alternate SAW technique for carrying out PSK signal processing is shown in
Figure 6(b).24 The PSK signal, V1, and a reference cw signal, V2, are applied to
transducers on opposite sides of a delay line. V1 and V2 are picked up by the phase-coded
taps and mixed in the diodes, producing a signal V3 at the sum and difference frequency of
V1 and V2. The polarity of the bias current determines the tap polarity. As in other SAW
schemes, taps are coherently summed using two busbars. This configuration has the
advantage of requiring only two switching diodes per tap, which will potentially lead to
simpler construction, higher reliability and higher chip rates than the configuration shown
in Figure 6(a). Switching power is low, ~.1 mw/tap, and total power required per tap is
again ~ 2 mw.

Many applications envisioned for the programmable devices are extensions of those
discussed above for fixed-coded devices. The programmable capability is, for example,
useful in PSK synchronization. There is a significant added flexibility since the taps can be
programmed to an arbitrary segment of the transmitted code which is imminent but has not
yet arrived. The programmability capability also results in a much more versatile code
generator, i.e. generation of multitude of different p-n sequences is possible. Perhaps most
importantly PSK data demodulation can now be carried out.

However, for many applications code lengths of 1000 chips and bit durations in excess of
100µseconds are needed. It is impractical to realize this capability by a straightforward
utilization of SAW technology since the total insertion loss of such a device would exceed
100 dB. However, the potential advantages to be gained with SAW devices have led a
number of investigators to seek ways of circumventing these limitations.

It is generally conceeded that the maximum practical length SAW programmable correlator
is 100-150 chips. The most straightforward technique for realizing a long code capability is
simply to cascade a number of the shorter devices, interspersed with amplifiers. A 650-



chip correlator was constructed in this manner before noise buildup and band limiting
became troublesome.24 A 1000-chip module using the modules shown in Figure 6(b) seems
feasible.25

Another technique being developed is use of a single programmable SAW device in
conjunction with a coherent summing loop or integrator.26 Operation of such a device at a
center frequency of 100 MHz and a chip rate of 5 MHz was demonstrated. Codes of up to
2047 chips were correlated but processing gain deteriorated rapidly with code lengths in
excess of 250 chips. Furthermore, synchronism of the integrator and programmable
correlator is quite difficult.

It is instructive to compare SAW matched filters to other widely used approaches, charge
coupled devices and digital techniques. This is done in Table IV. Note that the SAW
approach is useful where high data rates and low power consumption are necessary.

TABLE IV
Comparison of Key Performance Parameters for Matched Filters

(after Hartmann et a127)

SAW CCD Digital

a) Operating Freq.
b) Max.Processing Time
c) Max.T - BW
d) Dynamic Range
e) Pw’r.Consumption/Analog Bit

10 MHz-2 Ghz
0.1msec

103

> 60 dB
10-3 to

10-2 watts

1 KHz-10 MHz
100msec

103

> 60 dB
10-5 to

10-4 watts

0-10 MHz
4

4($)
2n:l

10-1 to
1 watt

E.   Convolvers.   The programmable devices described in Section D operate at a fixed
chip rate, determined by the tap spacing and acoustic velocity. Correlation of a signal with
arbitrary amplitude, phase and chip rate can be carried out using the SAW-convolver.
There have been numerous proposed embodiments of the convolver; the simplest is shown
in Figure 6(c). The signal, V1, is applied to one transducer while an externally generated
reference, V2, is applied to the other. Elastic and piezoelectric nonlinearities mix the two
signals producing V3, a signal at the sum frequency and difference wave vector of V1 and
V2. The usual operation is degenerate, T1 = T1 = T, so that a uniform electrode is used to
detect V3. It is easily shown that V3 is the convolution of V1 and V2, time compressed by a
factor of 2.28

Other configurations have been investigated to improve the efficiency of the basic SAW-
convolver. Most rely upon coupling the electrical fields associated with acoustic wave



propagating in piezoelectric materials to electrons in an adjacent semiconductor.28

Improved non-linear response is achieved only at the expense of a considerable increase in
fabricational complexity. The diode correlator29 has also been effectively used as a
convolution device. Essentially the same configuration shown in Figure 6(b) is employed,
with the exception that a single diode is used per tap. The electronically generated
reference and the signal are inserted at opposite ends of the delay line, mixed in the diodes
and summed in the busbars. A comparison of the performance of the basic-acoustic
convolver and diode correlator is shown in Table V. Parameters are individually
optimized, not all are simultaneously realizable.

 
TABLE V

Predicted Short-Term Performance Limitations30

(Parameters shown are considered individually)

Centre
Frequency

MHz
Bandwidth

MHz
Duration

µsec
TB

Inser.
Loss
dB

Dynamic
Range

dB

Spurious
Rejection

dB

Degenerate
Acoustic
Convolver

500 200 40 2000 75 55 50

Diode
Convolver

500 50 40 500 20 80 35

Morgan31 recently demonstrated correlation of a 1300 chip, 5 MHz chip rate signal at
130 MHz in a system which utilized the SAW convolver as the basic signal processing
element. The 250 microsecond long code was correlated in 25 microsecond segments and the
resultant correlation peaks summed in a recirculation loop. A 36 dB improvement in signal to
noise ratio due to the correlation was reported. Again the limiting performance factor was
band limiting in the recirculation loop.

In summary, it now is feasible to programmably correlate 1000 chip sequences with tapped-
SAW devices or SAW convolvers. However, it remains to be established whether these
devices can reliably meet rigid systems requirements without undue cost and complexity.

F.   Other SAW Devices.   A number of other SAW-based devices with some additional
development could also prove useful in communications systems applications. One such
device is the SAW oscillator, consisting of a SAW delay line-amplifier loop.32 The amplifier
gain is chosen to just overcome losses in the delay line resulting in stable oscillation. The
resultant signal is very clean and can be modulated by up to a part in 100. The SAW oscillator



exhibits good short term stability, 1 part in 109, moderate temperature stability, ~1 ppm/EC,
but poor long term stability, ~2 ppm/mo. When the aging problem is solved the devices are
attractive for use as cheap, low noise sources and would seem an excellent candidate for a
space qualified local oscillator.14

A new but potentially very important SAW device is the SAW resonator. Structurally it
consists of an interdigital transducer placed between two sets of distributed reflectors on a
quartz or lithium niobate substrate.33 Operation in excess of 800 MHz has been demonstrated;
Q’s in the 103 to 104 range have been obtained. Because the structure is planar it is much
more rugged than its bulk acoustic wave counterpart. If practical problems such as minimizing
temperature and aging effects and provision for frequency trimming can be solved, the SAW
resonator will greatly simplify many UHF receivers and transmitters by elimination of
frequency conversion steps, phase locked loops and multiplier chains.

A number of other SAW techniques are now emerging from the research stage. Particularly
significant are devices for fast Fourier-transforms,34 adaptive filtering,35 signal storage and
imaging.36 The continuing evolution of the technology assures that SAW devices will have a
significant impact on systems of the 1980’s.

A related area, magnetostatic surface waves, is currently receiving attention as a means of
carrying out signal processing directly at microwave frequencies.37 Relatively low loss and
variable delay capacity makes it an attractive candidate for a group delay equalizer.14

IV.   Conclusions.   Although the SAW technology can be considered a fairly mature
technology, use of SAW devices in communications systems to date has been minimal.
However, because SAW devices are capable of high performance in a simple, rugged,
compact structure and can be designed with great accuracy, wide systems usage should be
soon forthcoming. The bandpass filter will undoubtedly see the widest application. It is
exceedingly simple and can already fulfill needs for which there is no other practical solution.
Programmable SAW devices, although somewhat of a specialty item, should prove important
in systems employing high data rates where low power consumption is essential. Finally, the
continuing strong base of SAW research and development should produce a number of
devices which will impact heavily on systems evolving in the next decade.
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FIGURE 1.  BASIC SAW DELAY LINE

FIGURE 2.  INTERDIGITAL TRANSDUCER

FIGURE 3.  ZENITH TV FILTER RESPONSE



FIGURE 4.  PHASE CODED DELAY LINE

FIGURE 5.  FABRICATION CAPABILITIES FOR CODED DEVICES
(After Bell et al21)



FIGURE 6.  PROGRAMMABLE SAW DEVICES a) CONVENTIONAL TAPPED
DELAY LINE, b) DIODE-CORRELATOR, c) CONVOLVER.



A HARD-WIRED DATA ACQUISITION DEVICE FOR
NEUROPHYSIOLOGY

FREDERICK S. KUHL
Walter Reed Army Institute of Research

Summary.   Neurophysiologic experiments are becoming increasingly numerical in nature,
and may result in large quantities of data which may be practicably analyzed only by
computer. A non-programmable digital controller was constructed to acquire data from a
variety of remote neurophysiology experiments and to store them on magnetic tape for
transport to an off-line computer. The advantages of the unit’s modular design are
illustrated.

Introduction.   Neurophysiologic and behavioral experiments may produce data of such
volume as to require computer analysis, and the problems putting the data in machine-
readable form and transmitting them to the computer have been solved in various ways.

One method puts a small computer with appropriate analog-to-digital conversion (ADC)
devices near the experiment, and on line during its course. Another solution, when there is
no computer available for on-line service, is to record the data on analog magnetic tape
and replay the tape into the remote computer’s ADC equipment later on.

Such neurophysiology and behavioral experiments are conducted at the Walter Reed Army
Institute of Research, and the problem of data conversion and transmission for them arose
in 1972. There was no computer available for on-line service, and the Institute computer
had no ADC capability. The Division of Biometrics was assigned the task of designing a
controller to supervise the sampling of various analog and digital signals, with the unit to
be constructed by the Electronics Shop of the Department of Neurophysiology.

Microprocessors were not then readily available, so the decision was made to design the
unit around the types of integrated logic then easily procured. Only voice-grade telephone
lines could be obtained to connect the Institute computer, so it was necessary to store the
collected data on magnetic tape for later analysis.

In April 1975, the unit was placed in test operation collecting various data from a
behavioral experiment.



The design acquires data from each of four analog and eight digital channels, where each
analog sample is converted to ten bits, and each digital channel generates information
concerning the presence or absence of a digital event on its input. Sampling rates and
windows are controlled by the unit according to preset thumbwheel banks. The data are
formatted and sent to an incremental magnetic tape unit. The tape unit stores successive
samples in semiconductor buffers, and writes the buffers synchronously to the tape, in
industry-compatible 7-track format. The system is capable of sampling all channels at
2kHz.

The unit is composed of standard integrated circuits, of the 7400 series, and 8000 series
logic circuits. This includes the analog-to-digital converter sections, whose sample-and-
hold amplifiers and converters are commercially available units. The incremental tape
coupler and tape drive are also commercial products.

Applications:  Single-Neuron Experiments.   One general class of intended application of
the device involves the recording of the response of single neurons in cat brains to various
electric and physical stimuli. The animals are anesthetized and microelectrodes are
inserted into the region of interest. When electrical stimuli are applied to the animal, the
neuron may respond with a succession of spike discharges observable through the
electrode (see Fig. 1). These events are of the magnitude of 0.5 mv, lasting perhaps
1.0 msec. The number of events occurring per stimulus, and the time elapsed from the
delivery of the stimulus to each is of great interest to the researcher. There also exist “slow
potentials” representing the aggregate of many such neuronal discharges, whose analog
wave form is of interest as well.

Presently, spike events are recorded on 35-mm film from oscilliscope traces, which are
triggered by periodic electrical stimuli. Latencies of spikes from stimuli are measured and
tabulated by hand from the film. The data are statistical in nature and it is desirable to have
many records of a given cell; however, manual analysis and the film recording technique
limit the amount of analyzable data. High-speed recording of digital events and analog
“slow potentials” is expected to greatly increase amount of data gathered from an animal.

Applications:  Behavioral Experiments.   A second general class of application arose
from experiments wherein an awake animal is trained to do a task repetitively, whose
successful completion results in a reward. In one example, Rhesus monkeys are required to
perform a precise arm-lift motion against a weight. The animal must lift to a minimum
height and return in a set time window from activation of the apparatus, which the monkey
controls. Such data as activations, crossing of position thresholds and delivery of rewards,
all of which produce digital events, are of interest. Certain parameters of arm position with
respect to time are also desired.



The controlling apparatus is currently composed of commercial logic modules which can
decide if the animal has met the criteria for a reward. Tallies of the numbers of events, and
some gross time data may be obtained from electromechanical counters and “cumulative
recorders,” but there is no automatic system of extracting data from the analog signals.
Manual analysis is prohibitive. The unit is expected to record behavioral experiment data
in a manner allowing extensive computer analysis.

The Unit’s Overall Design.   The major components of the unit and the system it
functions in are shown in Fig. 2. The unit itself is composed of the data gathering section
and a control and timing section, each of which will be discussed in more detail. The
Control Data Corporation 3500 is a medium-large, third-generation, general-purpose
computer operated by the Institute, whose magnetic tape transports provide the means of
input to it of data acquired by the unit.

Theory of Operation.   The unit’s control and timing section decides when the various
channels are to be sampled, at what frequency and for how long. It consists chiefly of a
collection of variable modulus counters, which reset when their counts equal numbers pre-
set in their respective thumbwheels. The timers count either system clock pulses (from the
100 kHz clock in the Start/Stop Card), or some other timer’s reset pulses (see Fig. 3).

When the system is started, a RESET pulse is generated, setting all the counters to zero
and enabling the CLKx4 line. The ISI (inter stimulus interval) timer counts to its
thumbwheel value, pulses the STIM line, resets, and continues counting. The system now
begins the basic cycle shown in Fig. 4. After delivery of the stimulus, no sampling occurs
until completion of the sampling delay. The SAM EN (sample enable) line goes true
through the sample window period and then drops. While SAM EN is high the sampling
interval counters operate, causing sampling of the data and its transfer to the tape unit
coupler.

The sampling window allows the researcher to sample at a high rate during only a short
interval of interest, which may occur some time after the delivery of a stimulus. This
alternative produces far less data than that of sampling continuously, which is meant more
for slower speeds.

The sampling interval is split into four parts because the four analog and eight digital
channels are sampled in four groups, one analog and two digital at a time. The Sampling
Control section distributes the CONVERT pulses to the proper channels (see Fig. 5) and
also generates a four-bit binary sequence number prefixed to each data word sent to the
tape coupler (see Fig. 6). The sequence number serves two functions. Firstly, because it is
incremented by one (modulo 16) each time a data word is sent to the tape unit (four words
per sampling interval) it provides a check to a computer program for missing data, and a



limited indication of how much is missing. Secondly, because the sequence number
counter stays in step with the sampling of successive analog channels, it provides a means
of determining what channels are represented in a given data word.

The digital channels were required to resolve the beginning of an event to within 100 µsec,
although there was no need for analog sampling at 10 kHz simultaneously. Indeed such
rates were to be avoided because of the volume of data they would produce. So a scheme
was devised to split a given sampling interval into ten equal parts, and to record the
number of subintervals elapsing before the event’s onset when one occurred. This allowed
an overall sampling rate of 1 kHz to achieve the desired resolution. The areas F1 and F2 of
the data word structure are flags indicating an event on their channels during the preceding
interval, while K1 and K2 are the respective subinterval counts.

Each analog channel has its own sample-and-hold amplifier (SH) and analog-to-digital
converter (ADC). The SH for a given channel is initiated by the channel’s proper
CONVERT pulse. After it settles, the ADC converts by successive approximation
technique, yielding a 10-bit representation.

The outputs of all the channels are multiplexed and buffered under control of the Sampling
Control section. Four words of 24 bits each, including sequence number, two digital
channels and one analog channel, are passed to the tape coupler during each sampling
interval. The coupler’s word length is programmable, and either all the channels or two
groups could have been passed, but this arrangement yielded the highest overall possible
data rate.

Note that the control function in the unit is as decentralized and distributed as possible and
that each section has but one function. Each section is controlled by another part, and has
only its particular function to perform. Thus each function is accomplished as quickly and
simply as possible.

Experience in the Behavioral Application.   As the unit is applied to the behavioral
experiments with a data rate of 100 Hz, the better part of one 2400 ft. reel of magnetic
tape is filled in the average 90-minute session. This is a great deal of data, requiring about
20 minutes of central processor unit time on our CDC 3500 to analyze. Since much of the 
data is negative, i.e., containing only occasional events, possibly an event driven storage
scheme would have been better. In that case, a data word would be generated on the
occurrence of an event, rather than periodically, and the volume of data in situations of
sparse activity would be greatly reduced. The need for continuous analog sampling
remains, however, and the intermixing of the two would require much more complex
control logic.



Suggestions for Further Development.   Some advantages of the hardwired controller
involve its limitations. There is no programming needed. And its operation is simpler than
that of a computer, obviating the effort needed to train a technician in its operation.

The idea of computer control is still quite attractive because of the inflexibility of this
unit’s design. It is committed by its hard-wired nature to a single sampling scheme, and the
computer’s program flexibility is a contrast. The design fills the need for which it was
intended, but the research environment continually changes, thereby raising the question of
whether or not identical units should be built for other research projects.

Thus it would appear that computer control would be an attractive next step in the
evolution of such an instrument, especially use of the microprocessor, with its lower cost
and hardware flexibility. The intelligence of such a system must be distributed, if the main
processor’s attention is not to be diverted from the full-time task of acquiring data. The
tasks of timing sampling windows, etc., could easily interfere with acquiring data at high
rates were one processor to perform them all.

The modular design concept used to implement this system, as well as some of the actual
functional blocks, could be used in a next generation of this type of high-speed data
acquisition controller.



Figure 1.  Typical Neuron Spike Trains. Trains, reprinted from R.M. Wylie
and L.P. Felpel, “The Influence of the Cerebellum and Peripheral

Somatic Nerves on the Activity of Deiter’s Cells in the Cat,”
Exp. Brain Res., vol 12, p. 536; 1971, by permission.

Figure 2.  Major System Components



Figure 3.  Timing and Control Section

Figure 4.  Unit’s Basic Timing Cycle



Figure 5.  Control Signals. While the SAMPLE ENABLE condition is true,
CONVERT pulses are sent to each group of channels in turn. DIGITIZE

COMPLETE pulses cause the tape unit to accept each data word.

Figure 6.  Data Word Structure. SEQ = sequence number; F1 and F2 are digital
event flags; K1 and K2 are the respective subinterval counts.



* This paper is based upon work performed in COMSAT Laboratories under the sponsorship of
the COMSAT General Corporation. Views expressed in this paper are not necessarily those of the
Communications Satellite Corporation of the COMSAT General Corporation.

** The four frequencies are common to synchronous orbit satellites using fixed-tone ranging.

COMSAT GENERAL RANGING EQUIPMENT DEVELOPMENT*

 MICHAEL ONUFRY AND JOSEPH A. JANKOWSKI
COMSAT Laboratories

Summary.   The range to the spacecraft is an important parameter for determining the
transfer and synchronous orbits. The ranging equipment developed for the COMSAT
General TT&C earth stations uses a fixed-tone technique to determine the distance from
the earth station antenna to the satellites. Specifically, the range is calculated from the
round trip propagation delay, which is determined by measuring the phase shift in four
coherent audio tones.

This system is similar to the ranging equipment used at the INTELSAT earth stations. New
integrated circuit (IC) technology has permitted individual tone transmission which was
previously not available.

The ranging tones are frequency modulated in both the up- and down-links in the
INTELSAT system. However, in the COMSAT General system the tones are frequency
modulated in the up-link and phase modulated in the down-link. Hence, new techniques
are required to determine the phase shift of the earth station equipment.

Introduction.   The fixed-tone ranging system developed for the COMSAT General
TT&C earth stations uses four coherent high-spectral-purity audio tones. The frequencies
of these tones have been chosen to meet the following criteria:

a. the lowest frequency tone (f1 = T1/2B) satisfies the maximum range ambiguity
requirement, i.e., Jmax = 2B/T1 = 2dmax/c, where c equals the velocity of light;

b. the phase ambiguity of higher frequency tones is resolved by the lower frequency
tones; and

c. the highest frequency tone generates the desired accuracy. Four frequencies
(35.4 Hz, 283.4 Hz, 3.968 kHz, and 27-778 kHz) were previously designated.**



The accuracy of the range measurements in this system depends on the phase stability of
the equipment at these four frequencies. To achieve accurate, stable phase readings it is
essential to maintain a high degree of noise immunity for the tones by using narrowband
filters in the detector. These filters inherently produce phase shifts which vary substantially
as a function of frequency and temperature. It is therefore necessary to employ a very
stable oscillator in the tone generation and to ovenize several of the filters in order to
reduce the equipment’s temperature sensitivity.

Two methods of tone transmission and detection are provided in this system. The first is
the SUM mode of transmission, in which the selected tones are summed together. The
alternate method is the FM mode, in which the lower frequency tones, as selected, are
frequency modulated onto a 19-kHz subcarrier which is summed with the 27.778-kHz
tone. One of these composite tone signals is then frequency modulated on a 70-MHz
carrier in the up-link path and phase modulated on a 70-MHz carrier in the down-link.

Previously, in the INTELSAT system, the phase shift of the earth station equipment
(commonly known as a zero range calibration) was measured by simply looping the tones
back at RF using a transponder (or frequency translator) on the antenna. Because both the
up-link and down-link signals were frequency modulated in the IF, no additional
equipment was necessary. In the COMSAT General system, however, the change in IF
modulation on the downlink caused a problem in determining the zero range calibration.
This problem required the development of an FM-to-PM converter or range calibrator
which would then be used to correctly interface the equipment for the zero range
calibration.

This range calibrator is part of the TT&C equipment at the COMSAT General earth
stations and will also be used in those INTELSAT TT&C stations providing launch
support.

Range Processor Operation.   The range processor unit is equipped with a manual front
panel control and an interface to an HP2100 minicomputer to permit remote operation.
Specifically, the processor unit under computer control generates the ranging tones,
combines them for transmission, detects the received tones, provides the reference and
processed signals to the phase meter, and transfers the phase shift measurements to the
computer.

Two modes of transmitting the ranging tone are provided: an FM mode and a SUM mode.
The mode is selected by a manual front panel switch. A flag bit notifies the computer of
the mode which has been selected.



In the FM mode, upon selection, the three lower frequency tones, 35.4 Hz, 283.4 Hz, and
3.968 kHz, are frequency modulated on a 19-kHz subcarrier which is then summed with
the 27.78-kHz tone. This combined signal frequency modulates the 70-MHz carrier,
providing 400-kHz peak deviation. Simultaneous or sequential tone transmission is
possible, with the levels automatically preset to provide approximately 400-kHz peak
deviation of the 70-MHz carrier.

In the SUM mode the three higher frequency tones, 283.4 Hz, 3.968 kHz, and 27.78 kHz,
are summed and the combined signal directly modulates the 70-MHz carrier. The 35.4-Hz
signal is transmitted by SSB amplitude modulating the 3.968-kHz tone. Actually the
amplitude modulation is synthesized by developing the sideband frequency from a divider
chain. When all four tones are transmitted simultaneously, a severe problem exists in
maintaining the range processor calibration. This is due to the sharp filter which would be
required in the range processor receiver to separate the 3.968-kHz tone from the
4.003-kHz sideband. This problem has been avoided by restricting the transmission of the
35.4-Hz information to those intervals when it is measured.

A divider chain shown in Figure 1 is used to produce five square waves from a master
oscillator of 6.2778 MHz with a stability of 3 x 10-6. To implement the divider chain,
synchronous parallel load binary and decade counters are used. To generate the 27.78-kHz
tone the master oscillator is divided by 226, which is factored into 113 x 2. The divide by
13 is accomplished by loading an initial number and allowing the counter to reach its
maximum value of 2N - 1.

Figure 1. Ranging Transmitter Divider Chain

Since the counters are synchronous the reset decode must occur one count before the
desired reset. The reset loads the predetermined start number via the parallel load input.
The start number is given by 2N - 1 - (m - 1), where N is number of bits in the counter and
m is the frequency division required. In the case of divide by 113, the start number is 143.



This number is hard wired to the parallel load inputs by connecting the 20, 21, 22, 23, and 27

inputs to a logic “1” and the 24, 25, and 26 inputs to a logic “0”. The reset decode state is
all “1’s” and is detected internally in the counters so that no additional external logic is
required. The final divide by 2 is separated from the counter to ensure that a square wave
output is presented to the narrowband ovenized crystal filter which produces the required
sine wave.

The remaining square waves, 4.003 kHz, 3.968 kHz, 283.4 Hz, and 35.4 Hz, are produced
in the same manner and are passed through a bandpass-low-pass filter combination in
which the low-pass filter rejects the higher frequency components and the bandpass filter
in combination with the low-pass filter rejects the third harmonic component. The Q’s of
the filters are selected to minimize the phase change as a function of temperature and to
provide sufficient rejection of the harmonic components.

The sine wave outputs from the filter unit are routed to three units in parallel: the reference
select unit, the FM transmit unit, and the SUM transmit unit (see Figure 2). The inputs to
the latter two units are routed via relays which are operated by the control logic. The same
control logic applied to a programmable operational amplifier unit selects the appropriate
amplifier for which the gain has been preset to properly adjust the output voltage; thus, the
change in the 70-MHz deviation is minimized. From the computer or manually from the
front panel, the control logic receives a 4-bit input, one bit per tone, which specifies the
tone or tones which are transmitted. This signal is independent of the FM or SUM mode.
Both modes are operated continuously, with the output selected by the front panel switch.
Two additional bits are used to control the reference select unit, which routes the desired
tone to the reference input of the phase meter. This unit is also a programmable operational
amplifier but with equal gains. The control logic unit prevents transmission of the 35.4-Hz
tone unless a 35-Hz measurement has been requested.

In the receiver section (see Figure 3) the signal is immediately separated into two paths.
One path is through a gain select unit, which is controlled by the same four bits described
above for the control logic. This signal is passed through a 27.78-kHz ovenized bandpass
crystal filter, amplified, and connected to the output tone select unit, which is controlled by
the same two bits used to select the phase meter reference input signal. The second path is
through an amplifier and a 27.78-kHz band reject filter to strip out the 27.78-kHz tone.
This signal then splits again, with one path for the FM mode and one for the SUM mode.
In the FM mode it enters a discriminator to recover the lower frequency transmitted tones,
which are then appropriately amplified in another programmable operational amplifier unit
and routed to the bandpass filters. The SUM mode path bypasses the filter and is routed
directly to the selectable gain amplifiers and then to the bandpass filters to improve the
signal-to-noise ratios.



Figure 2.  Ranging Transmitter Transmit Control

One of these two paths will always be turned off by the front panel mode switch. This
switch will also select the 35.4-Hz signal path to its bandpass filter. In the SUM mode the
35.4-Hz tone will be recovered by square law detection and passed through a low-pass
filter. The signal is then bandpass filtered by the same filter used for the FM mode. The
bandpass filter outputs are routed to the output select unit described above.

Present technology has greatly enhanced the ranging processor design by providing
increased accuracy, greater flexibility, and remote control.

Ranging and Range Calibration.   In the INTELSAT system, ranging to the satellites is
accomplished by passing the signal through the communications transponders. The up- and
down-link signals are both 70-MHz FM at IF, and normal ranging presents no problems.
Zero range calibration is done by simply looping the signal back at the earth station using a
transponder on the antenna. The only drawback to this type of system is that a portion of
the satellite’s communications capacity is used for ranging.

In the COMSAT General system this reduction in capacity has been avoided by using the
command receiver and beacon generator for ranging. Thus the signal which is received as
a 70-MHz frequency modulated signal is transmitted back to the earth as a 70-MHz phase
modulated signal. This presents no problems in terms of commands or telemetry data, 



Figure 3.  Ranging Receiver

since these functions are never performed concurrently with ranging. However, as
mentioned previously, calibrating the phase shift of the earth station equipment does
present a problem. Figures 4a through 4c are block diagrams of the proposed IF and RF
zero range calibration and ranging equipment configurations. The problem results from the
use of the range calibrator for zero range calibration, but not for normal ranging.

The phase shift measured in ranging (Figure 4c) is as follows:

NMEAS = NRANGING PROCESSOR + NFM MODULATOR + NU/C

+ NSATELLITE + ND/C

+ NPM RCVR + NCABLES + NRANGE (1)

The phase shifts due to the up-converter (NU/C) and down-converter (ND/C) may be
eliminated from equation (1) since they are insignificantly small. Then

NMEAS = NRANGING PROCESSOR + NFM MODULATOR + NSATELLITE

+ NPM RCVR + NCABLES + NRANGE (2)



Figure 4.  Typical Equipment Configurations for Zero
Range Calibration (both IF and RF) and Ranging

It can be seen that, to remove the phase shift due to the range (NRANGE) from the measured
phase shift, the phase shifts due to the ranging processor (NRANGING PROCESSOR), the FM
modulator (NFM MODULATOR), the spacecraft equipment (NSATELLITE), the PM receiver
(NPM RCVR) and the cables (NCABLES) must be determined.

In an RF zero range calibration (Figure 4b) the following is measured:
NRF CAL = NRANGING PROCESSOR + NFM MODULATOR

+ NRANGE CALIBRATOR + NU/C

+ NTRANSPONDER + ND/C + NPM RCVR  + NCABLES (3)

The phase shifts due to the up- and down-converters and the transponder may be
eliminated since they are approximately zero, yielding

NRF CAL = NRANGING PROCESSOR + NFM MODULATOR

+ NRANGE CALIBRATOR

+ NPM RCVR + NCABLES (4)



*** This is due to the difference in nature between the input and output signals.

**** Depending upon the modulation or detection technique, and the type of amplifier, inverting or
noninverting.

Comparison of equations (2) and (4) indicates that an RF zero range calibration can be
used to eliminate all the unwanted phase shifts in the ranging measurement, except for the
phase shift of the satellite, at the expense of adding the phase shift due to the calibrator.
Similarly, the IF zero range calibration (Figure 4a) measurement yields

NIF CAL = NRANGING PROCESSOR + NFM MODULATOR

+ NRANGE CALIBRATOR

+ NPM RCVR (5)

which contains the same unwanted quantities with the exception of the phase shift due to
the cables, which can be determined by other simple measurements.

The phase shifts of the calibrator and the satellite are the only remaining unknown
parameters and they cannot be determined absolutely.*** However, they can be generated
from several indirect measurements. Figure 5 is a block diagram of the range calibrator.
The FM discriminator, amplifier, and PM modulator are all wideband units which will
generate very nearly zero or 180E phase shift.**** The absolute phase shift of the amplifier
can be measured since its input and output are both baseband signals. The phase shift of
the PM modulator can also be measured absolutely using two phase locked modulators
and a mixer (see Figure 6). The phase shift of the discriminator with an FM modulator
(also wideband) can be measured as a pair and has been found to be 180E ± 2E over the
frequency range of interest. If half of the difference from 180E is assigned to each unit, the
maximum possible error incurred is 1E at any frequency. These readings may be incorrect
by a multiple of 360E, but this is also true of any of the other readings and can be shown to
be inconsequential.

Figure 5.  Block Diagram of Range Calibrator



Figure 6.  Test Configuration for Measuring Phase Shift
in Phase Modulator

The phase shift of the calibrator has now been generated and can be used to determine the
phase shift of the spacecraft (NSATELLITE). In Figures 4a and 4c, if an IF loopback is
measured and then a ranging measurement to the spacecraft is made in an anechoic
chamber, the difference between these readings will generate the phase shift of the
spacecraft relative to that of the calibrator. Since the phase shift of the calibrator is known,
that of the spacecraft is now deduced and the phase shift due to the range (NRANGE) in
equation (2) can be determined.

Conclusions.   The ranging system implementation discussed in this paper is tailored to the
command and telemetry link characteristics of the COMSAT General COMSTAR and
MARISAT satellites. The system has been engineered to provide the ranging performance
and flexibility needed for these satellites. A problem of particular interest that has been
solved relates to the use of frequency modulation on the up-link and phase modulation on
the down-link and the needed calibration procedure.

Acknowledgment.   The authors wish to acknowledge the considerable effort put forth in
the development of this equipment by F. L. Corcoran and R. H. Lanier.



MICROPROCESSOR CONTROLLED THICK-FILM PCM
TELEMETRY SYSTEM
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Summary   This paper describes an approach to airborne PCM data acquisition that takes
advantage of the latest technological advances in the fields of both the monolithic
microcircuits and hybrid packaging. The result is a low cost system that provides a
combination of long sought-after features ; flexibility, modular make-up, microminiature
size, high reliability and low power.

Introduction   The MMP-600 series micro-modular PCM systems exhibit the following
distinguishing characteristics:

1. Built-in high reliability provided by completely thick-film hybrid construction.
Device-to-PC card connections and card-to-card wiring (potential sources of failures)
nonexistent.

2. Micro-miniature size. Typically a 10 cubic inch unit accepts more than 10 multiple-
range high-level and low-level analog and bi-level (discrete) inputs, provides up to
10-bit binary resolution and performs most functions found in much larger,
sophisticated PCM systems.

3. Modular, expandable design with plug-in module versatility. No longer is it necessary
to pin down the types, quantities, signal ranges and sampling rates of the data
channels ahead of time. As changes in these parameters become necessary in mid-
stream, one can. simply draw upon a library of standard interchangeable modules to
meet changing requirements.

4. User changeable PROM (Programmable Read Only Memory) controlled data
sampling format flexibility. One can change the entire PCM format in the field by
simply replacing or re-programming a single PROM which is accessible upon
removing a cover. Sampling formats combining multiple subcommutation and
supercommutation rates, as well as the synchronization words are controlled by this
PROM.



5. Optional Delay Shift Register Modules that provide delayed PCM output which
enables full recovery of data prevailing reentry through ionesphere where RF
transmission temporarily collapses.

6. C-MOS logic throughout resulting in very low power dissipation.

Since its first introduction, MMP-600 PCM systems have been fully qualified for harsh-
environment space applications and have successfully flown in numerous critical sattelite,
rocket, missile and aircraft missions.

A typical MMP-600 PCM system consists of the following standard modules:

PS-607 Power Supply. This module also includes the basic oscillator.

TM-604 Timer. This module provides PCM and test point outputs, and includes
premodulation filter.

FM-618 Formatter

PR-614 Processor

AD-606 Sample and Hold and Analog to Digital Converter

EP-612 End Plate. This module contains the removable PROM

The following modules are used in variable quantities depending on the data input
requirements:

MP-601 32-Channel High-level Analog Multiplexer

MP-608 16-Channel Differential Analog Multiplexer

MP-602 3-Word (up to 30 bits) Bi-Level Multiplexer

LA-609 Differential Amplifier

SE-610 9207-bit Delay Shift Register

SR-611 9207-bit Delay Shift Register with Premodulation Filter

FL-619 Quad Filters



CONSTRUCTION AND PACKAGING

Vector series MMP-600 PCM Systems are fabricated completely by the processes and
materials of thick-film hybrid technology. The system is completely modular, resulting in a
plug-in expansion capability. Each module is housed in a rugged aluminum alloy frame
with built-in peripheral hermaphroditic connection system that allows adjacent modules to
plug directly into each other (see Figures 1, 2, and 3). Each module is completely covered
and sealed, and is factory-repairable. External electrical functions are introduced directly
into the appropriate module via microminiature, metal shell 37-pin or 9-pin connectors.

The over-all dimensions of each module are 1.7 inches by 1.5 inches by 0.25 inches high
except the Power Supply and End Plate modules which are 0.687 inches and 0.440 inches
high respectively. The housings are precision machined and final finished with electroless
nickel resulting in excellent electrical bonding, interference shielding and corrosion
protection.

Each module, except the end plate, contains a thick-film multilayer wafer assembly.
Integrated circuits, transistors and diodes are interconnected on a multilayer ceramic
substrate. The substrate also contains screen printed thick film resistors and attached
monolithic ceramic capacitors. Compared to assembly of discrete packaged devices,
hybrid assembly offers increased reliability which results from elimination of two complete
levels of connections; those from device to printed circuit board and those from module to
the mother-board.

Each module uses a 1.25 inch x 1.00 inch x 0.025 inch, 96 % alumina substrate. This
provides a firm base with suitable thermal dissipation and dielectric properties. The basic
construction of the thick film substrate is a multilayer ceramic structure formed by screen
printing and individually firing successive layers of metallization separated by a
crystallizable glass dielectric film. Conductive metallized interconnect patterns are formed
by screen printing and firing a suitable gold ink material. This technique provides excellent
adhesion and is suitable for thermal compression gold wire bonding. For soldering leads to
the terminals of the substrate, a high adhesion (3000 psi) platimum-gold conductor is used
with excellent solder wetting and leach resistance characteristics. All semiconductor
devices are mounted to the substrate with a 100% solids, single component, conductive
epoxy which contains fine gold powder and which does not outgas at temperatures up to
190EC.

Suitable resistor inks are used for most resistors. Where ultra-stable microminiature
resistors are required, thin film tantalum nitride chip resistors with ±2 ppm/EC tracking
characteristics are used. Thermal compression stitch bonding and ball bonding with 0.001 



to 0.0015 inch diameter gold wire is used to interconnect the semiconductor devices to the
gold thick film metallization.

FUNCTIONAL DESCRIPTION

The functional block diagram of the MMP-600 PCM system is shown in Figure 4. Any
combination of single ended and differential analog and bi-level (discrete) data inputs are
accepted by this system. Single ended high level analog inputs are time-division
multiplexed by the MP-601 modules. Differential analog inputs, which can be low level or
high level, are multiplexed by the MP-608 modules. The multiplexed differential signal is
further conditioned by the LA-609 differential amplifier and merged with the high level
PAM signal which is fed to the AD-606 sample and hold and analog to digital converter
module. The A to D converter digitizes each analog sample into a binary number with up
to 10-bit resolution (one part in 1023). This data is fed into the formatter module, FM-618,
which also receives the multiplexed bi-level data from MP-602 modules. The formatter
provides accurate threshold detection for bi-level inputs, merges them with the digitized
analog data, inserts frame and subframe synchronization words and feeds the resulting
composite multiplex data train to the timer module, TM-604, in serial form. The timer
converts this data to desired PCM codes (NRZ, Bi-0/ , and Miller, Mark or Space),
generates parity bit if required and provides premodulation filtering. Test outputs such as
bit clock, word clock and frame sync pulses are also provided by the timer module.

The operation and timing of the entire system is under the control of the processor module,
PR-614, which functions as a microprocessor executing the software program entered into
a 256 x 8 programmable read only memory (PROM).

The MMP-600 employs a synchronous isolated power supply, the PS-607 module, which
also contains the basic system clock with four externally programmable bit rates. The quad
filter module, FL-619, provides four premodulation filters to enable effective filtering of
the selected bit rate.

MULTIPLEXING CONTROL

The multiplexing sequence is determined by means of an eight-bit parallel address, A0-A7,
generated by the processor module and bussed internally to all multiplexer and amplifier
modules. The higher order address lines select a multiplexer module, and the lower order
ones select a channel within that module. In the system program written into the PROM,
each multiplexer module is assigned a unique address. Since all multiplexer modules of the
same type are interchangeable, each multiplexer module is programmed by the user at its
external connector to coincide with its assigned address. A module is enabled. when the 



program made at its external connector agrees with the state of the address lines which up-
date at the word rate.

Figure 5 illustrates the operation of the MP-601 analog multiplexer module. As shown in
this figure, the MP-601 is configured as a stand-alone 32-channel random-address
multiplexer in which address lines A5-A7 perform the multiplexer enable function and
A0-A4 perform the channel select function. This approach ensures complete
interchangeability of the multiplexer modules while providing flexibility in sampling
sequence.

The operation of the MP-608 differential and MP-602 bi-level multiplexers are controlled
in a similar fashion.

SIGNAL CONDITIONING CONTROL

Differential analog data inputs with multiple signal ranges are accommodated by using an
LA-609 differential amplifier module for each signal range to be conditioned. Thus, for
example, a system with 48 channels of 0 +50 mV and 15 channels of ±10 mV full scale
range will require two amplifiers. Since each differential multiplexer module accepts 16
input channels, 0 +50 mV amplifier will service multiplexed output from three multiplexer
modules and the ±10 mV amplifier from one multiplexer module. Figure 6 illustrates the
operation of the amplifier module. Address lines A5-A7 control the insertion of the correct
amplifier module into the PAM data train during the appropriate channel time slots. Each
amplifier can be programmed at its external connector to be enabled during a unique
multiplexer address, or a group of addresses. The latter is possible by a “don’t care”
program obtained by connecting the desired program points to the corresponding address
lines.

THE PROCESSOR

The PR-614 Processor executes the program entered into the 256 x 8 PROM to
accomplish the following functional capabilities:

• Multiple subframes and subcommutation rates up to 1/32nd of the minor frame
• Unlimited supercommutation
• Any quantity, bit pattern and location of frame synchronization words

The architecture of the processor is such that, basically only one memory location is
required for each input data channel regardless of its sampling rate or the number of output
words within a major frame associated with that channel. This technique enables very long
major frames (up to 7000 words long) to be attained by a single 256 x 8 PROM. The



maximum number of input channels is 240 (10 bi-level inputs are considered as one
“channel” for a 10-bit system) as determined by the available memory capacity after
accounting for the special instruction codes.

Figures 7 and 8 show the block diagram and the timing of the processor respectively. A
machine cycle of the processor is carried out within a PCM word period. The machine
cycle is divided into seven clock periods, T0-T6. During the first clock period, T0, the
program counter updates to N. During the next clock period, T1, N is loaded into the
address register. During T2, therefore, the memory output represents the contents of
location N, hereinafter to be denoted by (N), which can be either a data channel address or
an instruction code. Instruction codes are utilized to flag any one of the following
conditions that require special treatment:

1. Subcommutated data word 3. Frame sync word
2. Frame ID word 4. End of frame

During T2, (N) is loaded into the instruction register. The instruction decoder interrogates
this data for the presence of an instruction code. If negative, nothing further interesting
happens until the end of the machine cycle at which time the data channel address is
loaded into the output register and bussed to the multiplexer modules.

If, on the other hand, (N) is an instruction code, then the instruction decoder causes the
program counter to update to N+1 during T3, and N+1 is loaded into the address register
during T4. The instruction decoder further detects which one of the four special conditions
listed above is applicable.

If a subcornmutated data word has been detected, then (N+1) is the initial memory address
for that subframe, that is, the first of a group of consecutive memory locations where
channel address of data inputs sampled in that subframe are to be found. The Arithmetic
unit adds the contents of the frame counter to (N+1) to obtain the current subcom memory
address. This arithmetic addition is performed under modulo control. The modulo
information, which specifies the length of that particular subframe, is part of the instruction
code and has been stored in the instruction register. The instruction decoder causes the
address multiplexer to enable the current subcom memory address, which, during T5, is
loaded into the address register. During T6, the subcommutated channel address, now
present at the memory output lines, is loaded into the output register and bussed to the
multiplexer modules.

The modulo technique of adding the frame count to (N+1) saves memory space where
subframes of different lengths are present in the PCM format. For example, if the length of
the maximum subframe in a given format is 32 frames but the length of the particular



subframe being processed is 8 frames then only 9 memory locations (one for each channel
in the subframe and one for the instruction code) are required for that subframe. Thus, in
this example, when the subframe count is , say, 23 the modulo adder will add 7 to (N+1)
since, in frame 23, the 7th channel of that subframe is being sampled.

If the Frame ID Word instruction has been detected, then a command is issued to the
formatter module to transfer the status of the frame counter to the PCM output. During the
second phase of this instruction cycle (N+1) represents the maximum subframe length of
the format. This information is used to reset the frame counter as appropriate.

In the Frame Sync Word instruction cycle (N+1) is the first eight bits of the frame
synchronization code. For 10-bit systems, the last two bits of the frame sync code are
included as part of the instruction code and stored in the instruction register. During T6,
(N+1) is loaded into the output register and a command is issued to the formatter module
to transfer the complete frame sync code to the PCM output. The frame sync word
instruction can be issued any number of times to obtain the desired number of frame sync
words. This instruction can also be issued to insert special words into the PCM format
such as the flight number, equipment serial number, etc.

The End of Frame instruction is similar to the Frame Sync Word instruction except that
during T3 the Program Counter resets to 0 instead of updating to N+1. The contents of
memory location 0 are the first eight bits of the first frame synchronization word. Thus, in
addition to marking the end of the minor frame, this instruction also causes the first frame
sync word to be outputted.

Fig. 1  Typical Multilayer Wafer Assemblies



Fig. 2 Typical PCM Module with Cover Off and On



Fig. 3 MMP-600 PCM System with Accessible PROM Device



Fig. 4  System Block Diagram



Fig. 5  MP-601 Analog Multiplexer Block Diagram

Fig. 6  Differential Amplifier Functional Diagram



Fig. 7  PR-614 Processor Block Diagram

FIGURE 8
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RPV APPLICATIONS IN THE U.S. NAVY

R. D. FRIICHTENICHT
Program Manager, RPV’s
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ABSTRACT:  The continuing evolution to smaller, more reliable electronics packages has
had a tremendous impact throughout industry and the world. one application that has just
recently started receiving wide spread attention is Remotely Diloted vehicles (RPVS). The
smaller computers, electro-optical devices, infra-red systems, etc. have brought the RPV
out of its “model airplane” stage and into the military arena. RPVs offer some distinct
advantages over manned aircraft, which places them in a very competitive position for
accomplishment of selected missions. Cost savings promise to be significant and their
comparatively small size make them attractive for operation from small naval ships.
However, the Navy faces some unique problems that must be addressed before RPVs are
an integral part of the Naval Forces. The most immediate and overriding problem is
recovery. Not only is the recovery platform very small, but ship’s movement through all
three axis further complicates the problem. This paper discusses some of the possible
naval applications of RPVs, and outlines the Navy’s program for solving the recovery
problem.
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A REVIEW OF RPV PROGRAMS IN THE USAF

JOHN A. PALMER
US. Air Force

ABSTRACT:  A brief explanation of the background behind development and
employment of operational RPV systems will be followed by a resume of their
accomplishments and shortcomings. Reconnaissance, electronic warfare and strike systems
will be covered. The main portion of the paper will discuss systems under development to
support specific missions or improve RPV capabilities in general. The Compass Cope high
altitude RPV, multi-mission RPVs, expendable drones, and mini-PPVs will be considered
as a family of vehicles desianed to support a variety of mission requirements. In addition,
programs to improve capabilities for launch, recovery, controls and sensor integration will
be included. The overall emphasis is on an appreciation for the purpose and direction of
the Air Force RPV development program.

ITC '75
This CD-ROM duplicates the published proceedings in that only an abstract of this paper was published.



LOW DATA RATES NECESSARY FOR RPV COMMAND
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Summary.   In the design of a tactical multi-remotely piloted vehicle (RPV) data link, the
RPV data rate and update rate are crucial to the multi-RPV scenario. Data rates on the
order of 150 bits per second per RPV or fewer and update rates of fewer than 2 per second
per RPV must be used if the RPV’s are to operate successfully in a hostile jamming
environment. This limit is imposed by the amount of RF spectrum that can be obtained for
applying spread-spectrum to protect the data channel. Through data management all
necessary RPV command and telemetry functions can be handled at these rates.

Introduction.   This paper first develops an argument for the limitations imposed on the
data link by the jamming threat. This is followed by the development of a multi-RPV data
link model used for the analysis. The effects of data rate and update rate upon the anti-jam
(AJ) capability are then presented by a set of curves. Finally the paper develops the
required data rates, update rates, and data format based on existing RPV’s. It is also
shown that, by proper management of the data format and channel, all necessary RPV
command and telemetry functions can be transferred with modest average data rates and
average update rates.

Effects of the Jammer on the Data Link Design.   One of the most difficult problems in
the design of a multi-RPV data link is providing sufficient AJ so that the RPV’s can
effectively penetrate and perform in a hostile electronics countermeasure (ECM)
environment. Even the most simple jamming scenario shows that the jammer can be
expected to have a range and transmitter power advantage; also, the jammer has a potential
advantage through the use of directional antennas. The range advantage results from
jammer proximity to the target. The power advantage results from the jammer ground
location and greater transmitter power. Jammer advantage in antenna gain depends on the
magnitude of gain at each of the data link terminals. Directional antennas with as much
gain as possible should be incorporated at all terminals. The RPV antenna will have the
least gain because of size constraints, but can be designed to provide approximately the
same gain as the jammer since the jammer must give up gain to achieve sector coverage.



To overcome the jammer advantage in transmitter power and transmission range, spread-
spectrum techniques must be applied to the multi-RPV data link. The extent to which
spread spectrum can be used is determined by the amount of bandwidth (rf spectrum) that
can be allocated and effectively used for the multiple-RPV operation. The effectiveness of
spread spectrum is determined by the ratio of the spread bandwidth to multi-RPV channel
signaling rate. This ratio is defined as the TcW (time-bandwidth) product, which is
approximately equal to the channel processing gain and is used interchangeably in this
paper. The TcW product is only an estimate of the AJ capability of a spread-spectrum
system. However, the TcW product is useful in comparing systems, and the difference in
AJ capability for two comparable systems will be within a few dB of the difference of their
processing gains. The actual AJ margin of any system is equal to the processing gains
minus the required EB/NO minus the loss due to the specialized jammer and can be
determined only from the specifics of the system and the jammer.

The required magnitude of the TcW product depends on the specific scenario; however,
TcW products in the range of 40 dB are not difficult to predict. Consider a jammer with a
range advantage of 20 dB (200 to 20 nm), a power advantage of 13 dB (2 kw to 100
watts), a terminal requiring an EB/NO of 7 dB, and equal antenna gains for the jammer and
data link transmitter. This adds up to a processing gain of 40 dB needed to protect the
channel.

The amount of bandwidth over which a signal can be spread is limited by the equipment
bandwidth capabilities and by the amount of rf spectrum that can be allocated without
interference with other systems. It is expected that spectrum allocations will not exceed
500 MHz and may be as low as 100 MHz. The only way to get high TcW products, then,
is to reduce the multi-RPV channel signaling rate.

Multi-RPV and Data Link Model.   The multi-RPV data link requirements encompass
the following:

1. The number of RPV’s that must be controlled from a single station
2. Real-time positive control of all RPV’s
3. Multi-mission capabilities
4. Both direct and over-the-horizon operation.

The choice of a data link to meet these requirements involves selecting a multiple-access
technique compatible with directional antennas and spread spectrum. Time-division
multiple access (TDMA) was chosen to demonstrate how the individual RPV data rates
affect the final rf bandwidth needed. Other viable techniques are carrier division multiple
access (separate carrier) and code division multiple access. TDMA is considered superior
when the number of RPV’s exceeds four, because a single, high-gain, agile-beam antenna



can be employed for communicating with all RPV’s. Also, the use of a common carrier
implies identical RPV transmitters and receivers and allows use of a single receiver and
transmitter at the control station. System costs are reduced through equipment
commonality. Another attractive characteristic of TDMA is that its channel bandwidth is
approximately the same as the doppler frequency, making the channel relatively insensitive
to vehicle flight dynamics.

In selecting a TDMA data link, three possible configurations were considered, as shown in
figure 1.

The configuration shown in figure 1a incorporates a single control station, a single relay,
and multiple RPV’s and operates with a single carrier for command and status reporting.
This carrier is time shared among the various RPV’s. The data link operates in fixed time
slots. In a typical operation the control station generates a block of command information
that is transmitted either directly to the RPV or to the relay. When the information is
relayed, the carrier is demodulated and the message stored until the next time slot. It is
then retransmitted to the RPV. The downlink operation is identical in the reverse direction.
This type of system has the advantage of using a single carrier but has the disadvantage of
requiring demodulation and storage at the relay as well as having the greatest channel rate.

The second configuration (figure 1b) operates in two bands, with the relay station
performing a direct relay operation without demodulation and the RPV operating in a
transposed mode. The advantages of this configuration are reduced channel rates and no
demodulation at the relay. The disadvantages are the need for two operating bands and
carrier frequency switching at the control station to go from direct control to relayed
control.

The third configuration (figure 1c) further reduces the channel rate but uses four operating
bands and requires carrier switching at the control station for direct or relay modes. The
disadvantage of using multiple bands disappears if frequency-hop spread spectrum is used,
because all terminals then become multi-band systems.



Considering the three TDMA models, the relationship between the channel signaling and
average data rate and update rates are as follows:

The equations show that each of the configurations has the same TcW product for equal
RPV data rate, number of RPV’s and update rate. For example, the single band requires
four times the channel rate required by the four-band configuration, but the latter utilizes
equal spectrum in four bands. The channel rate is proportional to the average data rate per
RPV but is critically related to the update rate and number of RPV’s because of the
denominator of the equations. To illustrate the desired range of the update rate and number
of RPV’s, the expression

is plotted in figure 1d as a function of Ru, with N as a parameter.

This plot indicates that it is desirable to limit the update rate for each RPV to two updates
or fewer per second. It also shows that for a constant average data rate per RPV, the
channel signaling rate increases asymptotically with increased update rate. This occurs
because the guard time is fixed, and, as the update time approaches the guard time, the
time to transmit the message becomes disproportionally smaller. However, the only real
loss in AJ capability for the shorter message time results from the increased ratio of
overhead bits to message bits, because the transmitter is on for a smaller time, and, for the
same average transmitter power, greater peak power can be used to compensate for the
shorter transmission time. Some increase in peak power can be used to compensate for the



increased channel rates; however, communication-type equipment tends to be peak-power
limited rather than average-power limited.

To illustrate the relationship between the required channel signaling rate and the other data
link parameters, a plot of the single-band configuration channel signaling rate versus
average data rate per RPV is shown in figure 2. From the standpoint of channel signaling
rate alone, the values used for average RPV data rate and update rate seem relatively
unimportant. For example, when RD = 1 kbs, N = 20, and Ru = 4, the channel rate is
approximately 250 kbs, which is not a difficult channel rate to implement. However,
considering the amount of spread bandwidth required to protect this channel, the RPV data
rate and update rate become extremely critical. Figure 3 shows the amount of spectrum
which will be used as a function of average RPV data rate to obtain a TcW of 40 dB. This
figure clearly illustrates the need for low data rates. For example, assume the available
spread bandwidth is 200 MHz. For 20 RPV’s and an average update of two times per
second, the maximum average data rate which can be used is only 145 bits per second per
RPV.

To further illustrate the need for low average data rates, a plot of obtainable TcW product
versus average RPV data rate for various spread bandwidths is given in figure 4. This
figure is given for N = 20 and Ru = 2 only. As an example, if 200 MHz of spread
bandwidth is available and an average data rate of 1 kbs is specified for each RPV, only
31.5 dB of TcW is obtainable, which implies a modest jamming threat.

Data Requirements and Format Management.   The amount of data required to be
transferred to an RPV is dependent on (1) the type of mission to be performed, (2) the
degree of automated flight control incorporated into each RPV, and (3) the flight phase of
the RPV, such as launch-recovery, ingress-egress, or mission execution. Since these data
requirements for any RPV are time dependent, the overall data link format can be time-
managed to provide an adaptive rate compatible with the individual RPV needs and yet
maintain a low average rate to all RPV’s.

This paper assumes the simultaneous control of 20 RPV’s in various mission phases,
computer-aided operator control, and an onboard flight programmer-controller capability.
The launch and recovery and the mission execution phases are considered contingency
operations involving human participation. In the contingency mode RPV fault alerts are
annunciated and additional flight data are called up for situation assessment. The
contingency mode is also used when the flight data reveals that the planned progress of an
RPV is not on schedule, or target redesignation is required.



It is assumed that the ingress-egress phase, which provides for the delivery of the RPV
from the launch area to the mission execution area, is normally a hands-off operation with
the flight operator merely monitoring the progress.

The acceptable time delay from message initiation to message execution is dependent upon
the particular mission phase of the RPV. Acceptable delays are listed below:
1. Launch phase: 500 ms
2. Ingress-egress phase: 1 to 20 seconds
3. Mission execution phase: 250 ms
4. Recovery phase: 500 ms.

These time rates, which in part determine visitation requirements, are based on the
aerodynamic requirements of the airborne vehicles and on the reaction time of the human
operator.

Using these criteria, the requirements for an adaptive format will be developed to provide
a bit rate per vehicle that is acceptable for spread spectrum operation.

Table 1 shows a typical set of commands required to fly an AQM-34-type RPV during
various mission phases. Ths number of bits required for command is nearly 200, and for
telemetry, over 200. Adding overhead bits for vehicle identification and data routing
increases these numbers by at least 10 percent.

A typical worst case vehicle phase distribution would have 14 RPV’s in the ingress-egress
phase, 4 in mission execution phase, 1 in launch, and 1 in recovery. Table 2 shows the data
rates necessary to adapt the measurement distribution for a 1-second time-ordered
transmission. The table shows that some measurements in the mission execution phase are
required to be transmitted four times per second, other measurements twice per second,
and another group once or less per second. A table may be prepared to distribute the
information with four transmissions occurring in 1 second. Table 3 is an example of data
distribution to include each of the required measurements. The measurements are adapted
to the maximum update rate and are distributed between four data subtrames. No attempt
was made to combine the mutually exclusive commands into one shorter word. For
example, pitch-up rate and pitch-down rate are mutually exclusive and can be combined
into one six-bit word, with the first bit used to define up or down, and the next five bits
used to define the proportional command. Adapting the data bits as shown gives a data
frame requiring approximately 70 data bits per transmission. It is assumed that the
overhead requirements to obtain synchronization and to define the frame, phase, and next
receiver location will add another 20 to 30 bits to the data frame. For a given mission or
requirement, other commands may be required, but these commands can be adapted to the
format and applied to the frame in a manner most economical of data requirements.



Table 1.  Typical Commands



Table 2.  Data Rates

COMMAND D = Discrete

P = PROPORTIONAL



Table 3.  Measurement Distribution Data

Subframe Subframe

E1

E2

E3

E4

1/E1

1/E2

1/E3

Mission Execution Subframe

Mission Execution Subframe

Mission Execution Subframe

Mission Execution Subframe

Ingress-Egress Subframe

Ingress-Egress Subframe

Ingress-Egress Subframe

1

2

3

4

1

2

3

1/E4

1/E5

1/E6

C1

C2

C3

C4

Ingress-Egress Subframe 

Ingress-Egress Subframe 

Ingress-Egress Subframe 

Contingency Subframe 

Contingency Subframe 

Contingency Subframe 

Contingency Subframe 

4

5

6

1

2

3

4

E = Mission Execution
C = Contingency
I/E = Ingress-egress

The four mission execution subframes are part of a master frame which includes the
subframes for all of the mission phases. The master frame contains the subframes for
mission execution, launch-recovery, and ingress-egress. Four subframes are required to
transfer the mission execution information required. The ingress-egress phase, as shown in
table 1, requires that 27 bits of information be sent every second, 36 bits of information
every two seconds, 3 bits each 10 seconds, and 64 bits every 30 seconds. This information
can be adapted to six subframes so that 45 bits are sent in each subframe to transfer the 1
update-per-second data (27 bits) plus one half the 2-second requirement (18 bits). In
addition to the 45 bits, 70 bits must be distributed between 4 subframes to transfer the low
update information. There are 25 bits per subframe available to transfer this information,
and the transfer can be done with 4 subframes. The 4 subframes would carry 17 data bits
plus 3 sub-subframe ID bits. The discussion can be carried a step further to show that 32
subframes could be used to transfer the information, reducing the data bit transmission
requirements to 52 bits. This is not, however, compatible with the mission execution
format. All subframes should have the same bit rate for ease of mechanization.

Launch-recovery data can be distributed between 4 subframes to effect the same subframe
length as those used for the other mission phases. A measurement table would then be
mechanized as shown in table 3.



From the mainframe shown in table 3 a combination of subframes would be ordered to
generate a 1-second master frame. This would always include the 4 execution subframes
and would select 14 of the ingress-egress commands and 2 of the contingency commands,
a mix capable of controlling 20 RPV’s in various mission phases.

The format for the telemetry is adapted to the time ordered system in the same manner as
the command data. Again, four data frames are adapted to the time ordered transmission to
send the telemetry data to the control center. Launch-recovery and ingress-egress can be
adapted in the same manner as the mission execution for the telemetry to achieve a
minimum data loading per frame. Mission execution was considered to be the worst case,
and therefore the frame allocation for this phase is the only format shown.

Each of the 20 vehicles will at some time during a mission be in one of the phases
described, i.e., each vehicle may be in launch-recovery, ingress-egress, or mission
execution during the operation. This means that, preceding each message, sufficient
overhead must be allowed for carrier, code, and message synchronization, vehicle
identification, mission phase, and frame identification. For this study an equivalent time of
30 message bits is allowed for this overhead function, which is admittedly generous. The
frame ID will contain ten bits.

Under these assumed conditions, the data frame would be as shown in figure 5.

The overhead may be excessive because much of the required information may be
available from the spread spectrum code and synchronization. Where such synchronization
exists, the average data rate can be correspondingly reduced.

Figure 6 shows a basic format for adapting the 20 RPV’s to the time-ordered transmission
system. The time slotting is distributed to permit an even multiplex of the 20 vehicles
within the mission phases. Four mission execution slots are assigned and distributed in a
time-ordered fashion, and eight contingency slots are assigned for additional capability for
vehicles requiring temporary operator-in-the-loop control. The mission execution slots are
available for contingency when vehicles are not in the actual execution phase. Mission
execution should normally require no more than 3 minutes, and all the time between
mission execution phases is therefore available for contingency operations. One time slot is
assigned for each of the vehicles flying ingress-egress, and the contingency slots are used
for additional control during launch-recovery operations. The system operates in such a
way that the vehicle is assigned to operate within a given slot but may be commanded to
look for information at any other time slot within the 1-second data frame. This provides a
flexible format that is compatible with the time-ordered system and minimizes the data
transmission requirements.



Figure 6 shows that 40 time slots are available and that 100 bits are transmitted in each of
the 40 time slots. This configuration, then, supplies 4,000 bits of information in a 1-second
period, which gives an average update rate for each of the 20 vehicles of 200 bits per
second (including all overhead). This illustrates that low data rates and low update rates
are feasible for the command and control of multiple RPV’s.

A more complex data transmission and reception system is required to guarantee that the
information transmitted will be received, but this is the subject for another study on error
encoding, error correcting systems.

It has been shown that low data rates and low update rates are required to operate multiple
vehicles in a hostile jamming environment, and that through the use of adaptive techniques
compatible with a time-ordered communication system these rates are realizable.



Figure 1.  TDMA Data Link Configuration



Figure 2.  Channel Signaling Rate Figure 3. Spectrum Usage Versus 
Versus Average RPV Data Rate Average RPV Data Rate for 

Multi-RPV Spread- Spectrum Data
Link Using TDMA

Figure 4.  Obtainable TcW Product Versus Average RPV Data Rate



Figure 5.  Typical Data Frame

Figure 6.  Basic Format



MULTIBEAM ADAPTIVE ARRAY FOR RPV ANTIJAM
COMMUNICATION
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1.0   INTRODUCTION

An application using a multibeam adaptive array for the simultaneous communications of
command control, and telemetry data from 20 Remotely Piloted Vehicles (RPV’s) to a
command station is investigated. It is assumed that the RPV’s are on tactical mission
beyond FEBA as typically shown in Figure 1, and that communication links must be
established to and from each RPV in the presence of many airborne and/or surface based
jammers. The RPV’s are assumed to be on data collection missions out to a maximum
range of 100 km and must data link the sensor information (including digitized video of 20
Mbps) back to the tactical RPV control center. The data link will be operated at C-band.
Other system parameters are summarized in Figure 2.

Figure 1.  Typical Operational Scenario

The concept evaluated employs an airborne array but locates all of the complex beam
forming and adaptive antijam processor functions for each RPV on the ground; hence its
name Adaptive Ground Implemented Phased Array or AGIPA. Although a tethered rotor
vehicle is shown in Figure 1 for the relay platform, the basic multibeam antijam concept
presented herein is applicable whether the array is remotely suspended in space (aircraft,
helicopter, tethered rotor vehicle, or spacecraft) or surfaced based (land or sea). The
advantage of locating the array on an elevated platform is to extend the usable support 



Figure 2.  System Parameter

range for the RPV as shown in Figure 3. Obviously, it is desirable to place the array at as
high an altitude as possible. This paper assumes a tethered rotor platform at an altitude of
1000 ft.

Figure 3.  Range Extension With Relay Platform

The signal environment is shown in Figure 4 which shows the susceptibility to jammers of
the receiver on the RPV as well as the receiver on the relay platform. The jammer has the
option of disrupting either the individual RPV command and control receive link, or to jam
the common return telemetry link receiver on the relay platform that receives the multiple
access signals from all RPV users or both. Of the two, the relay receiver is more critical
since it is the central focal point for the command, control and telemetry to and from all
RPV’s. This paper addresses only the antijam protection for this return link.

Figure 4.  Signal Environment



2.0   SYSTEM APPROACH

To protect the relay receive link an adaptive array is used which optimizes the output
signal-to-jammer plus noise ratio S/(J+N), by placing jammers in spatial pattern nulls while
similtaneously placing the peak of the antenna beam on the desired user. More specifically,
the array is mounted on the airborne relay platform to extend the range of coverage to the
RPV’s, but all of the complex beam forming and adaptive processing networks for each
beam formed are located on the ground. In addition, in order to form multiple beams, each
one customized for the individual RPV, unique pseudorandom codes are employed to
identify each RPV signal, providing code division multiple access (CDMA) system on the
return link. Figure 5 summarizes the highlights of the antijam approach to be employed,
and Figure 6 shows the basic components essential to the implementation of the AGIPA
approach. The array is located on the relay platform and each element of the array is
essentially connected to the ground-based beam forming and adaptive antijam processors
through a multichannel repeater and long transmission lines (or alternatively, by way of a
radiating link). Both hardware and radiating links have been evaluated and will be
described later. On the ground, a multichannel beam forming network and adaptive antijam
processors are employed for each multiple access RPV user.

Figure 5.  Antijam Approach

Figure 6.  AGIPA Implementation



The acquisition and track procedure is summarized in Figure 7. Two approaches are
presented, either using the known signal waveform (unique PN code), or the known
direction of arrival (DOA) of the desired RPV signal. In the initial approach, the beam is
initially pointed in the approximate direction of the desired RPV, and the PN generator is
scanned to search for the desired user FIN code. After PN lock, the adaptive process is
initiated to optimize the S/(J+N). After adaption, the AGIPA processing algorithm will
automatically track the desired user.

KNOWN SIGNAL WAVE FORM

• INITIALLY POINT BEAM TO RPV

• ACQUIRE PN CODE

• START ADAPTION

• AUTOMATIC TRACK

KNOWN RPV DOA

• INPUT RPV SIGNAL DOA

• ADAPT ON JAMMERS

• ACQUIRE PN CODE

• ADAPT ON SIGNAL AND JAMMER

• AUTOMATIC TRACK

Figure 7.  Acquisition and Track

In the alternate approach, using known RPV DOA information, the desired user DOA data
(obtained through other navaid techniques) could be inserted into the computer program,
and the computer can use this input to contrive an adapted solution, forcing the adaptive
processor to null jammers based on this software injected RPV signal. This approach is
very valuable since the adaptive process can be directed to spatially null jammers, even
before the desired RPV signal is received. After the jammers are nulled, the PN code is
acquired, and the adaption process is initiated on the actual received RPV signal as in the
initial approach.

The return signal path is a tandem link composed of an air-to-air link in cascade with an
air-to-ground link. The overall carrier-to-noise ratio (CNR), Q0 requirements for tandem
link can be expressed as:

where,
Q1 = CNR required in air-to-air link
Q2 = CNR required in air-to-ground link



and the equation is plotted in Figure 8 as a function of the allowable CNR degradation
() Q= Q0 /Q1) in the relay repeater. To achieve an output received signal power density
per bit-to-noise density (Eb/No) of +7.4 dB for digitized video will require an output CNR
Q0) of - 7.8 dB where:

Q0 - Eb/No - Bandwidth process gain - Array gain = +7.4 - 5.2 - 10.0 = - 7.8 dB

and where,

PG = RF bandwidth/information bandwidth
= 66.7 Mbps/20 Mbps = +5.2 dB

Array 
Factor = Garray /Gelement = +10.0 dB

Therefore, if we allow a CNR degradation () Q) of 1 dB in the airborne multichannel
repeater, the resultant CNR (Q1) required in the air-to-air link is -6.8 dB; from the curves
in Figure 8, the required CNR (Q2 ) in the air-to-ground link is +6.9 dB.

Figure 8.  Tandem Link CNIR Requirement

In order to determine the number and type of antenna elements required for the air-to-air
return link, Figure 9 shows the link budget used to size the array requirements on the relay
platform. This air-to-air link operates at 5 GHz over a maximum range of 100 km. Over
this range, it is also assumed that a rain cell of 18.5 km with a precipitation rate of 12 mm
per hour is encountered, representing a propagation absorption loss of 2.2 dB. In addition,
an array pointing loss of 1 dB as well as a polarization loss of 3 dB has been used to allow
for relative attitude variations of approximately ±45 degrees between the element on the
RPV and relay platforms.



Figure 9.  Air-to-Air Return Link Power Budget

The link budget shows the results of returning digitized video (20 Mbps) or 10 kbps of
telemetry data. The return data is delta phase shift key () PSK) modulated and PN spread
using a chip rate of 66.7 Mbps. For an RPV effective radiated power (ERP) of +43 dBm,
the resultant relay receiving system array gain-to-system noise temperature (G/Ts) of -4.6
dB/K is required for video reception to achieve an output Eb/No of +7.4 dB. For data, a
BER of 10-5is assumed, requiring an output Eb/No of +9.9 dB and a G/Ts of -35.1 dB/K. If
we use an available bipolar transistor low noise preamplifier with a noise preamplifier with
a noise temperature of +400 K, a system noise temperature (Ts) of +955 K or +29.8 dB/K
can be achieved, resulting in an array gain requirement of +25.2 and -5.3 dBi for video and
data reception, respectively. The relay array will be designed for more stringent case of
video reception.

The array of the relay platform shall provide a gain of at least +25.2 dBi over a 120-degree
field-of-view (FOV) in the azimuth plane as shown in Figure 10. In the elevation plane, the
array must track RPV’s at mission altitudes from 0 to 5000 feet. Including attitude
stabilization errors of ±1 degree in roll and pitch, the array must have an elevation beam
width of approximately 3.6 degrees, requiring a vertical aperture of approximately 18
wavelengths. In order to minimize the number of array elements and consequently the
number of repeater channels on the relay platform, each element will be designed to
provide a half -power beam width (HPBW) of 3.6 degrees in elevation and 160 degrees in
azimuth. This will result in an element gain (Ge1) of approximately +16.5 dBi on boresight
and +14.9 dBi at the desired ±60 degree scan limits. Using the approximation:



10 elements are required to achieve the desired array gain of +25.2 dBi at scan limits. This
is the minimum number of elements that can be used to provide adaptive nulling in the
azimuth plane. Since the elevation beam width is narrow, no elevation null steering is
provided.

Figure 10.  Antenna Design

Figure 10 shows the design for the element as well as the array. The element is a collinear
array of 36 dipoles, mounted on a one wavelength diameter cylinder, providing a wide
cardiod shaped azimuth pattern with a HPBW of approximately 160 and 3.6 degrees in
elevation. The elements can be designed to provide either vertical, horizontal, or circular
polarization. Vertical polarization is preferred, however, because:

• Linear polarization is much simpler to implement

• Relative polarization between the two RPV’s will probably be less than 45 degrees
since both vehicles must maintain relatively level attitude during their mission
functions, and the loss due to nonalignment will be less than the cosine of 45 degrees,
or 3.0 dB if both relay and sensor RPV are vertically polarized

• If circular polarization is used at one terminal and linear polarization at the other, the
loss can be up to 6 dB

• Vertical is preferred over horizontal polarization since vertical polarization produces
less multipath interference signal as a function of grazing angle

Therefore, vertical polarization is recommended at both sensor RPV and relay vehicles.
Ten such elements are arrayed in the azimuth plane with approximately two wavelength
separation between elements. The resultant HPBW’s of the array are approximately 3.2
and 3.6 degrees in azimuth and elevation plane, respectively.

The repeater design is functionally shown in Figure 11 and employs a multichannel RF
front end using low noise bipolar transistor amplifiers to minimize the receiver noise. Each



of the 10 channels are frequency division multiplexed (FDM), downconverted, and
transmitted to the ground for processing. It may be necessary to break this band into
several smaller bands in order to minimize the RF bandwidth linearity requirement on the
transmitter amplifier.

Figure 11.  Repeater Design

The repeater system weight and power has been estimated as shown in Figure 12,
including the command link requirements as well as the frequency synthesizer.

Figure 12.  Summary of Weight and Power

In the air-to-ground return link, the amplified output from the 10 array elements are
frequency division multiplexed (FDM) for return to the ground station. Each channel
requires approximately 100-MHz RF bandwidth (BW . 1.5 x PN chip rate). If we
conservatively include 50-MHz guard band between each channel, a total RF bandwidth of
approximately 1500 MHz is required.

Two alternative approaches were evaluated for this air-to-ground link, namely hardwire
versus radiating links. For the hardwire link, three possible operating frequency bands
were considered as summarized in Figure 13. Band 2 was selected as a best compromise
between bandwidth ratio and input power required. Within this band, the channelizing
filters would be reasonably similar in construction complexity and performance. In
addition, the maximum channel RF power for this band can easily be met by available
solid-state amplifiers. A single wideband amplifier could not cope with the power



frequency slope, nor produce a suitably low intermodulation product level when handling
10 channels simultaneously. The band I filter would have widely varying characteristics,
while the RF power required for band 3 operation is unattractively high.

Figure 13.  Performance of Hardwire Links Versus Operating Frequency

Consideration for a radiating air-to-ground link begins with the 1500-MHz bandwidth
requirements. Direct use of the 500 to 2000 MHz band is technically feasible but
impractical for a radiating link due to spectrum pollution and ease of interception.

A more reasonable approach to implement a radiating link is to use a 1500-MHz band
located in the Ku-band region, say about 15 GHz. The 10-percent bandwidth can be
handled with highly directional antennas andrepresents reasonably efficient spectrum
utilization. The available antenna gain (30 dB for a 1-ft dish), would produce a net path
loss of 47 dB. The receiver performance would be reduced somewhat (NF = 15 dB) and
the per channel transmitter power would be about -20 dBm (-10 dBm total). This level
could be provided directly from the output of individual channel solid-state upconverters
using a passive multiplexing filter network to drive the common antenna. However, the
multiplex requirements would be stringent and a multiple frequency LO source at Ku-band
would be required.

A more promising approach would be to use a 4-ft antenna on the ground to reduce the
total transmitter power by 10 dB to about -20 dBm (-30 dBm per channel). This level
could be obtained by linearly amplifying the output of a single Ku-band upconverter which
would operate on a 1500-MHz wide multiplexed signal centered at 3 GHz. The filter
requirements would be softened and the multiple frequency source would now be at a
much lower frequency, thereby being more efficiently realized.

In summary, for the short path (1000 ft) and wide bandwidth (1500 MHz) of this
application, a hardwire data link provides a simpler, lower cost solution than does the
alternative radiating link operating at Ku-band. The relative merits of the two approaches 



are given in Figure 14. Clearly, the only advantage to the radiating link is the reduction in
cable weight from an estimated 180 lb and down to 50 lb.

Figure 14.  Hardwire Versus Radiating Link

At the ground, the inverse process is performed as shown in Figure 15. The signals from
“n” array elements which were multiplexed for transmission to the ground are now
demultiplexed into “n” separate channels. Since each element may contain code division
multiple access (CDMA) signals for “m” number of RPV users, the outputs from the
demultiplexer are divided into “m ways”. For each “m” user, a separate adaptive processor
is employed to provide a customized beam that nulls his particular jammers and optimizes
his particular S/(J+N), using the unique PN code to recognize and separate the desired user
signal. A common computer network has been assumed for the “m” number of RPV users.

Figure 15.  AGIPA Ground Processor Design

A typical AGIPA adaptive processor is shown in Figure 16 which employs an adaptive
algorithm that optimizes the S/(J+N) on the basis of knowing the desired signal waveform.
In the approach presented herein, a PN code is used to uniquely define each multiple
access RPV signal waveform. This knowledge is used to separate the desired user signal



from other unwanted interference signals (jammers as well as other users) for the sum
output as well as for each received channel. The resultant desired and interference signals
from the sum channel are cross correlated with the resultant desired and interference
signals from the individual channels to provide the steering information necessary to
compute the amplitude and phase adjustments required in each channel in order to place
the jammers in pattern nulls while simultaneously optimizing the output S/(J+N). However,
the process to achieve the optimum solution is an iterative process and cannot be achieved
in a single step. Therefore, a computer is employed to calculate the desired step size and
direction based on the correlator outputs as well as measured signal (*Vs*

2) and
interference (*Vi*

2) power levels. This optimization process is referred to as plunge
routine, convergence or accelerated convergence processes. The iterative process is shown
in Figure 17 for a two-dimensional case. The dark line superimposed on the family of
concentric error ellipses shows the steps (size and direction) necessary to achieve the
optimum S/(J+N) solution in the center. The rectangular graph (dB versus number of steps)
shows the resultant performance of the desired signal (S) in the presence of two jammers
(J1 and J2) as a function of each iterative convergence process. In this computer-simulated
example, it is seen that the optimum signal-to-interference ratio (SIR) has been achieved in
approximately 10 steps, and the jammers have been effectively suppressed by
approximately 50 dB. This optimization process can be completed in a few milliseconds.

Figure 16.  AGIPA’s Adaptive Processor



Figure 17.  Accelerated Convergence Process

Computer simulations have been used extensively to evaluate the antijam performances of
adaptive arrays using various signal environments as typically shown in the three-
dimensional antenna contour plot of Figure 18. The relative contour levels with respect to
the peak of the beam pointed on boresight is shown above the plot. The computer run
shows the effectiveness of the adaptive algorithm to locate the desired signal “        ” in the
peak of the beam while placing the five jammers “         ” in pattern null to optimize the
S/(J+N).

Figure 18.  Typical Computer Simulation



AIL has to date fabricated several multibeam adaptive arrays using this AGIPA concept,
two for NASA and one for the Navy. A typical 32-element array designed for NASA’s
MRS S-band multiple access link is shown in Figure 19. This system used a hardwire link
back to the adaptive processors. Typical results are given in Figure 20 showing the
adaptive antijam performance in a single jammer and two jammer environment. It is
interesting to note how the beam is steered to spatially null the jammer, but also how the
beam shape is changed to null the jammers while keeping the peak of the beam on the
desired signals. These tests have shown jammers to be spatially suppressed in excess of 40
dB, limited only by the noise level of the demonstration system.

Figure 19.  Demonstration Setup

Figure 20.  Antijam Performance
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