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ABSTRACT

This thesis describes an investigation into the problem of
designing an electronic system capable of automatically searching
selected portions 6f the High Frequency (H.F) spectrum for possible
new transmissions, and into the limitations and practical feasibility,

When there is a priori knowledge of the various signal para=
meters such as type of modulation, frequency and time of transmission
etc., various well known techniques can be used for the detection
of the desired signal. But in the present problem under investi~
gation, no such a priori knowledge may exist. Therefore we have
to adopt special mearsof detection.

Preliminary experiments have shown that the technique of
séanning the selected portions of the H.F. spectrum, measuring the
energies contained therein, and comparing these with some preset
thresholds is one of great potential accuracy;  but that certain
problems associated with noise and'fading need to be resolved.

Experiments have been performed to study the fading effects
and the effect of various types of noise in order to fix a threshold
for detection.‘ Experiments have also been performed to determine
the probability of detection both as function of signal to noise

ratioc and signal duration.



Finally the basic design considerations of an electronic
system for detecting new signals in the H.F. spectrum is discussed
in detail. The proposed system is straight forward and needs
very little refinement. The important and most striking féature
of the system is the possibility of saving vast amounts of man-
power which would otherwise be needed for the monotonoué and re-

petitive job of tuning a receiver for long hours of -day and night.
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"If you are able to measure something; then

yoli are in a position to talk about it"

Lord Kelvin,.
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INTRODUCTION AND BACKGROUND

1.1 Introduction.

The rapid and automatic search of wide frequency bands for the
location and identification of H.F. signal sources is becoming in-
creasingly important day by day./ Equipmént capable of conducting
rapid surveillance is required at air traffic centres, monitoring
stations, missile launch and tracking stations etc.

The investigations described in this thesis form a detailed study
of the problem, its limitations and practical feasibility, In grder
to appreciate the complex nature of the problem and why such stgdiés
are warranted, it is useful to recount some of the present probiéﬁsv

in the H.F., transmission.

1,2 The Nature of the H.F. Spectrum

The past few years have seen an enormous increase in the use of
Radio Frequencies for broadcasting and other purposes. A mere glance
at the Frequency,List(B)Apublishéd by the International Telecommunication
Union, Geneva, will convince anyone of this staggering fact. During
the early stages of the last war the medium wave broadcasting bands
were already becoming overcrowded. Since then the use of these fre-
quencies for broadcasting has still further increased both in number
and power of transmitters used. With the great increase in the demand

for frequencies, there has been considerable widening of knowledge of
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the properties of some of the frequency bands and their suitability
for various types of services,

Among these various bands a relatively narrow but important sub-
division of the radio spectrum between 3 - 30 Mc/s, usually referred
to as the High Frequency (H.F.) Spectrum, is used for various commun-
ication purposes. It was not until the potential advantages of the
ionospheric propagation in the H.F, band were realised that the use of
this particular part of the spectrum was seriously considered, One
of the advantages was that long-distance communication was possible,
with lower transmitter powers and much cheaper and simpler aerial
systems than with the L.,F. band. Added to this there was another
important consideration, viz: the greater bandwidth available in the
H.F. band made it highly desirable for those services wanting to commun-
icate economically over long distances and stimulated its use for long
distance fixed and mobile services.

However, there are also some disadvantages in the use of the H.F,
Spectrum. Because of the variation in the characferistics of the
ionosphere, with the time of the day, season of the year and the phase
of the sun spot cycle, to maintain communication it is necessary for
an H.F, circuit to be assigned more than one frequency. Again the
changes in the ionosphere from sun spot reduce the useful bandwidth of
the H.F, spectrum. Fading is yet another disadvantage. Radio cir-
cuits are prone to the selective type of fading which results from

multipath transmission, Moreoever, the transmitted signals are also
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liable to interference from atmospherics and other causes and to
interruptions from ionospheric storms and 'Dellinger' fade~outs. Due
to the fact that high frequencies can be used effectively for long
distance communication with relatively ldw power emission, their
potential interference range is also very large since the number of
stations which can use the same frequency without mutual interference
is limited.

Nevertheless, the economic advantages to be gained by using
frequencies in the H,F. spectrum have led to the expansion of long=
distance fixed,maritime mobile, aeronautical mobile and broadcasting
services,  Even though the initial development was mainly in connec=
tion with the long distance fixed service, which is still the major
user of the H.F. Spectrum, the requirements for international point
to point radio telephone and radio telegraph channels are still in-
creasing. The use of the H.,F. spectrum by broadcasting services, the
land, maritime and aeronautical mobile services has greatly increased,

especially during the last decade,

1.3 The Need for Monitoring

The ever growing number of radio signals appearing within the
H,F. and other bands has created a pressing need for techniques whereby
the presence or absence of one or more of these signals may be auto=~

matically located and detected. Systems for implementing these
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techniques are bound to be complex and gigantic but have important
civilian and military applications.

In such communication systems it is necessary to 'monitor! or
'track' the signals so that the message of interest can be located,
detected and perhaps recorded for various purposes. BEach monitoring
mission has its own requirements depending upon the purpose for which
the monitoring is used, therefore each system has its own peculiarities.
It is not always new equipment; sometimes it is only a different
arrangement,

A civilian organisation like the British Broadcasting Corporation
uses a monitoring System the function of which is to intercept and
summarise news items broadcast by foreign stations.

"In military missions the monitoring is used for gathering and

dissemination of intelligence including early warning systems.

1.4 Present Day Methods of Monitoring

At present the location and subsequent detection of such signals
are largely carried out by well trained crews using an ever increasing
amount of expensive receivers‘and other equipment. For example, the
B.B.C. monitoring‘station at Caversham uses over 50 communication
receivers and other subsidiary equipment, In addition man ﬁower is
needed. The members of the crew locate the signals of interest by

a combination of routine manual tuning of the receivers together with
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intuition based on expericnce, trianl and error methods and luck. Such

methods were adequate until a few years ago.

1,5 The Objects of the Present Investigations

Today with thc mounting costs of wecapons and equipments there
is an increasing necessity to save moncy and manpower. A system for
automatic detection of signals of interest would not only have to be
capable of detecting the signal, but also would have to be able to
extract and record the message, Many years of research will be re=-
quired before such a human replacement can be achieved. Nevertheless,
we can maké a humble start by building a limited system. Ours is such
an attempt.

We begin with-the statement of the problem in the next section.
A possible strategy for the detection of unknown signals within the
H.F, band and a mathematicél formulation of the problem are presented
in this section, Spectral representafions of signals and the factors
governing the rclations between the frequency band, time of transmission
and the ability to recognise variations of signal intensity are described
in section three, Section four opens with a general discussion on
the problem of signal detection. Various methods of hypothesis test~
ing procedures with special reference to our problem are also discussed
here, Sections 5 and 6 deal with the basic experiments conducted,

while section 7 describes a method of calculating the probability of
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detection of a signal as a function of signal to noise ratio and a
limited experimental investigation for the evaluation of the pro-
posed system for detection on new signals. We conclude, in

Section 8, with a summary and suggestions for future work in this

areti,
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2. THE RADIO SURVEILLANCE PROBLEM

" 2el The General Problem

The general problem is to set up a strategy of decision whereby
we can ascertain if any one or more of a small number of new trans=-
missions has started up, each possibly of short duration. The
decision, in order to be useful, must be made in the shortest possible
time, . In the following argument we assume that if T dis the time
taken to sesrch a bandwidth WA and t is the duration of a trans=
mission, then t >> T,

Here are two problems which are closely related.

1. The strategy problem: the success of which depends upon the

minimum time in which a new transmission is detected.

2. The detection problem involves hypothesis testing and extract-

ing the signal from contaminating noise during the search.
There may be several stations, of course, starting up, but they

are presumably independent. So we need consider finding only one of

them, If S average number of new stations starting up per

o]
unit time.
5 = average number of stations correctly observed/unit
- time, -
: S/; |
Then the probability P = So = relative frequency of correct

observation and it ié this which determines the success of the

strategy. The probability P is compounded of 2 probabilities.
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1. If the gsearch strategy does not permit the whole H.F. band WA

to be observed during the minimum detection time but only a fraction

W, then,
% = chance of any new station coming under the
A ;
observation is PO.
. ’ o]
Again if P = chance of correct detection if any one of the new

d
signals, (depending upon the efficiency of the detection techniques),

then
s W '
P = = = P = P P (201)
So WA d o d

We now realise that this is a real time problem,

The only way we can be sure to observe any new station from the
momenf it starts up is to have concurrent observations of all possible
stations over the wholg band WA e If we do not require to identify
the exact station itself and record its message but only to observe
vwhether any stations start up in some band, then the same argument is
true i.e, all thesc bands must be observed concurrently. Each would
require a receiver and an observer. The number required is clearly
too large.

Let us now consider two strategies.

2.2 Two Possible Strategies

1. A large number of observers N , each with a narrow band
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receiver. This has the following disadvantage:=

A very large N for reasonable Pg * However all stations would

be under constant obsefvation all the time and PO =1 in

equation (2.1).

e A reduction in N or an increase in the bandwidth of the
receivers, or both, by adopting\some form of scanning,

The choice of any one of the above will depend upon the particular
requirement, Thus with strategy 1 the aim would be to have a higher
chance of being correct'at the expénse of missing some stations com~
pletely.

With strategy 2 the aim will be to look for all or as many as
possible of the new stations, but the probability of correct detection
be lowe.

Before we decide on the strategy we must establish the 'loss! to
be associated with each type of error, since certain errors may be
much more costly than others, For example, in a radar search prob=-
lem, overlooking a target is usually much worse than the detection of
a false echo; in such an unbalanced situation, we would decide that
a target existed even though there was reasonable doubt. On this
line of argument we will look for as many new transmissions as possible
even though the probability of false alarms may be high.

Thus we will adopt strategy 2, viz. scanning the spectrum.
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2,3 Scanning the H.F. Spectrum

The scanning can be donebusiﬁg spectrum analysers. A specially
adapted spectrum analyser is commercially readily available., This is
known as the Pandramic Adaptor and is used with a communication re-
ceiver. (See Figure 2.1).

The panoramic adaptor is a radio spectrum analyser with a device
for providing a éisplay of the signal distribution in a selected por-
tion of the various frequency bands of the receiver, It is essentially
a narrow band superhetrodyne receiver which is repeatedly swept in
frequency over selected portidns of the H.F. Spectrum. At the same
time the horizontal deflection of the spot on the cathode ray tube
moves in synchronism with the sweep. The vertical deflection of the
spot is proportional to the output voltage of the receiver. The
resultant display is a plot of amplitude versus frequency over the
H.F. band of interest.

Much useful information can be obtained from such a display. In
recent years the radio ffequency spectrum analyser has evolved from ;
special purpose device into a highly refined and versatile measuring
instrument. The presence or absence of signals of interest, their
frequencies, relative amplitudes etc., may be determined from the dis-
play of the spectrum, The speectrum thus displayed can also be con-
sidered as the energy distribution of various signals.

At combinations of sweep speed, sweep time and bandwidth, the

displayed trace can undergo the following changes:-
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1. Reduction in pecak amplitude.

2. An incrcase in cffcctive bandwidth.

2. A displacement of the frequency of peak amplitude in the
direction of the frequency sweep.

Ly An assymmetricai display with the trailing side of the
response curve being stretched more to one side.

5, A damped oscillatory discharge at the trailing edge of

the response., .

Ba:r'be:t'(1 ), Hok(lg) (34) and many others have studied

s, Williams
this problem in some detail under some restrictive conditions and have
arrived at some useful results, Nevertheless it is important to look

at this problem in some detail since this will be directly connected

with our immediate task of arriving at a suitable sweep rate.

2.4 Analyser Sensitivity and Resolution

It was stated before that the analyser is an instrument that
displays on a rectangular co-ordinate field a plot of input strength
versus frequency, Because all but the simplest ummodulated sinusoidal
(CW) signals contain multiple frequency elements of differing amplitudes =
in other words a complex spectrum rather than a single frequency - the
spectrum analyser is most useful for our purpose.

A CW signal produces a trace on the spectrum analyser screen as
shown in the Figure 2,2. If the sweep speed of the analyser is very

slow, the trace is a plot of the band pass characteristics of the
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narrow band I.F. Amplifier. This may be explained as follows., Only
one line exists in the spectrum of a CW signal. Heterodyning the
single line with the swept wave from the swept local oscillator again
results in a one line spectrum, Now, however, this line is being
swept in frequency with time. Delivering this signal to the narrow
band amplifier is eQuivalent to applying a signel of constant amplitude
to the amplifier and varying its frequency. Plotting the output would
result in the frequency response curve of the amplifier,

Since the plot on the screen of the CRT is nothing more than the
amplitude versus frequency output of the narrow band amplifier, it is
the frequency response curve or band pass characteristic curve of
amplifier, If the sweep is rapid, the response of the tuned circuits
may be too slow to allow the swept input to fully charge and dis-
charge the amplifier circuit and the amplitude becomes a function of
the sweep. As the sweep rate is increased, the pip becomes reduced
in amplitude and is widened out,

We now introduce the term resolving power R tfo represent the
ability of the narrow band I.F. amplifier to produce a distinct sharp
response at a given sweep frequency. R is taken to be the displayed
width of a CW pip at 3 db points., (See Figure 2.2). Thus, if the
rip is 5 KC wide at 3 db points, the resolution R is said to be 5 KC.
Two pips of equal amplitude and separated in frequency by R as so
defined would barely be distinguishable from each other,qn the screen.

Both the resolving power and the sensitivity of analyser are
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degraded when the sweep rate is increased due to the limited reponse
time of the tuned circuits, This is shown in Figure 2.3. It is
therefore necessary to find out these limitations,

First of all we have to meke a valid assumption, This is
about the response curve of an I.F. amplifier which is composed of
several synchronously~-tuned stages. If we look at the response
curve it closely resembles that of a Gaussian error function.

It can be shown that (see Appendix) the response curve, though
complicated, depends upon a single parameter X that involves the
bandwidth of the filter and the rate of change of the instantaneous

frequency of tone. K is defined as followé -

K = = (2.2)
B
Where F = the sweep bandwidth in cycles per second
T = the time of the sweep
and B = +the bandwidth of the I.F. amplifier of the

receiver,

It will be observed that K is dimensionless.

Thus, given the band F to be scanned and any acceptable

'distortion factor' K , the I.F. slot bandwidth is

- L
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2,5 Calculation of I.F. Bandwidth

It is generally agreed hy many authors that when K is less
than 0.5 the distortion in the displayed spectrum is negligible,
However, if either the sweep rate is increased or bandwidth de-
creased K rises and the distortion becomes evident, Initially,

(1)

a loss of sensitivity occurs. Barber has experimentally shown
that when K is 10, the reduction in sensitivity is 4.5 db, Accord-
ing to Saﬁl‘etaJCS?)the reduction is about 6 db. The latter also
states that the amplitude of the response relative to that at O sweep

rate is given by,

- 1/4
A = (1+ 0,195 &%) (2.4)

On the basis of the above argument we arrive at the following
conclusion,

Suppose we sweep 100 Kc/c in 0.2 of a second.

- 0.2 = 0% 10

Then F 10” 5
T .

Now to restrict the value of K close to 0.5, we can safely choose

an I.F. bandwidth of

i_x__]ﬂ_ = 1 Kc/s.

The displaye of real and artificial spectra are shown in

Figure 2.4,






2.6 A Mathematical Model

In this discussion our attention is exclusively devoted to the
simplest and most immediate question to ask of an H.F. spectrum with
a given bandwidth. The question is 'How many signals are present at
a particular time?v‘. With previous knowledge of the spectrum we can
then say whether there is any increase or decreasevin the number of
signals present. The problem of estimating the number of signals
that are present in.a noisy H.F. spectrum when the signal amplitudes
are statistically distributed is investigated. The problem can be
stated in the following mathematical language.

‘ We consider a random variable the distribution of which has a
known mathematical form, but contains a certain number of unknown
parameters. We are given a sample of observed values and it is re-
quired to use the sample values to form estimates of parameters.

Suppose we are given a sample of a population. It is assumed
that the distribution of the sample has a given mathematical f&rm,
but involves a certain number of unknown parameters.,  Under these
assumptions there will be an infinite number of functions of the sample
values that might be proposed as estimates of parémeters. Now how
can we best use the data to form estimates? Another‘question which
is more important is: What do we mean by 'best estimates' ?,

We may answer this by saying that the best estimate is the one

which comes closest to the true value of the parameter to be estimated,
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But we'havé to remember that every estimate is a function of a sample
value and therefore is an observed value, Consequently we have no
means of predicting the individual value assumed by the estimate in
a given particular example, so that we cannot judge the goodness of
the estimate from individual values, but oqu from the distribution
of the values which it will assume in the long run., In other words,
we can judge the goodness of estimate only from its sampling distribu-
tions When greater part of this distribution is concentrated in some
small neighbourhood of the true value, there is a great probability
fhat the estimate will only differ from the true value by a small
quantiti.
The azbove concepts can be directly applied to our problem as
follows.
| A sample of the H.F. spectrum may contain thousands of signals.

We can consider the sample to consist of C cells of which § con-
tain signal plus noise and the remaining (C-S) contain noise alone,
The sigrial amplitude distribution function is known to within the
P parameter distribution vector A = (al, Bos ereeersendes ap).
The noise characteristics are assumed known. The observable quanti=-
ties are R, , (L 1,2 vsvseeesss C)u These observables are propor-
tional to the energy content of the corresponding cells.

| The general problem is chafacterised by p+ 1 parameters, viz,

p unknown signal parameters and the random variable 8 .
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Our problem here is to estimate S .

In this particular solution of the problem we make the following
assumptions.

1. Each cell contains one and only one signal.

2a No two signals overlap.

3. Many signals are assumed present,

For the estimation of (p + 1) parameters we should like to
form a set of observations, vy (j - 1, 2, .....;.. p = 1) where
vj are functions of Ri’(i =1, 2, eecenree C) and therefore of the
parameter vector A and the number S , Since there are p un-
known signal amplitude distribution parameters A = (al, By eseeer ap)

and the parameter S dis unknown, we form the following function:

v

V(Rl, Ryy seesenueans RC) = V(A,8)

vl(A,S) s VZ(A,S), vesean ¥ (A,8)

p¥l

In this manner the random variables vj form a model from
which it is possible to estimate S .

Estimators of these (p+l) parameters must, in general, be.
obtained from (p+l) equations, each of which is a function of the
observable quantities Ri « In this particular case only one para-
meter estimator is required, namely, S , and therefore we need only
one equation.

The density function of Ri is complicated because it depends
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upon whether a.signal is pfesent or not.

The basic problem with which we are confronted is to specify
some estimation procedure and to analyse its performance. A'satis—
factory solution to this problem is considered to be the specificétion
of an estimation procedure whose performance is good with some reasonable
performance criterion that is compatible with the frame of refercnce
of this problem.

| In this particular problem of interest C and S may be very
large numbers. If 100 signals are distinctly observed in the noisy
H.F. spectrum, we are intcrested to know if there are a total of 110
or 120 actually presenf. In other words, we wish to know if there
are 10 or 20 additional signals buried in noise, It appears
that a suitable measure of estimator performance in this case is
the mean and variance of the fractional error of g .

N .

Let S denote the estimate of s . Then p the fractional

error can be written as,

wln >

p = 1 =~

The mean and variance of then fractional error are,

ity
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2.7 Estimator of S

A
The minimum error estimator of S , S , is obtained by setting
threshold in each cell and comparing the energies therein with these
present thresholds, This is described in detail in Sections 4 and

5. We can now write dowm the estimator in the following form

A
g = U(Xi-Ti)

where Xi are the measured values of Ri the Ti are the thresholds
in the corresponding cells, and U(X) the unit step function.
The estimator can be obtained by the equipment shown in the

block diagrams 2.5, 2.6 and 2.7.
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3. SPECTRAL REPRESENTATION OF SIGNALS

3.1 Introduction

In the last section we saw that under certain limiting condi-
tions, scanning the High Frequency Spectrum of inferest was the best
strategy for our purposes. We also arrived at some useful results
regarding the scanning rate, the bandwidth of the scanning filter
which in our case is the bandwidth of the I.F. amplifier and various
otherAfactors; In this section we will look at the problem from a
slightly different angle.

Suppose we are scanning a spectrum of bandwidth wA o Within
this band there may be many signals, Each one will have a certain
bandwidth and certain duration. Let us represent these by Wys
Woy veosee 5 W and their corresponding durations by tl, t2’ vease
cvesey tn. Let us further -assume that T represents the time taken
for one complete scan of the spectrum and F the bandwidth of the
scanning filter.

New we ask the following question. How long during a particu-
lar scan do we have to look at each one of the signals before we can
detect them? The answer is not simple. A short discussion on the
basic pfoperties of various signals, the relation between their band-
widths and durations etc. may not be out of place here before we

return to answer the question.
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3,2 The Fourier Spectral Representation .
(17)

Hartley stated that in order to transmit a certain amount

of information a definite product, bandwidth X time is required,
This statement is the‘logical outcome of Nyquist's discovery in 192&?8)
Looking back, it would appear that both Nyquist and Hartley's work
was in part anticipated by’the Fourier rélations to which Hartley

mzkes several references. By these, the spectrum e(w) is related

 to its signal e(t) as follows:

e(w) = —S-e(t)§fe_jwt at
— L
and  e(t) = 5= o) et g
—on

- These formulae taken together comprise a Fourier transform pair
and apply equally to finitely discontinuous Waves and infinite waves,
Very closely related to the Fourier Transform pair is the phenomenon
of reciprocal spréadingfls) ' By this phenomenon, if one member of
the Fourier pair is increased by a certain factor, then‘the other
member of the pair is decreased by exactly the same factor. If we
apply this prihciple to the spectrum and the time duration of a sig-
'nal it is easily seen that if the spectrum width of a certain signal
is deliberately increased by a certain factor, then the time duration

of the signal is decreased in the same factor. The converse applies,

if the width of the spectrum is deliberately decreaseds In other
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words, the product of the spectrum bandwidth and the time of dura-
tion of a signal is constant. This is Hartley's result., This

constant is a function of signal only, and if an elementary signal
- is suitably defined, may be equal to unitygls)

The amalytical methods introduced by Fourier continually play
aﬁ important role in the problems of physics and engineering, Even
thoﬁgh Fourier originally derived his results for problems in heat
conduction, the most extensive application of Fourier analysis has
been in the fields of acoustics and electrical engineering. This
property gives us a ﬁethod for determining the frequency components
present in a time-varying function. For exaﬁple, tones from musical
instruments produce a displacement of air molecules, This displace=-
mént is a time varying function subject to Fourier analysis.

Sinusoidal functions ocecupy a unique position in electrical
engineering, They are easy to generate, and the steady-state
response of avlinear system to sinﬁsoidal excitations can be found
very easily, However; they are the favourite functions of engineers
primarily because arbitrary periodic functions with a few restrictions
can be expanded into Fourier series of harmonip sinusoidal components,‘
and transient nonperiodic functions can be expressed as Fourier in-
tegrals, We can therefore ‘discuss arbitrary waveforms in terms of
their frequency spectra.

The Fourier Spectral representation owes much of its popularity
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to its association with frequency since the frequency domain is well
suited for specifying the transmission characteristics of signals.
A spectral representation using sinusoidal components is appropriate
whenever we are seeking an invariant under translations in time, Thus
this type of representation is also useful in describing the time
statistics, such as power spectrum, of a stationary stochastic signal,
Also when we are interested in the time averaged properties of signals,
the classical Fourier represcntation is useful, But.such spectral
representations are not well suited for discriminating between signals
or for detecting the occurrence of a particular signal from corrupting
noise.

The type of signals we use in communication are characterised
by their epoch (that is,the time at which they occur) as well as
their waveform or structure relative to the epoch. The ordinary
signals like speech, music, ctc.,, are best described as consisting
of time varying frequency compénents and it is inconvenient to re=-
present them as pure time functions or pure frequency functions.

L) tried to overcome this difficulty by analysing the

Gabor
waveform not into timeless sine waves but rather into some elementary
signals which are essentially céncentrated about the time and fre=
-quency axes.,

Inspired by the science of Quantum Mechanics, he drew a para=-

llel between the uncertainty product of momentum and position and
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the uncertainty product of time and frequency. Gabor's starting

point was the 'Sampling Theorem!, which states that a signal which

in some sense lasts for a length of time T and in some sense occupies
a bandwidth W can be characterised by a collection of 2 TW numbers.,
He then argued that a complicated signal can be thought ofvas a coll-
ection of elementary signals to each of which one and only one of

the above numbers could be assigned. He then seleéted an elementary

signal waveform that would have a minimum duration - bandwidth product,

2
-X

hopefully unity., This signal has an envelope of the form e
which determines the duration t éf the signal and under the en=-
velope is a 'carrier! which dctermines the frequency, f, around
which the spectrum of the signal is distributed. Within any inter-
val of time, t, the signal is pictured as being the sum of elementary
signals §ccupying that interval, whose frequencies f arec separated
by 1/t + The next succeeding time interval of the signallis con~
structed of elementary signals 'occupying',that interval and so on.
He then obtained a set of functions which are suitable for character-
ising signals such as speech which has a structure both in time and

frequency.

3«3 . Time Bandwidth Problem

The definition or duration of a signal used by Gabor is basic=

ally a radius of gyration. This is inconvenient from several points
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in order td\achieve a reasonable definition of duration. However,
the precise meaning of a bandwidth duration product remains unclear
in the case of complicated signals for which TIW i; much gregter
than one. Thus the statement that a signal which lasts for time
T and occuples a bandwidth W can be characterised by 2 TW numbers
can be only partially true. For example, a function cannot be
limited to a duration T and bandwidth VW in the sense that s(t)
the time function, and the corresponding spectrum both vanish out-
side of intervals of width W and time T respectively. In fact
a signal and its spectrum cannot sassimslr. both vanish in any finite
interval of time and frequency respectively.

By assuming that a signal is bandlimiteé)that is)its double
spectrum S(f) vanishes outside the interval of frequencies up to

(20) gives exact meaning to a characterisation of band-

W , Lerner
width duration in terms of 2 TW numbers,

It is well known that such a signal can be represented by a
- sum of Sin x/x functions.

- Sin 7 (2Wt - n)
s(t) - 2n n (2Wt - n)

To determine the a, it is only necessary to examine the sig=-

nal at times t  separated by‘intervals of 1/2W.
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- = o_
a = S(tn) = S( >0 )

By applying the above sampling procedure, 2 TW numbers of a,
can be determined from a segment of the signal of length T . But
we have to remember that these 2 TW numbers do not characterise
the band limited s(t) for all time nor do they completely charac=
terise s(t) during the interval T unless all the a, which are
not included in the set of 2 TW numbers are zero, In fact the

sin X/x function falls off so slowly that a, would be determined
at sample points well outside the interval T may profoundly affect
the signal inside the interval T .

Thus even though it is correct to say that in a sense a band
limited signal is characterised completely by Z\Tw samples per
~sec?nd it is also true to say, in general, that the samples tgken
during any finite period of time T , may only poorly approximate
the signal except at sampling points.
| The above means of expressing the TW product has qualifative
merit in estimating the number of coefficients that may be required
to spécify a signal. The exact value will depend upon

a) the arbitrary definition of duration employed;

b) the particular signal being analysed;

Gabor tried to build a complicated waveform out of elementary
siénals having unity duration bandwidth product and attached too

much importance to a minimum TW product, But it appears that when
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we conéider about a collection of elementary signals, the arrange-
ments of arrays of these elementary signals at intervals of time and
frequency are more important than the precise values of their in-
dividual TW products.

In short, if o function rcepresenting a signal has a spectrum
wvhich is strictly limited to a finite bandwidth, the time representa-
tion of the functlon will trail on indefinitely. In theory, there-
fore, it is impossible to have a function of strictly finite bandwidth
and finite time duration. Thus we conclude that we cannot define
both frequency range and time interval of a signal exactly, An
accurate definition of thé time of occurrence requires a wide fre-
quency range and an accurate definition of exact frequency requires
a very long time of obsefﬁation. The only way we could define a

.

signal of a particular frequency occurring at a particular time is

just the probability of occurrence in terms of bandwidth and the inter-

val of observation. It is also clear that the greater the bandwidth

and the tiﬁe, the narrower will be the probability range.
Nevertheless, it is possible to have a function representing
a signal which has almost all its energy content within a finite
“time duration and within a finite bvandwid'th. In fact, most of the
communication signals can be represcnted by functlions of this type.
Our strategy for detection of various signals is based on this well

known concept.
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3.4 The "Uncertainty Principle" (8)(1Y4)

Finally, when we try to apply the "uncertainty principle" from
quanfum mechanics to signal analysis, the signal takes the place of
the elementary particle, Thus the question: '"Where is the particle
and what is dits momen‘bﬁm?” becomes: '"What is the frequency of the
signal and when does it occur?" We can answér this by saying that
‘the intervals of time and frequency in which signal energy is found
cannot be reduced simultanecously without limit and in this manner
the epoch and frequency are uncertain, However, there is no un-
certainty about the spectral shape or waveform as these are com—~

pletely known.
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4, THE THEORY OF SIGNAL DETECTION

4,1  General Discussion

The theory of signal detectability is purely a mathematical
model having its roots in probability theofy and decision theory.
The theory starts with the fundamental assumption that the environment
in which fhe signals occur is a noisy environment, That is to say,
at any time a signal is presented, by the very nature of the en-
vironment in which it occurs, there must be noise associated with
this signal. Thus, the task of detecting a signal becomes one of
discrimihation between signal plﬁs noise and noise alone. In any
given observation interval, a particular observed waveform may have
arisen with some probebility from signal plus noise ér it may have
arisen with some other probability from noise alone, | Following the
observation of an interval a judgment must be made as to whether or
not the signal arose from signal plus noise or from noisc alone..
Because of the probabilistic nature of this préblem the judgmént can
never be made with absolute certainty. Consequently the task of
detecting the signal becomes one of testing statistical hypotheses,

Statistics is concerned with the treatment of empirical data
by means of the theory of pfobability. The need for probability
theory arises because of the unpredictable nature of the phenomena

under observation, Many engineering processes yield data which
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appeaf as if they were generated by some chance mechanism. From ex=
perience with the game of chance, if the process werec to bé observed
many times; we would expect to see the relative frequency of occurrence
of a particular event of the process approximetesa fixed quantity thus
exhibiting the property of statistical regularity, Statistical
analysis of experimental data is often followed by human decisions
and actions - lots of manufactured goodé are accepted or rejected,
missiles are fired at suspected targets and so forth, Therefore
much of the latest developments of statistical decision theory has
been concerned with adepting statistical procedure to decisions and
actions usually with the objcct of minimising the average total costs
or risks involved.

In radar, for example, the data are a sequence of voltages
measured at the terminals of the aerial. Errors in the data may be
caused by random noise, the properties of which may be explained with
the aid of probability. The observer must take certain actions on
the basis of interpretation of the corrupted output voltages. The
task of statistical decision theory is to find a way to process the
randomly=-varying déta in such>a Qay as to permit the adoption of
maximally efficient course of action.

In experimental reséarch, the cbject is sometimes to estimate
parameters; but more often the ultimate purpose is to use the estimate

in some way. One may wish to compare & ncw set of readings with that
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of a standard one and perhaps come to some definite conclusion. We
consider that two populations of readingé are being comparedé those
which are standard and those newly obtéined‘readingsi The question
is whether the‘mean of the second population is less than or greater
than the first. To answer this we set up a null hypothesis, namely,
the hypothesis that the two means are the same. On the basis of the
sample from the seccond population, we shall accept or reject the null
hypothesis. What exactly we do in a given situation will depend on
the o:iterion for decision. As the transmitted signal or messagé
passes through the communication channel and is amplified in the
receiver it is corrupted by the channel noise as well as the receiver
noise, The message thus arrives in a distorted form to the observér
who assesses the message éontent on the basis of the voltage amplit-
udes. In many cases, as in the case of long distance communication,
the intensity of the signal is so small that its very presence becomes
uncertain.  Therefore the first problem the observer has to solve
consists in assessing whether a signal is contained in observed volt=
.age or whether the latter is gencrated by noise alone, The random
nature of the amplitudes of the‘vdltages consisting of the input sig-
nals indicates that their complete description will be contained in
the appropriate distribution laws. These laws will be different

- according to whether signal is prescnt, and at the output of the re-

ceiver there is a mixture of signal and noise or whether there is
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only noisei In the‘problem of deﬁedfion, this difference shows up
in the values of parameter distributions. |
Therefore, the problem of detecting signals in a noisy environ-
ment reduces to testing on the basis of observed values of the signals
-received, a hypothesis on the values of the parameters of its dise
tribution. Such problems are studied extensively in mathematical
statisticé?o)’Clzxz shall consider methods of solution of fhis

problem.

4,2 Baye's Theorem

As is well known, the probability that the events A and B
occur simultaneously, which we denote by 'P(A,B) s, satisfies the

following formula,

P (4,B) P(A) P,(B)

P(B) Pg(a) L1

Where P(A) is the probability of event A4 ,
PA(B) is the conditional probability of the event B , given
that A has occurred and the terms
P(B) and PB(A) are defined similarly.

The relation 4.1 can be written in the following form:

* Other relevant references are Bendat(q), Lee(lg), Middleton(24),

M00d %) | and wiks(®®’,
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P(A‘B)

Pgla) = —hy—

P(a) P, (8)

P(B) 4-2

Now suppose we have a complete set of mutually exclusive

!

events,

Al, A2, seevaecssae AK 403

The above events are such that onc of them must occur, but two or
more of them cannot occur simultaneously. If B is an event
which can only occur if an event of 4.3 occurs, then the probability

that B occurs is given by the expression,

(Boeeseee + P(AK) P, (B)

Ak

P(B) = P(A,) P, (B) + P(A,)) P

A A

‘\< :
EK,‘ P(a) PAk(B) ' gt

1

If it is known that event B has occurred, then it is natural
to ask which of the events Ak occurred jointly with B . In this
case the events Al’ A2, seasssse AK are called hypotheses, whose

probabilities have to be determined. From the equations, 4,2 and

L4t we get,

: P(A.) P. (B)
P ) ¥ Ay
K

P(B)
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P(a, ) PAkcB)

. KFG )P, B) 2
P(A P B
= k' A
W=\
The above expression was first propounded by Bayes(zz) in the

eighteenth century and is generally known as Bayes‘ theorem, In the
above cexpression,
P(Ak) is called the a priori probability of the hypothesis A.
(the probability 'before the experiment!)
PB(Ak) is called the a posteriori probability of the hypothesis
A (the probability 'after the experiment ', that is, after
the event B has occurred).
and P, (B) is called the likelihood function.

A

The Bayes' theorem is powerful tool and is rigorously valid

under certain conditions. Given only the probability distribution
of the underlying parameter, ﬁamely, the a priori probability‘and

the likelihood function, there is a way of finding that probability
of a particular population gave rise to the sample., The difficulty
is that we almost never know the necessary distribution. In many
cases, the underlying parametcr is not even subject to probability.
Suppose, for example, that we had taken a sample from a population
and found its mean to be 10 , If the sample were sufficiently large,
we could be confident that the mean of the éopuiation was not far

from 10 ; but suppose that the sample were small and we wished to

moke some inferences concerning the mcan of the population - the
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a posteriori probability, for example; the mean was as small as 7,
This is the kind of question we shall attempt to answer in mathe-
matical statistics, but Bayes theorem is not applicable because we
cannotfig a number to the a priori probability that the population
mean is ¥ or less than 7 « We do not generally know these a
priori probabilities except in artificinl cases such as classical

problems of balls and urns,

4,3 Hypothesis Testing

To introduce the basic notions of hypothesis testing, it
is helpful to consider the simplest case of a single alternative.
Suppose a population is known to have either the pfobability density
| Po(x) or pl(x), and that it is desired to test on the basis of
one observation whether the true density is po(x) or pl(x).
We designate by H_~ the hypothesis that p(x) = po(x) and by Hy

the alternate hypothesis that p(x) = p.(x)., We shall call H
p 1 o]

the null hypothesis, The rejection of HO will be equivalent to
the acceptance of H1 . To test Ho we choose a number C and
make an observation xq. If Xy is less than C , we accept Ho’
and if x; is greater than C , we reject H_ (see Figure 4.1),

Two kinds of errors are possible in a single alternative case.

We may reject Ho when it is in fact true; that is, the population
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may have po(x) as its distribution even though the observed =x
exceeds C . . This is called Type 1 error of the test and its

probability of occurrence is

O

j;no(ic)dx o u6

@
This probability is often called1the level 6f the test. A second

possible type of error is the acceptance of Ho when it is false,
That is, the observation may be less than € even though the true
population distribution is pl(x) . This is called the Type 11

error of the test and its probability is-

c

S-Pl(X) dx 4 Ll‘o?

—=d
The interval x & ©C 1is called the acceptance region for the

null hypothesis and the interval x > C the critical region,

4ot  The NeymanwPearson Method(27)

We shall now consider two other methods of solution to the
problem. One of them has been developed by Neyman and Pearson, the
other by Wald. The initial ideas of the two approaches afe the
same and they are preéent below. |

Let 2 be a random quantity which can be multie~dimensiocnzl
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with probability density p(x; a) depending upon the parémeter Qe
The functional form of the probability density is determined but

the values of the parameters are unknown. As to the possible vaiue
of the parameters, two hypotheses, ﬁo and Hl s are permissible,
These are two kinds: Simple and Composite. They are termed simple
when the ﬁypothesis H0 consist of assuming a = a, while H1
consists in assuming a = Ay « They arc tcrmed compositc when at
least one of them allows a parameter o« to assume several values,
An cxample of the later situntion is the following situation.
According to the hypothesis Ho we have a = 0 , and according

to the hypothesis Hl we have a« _7 O, We shall be concerned,
in what follows, with simple hypotheses.,

Which of the two hypotheses is valid is assessed on the basis
of results of drawing sample values of .EE s which has a given
probability density p(x§ «). A sompling point will be denoted
by X = (xl, Xy ====- xm). Thé set of all such possible points
belongs to an m =dimensional sampling space. The statistical
methods considered for testing hypbtheses consists of dividing the
sampling space into subspaces, In Neyman's and Pearson's theory
there are two subspaces and Wald's sequential analysis three. If
sampling point is found in one of them, the hypothesis H0 is

rejected; if it is found in another, the hypothesis is accepted,

Finally in the case of sequential analysis, if the sampling point
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is found in the third subspace, the experiment is continued owing to
insufficient data,

The random nature of the sampling point may lead to two types
of wrong decisions as to the validity of the hypotheses.
1, We may accept éhe hypothesis Hl although it is HO that

 is valid, This is known as the error of the first kind;

2. We may reject hypothesis Hy in spite of the fact that it

is valid; this is known as the error of second kinds

We will now illustrafe what has been said above in terms of
detection theorys The recipient of the message, having measured
the amplitudes of the voltages at the output of the receiver must
establish whether they are caused by the action of noise only, i.c.
the hypothesis Ho or whether they contain useful signal in addi-
tion to noise, i.e. hypothesis H1 . Suppose the signal is actually
present; as the recipient of the message has no previous knowledge
of this, he may, not having detected the signal, mistakenly reject
thé'the correct hypothesis. On the other hand suppose there is no
signaly the recipient having '"read" the non-existing message may
mistakenly take noise for signal., It is impossible to have the two
probabilities of both errors small at the same time, It is natural
therefore to fix the probability of mistaking noise for signal, which
is the probability of error of the first kind, and to attempt to

choose the critical region in such a manner that the probability of
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loss of signal which is the error of sedond kind to be minimum,
Neyman and Pearson deais with the solution of this problem;

| wé have seen that there ére two hypotheses, The first'is Ho
which consists in assuming that sampling has been carried out from
a géneral set with probability density p(X; do), i.e, that the
parameter a which uniquely defines the probability density has
the fixed valﬁe %, . And the second is Hl’ which assumes that
the parameter is equal to Xy

Let Py be the probability of error of the first kind, We

shall define the critical region as the set of points X that

satisfy the inequality
p(X3 al) ? CP(X; oco). 4,8

where C is a constant and is found from the condition that the

probability 12 be equal to its assigned value. 1t may be shown
- that such a choice of critical fegion is optimum in the sense that
the probability of error of the second kind will be a minimum. Let

us introduce the term

p(X; al)
L) = 5(2;";:7‘ 4,9

This is known as likelihood ratio in statistics. Then according to
the basic theorem of Neyman and Pearson's theory the optimum criter-

ion for deciding between the two hypotheses will be expressed as
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follows.

Assume L(X) = ¢

Then ﬁypothesis H, 1s accepted. Hypothesis H is accepted
otherwise, The probabilities of errors arising as a result of adopt-

ing this criterion are expressed by integrals

b, = j oG ) @
4410
LX) =Z ¢
and  py = p(X3 al) dx .
J11
LX) < ¢

The domain of integration in each case is the subset of the

corresponding sample space defined by one of the inequalities

L(x) ;23 C, or LX) < Ce
The order of multiplicity of the integrals is equal to the

number of diamensions of the random quantity X .

4,5 Applications in Our Problem

We shall now consider the application of Neyman and Pearson's

theory to the problem of detecting a signal from a noise background.
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The recipient of the message has n voltage amplitudes available;
On the basis of these voltages, knowing the statistical charaéter—
istics of signals and noise, he has to establish whether signals
are present or absent. The best method of doing this, according
to Neyman and Pearson, consists of substituting the observed values
of the amplitudes in the likelihood ratio and comparing its value
with the threshold C , This meané that the optimum receiver must
comprise a device to aécomplish on the input voltage the operations
indicated by the functional form of the likelihood ratio.

As a result of using this method; for a given probability of
error of first kind, which we will call ﬁFalse aiarm" probability,
we seek to reduce the probability of error of second kind. We usually
reckon not in terms of the latter probability but in terms of proba-
bility of the oppoéite event:  the detection of the signal.

We will denote the probability of false alarm and the proba-
bility ofidetection by F and D respectively, They Qill be
expressed in terms of the probability densities of noise PN(X) and

of signal and noise combined PSV(X) s in the following manner:

=
1

P (X) dx
N 4,12

L(X) ; C
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D = P..(X) ax ,
SN 4,13

L(X) ; o

The above procedure gives the highest value of the probability
D for a given probability F .

The evaluation of these pfobabilities is absolutely essential
for an assessment of optimum methods for extracting signal from
noise,

The evaluation of F and D are not very often easy and the
difficulties arise mainly from the complex structure of the region
of integration which is defined as the set of points for which the
likelihood ratio L(X) is larger than the threshold C , as well
as from the high order multiplicity of the integrals.

We will now illustrate typical features of the integrals
expressing the probabilities F and D.

First of all we will isolate the parameter of the probability
density, the values of which distinguish the various hypotheses from
each other, In the casc of a fandom signal we shall take the quan=-
tity g namely the ratio of the standard deviations of signal and
noise, O 'and O, » This is nothing but signal to noise ratioj
1f the signal is not random, the parameter will be & which is the
ratio of the signal amplitude to standard deviation of noise, Then

the hypothesis Ho consists in assuming that there is no signal
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(@q= 0 or 8 = 0) and‘that the voltage observed is caused by
noise alone, According to the alternative hypothesis there is a
signal, which is characterised by a fixed value of a parameter:

a4y for random. signal and S for non-random one; In many cases
the value of the parameter is unknown to the message recipient and
therefore strictly speaking we have to test the simple hypothesis
Ho(q = 0) against the composite one Hl(q 2> 0) . Due %o
practical limitations this is not usually done. The theory of
simple hypothesis testing is adequate and the following argument
provides justification.

In the above simple case of hypothesis testing, the critical
region is chosen to maximise D for a given valﬁe of ¥ . The
method of choosing the critical region will remain the same if the
parameter of the alternative hypothesis, H1 , is changed, but for
the same region and the same value of F , the value of B will be
different,

Thus as q f(or s for non-random case) approaches zero,
corresponding to HO ; the value of D will, iﬁ general, get
correspondingly smaller.

Conversely, for larger values of g , D will increase.

Let the minimum acceptable detection probabiiity ‘Dl be
assigned on the basis of various relevant considerations and let the

 corresponding value of q be a4y ; Then for values of ¢ 4y and
' J
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the assumption implied abd%e that D is a monotonic function of gq ,

D will be greater than D for the same predetermined value of

1 14
F.

Thus if the simple hypothesis testing procedure is adequate
for q = aQ the detection performamnce of the system will be =
superior for all q7pq;

The above is an intuitive approach and does not provide a
rigorous proof of the justification of using the theory of simple

hypothesis testing, Since these are sufficient for most engineering

purposes we accept this approach.

4,6  Sequential Observation Process

The concept of sequential observations developed by Wa1d<35)
permits a decision to be withheld in doubtful cases, and new ob-
servations %o be taken until unambiguous readings are obtained,

In this system, the transmission is not fixed in advance but is
determined. Recentl& Middleton(EB) and various otherscle) héve
studied the properties of sequential observation in various fields

of communication. It is shown that the 'Sequential Observer'! is,

on the average, more efficient in saving time for a given reliability
or increasing the reliability for a given time than the 'Néyman—

Pearson observer which is an optimised single~threshold system.

The result is intuitively reasonable because the sequential observer
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reduces guessing which, as is well known, destroys information.

4.7  Summary and Conclusions

Thus in Neyman-Pcarson method an observer, on the basis of the
data received during a given time interval t , decideé whether the
signal is present, by using a rule which maximises the probability
of correct decision D for a fixed false alarm probability F .

It is proved in mathematical statistics thatrNeyman—Pearson ob~
server makes his decision by using just the 'Single threshold!
decision rule, here the threshold T is determined from a fixed
value of T , Any other decision rule will lead to a smaller value
of D (for fixed F and t).

Wald's sequertial observer analyses the data continuously and
reserves his decision until new data arrives so that his decision
rule is completely different, Howcver, the mathematical theory
of the sequential observer is chearacterised by great complexity and
hence, we will be using only the decision rule with one thréshold,

interpreting it in the spirit of the Neyman-Pearson method.

Note
The terms "Neyman=-Pearson" method and "Wald!s" method are

not used here in the strict statistical senses
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5; PRELIMINARY EXPERIMENTS

5.1 Introduction

It was mentioned in Section 2 that scanning the H.F. spectrum
was most suited for our purposes, In this Section we describe some
of the preliminary experiments which were performed for detecting
new signals by making use of scanning techniquess

We are basically interested in the detection and location of
a new signals The appearance of a new signal will be indicated
by a change in the spectrai displays It is therefore reasonable
to assume that the appearance of a new signal will be indicated by
a change in the energy of thé spectrum., Thus an increase in
the energy of the spectrum will indicate the appearance of a new
gignal and a decrease in energy will indicate the disappearance of
a signals  Of course, noise and fading will introduce errors.

This is dealt with in Section 6.

The experimental set up is shown in Figure 5.1. We choose
a spectrﬁm of bandwidth WA and scan it in T sebondéy At the
éna of T seconds, the panoraﬁic adééfbr returns to the staféing
point and scans the spectrum again. This process continues.

Now if we start integrating the power, which is proportional

to the voltage squared, the output of the integrator at the end
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of T seconds reprcsenfs a soample of the total energy in the
spectrur W, which was scanhed diiring the time T ,

If there are a number of signals in W, then in order to
achieve greater .accuracy in measuring the energy; we can subdivide
the spectrum into equal portions; Wis Wo, eieesseniiioni; W4
We can also divide the total scanhing time T equally into
tys tos seresses, t such that ty is the time taken to scan
4 t, to scan Wy and so on, Let tl = t2 6cstesers = tn,

2
From the diagram 5.2, it 1s easily seen that the energy con-

Y

tained in any one of the sub=spectrums, say w; , at the end of

scanning period t; ; can be written as;

P dt

Ei (ti)

where P represents the power in W oo
The change in the energy of the sub=-spectrum s after two

successive scans can be representod by
+ - . o L]
E, (¢, + 1) E, (%)

which is the quantity of interest in our'experiments{
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5.2 Circuit Arrangemenﬁs

We €an arfange the circlidts so that after completing the scan
of bandwidth wi , the integrator quenches instantanecouslys The
next band w, is integrated for a period t, and the integrator
is quenched again and so on until the whole band W, is stanned
after which the cycle repeats itself., After the energy has been
integrated it is quantised, converted into 3 binary digits using
a decimhl to binary converter and; at the end of period tl R
the three diglts, representing the energy in Wy ) are stoleds:

The arrangement for storing was as follows. 33 ghift
register stages were arranged in threc rows so that each column
consisted of 3 stages, The 11 shift register stages in each
row were inter-connected so that the digits in the store could be
shiffed from register no, 1 to register no._ll successively under
the influence of clock pulses.

The 3 digitg frdm w, were stored in the three stages of
column 1 until the digits representing the energy of bandwidth
W, were ready to be étored. The digits already stored there
were then shifted to columq‘é.  When the digits from w3 >weréw
ready to be stored, the digits in columns 1 and 2 were shifted to
colunns 2 and 3 respectively, This process continued until scann=-

ing of Wy was completed for a second time, The energy in columns
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1 and 11 then represented the sanmples of energy of the same spectrum, .
but T seconds apart; A comparator was used to observe and change

in energys

5.3 Setding up of the Egquipment

We now describe the various steps involved in setting up the
eéuipmeﬂt. A variable D.C, voltage supply source was used for
this purpose. The voltage source was variablc from O - 5 volts
and was fed into the input terminals of a potential dividers The
potential divider had eight output terminals cach of which was
conneﬁted to o decision circuiti The decision circuits consisted
of conventional Schmitt trigger circuits, Eight levels in steps
of 0.5 volts needed for 3 binary digit outputs was thus set.

Finally the equipment performance was tested as follows,

S.it  Preliminary Tests

For various test purposes, a specially designed spectrum
generator was used, This was capable of supplying different
frequencies within 1 - 2 Mc/s the amplitudes of which could be
varieds The spectrum generator was adjusted to give an output

of 3u volts and this was fed to the input of the R.A. 17 receiver,
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The panoramic adaptor was adjusted to scan 100 Ke/s in 0.2 seconds,

The sweep bandwidth was adjusted for 1:2 Ke/ss Thué with the

help of the circuit arrangement shown in Figure 5,1, it was possible

to measure the energy of the spectrum in blocks of 10, The syn-

chronising clock pulses were obtained from the panoramic adapﬁof;
The gencral performance of the equipment such as the shift;

ing of digits ﬁnder the control of clock pulses, decimal to binary

- conversion, the proper functioning of the comparator; ctei were

tested with various input levels at the receiver.  Some tests

were algo carried out with actual signals from an aerial,

5.5 Results and Discussions

The above tests, limited as they were, clearly showed that
the equipment was functioning pfoperly, as expected, and the
technique for measuring the energy was quite adequate under ideal
conditions,

However, the tests also showed some limitations of the methods
| It is well known that a two level signal is less subject to deterw
ioration, or corruption by noise and fading, than a multi-level |
signal. This was evident during thosc tests with real signals
from the aerial when the false alarm rate was fairly high. Since

the main interest here is to know if there is a change in encrgy,
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- and not by how much the onergy has chianged; mulbislevel qﬁahtizaJ
tion of the signal is not of any specidl advantages Instead;
using a two level signal and a threshold system is more advanta=
geous because it is oconodiéhi;.more efficient ond above all much
simpler.

We thus conclude that when we are looking for a signal of
unknown frequency and waveform; and also when %he time of arrival
of the signal is not specified, the only way of tackling the prob=
lem appears to be one of making observations at the receiving end
for changes in energy level against a predetermihed threshold level,
On the basis of thesec arguments, the following threshold system'
is proposeds It is simpler from an operational point of view
and the basic units, which are transistorised, have been proved

very reliable.

56  Threshold System
The simplified block diagram of thé threshold systemAshowing“
the intef?connections of various unitsbis'presented in Figdméﬁ.ﬁ.f
Basically the system congists maihly of decision circuits,
monostable circuits, integrators and other auxiliary units, These
are arranged as shown in the diagrams A bandwidth of WA is

swept in time T , in steps of equal bandwidths Wy, t; being
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the time taken to sweep the bandwidth w, « This is achievea'in
the seme manner as described in Section 5:2+ Theé main change héfe
is that after the completion of cath sweep period t. , the inte-
gral of the signal voltage which répresents the encrgy in the spec-

rTum W o, is passed to a decision circuit. vThe thresholds for
each of the decision circuits are preset to values slightly above
the average values of the signal voltages in each Vie (The
method for setting these thresholds is deséribed in Section 7),
Thus the action of the threshold system is as follows 3  any
voltage exceeding the threshold level Ti gives rise to a stand-
ard unit signal, while a voltage émaller than the level Ti is
not recorded, that is, gives a 'zero! signal, In this manner,
the signal as a recsult of passage through a threshold system, may
be said to be 'quantized! in that it aésumes only two values,
which can be termed the 'one! and 'zero' values.

The outputs of the decision circuits are then fed into
separate monostable circuits each of which include a circuit
arrangement for lighting a lamp whenever a ‘one! appears at the
various outputs of the decision circuits. Thus the appcarance
of a new signal results in a train of pulses which last for the
duration of the signal and causévthe lamp to light for this period.
The human observer can then tune to w, to extract the signal.

In the actual experiments performed W, was divided into
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10 and the time of sweep selected was 032 scdondss  There were
provisions for c¢hanging cither or bofﬁ of theses

The procedure for settifig the threshold levels is described
in Section 7;  This is one in which consigerable latitude existss
Fading and noise are the most importont factors which affect the
threshold setting, These are considered in detail in the next
Section,

The details of the above system and the design considera-

tions are described in Appendix 2,
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6, EFFECTS OF FADING AND NOISE

6.1 General Discussion

Communication systems of all types can be reduced to the
single diagram shown in Figure 6.1. The transmission of useful
information, by which we mean not only explicit messages but also
any information of interest to the recipient, such as the presence
. or absence of a signal, is accomplished by means of electromagnetic
or acoustical waves or by making use of other physical phenomenas
' Whatever the chosen physical cérriers of information, at the trgns~
mitting end of the communication line, suitable signals are trans-
mitted along the communication channel. The types of signals are
varied, from a single frequency to complex ones, héving arbitrarily
wide and complicated spectra. As these signals pass through the
communication channel the useful signals are open to .corruption by
noise, particﬁlarly interference from éther radio signals and other
forms of distortion. The signals therefore suffer varioué forms of
degradations at the receiving end. The two main types of degrada-
tion are:-

1. Various types of fading.

2a Additive noise,

Some disturbance of the signa;fis unavoidable and economic design

of the‘equipment aims only at;reducing it to a tolerable proportion.
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What is tolerable, of course, depends upon the use made of the re-
ceived signal., Tolerances of noise, distortion and interference
have been determined by operating experience or subjective tests
for various signals and sources of distortion and the aata on this
is readily available.

It is well known that a fading signal is usually character-
ised by rapid amplitude variations. ' These variations complicate
the measurement of energy in the H.F. spectrum.

Noise is another cause of error in our system. Even when
the signal is powerful enough to make noise negligible, fading in=-
troduces errors. When both fading and noise are present, they
are interrelated; for, combating of fading by AGC is less success=-
ful tﬁe greater the noise intensity.

When continuous wave high ffequency transmissions within the
H.F. band aré closely examined, it is found that signals fade diff-
erently throughout the H.F. band. This phenomenon known as sel-
ective fading is most troublesome in ordinary double side band
transmissions. When selective fading occurs, it causes variations
in the H.F. spectrum resulting sometimes in the complete loss of the
signals. These are illustrated by Figure 6,2, 6.3 and 6.4, Figure
6.5 shows a steady spectrum.

The effect of fading has been observed for many years and it

can be partially eliminated by adopting various well-known techniques.
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Nevertheless, fading is still a basic problem in international
broadcasting and other A.M. services and one that cannot be
alleviated by simple expedients such as increasing transmitter

powera

6.2 Subjective Experiments

A study of thermain effects of fading was found to be very
important in our study of H.F., spectrum and therefore an attempt
was made to observe the effects systematically. The preliminary
investigations were made by listening to the quality of various
broadcasts, and 6bserving the fading spectrum on the screen of the
panoramié adaptor,

These tests were carried put during various hours of day and
night and lasted over some two months. The investigations covered
a wide frequency range,  The method was subjective and did not give

accurate quantitative results.

63 Preliminary Results

Among the various observations such as deterioration of the
quality of both and music transmission, the following important and
relevant points were also noted:

1, The fading though slow sometimes, was very deep and rapid
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most of the time.

Frequently the fading was not particularly audible, but -
was readily seen on a CRO screen, These subjective
tests also showed that certain signals suffer nore

from the above effect than equally strong signals from

other directionse.

The following distinct types of fading were observed:

a)

b)

c)

Rapid fluctuations in the instantaneous signal strength,
These fluctuations are caused by interference with the
same signal arriving'at the aerial by different paths.
The effect is called multipath interference fading. This
type of fading very often leads to complete loss of sig-
nal during time intervals that are long even when com=
pared with the slowest components of the signal. |

The instantancous fluctuations in signal strength occur

about a mean value of signal amplitude that changes

relatively so slowiy that‘its values must be compared
at instants separated by minutes to hours before any
significant difference can be perceived.

A third type of fading that is much slower than that
just described was also noted. The 'hourly' mean
signal levels are different from day to day just as

they are from hour to hour in any one day. The mean



signal energy level changes from day to day and from
month to month, Besides this, there are also seasonal
variations in the mean signal level,
The last two types of fading do not affect our immediate re-
sults and therefore attention was devoted exclusively to study the

first type of fading,

6.4 Noise - Its Sources

Certain sources of noise are peculiar to radio systems. At-

1s5)

mospherics and extraterrestrial noise are examples of the above,
Atmospherics are a major factor at low radio frequencies, but above
30 Mc/s their effect is generally lower than that of the noise gen-
erated in the radio receiver, This is partly accounted for by the
fact that atmospheric pulses are relatively long with an energy
distribution which decreases at higher frequencies, and partly
because the characteristics of radic wave propagation 1limit the re-—
ception of the higher-frequency atmospherics from distant storms.
Thunder—-storms are very frequent in tropical regions and atmospheric
noise generally decreases with increasing latitude; it also varies

with time of the day and season, Some data are available showing

(33)

the estimated levels of atmospheric noise , but the data on
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(32)

which they are based are meagre . Background atmospherics have
the general charaéter of random noise, with a peak amplitude pro=-
portional to the square root of the receiver bandwidth. Atmos-
pherics, however, in general, closely resemble impulsive inter-
ference,

Ixtraterrestrial noise, which is mainly significant at fre-
quencies between about 20 and 100 Mc/s, has its origin in astrono=-
mical sources which include the sun, stars, interstellgi gas and
some invigible concentrated sources called 'radio stars'(zg)..a
The magnitude of such a noise source may be expressed in terms of
an equivalent thermal noise voltage by allotting an effective
'noise temperature! to the aerial.

Interference from electrical machinery caunnot in préctice be

7).

completely suppressed Such interference, which is similar to
impulse noise, differs from random noise in that the components of
its spectrum are coherent; its peak amplitude is directly propor-
tional to the receiver bandwidth, and not to its square root as in
the case of background atmospherics, Usually impulse noise de=
creases with increasing frequency, although not always so rapidly
as if its voltage were inversely proportional to frequency.

Figure 6,6 illustrates the noise in a spectrum of 10 Kc¢/s

bandwidth,
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6.5 Effects of Noise

The performance of a radio system depends upén the signalvto
noise ratio at the inputofthereceiver and the nminimum acceptable
ratio depends greatly upon the type of service, for example, tele-
graph, teléphone, broadcast relay, and upon multiplexing and modula-
tion techniques.,  Bandwidth noise‘exchange can be exploited 5y
suitable methods of coding or modulation according to the well

known formula(Bl) -

o = W log, (1 + P/N) bits/sec
where

c = Channel capacity

W = Bandwidth of the signal

and P and N are the average signal and noise powers respectively.

In almost all modulation'systems there ié a critical input
signal to noise ratio (improvement threshold) below whiéh the out-
put signal to noise ratio falls rapidly. Thus frequency modulated
systems can give a much reduced output noise level compared with
amplitudé modulated systems for a given input, but only for signals
that exceed the peak noise level,

In the case of double-side band amplitude modulation, when
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the noise level is high enough for the carrier to be fully modul-
ated for most of the time by noise, the output signal level is re~
duced(13). Similar considerations apply to systems using pulse
modulation. On the other hand, single-side band amplitude mod~
ulation systems have no imprbvement thresheolds, because the strong
| local carrier supplied to the detector provides z standard of co-
herence for demodulating the sidebands.

Of prime importance in any discussion about sources of error
is fhe form of the interfering noise, Generally speaking, noise
in the communication channel can be divided into two categories:

a) White Noise

b) Impulse Noise

Of course, both of these are band-limited in real channels,
White noise is characterised by a flat frequency spectrum with
equal contributions from all frequencies and with the various
components having random phases. For calculation purposes it is
generally sufficient to know only its average power and that the
noise is 'white', On the other hand, the term ‘'impulse noise' is
not so clearly defined. Conceptually, impulse noise is made up
of a collection of randomly sized impulses. However, by conven=
tion, impulse noise has come to mean the noise which reaches the

receiver as a result of the presence of various short disturbances
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in the communication path.

These two types of noise vary in their importance from ohe
communication medium to another, White noise is negligible on
wire cifcuits, while on radio circuits, particularly dﬁring a féde,
it may be a most sefious source of difficultys Impulse noiseé is
the greater problem on wire circuits,

Since the exact statistical form of white noise is known its
ideal effect on a communication signal is fairly simple to compute.
On the other hand, a similarly accurate description of impulse

noise is not yet avallable, This is partially because not as

much data has been recorded for impulse noise but it is probably
more attributable to the way the noise is categorised, Although
it is assumed that all such noise originate as sharp spikes, other
short~-time phenomena also cause the prime disturbances which appear
in the circuit as 'impulse noise'. The result of this is that
accurate statistical descriptions of impulse noise are not avail-
able and, even when they become so, they will probably be so com=~
plex that they will be difficult to use.

Even though accurate descriptions are not available, a number
of interesting and useful facts are known about impulse noise in
voice frequency telephone networks. In the first place, they

have very low average power on the whole. Secondly, the noise
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which appears will be correlated with itself over a time at least
of the order of the reciprocal of the noise bandwidth and often
for considerably longer than this. Finaliy, the noise often
reaches very large values, when it occurs, so that errors are
very likely to appear at that time, no matter how good the filter

and detection process.

6.6 Experimental Technique for Evaluation of Fading

The R.A, 17 receiver along with the panoramic adaptor was
used for this purposes A pen recorder was connected to the
.specially adapted panoramic adaptor. A selected spectrum con-
taining a broadcasting station was then recorded continually. Each
scan lasted 0.2 seconds and continuous recording of the spectrum
was made for 2 - 3 minutes. This was repeated every 15 minutes,
These tests were carried out for 8 - 10 hours both during day and
night.

The variations in the ampiitude of a particular broadcasting
station werc then studied; usually the variation in the amplitude

was measured every 0.2 sec.



90

6.7 Results and Conclusions

The measurements of the amplitudes of the fading signal for
a period of 15 minutes were taken as a2 block. The mean value and
the standard deviatién was evaluated for each of the blocks. Each
of the values of standard deviation was expressed as a percentage
of the mean valuc about which it was calculated.

The values so obtained are shown in Figures 6.7 and 6.8 for
one typical day and no substantial variation of the mean level is
apparent throughout the day.

For the experiments carried out, the period of rapid fading
was found to be 0.02 - 10 seconds, whereas that of slow fading was
seen to be between 10 minutes to 1 hour, Both were found to be
random in character.

McNicol(26) wﬁb has done some early work.in this field, has
derived an expression for the amplitude for the rapidly fading

signal. However, we are interested only in determining a safe

threshold for our equipment and this was achieved.
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7+ MAIN EXPERIMENTS

7.1 Introduction

We begin this Section with a detailed description of the
techniques adopted for fixing the threshold level. The latter
part of this Section presents an account of a limited experimental
investigation for the evaluation of the present system.

It was mentioned in Section 5 that the procedure by which
the threshold level is sct is éne in which considerable range
exists, The main factors which greatly influence the threshold
setting are noise, fading, and, above all, the degree of accuracy
that is required.

It may be worth mentioning at the outset that the experi-
ments carried out in Sections 5 and 6 and the observations made
were only meant for exploring a reliable method of setting a
threshold level under extreme conditions of fading and noise. To
minimise the effects of some of the above disturbances, some im-
portant chamncls are provided with highly directional diversity
aerials and elaborate receivers;' even so, these are at times very
badly affected. The exberiments reported here were carried out

using only a vertical aerial,
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7.2 Determination of Threshold

As mentioned above, the oxperiments carried out in Sections
5 and 6 were mainly for gaining a better understanding of the
minimum signal energy that can be detected and to find a means of
fixing a threshold for detection,

The basic problem of fixing a minimum threshold becomes a
complex one when noise and fading occur and an elegant thcoretical
analysis is seldom possibles When a human observer has to judge
visually or aurally whether a signal is present or not, it is clear
that some of the psycho-physical properties of the eye or ear are
bound to iﬁfluence the signal tnreshold:  For example in the
visual observation of a signal on a rddar screen enough light must
be produced on the screen to make the display visible. In other
words there is albrightneSS limit for the visual detection of the
signal. Moreover, there is a contrast limitation. Also there
is a minimum signal level, which varies from person to person,
below which one cannot hear or sce. Such limitations are very
often very important although 1ittle can be 'said theoretically about
these limitations.

However, when the function of the observer is reduced to
counting or measuring, then the question of a minimum detectable

signal becomes a definite statistical problem for which a mathema-

tical or theoretical analysis can be attempted. The success of
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such an analysis has shown that for a wide Pange of experimental
conditions, the essehtial limitation for detectability of a sighai
i5 due to the Statistical nature of the problens

The problem now arises as to how t6 define a minimum detect=
able signal or signal threshola; Here we have to remember that
we can.speak of a minimum detectable gignal only when,

a) The number of observations are limited

b) The time of observation is limited,

Let us consider for example the simple'case of detecfing a
small current by means of a sensitive galvanometer, Due'%o-the
thermal agitation of the mirror of the galvanometer will have an

unavoidable Brownian motion around its equilibrium positiohs
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Therefore it might seem that when a ctirrent at t = t,
produces a deflection small oompared with the mean ijitter‘ of
the mirror, such a current could not be detected: This is true
only when the number of obscrvations are limiteds  When the time
is not limited, the average position and thercfore also a (slow)
change of average position of the mirror can be determined as
accurately as desired.

Strictly speaking, therefore, the noise or thermal motion
does not limit the detectability of a signal. It is only when
there is a limited observation time for small signals that we have
to make a guess as to whether the signal is present or not and
there is a definite probability that the guess is right. Of
course, for increasing Signal strength this probability will rapid-
ly increase and approach unity. We can therefore safely make the
following definition.

| The minimum detectable signal is that signal for which the
probability of correctly guessing its presence or absence is, say,
90%; this means that on an average the guess will have proved
right in nine out of ten cases. The minimum detectable signal
defined in this manner will decrcase as the observation timé in~
creases and will, in principle, approach zero as this time goeé to

infinity. It is not necessary that the time of observation be
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actually the time during which the human observer looks or listens
to the signal and remembers the results of observafion. It is
often possible to let the detecting system performfobservations
automatically and present a suitable average to the human observer,
Thus we have the idea that the determination of a minimum
detectable signal is essentially a game of chance when only finite
time is available, This is clearly recognised in the expcrimenfs

that follow.

7.3 Experimentai Technigue

The experimental technique used was essentially the same as
described in Section 6, The general layout and a block diagram
of the inter—connections of various units are shown in diagram 7.1.

On the basis of the results of the experiments reported in
Section 6, it was easy to see that the relative frequency of changes
in the signal energy,levelAapproximated a fixed quantity thus show=
ing a statistical regularity. Our aim in the following experiment
was to find a reliable threshold level based on the mean energy

level.
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7.4  Experimental Method for Fiking the Threghold Level

The experiments were very simple in principle; but long and
time consuming,

A particulér portion of the spectrum; w;4 was chosens  The
energy in this spectrum was measured after every integration periods
Thus the recordings of the energy level within ‘wi were made con-
tinuously for short periods of 5 - 10 minutes at a time during
various hours of day and night., From these readings the mean
value of the energy in the spectrum was calculateds

In practice, it was found that the threshold level has to be
raised by 3 db above this mean value, This was in order to keep
the false alarm rate to a minimums It was also néticed during
these experiments that any threshold level above the value guoted
caused some signals to be missed altogether,

It was also noticed that the variations of this threshold

level wefe within 10% of the mean.

7.5 Evaluation of the Present Strategy for Detection

A limited experimental investigation of a technique for eval=
uating our strategy for the detection of a new signal will now be
describeds The technique was simple and straightforward, Neverthe-

less, the work was found to be very interesting because it demonstrated
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that the present technigiie of signal detection could be exploited
in actual practice with great accuracy,

Although it was not difficult to establish in the laboratory
the actual conditions of reception, the experiments described below

were condicted under limited conditions.

76  Experimental Set-up

The actudl arrangement of the experimental apparatus is given
in the block diagram 7.2,

An amplitude modulated signal was fed into an adding circuit
for the purpose of superimposing noise. The output of the add-
ing circuit was then fed into two identical communication receivers
connected in parallel. One of the receivers was operated by a
human observer for the detection of signals by manual turning.

The other retelver was connected to our threshold system,

The experimént was performed with thé help of 3 persons,

A1l of them were qualified electrical engineers working in the
field of communications. One of them, C, was in addition, a
Radio Amateurf All these persons were familiar with present day
monitoring techniqués; A, B and C were situated in separate
rooms;

Before the experiment a suitable threshold level was chosen
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in the case of B and it was declded to try and detect any signal
above this thresholds The input to the receivers was maintained

at an arbitrary level of 1 microvolts

7+7  Experimental Technigue

The actual experiment was done as follows, 4, who contro;
lled the signal, would send a message to both.B and C: 'During
the next two minutes a signal will appear in such and such a band',
Tﬁe task of both B and C was theﬁ-to detect the signal. B ob~
served whether thé threshold system indicated the presence of‘a new
signal and C tuned the receiver manually to detect the new signél.
After the end of two minutes both B and C recorded whether or not
they had detected a signal.

The experiment was then repeated with signals of various
frequencies and durations.

In the next experiment B and C were told to search given bands
during short test intervals to find any new signals existing during
that time:  Later they were told to detect any newlsignals besides
the ones present at the beginning of the experiment.

Finally an experiment was carried out in which attention was

exclusively devoted to the human observer.



103

In this experdment a 100 k¢/s bandwidth cgnsisting of known
signals was selectéds At infrequent intervals which varied from
2 to 3Aminﬁ£955 a new signal would appear somewhere in this band=
width; The signals were of 10 seconds duration. The task of
the observer was then to detect the signals The total number of
signals thus detected during a test session of half an hour was
then recorded, Similar tests were carried out for four test
sessions.,

The results are shown in Figuve 7.3

7.8 Results and Conclusions

Strictly speaking, the results of the above experiments can-
not be analysed in terms of efficiency relative to an 'ideal
observer', However, the results provided sufficient useful in-
formation about the relative merits of the two systems, namely,
detecting the signal by a human operator adopting the manual tun-
ing method and detection by threshold system,

.It was evident from the exveriments that in a given band-
width the human observer failed completely to detect signals of
less than 3 seconds duration wherce as the threshold system was

capable of detecting signals even when their duration was less
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than 1 second. Whether a signal of duration of 1 second or less
can convey any useful information is a different qﬁesfion and we
will not discuss the matter heres

Both the human observer and the threshold system were capable
. of correctly detecting the signal during short test sessions; pro-
vided the signal duration was more than 3 sedonds. However; in
longer test sessions, the human observer missed some éignals com~=
pletely,

The above tests were carried with noise added to the signals
and the signal to noise ratio was maintained at about 10 dbe At
lower signal to noise ratios; the threshold system did npt appear
to be as efficient as the human operators, This problem is in=-
vestigated in fhe next Section.

The performance of a human observer in a situation where a
weak and infrequent signal has to be detected after variable time
intervals has been a matter of great interest to experimental

(7)

psychologists for some time. Broadbent ’y Mackworth and

(21) (5)

Taylor » Blair and Kaufman and various other have studied
thié problem from a behavioural point of view. _Our experiments
also indicated results almost on the same lines, The studies
have clearly indicated that the capacity of the human observer

to detect a signal rapidly declined with time., Even in a two

hour period of watch, the first half hour gave substantially better
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performance than any of the succeeding half hours (See Figure 7.3),
This drop in efficiency of the human observer can be very serious
and cosfly in situations such as radar opcrators keeping watch
for aircraft and ships appearing on their screens 'and the human
operator monitoring the H.F. spectrum for possible new signals,

The threshold system on the other hand gives a steady per-
formance and is not subject to fatigue or any other deteriorations

which affect the human observer.

749 Determination of_Petgction Probability

We now describe the results of experimental investigations
of a technique for evaluating the probability of signal detection
as a function of signal to noise ratio.

The cxperimental set up is shown in Figure 7.4.  The
communication channel was fed via an adding circuit for superimpos=
ing noise on fhe input signal, Thus the receiver input signal
was a known mixture of signal and noise., A minimum threshold
level was found using the method described in the earlier Section.
Even though the threshold level was well above the mean value of
the signal, due to_the random nature of the noise, the noise volt~

age sometimes crossed the threshold level and thus gave rise to
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false alarms.,

The experiment consisted of conducting a survey of the num~
ber of times the measured voltage crossed the threshold level duc
to the characteristics of the noise without the presence of any
additional signal. Each survey lasted for 10 minutes and surveys
were made on ten different occasions,

The signal to noise ratio was taken as the peak signal power .
to noise power, and this was vapied by keepihg the gain of the
input signal circuit constant and changing the power of the added
noise,

A number of tests for various values of signal to noise
ratio were carried out.

The results are shown in Figure 7.5.

Tﬁe above experiments were repeated with real signals from
the aerial as follows.

A spectrum containing a fading signal was selected, A
thresheld level was found for this spectrum. The signal power
was measured and the noise power was also measured Qhen the signal -
disappeared from the spectrum. Thus a rough estimate of the sig-
nal power relative to the noise Qas obtained.

The number of times the noiée level caused false alarms was
then recorded and the experiment described in the previous section

was repeated for various values of signal to noise ratio choosing
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signals having varying signal strength from different parts of the

spectrum: The results are shown in Figure 7.6,

7.10 Final Remarks

A method has been described for determining the probability
of detection of a new signal, The results clearly show that at
higher values of signal to noise ratio, 10 db in the case of
artificial signais and 12 db in the case of real signals from the
aerial, the probability of correctly detecting the signal is about
»85 waever, it is not very often that we have such large sig-

nals.
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8, SUMMARY AND CONCLUSIONS

8.1 Summary

The problem of finding the best strategy for the detection
of a signal of unknown parameters within the H.F, bahd, and the
detaiis of a proposed system capable of detecting such a signal
have been de;cribed.

The technique is based on measuring the energy of the spectrum
of interest and comparing it with some previously set threshold.

If the energy level is above the threshold then we conclude that
a nevw signal has been detected, and vice versa.

The preliminary set of experiments described in Section 5
clearly shdw that the energy in the spectrum could be measured with
considgrable accﬁracy.

The two basic forms of data representation are anélogue and
digifal. The common analogue form makes use of physical or elec-
trical variafions which‘resemble the observed data, Thus an
analogue system is defined as one in which some signal attribute
such aé amplitude or frequency is proportional to, or a function
of, some measurable parameter, The digital form uses abstract
codes having some arbitrary but logical relationship to the observed

data., Such a digital system based on the binary coding technique
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also offers great accuracy and versatility.

In our experiments, since we were not interested in the ab~-
sdlute measurement of energy but only in changes in energy, it was
decided that digital techniqués were best suited for our purpose,

The behaviour of signals and noise was studied in speCifib
situations and a considerable amount of research'Was done on the
analysis of such signal amplitudess In particular, detailed in=
vestigations were made of the various problems in setting a thres-
hold.

In this connection experiments weré performed to study the
effects of fading, This involved the measurement of the amplitude
distribution of a fading signal at various hours of day and night.
A pen recorder was used for this purpose. The mean and variance
of the signal amplitudes were used as guide in fixing the threshold.

The final set of experiments were devoted to the determina-
tion of the probability of detection. This was found to be a func-
tion of both signal to noise ratio and signal duration,

The success of the strategy depends on a high probability of
detection of a signal of short duration.. To obtain some measure
of this success, the above experiments were found quite adequate.

A mathematical model of the system is also presented in Sec-
tion 2. Here the problem of estimating the number of signals that

are present in a noisy H.F. spectrum, when the signal amplitude is
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distributed and the distribution is known within certain parameters,
is analysed.

In most cases it is possible to formulate the model in more
than one form and the one chosen will depend'onrthe ease of solu-
tion. In our case, the ease of solution has been the main con-
sideration in the selection of the model,

In the experimental system so far described, the bandwidth
selected for scaming was 100 Ke¢/s and the sweep time was chosen
to be 0.2 seconds. In a real situation, several receivers will
be used concurrently{ each sweeping a different band of the spectrum.
It was noticed during these experiments, that on certain occasions,
when the spectrum was not crowded, we could safely increase the
bandwidth to 1 Mc/s with an associated sweep time of 2 seconds,
Despite this, tbe selection of 100 Ke¢/s bandwidth was influenced
by the following main factors. '

a) The regulations published by the International Tele-
communication Union, Geneva, demand that two broadcasting stations
should be separated by at least 4 Ke¢/s. Because of this ruling,

a bandwidth of 10 Kc/s cannot contain more than two or three broad—
casting stations. Under these conditions the spectrum is not very
crowded, and the appearance of a new signal can be easily detected.

b) It would be easier, from the human observer's point of
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view, to locate the change indicated by an alarm in a block of 10
rather than 100 which would have been the case had a bandwidth of

1 Mc/s been chosen.

8.2 Advantages of Threshold System

The Threshold Syétem appears to be very versatile. As the
individual member of the crew would attempt to tune a fixed narrow
band receiver in order to detect the presence of a new signal, so
the above systém compares the energy in the spectrum with a pre-
set threshold level and, if the emergy exceeds the threshold level,
it gounds an alarm. - This calls the attention of the human ob-
server who can then tune that specific narrow band in order to
extract and possibly record the message.

The description of the system given in Section 5 may give
the impression that the apparatus is complicated and difficult to
handie. However, the apparent complications arise from the diffi-
culty in explaining the inter-relation between the units and the
reason for the choice of the arrangement, The individual units
are simple from an operational point of view and have proved to be
extremely reliable.

The main advantage of the Threshold System is that readily
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available commercial equipmént can be-used, thereby reducing the
cost,

Above all the greatest advantage is the saving of manpowefa
Men will be released from a monotonous and repetitive type of dﬁty
involving the task of tuning a receiver for long hours of day and
night. The staff so released could be used in other important and

interesting technical work.

8.3 A Note on Signal BExtraction

In the fundamental problem of signal detection, an observa-
tion is made during a fixed interval of time,‘and a decision is
then made as to whether the interval contains only background
noise or a signal and noise, In this basic probiem only two
alternatives exist; noise is always present whereas the signal
may or may not be present during the'specified observation inter-
val.

In actual practice, when we want to extract a useful message
from corrupting noise, the problem becomes somewhat modified. In
the practical reception of signals, whether audio, television, or
radar, the final link in the channel - the human observer - makes

a large contribution to the signal extraction., A human being can



117

give more weight to an intelligent message than to corrupting noise
and he can even interpolate in the gaps where the noise makes the
signal undetectable. As soon as a signal can be recognised as
belonging to a customary type of communication signal, such as
speech, the human perception mechanism gives greatly preferred
weighting, on the average, to known signals as compared with noise
and decreases; to a large extent, the probability of noise being

(9)

detected as a signal. Cherry who has done some ploneering

work on the subject of human perception, has considered the prob-

lem of detecting signals in special types of noise, generally other
(6)

speech signals. Broadbent also deals with this problem in detail.
Thus the ‘perception selectivity' which is a remarkable faculty
of the human observer plays a very important role in signal ex-—
traction. Until now no reasonable machine exists which can re=-
place such a human observer except in some very simple cases, Under
these circumstances, when we try to replace the human observer in

our system the provision of such ingenuity in the form of some

machine becomes quite complex and consequently very costly.

8ot  Bugmzistions for Future Research

Several interesting peints were raisced during the courst of
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the investigation. These and other ramifications are described
below.

In our experiments we had selected o bandwidth of 10 Kc/s
and the energy contained therein was taken as a basis for fixing
the threshold. It appears that if the selected bandwidth is
reduced to a value approximating the bandwidth of the signals
considered, there is a possibility of detecting weaker signals.
This problem is worth considering with economic factors in mind.

Another avenue of research in this area lies_in the pot-
entialities of adopting correlation techniques for detecting the
pﬁesence of ﬁew signals., This immediately raises the problem
of storage and application of digital computer techniques.

In the past most communication systems have been designed
and develqped piecemeal as aggregates of special purpose links;
but in future we can expect greater emphasis on integrated, general=-
purpose communication networks, with automatic traffic routing and
control, It appears that binary digits are best suited for an
appropriate represcntation for input and output messages in such
general-purpose networks. Since digital computers are bound to
play an important role in these tasks, it may be rewarding to di-

vert research in these channels.
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8,5 Conclusions

The primary purpose of this study has been to investigate
the practical aspects of a proposed strategy .for detecting sig-
nals of unknown parameters and of short duration within the H.F,
band, and the possibility of building an electronic system which
can detect the signals automatically. The conclusion reached was
thot the technique is practicable, but there arc some reservations.
A highly efficient threshold estimation technique must be employed
to overcome the effects of fading, noise, etc,

In the course of the present study an interesting digression
was made,  This is the possibility of applying statistical tech-
\ niques for estimating the number of signals that are buried in
noise, given a mixture of signal and noise, This has wide appli-
cations in radar, It is ﬁoped that some of the points raised may
be of value to others working in this field. In any event the
method of attack should be generally applicable, and at least from

this point of view, it is hoped that the study will be useful.
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APPENDIX 1

Determination of the degradation of analyser sensitivity and

resolution as a function of sweep rate.

We assume that analyser sensitivity curve is given by Gaussian error
function. This is true to a good approximation for an intermediate fre-~
guency amplifier composed of several synchronously-tuned stages. Then

the normalized steady state voltage amplitude response can be written

~—-ln2 w - wo 2
Hw) = exp —3 3 (1)
2%

where B is the 3 db bandwidth in cycles per second and W is the

as

angular frequency.

H

Figure 1
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The swept signal voltage may be represented by

o (2)

e(t) = Ei

Where © is the instantaneous angular frequency and is given by

o | (3)

b T T3

We now assume a linearly swept signal as shown in Fig, 2,

A
A
nF
/
A T e Lt
F |
! |
I }
! T - _
< = e \ o
2. 2.
FIG 2
Where % is the sweep rate in cycles per second and w = W, at
t = O.
We can now write the following
Ui (&)

w, = w_ +
T
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Hence from equation (3)

AN}

w2
-5 t (5)

il
=3
t—f—
+

Substituting this value for 6 in equation (2) we have,

T 2y 6)

e(t) = expj (wot + 5

The frequency spectrum of e(t) is given by the Fourier transform

e
E(w) = f e(t) IOt gy 7)
-Fa (& ~) T2
_F (w t+ T t dt
= Jel T - (8)

Now equation (8) can be evaluated in the following manner:

Let us consider the integral
oo
2
Sfééj(at + bt) at (9)

— oD

We can complete the square in the exponential as follows.

2 2
2 - by _ b
at® + bt = a(t+2a) Tm (10)
Let x = t + b_ (11)
2a,
Then dx = dt (12)
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Substituting in equation (9) we obtain
>

.
€ j(at® + bt) at

—_—D
L2 =
=Jb - 2
- 6 a 6 Jax dse
5 T
~4b .
La = jax2 :
= 2 & a ax (13)
o

The above expression is a definite integral and can be evaluated

using Pierce's Short Table of Integrals, viz,
%)
-a2x2 1 ‘
¢ &x = 5= /n (14)
O

It is now easily seen that equation (13) vecomes

- - " 2
(at? + bt) +
jlat™ + bt - i= a
‘g/ € RN EEV (15)
D
Now making appropriate substitution in equation (8) we get
= -jg - —-’;['-- - 2
E(w) ‘ 3 exp = J o5 (wo - ) (16)

The output voltage transient of the Gaussian amplifier is given

by inverse Fourier transform
O

V() = % _(E(w) Htw)ej“’*dw 17)
ecg‘
. T 2
LT e et X

o0
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€ 28 o jut

€

dw (18)

We will now try to solve the agbove equation.

First of all we make the following substitutions:

. T
¢ = T . (19)
In 2
d = == (20)
27°B°
- L 4T
and k = 5 5 (21)

Equation (18) can now be written in the following simplified

form. .
oo
~dowmw )2 jelw -w)2 jwt
v(t) = k € ° ¢ ° & dw
-
(22)

>0
—woz(d+jc) j“ < {:(d+jc)w2+ 2dm0+j(20wo+t) ;&

=ke dw
TR (23)

Let Z = d+je ‘ (24)
Z, = 2dao +j2cu +1t) (25)

Substituting these in (23) we have
- ZZl 7 -Ziw2+ 2.0
e ° “f E " (26)
b

v(it) = k
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Now
2. 2
Z 2
-Ziwz + Zéw = - 2& (0 - E%; ) o+ —%; (27)
Therefore 222 " e 52 2
o 221 EE; ‘gféi -Zi(w - —ZI)
v(t) =k & ° & ‘ (28)
: —~D "
Now let
%
W = o - EE; (29)
Whence
W = dw (30)
._.2__
-t 4 '
eV =g ° ( daw (31)
Tt

A gain applying equation (14) the integral factor of equation (31)

can be written as

_ .
_gDE -zﬁz aw = 2 je —lez au =\r"—g- ) (32)

o
We have thus for equation (31) ‘ 7,2
2
2 . L. .
A - 4
v(t)=k51‘Z-l-5 °Zie g (33)

1 77T
2
2dw + j(2ew_ + t) °©
exXp { » o Ll'(d T jz) —— (.l)oz(d - jC;} (34)
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Now we have to remember that we are actually interested in deter-
mining the envelope A(t) of the real part of V(t). Since V(t) is complex

in our example it may be represented by
ORI RO (35)
»*+ Re §; v(t)ﬂk = ‘ v(t) \ cos g(t) (36)

which has the envelope

At) = | v(t) [ (37)
If we now look at equation (34), it can be seen that
V(t) = Z exp [;¢1 (t) + 3 ¢, (ti:k (38)

where Z is complex and ¢l(t) and ¢2(t) are real. Hence from

equation (37)

Alt) = l 7 ‘ exp ¢ (t) (39)
Now Z = ;'—1-1 \l\;ﬁ- X EE;‘EE (40)

[ "'l/l" .
n'o I Zl = ]2-_1_[ :;,LT (02 + d2) (14'1)

also,
¢1(t) + 3 #y(t)
2dw_ + j(2cw_ + t 2

_ L 04(d " j03 ) woz(d + jc) (42)
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Whence
~gt2
4(02+ d

¢l(t) = 2) . (43)
Now substituting equations (41) and (43) into equation (39); we
obtain

: -1/4 2
1 ["ﬁr 2 2 g 2
A(t) N (c© + &%) exp 4(02+d2) .t (44)

We now observe that A(t) has the form of Gaussian error function.

Let a be the maximum amplitude of A(t), Thus

| L <L/k -
a= = (E P+ (5)
Substituting equation (19) and (20) into equation (45) we have

2 2 -1/l

a = E P (2225 j (46)

. ‘ m '

| F 27 Lk '

{:% + 0,195 (**5) ;] (47)

TB

The resolution of the spectrum analyser is the apparent bandwidth

l}

of the output transient as viewed on the screen and is as follows:

R = % ¥ AL (48)

Where At is the time required to sweep between the 3 db points of

the transient envelope. Now looking at equation (44) we can write,

|._I
1
o
Fan
o
pes
St

(49)

n
=
~~
Q
+
o
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2
2 2
At = [(8 1n 2) <°—‘;—d)] (50)

Substituting equations (19) and (20) into equation (50) we

At = 4B | (& )y (e )21% (51)
= ———e + 5
L nF ZnZBZ

Therefore from equation (48)

2 1 '
21n 2 F (52)
[:; + (——;E*—) ( EEE {:] |
. 2773 .
[1+ 0.195 ( =5 ) J (53)
B

whence,

have

R
B

il
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APPENDIX 2 - -
EXPERIMENTAL APPARATUS

The apparatus required for the experiments described earlier
was quite simple. Apart from standard laboratory equipment like
Noise Generatbr, Vaguum Tﬁbe Voltmeter etes;, the féliowing are
worth mentioning.

The receiver used for the experiments was type RA 17
communicatipn receéiver supplied by Racal Electroniés. This is
designed for use as general purpose receiver capable of providing
a high order of sensitivity, selectivity and stability. The re-
ceiver covers é frequency range from 1 - 30 Mc/s.

The panoramic adaptor type R:A: 66 (mamufactured by Racal)
was used along with R.A, 17 reééi%er, for providing a visual Ais—
play of the signal in any sélected frequency band lying between
1 and 30 M¢/s, The“equipméﬁt'Wasﬁéapable of displaying a maximum
spectrum width of 1 Mc/s and a minimum of 100 Kec/s. The swept
spectrum can bée seen on & cathode ray tubé. There was provision

for vér&ing the sweep speedff‘

Integrator
" The integrator and quenching circuits used weré straight

forward and the circuit diagram is shown in Figure A.2,1. =
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The circuit diagram of & Schmi%f Triggef decision circuit
is shown in Figure A:2:3: It is used occasionally in switching
circuits 45 a zero crossing detector and in our equipmoﬁt is is
used to give a fixed output level for a predetermined input levels
The predetermined input level is set by special circuit shown in
Figure 4,2:2i The sensitivity and stability of this device is
excellent,

The circuit shown provides an output voltage of 10 volts with
a rise time of Oi4 u scconds, The maximum operating ratc is

about 300 Kc/s..

Artificial Spectrum Generator

Figure A.2.11 shows the block diagram of the Artificial Spec-
trum Generator used for test purposes. A photograph of the spec-
trum generated by this device is shown in Figure 2.4 on page 26
under the heading "Spectrum Gencrated by Artificial Spectrum
Generator'. The common'circuits were used in designing the
oscillators.. There was provision fér generating one or more

signals of various frequencies at the same time,
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Storage Facilities

Storage facilities form an essential form of our equipment
described earlier in Section 5, There are two basic requircnents
for the storage system.

a} It must have sufficient capacity.

b) It must be capable of retrieving the stored informa=

tion in a very short time. |

With these in view the following types of storages were con-
sidered, |

1, Magnetic Tape

If we use magnetic tape a very precise equipment is needed.
Also tape noise was found to be a serious problem.

2. Magnetic Drum

It is possible to get delays of very long duration with
magnetic drum. But the auxiliary equipment needed for storage
and retrieval of the signal is quite complex.

3., Punched Tape

This is a good way of storing information and has the advan~
tage that storage is permanent because of its non-ecrasable proper=—
ty; but it needs a tape punch and tape reader and was found too

inconvenient for our purposes.

4, Bi-stable Devices

It was decided to use bistable devices such as shift registers.
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This type of storage is volatile and erasable, The capacity is
one binary bit for a stage and the stage is kepﬁzcbnducting or cut
off to represent 1 or O respectively: - The principle of moving
digits successively through a series of bistable devices iinder
 control of a train of clock pulses is a well khown computer tech=
nique end in the past few ycars shift registers using transistors
have become very COmméng High switching speeds; small size;
cheapness; low power consuﬁptionj long operating life and very
high reliability are the main characteristics of such devicesy
The circuit diagram is shown in Figure A:2.4s  Figure
As2450 sthS the circuit used in the decimal to binary converter

and comparators

Decimal to Binary Converter

In order to convert the 8 levels of voltages into binary
digits a decimal to binary converter was usede The block diagram

- is shown in Figure A.2.6.

Later on it was found that a simple diode network was

sufficient for the purpose,

Comparator of Binary Digits

This is an arrangement for comparing two sets of binary



numbers, If the digits are identical there is no output. The
circuit arrangements arc shown in Figurec A:2,7.
Figire A.2.8. shows the circuit diagram of inverter ampli=

fier and Figure A.2.9., shows the diagram of Gate circuit.

Monostable Ciféﬁit

| The monostable used in the system gives one ouﬁpuf pulse
for every input pulse. This was used to iiéht a lamp in our
systems  The oufpuf may be taken from either éollector. The

circuit used is given in Figure A.2.10.
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I, INTRODUCTION 2

In 1939 the applicability of the incidence
matrices to switching circuit design was exemplified
in O-Trc .(see References). In 1954 the cut-set

method, multi-contact case, and the existence of the A

pseudo-ties with a factor such as xx' and pseudo-cuts
with a pair of terms such as xwsx' were pointed out
in O-tasc 281 and 289, After R, Gould achieved
excellent results by the conventional use of the loop
matric method in G-gsc and G-ncn (see also
HiG-LODEC 196). This matric method was further
developed as a rigorous method in OMY-bim. In
this method the consideration of the non-Abelian
group of the invariant transformations of variables
of the given Boolean function reduced the amount of -
calculation and provided many useful graphs. In
1960 the solution was programmed for an IBM650

" computer by Y. Moriwaki.

C. Saltzer showed the relationship between
the topological coboundary operation (cut-set
method) and the product form of the Boolean functions
in S-atcas, and W. Mayeda's paper M-ssg described
a loop basis method, The present paper reports
the further results on this topic after OMY=-bim, .

1I. A NEW BOOLEAN LATTICE
FOR BOOLEAN FUNCTIONS

in theﬁnmunizatmn of Boolean functions, the
N-cube of 2" points was used for N variables.
However, if the K-cube (K = 2NN} of 2¥ points and {ts
subgraph are used, the standard sum forms a subset
of its atoms, and the standard product forms a
subset of the dual atoms (B-LT 163), and the -
elements of height 2, 3, . . . are (E), (13(), e 0
The Karnaugh map method can be g
expressed on this lattice,

ENUMERATION OF LOOPS .
IN GRAPHS,

IIIL.

L. Lunelll and E, Biondi enumerated the
number of loops passing a branch of a complete
graph of n nodes in LB-el. :

‘Formerly General Dynamics/Electronics; Research
Division, Rochester, New York,

- Based on this combinatorial reasoaing, the

M(n) =q§3 ( g:ﬁ) (g-2)!

Zoolean
functions of complete graphs of n nodes arc easily
given, If the branches of nodes 12, 13, . .

are called a, b, . . ., then the functions o wic

-branch a are given:

n= 3, M(3) = 1. f= bC,
na=d4, M({4) =4 f = bdw cew bef\rcdf,
M(5) = 15,

n=_5,

f=bew ciwdgw bfhwbgiw cehwcgjwdeivw el

" bfijw bghjw ceiju cghivs dehjuscini.

The branch a itself can also be included, I
any parallel branches are substituted by their
equivalent single branch, any graph is a subgraph
‘of the complete graph of the same number of nodes, -

- Therefore, for ex.mple the branch a, b, . .
-consists of parallel branches &, Band C; D md E,

« » » We obtain the Boolean function by substituting
a= AwBw(C, b=DwE, , ; , into F=awi,

The result of this substitution is
F=(AmBuwC)(DVYE) (L . o) o {0 o o)

" The nonexistence of a branch, for example, g is
. expressed by g= 0. .

REALIZATION OF GRAPHS FROM
THEIR CUT-SET MATRICES
{OY-Arc)

Iv,

For any oriented graph, there always exists
a nonoriented graph obtained by the elimination of
orientation, ence, a routine procedure of
realizing graphs from any cut-set matrix consxsting
of only 0 and 1 (mod. 2) is given here, It can be ‘

L easily generalized to a partly or fully oriented set

of branches.

The cut-set matrix Ban(a. b, ...=1,2,...Bi

= 1,2,...,4) of which the rows are linear

combination of node coboundaries is generally

“Formerly Microwave Research Institute of Brooklyn
Polytechnic Institute, New York,

Appeared in Proc, of 2nd Symposium on Switching Circuit Theory and Logical Design
American Institute of Electrical Engineers, September 1961,
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flat (B < A). Realization of the branch loop
incidence matrix C_* {p,q =1,2,...,C; B+C=A) is
done exactly in the same manner starting from the
step 1"

1) Left-diaponalization. By a linear combination
(mod. 2) of rows and only an interchange of columns,
the left square submatrix B3, can be brought into the
diagonal form B3 = 13,(13, :unit matrix), and the
remaining right submatrix B2, will be called the

right core. R

1') Shunt-elimination. If a flat cut-set matrix Big
has a set of two or more equal columns or a
collection of such sets, then each set expresses a
sct of branches in parallel. Therefore, all columns
of parallel branches are eliminated by leaving the .
first column of each set and deleting all other equal.
columns. Thus B%yg is reduced to B®,1. A record
of the deleted branches with thefr corresponding
undeleted parallel branches should be kept.

2') Transitionto its null-factor C_ %', If the
right core B2 1 is adopted as an upper core C3 1=
B2 : and the unit matrix C2, is attached under it,
the resulting lower-diagona ized | s :

. [ ' o

e
pl
forms the null-factor {mod. 2) of B¢/, pence the
loop matrix, As {s well-known: B2, ,C® , = 0.
Then this tall C¥ pt 18 transposed to a

flat matrix - Cpt""' . :

1'') Series-elimination, If a flat loop matrix C e
possesses sets of equal columns (branches in series
similar to 1')),all columns of the series branches
should be deleted, and a record should be kept pf the
deleted branches, Thus it is reduced to Cq.ﬁv « '

2"') Transition to {ts null-factor _Ba”nn . This is
done by transposing the flat Cq""":|to atall CMW' |
and adopting its upper core Ca" v as the right
core B? "01 and attaching a unit matrix B2 i;
thus Ba""_n is obtained.

The steps 1' - 2'* should be repeated uatil all equal
columns of B8 () are eliminated. If a realizing
graph is a series“parallel type, the matrix B2,, is
reduced to a single unity by a finite number k of the
above four operations, This graph of series~parallel
order k is realized by the records of steps 1' and 1'%,
Otherwise, all series-parallel parts are eliminated,
However, because the following process realizes

the graphs i{ndependent of whether the graph is
series~parallel or not, the above four steps can be
skipped.

’

Characteristics of cut-set matrices, For
cut-set, a Jordan curve can be drawn waich "cuts"
all branches of the cut-set at any poinisof the curve,
Each branch can be located freely as far as one
terminal is Inside and the other is outside. This .
Jordan curve is called the ambit of this cut-set, .
Each branch of the tree is called a trunk, Then

-

the necessary and the sufficient condition that any
flat matrix B2 of only 0 and 1 elements can form
a cut~get matrix of a possible graph, is that all
ambits of B semidiagonalized rows, namely
uni-trunk cut-sets, are realizable without mutual
crossing of thege ambits on a Euclidean plane
(ambit theorem). If all ambits with cutting branches

“are realized without mutual crossing, the graph is

" of the whole plane,

- be either inside or outside of an ambit.

immediately realized by the following simple
process. At first, Realization of ambits wili be
described. On a finite Euclidean plane, ambits of
cut-sets of the right core B2 are rcalized one by
one, The first two ambits OPB and Bén can be
drawn so as not to include each other without loss

of generality, because the case where one is
contained in the other can be transiormed to the
above case without change of cutting branches. This
is easily seen by the aid of sterecoprojecctive mapping
Such an inversion of outside and
inside of an ambit is called the Jordan inversion.

" From the third ambit, all possible realizakble cases

should be considercd, this can be determined by
elementary combinatorial propertics of cut-sct
branches relative to the ambits, since each branch
can have exactly two ends, and a new ambit should
never cross the already drawn ambits. When the
reallzation at any step {8 net unigue, the fizure of
ambits that simultaneously expresses all possible
cases prevents exponential growth of {igures;
especially in the frequent case of two possibilities,
a revolving door can be built in a part of wall ¢l an

_ambit, and the door is separated into two semicircles g
“ by a partition vertical ‘o the ambit wall where cne

ambit is drawn in one of the semicircles. Zy
revolving this ninety degrees, the inner ambit czn
Such czorsg
can be combined in any complicated manner. The
order of realization of such ambits does not change
the final realizability. Hence, if at some inter-

mediate step any ambit becomes unrealizable, this

‘forms a rigorous proof of the nonexistencé of any

~ graph which has the given Baﬁ as cut-sets. In the

a.c, case, the unrealizable rows of cut-seis can be
realized by ideal transformers as exemplified in
O-ats. Hence, this yields a general method of

- determining the minimum necessary number of ideal

transformers for a given matrix B2,, ., If all arabits

"are realized, one trunk for each ambit should be

" crossed with the ambit, and thus the tree part is

" “terrace should be connected to this node,
- that has no inner ambits forms a terrace by itaclf.

- supplemented and then the following process

realizes the graphs. | .

Termination to graph. The outer area of all

. ambits corresponds to a datum node {ground of
~ height zero) or the root as a tree, which should be

drawn in any position within this area, and all ends
of branches in this area should be extended and
connected to this datum node. An area of an ambif,
excluding areas of all other inner ambits, is called
the terrace. Then each terrace corresponds fo a

) single node which can be drawn as any point within

this terrace and all branches terminating in this
An ambit
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V. TOPOLOGY OF BOOLEAN
TWO-TERMINALS

The switching network theory developed here
is independent of Ohm!'s law or any Gther branch
causality characteristic expressed as the metric of
the branch number-dimensional space. Therefore, .
it can be called the affine network theory (O-tasc 267,
275, 279; O-ats). From this point of view, the node-
branch incidence matrix {s expressed as

B%. wherea, p,y =1, 2, ..., a°;

The rank B of the matrix B%¢ is a~ 1; and

B:no—l, (9)

The number of all sets of nodes mcludmg the node
and excluding node 6 is

Ho=2® 322674224 =16 for (1) (10)
If the coboundaries of these H sets of nodes are
" caleulated, it follows that
.Bh;-Bha B% ,  h=l, 2, ...,H
: - a=1, 2, .. ., B. {11)

a= no, of nodes; x,k,p,'v 21, 2recard

A = o} ol . no. of branches. For example,
i..11....
el...11,. o
a - L] 1 L3 . L3 - 1 1 ’ " .
Biye®|+eo+1.1.1, (mod. 2) ' (1)
' s e e 141,11
* 1 1 1 *« o =2 = s
Each row can be regarded as a base covector
expressed by a pair of the initial and terminal
hyperplanes O and B%. Geometrically it will be
called the layer and will be denoted with a lower
arrow:
bt = OB® = B% a¢ | (2)

where a™ {g the base layer of the A-dimensional

affine Space, Then the coboundary operator & of
a node a corresponds to the determination of the .
A-component of the layer b® by a multipncation of

the base vector ak . ‘ .
. a a= N a A ‘ _
ba 61_:__=(b a,.)a -B;\a . (3)
If b°, ﬁ, and ak are expressed by e , X, and_h»,
then, for example, s =
eyt @
= 1+ 4+5. -~ (5)
Each column of the matrix B* v 18 regarded as t the
affine (parallel) projection of the base vector g -
on B-space: R A
(B'K ) b = bn » : ‘ (5)
whereb 1s the base layer of B-space. Then the

boundary operator 8 of a branch corresponds to
this.affine projection: ’
8%’: 8.;;: -'.(anb_(: )s; ‘- Bnub—;“ LY

for example, .

-_ - . " o e
81=(la)a =1+6, a=b®, ~ ..,

. and the inequality holds for at least one .
- the covector B“x is said to be smaller as a

- For example,

By, =B = BY By [1.....]1B%[1..11....],.

BY, = BY B3,=[11....]B%), ={11.1111..].

In this case,

B"x < BYy forall),

Then

covector:

. . .
B < bt or 1< 2t

When there is such an order relation, the larger
covector separates the graph into more than two
parts, and hence larger covectors should all be

deleted. In the Boolean product expression, the

elimination of the larger Boolean factor is auto-

‘matically included in the general Boolean algebralce

theory. Furthermore, a covector BY)\ that includes
a pair or pairs of "make" and "break" contacts of
the same "relay" topologically forms a cut-set but
not a Boolean cut-set, hence it wiil be called a

" pseudo-cut, All pseudo cuts are deleted. The

remaining covectors b = gh' 7’\-—» form all of the
cut-sets that separate e node 1 from node 6, Then
the result can be expressed as the product sum form

_of the Boolean function of the given switching network.

Furthermore, if two branches A and A +1 are

_governed by the same relay R, there holds

BRywBh, y = BUp.  (O-tasc 281 (5, 14)) o
Thus, each factor of product form of the Boolean
function forms only a subset of the coboundary of

all possible combinations of a® -2 nodes. This

formhs the foundation of the Boolean two~-terminal

.. synthesis based on the node-coboundaries.

VI, SYNTHESIS

Suppose that the Boolean function is given
either in the standa. d product or minimum product

-form, - Then, all other possible product expressions

will be obtained. However, because the number of

- contacts of the standard relization of the minimum

product is known, only those expressions that have

at most this number are sufficient to conside: .
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