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Summary
The paper reviews a number of designe of cross-
correlation receivers for the deteotion of active under-
water transmiassions.
Particular attention is given to the various
struotures of phase insensitive receivers, and to problems

concerned with olipping of the input signal and the
reference funoction.



0 IFTRODUCTION

The purpese of this paper 1s te review a numbor of designs of
crosscerrelatien roceivers for the detection of active underwater
acoustlio transmissiens, and te shew their mutual similarities and
differences.

We shall only eocupy eurselves with matohed reoceivers, i.e.
receivers uesing a reference signal indentical to the transmitted
one. In doing so, we neglect the fact that a matched system is
optimum only in a white noise background, but not in a mixed
reverberation-noise situatien where the background is effectively
a ooloured noise. From a theoreticel viewpeint, a properly mis-
matched reoceiver should be used in the latter case. However, this
refinement is seldom made because of meny inherent diffioculties.
Besides, the majoridy of subjecte treated in this raper would epply
equally well te a mismatched systeam.

When locking through the available literature, a virtually
endless number of variations on the same theme seems to exist.
These differences are caused by the selution whioch is adopted for
the problems summed up belew. Each of them can be selved in more
than one waey. Hence we have at our disposal a multitude of
elementary building bleoks, ef which a certain number has to be put
tegether to ebtain a cemplete receiver.

Wo shall net eccupy ourselves with electronioc details, but
rethor limit ourselves te the relevant operations, performed on the
signale, and te the erder in which they are applied. Hence, the
results will mainly be prese: -d as bleck diagrams.

1. Ihe time problem. =~ In order to ebtain the output C(t°+T) of
8 correlater receiver, the input signal must be correlated
with a reference signal over a time interval from t = to to
t = t°+T, where T = length ef reference signal. Because we are
interested in C - values at closely spaced time points, the
procedure has te be repeated from t-t.+A$ te t-t°+At+T, eto.
Sinoe A+t will generally be small with respect to T, the
successive correlatien intervals will overlap to a high degree
Thus, specicl measures must be teken te cope with the threat
ef time shortage fer performing the required operations.



The phase probdlem. - The receiver must be capable eof
preceseing asignals which have an arbitrary carrierphase with
respect to their moduleting waveform. In ether words, the

receiver must be phase 1insensitive.

Sampled or centinuous precessing. - The receiver output can
either Ye obtained as a continuous function of time, or as a

gseries of samples, Further, the input signal and the reference
function can be processed either continueusly or in sampled

form.

Deppler channels. - Dependent on the type of transmissien

and on the purpose of the equipment, the receiver has te be

equipped with a number of deppler channels, or net.

Coherent or inceherent intexratien. - Sometimes 1t 1is

degirable to give the receiver the oapability eof integrating
the signal partly incohershtly, rather than integrating fully
coherently over the entire signal duratien T.

Linear er clipped precessing. - Do we desire te processa the
input signal and/or reference funotion linearly, or are we

satisfied with clipped processing (hard limiting)?

The most important items of this list, as for the
differences betwean various systems, are items 1, 2 and 3.

A number of features which are believed to be of
less impertance from a fundamental viewpeint, has been oemitted
from the list above. Among these are the question whether the
processing 1s on a digital or on an enalog basis, and the
question whether the received signal is heterodyned to an-
other frequency defere processing.
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2- Matched filter with tapped shift register.

In optical processing systems, a selution is to write the
gignal in some form on a photographic film, whioh is continuously
moved across an aperture where a light beam is modulated in
amplitude or intensity by the film. This is equivalent to a
continuously tapped delay line, and the correlator output can be

obtained as a continuous time function F(t+T).

Time compression correlators. - A seocond solution to the time

problem is the use of time cempression. The prinociple 1s Bketched
in fig.3.

The signal x(t) is applied to a memery which sioret the most
recent (T-at) seconds. Read-out is performed by scanning the memery
at an accelerated speed in order to obtain a tims compressien of
the signal. Read-out starts at time t-t°+T-At and steps at time
t-t°+T. In this interval, a part of the original signal lying
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THE TIME PROBLEM

The preblem is te cresscorrelate & received signal x(t) with
a reference 8(t), which has a duration equal te the length of the
transmitted signel, T sec. The integral to be computed is of the

form
t+7T

F(t+7) = /~ x(7) s(v-t)dr, (1)
1

and the procedure must be performed in real time. There are two
different approaoches to this preblem.
Matohed filier. - The first is to try and build a matched filter

(M.P.), with an impulse response equal to a time reversed copy of

the reference signal:
impulse response = h(t) = s(T-t); 0<t<T (2)

The filter output, u(t), will be the convolution of x(t) and h(t):

t t
a(t) = fx('r) n(t-1)ds .f x(t) s(T-t+r)ds
t-7 t-T

Thus, the output at time (t+T) equals the required output (eq.1):

u(t+7) = P($+T) (3)

Theoretically, the M.F. is the ideal solution to the time
problern. In practice, however, the design can be very difficult
since the impulse response h(t) can be required to have a duration
up to a few seconds and/or bandwidth up to a 1000 Hz. A matched
filter for frequency modulated pulses, based on a dispersive delay
line, is described by Tourneis, 1lit.1. A device of this
type yields its output as a continuous function of time. (fig.1).

Another aproach is the use of a tapped delay line with
weighting coefficients cerresponding to h(t). Usually, the input
signal is sanpled and a shift register is used, rather than a true
delay line (fig.2). In this ocase, the output is ebtained as a
series of samples, F(k.At+T).
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between t-to and t-t°+T is reproduced. Consequently, an interval of
T seconds has been compressed to At seconds. As soon as the memory
has been scanned, the procedure is repeated and the original sigmal
interval from t°+At to t°+T+At is reproduced between t-t.+T and
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3- Time compression.

Fig.4 illustrates the way in whioh the input time axis is
imaged on the output time axis. The result of time compression is
that a large number of cerrelation intervals, originally overlapping
almost. completely, are ordered in time one after the other. Hence,
the oorrelation procedure can be performed by correlating the
compressor output with a similarly compressed reference funotion.
The reference function i1e started every At seconds, in synchronism
with the start of a new read-out period. See fig.4.

It will be clear that a time compression correlqter (T.C.C.)
ylelds a sampled output, F(K.At+T), with a sample distance equal to
the length of the compressed time interval.

Usually, time compression is applied te a sequence of signal
samples, rather than te the continueus signal x(t). The resulting
systems sre extensively described by Allen and Westerfield (11t.2).
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4+ Mapping of input time axis on output time axis.

Tine compression of continuous signals x(t) can be obtained, a.o.,
with magnetic recording and by using rapidly moving pick up heads.
A system of this type is described by Tournois (lit.1 , fig.10-a)

Sampled output and continuous eutput corralators. - I¢ will be

helpful te make a difference between correlators or metched filters
ylelding a continuous output function ("oontinuous cutput cerrelstars)
and those ylelding enly a sequence of output samples ("sampled
output correlaters”).

This distinotion is net directly related te the questien
whether input signal and reference are proocessed in centinueus or
sampled form. A sampled output correlator does not necesasarily
imply sampling of the input signals. On the ether hand, a system
with sampled inputs will necessarily yield a sampled output.

The majority ef correlateors for practical applicatiens is ef

the sampled output type.
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2 SIGNAL SAMPLIKG RATES

Since meat cerrelation receivers use some form of sampling,
either at the eutput er at the input, or both, we shall summarize
the relevant results of sampling theery.

Suppese that a time funotion x(t) with double sided amplitude
spectrum (Fourier transferm) X(f) is sampled at a rate of R sampleg/

sec, and let the sequence of samples be

1
x'(¢) = 73 x(B)a(tE) 5 x - ..., -1,0,41, ... (4)
k
The spectrum x'(f) of x'(t) is a periodic repetition of the
original spectrum X(f), with repetitien period R:

X'(f) = L X(£-nF) ; B e ..oy =1,0,+1, ... (5)

When the sampling rate R 1s chesen in such a way that the
repeated bands (m g 0) de not overlap the original band (m = 0), it
is possible to restore the eriginal signal from its samples by
means ef a preperly designed restoration filter. The filter must
pass the original frequency interval (uniform attenuetion and
linear phase over the original band), and must suppress all repeated
bands. If this cenditien can be met, the only difference between
original and restered signal is a delay corresponding to the filter
group delay.

Fer a low pass signal x(t), existing from DC up to a
frequency W(X(f) = O fer [f[PW), the required sampling rate is
R= 2W, correspending te Shannen's theersz. See fig. 5.

In underwater aooustic signal precessing, the signal x(t) will
usually be a bandpass signal, eccupying a spectral interval of
width W around a relatively high center frequency £y (X(£) = 0
for f -4W < |£] £, +f%). It turns out that a& number eof admitted
intervals existe for the sampling rate R, in order te satisfy the
requirement ef ne everlap. The situation is depioted in fig. 5.

The exaot pesitien of the admitted intervals depends on baoth W and
f.. Usually, ths lowest admitted rate, Rmin y 18 somewhat higher
than 2W, alfthough in practice the difference seldem exceeds a few
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percent. Literature en bandpass sampling can be feund in 1it.4. .
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5= Admitted sampling rates for lowpass and bandpass signals.

The capability of restering the original signal from its
samples is net the only condition to be met by the rate R. Usually,
the purpose of sampling is to replace a correlation integral of
the type

f x(t) y(t) a (6)

by a sum of the type

zox(8) o) 0

Fortunately, it can be shown that the sum equals the integral
when the rate R is chosen on one of the admitted intervals. Hence
we can safely replace eq. 6 by eq. 7. (Actually, this statement
can even be refined when a(t) and b(t) ocoupy frequency intervals
of unequal width.)

When a matched filter or correlater eperates en sampled input
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signals, the output usually takee the form

) -1 3 () ek - E) (8)

fig.8 replaces the original eq.1:

t+7

F(t+T) = fx(r)a(‘r—t)dt (9)

t

Since eq.9 is essentially a linear filter operation, we conclude
that the speotral interval occupied by the output F is the same as
the one occupied by the input signal x(t). Further, tbe rate R at
which the inputs x(t) and s(t) are seampled, is equal to the output
sempling rate (eq.8). Consequently, a sampling rate R is an
admitted rate for the output F(t+T) when it is an admitted rate
for the input aignals x(t) and 8(t).

PHASE INSENSITIVYE RECEIVERS

Bofore the various phase insensitive receiver structures can
be derived, we must write down a few expressions for the required
output.

Let the transmitted signal be a an amplitude and phase
modulated pulse of duration T 1

o(t) = a(t) oos[wot . a(z):] | 0CtCT (10)

Usually, s(t) will oocupy a relatively narrow bandwidth B around
w

its center frequency f = 2 ,
° 2%

During propagation and reflection the carrier wave getits a phase
shift ¢ with respect to the modulating wave forms. Putting delay
and doppler equal to zero, the echo becomes:

x(t) = a(t) oon[oot + a(t) + cp]! 0<t<? (11)
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Since ¢ is an unknown random number, the receiver's signal
response 18 required to be independent of ¢ . We shall define a

phase insensitive recsiver as one whose output is given by:

t+T

C(t+T) = % | fx(r)o*(f-t)drl , (13)
t |

where

x(t) = x(t) + J 2(t) = analytic signal corresponding to x(t)

14)
oft) = s(t) + J 8(t) = " " " " 8(t)
%(t) and 8(t) are the quadrature signals of x(t) and s(t) ,
respectively. Assuming that the signal bandwidth B is small with

N
respeot to its center frequency fo-Eg y they are given by:
n

2(t) = a(t) sin[wot ¢ x(t) + cp] and 8(t) = a(t)sinl:uot +¢(t):]
(15)

(Actually, the condition for validity of eqa 15 is only
£, >$B).

As defined in eq.13, the phase insensitive output is the
absolute value of the crosscorrelation between the anaslytic signal
x(t) end the analytic reference o(t), where the reference equals
the transmitted signal. Substitution of eqs 14, 15 into eq.13
shows immediately that C(t+T) 1s indeed independent of g.

After substitution of eqs 14 into eq.13, we obtain

C(t+T) = %

Ux(r)a(rnt)dr +f2(-t)§(r-t)d'r .

+ j[fi(t)n(r-t)dt -fx('r) Q(T-t)d-t:] (16)

This expression can be simplified by observing that the integreals

are palrwise equal, and that the seocond pair is the quadrature
version of the firset pair:
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t+T t+7
i(t+T) - j~1(1)l(1-t)d1 - j.t(r)a(t-t)dt

’ ’ } (17)

A t+T t+7
P(t+T) .-fg( Da(1-t)ds = fx( 2)8( 1-t)ds

t ¢

Consequently, €q.16 reduces to

C(t4T) = [?'(t+r) + 5'(t+§iF' (18)

Eqs 17, 16 express the roquired output in operatioms on the input
signal. F ip the correlation betwsen signel x(t) and referenoe s(t),
and P is the correlation between x(t) and the quadrature reference
n(t).

Since F(%t+T) 1s obtained from x(t) via a linear filter
oparation (eqs 17), we expeot F(t+T) to have the same structure
as x(t), 1.0. a cerriorvave of frequency w  with a slowly varying
envelope and phase. Actually, substitution of eqe 10, 11, 15 into
eqas 17 leeds to

F(¢+4T) = P(t+T)cos(wot -9) - Q(ta-?)ain(wot - 9)
ﬁ(t+w) = Q(%+7)cos(w t - §) + P(t-&T)sin(uot -9) E (19)
where

t+7T
P(t+T) = % s(t)n(f—ﬁcon[a(t)—a(t—t)]dr

t

t+T } (20)
Q(t+T) =

3 a(r)n(‘r—t)sinl:a(t)—a(T-t):}lt
t

Comdination of eqs 18 and 19 leads tc a second expression for the
receiver output:

C(t+T) = [%'(t+T)+Qa(t+Tﬂ% = envelope of F(t+F) or ﬁ(t+m). (21)
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The expressions above suggest two structures for the phase
insensitive receiver: 1. Correlation of x(t) with s(:) and 8(%)
and subsequent combination in a square law combirer (eqs 17, 18),
and 2. Correlation of x(t) with e(t), followed by envelope
rectification of the resulting F(t+T).

Both systems are "D.C. or low-pass correlatorse" since the
signal x(t), at frequency wyy is multiplied with a reference &t
the same frequency, and the output is obtained by integration or
low pass filtering.

Another type of phase insensitive receiver, not immediately
suggested by the formulze above, is based on "A.C. or band-pass
correlators", in which the integrating element is a bandpassfilter

tuned to a frequency v, rather than a lowpass filter.

Phase - quadrature raceiver with D.C.correlators

A block diagram is shown in fig.6. The system is based on
eqs 17,18. The two D.C. correlators are indicated as multiplisrs,
followed by lowpass filter. In a phase-quadrature receiver, the
correlators will ueually be of the sampled output type (if a
continuous matched filter, the system of fig.9 would be
preferable). Hence, F and % and, consequantly, also the output C,

are obtained as a sequence of samples.

o | P kataT)

v
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6- Phase-quadrature receiver with DO correlators.
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Whon the correlators asre operating on sampled input signals,
wo got the blook diagrem of fig.7. The scmpling ratea are chosen
according to the narrow band sempling theorem, i.e. the minimum

rats 18 B, ~ 2B samples/sec.
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7- Same as fig.6, with sampled input.

Another phase-quadrature system, with sampled signal xocesaing,
is shown in fig.8. It ias based on eq.16. Use is made of both x(t)
and x(t), and of s(t) and 8(t). In other words, we use the analytic
signals x(t) and o(t) of eq.13. Since the analytic signals contain
positive frequencies only, they oocupy effectively a bandwidth of
B, rather than two times B. Thus, the minimum sampling rate will

now be R , = B samples/sec.
A disadventage of fig.8 with respect to fig.7 is that £(%)

has to be derived from x(t), for instance by means of a n/2 phase
shifter, and that 4 correlators are needel rather than 2. On the
other hand, ths total number of samples to be processed per second,

i1s the Bame.
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8- Same as fig.7,
with analytic
signals.

The system, based on eq.21; is shown in fig.9. The signal x(t)
is correlated with the reference A(t), followed by envelope
rectification of the output F(t+7T).
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9- D.C. correlator with envelope rectifier.

C (x+*TY)

In fig.9 a oontinuous output ocorrelator is required in order to
feed the rectifier.
When using a sampled output correlator, the sequence F(§-+ T)

can be transformed into the required continuous time function by

means of a restoration filter, which passes the spectral band

corresponding to F(t+T) and suppresses all repeatad bands which
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have arisen in the process of sampling. (section 2). In other
words, the filter should be a bandpass filter centered at fo - E%
with a bandwidth B. The output will be F(t+T+A), where A is the
filter group delay. The system is shown in fig.10 for the case of
a sampled input and sampled output correlator. Minimum sampling

rate is in the order of Rnin ~ 2B pamples/sac.

’F'(_\i-\."Y‘) ACTARYY, C (xeT)
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oratk low
R . —-T /LR
Wi 1B S LeRtonm
T 10- Seme as fig.93 sampled output
AN correlator + restoration filter.

Actually, it is not necessary to center the restoration filter

: ' ®
around the original centerfrequency fo = 32. Any one of the
n

repeated spectral bands, present in F(%wT), may serve as well.
These bands are centered at the frequenoies
f = (f° + n.R) and £ = (-f° + n.R) (22)

In order to facilitate the design of the restoration filter, 1t
may prove helpful to select the lowest centerfrequency which still

guarantees a dependable performance for the envelope rectifier.

A.C.correlator with envelope rectifier

The syetem is shown in fig.11 for the case of a time
comprension correlator. The correlator is an A.C. or bandpass-
correlator, in which the integrating element is e bandpassfilter
tuned to a frequenocy v. Further, the reference is at an off-set
frequency with respect to the transmitted signal:

2,(6) = 8(8) coq (u, - v)0 + a(8) ]| (23)

In 6q.23%, 0 represents compressed time, and the duration of sU(O)
equals the length At of the compressed ocerrelation interval. Let

us see what happens inside one of these intervals.
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The received signul x(6-t), similarly compressed, in multiplied
with the reference, and the product signal 1is

y(8) = x( e-t)su(e) - af O-t)oon[uo( 6-t) + af B-t) - v] i
- a(6)o0s] (v,-0)0 + a(9) | (24)

¥(6) oontains ome cormponent at frequency v, and one at 2u°-u .
The v-component is

v,(8) = a(o-t)a(e) co.[ue - ot + a(6-t) - a(6) + ¢] (25)

The bandpassfilter, tuned to v, starts ringing in response to
yu(e), and its response will be an inoreasing vibration of
frequency v. The envelope of this wave will be independent of the
phase ¢ of the input yu(e). Consequently, the required phase
independent output can be obtained by feeding the filter response
into an envelope rectifier, and by sampling the rectifier output
at the end of eaoh compressed time interval At, as indiocatsad

in fig.11. Calculation of the filter response to yu(e) shows
that the result is indeed identical to eq. 21,

C (k. a%4T)
>)
EEEf?_q;. . E;EE: :j(. )*m “{>P' = _ﬁfﬁLq.__m_w__Jﬁp

=
4, 8) 2 C (x4TT)

11- Time compressed A.C. correlator + envelope rectifier.

Since the procedure le repeated in each compreseged interval,
the filter should theoreticelly be empiied of its energy contents

before starting the next correlation interval. However, the filter-
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bandwith is in the order of %E . Therefore; the filter response to
the previous interval will approximately have died out at the end
of the next one. Consequently, the "emptying" can be omitted.

It will be clear that the receiver of fig.11 yields its outpat
only as a sequance of sampless C(k.At+T). In praotice, the operatim
of sampling the filter response's envelope at the end of At can be
omitted. The filter output is then fed direotly into the rectifier
and its output will be a more or less continuous curve.

It should be observed that the diagrams of fig.11 and fig.10
show an essential difference. In fig.10, the restoration filter
does not form a part of the correlator. It is tuned to the signal
oenterfrequenocy fo y and has a band width B. Both the filter and
the rectifier operate on the normal time scale. Contrary to this,
the filter in fig.11 is the integrating element in the correlator.
It 1is tuned to a frequency fc" c.é% Hz, where ¢ = the time
compression factor, and its bandwidth equals %-- %E Hz. Both the
filter and the rectifier operate in compressed time.

For a large time compression factor o, the filter tuning
frequency fc = c-%; Hz often gets a prohibitively high value. When
the correlator input signals are processsd in sampled form, as is
normally the case in a time compression gystem, the interaction
between the repeated spectral bands of x(t) and su(t) will result
in a set of repetitions of the difference frequency v, a number of
which will be at a lower frequency than fc. These can also be used

as centerfrequencies for the correlator's integrating filter.

DOPPLER SENSITIVE RECEIVERS

In the case of a doppler sensitive transmission, eg. a
random modulation signal, the receiver is equipped with a number of
doppler channels. The output correlation peak is supposed to apmar
in the channel corresponding to the signal doppler.

We shall only consider a doppler shift of the carrier
frequency. Expansion or compression of the time scale of the
modulating waveform, which ocours at higher target speeds (depending
on the transmission's BT product) must be tsken into account by a
corresponding chango of the reference function's time scale.

For a pure carrier frequency shift, the required receiver out-
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put 18 defined as the bidemensional crosscorrelation of signal and
roeferences
t+T

C(t+7,d) = l j.x(r)o*(r-t) exp Jbt d= (26)

As in the previous section, the absolute value serves to obtain a

phase insensitive system. Eq.26 suggests two receiver structurers.

Parallel receivers

One interprotation of eq.26 is as the crosscorrelation function
of a signal x(t) with a reference c%(t) = oft)exp-Jdt 1
t+T
C(t+7,8) = l jnx(t) o%(t-t)dt (27)
t

ob(t) is a frequency shifted version of the original reference o(t)
which in itself equals the transmitted pulse. Hence, the system
will be seneitive to a received signal with a corresponding doppler
shift, -

Since the receiver's doppler region D must cover the entire
range of expected doppler shifts, eq.27 leads to a bank of parallel
receivers, each matched to an individual doppler bi . See fig.12,

Because the doppler response of each receiver is of the type

sin n n—(wo-bi) T

§ wvhere n = signal frequency and (w_-% ) =
o 1
n n-(mo-bi) T

tuning fraquanoy of tih receiver, the various receiver frequencies
can be ? Hz apart (for fully coherent integration). Honce the
number of receiveras for covering a region D equals ¥ = DT.

The receivers can be of one of the types described in section
3. When a compreseion system 1s used for time compression of the
received signal, thie eystem can be shered between the various
receivers. The same holds for the delay line in a tepped delay line
matched filter. Apart from this, however, the recaivers are
essentially individual systems.

(A second, though similar, interpretation of eq.26 is to write
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C(t+7,d) = |f.[x(1)axp be] . 3% (-t )dx

Phis comes down to displacing the input eigual over frequencies b,
and feeding the fraquency shifted signals intc a bank of identical

receivers, each tuned to the original frequenoy w, ).
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12- Doppler sensitive system with individual recelvers.
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13- A.C. correlator + spectrum analysis.

A.C.oorrelator + spectrum analysis

A moTe attractive raceiver structure is obtained by interpreing
eq.26 as the Fourier transform of the product of x and %3
£+7

C(t+T,d) = I j‘[x(r)o'(r-t)] .exp Jbt d< (28)
t

The input s=ignal is multiplied by one reference only, the zero
doppler reference, fcllewed by a spectrur analysis of the product
signal. The adventage is that the various doppler channels share
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the same multiplier unit. Usually, the system takas the form of an
A.C.correlator, equipped with a bank of filters (fig.13).

As in fig. 11, the reference is generated at sn offset
frequency (uo-u). Rather than one filter tuned to v, a number of
filters is used, tuned to frequencies (u+&1). A signal x(t) at
frequency (w°+ba), be = 8ignal doppler, gives rise to a ocomponent
(u+bs) in the product signal. Thus, a responss is obtained from the
filter with the corresponding tuning frequsnoy.

MIXED COHERENT - INCOHERENT INTEGRATION

On some ocoasions one wishes to deliberately widen the pass-
band of the integrating element in the correlators. One example is
the case of rapid time variation of the communication channel with-
in the received pulse duration.

Fully coherent integration of a pulse with length T 1is obtained
with a filter bandwidth % Hz. Widening the filter with a factor p
reduces the length of the impulse response with the same factor.
Hence, the integration interval is effectively divided in p
coherently integrated parts, each of duration-% gec.

After having removed the phase information from the correlstiam
results of each of the subintervals, they can be combined in-
coherently. In this way we get a mixed coherent-incoherent
integrator, where the degree of incoherence is defined by p.

As usual in problems of this type, the question arises whether
the subcorrelation results should be combined via a linear law, a
square law, or still something else. Assuming Rayleigh-Rice
statistics for the subcorrelation results, the combination should
be on a square law basis for small SRR and on & linear law basis
for large SNR.

A few examples of mixed integrator block diagrame are shown in
fig.14,15.

Fig.14 relates to & phase-quadrature receiver with time
compressed DC correlators, equipped with binary integrators. The
time compressed interval At is divided in P sub-intervals. At the
end of the first agb-intorval, the stored values in the integmating

reglaters, F1 and F1, ara oombined to give 01 -[:Ff + F: .

The integrating registers are emptied and C1 18 wtored in the C
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register. This is repeated for the second sub-interval and 02 is
added to c1. And so on, until p sub-intervals have been treated.

"F‘o
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14- Time compressed phase-quadrature D.C. correlators;
mixed integration.
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15- Time compressed A.C. correlator + rectifier;
mixed integration.

Fig.15 shows an analogous operation for an A.C.correlator +
rectifier. The bandwidth of the integrating bandpasefilter is
widened by a fector p. The filter response is fed continuously to
the envelope rectifier and the required incoherent combination is
simply obtained by inserting a emoothing filter with time constant
At (= length of time compressed interval) after the rectifier.

In both examples, we have reatricted ourselves to a linear

law incoherent combination of the sub correlation results.
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6 CLIPPING

By olipped process.ng we mean that the input signal x(t) 1is
passed through a clipper, or hard limiter, which transforms x(t)
into a square wave of amplitude + 1 in whioch only the original zero
crossings are retained. Usually, the reference functions are
clipped as wall. Although the electronic design of a clipper
receiver may differ greatly from a linear one, the operations on
the clipped signal remain the same from a functional point of view
Hence, the clipper receiver can be regarded as an ordinary linear
processor, preceded by one or more clippers.

The advantage of clipping are that the dynamic fluctuations
of x(t) are removed, which conaiderable simplifies the electronio
requirements, and that at the same time the output c(t+T), or
C(t+T,8), is automatically normalized to a standard amplitude scale
independent of the input amplitude.

Disadvantages are mainly caused by two sources:

1) Typical nonlinear interaction of the various signalcomponsnts
in the clipper, 2) The self normalizing property, mentioned
above. Though in itself a deairable feature, it can also be a
cause of trouble when the receiver's processing gain is too small

Below, we shall give a few examples of non linear effects,and
findlly we shall try to find the restrictions under which clipping

is allowed from the viewpoint of self normalization.

Non linear effeocts

When a narrowband time function (bandwidth B Hz around
relatively high oarrier-frequency fo Hz) is clipped, two gross
effects can be distinguished: 1) a distortion, usually a widening,
of the original spectrum areund fo’ 2) the generatien of new spectrd
o! g
The first phenomsnon is responsible for differences between

bands around the uneven harmonios of the carrier, 3f eto.
the detailed output functions of a linear and a clipped processor.
Since these effects are inherent to the clipper, they can not bYe
circumvented by changing the receiver struoture.

The seoond class of phenomena can be troublesome when clipping
is combined with sampled processing. However, these effects can to

a reasonable extent be overcome by proper design, in particular by
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a proper choice of sampling frequencies.
As 8 simple example of a phenomenon bslonging to the first

class, we consider a signal consisting of two oqual amplitude sine

waves with a frequenoy difference A:
x(t) = cos 2n(f°+iA)t + 008 2n(f°-iA)t (29)

Interference uvf the two components results in a oarrier at fo ’

modulated sinusoidally with a beatfrequency $A:

x(t) = 4 cos 2m.46t. cos 2n £ ¢ (30)
Clipping of x(t) transforms the sinusoidal modulation into a
rectangular one. Consequently, the spectrum of sgn x(t) is a

suppressed carrier with sidebands oconsiating of the (uneven)

harmonics of a rectangular wave. (Fig.16).

G @ & o 'P&Lﬂ

2 |

¢ 2 >
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16- Spectrum of two sine waves before and after clipping.

Suppose, now, that instead of two sine waves, we have two
random modulat¢tion pulses, without mutuel time delay, but with a
carriershift A. When x(t) 41s fed into a linear doppler sensitive
receiver, such as an A.C.correlater + spectrum analysis (fig. 13),
the product signal of x(t) and the refersnce will consist of two
sine waves, at the moment of time matching. Output peaks will
appear from the correspoending two doppler filters. When x(t) is
clipped, howcver, the product signel will elso contain the
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parasitic frequenoy components of £4g.16-b, and ghoet peaks appear
from doppler channels in which no output should be present. The
result is a distortion of the signal's doppler strusctiure.

A similar effeot occurs effect occurs with (liuear) frequency
modulated pulses. See fig.17. (Computer calculated results; sweep-
widtn B=400 Hz} pulse duration T=1 eec; receiver of the phase-
quadrature DC correlator type, fig. € ). The upper traces show
various ecatterer structures (independent randoa phases), the middle
and lower traces show the outputs of a linear and & olipper receiver,
respectively.

In the seoond pioture from the left, two equal strength
scatterers are present with a separation of v~ 24 meeo. Thus, x(t)
will consiet of two overlapping FM pulses with a frequenoy differemse
Anrr% . As in the previous example, clipping produces parasitic
sweeps at multiples of A. Theae are the sweeps which are respongible
for the ghost peaks on the time axis in the case of olipped
proceesing.

For overlapping pulses of unequal strength, the situation is
complicated in the sense that the speotral symmetry disappears. The
ghost peaks will now get different amplitudes. In addition, the
ratio between the mein peaks will differ from the original ratio.
Quantitative information about this phenomenon is given in 1it.J}

The net result is shown in fig.17, third picture from the left,
where a larger number of spiky, isolated scatterers is present.
There is a striking difference between the outputs of the linear
and clipped systems. The amplitude ratios of the various scatterers
have changed, and e significent response exists outside the time

interval over which the seatterers extend.

Effects belonging to the eecond class of non linear phenomena
are related to the generation of harmonios when a narrowband time
funotion is applied to a clipper. When both the signal and the
reference are clipped, it can be expected that mutual correlation
will occur between the 3rd harmonics, between the 5th harmonics,
etc., Naturally, the 3rd harmonics are the most lmportant since they

have the largest amplitude (%J with respect to the 1st harmonic.
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When the signal and reference are processed as oontinuous time
functions, the effect of inter-harmonic correlation oan normelly be
circumvented without tov much difficulties. The situation becomes
rather complicated, however, when the clipper correlator operates
‘on sampled time funotions, Frequency repeatsd copies of the
harmonice will now be present over the entire spectrum, with
repetition distances of R Hz (R=ssmpling rate), and the problem of
possible interactiion between them should be studisd ocarefully.

As an example, we consider a DC correlator for the reception
of FM pulses (fig.18). The reference and its 3rd harmonic are
denoted by s, and s), respectively. An FM sweep Xy with 3rd
harmonic x), is present at the input. It is not yet in time
opposition with the reference. However, a repeated copy of 15, de-
noted by 13', will correlate with n), vhich results in a false out-
put peak on the range axis. Although the false peak will be bslow
f% of the main peak, it can still have a considerable magnitude.

Yy ',%3
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16= Interaction between 3rd harmoniocs.

A similar phenomenon can occur, for example, in a doppler
sensitive receiver for RM puleses, for instance of the type of fig.
13 . After frequency repetition due to sampling, the interaction

between x, and s, can result in & false doppler cutput from a

3 3
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channsl where nothing ought to be present.

By a proper choice of the sampling rate B, and of the signal
and reference frequencies, the unwanted rescponses oan be suppreased
to a reasonsble degree. It should be remarked, however, that one is
almost invariably foroced to increase R significantly over the
minimum rate Rnin w~ 2B, which is required by the bandpass sampling
theorer as applied to nen-olipped signals.

Self-normalization

We shall now negleot the typical nonlineerity of a clipper
and just regard its self-normalizing property. By this we mean that,
whatever its input mey be, the output power is always normelized to
1 volt?, |

Thus, the peak output of a clipper correlator never exceeds a
maximum power M, whioh is obtained when one signal, perfectly
mr.tched to the reference, is applied at the input.

Ae a simple example we consider N strongly overlapping, but
resolvable, signals x (t) of approximately equal power. The power
at the oclipper output vill be %-volt for eech of them. Consequantly,
the N correlation peaks at the receiver output will have a power of
% . The maximum output power is shared between the N correlation
peaks.

Suppose now, that we have at the olipper input a white noise
of bandwidth F. The number of "resolvable noise components" can be
shown to be FP, where T=duration of reference function. Hence, the
correlator's mean output power will now be#%. When the sggregate
of N signals appoaras, the output power rises to %(auauming the
input signel-to~noise ratio to be very high). Since dependable
deteotion is only possible when the signal output exceeds the noise
output by a given faotor, we conclude that clipping is only allowed
when FI') K. Otherwvise we end up in a situation where the signals
are perfeotly visibdle at the input, but have disappeared at the

output.

We shall coneider the prodlem of self-normalization in a little
more detail, and find out how the performance of a clipper
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correlator depends on the system's resolution, on the extent of the
target in delay and doppler, and on the type of intorference, noise
or reverberation. It will appear that olipping 13 ailowed when the
correlator's processing gain, . defined in a proper way, is
suffioiently gresat.

Sinoce we shall compare the performance of a clipper ocorrelator
and a linear one, we shall start by writing down the equations for
a linear system (Lit.5). Analytic signal netation is used. Contrary
to the previous sections, however, we shall abandon the greek
gymbols. The receiver's block diagram is shown in fig.19. Note that
the receiver is preceded by a bandpass filter of width F. Further,
the receiver is a doppler sensitive one, with a number of doppler

output channels.

B.BTF clippery

=
o P O B e B oy e

s §
lv—-b

AL&RQL

vy

norse ﬁan&uﬂd%k-?1

Aetevence =D
swmevay E :%A AF Ak

19- Linear or olippor corrslator with input bandpass filter.

The following assumptions are made:

concerning the pulee:
- bandwidth B, time duration ?.
- ambiguity funotion:
v(t,f) =| 9(2,2)[® , with (31)
¢(t,f) = %:[a(r)s*(r-t)oxp2nd £t ax } (32)
E= pulse energy = ¢(0,0)
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ooncerning the target:

- deley spresd L, arourd fixed delay t1,
doppler spread W around fixed doppler 11.

- statistiocally independent scattorers of uniform strength
over entire target area ¥L, closely spaced vith respect
to reselveble doppler and delay.

- power soattering coefficient odtdf for infinitesimal area
dt 4f

- target length L<< pulse duration T.

ooncerning the reverberation:

- doppler spread Q around doppler zero

- independent, olosely spaced soattierers of uniform strength
pdtdf over Q and T.

oconocarning the noisa:
- white noise, power density Ho
- bandwidth F (input bandpass filter)

Under these assumptions, the following equations are derived

for the signal powers at input and output of the linear processor.

input - echo power |[e(t) %= );%'—1'
reverb power |r(t) [®= %T- } (33)

noise power [n(t)|[*= L

The averaging relates to the ensemble of scatiterer structures,

defined adove.

output - echo power |u.(t,f)|'- di'jj;(twr,f-q)d(1;1)
WL

reverd powtrlur(t,f)l'- PE:JJ;(t-t'f-")d(T‘1) } (34)

noiee power [u (%,2)["= ¥ E
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u(t,f) is the output at time t in the doppler channel tuned to f.
The integrals in eqs 34 are over the extent of targset and
reverberation, respectively. They represent the volume of the
ambiguity function whioch is intercepted by the scattering object.
In simplified notation:

ffv( )dtdn = Itar ffv( Ytdn = Irev (35)
WL Qe

Let us now restrict our attention to those resoluiion cells which

are "on the target", i.e. to the cells within the region
£t WCeCE, +hwy 4 -1 LCtCt, +2L (36)
172 1+2 Y %72 1 %2

For these cells, Itar reaches a maximum value Itarmax, since the
ambiguity function's peak is on top of the target:

output - echo power Iual8 = oE*Itar max

reverb power |ur|' = pE'Irev } (37)

2

noise power Iunl = E No
For simplicity, we shall only consider the limiting cases of

noise - only, or reverberation - only. The output signel -to-

interference ratios will then be:

- echo power - ltarmax g
T reverb power I reov ]

{ (se)

i = echo power _ gE Itarmax
n noise power No

Actually, the receiver's performance can still be increased hy post
correlation integration over the target's extent. However, we shall
not oonsider this eince the improvement 1s the same for the linear
and clipped receivers.

Finally, we define a processing gein Q@ as
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G = 60ho power //(eohgpowor ) (39)
interfererce power/ output interference power/ input

The result is

Iter max QT
C. = =%T — * Trev (reverberation)

(40)

I tar mx
G, = wg_ ° PT (noise)
Fote that eq 39 is an unusual gain definition since i1t does not
only depend on the transmitted pulse, but also on the propsrties

of the target and the reverberation.

Let us now turn our attention to the clipper system. (See also
11t.6). Its meximum possible output power, with a normalized input
power of 1 volta, equalss

)T UV% s(t) . s(t) . dt:r = ET (41)

Again, we restriot ourselves to the pure reverberation limited and
the pure noise limited osse.

In both situations, the output power is found by dividing the
powers of egqe.37 by the input powers of eqe.33. (This involves an
approximation since, theoretically, we should divide by the power
of the individual input wave, rather than by the ensemble averegel

power). After some algebra, we find the results below:

Reverberation limited case

input "reverbs omnly"

n \1
output power: —7—
QT
I rev
input "signal + reverbds" a
H r (42)
output signal power: R
Q'T"TI rov 1+ =X
0r
output reverbs powsr: L 1&
QT/. : T -
I rev 1+ 3
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Noise limited osse

input "nolse only” .
output power: %i
input "signal+noise”
X 4 (43)
output signal power: i
by d
1+'6'B'
n
X 1
output noise power: 5= .
FT d
e ]
n

Eqe.42, 43 olearly indioate what happens in a clipper aystem.

Before the signal is present, the interferenos output power 1is
a faotor %%;; or FT, respectively, under the correlator's meximum
output K. When a signel occurm, the interference output is
reduced, and the signal ocutput will increase. The net effect is,
that at the output the signal peaks appear to be situated in an

interference valley. See fig.20.

I_rl
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20- Output time funotion from olipper syetem.

WVhen detection ia based on the signal exceeding a threshold
value which has been set for the intsrferencs-only situation, we
require the target peaks to exoeed this threshold by approximately
the same faotor as in a linear system. Egs.42, 43 indicate that
this is obtained when

d d
g=<<1, or gR (1, respeotively or, roughly, when (44)
T n
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the processing gain G is sufficiently great. Eqe.40 describe the
vay {n whioh G depends on the properiies of target, roverberation,

noise, and on the ¢ransaiseion.

¥.B. For randos modulation pulses, the detection will psometimes
be self clutter limited, rathor thas nolse or reverberation limited
This 1 due to $he partieuler skape of the ambiguity function
(thumb-tack type), vhich picks up @elf olutter from the target via
1te oclde 1lobes.

In this ceso, tho iapui pewer 1z normalised with tho geze
faster, either for the escho, er feor the self olutier. Thus, the
output signsl -te- self alutter ratio is the seme for a linear
and o olippor syotem.
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Discussion lecture Van Schooneveld.

]. Dr.

D. Nairn.

Q. - The requirement for sampling is that the repeated spectral

2. Dr.

bands do not overlap the original ones. What are the conse-
quences of this for the minimum sampling rate? How wide
must the holes between adjacent bands be for a realizable

restoration filter?

This depends on the filter's quality. Amplitude and phase
transfer must be uniform and linear, respectively, over the
pass band. Further, the skirts must be sufficiently steep

to keep the holes between adjacent bands and, consequently,
the minimum sampling rate, within reasonable limits. These
requirements are contradictory. The final trade-off will de-

pend on the amount of effort, spent on the filter's design.

It has been said that the minimum theoretical rate R = 2B
should be replaced, in practice, by rates in the order of

5B to 7B.

In reference 4 of the literature list ("a sampling theorem
for narrow band signals', Tijdschrift NERG, vol 32, No. I,
1967), the author describes a restoration experiment with a
signal of 270 Hz, centered around 5125 Hz. Hence, 2B = 540
samples/sec. Perfect signal restoration (correlation between
original and restored signal 0,99 or better) was obtained
using a rate of 760 samples/sec., i.e. R = 2,8.B, rather
than 2B. Hence, a rate of 5B to 7B is unnecessarily high

for many applications.

P.L. Stocklin.

Q.

- Sometimes, one does not want to restore the original signal.

In such a case, the sampling rate is increased to the region
of 5B to 7B in order to be able to observe the detailed

signal structure.
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A. - The author agrees. This is the required rate when no resto-
ration is done, at least for low-pass signals. In other
cases, however, one is forced to restore. One example is
the correlator of fig. 9, where an input signal for an
envelope detector must be generated. The interpolation
property of the restoration filter can then be exploited
to reduce the sampling rate to values in the order of

3B samples/sec.

R ]

Q. - A potential danger of sampling a narrow band signal is
the "blind phase'" problem, due to sampling synchronously

with the carrier frequency.

A. - This is true. It turns out, however, that these dangerous
rates are in the inadmissible intervals for the sampling
rate (fig. 5). As soon as one chooses a sampling rate
inside one of the admissible intervals, the danger of

synchronous sampling disappears automatically.

Prof. R. Griffiths.

Q. - Has non-uniform sampling been applied?

A. - No, because the technology of uniform sampling is easier,
and because the effective number of signal samples would

still remain the same.

LR

Q. - What happens when the reference of a correlator is clipped,

but the signal is not?

A. - Essentially, we now have the linear correlator system again.
The signal will only correlate with the 15t harmonic of the
reference. The problem of avoiding interaction between the
signal and the higher harmonics of the reference is simple,
compared with the case where both time functions are clipped,

since the number of repeated bands on the frequency axis of
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the multiplied time function (when clipping is combined with

sampling) is much lower.

6. R. Unger.
Q. - When the correlator's output peaks are in an interference

valley, due to the clipper's self normalization, it would
be possible to adapt the detection threshold to the varying

output level.

A. - Yes, this is certainly possible. In the present paper,
however, the author has restricted himself to constant thres-

holds, set for the interferenceonly situation.

Dr, E.J. Risness.

Q. - The author has discussed the problem of incoherent integra-
tion in the frequency domain. There is also the problem of
incoherent integration in the range dimension, and with cer-
tain signals there is an interaction between the two types

of integration. Would the author comment on this?

A. - For F.M. signals, the two types of integration are related,

due to the particular shape of the F.M. ambiguity function.

Q. - But with other signals, one can distinguish between incohe-
rent integration in range and doppler. It's easy to see how

the problem can be extended.

In retrospect, the author wishes to give the following

comment:

A. - There are two, theoretically different, ways of obtaining
incoherent integration in the frequency (doppler) domain:
| - widening of the integrator's passband by decreasing
the duration of coherent integratioan. This is the method
described in the paragraph on mixed integrators. It is equi-
valent to the use of a new reference function, which is the
sum of a number of the original reference functions, slight-
ly shifted in frequency.

2 - leaving the original channel bandwidth at its minumum
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value 6%), but combining a number of adjacent doppler channels
incoherently. after having removed the signal's phase infor-

mation.

In the same way, there exist two corresponding methods for
incoherent integration in the delay (range) domain:

] — The use of a new reference function, which consists of
the sum of a number of original references, slightly shifted
in range, followed by phase removal after correlation.

2 - The use of the original reference function, and incohe-
rent combination of the outputs from adjacent range bins
after phase removal. This is the normal form of post-correla-

tion—integration,

8. Dr. D. Nairn.

Q. - Is it desirable to add a few bits to a fully clipped system

in order to obtain a modest degree of linearization?

Yes. Actually, this is one of the few things one can do when
not satisfied with the behaviour of a clipped system. In
itself, 3 or 4 bits will already give a significant increase
in performance. However, a serious side problem will be to
keep the input signal voltages within the restricted aperture
window which corresponds to a low-bit quantization. Sudden
signal excursions will lead rapidly again to saturation

(clipping) of the receiver.



