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DECOMPOSITION OF SIGNAL ARRIVAL TIMES DUE TO MULTIPATH
CONDITIONS IN SHALLOW WATERS

SUMMARY

In the present report different methods for
signal decomposition of overlapping signals

are discussed. Nc¢ a priori knowledge of the
signal is assumed. The use of non-linear
filtering is found to be useful. The non-
linear filtering process cepstrum is used.

A theoretical treatment for different signal
conditions (i e one echo, two echoes, m-echoes,
noise) is given. The cepstrum method is applied
to signal data from a research cruise and the
results are discussed

INTRODUCTION

An acoustic intercept receiver uses the signals (noise,
piné etc) from the target to estimate the target movements.
Thus only passive estimation methods are used. The multi-
pafh structure is a possible estimator effect which may

give an independent distance indication.

Multipath effects are generated when the acoustic signals
are reflected from the air-water or sea-bed-water inter-
face or when the velocity gradients changes sign. Since
there may be a considerable difference in path lengths, a
single sharp pulse subjected to this type of phenomena

would be received as a series of pulses.

In shallow water the difference in time between the
different pathlengths will be small. The received signal
will therefore normally be composite signal with over-
lapping echoes. The problem is then to extract the diffe-

rent arrival times from this composite signal.

THE MULTIPATH PROBLEM

Some basic properties of the linear multipath problem {1}

The transmission times for well defined multipath patterns

are used to calculate the distance between the source and



the receiver. It is assumed that the speed of sound is
constant with depth, that is, there is a isovelocity
profile. Only the configuration with the source located

at the surface and the receiver located at a depth d will be
considered (fig 2.1). This is an oversimplification of

the physical problem and real velocity profiles will be

considered later.

For the direct ray, the distance travelled between source
and receiver :

x, = (£2 +a%)* (2:141)
Also for the ray reflected once from the bottom.

The result is obtained by taking the mirror image of
Figure 2.1 about the bottom as an axis and observing

the triangle with height z + (z-d) and base r. This

gives

5
. = (5% & ©F = @) 9 (2.1.2)

1
By using the approach described above we have for the
ray reflected twice from the bottom
2 2, %
Xy = (r®™ + (4z - 4)7) (2.1:3)
and generally for rays reflected at the target from the
bottom (i e the last reflection is from the bottom) :
0 3

x_ = (2 & (fael) =z —d) %) (2.1.4)

for n=1, 3, 5 ...

where n is the total number of reflections from surface

and bottom,

Now for the ray reflected at the target from the surface

(i e the last reflection is from the surface) :

%

x, = (x? + (2z + @)% (2.1.5)
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and
2 2 %
X, = (r™ + (4z + 4)°7) (2:146)
so that
2 2 %
x, = (r™ + (nz + 4)7) (2.1.7)

where n is the total number of reflections from surface

and bottom.

The transmission time differences for this linear velocity

case is
ﬂTzé.}_(
c

where Ax is the difference in path length and c is the
velocity of sound assumed to be constant. From (2.1.4)
and (2.1.7) we get :

Ax = xm o xn
5 5
= (% +((m+l) z-d) %) - (r2+(nz+d)d)
5 5

= (r2 + Az) - (r2+32)
where

_ 2
A =((+1) 2-4)
B = (nz + d)2
or

% 5

(Ax) % = 2r2+ (a%+82)-2(r%422) " (22489



or

5 Y
ré + x(a2 +B -L& w5l i (r2+A2) (r2+82)

r2+c2 (r +A ) (x +B

where
? = yaZ8%- (ax) ?)
or
(T +c2) = (r +A )(r +B )

r4+2r2C2+C4 = r4+r2(A2+Bz)+A232

r?@a%p%-2c%) = *-a%p?
or
L2 _ & - a%8?
a2ig?-2¢?
or
4 2.2 2 2 E
r = +((c*-a%%)/ (a%B2%-20%)) (2.1.8)

Now A, B and C constains the depth z, which we know, the
depth d of the receiver which is known and the time diffe-
rence AT between different transmission paths which we
assume can be measured. Thus we can find the distance r

tc the target.

This is of course an idealised situation. The velocity
profile is not constant and so the siméle'geometrical model
given here is not valid. Some quite useful conclusions can,
however, be drawn. If in (2.1.8) we substitute the ex-
pressions for A, B and C, the order of magnitude of AT

for different r, d, n and z can be calculated. Fig 2.2
shows this for d = 200 m, 2z = 400 m and n = 0, 1, 2. It

is seen that as the distance to the target increases the
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time difference will decrease in a hypobolic way. Thus

a finer resolution for a composite signal from a great
distance than from a small one is needed and hence adding

to the problem since the signal to noise ratios will decrease

with distance.

The multipath effect in inhomogeneous media

A variation of the sound velocity in water will cause

bending of the signal path. Fig 2.3,

Let a ray at bearing angle ¢o link the target to the re-
ceiver in an ocean with an index of refraction n(h). It
is straight forward to determine in an elementary way the
coordinates (h,R) of the ray. {34}, {35}. We obtain :

h
RT = cos ¢O J nz(nz—cosz¢o) 3 dh . (2.2.1)

0
The travel time tD along a ray determined by the bearing
line ¢0 is

h

t, = -%-; ,; nz(nz-coschD)'”li dh (2.2.2)

where S, is the average velocity at ‘the receiver.

A computation of the direct ray transmission time will
give us an estimation of the distance to the target ship.
We see, however, that the computaticonal methods will get

fairly involved for complex velocity profiles.

The scattering of sound waves at the sea surface has been
the subject of considerable studies. To date, a consistent
theory that explains the various phenomena observed is
lacking. The scattering effect will distort the reflected
signals in some way. This creates a problem since one

no longer have echoes which are replicas of the original
signal at the receiver, but echoes distorted to some

extent in an unpredictable way.
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Figure 2.3 The bending of the signal
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ARRIVAL TIMES EXTRACTION METHODS

Background

The problem can be formulated in the following way.

Given a signal which is a finite summation of basic
wavelets' immersed in a noisy environment with stochastic
parameters, estimate the arrival-times (or epochs). This
report presents an approach and solution to this problem
with certain limitations. The general problem of the de-
composition of composite stochastic processes is not solved,
nor is the one where the overlapping wavelets are of diffe-
rent form. In this report it is, as stated above, assumed
that the wavelets may be multiple, but must be identical in

waveshape, although this waveshape is unknown.

Decision theory

In {2} an algorithm is discussed which decomposes a noisy
composite signal of identical, but unknown multiple wave-
let, overlapping in time. The decomposition determines

the number of wavelets present, their epochs, amplitudes and

an estimate of the basic wavelet shape.

The algorithm is an adaptive decomposition filter which

is a combination of three separate filters. One is an
adaptive cross—correlation filter which resolves the
composite signal from noise by an iteration procedure.
This is followed by a wavelet extraction filter which
ferrets out the basic wavelet form, and last there appears
an inverse filter which achieves decomposition of the

composite signal in the time domain.

Decision theory can be applied when noise is present to
estimate the arrival times. This is a straightforward
approach if the signal waveshape is known {3}. In practice,

however, this requirement will make this method unsuitable.

A block diagram of the overall adaptive decomposition
filter is given in fig 3.1 and fig 3.2 gives a flow-chart

of the algorithm used. Some of the different terms used
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| Read in or form noisy composite signal |

\:
—3] Cross-correlate data record with correlation averaqe|

&

LFind time lag for maximum cross-correlation |

| Shift data record for syncronizatioﬁj

| Obtain correlation averagej

No

onvergences
YEE {(Correlation average)

4

| Fourier transform correlation average |

|Compute complex logaritﬂa1

|Inverse transform complex loél

rﬁrewhiten complex ceps:rum]

LTransform prewhitened cerstrum |

T
| Compute exponentionz. |

[Inverse transform | (Basic Wavelet estimate)

- | Transform basic wavelet estimatel

I Specify output pulsg]

ITransform output pulse

[Form complex ratio = Transfi:zw function]

¢

| Inverse transform

b

"“**‘““%{Eanolve impulse response with carrelation-averaqe[

[

L]

Impulse response]

Figure 3.2 Algorithm flow-chart
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is defined in section 3.6 below or ref {2}.

The implementation of this algorithm on a computer will
necessarily be a fairly big system and calculation time

will be fairly long (> 5 secs).

One weakness with {2} is that only simulated data are
used. It is of some interest to note that most of the
papers available on signal decomposition problems deals

with simulated data.

Correlation

The use of auto - or cross—correlation methods are well

known and will not be elaborated in this report,

The use of correlation techniques are discussed in {291},

{30} and the results are summarized below.

The auto-correlation of the received signal may be
obtained through an inverse FFT of the power spectrum.
The delay time 1T, obtained from the time difference
between the two highest peaks, is associated with the
relative positions of target and receiver. For a non-
periodic signal, the resolution of the peaks is possible
when the delay time T is at least greater than the corre-
lation time of the signal. The correlation length has an

inverse relationship tc the bandwidth of the signal.

In some situations such as long range or shallow water the
correlation time is greater than the delay time and the

autocorrelation will lack the resolvability needed.

With a sinusoidal present the auto-correlation does not
die out, as T increases. This causes a failure of the
straight auto-correlation scheme when the auto-corre-
lation of the interfering sinuscid can smear over the

wideband contribution of the echo. It is however possible



to filter out these sinusoids by smoothing the peaks

to a local level in the power spectrum before computing
the auto-correlation function. The use of the cepstrum
is found to exercise much greater discrimination against
unfiltered sinusoids than autocorrelation, but it shows a
greater sensitivity to differences in distortion between
the paths of the channel.

For a sinusoidal signal (as used in the experiments in
this report) the auto-correlation technique is thus unsuit-

able.

The use of cross-correlation is not applicable since no

a priori knowledge of the signal is assumed.

Inverse filtering

In the application of inverse filtering, the signal is
transformed by a linear time-invarizant system, whose
Fourier transform is the reciprocal of the transform

of the signal components to be removed. In {3} it is
pointed out that this method has a serious limitation.
The signal must be known and the signal—-to-noise ratio
(SNR) must be qguite large. Investigations that attempted
to employ a Wiener filter to improva the estimates of
decomposition proved to be of littie value {4}. For
high SNR this filter is unnecessary, for low-input SNR
the sytem acts like a matched filter that is unsuitable
for decomposition unless one wishes to decompose signals
where time of occurence between signals is approximately
twice the length of the signal duration. (One may note
here that a matched filter is not suited to general

signal resolution of overlapping sicgnals).

In {5} it is stated that it is difficult to achieve
composite signal decomposition via inverse filtering in
the presence of noise. Arbitrarily large SNR and good
resolution cannot be simultaneously achieved at the out-

put of an inverse filter because of conflicting require-
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ments. If the output pulse is made narrow to achieve
good resolution, then this, in term, means that the
filter bandwidth is large, which, in term, implies that
the output noise level is increased. A compromise must
be made which selects a pulsewidth to achieve decomposi-

tion in the presence of noise.

In {6}, {7} and {8} some further points of inverse
filtering is discussed and in {9} the use of inverse

filtering is used in speech analysis.
Since this method assumes a knowledge of the signal
shape it is unsuitable as decomposition methed for

unknown wavelets.

Nonlinear Filtering

There has been an increased interest in nonlinear
filtering over recent years. The literature on nonlinear
filtering tends to fall into two areas {10}. In the
first area, nonlinear filters are derived mathematically
from various optimum or suboptimum solutions of nonlinear
estimation problems. The other area involves a deter-
ministic approach and is typified by the class of homo-

morphic filters examined by {11}.

The class of homomorphic filters considered by {10} are
characterized by having the property that if Sl(T) and

'SZ(T) are two signals combined by some rule denoted by

o, then the filter has the property :

¢ (s (£) © sz(t)) =¢ (s, (£)) 6¢(52(t)) (3.5.1)
where ¢ represents the filter transformation.

This is synonomous with the additive property for the
special case of linear systems where o corresponds to

addition. The generalization of the homogeneous pro-

perty is stated as
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¢(c : s(t)) = c : ¢(s(t)) {3.5.2)

where ¢ is a scalar and the colon denotes the product
of the input with the scalar.

A filter which satisfies both (3.5.1) and (3.5.2) is called a

homomorphic filter. A homomorphic filter can be realized

by a number of systems in cascade as shown in figure 3.3.

The first system A, has the property that

Ao(sl(t) o) SZ(t)) = Ao(sl(t))+Ao(sz(t)) (3.5.3)

and

Ao(c : s(#)) =g : Ao(s(t)) (3.5.4)
=]

The system L is a linear filter and AO is the inverse

of Ao’ ie
Ao_l{AO(S(t))} = s(t) (3.5.5)

The application of this principle for convolved signals
usually involves a process called cepstrum analysis and
has been elaborated below. The cepstrum analysis method
will be used in our analysis of composite signal decom-

pesition.

Other applications of nonlinear filtering can be found
in {10}, {12}, {13}, {14} and {15}. '

Cepstrum Technique

Background

There are several different definitions of the Cepstrum

method. We use the following definition :

Definition : The power cepstrum of a function is the
power spectrum of the logarithm of the

power spectrum of that function.
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The cepstrum technique has become fairly popular as a
method to decompose composite signals. The technigue
was introduced by {19} and it found a wide use in speech
synthesis {20}, {21} , {22}, {23} and {24}. For other
applications the use of the cepstrum was also popular
{3}, {18}, {17}, {16}, {29} and {301}.

The single echo case

(By echo we mean a signal which due to the multipath
effect travel a different way than the first signal

arrival) .

To explain the power cepstrum analysis a simple example
will be considered. We have the original signal s(t) and

one echo. It follows
x(t) = s(t) + aos(t—to) (Bubw2)

where x(t) is the composite signal
s(t) is the original signal
ao is the echo amplitude
tO is the time difference with respect to

the original signal

The power spectrum can then be written

G (w) =G (0) (L+ aoz + 2 a_ cosw t) (3:6:22)

X(jw) = J x(t) e-jwt dt

= f (s(t) + aos(t -to)) e-jwt dt

= S(jw) (l¥ag TIwt ) 3 6203



and
G (w) = lim glx(jw)lz
X T
T
= lim % S(jw) 2| 1+a e IWty
T—>co o
LS 2
= Gs(w) (1+aO + 2a cos wto) (3.6.2.4)

Using the definition of the power cepstrum we get :

2
1n (Gs(w) (l+aO + 2aocosw to))

1n Gx(w)

2
1n (Gs(w)) + 1n (l+aO +2aO cosw to) [Bw6u2:5)

(3.6.2.5) shows that 1n Gx(w) has a cosine like ripple,
with period and amplitude connected with the echo para-
meters a, and to. This ripple is difficult to directly
detect in the log power spectrum and we are forced to use
traditionally methods in detecting a periodic function in
noise. We can therefore apply the power spectrum analysis

again and we have what is known as the power cepstrum.

The second part of (3.6.2.5) can now be expanded in a suit-

able converging infinite serie.
This leads to some interesting properties. We have that :

ln (1+x) = x - §~ + %— cee |x|s2 (3.6.2.6)

This will limit the amplitude Ay (the echo amplitude), and

also t0 the echo epoch. Stringent mathematical form will give :
- 0.41 < a. 3 0.41. (for ag <1) (3.6.2.7)
a > 2.4 (for a >1)
o o

In practice these limits will be disregarded as cosmtO

seldom is 1, thus a_ can vary between greater limits.



These constraints are given in {3} and {25}. In {16} it
is pointed out that these conditions preclude the

cepstrum of the application for many interesting pro-
blems. Such is the case when the index of refraction
changes abruptly at the boundary or the reflecting layer
is nondissipertive. For operations near a calm ocean
surface, the reflection coefficient is close to =1,

and a_ falls outside the region la,| <0.41. Then for prac-
tical frequency £ = n / tyr n = 0, + 1, «.. , the cepstrum
is supposed to fail. The same conclusion follows when

the source is moving out of the shadow region into the
illuminated region. The value of ag falls outside the
region 2.4 <|a_[<». Further one can note that |a]|>0.41 is
highly desireable for facilitating the extraction of time

delay in a very noisy environment such as the ocean.

Since in many instances the bounds set on aO are not obeyed,
it seems worthwhile to point out that these bounds appear
unnecessarily stringent. The power spectrum is given in
(34820 2]«

_ 2
Gx(w) = Gs(u;)(l+aO + 2aocoswto)

If we factorize (3.6.2.2) by taking the factor (l+a02)

and then take the log of (3.6.2.2) we have

1n Gx(m) = 1n¢1+a02)Gs(w))+ In(l+o cosw to) (3.6.2.8)

2
where o = %
e ZaO/(l a, )
o has a maximum and a minimum at + 1 for 0<[a0[§W. Then
0 cosw tO prevents us from expanding 1ln (1+ acos wto) in
an infinite series only for the point values a = + 1 and

cos wt = + 1.
0 —

Otherwise we have : .

k+1

In(l+a cos wt ) = I (-1)“"'(a cos wto)k/k (3.6.2.9)
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Expressing the (cos wko)k terms in terms of cos k wt
and taking the Fourier transform of (3.6.2.9), we find
that the cepstrum would display a dominant peak at the
delay time to regardless of the size of a,- Thus the
constraints given initially depends except for a = + 1,
cos mto = + 1, only on the mathematical method and not
on the physics of the problem.

From (3.6.2.3) and (3.6.2.6) we get :

in Gx(w) = 1n Gs(w) + 1In (1l+x) (36 210
; 2
where X = a + 2a_ cos wt
o o) o
so that
X2 X3
1n Gx(m) = 1n Gs(m) F R - 5 + 3 e

In Gs(w) + ao(ao+2 cos wto)

2 2 2
X a_ (ao + 4aocos wto + 4 cos wtOJ

3 3 2 2

+ 1/3 - (aO +6aO cos wt0+12aocos wto

+ 8 cos3wto) e N (3.6.2.11)
or

i 43

1n GX(w) = 1n Gs(m) + ag + a, cosmto

+ a 1x coszwt + a TV costt+... (3.6.2:.12)

o o o)
where
. o N W 4

& T g (1 2% * 3% )
a 112 2a (l-a 2 +a 4)
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a M1 _ _5n 23222 4
(@] (@] [e]
iv _ 3

a0 = 8/3 aD

The power cepstrum is then deduced from :

oo . i 2
4 ii
+ + a
_i (1n Gs(w) a, o cosw t0

i

Y(1)

+ a 11l cos2 wt  + alv cos3 wto + ...) e“jwt dt (3.6.2.13

AS(t) + B(S(t—to) + 5(t+to))

+C(%6(t+2to)+6(t)+%5(t—2to)) + ... (3.6.2.14)
S sl &
- P - 3 x
Time

Figure 3.4 The power cepstrum of a signal with one
identical echo at time t . The amplitude
variation is not considefFed. Other delta
functions will be present at the extremes
of the time base




3.6:3

_24_

where A = 27 (1ln Gs(w)+aol)
ii
B = wao
C = g Tii
o
8§(t) = Dirac delta function

We therefore notice from the power cepstrum (3.6.2.14)
that we have delta functions at guefrency to (an anagram
of the word frequency, see {19}) and multiple t,- The
amplitude depends on both the echo amplitude a, and the

epoch to.

When the echo amplitude a, >1 we must write

2
1n Gs(w) 1n Gs{w)+ln(l+aO +2aocoswto)

' 2 2
1n GS(w)+ln(aO (l+l/aO +2/aD cos mto))

2 2
ln(ao Gs(w))+ln(l+l/aO +2/ab cos wto) (3.6.2.15)

It is now possible to use the same mathematical technique
as above with the mathematical constraints 2.4 < B, 5
The remarks above with respect to |a_ | value is still
valid, and we see that we obtain delta functions at the

echo~-epoch tO and multiple to in this new power-cepstrum.

The two echo case

In a multipath situvation in shallow water several echoes
will exist. If we start to extend our mathematical ana-
lysis in the multiple echo case by first considering two

echoes, we have :

% (t) = s(t)+aos(t—to)+als(t-tl) ' {36 :3:1)



where

x(t) is the composite signal
s(t) is the original signal

a 1is the amplitude of the first echo

o

to is the delay time of the first echo
ay is the amplitude of the second echo
t is the delay time of the second echo

and hence

X(jw) = S(w) (l+aO exp(-jwto) + a; exp(-jwtl}) {(3:6:3:2)

and the power spectrum :

7

Lim 2 | X (3u)]

G, (w)

T->co

]

2
Gs(w)((l+aocosmto+a coswtl)

1

p \ 2
+ (aO sin wto - a, sin mtl) )

]

2 2
Gs(w) (l+aO +al +2aocos wto

+ 2a,coswt,+2a a

1 1 o1 cosw(to-tl)) (3634 3)

or taking the logarithm and expanding in power series :

2 3
_ _ X X BT
In G (w) = 1In G_(w) + x 5 3 e x| <1 (3.6.3.4)
where x = a 2+a 2+2a cos pt +2a.coswt
o 1 o S Wty 1 1
+ 2aoal cCOoSw (t—to}



After some

1In Gx(w)

where

4
ao/2
2. - 2
2a, = 2

-2a_a
o
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manipulation we get :

1n Gsiw)

A + B cos wto + C cos wt

1

D cos m(tl-to) + E cos m(tl+t0)

F cos 2 wto + G cos 2 wtl

H cos 2 plt

J cos w(2t

a 3 _ 4a a

i

1"t,) + I cos w(t -2t )

= + L
to)

(3.6.3.5)
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The power cepstrum can then be deduced from :

-— 0

Z(w) = [ (1n Gs(w) + A + B cos wto + C cos ot

-0

1

+ D cos w(t —t0)+E cos w(tl+to}

1

+ F cos 2wt0 + G cos 2 wtl +

H cos 2w (tl—to)+I cos w(tl—zto)

+J cos w(2t,~t )+ ... ) o Wt 44 (346346

1

= ad(t) + b{G(t—tO)+6(t+toJ}

F c(G(t—tl)+5(t+tl)) +d(6(t-tl+to)
+5(t+tl—t0)) toe(8(t-t -t ) +
6(t+t1+t0)} + f(é(t-2to)+6(t+2to))
+g(5(t—2tl)+5(t+2tl))+h(6(t-2tl+2to)
+6(t+2tl-2toj)+i(6(t—tl+2to)+6(t+tl-2t0))
+j(6(t*2t1+t0)+6(tf2tl-t0))+... | (346:347)
where
a = 2n(ln Gs(m)+A)
= 7B
= 7C

® -
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There are several quite distinctive features in this

expression.

(a) We get delta functions at both ty and ty

(b) We also get delta functions at many symmetrical axis
about tO and t

1

(c) The amplitudes of the delta function speaks are
dependent upon both reflection coefficients ag and
a; and both the time difference between the two
echoes ty and ty and between the original signal
and the first echo.

If the amplitude (s) [ao|, |al[>1 we must use the appropriate

procedure discussed above, and factorize out a, and/or ay
from the expression.

The general m-echo case

As noticed above the multipath case will consist of

several echoes dependent upon the velocity profile of
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sound in water. For a general expression for m echoes

(m= 0, 1, ... n) with arrival times to e

amplitudes a_ ... a_ ([aﬁ[<l) we have :

x(t) = s(t) + a, s(t—to)+al

+ ... +a s(t-t )
n n

Therefore

-Jmto+a ot

1 1

X(jw) = S(w) (l+ao e

+a e"jwtz + ... + a -jwtn)
ne

2

k=n
=S(w) (1+ I a
k=0

-jut
K e k)

or

k=n
G (w) = Gs(w} {1+ a

cos wtk)2
k=0

k

k=n
+( £ a

2
sin wt, ¥}
k=0 k k

k=n
= G (w) (1+2 I a
3 k=0

E cos wtk

k=n i=n
+ I a,a, cos wi(t, -t.))
k=0 i=0 * % kol

and hence

k=n
in Gx(w) = 1ln Gs(m)+ln (1+2 % a, cos wt

k=0 k

k=n i=n
+ I I a a; cos w(tkwti))

k=0 =g ¥ -

= 1n Gs{m) + 5 = x2/2 + x3/3 = e

s(t~tl)+a2(t—t2)

and

(3.6.4.1)

(3.6.4.2)

(3.6.4.3)

(3.6.4.4)
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where

k=n k=n i=n

x =2 ¥ a, cos wt, + I I a,a,
k=0 ¥ K isOd=p *12

cos w(tk-ti)

Inserting for x and carrying out some manipulation gives

(neglecting the x3 term)

k=n
1n Gx{w) = 1ln Gs(w) + 2 E a, cos wt
k=0
k=n i=n
= Z L a,a, cos w(t, +t.)
k=0 i=0 * 1 kol

,k=n i=n j=n l=n
z z )} )} a,a.a
k=0 i=0 j=0 1=0

e

+cosw (tk— ti-tj +tl) )

k=n i=n j=n
) z ¥ a,a.,a.(cos
k=0 i=0 j=0 * 1J

+ cos w(tk—ti+tj)) o R

and hence we can deduce the power

+0o0 k=n
Y(t) =/ {1lnG (w) + 2 2 a, cos
—co S k=0
k=n i=n
- I I a,a, cosw(t, +t.)
k=0 im0 ki k i
=n i=n j=n
- I 43 r a

=0 i=0 j§=0 = *

+cosw(tk-ti+tj))

k~i™)

.al

w(

cepstrum from

wt

(cosw(tk-ti+tj—tl)

t

k

a.aj(cos m(tk+ti~tj}

{3:6:4:5)
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lk=n i=n j=n l=n
-7 p) Z ) I a a.a.a

(cosw(t, -t . +t.-t.)
k=0 i=0 j=0 1=0 = + I 1 LI A

o ~Jot
+ cos w{tk ty tj+tl)? + oo } e dt (3.6.4:6)
k=n
= Ad(t) + ZHRE ak(ﬁ(t+tk)+6(t—tk))
=0
k=n i=n
- I a a, [(S(trt #E.1¥8 (¢, -t.))
k=0 120 ki k 7i k 71
k=n i=n j=n

-mT I z ) a

a.a, (§(t+t
k=0 i=0 j J

A +ti—tj)

k

-4 = +8 (t+t, ~t.+t.)+8 (t-t. +t.~t.
+ §(t tk ti+tj) ( s 3) ( ey J))

k=n i=n j=n l=n
z X z L a,a.a.a, (8(t+t
i J1

s SN s e o)
k=0 i=0 j=0 1=0 ¥ R

2
& k

+8(t -t +t, -t. +t i,
( X i 5 1) 8 (e, —ty £ytty)

+

§(t-t +ti+tj—tl))+ — where A is a constant. (3+6.4.7)

k

From this we can conclude that the number of delta
functions quickly increases to infinity (for all practical
purpcses) for increasing m. (m=0, 1,...,n). This implies
that for good multipath conditions (i e m Z 10) we will not
only have to identify the correct delta function corre-
sponding to the different arrival times to’ tl’ t2 N

tm' but also the delta functions which exist with some
symmetry axis about to’ o

l L
a difficult procedure. One could write a computer

tn° This is clearly
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program to test all the different delta functions for
all possible symmetry axis starting with to’ but since
so many symmetry axis exist this is felt to be guite a
task, and beyond the scope for our investigation. 1In
{3} it is stated that such a program for many arrivals
would be almost impossible to construct. This is a view

which this investigation completely shares.

The presence of noise

So far no noise considerations have been made. If we
assume the simple case of additive noise n(t) we have

for the single echo case :

x(t) = s(t) + aO s(t—to) + n(t) (3.6.5.1)
or
X(jw) = S(w) (1+a e'j“t°> + N(w) (3.6.5.2)

Since S(w) and N(w) usually are complex quantities we

have :
1Xx(3w) e = |s(u)| ejes (1+a0e_jwt°)+[mw3|ej6
(3+6:5.3)
Substituting A = |S(w)| and B = |N(w)| gives
In( |X(Gw) | ejex) = ln(IAejes(l+ao e-tho )
i

+Be M) (3.6.5.4)
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After some manipulation this gives

jB 2

In(|x(@w | e *) = 1na+ % 1n (1+a ? + (&)

I

B
+ 2ao cos (wto)+2(g)cos(88-8n)

B — -
+ 2ao(i} cos (BS ﬁn wto})

; ; B, ..
‘ -1 Sin Gs+a051n(es wto)+(A)aln ¢
+ 3 tan {

5 I (3:6:5.5)
coses+aocos(esﬁwto)+(ﬁ)cos ﬁn

Now calculating the power cepstrum from the real part of
(3.6.5.5) gives =

jex 2. B 2
Re (In(|X (w)]e ) = 1n A+%ln((l+aO +(£) +2aocos(wt0)

+2{§)cos(ﬁs-8n)+2ao(B

K)cos(ﬁs-ﬁn-wto))

(3+6:5.5)

Expanding (3.6.5.6) in terms of infinite series gives

8
Re(1n(|X(w)|e *))= 1na+ ¢ + 4 coswt +e cos (-9 )

+f cos(es-en—wto)+g cos(e;6n+mto)
" o pE
+h cos(2wt03+1 cos(0\es 6n))
+j cos (2(85—8n-wt0;)+k cos(es-en—2mt0)

+1 cos (268—26n—wt0) g (3:6.5.7)
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and hence
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2 2
-4a_“(8/n) %)

' 2
a —a ~ 2aO (B/A)

—a02(B/A)

2
-aO(B/A)

we can deduce the power cepstrum from :

Y(t) = J (lnA+c+d cos wt0+e cos(Bs-Bn)

- oo

+f cos (es“6n~wto)+g cos(es-8n+wto)

+h cos(2wto)+i cos(2(es“9nJ)

: B e e
+3 cos(2(€S Gn uto))+k cos (GS o 2wto)

-jout

+1 cos(2@s~26n~wto)+...)e dt

(3 :6+5:8)

From this one can conclude that noise will affect both

magnitude and phase.
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When the magnitude of the noise is small with respect to the
magnitude of the wavelet (B<<A) and the amplitude of the
echo (ao} is less than unity, the real part of (3.6.5.5)
reduces to the expression for the noise free case, as expected,
that is

a 2

8 _ _ O 2
Re (1ln [X(w)]| e ) ln A + a cosut_~ —— cos wt_+...
which should be compared with (3.6.2.12).

When the magnitude of the noise is not much less than
that of the wavelet (again assuming a0<l) the other terms
is (3.6.5.5) cannot be ignored, the resulting equation

is rearranging (3.6.5.6) :

Re[ln]X(w)]ejeX) = % 1n(2AB cos(8_-6 ))

2
a_ A
B (o) A 1
5 In (5155~ * 38) So5(8 =6 )
S 'n
a A a cos(8 -8 _-ut
o) 1 , O S n o

* B coswto cos (8 _~€ ) N cos(8 -6 ) )

S I s n

(3.6.5.9)

When the power cepstrum is computed from (3.6.5.9) (or
(3.6.5.6)), particular attention must be given to the terms
containing the quantities ag and tO since these parameters
yield the desired echo information. IZ (3.6.5.9) is com-
pared with (3.6.2.5) (noticing that the former is the real
part of the log voltage spectrum while the latter is the
log power spectrum), we see that the cmsuto term in the

absence of noise is multiplied by the term

1
cos(6 -9 )
S n

when noise is present.

From (3.6.5.8) it can further be concluded that we get

delta functions at the desired epochs {to} plus the usual
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multiple to delta functions, but this time the multiple
delta functions are modified with the noise angle. Thus
making it impossible to sort out the true delta functions
representing the epochs from the delta functions represen-
ting the different symmetry-axis - since generally the noise

angle is not known.

Conclusiocn

The use of the cepstrum technique will give us delta
functions at the different arrival times. 1In addition
we will get delta functions at symmetry axis about the
different epochs. These delta functions will be modified
in the presence of noise. Our problem will then mainly
consist of selecting and identifying the correct delta

functions.

DATA COLLECTION

The area selected for the experiment is 15 nautical miles
south of Arendal. This location has a fairly flat bottom
profile with a water depth of 4 - 500 m.

Signals from a 7900 Hz source at a depth of 6.5 m were
received and recorded. Figure 4.1 indicates the general
geometrical principle. The receiver depth was approximately
60 m. Several recordings were made with distances between
receiver and transmitter ranging from 1200 to 20 000 m. The

pulse length was 60 mseconds.

Figure 4.2 is a block-diagram of the transmitting equipment.
The power delivered to the transducer are 600 watt. The
transducer efficiency is 60 $. Directivity ( 3 dB points)
is 50° and 15° in the vertical respectivély the horizontal

plane.
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Signal to noise ratio is about 20 dB at 10 000 m increasing
to 48 dB at 1000 m. Silent ship conditions were established
during the trials. Fig 4.3 is a block diagram of the re-
ceiving equipment and fig 4.4 indicates the recording system

used.

Fig 4.5 shows the signal and noise structure and fig 4.6

gives a typical example of the signal received.

The hydrophcne lobes indicated in fig 4.4 are formed by delay
lines and a vertical array with four equally spaced hydro-
phones. We notice from fig 4.7 that the signal amplitude and
phase depends on the lobe used.

A detailed description of the equipment and methods used

during the trials can be found in {31}.

CALCULATION OF PROPAGATION PATHS

Sound velocity profiles

In section 2.1 and 2.2 some comments are given with reference
to the propagation paths in shallow water. Fig 5.1 shows a
typical sound velocity profile from research-cruise in March
1974. This type of velocity profile will lead to a surface
channel effect. An assumption of isovelocity profile is
clearly not valid and a computational method must be used
which takes the sound velocity profile into account. Fig 5.2
shows a typical sound velocity profile from the research-
cruise in November 1974. We can notice that the surface
variation of sound velocity is quite different in the two

cases shown. This will lead to different types of ray paths.

Calculations of ray paths

A method for calculating ray-paths has been developed at the
NDRE. The procedure used is described in {26}. 1In {26} the

ray theory for sound propagation in the sea is reviewed.
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The theory is used in connection with an acoustic model
of the ocean, the parameters of which are approximated by
mathematical expressions. On this basis formulas for

ray path coordinates, propagation time and intensity are
developed. It should be stressed, however, that the

computation is carried out on the following assumptions

(1) The ray theory must be valid, i e the depth of the sea
must be at least ten times the wave length of sound.
(In the present case the depth is approximately 450 m
and the frequency used is 8 kHz thus obeying the stated
requirement)

(ii) The effect of reverberation is not taken into account

(iii) The amount of energy which have propagated along the

various ray paths are added at the end of the travel

Fig 5.3 shows the computed ray paths for a sound velocity
profile of the type given in fig 5.1 and a bottom profile
as indicated in fig 5.3. A strong channel effect can be

noticed.

The transmission times obtained from the different trans-
mission paths are tabulated and used for reference with

the data obtained using the cepstrum technique (see section
6)»

In fig 5.4 a flow-chart indicates the ray-tracing compu-

tation steps.
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RESULTS

Implementation of the Cepstrum Method

The cepstrum method discussed above was implemented on a
Nord-1 computer. A flow chart of the computer program is
given in figure 6.1. There exist different types of imple-
mentations of the cepstrum method. The one chosen here is
selected after trying out several of the in the literature
suggested methods (see section 3.6). Our method differs
slightly from the suggested ones since a second window
function is used in order to reduce leakage after the second
FFT. The use of the second window-function gives only
marginally better results than without the window. There

is no indication however that it gives poorer results, so
the second window function is used throughout this analysis.
The references {27 } and {28 } discuss the problems with
leakage, aliasing etc in more detail. The computer program
is written in FORTRAN IV and can be run on a computer with

32 k fast memory.

Results from simulated data

In order to test the computer program simulated data were
used. Fig 6.2 shows a composite signal consisting of the
original signal plus two echoes of identical shape, but
smaller amplitudes (dotted lines). The method employed is
seen to be very good with this simple signal. Different
time delays between the signal and the echoes (i e different
epochs) were used and echo resolution down to 2-3 parts pr
1000 units were possible. (For real data analysed below
msec is the scale used). We notice the delta functions

due to other symmetry axis as discussed above, but these are

not dominant in this case.

A sinusoidal signal with two echoes is shown in figure BiiBw
One may note that the echo resolution is very good and there
can be no difficulties in identifying the two delta-functions
due to the echoes. Also seen are delta functions due to
several symmetry-axis. On either side of the delta function

representing the start of the signalPCP at time t, symmetry
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lat t &gl and P2 at t + At2

where At. is the time difference between the first arrival

can be seen. The peaks are P

1
and the first echo, &tz is the time difference between the
first arrival and the second echo. ¥e also have peaks at

&tl and t--!it2 (P3 respectively P4§. Several other symmetry
axis can also be easily identified. If we look at the 3t axis
we have peaks at 3t (PS)’ 3t + aﬁ_ (?6), 3t + At2 {P?),

3t = &H_ (PB)F 3L = Atz (Pg).

The use of a simulated composite sinwmsoidal signal is of
some interest since this is the same type of signal as used
in our investigation. The computer model used is seen to
give good results on simulated data. As noticed above most
of the literature on related problems consist of investigation
of simulated data. As is shown below these simulations may

not always be in good agreement with real data.

Results from real data

Cnly the data from the research cruise in November were used.
The data were converted to digital fowrm at a sampling rate
of 10 000 samples pr sec. (The Nyquist rate was roughly
4000) . These data were read to the computer with record
lengths of 10 000'samples and selecte«! parts of this record
were used for cepstrum calculations. Table 6.1 is obtained
using the ray-tracing program describa=d above. Only the

position at 10240 m will be discussed in detail.

No of refl Time difference between No of

Bottom Surface echoes m secs arrivals
0 2 0.0 1
1 1 25.0 2
1, 0 26.2 3
1 2 32.1 4
1 1 3536 5
2 1 925 6
2 2 94.1 7
2 2 105.4 8
2 3 107.0 9

Table 6.1 Calculated Echo arrival times at 10 240 m




One can note from figures 6.5, 6.6 and 6.7 :
(a) The received signal varies greatly from ping to ping

(b) The cepstrum method fails to give a clear identification
of the echoes if only one cepstrum at the time is con-

sidered

(c) The cepstrum method does give a dslta function (or
rather a peak) at the correct vali:e. However, it is
difficult to pick the correct peaiks from the ones due

to symmetry and/or due to noise.

As noted the received signal varies greatly from ping to

ping. This can be regarded as a form ©f noise. Due to
variations in the transmission media which vary in a stochastic
way it is difficult (or often impossibie) to predict this
"impedance" variation. Figures 6.5, € 6 and 6.7 shows that
the SNR of the signals are good, and bk:ickground noise due to
the sea is negligible. It is reasonal & to agsume that this
stochastic variation in the "impedance” of the transmission
media will vary with time and space. "hus the stationarity

of the transmission media can be guestioned. Normally we will
assume stationary conditions when the :ime span of the obser-
vations are short. This quasi-station:ry condition is

assumed in this report. Furthermore, signal degradation

due to reflections at the sea~bottom or the surface will add

to the stochastic variation.

We are therefore forced to work on echzes which are not
replicas of the first arrival, and there is very little we can

do to improve this situation.

The mest promenant peaks (4-5) in eacl cepstrum were noted
and plotted in the histogram given in ‘igure 6.8. The cal-
culated arrival times are indicated wi.h arrows. From this

one can conclude :
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{d) A consistant pattern of dominant peaks occurs at or

near the calculated arrival times

(e) two extra peaks occurs. There may be several reasons

for these extra peaks

(1) due to symmetry

(ii) due to truncation of the signal

(iii) due to noise (i e background noise, stochastic
variations in the transmission media and degra-

dation due to reflections)

(£) By using two different sets of data

- one with a beam pattern tilt of 12.75° and one with

o} : ; ; .
0" - no difference in the cepstrum information was

possible to notice

An analysis similar to the one above was conducted on the data

from 3000 m. In this case a peak at 1 msec 1is expected.
However, it wés not possible to obtain this. The reason for
this failure is probably because we use a cosine window -
function in our cepstrum program which will reduce the peak
of the earlier arrival times. Thus the program implemented
here is not suited for arrival time di‘“ferences shorter than
5 msecs and longer than 45 msecs. By rewriting the program
slightly and deemphasizing the window-function effect by
multiplying with the inverse window=function a cepstrum
with the greatest emphasis on the first 10-15 msecs were
obtained. This method gave a clear identification of the
wanted arrival time, but it is felt that this result would
not have been obtained if we had nota priori known the

"correct" result.

Comparison with results obtained using correlation techniqgue

In {30} the correlation technique is used in determining
differences in arrival times between paths of a transmission

channel. With undistorted and time delayed signals in

Gaussian noise, the cepstrum technique behaves close to a



maximum likelihood estimator, thus surpassing the performance
of the autocorrelation technigque {18}. As noted in section 6.3
this is not a realistic situation since variations in the

transmission channel due to other effects are dominating.

It is shown in {3¢} that the auto~correlation processing
would outperform cepstrum processing when the distortion
effects dominate in the transmission channel. Auto-
correlation dces not, however, work well with strong sinus-
oidal components in the signal. A filtering method to remove
the component due to the sinusocids in the power spectrum

must be used.

CONCLUSIONS

The use of the cepstrum method will give an indication of

the epochs when several cepstrums are considered for dominant
peaks. It is felt that due to the fluctuations of the signals
the assumption made in our mathematical analysis that the
echoes are identical in shape to the first arrival is not
correct. However, the results obtained are under these
circumstances acceptabie; The cepstrum technique will

not give perfect results due to signal fluctuations. It

is difficult to see that other methods can be substantially
better since signal fluctuation will occur, thus one is
dealing with imperfect replicas of the original signal.

Noise of random type, will not affect the cepstrum method to
such an extent as fluctuations due to changes in transmission

media, bottom reflections and surface scattering.

From Table 6.1 one can notice that the direct signal

(B =0, S =0) and one of the echoes due to one reflection
(B =20, S =1) are missing. In shallow water and at great
distances ( 10 000) this is prcbably a normal situation.

A situation with these missing rays present might give

better (or more closely identifiable) peaks.
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