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A' STRAC'I‘ — The paper concerns the identification problem of autoregre-
ssive (All) model as well as the linear prediction and fast start-«up
equalization of reverberations in specific situation when only the envelope
of the echo signal is at disposal. Laud: a necessity often occurs in
underwater communication and location by sonar. The method of phase
recovering is developed based on the idea of i-lilbert's minimum-phase
demodulate as a. complex representaticm of narrowbond signal. The dis-
cussion of estimating the All parameters by covariance matrix approach
is also given. namely: Cholesky factorization and Mold/tout covariance—
lottice method. I

iN’i‘kO DU C’i‘iL L]

This paper concerns the identification problem of autoregressive
(Alt) modouing of revorberations Le. a special kind of interferences.
caused by multipath scattering or undesirable multiple reflections occu-
ring in underwater communication and location. our research refers to
particular situation when only the envelope of echo-signal is at disposal.
it is assumed that the features of the reverberation process are varyng
slowly. Thus the possibility of prediction results, which in turn allows to
advance the intelligibility and reliability of underwater communication and
the performance of location and target recognition as well,

The All model identification is equivalent to optimal prediction error
filter (PEP) or linear predictor synthesis [1.2.3.9]. The linear predictor
is used with the aim of reverberation rejection 1' suppression. (m the Lists
basis the fast start-up equalizer [-4] for received signal enhancement is
obtained.

The concept of phase reconstruction is deduced from the idea of
Huber-ts so called minimum-phase demodulate as complex representation
of narrowband signal. The minimum-phass demodulate is unique among
all Hilbertian signals of the some bandwidth and identical envelope shape.
The properties of such a demodulote are: i/ fastest increase of energy
density Spectrum integral1 ii] univocal envelope-phase relationship,
iii] improvement possibility of numerical ill-conditioning caused by over-
sampling. ‘

The paper organization is as follows. First. phase recovery method
refering to the complex minimum sampling, rate representation of narrow—
bond signal is advanced. Second. on the basis of minimum—phase demo-
dulote digital filter parameters, namely prediction and reflection coefficien—
ts of both: transversal and totfize PEP structures are estimated by the
covariance matrix approach aimed at nonstationarity. Later on. prediction
colfficients are exploited to estimate high-resolution (maximum entropy)
power density spectrum [7] of reverberations, while reflection coefficients
are treated as distinctive features [a] for different. kinds of reverbera-
tions. Finally. both FEE‘ structures are used to set the above mentioned
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equalizer. which etfects in deconvolution of useful signal and reverbera-

tion.

NlC’I‘lVA’I‘lON

The majority of modern underwater systems tend'towards "complex

digitization" of signal as close to the receiver input as possible. l—‘recise
complex representation of a real bandpass signal is obtained usually by

sampliru both of real components of complex envelope. A complex series

{ w(n) produced in such a manner is, after [5] called demodulate.
Demodulate contains complete information about the real signal represen-

ted by ittconstitutes the data for sonar digital signal processing. 0n the

contrary, the signal proportional to the instantaneous target strength is

used as the input data in the former generation analog system processing.

Such a representation generally afears to be nonunivocal and the insta-

nt phase is needed for both demodulate components recovexy.

{tilNlNthZ—PHASE bElv‘iCUULA’l‘E RECONSTRUCTION-

—GENERAL OUTLINE AND 1N1PLEIV152NTATION APPROACH

Conventionally. e. real bandpass signal {x(n)} can be treated as

the real component of a complex signal {u(n)}
xEn)-=Re u(n) 1)
u n)e|u(n)| expEjarg u(n)] =1—2eu(n)+jlmu(n). 2)
It the Cartesian components of {u(n)) constitute the pair of Hilbert
transforms H

{Reu(n)}==.,{1mu(n)} (3)
then (2) is" named. llilbertian signal. Its polar components: (v(n)‘j and
{V1 (n)). 'where '

v(n)e|u(n)| ={Elk’eu(n)] 2+[lmu(n)]2}1/2 (4)
W(n)9argu(n)=arccot [Reu(n)/lmu(n)] +kJT; k=0,t1.:2.... (5)
are named: envelope and instantaneous phase of {x(n)} or {u(n)‘], res-

pectively. H and I-I‘1 in (3) denote forward and inverse Hilbert transfor-
ms of corresponding impulse responses

Mnfi E1-(-1)“J IUI’ n); nno.t1.tz.... (s )
hel)—h(-n)m—h(n); n=0.t1.12,... (7)
and treguency responses '

j, 0 < w ( 37
) . -j,—"t’< to <0 N (8)

0. 03-30 and (a) a.“

n'1(e1°°)-u*(e’“’)=.u(e1‘°) - (g;
where asterrisk denotes complex conjugate. lt‘ Hilbertian signal polar com-

ponents i.e. logenvelope {lnv(n)} and instantaneous phase {q}(n)] are
the Hilbert transform pair, with the accuracy to an additive constant,

H

{Inv(n)l~—=N(n)} (10)
then the signal can be called minimum-phase demodulate and denoted

as {wmp(n }, where '
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Fig.1. Four examples (A) of biharmonic signal (x(n)}={(1+o()cosw1n_
+(1—u)cosw. n) nae-(0,1). 0401(6): (31’ with 0t m 0.116 (AL/$3;
o: =—0.116 A2.A4). its instantaneous phase{ (nfl (E), common:
envelope {v(n)} )C), iogenvelope {lnv(n)} (D and difference de-
rivative fq(n)§ (E). instantaneous frequency for minimum -
(F) and. nonminii‘num—phase (Cr), spectra of above signals
'H‘(ei°°)’ (H)- Numerical indices depict the correspondence betwe—
en waveforms and spectra. .‘iote, 518;) as weu as EM“ are the
pairs of (10) or (12) type. hence 51 is (n)} and “1&A3

- are minimum-phase signals. mp
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wmp(niév(n)lexpEi thp(niJ (11‘,-

The average component of instantaneous phase{lP is zero imply-

ing the minimum—phase demodulate to be basebancings well as l-iilbertian

right-singleband waveform. Spectrum W (elm) of such a demodulate

adhere to the right side of coordinate nFc‘J‘xa-igin. Energetically dominating

"components" of W (elw') group themselves at frequencies as low as

it is permitted by e velope shape invariability. These properties are

illustrated by Fig.1. Worth noting, that the minimum-phase demodulate is

the unique and distinctive for the whole class of equiband and common

envelo e signals. Each minimum-phase signal having the envelo—
pe {vfnfi i.e. such a signal for which the difference derivative {q(n)}
of logenvelope and the instantaneous frequency variable component
are the Hilbert transform pair

H
(«mm—Ems». (12)
can be expressed By the minimum-phase delnodulate as‘ _

ump(ni 0(0. ‘700. Q )= downip(n)exp 1( (Po+nw) =- Giov(n)exp{1[lfo+nco +

+gamp(n)]} (13)
where

q(n)élnv(n)-lnv(n-1) (14)
19. Mg m n)-cI: ‘ _ (15“)
w n_)- n)-w(n-1)=1}(n)+w‘ (16)
and we O.3T)is the average component of instantaneous frequency,

(P06(-“]T,jf") — the initial phase and 0(3(0,°O) - the constant gain.

Now, the rules of rriinii'riuni-piiase signal reconstruction on the basis of

real envelope {v(n)} can be iormed as follows. The instantaneous pha-
. . _ VIE .

se m of minimum-phase demodulate can be obtamcdxconvolution
oi logei‘i‘velope {lnv(n)) and impulse reSponse {h(n)) (6)

0° 9" n~m

Lf (n):- : h(n-m)ln v(m)=l: lnv(n) (17)
mp m__ w fm=_ w n—m

. . . "174“ , 191 .
Similarly, the Instantaneous frequency variable component{ mp(n)} for

optional minimum-phase signal reconstruction Le.

-‘,9’mll!(n)g (fir-pol)- Lymphkl) (18)

can be computed as the convolution sum of {lnv(n)} and {k(n)5
oo oo

19’mp(n)=: k(n—m)lnv(m)=:c[;°_1_i__l'1YE — 111V(n) (19)
m=-- ca 171:. n—m

_ ngfim.m+ 1

where n - n—1

k(n)%[£éi)- ; nn0; $2.... (20)

is the impulse response of cascade: differenting block and Hilbert trans-

former. The frequency response oi such a cascade is
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u i(1-exP(-iw)). -JT<w<o
K(e-| )- 0, “solwl'fl’ (21)

-3(1-exp( jw». 0<w<7f
Block-schemes for minimum—phase demodulate and for optional minimum-
phase signal recovery are presented in Fig.2 and Fig.3.

 

Fig.2. Functional block—scheme for the recovery of minimum-phase demo-
dulate: i—I—Hilbert transformer.

 

Fig.3. Functional block-scheme for the recovery of optional minimum-
phase signal (a);K—cascade of differenting system and Hilbert
transformer. A’—-phase accumulator (b).

Two methods of processing are at diSposaL Blocks H and K shown in
Fig.2 and 3 can operate in frequency domain via EFT or in time domain.
By the first method especially suitable to batch] block processing, an
N-element train of instantaneous phase m'p(n)} 31—1 or frequency

{"3 n N'1 is obtained as an N—point inverse FF’I‘ of product:-
mp 0 N_1

H(exp(j'w)) (8) with FF’J.‘ of {inv(n)}0 or K(exp(j60)) (21) with
FFT of respectively . -

{ifmp(n}} 1:4: Fr-‘T'1{H(ej23rk’N)Fm{mv(ni}N31} (22)

4 o
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ifimp(n)} g'ls F‘k3T—1{K(ej2JTk/N)li‘l?"i‘{q(n)1] 3‘1} (23)

in the second method suitable for on-line processing, the noncausal fil—

ters 'rl and K possessing infinite doubleheided impulse response (6) and

(20) should be replaced by causal, realizable filters with finite impulse

response e.g.[10]. The reconstruction of instantaneous phase» for optio-
nal minimum-phase signal (13) is attained by accumulation of signal (23)
or its counterpart given from time—domain filtering approach in thephase

accumulator from Fig.3b. This gives the possibility of fixing the initial

phase ‘fo and average frequency 5 .

AR PriUDEL AND PREDICTION ERROR FILTER

Reverberations. as well as some other additive impairments contri-

buted by propagational media. are frequently treated as locally stationary

autoregressive process ARU-A) of order Ni [8]. Each sample w(n) of
process AR(M) is, with the accuracy 8(n), the linear combination of
M previous samples. within stationarity interval. The differential equation

for AI<(M) model
iv; -

wow: ammww-m) - em (24)
"1:1

describes the recursive transversal digital filter of taps a_,_ ;m=1,2,...,M

named linear prediction coefficients. The sequence of mode‘iiing errors

{£(nH, or innovation sequence, constitutes the realization of white
Gaussian noise with zero dc component. in the Fig.4 such a model is

presented, also in the structure of lattice. Stages of lattice are descri-

bed by complex parameters ~ reflection coefficients 1: ; m=1,2,....M

(one reflection coefficient per one stage) with khqisamn . The necessary

and sufficient absolute stability constraint |km| < 1; mu1,2,...,M implies

excellent numerical conditioning of the latter structure [9].
For the task of reflection coefficients estimation, the foregoing

estimation of autocorrelation matrix corresponding to the actually mode-

lled demodulate is needed. Among the well known autoeorrelation matrix

estimates, the covariance matrix R has been exploited. Entries of R are

stated on the basis of recovered demodulate by formula [2]

N-1
t .

[nika :1 E; W$B-k)w&g-l)g (25)

This approach does not require Sophisticated assumptions of stationarity

inside and setting the process to zero outside the observation time.

The proper adjustment to- the short observation data record typical to

nonstationary conditions of egg. echo is assured in this way.

Further on. the authors attention was concentrated on two methods

of reflection coefficients estimation. From among batch nonadapttve

algorithms taking into consideration the nonstationarity of data, Cl’ilesky

factorization [1] and covariance—lattice method [:3] were examined.
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The idea of Cholesky factorization method relies on the unique decompo-
siuon of covariance matrix (25) with the object at achieving an upper
triangular matrix .

1 B B

   
M1 "’ MM

-1 1 m aMdmm“1 '
L e m ( 25 )

a11 .

1

constructed in individual rows trom the parametrs of transverse! AR(m)
models 01 all orders m-1,2....,M. The last column in (26) encloses re--
aectlon coefficients of lattice AR(M) model: I
'k -a .kz-a 2.....k -a . Moreover, the first row of (26) supple:
ud‘e metri for e PM resolution (maximum entropy) spectrum esti-
mate [7] for the demodulate o! the echo signal under examination

‘ .2. Niwee.- aezem w
The Makhoul 's covariance-lattice method is ditterent. based on cova-
riances (25) method to derive all the above mentioned parameters for
AR(m) modelling. Its specific features are low numerical burden of model
identification and lack of matrix inversion.

Reflection coefficients {k 3 and spectrum (2?) of the process
being investigated are not the [anly aim of AR(M) model estimation.
Active reverberation suppression imposes further-processing including
prediction and equalizing for maximization of signal to noise ratio toge-
ther with useful signal deconvolution from interferences caused by hy-
droacoustlcal channel. Fig.5 represents two basic prediction error tilte—
ring structures: transversal and lattice. Noting that PE? is an inverse
filter 'to AK model, identification or models shown in Fig.4 is equivalent
to me sythesls of optimal PEF. Making a comparlsion between the two
structures in Fig.5, the important decoupling properties 0! lattice-PEF
should e stressed resulting in ortogonalization or backward prediction
errors (n); m-O,1,....M. as opposed to lack of such properties in
transversIAl. in etiect, the former can be extended to form

54m) Him-6°07) '    
-. Fig.4. Transversal and lattice structures of AR(M) model: 5m(n): m-O,

1.....M denotes m-order modelling residuals (innovafl0ne). -
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an optimal fast start-up equalizer [4] with additional tap coefficients
{c } adjusted in such a manner that the energl oci error between the

outiiut { y(n)) where
iv. A

y(ni9m:() cm Fm(n) (zal

and some finite reference signal {r(n)‘] _of length L; L\<i\.‘i+1 is minimized.
The fast convergence of the equalizer spanned on lattice-£31319 ought to
be underlined owing to the possibility of tap coefficients adjustment to

their optimum value in one iteration step.

wm)=£",,(n)

   
A

Fig.5. Transversal and lattice structures of PEP; 5 (n) denotes m-th
. . A in

order forward prediction error, (5m(n) - backward.

CONCLUSION

it was" the authors intention to develop the manner of mastering the,
modelEthusx predictor as well as the fast start—up equalizer of reverbera-
tions from the position of accessibility of incomplete information about the

identified signal, being contained exclusively in the echo envelope.
Further investigations which have been undertaken and are actually

being continued concentrate on computer programming of aforecited

algorithms aimed to recognition and combutment of physical reverbera-

tions registered in Baltic.
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INTRODUCTION

High speed hydroacoustic data transmission are strongly interfered by multipath

propagation due to reflections from the sea surface, the bottom or obstacles
from offshore installations. In order to achieve bandwidth effective trans-

mission, the communication system has to adapt itself to the current hydro-

acoustic channel, thus rejecting the multipath interference or compensate for

it. Adaptive beamforming is an example of the rejection technique while equa—

lization is a compensation technique. By being different in nature these

techniques offers partly complementary qualities thereby fitting well in a com—
bined system. This paper presents simulation results showing the performance

of a combined system and how the two described techniques supplement each other

in combating the multipath propagation interference.

THE IMPACT OF ADAPTIVE BEAHFORHING AND ADAPTIVE EQUALIZATION
ON THE CHANNEL IMPULSE RESPONSE

Beamforminglbeamsteering
As described in the previous section, reflections from surface, bottom and in-

sea obstacles may cause the transmitted signal to reach the receiver via dif-

ferent paths. These rays will usually approach the receiver from different

angles. It is therefore possible to attenuate some of these unwanted signals

by applying a narrow transducer beam directed towards the direct path.

When applying a simple tracking algorithm [1, 6] together with traditional

beamforming [2] unwanted signals (including multipath signals and noise

sources) outside the main lobe are attenuated according to the side—lobe level

at the actual angle of incidence. Further suppression are possible by using

widrow's side-lobe canceller [3] or an optimum beamforming method [2, 4, 5].

An interesting aspect of the beamforming technique is revealed by observing a

relation between incidence angle and propagation delay. This is illustrated in
Fig. 1.

The longest possible path from transmitter to receiver via one single reflector

within the joint area is the route via one of the area borders. Consequently

the longest delay relative to the direct path depends heavily upon receiver and

transmitter beamwidths. By simplifying the channel impulse response to consist

only of the direct path together with single reflector paths within the joint

area, this also gives a limit of impulse response duration.

From the figure we calculate the delay difference between the direct path and
the maximum delayed path as

   

lp1 wz °1+w2
, l+l—r sin—+sin—-sin( )

_ 1 2 _ r 2 2 2
A‘ _ _— _ _

, max Q1+w2

c c sin( )
2
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Figure 1. Geometry of area covered Figure 2. Delay difference as a func-
by transmitter and re- tion of transducer beamwidth.
ceiver mainlobes.

where c is the sound speed in sea water.

Fig. 2 depicts the maximum delay difference as a function of beamwidths at
500 m distance between the transducers.

From this we deduce that the impulse response duration may be forced as small
as wanted by making narrow transducers.

Now installation and alignment of the transducers may become difficult. The
receiver transducer may be controlled automatically by some beam steering
algorithm thus allowing fairly narrow beams. However, the tracking require—
ments increase with decreasing beamwidth and practical considerations also
limits t e possibility to manufacture transducers with mainlobe width less than
about 5 .‘ Of course the transmitter transducer also allows for automatic
alignment but this will require some kind of signalling from the receiver. In
addition the transmission delays will limit the tracking capability of such a
system. When using no kind of steering of the transmitting transducer, the
width of the main lobe will limit the area of operation. A beamwidth of 60°
is considered as a practical choice. Now returning to Fig. 2 this gives a
maximum impulse response duration of about 4 ms. That is 40 symbol intervals
when transmitting symbols at rate 10 kHz (20 kbits/s with 4 PSK modulation).
During operations near bottom or in between structures, reflectors may very
well appear within the area covered by the mainlobes of both transducers. Thus
some intersymbol interference is likely to be present in the received signal.
This motivates the use of an adaptive equalizer together with the transducer
system.
E: . . 1. .

While the narrow beam transducer prevents intersymbol interference by atten—
uation of auxiliary paths, the equalizer attempts to compensate for the resul-
ting channel transfer function.

46
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Assume the following model or the received signal

y(t) = n: gflm + n(t) (2)
where y(t) is received signal sample at time t. is the Nx1 Channel

impulse response vector and d (t) is the vector f the N last transmitted
data symbols, ntt) is an additive white noiseterm. Superscript H means
Hermitian transpose.

_ Th“ — “10,111. hN_1] (3)

dfltt)[d(t), C(t'1), ... d(t-N+1)]T (4)

Now let

{Lm = [y(t). y(t-1), y(t-L+1)]T (5)

Then

me = 33“. gum . (6)

where

11" o o
0 h" '

‘ - o o

“m = ' ' “N m
. . o

o o o

is the MxL matrixof Toeplitz structure constructed as described in Eq. (7).

with these signal definitions we turn to the well known normal equation [4] to
calculate the optimum equalizer impulse response vector W..K‘ '

u -1ER = mix”) xxun] E(1K(t) d'(t-T)) ‘31

0

“K = (HMHJ Hum + "Zn-153,1. a (9)
6

- z . . . . . .
where a is the neise variance, and l is the unity matrix.

The remaining interference is given by

~ 4
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_ _ ac — 1 wk E(YK(t) d*(t)) (10)

_ 1_ H (11f‘ ' KR 2K

where

o

H . 0
RR = flML 1 (12)

' o
o .

when increasing the equalizer order K, e asymptotocally approaches a value
slightly greater than u .

SIMULATION PRELIMINARIES

Channel model

The channel model for high frequency underwater data communication is based on
a ray-tracing model, and includes the most important phenomena in underwater
acoustic transmission. The modelled phenomena are sound refraction due to ver-
tical sound velocity variation, reflections from the sea floor and from the
surface, diffuse reflection due to surface waves and finally the surface motion.
Various types of transducer diagrams can be modelled. single element trans-
ducers as well as line arrays are available. The bottom is considered plane
and horizontal, given by its sound speed and density. Thus, the reflection
coefficient is complex, and depends on the angle of incidence. The channel
model is designed to investigate point to point transmission conditions and
utilizes a dedicated direction algorithm to find the possible ray paths from
transmitter to receiver. The sound speed variation is described by a piecewise
linear velocity gradient.

Surfacg_reflg;tign. The direction algorithm computes the possible ray paths
from transmitter to receiver when the transmission channel is bounded by the
plane bottom and a plane ocean surface. A rough surface, given by a surface
function S(x,t), changes the surface reflected sound characteristics. The
surface function is split into two parts, the large scale wave function, and
the corrugation function. The wave function is modelled as a sum of sinusoids
with variable frequencies and amplitudes. This time dependent function makes
specularly reflected ray paths possible via a number of surface segments, each
path carrying limited energy.

The corrugation function is stochastic, and represents small capillary waves
on the surface. In our model, the corrugation function is not time dependent.
The mean wave amplitude of this function should be less than one sound wave-
length. These capillary waves causethe occurance of diffuse surface reflec-
tions. The resulting pressure of the surface reflected sound at the receiver
is found by a surface integration of incident sound pressure compensated in
amplitude and phase due to variations in propagation range, surface angle, in-
cident angle, reflection angle, transducer directivities, etc. The following
algorithm describes how the integration is performed. The ray path is known

4 8
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through the specular reflection point of the plane surface case. Now, the sur-
face is divided into a number of segments which are short enough to be con-

sidered plane. Ray paths are traced via some of these segments. The number of
paths depends on the wavelengths of the surface wave. The first segments com-

puted are those nearest the specular point. Surface segments further away are

then successively included, until the pressure contribution is negligible.

C e t

During our work, we have putsome effort in investigating how the channel para—
meters influence the transmission conditions. The channel simulations done in

this context represent typical transmission channels for Rov — surface commu—
nication. The horizontal range is varied to achieve a set of different
channels.

Channel parameters:

Sea depth : 50 m Salinity : 35 0/00 3
Bottom sound velocity: 2500 m/s Bottom density 2 3000 kg/m

Wave function : A = 0 m Capillary wave : a = 1 mm
Carrier frequency : 150 kHz Transmitted effect : 10 W

Transmitter depth : 47 m Transmitted beamwidth: 60 deg.
Receiver depth : 5 m Receiver beamwidth : 10 deg.
Bandwidth 2 1 kHz and 10 kHz
Horizontal range : 100 m/150 m/ZOO m

Velocity gradient:
‘ winter gradient taken by M/K Simrad near Horten, Norway, 24.11.1986, 14:00,

and approximated to a piecewise linear function. The gradient is shown in
Fig. 3.

SOUND VELOCITY, M/S
1460 1470 1480 1490

aApproxima ted

Measured”

M
DE

PT
H.

 

Figure 3. Sound velocity profile.

The receiver transducer with beamwidth 10 deg. points along the ray path from
the trasmitter while the transmitter transducer is centered about the horizon-
tal plane. The two transducer diagrams are quite simple. The main lobe level
is constant as is the side lobe level with 20 an attenuation. Because of
this simplified model, the conditions stay constant for receiver beamwidths
from 5 to 15 degrees, since the number of different ray paths inside the main
lobes remains the same.
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An example of a simulated impulse response is showed in Fig. 5 a-b. This curve
shows the module of the complex impulse response. The horizontal range of the
case is 150 m. The bandwidths are 1 kHz (a) and 10 kHz (b). The shape of
the curves is characterized by the different ray path arrivals. In the 150 m
case, the delay of the directly transmitted signal is 105.5 ms. The bottom
reflection arrives at 106.1 ms, the surface reflection at 107.2 ms, and the
bottom/surface (BS) reflected ray at 108.6 ms. Because of the plane surface
and the very small capillary wave, the surface reflections appear to be quite
distinct. The next group of paths arrives at about 145 ms and contains the
SB, 555, BSD and BSBS rays. The 5853, 53555, 35853 and BSBSBS arrive at
approx. 195-200 ms, and the last important group of rays, those that have
crossed the sea depth seven times' give its contribution at 250-260 ms.
Further multiple reflections are neglected by the model program because of low
energy. The distinct peaks are followed by exponentially decaying tails which
are typical for the diffuse reflections. The shorter the horizontal range, the
larger is the time spacing between the ray groups, but themultiple reflections
are more heavily attenuated relative to the direct sound.

SIMULATION RESULTS

We shall now examine the results from a simulation example. Block diagram of
the simulations are given in Fig. 4.

llliiiill
OINIIAIOI

  

    

[NVIIONMINVAl
PARAMI'IIS

VAIIANCI
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of nice  

   BAIL
GINIIAVOI

Figure 4. Block diagram of simulation system.

The horisontal distance is varied between 100 m and 200 m. This variation
will only affect the impulse response and not the signal to noise ratio as the
channel simulation produces noise free signals to which noise is adde after-
wards. Similarly the receiver beamwidth is varied betWeen 5° and 15 . Also
this variation is done without affecting the signal to noise ratio.

The transmitter beamwidth and center direction are chosen in a manner which
sites both the direct path and the bottom reflection within the transmitter
transducer main lobe. This is done to produce a "difficult' channel.

Fig. 5 shows the resulting.impulse response at 150 m horisontal distance.
The receiver heamwidth does not affect the channel very much. This is due to
the special geometry. That is, there are no significant signal csntributions
approaching the receiver in the intervalls between 12.5 to 37.5 relative
the beam axis. The strong bottom reflection thus reaches the receiver at an
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a) Bandwidth 1 kHz. b) Bandwidth 10 kHz

Figure 5. Resulting impulse response at 150 m hogizon—
tal distance and receiver beamwidth 15 .

incident angle less than 2.50 away from the direct signal path.

Now turning to equalizer performance. Fig. 6 shows the theoretical calculated
mean square error at the output of an adaptive equalizer for orders between 50
and 300 and at different signal to noise ratios.

This is a result of applying Equations (8) — (12) to the simulated channel in-
pulse response. We observe that the curve converges to a value slightly

greater than the actual noise variance. The convergence appears for smaller

order values when decreasingthe signal to noise ratio. We also note that for
S/N = 30 dB or poorer, an equalizer of order 80 is appropriate to reach the
optimum performance.

Fig. 7 shows the learning characteristics of the stochastic gradient lattice
equalizer [7, 8]. As noticed, the asymptotic mean square error is about 3 dB
above the theoretical value. This is due to the noise caused by fluctuations
of the equalizer coefficients.

Finally we present detection performance of the receiver with and without the
adaptive equalizer. These results are presented in Table 1.

We notice that the error rates obtained from ngi§§;jree transmission through
the channel are unacceptable for communication. On the contrary, byadding the
adaptive equalizer to the system, the bit error rates turns considerably lower
and all ws for reliable transmission. This confirms that even with a narrow
beam (5 ) receiver transducer multipath propagation may introduce severe inter-
symbol interference. Further it is shown that by including adaptive equali—
zation reliable communication is still achievable.
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Figure 6. Minimum mean square Figure 7. Learning characteristics
error versus order. of the stochastic gradient

lattice equalizer.

Table 1. Error rate measured for different channels

a) Noise-free transmission b) Simulations applying equalizer
without equalizer

Horizontal Receiver Bit error SIN
distance beamwidth rate beamwidth

150 m 15°

150 m 10°

200 m 10°

‘ w
This paper has pointed out potential features of a digital coherent receiver
consisting of an adaptively steered antenna feeding an adaptive equalizer.
Because a narrow beam transducer array causes shortening of the impulse res-
ponse duration, an adaptive equalizer of moderate length will yield good rs—
ceiver performance. It is also shown that even a receiver beamwidth of 5
may allow severe multipath interference. Thus thecombined system offers
potential advantages for a high bitrate link between a ROV and a surface
vessel. Especially during operations near the sea floor or in between off—
shore installations are situations likely to appear where simpler systems capi-
tulate while the described system still renders a good connection.

   

 

Horisontal
distance

 

  
Bit error

rate     
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INTRODUCTION

The literature surrounding the subject of underwater acoustic communications is. .in some
respects, surprisingly scant. This is particularly the case if one concentrates only upon that
material directly concerned with actual underwater communication systems. For example,
covering that particular area and excluding general review papers whilst searching back over the
past two decades, the authors have retrieved only some sixty titles.

. In this paper we have deliberately chosen to take a broader view of underwater communications,
to include consideration of the acoustic channel. In so doing. we have drawn upon material
which, if not exactly remote from the topic of communications, is none the less of substantially
wider scientific interest and application. The paper thus divides into four broad areas of interest,
which are "Review and Fundamental Papers , The' Channel", "Engineering Aspects of
Underwater Communications“ and "Specific Communication Systems"..

It must be said that, insofar as the first and second of these areas are concerned, there has been a
distinct need to prune the available material, in order to fit within the space allocated to this paper.
Hopefully the pruning and the organisation of the material as a whole. although idiosyncratic.
will yet leave auseful collection of references for those who wish to pursue further the subject of
underwater acoustic communication.

REVIEW AND FUNDAMENTAL PAPERS

In compiling this section, it has been necessary to eliminate a significant number of titles which
only provide a low-level review for a general audience. That stated, one such paper by Anderson
[1] is included, since it sets the scene in underwater communications as of two decades ago, and
neatly reviews the major difficulties which. then as now. revolve around the problems of
reverberation and multipath transmission and high attenuation at high acoustic frequencies. Quazi
and Conrad [2] also contribute an interesting historical insight and make the suggestion that
parametric transmission, because of its ability to establish pencil-beam transmission at relatively
low frequencies, with physically small transducers, might have particular advantage in avoiding
surface and sea-floor reflections and thus minimising or eliminating the corruptive effects of
multipath transmission.

Parametric sonar might be less attractive than Quazi and Conrad suggest, since high directivity at
a frequency approaching one of the parametric primaries is, in any case. readily achieved using
conventional transmission. One of the remaining advantages of the parametric method is that
transmissions using the lower, secondary frequency are less strongly attenuated, in water, than
conventional transmissions at the primary frequency. For many applications this advantage
would be offset by the poor power efficiency of parametric conversion. Another potential
advantage is the possibility of making use ofthe extreme frequency agility of the secondary
frequency. At least in sofar as bandwidth is concerned, the absolute width of sweep of the
secondary cannot in any case exceed the primary bandwidth. FinallyI the added complexity of a
parametric projector would increase cost and could adversely affect robustness.

5 lo
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Acoustics is not, of course, the only method of obtaining underwater communication. The paper
by Tregonning [3] outlines state-of-theart and problem areas, as identified duringa one—day
symposium at the Society for Underwater Technology. The symposium covered acoustical,
cable, fibre-optic, electomagnetic and laser methods. On a rather more selective basis, an
excellent review, specifically aimed at acoustic telemetry, is provided by Baggeroer [4].

Turning finally to more fundamental material, covering in some detail the mathematical basis of
the subject, we have papers by Middleton [5] and by Urick [6].

THE CHANNEL

In discussing the nature of the acoustic channel, since it must necessarily dictate the engineering
of the communication system, we consider first a sequence of papers concerned with what might
best be described as channel models [7] - [24]. By this we intend to refer primarily to overall

end-to—end channel transfer functions of varying complexity. mathematical "models" of channel
response and models relating to specific phenomena, such as surface and sea—floor reflection.
Of particular mention as a ready source of copious information for the pragmatist who wishes to
establish computer models with minimum effort, is the Generic Sonar Model [201,[21] .

Moving on from the definition of the channel model, the communication engineer is instinctively
inclined to investigate channel capacity, in an information theoretic sense. Three references to
papers by Hummels [25], Kwon and Birdsall [26] and Rowlands and Quinn [27] cover this
topic. It is interesting to question the significance of a classical information theoretic approach to
such a problem. As with more conventional above-water communications, such an approach can
provide only upper bounds to performance, perhaps significantly far removed from practical
operating levels.

A large body of work is represented in the next section of the bibliography, which covers
measured channel characteristics [28] - [45]. Here we see the accumulation of data in both
real-sea and test-tank experiments which may provide input for the successful use and extension
of the various channel models. A sequence of papers by Gulin and' co-workers is concerned with
establishing temporal amplitude, phase and frequency as well as spatial correlations for signals
reflected from randomly rough surfaces [30] - [36]. Other papers, particularly those by Jobst and
Dominijanni [37] and by Veenkant [43] discuss channel stability.

In a separate section we consider the subject of noise as a major corrupting influence [46] - [51].
Urick [50] provides. in his book "Ambient Noise in the Sea", a broad account of this topic with
an extensive bibliography. Dunbar [47] considers the under-resourced area of acoustic noise in
the vicinity of oil extraction platform's, a subject also touched upon much earlier by Lagoe [48].
The book "Mechanics of Underwater Noise" by Ross [49] provides an excellent background to
such studies, which are currently in great need of re-inforcement. ' '

Although, in a later section. we review a selection of papers concerned with the subject of
"anti-multipath strategies", it seems appropriate to introduce at this stage a set of papers
concemed with multipath identification, partly because the topic should be of fundamental interest
and partly because, in future system designs, perhaps more particularly for long-range
communication, knowledge of the nature of the multipath structure of the channel might assist in
establishing self-training "machine intelligent" processing systems. Papers by Fjell [52] and by
Hassab [53],[54] explain how to acquire such information via thecepstrum analysis technique.

Although we remain sceptical of this, they further suggest that the cepstrum approach is
intrinsically superior to evaluation of the autocorrelation function in identifying delay-domain
attributes of a received signal. Two further papers describe actual multipath investigations in the
Atlantic [56] and Pacific [57] Oceans.
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ENGINEERING ASPECIS OF UNDERWATER COMMUNICATIONS

Here we consider first the estimation of error probability [58] - [67]. Papers by Aboteen et a1.
[58],[59], by Andrews and Turner [60] - [62] and by Maras et. al. [63] - [66] address various
aspects of these problems. Some element of field experiment is contained within the papers by
Andrews and Turner. Next we turn to the topic of devising error protection codes for underwater
communication systems [68] - [73] and follow this with papers on anti-multipath strategies [74] -
[78]. -

The section concludes with two papers concerned with aspects of tinting and synchronisation
[79].I80].

' SPECIFIC COMMUNICATION SYSTEMS

This area has been considered under two headings, although further subdivision would be
possible. The larger class of systems is concerned with aspects of through-water communication
[81] - [109]. No particular attempt has been made to isolate high efficiency or high rate systems
since such descriptors seem often to be incorrectly or at least ill-advisedly used in underwater
applications.

The second, smaller, class is concerned with penetrator telemetry, where the signal must first
pass through a significant layer of (relatively) highly attenuating ocean floor sediment. Such
systems are employed for a variety of goo-technical tests [1 10] - [112].
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ABSTRACT

one of the main problems encountered when trying to produce a

reliable underwater acoustic data link is that of multipath

reflections from the sea surface and seabed. The most common

method of overcoming this multipath problem is to use

transmitting and receiving transducers with very narrow

beamwidths. However, this solution makes alignment of the

beampatterns critical, and any mis-alignment or motion of the

transmitter or receiver may destroy the acoustic link

completely.

In this paper, a reliable underwater data link which employs an

adaptive receiving array is described. The purpose of the array

is to provide automatic mainlobe tracking of the transmitter and

to suppress directional mulitpaths and interferences. This

adaptive array therefore solves the problems of beampatterns

mis-alignment whilst also providing a certain degree of

beampattern nulling to suppress directional multipaths and

interferences.

The adaptive receiving array requires some prior knowledge of

the desired incoming signal in order to distinguish it from the

multipath reflections. This is provided by using a PN coded

DPSK modulation scheme, where the PN coding is known at both the

transmitter and receiver.
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1o . IEIBQDHQILQE

High data rate acoustic telemetry for underwater communications

has been pursued ever since it was recognised that the ocean

could support signal transmission. In the past, most of the

applications for underwater communications have arisen from

military needs. However, as a result of oil and gas exploration

work there are now an increasing number of offshore commercial

applications (e.g. well-head monitoring and control, untethered

submersibles etc). In all of these applications the major

requirement is for a reliable, high data rate acoustic link.

The ocean is an extremely difficult medium in which to achieve

the high data rates required for many applications. The ability

of the ocean to support reliable high data rate transmissions is

limited by the available transmission bandwidth and the

detrimental effects of multipath propagation caused by boundary

reflections and volume scattering. Also the maximum range of

propagation in the ocean is limited by the increased absorption

of acoustic energy at higher frequencies.

The complex properties of the acoustic channel therefore require

a careful choice of modulation scheme and the use of multipath

reduction techniques to achieve a reliable high data rate

acoustic link. The modulation scheme must be chosen to make the

best possible use of the available bandwidth. After considering

the most common digital modulation techniques (i.e. 00K, FSK and

PSK), a PSK type modulation scheme was chosen for its ability to
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provide low error probability for a given signal-to-noise ratio

(SNR) and allow high data rate to be achieved in the available

bandwidth [1]. Unfortunately, this PSK type modulation scheme,

in common with the other basic binary modulation techniques, is

unable to overcome the effects of multipath by itself. The most

common method of overcoming this multipath problem is to use

directional transducefiiwith narrow beamwidths at both the

transmitter and receiver. However, this solution makes

alignment of the beampatterns critical, and any mis—alignment or

motion of the transmitter or receiVer may destroy the acoustic

link completely. In order to reduce the effects of multipath an

adaptive receiving array was used to provide automatic mainlobe

tracking of the transmitter and to suppress multipaths and any

other directional interferences. The adaptive receiving array

therefore Solves the problem of beampattern mis-alignment and is

also able to operate in environments where the transmitter or

receiver may be in motion.

2. THE UNDERWATER ACOUSTIC DATA LINK

The block diagram of the proposed underwater acoustic data link

'is shown in Fig. 1.

The transmitter employs a PN coded DPSK modulation scheme and

operates at a centre frequency of sokflz. The transmitting array

provides a useable bandwidth of 20kHz and has a conical

beampattern of 16° heamwidth.

The adaptive receiving array is controlled by a least-mean-

square (LMS) algorithm which determines the beampattern and

a 5
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frequency response of the-array [2]. This adaptive array '

requires some prior knowledge of the desired incoming signal in

the form of a reference signal. The reference signal must be

correlated (spacially and temporally) with the desired incoming

signal and uncorrelated with any multipaths or interferences;

To provide such a reference signal, a PN coded DPSK modulation

scheme was used with the PN code known at both the transmitter

and receiver. At the receiver this PN code is used to

distinguish the desired incoming signal from any multipath

reflections or interferences. This combination of the PN coded

DP8K modulation scheme and the LMS adaptive array provides a

high level of multipath and interference protection.

2.1 THE MODULATOR - DEMODULATOR

Refering to the basic block diagram of the transmitter shown in

Fig. la, the incoming data stream (rate Rd) is exclusive -0Red

with a higher rate maximal length linear PN code (rate Rc, where

Rc/Rd is an integer) whose properties[l,3-5] are:

i The value of the PN code's autocorrelation functidn is high

at zero shift and very low elsewhere (to aid synchronisation)

ii The PN code has good statistical properties and equal

numbers of 0's and 1's (to suppress the generation-of an

unwanted carrier frequency component) and

iii The length of the PN code is long enough to ensure that the

code is not repeated during the transmission of a message (to

prevent synchronisation problems)
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The PN coded data stream is then used to DPSK modulate (PSK

modulation requires additional receiver circuitry to resolve its

phase ambiguity [3]) the chosen 50kHz carrier frequency, so that

a data '1' produces a phase change and a data '0' causes the

phase to remain the same as for the previous data value. The)

resultant PN coded DPSK signal has a spectrum whose null to null

bandwidth (containing 90% of the total signal power and all the

necessary phase information) is Rc/Rd times larger than the

bandwidth of the incoming data stream (2Rd) [4]. The ratio of

PN code to incoming data rate Rc/Rd, known as the spreading

ratio (SR), therefore indicates that the resultant PN coded DPSK

signal has a bandwidth of 2Rd x SR. As this bandwidth is

necessary for the successful transmission of the PN coded DPSK

signal through the underwater medium, the desire for a high data

rate to be realised in a fixed (zokhz) transmission bandwidth

indicates that the value of SR must be small and Rd =

(lokbit/s)/SR. Thus, values of SR = 4 and SR = 8 (switchable)

are chosen for this proposed data link, so that data rates of

2.5 and 1.25kbit/s respectively can be achieved.

At the output of the adaptive array shown in Fig. lb, the

received signal (PN coded DPSK + noise + interference) is

coherently demodulated by extracting a reference carrier signal

(directly from the received signal) with a suppressed carrier

tracking loop, and using the reference in an optimum DPSK

demodulator [3]. (The use of an auxillary channel for

synchronisation or reference purposes is not only wasteful of
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transmission bandwidth, but is of little benefit in the

underwater channel, as the channel is temporally and spatially

variant as well as being frequency dependent). ‘The resultant

baseband signal containing contributions from the PN coded-

stream, interference (multipath and/or CW) and noise,'is then

multiplied by a synchronised version of the PN coded signal is

then despread to the original data bandwidth (ZRd). All signal

contributions not synchronised with the PN code (i.e. CW

interference, multipath and noise) are spread to a larger

bandwidth (>2Rc) with a resultant reduction in their spectral

densities and correlation with the data stream in the despread“

data bandwidth. This reduction in the Unwanted signal level’

causes an.increase in the SNR observed in the data bandwidth

(known as the process gain Gp, where Gpl= lolcg(SR) dB [4])‘and

indicates-that by spreading and despreading the incoming data

spectrum, the detrimental effects of the multipath may be

reduced. The level of this improvement in performance is

however small, as the chosen values of SR (4 or a) réstrict'the

process gain to either 6 or 9 dB. Finally, the decision on the

value of each data bit is performed by taking a majority

decision over the SR l/Rc time slots of each despread data bit,

after bit synchronisation (i.e. the location of the start/end of

each data bit) has been performed with a data transition

tracking loop [3,5]. hs the majority decision performs as an

error correction, the resultant error probability is further

decreased.
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In order for the despreading operation to be performed properly

at the receiver, it is essential that the receivers‘ PN code is

synchronised with the identical version present in the received

signal. The task of obtaining and maintaining the required is

synchronisation complex [3-5], but can be summarised as follows:

1 Initial Synchronisation (Acquisition)

After a cold start (e.g. power-up) when there is no prior

knowledge of the timing difference between the received and the

receiver's PN code, the first task of the synchroniser is to

rapidly obtain synchronisation with :1 bit. This can be

achieved by rapidly correlating the received PN code (at this

point data is not usually sent) with all the receiver's PN code

phases until a correlation peak (PN property (1)) is detected.

In practice, this operation can take a considerable time, and it

is common practice to transmit a known section of the PN code

(preamble) to reduce the required search range

11 Tracking

Once the PN codes have been aligned to within :1 bit, it is

[necessary to fine tune and maintain the alignment to within t0.i

bit. This is achieved by using a closed loop configuration to

adjust thephase of the receiver's PN code by small amounts in

order to maximise the correlation (at zero shift) between the

two codes.

2,2 THE ADAPTIVE RECEIVING ARRAY
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A block diagram of the adaptive receiving array is shown in Fig.

1(b). This diagram can be divided into two parts: the adaptive-

array and the reference signal generation loop.

The adaptive array uses a rectangular transducer consisting of

96 elements arranged as 16 horizontal stores of 6 elements, with

an interelement spacing of A/2. In the system that was tested

only 7 staves of this transducer were used, with either a A/z or

A spacing between stayes. This gives an azimuth beamwidth of

17° and elevation beamwidths of either 14° (A/z spacing) or 7°

(A spacing). .since the multipath propagation is mainly caused

by reflections from the sea surface and sea bed, the adaptive'

array was used to perform beamforming in elevation-only. The

input signals from the 7 array stores are adjusted in phase and

amplitude by a set of finite impulse response (FIR) filters and

then summed to produce the adaptive array output y.- The array

output y is then subtracted from the reference signal d to

produce an error signal e for the LMS algorithm. The LMS

algorithm is used to control the weights of the FIR filters and

therefore determines the beampattern and frequency response-of

the adaptive array. The-LMS alogrithm is a correlation loop

which adjusts the FIR-filter weights in order to minimise the

mean-square-error between the reference signal d and the array

output y. Therefore, the LMS algorithm adjusts the array

beampattern and frequency response such that the array-output y

is an estimate of the reference signal d. The reference input

can therefore be chosen to make the adaptive array track a
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desired input signal. For the LMS adaptive array the reference

signal must behighly Correlated with the desired signal at the

array output and uncorrelated with any interference components

at the array output [6]. If the reference signal satisfies this

condition then the adaptive array's beampattern will track the

desired signal and null any directional interferences (i.e.

multipaths). The generation of reference signal d for the

adaptive array will now be considered.

The reference signal generation loop shown in Fig. 1(b) is used

to generate a reference signal d for the adaptive array from the

adaptive arrays output y. Consider that a desired signal 5 and

a directional interference i (i.e. multipath) are present at the

receiving array. Therefore the array output y consists of a

desired signal component and an interference component. The

desired signal is demodulated by the DPSK demodulator and then

despread (bandwidth compressed) by the synchronised PN code

generator to the data bandwidth. The interference is also

present after DPSK demodulation, but since it is not

synchronised with the PN code generator its spectrum is spread

to at least the PN code bandwidth. Therefore, the data signal

is available at the receiver output for data hit detection and

the interference power is reduced, since only a small part of

the interference spectrum is present at the data bandwidth. The

data signal is then passed through a limiter which controls the

amplitude of the reference signal. Finally, the limited data is

PN coded and DSPK modulated to produce a constant amplitude of

7 1
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the reference signal s at the reference signal input d of the

adaptive array. The remaining interference at the receiver .

output also passes through the limiter and its_spectrum is

spread again by the PN code generator. This interference is .

then DPSK modulated and appears at the reference signal input d

of the adaptive-arrayr However, this interference i' is now

decoréllated with the original interference i at the output of z

the adaptive array. Therefore, the desired signal 5 at the .

array output passes through the reference signal generation loop.

virtually unaltered, except for a constant amplitude.and

possibly a shall delay. Whereas the interference i at the array

output is decorrelated by the loop as denoted hy i' at the

reference signal input.

The reference signal input tothe adaptive array_s + i' is.

therefore highly correlated with the_desired incoming signal_s

at the array output and uncorrelated with the interference i at

the array output. This satisfies the.necessary requirements_for,

a reference signal_for_the LMS.adaptive array. Therefore the

LMS.algorithm adjusts the FIR filter weights form a beampattern

mainlobe in the direction of the desired signal 5 and a null in .

the direction of the‘interference i (ire. multipath). After the

LMS algorithm has fully converged the array output will contain 4

only the desired signal component s which passes.through the

loop to appear at the reference signal input, The adaptiwe

array then has an ideal reference signal and the meanfsquare-

error approaches zero.
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After the adaptive array has converged then the multipath

protection for the desired signal consists of the array gain.

phases the multipath nulling plus the protection offorded by the

process gain of the PN code. In the previous example it was‘

assumed that perfect synchronisation had already been required.

In practice, the adaptive array beamforming and the

synchronisation are performed simultaneously.

2.3 RESULTS- ' ‘ ‘ . - n

An all digital implementation of the éN coded DPSK modulator -

demodulator described in Section 2.1 was realised.and tested.in

the presence‘of Gaussian noise, without the generated signals

being transmitted through the underwater medium or the adaptive

array being used [5]. 'Typical performance results (probability

of error against SNR) are shdwn in Fig: 2 for DPSK and PN coded

DPSK (SR=4 and-8), and indicate that the modulator - demodulator

is able to achieve‘the required reliability (low error

probability). ‘For example, Fig. 2 shows that the PM coded DPSK

modulator - demodulator is able to attain an error probability.

of 10‘5 (suitable for submersible control commands) when SNR 1at

the input to the demodulator) is 2.06 dB and -2.74 dB for SR= 4

and 8 respectively.

The‘adaptive array was implemented digitally using the bitrslice

technology to achieve the high sampling frequencies required for

operation at the Carrier frequency [7]- To assess the

performance of the adaptive array it was first.tested by itself,

without the reference signal generation loop. A few of the
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results of these tests are presented here. A 127-bit long PN

code'sequence was PSK modulated and then transmitted over a path

.length of 2 metres to the adaptive receiving array.- The

separation distance was kept short because of the small water

tank that was used for these tests. An ideal reference signal

was provided for the adaptive array by means of a "cheat-wire"

from the transmitter.. This reference signal was a time delayed

version of the transmitted PN coded PSK modulated signal with

the time delay corresponding to the direct-path delay through

the water. .Therefore the reference signal for the adaptive

array was an ideal direct path signal. The transmitted and

received waveforms for this test are shown in Fig. 3. The PN

code is shown in Fig. 3(a) and the transmitted PN coded PSK

modulated signal is shown in Fig. 3(b). The adaptive array

output waveform after convergence is shown in Fig. 3(c). This

waveform is a delayed version of the transmitted signal and

although it has some distortion due to bandlimiting, the phase

changes are clearly visible. The weights of the FIR filters

were originally set-up to give a mainlobe beamwidth of over

100°. After the adaptive array had converged, the filter

weights were frozen and a beampattern was taken. _This

beampattern is shown in Fig. 4. It can be seen that a mainlobe

of approximately 14° beamwidth has been formed at the 0° direct

path signal. This therefore shows that the adaptive_array has

tracked the direct path signal.
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3. CONCLUSIONS

In this paper, a brief description of a proposed reliable high

data rate underwater acoustic data link has been given. The

main sections of the link consisting of a PM coded DPSK

modulator - demodulator and an adaptive receiving array have

been shown to provide the required high data rate and multipath

reduction properties respectively. In addition, it has been

shown that the PN coded DPSK modulation scheme chosen to provide

a reference for the adaptive array, is able to produce the I

desired low error probability at attainable SNR's.
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PATSY: THE PULSED ACOUSTIC TELEMETRY SYSTEM

C.G. Flewellen

Institute of Oceanographic Sciences, Deacon Laboratory,

.Wormley. Godalming. Surrey G08 SUB

INTRODUCTION

sATSY was developed under a joint contract with the Department of the

Environment and the Joint Research Centre. to provide a means of transmitting

information from a Deep Ocean Model Penetrator (DOMP) buried in sediment.

A penetrator is a 2 tonne projectile that is allowed to fall from a ship.

reaching a terminal velocity of around 50 m/sec before impacting with the

sediment. Penetrations of between 20 and 40 metres have been achieved.

Penetrators have been equipped with continuous wave acoustic transmitters

(operating at 12 kHz). The doppler shift in the signal, received at the ship.

has been used to measure the penetrator's velocity and by differentiation and

integration, the depth of penetration and the deceleration. respectively,

It was dasired to measure directly the deceleration of the centre-of-mass and

log data from a range of sensors during the descent through the water—column,

during deceleration and after the penetrator had come to rest. The sensors

were to include tilt-meters. accelerometers, a temperature sensor and

differential pore-pressure gauges. '

A computer controlled logging system was developed able to sample sensors at a

variety of rates during the descent of the penetrator and then to encode and

transmit these data.

A number of advantages to be gained over the doppler system include:—

(i) The information would not be transmitted through the noisy wake of the

penetrator.
(ii) Deceleration could be sampled faster than the information bandwidth of a

doppler system.

(iii) A great deal more information could be transmitted.

(iv) A lower frequency could be used to reduce the effect of attenuation

through the sediment.

DESIGN CONSIDERATIONS

Signal to noise ratio and operating freguency

The signal level received at the ship from the penetrator transmitter. in 30
to 40 metres of sediment and 6000 metres of water, should be higher than the

noise level in poor weather conditions by at least 10 dB. In deep water

beyond about 1 kHz thedominant noise is due to breaking waves and the

oscillation of vapour bubbles and falls off at about 5 to 6 dB/octave [11. As

attenuation in water is rising at about 6 dB/octave the signal to noise ratio

can remain substantially constant in the range 1 to 20 kHz. However, the

attenuation in the sediment is an exponential function of both frequency and
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penetration depth and this dictates the use of a low frequency.

Using a figure of 0.1 dB mqkfiz'1 for the attenuation in deep ocean sediments

(Clay and Medwin [2]) the attenuation through 40 metres of sediment would be:-

at 1 kHz 4.0dB

at 20 kHz 80.0 dB.

(Measurements made in the_?reatheteor East Abyssal Plain at 12 kHz suggest a

figure of about 0.05 dB m kHz [3]. This low figure may be due to the fact

that the sediment drawn in behind the penetrator is not as compact as

undisturbed sediment).

Shipfs self noise can become dominant in the low kHz but this is at least an

avoidable source as the ship can be alIOwed to drift with main engines off

during listening.

A frequency of 3.5 kHz was chosen (slightly lower than optimum) because the

Institute uses this frequency for sub—bottom profiling and thus receiving

equipment would be available.

Sonar calculations were madeassuming_this frequency and the use of a

commercially available ceramic ring transducer with about 200 Hz bandwidth.

FATS! was designed both to telemeter data at a crystal controlled rate as well

as to transpond to interrogation by the ship's 3.5 kHz transceiver.

Sonar Calculations

Assuming:-

U)

 

Operating frequency = 3.5 kHz

Water depth = 6000 m

Penetration depth = 35 m

Attenuation in sediment = 0.1 dB/m-kHz

= 12 dB one way

Power of ship's system = 2 Kw

with directivity index = 10 dB

Power of telemetry system = 100_w

with directivity index = 5 dB

and with 5 msec pulse, bandwidth = 200 Hz

Sea-state 6 noise in 200 Hz bandwidth

Sound pressure level at transducer

Transceiver source level

+ 50.8 dB re 1 Pa/watt @ 1 metre

+ 10 dB directivity index

Losses:

-42 dB re 1 Pa

33 dB re 1 watt

= 83.8 re I'Pa

= 94 dB re 1 Pa

Spreading loss over 6000 m = 75.6 dB

Water attenuation (@ 0.25 dB/km) = 1.5 dB

Scattering loss = 3.0 dB

Loss due to acoustic impedance

mismatch at the bottom = 1.0 dB

Attenuation through sediment = 12 dB

Total = 93 dB

Thus sound pressure level at transducer

80
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(2)

(3)

(4)

(5)

'the surface will be

Sound pressure level at the ship , .

Transducer source level = 20 dB re 1 watt

+ 50.8 dB re 1 Pa/watt @ 1 metre = 70.8
+ 5 dB directivity index ' 76 dB

with the same losses the level at

-17 dB re 1 Pa

'This is‘about the same level as the
profiler's bottom echo assuming 30%

reflectance.

Thus the signal to noise ratio at the ship would be about 25 dB.

Sing-round level at transponder

The total losSes will begreater by

6 dB because of the double path plus

the remaining losses repeated, i.e. = 93 dB

Extra distance +6

other water losses +5.5

'Sediment attenuation +12

Total 116.5 dB re 1 Pa

with a transponder source level of

76 dB re Pa the sound pressure level

back at the transponder will be =

This is about 40 dB below the expected

level from the ship. This assumes 100%

reflection at the surface.

‘40.5 dB re 1 Pa

Noise level at transducer

The level near the surface will be

about -42 dB re Pa and there will be

a few st drop in the water-column

due to attenuation, scattering and

refraction. It is expected that the

noise will receive a similar

attenuation in the sediment, as the

signal. Allowing 15 dB for these losses

Noise level at transducer =

Ship's noise could. however, add

considerably to this.’

—57 dB re Pa

Transducer receiving sensitivity -95 db re lv/Pa

Data Encoding

The encoding techniques available for acoustic telemetry of data include

modulation of the phase, frequency or amplitude of a carrier and modulation of

the time interval between pulses.

81
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Amplitude and phase modulation of a carrier are impractical in deep water for

at least three reasons:-

(1) Signal to noise ratios better than 20 dB are rarely achieved so there

would be very limited dynamic range.

(2) Acoustic signals do not travel by simple "line-of-sight" paths but by

multiple paths differing by only fractions of a wave-length due to small

angle scattering and turbulence. The combination of signals produces

randomly varying amplitude and phase distortions at the receiving

hydrophone.

(3) Reverberation from layers within the sediment and from the water surface

interfere with the direct signal, although the effect can in theory be

removed if the pattern of echoes is constant or only changing slowly.

Frequency modulation suffers like phase modulation unless frequency shifting

is used though this uses available bandwidth and energy less efficiently than

other techniques.

Time modulation. using the time delay between two short pulses to carry the

information, can be very efficient and can have a large dynamic range. Its

disadvantage is that it is slow. though signals can be multiplexed to increase

the effective data rate.

Digital coding using frequency shift keying could have unlimited resolution by

merely extending the number of bits in a sequence but is very expensive in

energy. Pulse interval telemetry (P.I.T.) uses only one pulse per data word

(plus one reference pulse) and the resolution is limited only by the maximum

,time that can be allowed to elapse between the pulses. P.I.T. is, however. a

form of analogue modulation and will suffer from timing noise. This will

arise from amplitude noise riding on the signal and variations in path-length

as the receiving "fish" heaves up and down with the swell.

The effect of additive noise is to produce a timing jitter on the edge of the

received pulse of about:

At = tr where tr is the pulse rise time

VN is the rms noise voltage

V5 is the pulse amplitude

The assumption is made that the signal to noise ratio is at least +6 dB.

This jitter will be present on both the reference and signal channels but will

be uncorrelated. so the jitter on the time difference is:-

. tr

If the maximum time delay available is tm then the resolution of the channel

is '

1 part in l . _s),£“1
fz’ VN tr

8 2
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given tr 2 ;i B = 200 Hz
. B

tm = 2 seconds. say

VS .
——-= 2. . . 6 dB S Nand VN i e /

then the resolution is 1 in 1414, i.e. between 10 and 11 bits. The bit rate

is thus around 5 bits/sec for a single-channel. However increasing the number

of channels from 1 to N is straightforward, the only decision required

concerns whether the pulse intervals for different channels will be allowed to

overlap. in which case for (N+1) pulses transmitted ION bits equivalent are

communicated. In previous underwater applications of P.I.T. overlapping

intervals have been allowed and not found to cause undue confusion using a

form of direct line scan recorder display. However, this feature clearly

relies on the recognition of which pulse belongs to which channel at every new

frame of pulses. '

If the shipborne receiving transducer is heaving at a rate V m/s between the

arrival of reference and signal channel pulse, the timing error introduced in

addition to the random noise component above is given by (V/C) to where C is

the sound speed (~1500 m/s) and td the signal delay. Generally v will be less

than 1.5 m/s. in which case the error amounts to less than .1% of the signal.-

THE FINAL DESIGN

To cope with the complexity of sequencing the logging of a variety of sensors

at different rates and then encoding and transmitting these data; the design

was based around a microprocessor running FORTH. Signals were sampled via an

eight way multiplexer and a 12 bit digital-to-analogue converter under direct

control of the microprocessor and stored in about 40 kilobytes of memory. '

Duplicate accelerometers were sampled at 500 Hz during the critical phase of

deceleration through sediment. Figure 1 shows the appearance P:I.T. received

and displayed on a line-scan recorder with a repetition period of 2 seconds.

The two accelerometer signals were encoded with different offsets from the

reference pulse to separate the displays and to allow for the small negative

excursion as the penetrator bounces up about 1 cm before coming to rest.

Each return represents a 5 millisecond pulse of 100 watts at 3.5 kHz. This

data was recorded in shallow water in the Mediterranean off Cap d'Antibes.

During this experiment some 760 Kbits of data were transmitted at an average

baud-rate of 13.6.
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Peak 13g

 
Reference

Fig. 1 P.I.T. of deceleration through sediment.

Sampled at 500 Hz. Duration of deceleration = 570 mSec.
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P.J. Hanna and R.D. Peden

School of Sciences, Deakin University, Victoria 3217 Australia

WON

FINMAP (Fig. 1) is an acronym for Fisheries Navigation and Mapping by
Acoustical Positioning and consists of an underwater cmputer, a data logger
and a personal navigation system that allows a scuba diver to navigate and
map his or her way on the sea floor, simultaneously recordingmarine
observations. The FINMAP canputer controls a diver-carried active sonar,
transmitting to triad of mderwater acoustic transponders. The sonar mm
provides personal navigation andmapping during day and night, and does away
with the need for wrierwater grids for the collection of marine data. 'Ihe
underwater keyboard provides the diver with means of entering data
observations directly into canputer memory. The display gives a direct
read—mt of position and depth which can be autanatically stored in nanry
together with any observed data.

Keyboard switching is determined by infrared reflection frcm a diver’s
finger touching ona solid state key. The display unit is a memory mapped
array of seven segment light Quitting diodes (H5336). Both the keyboard and
display are totally encapsulated in a plastic potting medium and are thus
able to withstand suhnersion to over 100 metres and the corrosive effects of
seawater. Computer interfaces are being developed that allow the connection
of marine instnmentation and the autanatic collection of data such as
tanperature and salinity. '

FINMAP will beused in marine research, underwater archaeological mapping,
underwater surveillance and nrmitoring and underwater industrial
applications.

mm

-'I'he cmputer (Fig. 2) is carried in a sealed waterproof tube on a diver’s
back together with the interfaced sonar navigation system. The I

microcmlputer is the Rockwell R65F12, [1] an 8—bit mas chip, carpatable
with the well known 6502 microporcessor of the Apple cmpiter. On a single
chip, measuring 41 m x 17 nm, is fabricated an enhanced 6502
microprocessor, an intemal clock oscillator, 192 bytes of raxxian access

memry (RAM), 3K bytes of read only manory (ROM). 40 bidirectional input/

output (I/O) lines, two 16—bit progranmable cmmter/tiners, a serial port

' and ten interrupts. Externally there are 16K bytes of meer and 16K bytes

8 6
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of banked switched mastery, 10 analogue to digital converter (MC) output
lines, an R5232 serial port, a parallel printer port and a disk controller
interface.

During diving the oanputer is controlled by a wrist-mounted five—key
keyhoardandanlB characterIEDdisplay. Dataemeredthroughthekeyboaxd
or input via the ADC lines or frcm the navigation systen canbe stored in
neer for later graphing and analysis. 'Ihe sonar navigation systen is
controlled through an I/O port, and the progranmable timers measure the
acoustic tine intervals. Onboard ship or back in the laboratory the
cmmter connects directly to a terminal or host ocznputer (e.g. IEMPC or
Macintosh). Separate" disk drives maybe connected, or those of the host
cmputerused."1husthe fullpowerofanyhost oomputersofmarenaybe
usedtoproce‘ssthecollecteddataortonaptheresultsofasurvey. Itis
possible to program FINMAP rendoely using a modern and a telephone or radio
link. Thus expensive ccmputer equipuent need not be exposed to the hazards
of a sea enviroment.

SOFIWARE

A basic elenent in the development of FINMAP has been the use of the Forth
computer language [2] in the developnem: of software. This was themain
reason for the choice of the Rockwell R65F12 microccxnputer as it has the
nucleus of the Forth language stored in m. The program controlling
FINMAP, the navigation algorithm, the disk interface, the printer port, the
memory mapped LED wrist display, are programmed in Forth.

Forth provides a unique of rapid software development. For the non—
programrer progranmer (e.g. an engineer), Forth provides efficient and error
(bug) .free awirom'ent for programing controllers, histnmentation and data
loggers. ' ‘

mm

The keyboard (Fig. 3) is totally encapsulated in plastic; an effective way
of isolating the electronics from seawater. The FINMAP keyboard uses a
reflected infraredbeamtodetecta keyclosure. Anarrowbeamof infrared
radiation is modulated in intensity by a frequency of 1000 Hz. The beam
shines at an angle through a depressed clear portion of the eucapsulating
plastic. A diver's finger, when placed into the key area has this nodulated
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light reflected back down towards an electronic infrared receiver. The

received infrared is tested for modulation (otherwise the direct rays of the

sun might close the switch) and if present, a key closure is recorded.

The keyboard consists of five keys. However with mode switching the keys

can be multi—purpose. Consideration of how divers react underwater,

particularly the difficulty in perfomu‘ng intricate underwater tasks, lead

to the choice of a shrple five key arrangetent over a more elaborate

keyboard.

DISPLAY

. With the help of divers at the mute Science laboratories at Queenscliff

[3], the requiramts of underwater displays were investigated with regard

to colour, intensity and size. In brief the subjective findings were that

the best viewing colour was red, that the intensity should be low relative

to normal above water viewing and that a good size for comfortable viewing

on the wrist was a character height of 8 Inn.

Like the keyboard the display is totally encapsulated. An aim was to

serially control the display to the number of connecting wires to

the calputer. The FINMAP display (Fig. 4) is Emory mapped with an8—bit

register associated with each of the 18 displayed characters. The display

is switched at 100 Hz with an ’on' duty cycle of 10%. 'Ihe displayed

characters are sent in ’packets' of serial data transmitted at 500K baud.

All the circuitry is constructed in cmplenentary metal oxide saniconductor

((1406) to minimise power consumption.

NAVIGATION SYSTEM

The position of the diver is determined relative to the location of a datum

er, one of a triad of underwater acoustic transponders tethered

sane hundreds of netres apart on the sea floor. The shape and size of the

triad is determined undernode 1., one of the eight modes of operation of

FINMAP. The Forth control word TRIAD is invoked to measure the sides of the

triangle and to locate the X—Y co-ordinates. The transponders upon

receiving an acoustic pulse frm the diver, return corresponding pulses at

three different frequencies. The FINMAP canputer determines the acoustic

travel tine frun each transponder. As sound travels at almost exactly 1500

m/sec underwater, the three distances between diver and transponders can be

accurately determined. The Forth word DIVER then calculates the diver

position relative to the previously determined X—Y oo—ordinates. If

necessary FINMAP can make allowances for both tenperature and salinity, in

selecting the acoustic velocity. If, because of acoustic shielding one or

more transponder signals are not received, an error condition is signalled

and an algorithm is invoked (the Forth word ? Wl-IERE) to best estimate the

current position. .
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The co-ordinate diver location is displayed as two fourdigit decinel

numbers corresponding to units of 10 an. Alternatively diver position can

be displayed in polar oo—ordjnates of radius and angle in degrees. If a

depthtransduceris interfacedtothecmpxterthedepthbelowsea levelcan

also be displayed. It is noted that in principle a three transponder

navigation system can also calculate a depth reading. Humver in normal

shallow water diving conditions the accuracy of the depth measured is' low

and hence in practice a depth transducer needs tolbe interfaced.

APPLICATIONS

,ThemstimportantuseomeMAPisasapormblepersonalmderwater

navigation systa'n. Marine biologists are often required to collect

quantitative data on mvironmental conditions and to sample the many

attributes of individuals, populations,ommmities and ecosystems. The

high degree of variability of the observations requires that proper

statistical techniques be used, with sampling being carried out in a random

manner. Camonly this is done by marking out anunderwater grid with

observations then made at randanly selected grid squares. The process is

time czmsmning and costly.

FINMAP can generate a randan selection of co—ordinates appropriate to the _

area being investigated. The display can be set to sixmltaneously show

selected mndcm co-ordinate positions together with actual position. The

diver swine until the co-ordinates coincide and the sample is taken. If the

transponder locations are fixed the diver can reposition at some later time

and hence make repeated observations.

Any sampling procedures can be offered such as sampling by quadrats. An

elongated rectangle is a typical shape. Quadrats are usually physically

marked out on the sea floor. FINMAP however will effectively produce an

electronic quadrat. A diver simply swims so as to keep one oo-ordinate at a

timeoonstant. Thusadiveris abletoswjmarmmthequadratamiof

course within it. Plotless sampling is easily made available via the ‘

generation of ramiun oo-ordinate pairs. Line intercept techniques are

possible by generating oo—ordinate positions along line transects or if

using the polar oo—ordinate mode, producing lines of constant angle. Any

sanpled data can be input via the keyboard (this is presently done by'slate)

and is stored in canputer mamry together with co—ordinate positions. '

It follows fran the navigation function that mapping is also available.

with a depth transducer interfaced three dimensional mapping is possible.

maps can be automatically created by simply swimming around the perimeter of

the physical feature being mapped or FINMAP can be set to take co—ordinate

readings under the control of the diver. The recorded observations can be

later graphed on display or plotter and of course manipulated and reoriented

by one of the many software graphicspackages. Marine archaeologists should

find this facility of great benefit.
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One of the first applications of FINMAP will be to observe themovement of
the Crom—of—Ihoms starfish on Australia’s Great Barrier Reef. Tiny
magnetic—induction-field opaated transponders frcm System ID [4], preooded
with a unique identifying number, are to be implanted in selected starfish.
The FINMAP ccxnputer will interface to a search coil that will excite the
transponder, detect the returned codenumber thus identifying the starfish,
and record this identity number together with underwaterlocation. Repeated
observations cuter a period of time will helpdetermine the pattern of
starfish movement along areef.

In conclusion it is noted that FINMAP is a general purpose underwater
cunputer. Hence in principle it can be applied to any underwater
application requiring canputer pmer. Thus FINMAP can act as a stand along
underwater personal canputer, it can operate as a data logger, it can
connect to any variety of instnmmtation, digital or analogue, and it can
operate as an underwater controller. It offers both navigation and mapping
andbackonlamlitcandirectlyconnecttohostcomputertouse
sophisticated software analysispackages.

HYPERBOLIC SYNCl-IROMJUS NAVIGATICN

For camercial applications it was considered necessary that more than one
diver be able to sixmxltareously navigate and utilise the PINMAP transponder
system Hyperbolic synchronous navigation, or Hysyn for short, is one of a
number of optimal position fixing techniques being considered for FINMAP
that allows simultaneous diver position fixing. Hysyn- employs a combination
of hyperbolic and real tine position fixing. Using Hysyn a diver carries a
clock that is periodically locked in phase with a syste'n master clock
associated with a master transponder. Hyperbolic position fixing is used to
locate the position of a diver relative to the master acoustic transponder
acting during this activity only as an acoustic projector. The master
projector excites the other FINMAP transponders which respond with acoustic
replies after known tine delays. The hyperbolically detennined position is
compared with a real time position calculation and the diver clock adjusted
so that both positions equate. This effectively locks the diver clock in
synchronism with the master systen clock. Calculation of a diver's position
by the FINMAP microprocessor can now proceed directly using real times
without recourseto time differences and hyperbolic calculations.
Periodically thediver clock is re—synchronised using a hyperbolic
calculation. The establishment of a cannon clock for all divers, in
synchronism with a master clock, also allows data transmission between
divers and divers andany surface vessel duringagreed upon time slots.

mums

P.C. smith, IIiechnical Officer; Steven Kok, postgraduate student; Ian
Kaminskyj, postgraduate student.
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R.L. Mansfield, B.K. Gazey and B.V. Smith.

Dept. of Electronic and Electrical Engineering,
University of Birmingham, England.

INTRODUCTION

There has been a continuing interest shown in the literature [1,3,5] in diver
navigation systems. This present paper describes a real time, self contained,
battery operated, personal diver navigationsystem. In addition to functioning
as a ship guidance system for use in difficult waters it also offers modes for
shallow water sea bed surveying with consequent applications in mapping
archaeological sites, oil rig sites, harbours, sea shores and estuaries. In
operation a hand held interrogator unit enables a free swimming diver to obtain
precise positional information relative to two transponder base stations
deployed on the sea floor. Although the use of only two base stations has
consequent operational restrictions it has never the less proved suitable for
specific applications. Depth and positional information relative to these fixed
base stations are stored at regular intervals in the diver held interrogator
unit under micro—computer control for later retrieval. Range is measured
conventionaly in terms of the round trip flight time of a short duration sound
pulse between the interrogator and the activated transponder. Depth is measured
using the pulse echo principle. This allows specified sites on the sea bed to
be surveyed enabling depth contour lines to be mapped. If required both battery
operated base stations can be left in position, in an automatic shut down mode,
for later navigational use. Results obtained with a prototype system in a
flooded quarry are presented and confirm the feasibility of the method.

PRINCIPLES OF OPERATION

The main problems envisaged with an acoustic navigation system of this type is
in its operation near the water surface and in areas of shallow water. The
signal processing involved willhave the task of discriminating between sonar
pulses and the combined effect of ambient noise, reverberation and, in
particular, multi—path effects. A long baseline system (LBL) can be utilised
for accurate navigation in areas of shallow water, positional information
being determined by multiple range measurements. The accuracy of this LBL
system relies upon the estimation of sound speed in water and the accuracy of
emplacement of two transponders in line of sight with each other. The advent of
'intelligent transponders enables transponder baseline distances to be
independently established.

In operation one of the base stations, for convenience termed the slave, is
deployed on the sea—bed at a desired location. The diver held interrogator unit
is switched to mode one which gives the range between the interrogator unit and
the- slave base station. The diver then deploys the second base station, for
convenience termed the master base station, using the interrogators visual
display to give an estimate of its range from the slave base station. To obtain
precise baseline information the interrogator unit is switched to mode two and
plugged into the master base station via anumbilical link (figure 1A). The
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master base station transmits a frequency, Fa, which the slave base station

replies to at its own individual frequency, F). The range data thus obtained is
transferred to the interrogator unit via an optical data link. The depth of
water above the base stations is recorded at the time of transponder deployment
and used to compute surface ranges from slant range data. The interrogator unit
is then disconnected from the base station and switched to the survey mode,

illustrated in figure 1B. The surface swimming diver follows a pre-determined
path with the aid of positional information received, andthe interrogator unit
automatically records and stores at regular intervals transponder range and
water depth measurements. These can also be visually displayed. With this
information available to the interrogator, the x,y co-ordinates of the diver
with respect to the transponders can be computed. If required both base
stations can be left in position on the sea-bed and switched to a low-power,
shut-down mode ready for reactivation by the interrogator unit.

Applying the sonar equation

The electrical power that must be supplied to produce a specified

signal-to-noise ratio can be deduced from the one-way active sonar equation.
The following operational criteria were chosen:-

maximum range‘ = 700 at
nominal operating frequency = 50 kHz ,

An operating frequency of 50 kHz was chosen due to the availability of
transducer elements and from considerations of attenuation and noise. The three
signal frequencies have to be contained within the 3 dB bandwidth of the
transducer element. A separation of 3 kHz between each frequency results in Fo
being 50 kHz, Ft, [.7 kHz and F2, 53 kHz. The required source level, SL,
expressed in dB is then defined:—

SL=SNR+TL+(NL—DI) (1)
Where: SNR= signal-to-noise ratio '

TL = transmission loss
NL = noise level
DI = directivity index of receiver

Calculation of receiving directivity index.
A cylindrical transducer working at 50 kHz with an outside diameter of 25 mm

and a length of 50 mm (see equipment design) will radiate uniformly in the
horizontal plane and have a 35 degree, 3 dB, beamwidth in the vertical plane,
determined by the finite length of the cylinder. Assuming that the length of
the cylinder is much greater than one wavelength (A) then the directivity
index may be approximated by:-

DI = 10 log (2 1/ A) (2) '
Where 1 is the cylinder length. Substituting values gives an approximate DI of

5.2 dB. As a single element will be used for transmission and reception the
above directivity index will apply to both. '

Noise level.
Very. little data is available for shallow water conditions and coastal areas.
In such locations the noise is likely to be impulsive and highly variable.
Consider an estimated worst case noise spectrum level of:

-108 dB rel. 1 Wm'zfiz"
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'The above noise spectrum level is taken from data for noise spectra in coastal
locations'with a wind speed of 40 knots [A]. '

The interrogators transducer transmits at F0 and receives at F; and F2. Let
each channel have a bandwidth of 2.5 kHz.
Therefore the noise in a 2.5 kHz bandbecomes: NL = -74 dB rel. 1 Wm“2

Transmission loss. .
The transmission loss is a function of geometrical spreading (assumed to be
spherical for worst case conditions but in practice probably less) and
absorption. Spherical spreading results in the energy being spread over an area
proportional to r2, where r is the range. For a one-way trip from array to
target the transmission loss is given by:

TL = 20 log(r) +=Kr (3)
Where =K is the absorption coefficient in dBm".

At a frequency of 50 kHz theabsorption coefficient is approximately 0.01dBm‘l
Therefore TL = 64 dB .

Signal-to-noise ratio.

During one survey operation the system can store a maximum of 4000 transponder
range measurements. At maximum range the signal-to—noise ratio was chosen such
that the system would tolerate one undetected pulse per survey, giving a
probability of detection of 99.97 X. It was decided that 1 x 10‘6 would be an
acceptable probability of false alarm and from the
receiver-operating-characteristics this predicts that a signal-to-noise ratio
of 16 dB is necessary.

Substituting the above into the sonar equation gives a required source level of
0.77 dB rel. 1 Wm‘2 at 1 m range. The source level, which is a measure of the
intensity of radiated sound, may be defined for a directional array as:-

SL = 10 log (1/41!) + 10 log ( W ) t 10 log ( DI ) (4)
Where w is the acoustic power. Therefore the transmitted acoustic power for a
signal-to-noise ratio of 16 dB is approximately 4.5 watts. ‘

Positional accuracy

The range of the diver to each transponder is found by measuring the time
interval between transmission and reception of an acoustic pulse, from which
range is calculated assuming a knowledge of the sound speed in water. An
approximate local sound speed in water is calculated by temperature measurement
to better than 1°C. As the water temperature is likely to change during the
exercise it will be monitored at regular intervals and used to calculate the
speed of sound according to an equation given in reference 4. Figure 2 shows
contour lines of equal error for a range resolution of 0.3 m and a sound speed
uncertainty as a result of temperature measurement with a 1°C maximum error
[2]. Although this plot does give an indication of positional errors in
practice the front end amplifier will be driven into saturation resulting in a
much reduced range resolution error (see equipment design).
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EMPMENT DESIGN

The detection circuitry has the task of discriminating between sonar pulses and

ambient noise. The ambient noise level is likely to have a steady state content

and an impulsive content, which will be considered individually. In order to

avoid multi—path signals only the first threshold crossing in a given ranging

cycle is considered. At maximum range the signal-to—noise voltage ratio has

been estimated at approximately 16 dB, this being significantly improved at

closer ranges. It can be seen from figure 3 that the signal-to-noise ratio

(SNR) for a given threshold level determines the range resolution as _a ‘

consequence of the timing error. Thus, a high signal—to—noise ratio results in

an improved range resolution.

For a fixed threshold level a low ambient steady state noise level will allow a

high amplifier gain to be used thereby improving the range resolution without

compromising the systems discrimination. As the steady state noise level is a

variable parameter, then the receive amplifier is fitted with an automatic gain

control (AGC) which can be varied accordingly. A measure of the ambient noise

can be obtained by its progressive amplification up to a pre—set noise

threshold level (figure 1.). The signal threshold level can now be set relative
to the noise threshold level to accommodate the worst case signal-to—noise

ratio. It will be assumed that both the transponders and the interrogator unit

will detect the same level of ambient steady state noise and therefore apply

the same amplifier gain. -

 
The ambient noise is likely to have a significant impulsive content during

shallow water exercises. Thus by choosing a long pulse length detection period

the much shorter impulsive noise signals will be rejected. This will have the

effect of reducing further the probability of false alarm.

Amplifier gain

The received signal in the water at the interrogator and the transponder has an

intensity, I, given by:
I = SL _ TL . (5)

Which gives: I = —63.2 dB rel. 1 Wm“? = 0.1.8 x10'e Wm-2
Also, I = PEP—m" (6)

Where: P = Acoustic pressure (Pa)
fi= Density of water (103 kgm'z)
c = Nominal velocity of sound (1500 ms")

Therefore the pressure, P, = 0.848 Pa

A typical value for the receive sensitivity, M, of a capped tube = 150 pVPa".'

Therefore the r.m.s. received open-circuit voltage, Vwctm.” for a pressure

of 0.1.84 Pa becomes 127 pl], i.e., the peak value, V.,c.....k,, = 180 pV. Hence

for a 5 V supply rail a receive amplifier gain of approximately 89 dB is

required.

Electronic Design

Figure 5 shows, in block form, the complete interrogator unit. Transponder

range information is obtained by measuring the time interval between

9 9
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transmission and reception of an acoustic pulse, found by counting 50 kHz
cycles using a 16-bit software counter. The transmitted signal is fed into a ’vmos f.e.t. and then transformed using a step—up voltagetransformer, this
being matched to the transducer element. The transmitted 50 kHz pulse isreceived by both transponders who in turn reply on a frequency individual to
that transponder. If the interrogator has not received both transponder reply
signals before the counter overflows then the operation is aborted. This cycle
is repeated every 5 seconds. The received signal is fed into an automatic gaincontrol (AGO) amplifier before being heterodyned up to 455 kHz. The two
unwanted frequency components, i.e. Fu andF; or F2 are filtered out using a
narrow band 455 kHz ceramic filter. After rectification the signal is putthrough a threshold detector which in turn triggers the micro-computer. A
decision can then be made as to which of the two transponders is transmitting,
i.e. frequency F1 or F2. In order to discriminate against impulsive noise that
may have tripped the threshold detector, the pulse will be sampled several
times before a decision. is made as to whether the signal is a valid return or
noise. If valid, the micro-computer stores the appropriate count number. This
sequence is repeated for each of the transponders. All accumulated data isstored in a 32k byte cmosram chipI six bytes being allocated to each system
operation.

Upon receipt and storage of both transponder reply signals the counter is reset
and used to measure the flight time of the depth sounder pulse. The maximum
working depth for the echo sounder is not expected to be greater than 30 m. The
operating frequency of the depth sounder can be increased resulting in animproved range resolution. An operating frequency of 455 kHz enables the
receiver circuit to use 455 kHz ceramic filters without the need for
heterodyning. A 15 degree, ,3 dB, beamwidth was used to give adequate groundcoverage. Figure 6 shows, in block diagram form, the complete depth sounder
unit. The depth sounder is packaged with the interrogator unit and is
controlled by the interrogators micro—computer but forclarity has been shown
in isolation.

Figure 7 shows, in block diagram form, the base station unit. Both transponders
receive pulsed signals at 50 kHz andreply on one of two possible frequency
channels i.e. 47 kHz or 53kHz. The master base station is also able to transmitat 50 kHz (Fe) and receive at 47 kHz (F1) for communication with the slave base
station in order to obtain the baseline range (see figure 1).

Transducer Design

A thin walled tube was selected for both the transmitting and the receiving
elements. The two main modes of resonance in this case are the radial and the
length mode. The equation for these modes can be solved for different
length/radius ratios. Using this equation _and avoiding the critical region
where the length resonance approaches the radial resonance, tube dimensions for
an operating frequency of 50 kHz were selected. This resulted in a tube of
dimensions 25 mm in diameter and 50 mm in length. The tubes were capped and
encapsulated in epoxy resinwhich gave the transducer a final resonant
frequency of 49 kHz and a bandwidth of 8 kHz.
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A prototype of the equipment described was used for a preliminary survey of an
area of a flooded quarry at Dosthill, Tamworth. The survey wascarried out by
towing the interrogator unit behind an inflatable boat. The base stations were
deployed on floating platforms securely anchored at fixed positions. During the
survey the boat was rowed along the track shown in figure 8c and data collected
at '360 points. It can be observed in figure 8c that there was one sharp
deviation from an otherwise smooth track, marked by the letter X, this was

attributed to a false alarm.

The data collected by the interrogator unit was later downloaded onto a
Honeywell main-frame computer and analysed to produce a threedimensional and
depth contour plot of the area. These are presented in figures Ba and 8b.
Although this quarry has not been previously mapped in detail the survey would
seem to have produceda plot which is consistent with what is known about the
area.

CONCLUSION

This paper describes a portable system for personal diver navigation and
sea-bed surveying in prescribed areas of water. The hand-held, mobile,
interrogator unit collects, stores and displays depth readings and precise
positional information, obtained from two fixed transponder base stations, for
later computation. Data is presented from a trial with a prototype of the
equipment at a flooded quarry. Processing of the data has allowed evaluation of
the equipments performance in underwater surveying and confirmation of its
design. This divers aidhas important applications in underwater archaeology,
marine biolog and geology, as well as uses in guiding and searching
operations.
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ABSTRACT

This paper describes UPOS, a hydroacoustical system for three—dimensional, real—
time position fixing of submerged objects. Originally it was designed for
positioning and precise tracking of moving models in a research tank, the
maximum range approaching 100 meters. Some of the most important design criteria
were positioning of free running objects, sub-mm resolution, mm—range precision,
high sampling rates (10 Hz), configuring flexibility, modular construction and
to a maximum degree self calibrating.

To allow these rigid spesifications to be met. UPOS utilizes long proven,
conventional techniques along with new technology. The hardware is built around
a VHE multiprocessor system although the concept is essentially independent of
processor or bus structure. The complex handling of a maximum of 96 detections
per sampling is secured by using modern FIFO components. PALs with up to 1800
gates are used where ever the constrainment of circuit complexity and space
limitations dictate it.

The unique modular construction and design simplicity of UPOS invites to any
configuration of number of hydrophones and frequency or time multiplexing within
the frequency range of several octaves. A majority of these features are
software controlled. ‘

The mathematical processing of acoustical data is comprised by three main parts;
calibration of the system, synchronizing the system timebase and real time
positioning.

The UPOS system has greatly benefitted from the participating engineers and
researchers' experience with satellite navigation software, real—time processing
and hydroacoustical systems.

INTRODUCTION

In the spring of 1986, IKU, Department of Exploration Technology, was asked by
MARINTEK, a second SINTEF institute, to undertake a very significant part of a
new instrumentation project at their ocean laboratory site in Trondheim. The
intentions of the project may be summarized as that of providing an integrated
tool for testing submerged models in the Ocean Laboratory basin offering much
the same properties as the then already existing fascilities for surface models.
Hain objectives had already been pointed out to be positioning of models and
communication between model and data acquisition equipment.

The'various backgrounds at IKU that facilitated participation in the project
were various work within hydroacoustics, sub—sea position fixing and electro—
magnetic propagation. At a later stage, recent experience with the development
of the Navstar [1] based DIFFSTAR [1] navigation system contributed largely to a
healthy course of the project.
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The story about UPOS begins back in 1981 when a hydroacoustic positioning system

for HARINTEK was developed over a very short period of time in order to carry

out a model experiment involving some slowly moving offshore structures. This

system employed no processor system, had a very simple interface to the host

computer and provided no software controlled parameters. However, practical

experience with this system showed good resolution and accuracy in the sub-cm

range. A hydroacoustical positioning system had therefore to be strongly

considered when feasibility studies incorporating the various instrumentation

requirements were carried out during spring and summer of 1986 [2].

The concepts for a positioning system reviewed were different configurations of

hydroacoustic equipment, but also the use of radio frequencies (VHF) and the use

of laser technology was covered. Briefly summarized, specifications- were;

accuracy to a few mm, six degrees of freedom, ability to upgrade to 10 Hz

sampling rate, auto calibration and ease of operation. Considerations of

dynamics were not exact, but the aspects of models turning 180 degrees in 2

seconds had to be taken into account.

The evaluation concluded that a hydroacoustic, puls—based hyperbolic three

dimensional positioning system could be realized within the time and finances

available. Designing and developing UPOS consequently commenced august-september

1986.

MEASUREMENT SYSTEM SPECIFICATIONS

In order to anticipate the various possible model experiments at MARINTEK

laboratories, the UPOS system had to meet some basic requirements.

. Positioning should be global meaning that the entire basin measuring 80 by 50 by

10 metres could be covered without rearranging equipment or having to interrupt

experiments. This calls for adequate signal to noise ratios over transmission

ranges in excess of 90 metres. It also makes multipath conditions a worst case.

On the other hand, this specification has led to developing more of a general

purpose instrument than would have been the case if only local coverages had

been chosen.

Accuracy down to a couple of millimetres would be required for some purposes.

Systems had to operate without electrical connection to a free running model.

In addition to the three transmitters required on the model to enable compu-

tation of heave, roll and pitch, a fourth transmitter was requested for cases

with chained models.

Limited by multipath noise, using three transmitters in time multiplexing the

total sampling rate could not be expected higher than 3 Hz. Sampling rates in

the order of 10 Hz can then only be realized using frequency multiplexing of the

pingers. Since UPOS was to meet future requirements for higher sampling rates

and increased overall accuracy, a modular system evolved, incorporating four

frequency multiplexed channels.

UPOS had to be a self calibrating system that could be operated by most members

of the staff. This implicated that all hydrophones other than those serving as

precalibrated references should be calibrated each time the system
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was initiated. Clocks in the model transmitter and the receiving equipment had
to be automatically synchronized and kept in a constant phase relationsship
throughout a typical test period of several days without the aid of a direct

connection between them. '

SYSTEM DESCRIPTION

System Outline

As shown in Fig. 1 UPOS consists of fixed hydrophones at different sites around
the basin. The object to be tracked carries a four channel transmitter with from
one to four active transmittinghydrophones depending on the type of measurement
to be performed. The fixed hydrophones are equipped with bidirectional
preamplifiers allowing transmitting and receiving through the same hydrophone.
This is accomplished using only standard coaxial connections to the
preamplifiers for simplicity and easy maintanance, see Fig. 2. v

TVG amplifiers, detectors and calibration transmitter are housed in one cabinet

allowing the most critical analog circuits to be physically located
independently of the rest of the equipment. The cabinet allows for 24'hydro—
phones in 4 channels. This requires 96 TVG amplifiers and 96 detectors. TVG
amplifiers are divided into 12 Single Euroboards, each with 8 amplifiers
handling 2 hydrophones, each with 4 separate channels. Detectors are divided
into 24 single extended Euroboards. One board handles 4 different hydrophones on
the same frequency channel. A calibration transmitter power amplifier can be
switched to any of the hydrophones. Selections, TVG, listening windows,
detections and transmitter exitation are passed between this cabinet and the
processor cabinet by various cables that may approach a length of 30 m. A three
wire synchronous bus is used to control the listening windows of the detector
system. R5422 interface is extensively used.

The processor cabinet consists of two parts; the VHE bus and the Motorola I/O
bus. Interfaced to the I/O bus are the trig board and the receiver boards. 0n
the VME bus are the I/O cpu board, the cpu boards for mathematical processing
and the inter cpu driver board. Each receiver board can handle 8 individual
incoming detections. The 1/0 cpu communicates with the math cpu's via the VHE
bus. The 1/0 processor also handles cemmunication with the external host
computer through a gpib interface card.

The prototype

The prototype of the system which already has been undergoing some important
initial testing is fitted with sufficient components to support 4 transmitters
in a time multiplexed configuration using up to 8 fixed hydrophones. The first
position tracking trials were done with only 4 fixed hydrophones used each time.
Expanding the prototype is made easy by the modular design and can mostly be
realized by adding plug in boards since all necessary hardware and wiring are in
place. Working frequency of the prototype is 140 kHz.

Design solutions

Various methods of synchronizing the clocks of receiving and transmitting system
'were reviewed. The principle chosen uses stable clocks (max. 10 ppm) and phase
locking of the timebase in the receiving system based on feed back from the
mathematical processing.
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Calibration software utilizes the ability of pinging with any of the fixed
hydrophones. For this purpose both pinger frequency and power are software
controlled. This allows reversable distance measurements between any two
hydrophones and permits echo sounding measurements to water surface and bottom
of basin (Calibrate).

Detectors have approximately a 15-20 dB adaptive range in addition to tvg—
regulation: This enables detections with still unknown transmit trig time and is
fundamental for detecting when listening windows cannot be predicted, as is the
case during synchronization of timebases (Initmob).

To allow future improvements of sampling rates it is required that the pingers
can operate simultaneously on separate working frequencies. Each fixed
hydrophone should be able to listen to all 4 pingers but detect them
individually. Therefore the mobile transmitter is an extensive design using five
PAL circuits, yet all is realized on a single eurocard including power output
stages. It secures full synchronous operation of all four pingers while

permitting independent choices of frequencies, pinging sequences, ping—rates and
burst lengths. Thus, the receiving equipment can be expanded to 4 different
frequency channels from low frequencies and up to 600 kHz. Selectivity is
provided for by analog filtering in order to exclude typical noise accossiated
with the use of digital filter types in weak signal applications. This allows
for simultaneous pinging and independent detection of up to 4 pingers.

Preamplifiers incorporate a T/R switch to enable pinging and receiving with the
same hydrophone and cable. ‘

Switching control of listening windows are sent on a serial synchronous bus from
receiver cards to the detectors, one of the receiver boards being the master.
This results in simple cabling between' the cabinets for the 96 possible
individual window settings.

Analog design

Spherical hydrophones of 1/2 inch diameter and resonance frequency at 140 kHz
were chosen mainly because of their ruggedness and tollerance to rough handling
as would be the case of a protype system. Signal to noise ratios may be optimal
when both pinger and receive hydrophones are operated at resonance. The most
serious drawback is that all hydrophones should be closely calibrated and

' selected to avoid unwanted signal variations caused by operating near resonance
frequency. ‘

The dynamic range of the TVG regulated amplifiers and preamplifiers are tailored
to a range of maximum 100 m and is in excess of 40 db but can be made larger. In
addition there is a 15 db dynamic range from the adaptive principle of the
detectors. This is achieved by” sampling pulse amplitudes within >1istening
windows. The result is a selfstarting detector which very easily locks to the
directly travelling pulse.

Digital design

Each detector board hosts 4 analog channels and considerable digital circuitry
i.e. one large PAL for decoding the serial window setting informa

109
Proc.|.O.A. Vol 9 Pan 4 (1987)   



 

Proceedings of the Institute of Acoustics

UPOS, A HYDROACOUSTIC POSITIONING SYSTEM FOR HIGH PRECISION AND LARGE DYNAMICS

tions. The board has been successfully realized with four layers in order to

avoid onboard noise and crosstalk. The Trig card uses conventional counters and
the processor clock to provide a system trig at the same rate as the model
transmitter and synchronous with the processor system and system time. A

special register allows the trig counter rate to be altered with 62.5 ns
resolution permitting software to phase lock the receive system with the
transmitters. Other circuitry are TVG generator, function generator for cali-

bration transmitter exitation and control logic. The Receiver board uses a 24

hit counter to measure distances and the results are stamped and stored in FIFO
memory where it is read by the I/O processor. Each receiver board handles 8
detections and times 8 window settings to the respective detectors. Both boards
uses the available interrupts on the I/O bus. A few of the various boards are

shown in Fig. 3.

ACCURACY CONSIDERATIONS

with a system resolution of 9/100 mm and application of zero crossing detection,

the accuracy of the distance readings is mainly determined by signal to noise
ratio. Calculations have shown that mm precision can be achieved with less than

100 v p~p applied to a spherical hydrophone with the given ambient background

noise level. Optimizing for very short pulses prevent multipath distortion in
some critical conditions. Fig. 4 illustrates some relationships -between
hydrophone geometry and redundancy. Erroneous detections degrade overall
accuracy but the extensive redundancy from a large number of detections limits
this influence. The chance of window predictions being upset by errancy' is

extremely small since they are a result of xyz precision.

POSITIONING SOFTWARE

This software is installed on a separate cpu board for mathematical processing.
The design of the software allows parallel processing on several cpu boards in
order to effort real—time processing even for higher sampling rates.

The programming language is Standard C. However, functions for matrix operations
and calculations are recoded to Assembly in order to minimize the processing
time.

Calibrate/newref

This program supports the self calibration mode. Distance counts between all
hydrophones connected to the receiver are used after being prefiltered. A
minimum of four hydrophones serve as accurately positioned references. In the

Least Squares Adjustment routine the following parameters are estimated:

- acoustic speed in water
- x, y and z (Cartesian coordinates) for receiver hydrophones with

unknown position
— variance for acoustic speed and x, y and z
— variance for distance measurements

No approximate positions are required for receiver hydrophones with unknown
position.
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Initmob

This is the start procedure for the positioning of the transmitter hydro-
phone(s). The program solves two essential tasks:

— finding the start position for the transmitter hydrophone(s)
- synchronizing between time base of pingers and receiver time base

No approximate positions are required for transmitter hydrophones. However, the
approximate sampling rate have to be known (boot parameter).

Poscalc

when initmob has been run, this main positioning software undertakes the real—
time position estimation and support. The algorithm is a 8-state Kalman filter
for each transmitter hydrophone. The states refers to the system time when the
signal is transmitted:

- x, y and z ): models position states
— vx, Vy and vz ): models velocity states
— b and vb ): range bias and clock drift

The two last states are common for all transmitter hydrophones since they are
controlled by the same clock.

The System noise appears in two different ways:

— time exponential aging of the covariance matrixes
— noise calculation based upon the residuals of the measurements

Using these thecniques allows both apriori optimal tuning of the filters, based
upon the models and the clocks dynamics, and real—time tuning.

The program forces the range bias to zero by controlling the receiver. This
gives more confident estimation of the listening windows for the receiver
channels.

The software in the UPOS system is made flexible and supports many model
configurations and gives the possibility to estimate a rigid models’ all 6
degrees of freedom when at least 3 transmitters are located on it. The Kalman
filter gives complete covariance matrixes and allows the user to effort
intelligent processing on his own computer.

INITIAL SYSTEM TESTS

Results from the first laboratory tests confirms the expected performance of
UPOS. Figs. 5 and 6 show results from a dynamic test; circular motionusing one
pinger with a radius of 1.0 m. The test was carried out with only 4 reference
hydrophones and a Sampling rate of 2 Hz.

Fig. 5: Fig. 6:
Perisph. vel.: 0.4 m/s 1.4 m/s
Centr. acc.: 0.2 m/s2 2.0 m/s2
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The graphic presentation is disturbed by straight line drawing from one

position fix to another.

CONCLUDING REMARKS

It remains to complete the test program which include tracking a ROV with

improved accuracy and determining six degrees of freedom. Restricted pro-

ject economy has temporarily postponed these concluding trials, however,

results so far have clearly demonstrated that UPOS will fullfill most of

its goals.
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Figure A. System precision versus Ky position with pinger at 1 m depth.
Squares equal total distance measurements precision and show
hydrophone positions on walls and floor of tank. Total depth is
10 m.
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“ACCURACY PREDICTION FOR DISTRIBUTED TRACKING SYSTEMS

A.J. Fenwick

SW5 Computing Consultants Ltd, Leswalt by Stranraer, SW Scotland

INTRODUCTION

The results to be presented in this note are the outcome of a
study which'was begun at Thorn EMI, Naval Systems Division, aimed
at producing better methods of assessing the accuracy of tracking
systems. The study was prompted by the need to analyse the error
performance of different range configurations during the prepar-
ation of proposals. The use of existing methods involved extens-
ive and time consuming numerical calculations.

The purpose of a tracking range is to locate an object which may
be moving, within a volume of water. The type of system under
consideration here comprises a number of receivers, transmitters
or transponders located at fixed and known positions. The dis-
tances between the object and those positions are measured and
then converted into X,Y,Z position or range and bearing, by a
suitable numerical transformation carried out by a computer.
Distance may be found by measuring the time taken for pulses to
travel between the object and the known positions, and then mul-
tiplying by the speed of sound.

Two key aspects of tracking range performance are the time to
produce a fix, and its accuracy. The calculation time becomes im-
portant if the object is moving quickly. In underwater applicat-
ions, however, speeds are low, the update rate does not need to be
high and finding a computer which can handle the data collection
and transformation tasks in real time should not be difficult.

A number of factors determine accuracy, some largely under the
control of the designer, others uncontrollable and perhaps unpre-
dictable. In the first category are the minimum increment in
time, and the numerical precision of the algorithm. In the second
are the true value of the speed of sound, and its variation from
day to day and from place to place on the same day. The distri-
bution of the datum positions throughout the water volume, and the
accuracy with which they can be specified also affect accuracy.
Ideally the distribution is controllable, but in practice it may
be restricted, for example by features on the sea floor. '

Accuracy may be assessed by modelling the errors in observed V
variables and applying the numerical transformations which convert
travel time into the desired co-ordinates. Particular values may
be assumed for the errors, in which case exact knowledge about
performance under one set of conditions is gained, but a number of
carefully chosen cases must be studied to form an overall picture.
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Alternatively, the errors can be assigned appropriate statistical

distributions, and average values and the scatter of fixing error

found over a number of trials. As the error distributions will

vary with the environmental conditions, this process must be

carried out a number of times also. with either method, the

amount of calculation required is considerable.

The metnoo outlined in this note is to determine upper limits on

the accuracy which can be achieved for known levels of errors in

the data. The use of the method is demonstrated for a two dimens—

ional tracking range with three datum positions, using a specific

transformation of the distances, but the principles can oe applied

more generally.

MATHEMATICAL DISCUSSION

If the distance between a fixed point and a variable one is known,

the variable point lies on circle whose centre is the fixea point.

When the distances to several points are known, the unknown

position is located by finding the intersection of circles centred

at the known points. More than two distances must be known, as in

general, two circles intersect twice, but if there are no measure—

ment errors, tnree circles will intersect at a single point.

Errors will shorten or lengthen the circle radii, and instead or

three double intersections and one triple intersection, there will

be six double intersections (see fig 1). The problem is to make

an estimate.of where the true position of the object is.

1 .. 3 be the known co-ordinates,Let (xi,yi),i

(X, y) be the unknowns,

ti i = 1 .. 3 be the measured travel times, and let

ci ' = l .. 3 be the speeds of sound along each path.

Then

2 2 _ 2 . _
(x xi) + (1 yi) — (citi) 1 — l .. 3 (1)

Solution
It is a fairly obvious first step in finding the unknown coord-

inates, to remove the squared terms in the unknowns by subtracting

pairs of equations. Thus, taking the first ano second equations,

and the second and third equations,

. _ 2_ 2 2_.2
(x1 — x2lx + (y1 - yzly — 0.5(rl r2 ) + 0-5(d2 d1 ) (2a)

_ 3_ 2 2_ 2 .
(x2 - x3)x + (72 - y3ly - 0.5(r2 r3 ) + 0.5(d3 d2 ) (2b)

. 2 _ 2
where ri — (citi) (3)

2 _ 2 2di — xi + yi (4)
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For simplicity, choose the origin to be the circumcentre of the

triangle. Then all the distances are equal and the second term on

.he right hand side of the equation disappears.

These equations are straight lines passing through intersections
of pairs of circles and are the common chords of those circles.
Note that any two pairs of equations from the set could be chosen,

but that forming a third equation from the remaining pair gives no

new information. The third line passes through the intersection

of the other two.

When there are no measurement errors, the lines intersect at the

triple circle intersection. Provided errors are small, the

solution of the equations which gives the intersection of the

chords is a good working estimate of the position cf the object.

The chord equations can be represented in matrix form by

Ax = b

where A is the matrix of coefficients, x is the vector of unKnowns

ano b is the vector containing differences of measured distances.

The solution of these equations, Which is the common chord

estimate of position, is then given by

-i
x = A b

-l v , ,
where A is the inverse of A.

Allowing for errors in the data, the equations Can be written

(A + E)y = b + f

where E is the matrix Containing the errors in soecification of

datum positions, and f contains the errors in measurement of
distance.

The error in the fix is the difference between the solutions of

the ideal and actual equations

x — y = A_l‘o — (A + E)_l(b + f)

(Ex - f) I (5)u > + t”

ACCURACY ANALYSIS

The error performance of a tracking system can be specified in

terms of the length of the error vector x - y throughout the

range coverage. Starting from equation 5, the upper limit for

fixing error is found in terms of the norms of the input matrices

and vectors expressing the measured values and their errors.
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A vector norm is a generalised measure of length, and with it is

associated a matrix norm, as discussed in [1]. There are many

norms, but the appropriate one for this analysis corresponds to

the usual definition of vector length,

2 2 0 5len = (x1 “<2;-
The associated norm for a matrix'Ar ||A||, is shown in [l] to be

the largest eigenvalue of the the matrix ATA.

Following the analysis given in [1], it can be shown that if the

data errors are small, the relative error in a fix satisfies

'IIX'YH/IIXH 6 IIAIIIIA-llHllEH/HAH * Ilfll/llbll) (6)

The quantity |1A||||A_l||, known as the condition number of A, and
written K(A), determines the sensitivity of the range to measure-

ment errors. It is not dependent on any of those errors, but

scales their effects. Range datum geometries with large condition

numbers will be more sensitive to measurement error.

This inequality relating input and output error can be used to

determine the performance of a tracking range. The condition

number, and the position uncertainty term need only be calculated

once, leaving just the effects of varying the distance measurement
error to be considered in detail. '

PERFORMANCE OF A 2-D RANGE WITH THREE DATUM POSITIONS

To demonstrate the use (6), first the condition number for a 2-D

range with a triangular arrangement of datum positions will be

' found, then the effects of errors in the speed of sound and travel

times will be investigated.

Condition Number
In the particular case under consideration, it is possible to re-
late the sensitivity to the properties of the datum triangle in an

explicit way.

First, after calculating ATA, it can be shown that its character-

istic equation is

2 2s - (11 + 122)s + (1 sin(th))2 = o112
where 11 and 12 are the lengths of two sides of the triangle

and 'th' is the included angle. The norm of A is the larger of

the two solutions of this equation and the condition number is
their ratio 11]. The roots can be expressed as the product of a

length squared with a term depending only on the length ratio and

the angle, and hence the condition number is independent of the

11
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size of the triangle, being affected only by its shape. Let

the ratio between the sides be r = 11/12, then

2 + [(1 + r2)2 — (2r.sin(th))210'b ]

+ [(1 + r2)2 — (2r.sin(th))210'512/(2rsimth))2 (7)

IIAH = (12mm + r

KtA) = [1 + r2

Equation 7 is plotted for different values of 'r' and 'th' in figs
2A and ZB, and it can be seen that the condition number has a
minimum of 1 for r = 1, th = 90. In this case, the datum triangle
is right-angled and isoceles. When that shape is distorted, the
condition number increases and the fixes are less accurate for a
given set of measurements. Long narrow triangles Show greater
sensitivity to data errors than more symmetrical arrangements.

There will be in general, tnree condition numbers associated with
a triangle, but only two if it is isoceles, and one if it is equi-
lateral. For an isoceles right angled triangle, the two condition
numbers are 1 and 6.85. For an equilateral triangle, the condit—
ion number is 3. with an arbitrary triangle, since the choice of
equations to solve is arbitrary, it is better to choose the two
equations which give the smallest condition number to take advant—
age of the lower sensitivity to error.

Measurement Errors
Datum Position Error. From the limit on relative error (6), it
can be seen that errors in specifying datum positions induce a
relative error in the fix which is constant over the range, and
hence the absolute error increases away from the origin.

Speed of Sound and Timing Error. Allowing for a bias of dc in the
speed of sound, and dt in the time measurements, the relative error
in distance measurement is (dc/c + dt/t). The relative error in a
fix induced by speed of sound error is also constant, whereas travel
time error induces a relative fix error which decreases away from
the origin. '

These predictions are compared with the behaviour of the actual
errors for an equilateral triangle in fig 3. The fix errors are
plotted at points equally spaced throughout a square with the
origin of co-ordinates at the intersection of diagonals. The
error magnitude is assigned to one of sixteen bands represented by
the characters 0 — 9, A - F, with '0' being the lowest.

Fig 3A shows the relative fix error for a bias of 1 in 103 in
timing and as predicted, the error decreases away from the origin.

Fig 3B shows the absolute fix error for a bias of 1 in 1.5x103 in
assumed speed of sound.. This plot exhibits an error increasing
away from the origin in proportion to range, which is also in.
agreement with the prediction.
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DISCUSSION

The analysis has shown that the effects of the various sources of

input error can be separated, and for small errors, the contri—

butions from datum position uncertainty, speed of sound and

timing, add to-gether.v The range datum geometry has been shown to

affect sensitivity, and this has been quantified.

These results allow a quick assessment of the importance of the
different errors, and first choices of range parameters may be

made without extensive numerical computations. If followeon

calculations are required, this type of analysis can be used to

direct attention to the more important cases and so improve the

efficiency of a more detailed study. '
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FIG 1 POSITION FIXING BY MEASURING DISTANCES
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FIG 2 v EFFECT OF TRIANGLE SHAPE ON THE CONDITION NUMBER.
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INTRODUCTION

Early seismic surveysI primarily conducted for research, used asingle towed
acoustic source and a separate towed receiver. Signal processing was limited
to analogue circuits providing a single trace, recording echos from the sea'
bottom and from the underlying geology. The quality of the data was extremely
poor and provided little information for interpreting the structure.

By replacing the single receiver with a series of receivers at regular
intervals (forming a streamer), a more complex picture could be produced.
Whereas the single receiver produced a single trace corresponding to each point
in the survey, the streamer produces a number of traces. All those traces,
where the mid—points between the source and the receivers are co-incident, have
effectively described the same physical point of the underlying structure.
However, because the angle between the source, the mid—point and the receivers
increases for receivers further along the streamer, their traces view the
structure from different angles. This information is used to reconstruct a
single improved trace from all those with a 'common mid—point' (CMP). The
result, called the CM? stack, describes the underlying geology as if it were
interrogated by a source and receiver positioned directly above the mid-point
(at zero offset).

OBTAINING A CMP STACK

G is the gun, shot at
intervals 1, 2 and 3.

A, B and C are individual
receivers on the streamer.

Traces from three shots
with a common mid-point
to form a gather.

COHHON HI DPDINT

 

In addition to producing an improved signal response, in the form of the CM?
stack, these common mid—point traces (CM? gather) can be used to infer
information about the velocity structure of the underlying rocks [1]. It has
been demonstrated [2, 3] that the radius of curvature of the emerging wavefront
reflected from an interface between two layers, as viewed by the traces in the
CM? gather, is related to the difference in velocity between the layers.
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Although these techniques, based around the concept of grouping traces‘into a
CM? gather, have been accepted for use in traditional 2-D surveys (where a
single section of the geologic structure is surveyed) they havenot adapted
well to the more rigorous demands of 3—D surveys where the whole of an area is
surveyed and the resulting data analysed in every dimension. ‘

Of particular concern is the accuracy with which the actual mid—point of each
trace can be located. This is because the assumption that all the mid-points
in a gather are coincident is not true. This is due to cable feathering (the
streamer does not follow the line of path) and is referred to as mid—point
scatter. Although a 2—D survey can ignore this problem with little effect on
overall quality, 3—D surveys are much more sensitive to the problem.
Furthermore it is necessary to ensure adequate coverage of the survey area in
order to prevent spatial aliasing, which can only be achieved by the accurate
location of every mid-point. The effects of mid-point scatter are reduced by
re-grouping traces into gathers based on the actual locations of their
mid-points (a procedure called binning) [4].

Effective binning and adequate coverage can only be achieved if mid—points can
be accurately located.' This, in turn, depends upon locating the acoustic
sources and receivers accurately with respect to some known point'(normally the
survey vessel, which is itself located'by satellite positioning and other
navigation systems). This task has been complicated by the ever increasing
complexity and diversity of the seismic acquisition hardware. Streamers are
tending to.become much longer, with three kilometres in general use and up to
six kilometres for special cases. The number of streamers has also increased,
with two as a standard but often more. In a recent advance one company has
even employed twin streamers in a vertical configuration (over/under) in an
attempt to improve quality and reduce weather down time [5].

 

In a modern seismic system the positions of the receivers along the streamer
are determined from compass bearings recorded by units attached along the
length of the streamer. The bearing information is collected by a computer
system and applied to a sophisticated mathematical model of the streamer's
shape. This ensures optimum use of the data whilst filtering out erroneous
results. However compass systems do have some serious short comings. They are
not effective in locating the start and attitude of the streamer with respect
to the ship. Their effectiveness is reduced along the length of the streamer
as well as at high latitudes. Finally their absolute accuracy is not
sufficient to meet current requirements.

In the quest to improve upon the accuracy of compass based systems, it has
become generally accepted that new positioning techniques must be employed to
either replace or supplement-the existing technology. '
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“REQUIREMENTS FOR STREAMER POSITIONING

The complete positioning system should be capable of providing-GNP locations to
within 25m or better. This accuracy‘should be maintained along the full length
of the streamers which are generally between 1.5 and 3km but may extend to as
long as 6km. The configuration of these streamers will be variable. A single

streamer is seldom used for 3—D surveys with two or more being preferred.
These streamers may typically be separated by 50m.

In order to achieve these requirements the functions of the positioning system
can be divided into four. -Positioning the front-end of each streamer._
determining their overall-shape, neasuring the separation between each

streamer, and positioning their ends.

Compass'systems are adequate for fulfilling the second task, determining-the
streamer's shape, except at higher latitudes where they must be supplemented.
Radio positioning can be used to track the tail buoy, although this still- '

requires an assumption to be made about the position of the end of the streamer

with respect to-the tail buoy. Radio positioning has also been used-for front

end monitoring although this requires surface floats to be attached to the
streamer tow cables which is not popular with manycompanies. Radio

positioning also has many general drawbacks which does not make it suitable tor

stand alone operation.

     

The most promising approach to fulfilling some or all of the above-tasks_ish
acoustic positioning. uSeveral systems have been developed and tested mainly
forastand alone operation. and these are described below._ ' ,- ‘ .|,.- T

SIMRAD' HPR

The Simrad system uses a narrow beam transducer which can track
transponders/responders on airguns and on streamers. It is essentially a super
short baseline technique relying upon the phase difference across a multiple
element transducer to provide bearing information,-and the transit time to
'provide range»information. .The narrow beam transducer is mounted on a shaft

and penetrates the hull via a gate valve. The beam is electronically,steered
in the vertical plane-and is mechanically rotated in the horizontalplaner

Receiver Arny

(El eclro—mechanlcnl ly sues-ed)

SIHIAD svsrzn Guns with Responders with
— Responders Trigger sensors
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The system operates synchronously allowing the beam to be pointed to each

airgun responder and then the streamer responders in turn, this sequence taking

around 8 seconds for a 3000m maximum responder range which includes the time

taken to track up to 6 gun responders. Each airgun responder is electrically

connected to the onboard processing electronics which controls the output

powers and provides the synchronised trigger. A'control line in the streamer

carries a coded signal which is detected by the clipped on responders (birds)

causing them to transmit a synchronised signal. As no electrical connections

are made between the streamer and responder, the latter are fitted with

batteries [6].

A significant advantage of this system is its use of responders which improve

the overall detection probability as no forward acoustic path is involved and

there is no need to receive pulses in the poor signal to noise conditions close

to the streamer at long ranges. Another benefit of responders is a reduction

in the period of time to collect a data set as only single way pulse slant

times are involved.

'The Simrad system does have some inherent disadvantages which include the high

bearing accuracy required to obtain results at the longer ranges. The claimed

accuracy is 0.S° but to this must be added any installation tolerance which

will create a bias. O.5°is equivalent to 26m positional error at 3000m, this

being well short of the performance being pursued by the survey companies. In

the case of multiple streamers which are towed to one side of the towing vessel

3 major source of bearing inaccuracy arises from the non—isotropic nature of

the medium in the horizontal plane due to the ship's wake. The resulting

refraction causes the 'rays' to be bent and a corresponding error to occur in

the bearing estimate. This poor acoustic environment also effects the range

estimates as the speed of sound is very variable and difficult to determine.

The Simrad system with its complex hull transducer station is relatively

eXpensive and requires the ship to be specially fitted out.

 

9.0M
The OCeano system uses short baseline acoustic positioning techniques to

position each of a pair of gun arrays which in turn position receiving elements

ithhe streamer. The initial short baseline is formed by a pair of transducers

penetrating the ship's hull in the fore—aft axis or athwartships which are used

to provide ranges to acoustic modules fitted to each of the gun arrays. The

acoustic'modules which are cabled to the ship act as transmitters and are

received by special hydrophones fitted inside the streamer sections as well as

the hull mounted hydrophones. The acoustic modules therefore form a second

baseline with respect to which the streamer hydrophones are positioned. All

hydrophone signals are routed back to the onboard signal processor which times

the pulse arrivals with respect to the initiating pulse and provides data to a

computer for position calculations [7].
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Rec: [ver-

Juli

DCEANO SYSTEM Gun: with Receivers

Responders vuhln Streamer

 

The Oceano system has advantages-such as reduced dependence on acoustic paths
through the wake (although at longer ranges this is still a potential problem)
and simpler streamer deployment and recovery as no 'birds' are attached. The
one way only acoustic path is also an advantage but the need to receive within
the streamer cable is not ideal both in terms of the beam angle requirement and
the'higher noise environment aft of the ship. As for the Simrad system at the

longer ranges (>1000m) small errors in range timing coupled to uncertainty in

the_va1ue of the speed of sound will cause errors in excess of :10m assuming
that a 100m gun arraybaseline is used and its dimension is accurately known“
Gun baseline measurement errors will further worsen the solution. In order to
minimise baseline errors an additional pair of h.f. transducers are
incorporated with the gun arrays. These higher-frequency devices give greater
timing resolution, hence improving the baseline estimate, but they do . . .
complicate the system. The system arrangement is such that it is not flexible.

DBE SST

DBE's current system uses its series 3000 multi—frequency control and telemetry
equipment operatingat around 30kHz, ie at the upper end of Simrad's band and
between Oceano's lrf. and h.f.-bands. The choice of‘operating frequency is ‘
difficult and is an inevitable compromise with the lower frequencies giving'
better propagation performance and the higher-frequencies giving higher timing
resolution and physically smaller devices for transmission.

Race lven ' - . -

DBE SYSTEM Guns Ullh "ml-Transponder:

' Active Transducers (Tl/Rx)
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The DRE system is similar to Oceano's using a pair of transducers at known
positions on the ship's hull to provide the initial short baseline from which
are measured the positions of active transducers fitted to the gun arrays.
(Active transducers are able to transmit as responders and receive as
hydrophnnes). In order to obviate the need for specialised streamers the DEE
'birds' are mini transponders replying to the active transducer interrogation
ping. Again the nain disadvantages of this system are similar to those for
Oceano's which are associated with the longer ranges and additionally the lower
statistical reliability of two way pulse travel using transponders. The self
contained independent lmrdwure and compact size are advantages of the DRE
system.

DEE INTEGRATED APPROACH

None of the systems considered meet all the outlined market requirements and
therefore offer compromise solutions which will suit specific applications
differently. The demand for higher and higher quality data from seismic
surveys and for economy in producing them is reflected in the performance
specifications for modern 3n seismic survey streamer positioning systems.
Unfortunately the need to accurately locate streamers at longer ranges (>1000m)
gives acoustic positioning systems a great deal of trouble. The disturbance of
the acoustic medium due to the ship's wake and the firing of the guns results
in range limited detection which is exacerbated by the short baseline giving
increasing positional errors with increasing range. An added disadvantage of
any system using these techniques is the relatively long frame time for each
position fix. As Lime passes the current systems will find less and less
favour with the survey companies who will look for an integrated approach using
other sensors capable of providing better answers.

 

After consultations with Horizon Exploration who have previously used the DRE
system and with Seismograph Services Limited who currently use a DEE system in
a modified manner, DBE are developing their acoustic positioning system to
provide coverage of the guns and the front—end of the streamers. This
development work is being financially supported by the Offshore Supplies Office
and will yield improvements which concentrate on providing the accurate
location of the start of each streamer, an area of considerable uncertainty,
whilst giving total flexibility to accommodate any reasonable streamer
configuration. The output is intended to be integrated into a complete
positioning system as well as providing an independent assessment of quality.

 

The system consists of a fixed short baseline attached to the hull of the ship,
similar to previous systems. This baseline is used to locate an extended
baseline of active transducers towed from the ship. These transducers can be
attached to the gun frames or towed independently, and consist of an
electronics unit with a separate detachable acoustic head that can be
orientated to provide optimum cover. In addition, the transducer element is-
strengthened to withstand the repetive shock caused by the guns. An integral
pressure transducer provides depth information to the on—board system. The
software system uses this data to project all received ranges onto the
horizontal plane, allowing the extended baseline to be towed below the guns and
associated disturbance or altered should the transmission path be affected by
water conditions, such as a thermocline.

1 3 0 Proc.l.O.A. Vol 9 Part4 (1937)

    



  

Proceedings of the Institute of Acoustics

SEISMIC STREAMER TRACKINGl PAST, PRESENT AND FUTURE

Receiver:

Mini—transponders

DEE SST DEVELOPMENT Towflsh with

Active Transducers (TX/RX)

 

The extended baseline can range up to eight mini—transponders (modified to
provide a streamlined shape and improved receiver characteristics) attached to
any part of the system within a range of 1000m. As already discussed, it is
not reasonable to expect a high degree of accuracy at ranges beyond 1000m.

All four transducers forming the two baselines, communicate their range data to
the on-board equipment. Cycle time is obviously limited to the two—way 'travel
time at maximum range, plus processing overheads. This is expected to be about

three seconds, although it is more likely that a single cycle will be performed
for each shot—point.

The processing will be performed by an IBM micro computer, attached to the
dedicated hardware system controlling the subsea units. The software system,

written in Ada for maximum reliability, is designed to combine data integrity
with system flexibility. Processing will involve dynamic windowing, redundancy
checks, data smoothing and statistical analysis. Checks are included to
monitor the performance of each unit and raw data can be stored for later
analysis. Processed data, in the form of three dimensional cartesian co— ,
ordinates, referenced to a user defined co—ordinate space are transmitted to a
remote host for integration into the complete positioning system. A high
resolution graphics screen displays various data including a plan View of the
system indicating actual positions and average positions.

THE FIEURE

The previous systems, intended to provide full positioning using acoustics,
were not successful in this aim. Any acoustic system employing a short
baseline or super short baseline technique suffers from a fundamental
restriction in range which is limited further by poor or unusual weather
conditions. Furthermore, DBE and others have experienced difficulties when

mounting the baseline transducers in proximity to the guns. The operation of
the guns stresses the units often causing premature failures and disturbs the
water such that acoustic propagation is adversely affected, a point which is
being addressed by the DBE system currently under development.
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The system being developed by DRE is still a short baseline approach but
recognises the above limitations and instead focuses on optimising performance
within a useful range. However, in doing so it only addresses the task of
positioning the front—end of the streamers. Any future developments should
attempt to overcome the inherent range limitations nF these techniques if they
are to he successful in achieving all the requirements.

One approach, which has recently been investigated at DRE, is Lo form a long
baseline of responder units attached along one streamer's length, and
corresponding lines of receivers attached to the remaining streamers. By
fixing the positions of the front end units (either by extending the system to
two fixed units on the ship's hull, or by an independent means), the positions
of adjacent units can be calculated down the whole length of the streamer. If
more receivers than responders are placed on each streamer, then the additional
data can be used to increase the accuracy and reliability of the position
fixes.

Receivers

(Gun 5. Streamer Front-end Responders
Felitloned Independently)

LONG BASELINE svsrzu ' Receiver-

 

An additional feature of this design is the responder output waveform. Each
unit can be programmed with a multi—frequency signature that ensures the
highest probability of detection using a digital multi-frequency correlator.
By changing this signature between cycles, the throughput rate can be
drastically increased without interference from reverberations. This approach
is believed to be necessary to ensure maximum availability of the system under
all operating conditions. The recent use of over/under twin streamers to
reduce weather downtime emphasises still further the need for systems to
optimise their transmission techniques to combat the worsening acoustic-
environment.

To satisfy the last task for this system, to position the end of each streamer,
the end responder can be replaced by an active transducer and a transponder
attached to the tail buoy. This provides enough data to position the streamer
ends with respect to the tail buoy, which is positioned with respect to the
ship by other means such as microwave ranging or GPS (satelite).
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SUMMARY

The basic requirement for any modern seismic streamer tracking system is to
provide total positional information to better than 5m. All current systems in

the field fall well short of providing this and changes in the performance of

the acoustic elements of the system will not, in themselves, produce the

necessary tracking improvement because of the fundamental nature of the problem
— a poor acoustic environment near the sea surface behind the towing ship.
There is therefore a need to design systems capable of aCCepting this

limitation by tackling the problem in a different way acoustically and by

integrating other sensors (eg depth, magnetic) to realise a total solution.

It should be noted that the need to identify the position of a streamer also
exists for the military. Passive towed arrays are used to take advantage of
the low transmission loss of low frequency sound, generated by vessels, for
detection, classification and tracking purposes. The beamforming techniques
used which takeadvantage of the long acoustic aperture of the towed array,

also need to know the position of all elements in the array. Although military

operational requirements demand covert (ie silent) techniques. some of the
proposed commercial techniques previously described are being evaluated for use
in performance assessment trials. The spin-off from this type of work will be
of direct value to solving the seismic streamer tracking problem.
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INTRODUCTION -
A wide range of sonar systems now exists, operating at
acoustic carrier frequencies of up to 700kfiz, and covering
distances from a few metres to many kilometres, and for
purposes which include navigation, detection, location and
classification of underwater objects and echo-sounding [1].

In the majority of sonar systems, target discrimination is
achieved by using the pulse/echo technique whereby the range
to any particular target can be estimated from the echo—return
time and the speed of sound in water. In order to achieve
accuracy closely spaced targets, short pulse lengths and
consequently wide bandwidth systems are required with the
attendant penalty of noise susceptibility.

An alternative to the conventional pulse/echo technique for
which a high degree of range resolution is claimed is the use
of a frequency modulated carrier, range being calculated from
the frequency difference between transmitted and returned
signals. Such systems present major problems however, and
complex circuitry” is required for their realization in
hardware.

A need was identified for a simple ranging system capable of
accurate measurement of distance to a single target
underwater, for example the sea-bed, ship's hull etc., one
possible application being use for altitude control of a
remotely operated vehicle (ROV). This paper describes such a
system, in which a carrier is amplitude modulated at selected
modulating frequencies and transmitted continuously and range
is calculated from the phase difference between transmitted
and received signals. Accuracy is ultimately limited by the
accuracy of phase shift measurement at the carrier frequency.

CONCEPT OF THE RANGEFINDING TECHNIQUE
This ranging technique is based on the linear phase delay of
the received signal with respect to the transmitted signal due
to the finite time taken by the wave front to travel from the
transmitter to the receiver via the reflecting surface [2]. In
the present system, in addition to the carrier frequency f3,
two’ low frequency sinusoidal signals at £1 and f2 are used to
modulate the carrier sequentially. The phase shift of the
modulating frequency with the longest wavelength gives the
first approximation to the range, and the phase shift of the

13h
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second frequency with a shorter wavelength gives a more

accurate measure of the range when considered together with
the phase information given by the first approximation. Use of
this approximate range information enables accurate estimation

of range from the carrier phase shift. Ultimate accuracy is
determined by the acoustic carrier frequency in the present
system Uokhz corresponding to range accuracy of 11mm assuming

approximately :10 degree accuracy in phase shift measurement
at the carrier frequency. In order to avoid measurement.
ambiguities, f3/f2 and f2/f1 should not exceed, say, 10. The
carrier amplitude modulated by the lowest frequency modulating
signal, f1, is transmitted and the phase difference between
the modulating signal and the received signal at f1 after
demodulation recorded. The approximate range is given by:

1 :

m=-(-§'->;=\J <1)
2 300

The value of R1 measured at the longest wavelength'is only

approximate because a large displacement has to be made for a
small change of phase angle, and a small displacement is'
difficult to measure accurately. In Order to obtain a more
accurate reading, the shorter modulating wavelength 7;;is-used_
(wherelt/Aa<10). The shorter modulating wavelength enables
greater accuracy in range measurement. While greater accuracy
can be achieved at the shorter wavelength K;, it is necessary
to ascertain the number of complete wavelengths (N2) contained
in the total path length from the transmitter to the receiver.
If the first approximation given by R1 is used as a first
indication of the range, the integer number of wavelengths N2
of the shorter wavelength signal A; enclosed in R1 is given

by:

N2 = Int { 2‘1 x 1271 l (2)
-)\1. 360

The total number of wavelengths N2 plus the fractional phase
change ¢1 ( < 360 ) of the shorter wavelength signal gives:

( _ ”
HZ: =

3 0
+ N2 ) }\1 (3)

l
\
)
I
—
I

o
n
”

The value of R2 is a more accurate measure of the
displacement. Greatest accuracy is achieved by using the phase
shift.of the carrier itself ( ¢% ) at frequency f3, following
the same procedure where the integer number N3 of wavelength
enclosed in R2 is given by: ’
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N3 = -- ‘ + 112)} (A)
Boo

Thus range R3 is:

1 (6'. .
H3=-(--_*-+N3 H3 (5)

2 300

A difficulty in evaluating-N2 and N3 may arise due to the
inaccuracy of measuring R1 and R2 respectively. Whenever the
conditions R1 3 All (Mox- hz ’—" N3v\3, equations (a) and (14)
may cause N2 or N3 to be incorrect by 1 integer. In order to
overcome the problem, the algorithm used incorporates a simple
check to establish the correct N2 or N3 value. N2 is taken as
{Int( 3'~;§§ : 1)}, whicheverflgives R2 nearest to R1. Similarly
N3 is\:taken as {lnt[%§{¥§\+=Vl)f 1]}, whichever gives R3
nearest to 52. If the transmitter and the receiver are
adjacent, then the distance (D) of an object is given by D =
R/2.

 

CIRCUIT IHPLEMENTATION
The block diagram of the rangefinder circuit is given in
figure 1. The sinusoidal frequencies used in this rangefinder
were generated by 'two R88038 waveform generator 105 [Bi- One
R38038 was permanently tuned to generate the carrier
(nominally uokfiz), and the other one generated one or other of
the modulating signals (nominally NOOHZ or thz) as required
by switching in the appropriate timing resistors through
analogue switches. The amplitude modulation was performed by
an analogue multiplier RS1H95 used as a balanced modulator.
The carrier and the modulating signals are generated
simultaneously from the two R58038 devices, and fed to the
inputs of the analogue multiplier. The modulation index was
set to < 1 by adjustment of the amplitude of the modulating
signals by using the dc offset at the input to the multiplier.
The AM signal at the output of the multiplier is amplified and
used to drive the transmitting transducer, separate
transducers being used for transmission and reception. For the
present (initial) experiments, custom built transducers were
not used as one of the objectives was to establish optimum
design criteria with regard to mechanical and electro-acoustic
features and operating frequencies.

The demodulator circuit comprises a differential amplifier and
an envelope detector. The differential amplifier is used to
eliminate any common mode noise present at the output of the
receiving transducer. The envelope detector is a diode circuit
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followed 'by a nth-order active bandpass filter. Two sets of

Nth-order bandpass filters are required, tuned to the two

modulating signal frequencies (i.e. nominally HOOHz and hkfiz),
the appropriate filter being switched in by reed relays when

required.

The ranging technique requires accuracy of phase measurement.

A phase comparison measurement technique was designed to_

measure the phase difference of two sinusoidal waves inputs

over a wide range of frequencies. The principle of operation

is demonstrated in figure 2. The two sinusoidal signals are

converted into square waves, and the rising edges of the two
square waves used to modulate the "on" time of the Q output Of

a D-type flip-flop. The Q output of the D-type flip-flop thus

gives a rectangular pulse train with pulse width corresponding

to the phase difference between the sinusoidal signals. The

rectangular pulse is integrated to produce a dc output

proportional to the pulSe width, providing a convenient input

to the microprocessor. The -simple phase comparator described

above was used to measure phase shifts between 0 - 160 degree,

and a second D-type flip-flop, with the transmitted and

received signals connected to the "D" and clock inputs

respectively, was used to provide additional "lead/lag"

information to enble phase shift measurements in the range 0 —

360 degree. '

RESULTS
Preliminary experiments were carried- out in air using

commercially available (identical) transmitting and receiving

transducers at a carrier frequency of MOkHz, with modulating

frequencies of HOOHz and Nkhz. For the in-air experiments,

receiver "bandwidth" was minimized by mechanical means and the

ranging system used to scan a number of objects at distances

up to 5m. Since this distance could be considerably greater

than half wavelength at the lowest modulating frequency, (i.e.

40cm at NOOHz), the system was used to measure increments in
range of not greater than 400m). Figure 3 shows the variation

of phase shift at the modulating and carrier frequencies with

the transmitting and receiving transducers facing each other.

Figure u shows the results obtained when the ranging system

was used, with transducers side-by—side, to scan the edge of a

box-shaped object against a flat baseplate. Regions of

uncertainty are evident corresponding to the edge of- the

object. Figure 5 shows the results of scanning a "V"

preparation with “5 degree angled.sides weld joint using the

carrier frequency alone (RORHZ) for which ultimate range
modulation (in air) is flmm. The correlation between acoustic
scan and the actual "V" shape is evident.

In-water experiment to date have been limited by available

transducers and, as stated earlier, one objective of the
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initial experiments was to determine optimum design criteria.
'The system was mounted on a buoy, with transmitter and
receiver transducers pointing downwards beneath the water
surface. After .initial "calibration" experiments the same
arrangement was used in a large 10m diameter tank with
adjustable water "depth" (actually achieved by varying the
depth of a wooden floor of approximately the same diameter as
the tank). Figure 6 shows the floor depth as recorded by the
ranging system as a function of actual depth. Figure 7 shows
the results obtained when the system was used to scan a large
box—shaped object.

CONCLUSIONS
system effective for measuring distance accurately to large
flat surface, e.g. sea-bed. Application for depth, height
monitoring, height control of ROV.

Further experiments will determine transducer requirements and
optimum operating frequencies for _useful sea-bed type
measurements.
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w
Acoustic velocity sensors may be successfully used as part of an integrated

underwater navigation system. Considerable improvements may be achieved in

the the accuracy of the velocity estimate by using bottom referenced systems

compared to water-mass referenced systems such as electromagnetic logs.

The traditional acoustic method of obtaining a velocity estimate is by the use
of a Doppler log. A suitable compromise must usually be made between good
Doppler discrimination and large operational ranges. Correlation logs [1] are
a possible alternative to the Doppler log and are in general less affected by
secondary disturbances such as temperature variations in the water-mass.

The performance of the correlation log is primarily determined by the
transducer geometry. The accuracy of the velocity estimate will alsobe
related to the observation distance allowed to obtain an estimate of the
correlation function of the backseattered acoustic field. The large
integration distances that are required to obtain velocity estimates make the
correlation log an ideal sensor for measuring the elapsed distance of a vessel
travelling ata near constant velocity and heading.

ESTIMATION OF T!“ SPATIAL CORRELATION FUNCTION

Both spatial and temporal correlation logs operate by estimating the position
of the spatial cross—correlation function withrespect to time. The
resolution of this estimate will therefore be determined by the spatial
separation and the effective signal—to—noise ratio of the spatial correlation
function.

The form of the spatial covariance function will, for most operating
conditions, be determined by the geometry of the acoustic projector.' For
examplel the form of the spatial covariance function assuming small slopes for
the bottom irregularities and a circular projector mey'be predicted as [2,3]:

 

x
-v1‘v2*‘ = w2 LDzrt x(1—x2) J°(dkx) dx_ v ‘ . (1)

where Drt = 2J1(kax) , the directivity function of the projector
(kax)

1 4
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and W is a constant
x is an integration variable
J°,J1 are Bessel functions
k is the wave number

d is the spatial separation of two receivers

a is the projector radius '

This function is derived by analytic teChniques whereas the measured function

is obtained from stochastic signals and will therefore only approach the

predicted value as the observation distance approaches infinity. Predicted

normalised spatial covariance functions are shown in figure 1 for three

circular projectors with diameters of 10mm, 20mm and 30mm, which are operating

at a frequency of 150kHz.

Jenkins and Watts.[4] show that the covariance of an estimated covariance

function may be approximated by =

as

Cov[Gxx(u1),Gxx(u2)]= l [Uxx(r)‘xx(r+u2—u1) + Uxx(r+u2y5xx(r-u1) dr (2)
D
-oo

where Cxx is the estimate of the covariance function

Xxx is the theoretical covariance function
u1,u2 are spatial lags

This approximation is only valid if the observation distance, D, is large.

This assumption will be valid for a practical correlation log where the

observation distances are typically of the order of tens of metres. The

spatial lag terms u1 and u2 arealso assumed to be small.

By equating the lag terms u1 and ug the variance of the estimated covariance

function may be.obtained.

a)

Var[Cn(u)]:1I]m2(r) Antennas-..) dr (3)
D .

-oo
This equation shows thatthe variance of an ensemble of covariance estimates is

inversely proportional to the observation distance, D. The normalised

variance of the theoretical function described by equation (1) is shown with

respect to the spatial offset from the peak of the function in figure 2. The

cases for the three different projector diameters are shown in this figure.

Figure 2 effectively provides an estimate of the normalised noise error power

at a particular spatial separation from the peak of the spatial covariance

function. However, a correlation log operates by attemptingto measure the

position of the peak of the estimated function. This estimate of the position

of the peak will also depend on the correlation of the noise power across the

function. Assuming that the peak of the estimated covariance function lies at

a point u1= 0 then the covariance of the noise power may be obtained by :

1 it 4
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CD

Cov[Cxx(O),Cxx(u)]=lI 2.tn(r)‘6xx(r+u> dr - (4)
D
-a:

This may be plotted with respect to the spatial separation u for varying

projector dimensions, as shown in figure 3. It will be noticed that the noise

power in the estimate of the spatial covariance function is highly correlated

across the likely areas of interest. A comparison of figures 1 and 3 shows

that the width of the noise covariance function is greater than the equivalent

width of the spatial covariance estimate.

From a knowledge of the variance and the covariance parameters, the uncertainty

in the estimate of the position of the peak of the function may be calculated.

Assume that the theoretical peak of the spatial covariance function lies at a

point u=0. The probability that the measured peak lies at, or beyond, a

' point, u, may be found by estimating the probability that Cxx(u) is greater

than Cxx(0), remembering that Cxx(0) and Cxx(u) aremeasured functions and are
assumed to have normally distributed statistics associated with them. This

may be calculated by :

Oath

pe(u) = I p(Cxx(0)).p(Cxx(u)ICxx(O)) dCxx(0) dCxx(u)

co Cxx(u)
where p(Cxx(u) >= CXX(0)) = Pe(u)
For a normal bivariate distribution this may be shown to be equal to t

m U 2

pe(u) = 1 (1 - erf(Yo)) expé'uarECXX(éE] dx
/2.H.Var(Cxx(0))

-m

where

yo=___m_mL 1—‘KL2’+K1_2.‘6(0)- ‘6(u)
2.(K11.K22 — K122} K11 K11

and K11 = Var(Gxx(O))
K22 = Var(Cxx(u))
K12 = Cov(Cxx(0).Cxx(u))

The results of numerical calculations of pe(u) are plotted in figure 4 for
three projector diameters and observation distances, D, of 1m and 10m. The

probability p[Cxx(u) >= Cxx(0)] diminishes very rapidly with the spatial
displacement, u. The results can be seen to be highly dependent on the

observation distance, D. ' '

The statistics of an ensemble of estimates of the peak of the spatial

covariance function are likely to be normally distributed with a mean equal to

that of the theoretical position of the peak. The value of u equivalent to

one standard deviation may be derived by setting (1 - pe(u)) equal to 0.683.
this is justified as the variance of the estimate is highly correlated across

the region of interest.

1 4 5
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Figure 5 shows the required observation distance, D, plotted with respect to

the value of the standard deviation of the estimated position of the peak.

RESOLUTION OF THE VELOCITY ESTIMATE

Both temporal and spatial correlation logs operate by measuring the

displacement of the spatial covariance function with respect to time. In the

case of the temporal correlation log this displacement is fixad whereas in the

case of a spatial correlation log this separation may fall anywhere withina
pre-defined range of values.

Assume that the separation of the spatial covariance function is defined as S
and that the uncertainty of this estimate is given by AS. The accuracy of the
system may then be defined as AS/S. The spatial uncertainty'AS is equivalent

to one standard deviation associated with the estimate of the peak of the
spatial covariance function. In a practical situation the size of the

transducer housing will be limited. This places a limit on the separation, S,

and on the maximum update rate in terms of the distance travelled for a given

accuracy. A typical transducer housing would be of the order of 75mm for a
commercial vessel and 300mm for a small, survey-orientated submersible. The

maximum transducer separation would typically be of the order of 25mm less than
the housing dimensions. Figure 6 shows the expected accuracies with respect

to distance travelled of a device with transducer separations of 25mm and 250mm

and projector diameters of 10mm and 20mm.

Figure 6 shows the required observation distance to obtain a specified accuracy

and shows the importance of using large receiver transducer separations to

obtain high accuracies. Practical sonar correlation logs would normally use a
pulsed transmitter when ranges in excess of a few metresare required. A

sampled version of the acoustic backscattered field is therefore used in
obtaining the estimate of the covariance function. The sampling efficiency

may be defined as the transmit pulse duration divided by the pulse repetition

period. This sampling efficiency would typically be in the range 102 to 20%,
resulting in the actual distance travelled by the vessel being between five and
ten times the observation distance predicted in figure 6.

LIMITATIONS ON THE RECEIVER TRANSDUCER SEPARATION

 
A limit is imposed on the maximum value of receiver transducer separation by
the velocity and the depth separation (altitude) of the vessel. The spatial
covariance function moves at a rate 2? away from the reference receiver, where
V is the velocity of the vessel. Equating this to the transducer separation,
S, and time:

S = zit ' I

Typically, the time t would be of the order of half the transmit pulse period.

The transmit pulse period is in turn limited to a value of the order of half

the two-way propagation time. i.e.
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transmit pulse period = g
c

where z is the depth separation

c is the velocity of propagation

Therefore

S <= v.2

This places a severe limitation on the accuracy of the device at low speeds and
in shallow water. Under these conditions, the effective receiver separations

must be reduced to compensate. The spatial correlation log has the inherent

ability to do this because of its multi—element array structure, such a device

'will have avery poor accuracy performance under such conditions.

A typical minimum depth with respect to speed trade-off is shown infigure 7.
This shows the performance bounds for a number of transducer separations when
using a 10mm diameter projector. The predicted accuracy performance for an
observation distance'of 10m is shown in brackets for comparison. A
correlation log will not be able to operate with the defined accuracy in the
region enclosed by the ordinates and the performance bound. ’

OTHER PERFORMANCE LIMITING FACTORS

The above discussion of the predicted performance of a correlation log is based
on the spatial characteristics of the acoustic backscattered field. A number
of other performance limiting factors must alsobe considered.

Electrical system noise will affect all the channels used by the correlation
log. This will be uncorrelated from channel to channel and will be

bandlimited. In a practical system the signal-to-system noise ratio will be
large. The time period required for the vessel to travel the required
observation distance between velocity updates will ensure that a large number
of independent samples are incorporated into the process and hence the effects
will be negligible.

Acoustic noise will consist of two components. An uncorrelated noise
component will be received, the primary source being flow noise. A partially
correlated noise signal will be received from isotropic noise sources and
reverberation. Increasing the pulse repetition period may be required to
remove the effects of reverberant signals.

The design of the receiver elementsmay introduce a summation of correlated
components caused bythe large number of linear paths that may be drawn from

one finite sized receiver element to another. This effect may cause
significant errors when the vessel is moving with excessive transverse

velocities.
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The most significant performance limiting factor has been found to be due to
returns from the wake of the vessel. In general, the wake of the vessel will
be moving at a greater differential velocity with respect to the vessel than
that of the sea bed. The wake frequently contains significant levels of
aeration and therefore has a large target strength. A simple projector could
place a sidelobe pointing to the wake with an attenuation of only 13dB with
respect to the main lobe. Significant quantities of information obtained from
the wake could thus beprocessed causing a large error in the velocity estimate
with respect to the sea bed.

COMPARISON OF THE PREDICTED AND MEASURED RESULTS

A two axis temporal correlation log has been constructed and field tested
[5,6]. The results of a number of track plots obtained by integrating the
output of this device-with respect to heading are shown in figure 8. The
vessel was timed through two theodolitss aligned normally to the expected track
of the vessel, this provided an estimate of the actual velocity of the vessel.
Figure 8 shows two sets of tracks caused by windage and a current acting on the
vessel as it steered to a constant heading.

Figure 9 shows an expanded view of the end of the tracks complete with 12 error
bounds. The standard deviation—to—mean percentage evaluated over eleven runs
was measured as 0.64%. No parameters are available for the likely timing
errors in these measurements caused by the manual identification of the
position of the vessel. When related to the velocity of the vessel this
represents a timing error of about 1.6s, probably limited by the human reaction
time of initiating and terminating a run.

The correlation log used for these measurements incorporated a projector of
dimension 10mm and a receiver separation of 28.28mm. Velocity estimates were
obtained at intervals of approximately 60m. Assuming that a sampling
efficiency of 10% was used thenthe actual observation distance was of the
order of 6m. Figure 5 indicates that the predicted error in determining the
peak of the spatial covariance function would be of the order of 0.34mm for
this observation distance. This corresponds to a value for the predicted '
accuracy for a single velocity estimate of the order of 1.22. Fifteen such
velocity estimates would-be obtained within a single track as shown in figure
8. Assuming a normal distribution of errors, it would be expected that the
standard deviation-to—mean ratio of the elapsed distance would be of the order
of 0.312. It can be seen that the predicted and measured performances of the
correlation log are of the same order.

CONCLUSIONS

A number of performance limiting criterion have been illustrated for a
correlation log._ It is the View of the authors that the performance of a
correlation log may be accurately predicted from a knowledge of the geometry of
the transducer and a value of the observation distance. A high
signal-to-noise ratio has been assumed throughout, as this is readily obtained

'in practice.
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A comparison has been made between the predicted performance and the measured

performance of a correlation log. The measured and predicted results were

found to agree closely.
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ABSTRACT

Acoustic Doppler logs have generally replaced traditional speed logs on
board merchant ships, but their operation is far from ideal. Consequently,
increasing interest has been shown in the acoustic correlation log which

promises to overcome some of the deficiencies of the Doppler log. Advantages

of it include bottom tracking the velocity to a greater depth than a Doppler

log and much simpler transmitting and receiving array design.

The transducer arrangement is similar to the conventional echo sounder, where
the pulses are transmitted vertically downwards. It is possible to operate the
log in pulsed mode to great depths.

In shallow water a CW mode can be engaged, which permits a correlation log to

be implemented easily at low cost and is ideal for navigation in shallow coast-

al waters, rivers andestuaries. It is this mode which is primarily under

investigation and the subject of this paper. The paper describes work under-

taken at LUT in implementing a CW correlation log in a water tank for the

velocity measurement of a tracked platform.

INTRODUCTION

This paper describes work undertaken in the design and development of a

temporal correlation log for the measurement of a ship's velocity. Initial

experiments were carried out in a laboratory tank by measuring the velocity

of a tracked platform. The platform runs in a straight line, horizontally

across one side of the tank on two tracked girders approximately 300 mm above

the water surface. Two stepper motors provide the motive force to drive

it under computer control; this gives it a precisely known velocity.

The equipment is comprised of three parts, a projector/hydrophone array, a

rack-mounted sonar and a microcomputer for control, which is interfaced to
it as shown in Figure l. The projector/hydrophone array is attached to the
platform so that its propagation axis is in line with the tank's length and

so that echoes are received fromthe end wall. This allows echoes to be

received from the far field of the array at an effective range of approximately

Bm (the tank's length). The transducers, with a 23° half power beamwidth,

are operated at their resonant frequency of 218 kHz.

The sonar rack houses all the electronics for the processing of the sonar

signals, namely a transmitter, a dual-channel amplitude demodulating receiver

and a digitiser. The transmitter is comprised of a stable reference oscillator

feeding an external power amplifier via an attenuator whichsets the trans-

mitted continuous wave power level. The amplifier drives the projector

located on the submerged transmitting/receiving array. The received echoes

are picked up by the two hydrophones and are fed to the dual—channel receiver

where they areamplified and detected. The two output voltage levels corres-

ponding to the amplitude of the received signals are then digitised and passed

to a microcomputer for processing.

1 5 3
Proc.l.O.A. Vol 9 Pan 4 (1987)

  



 

Proceedings of the Institute of Acoustics

AN EXPERIMENTAL ACOUSTIC TEMPORAL CORRELATION LOG FOR SHIP NAVIGATION

A control program written in PASCAL configures the system as required. Para-
meters can be changed by choosing options from a Menu-driven user interface.
Digitised samples can be stored on disc for later analysis, so that a com-
parison between different signal processing algorithms can be made.

THEORY

The temporal correlation log relies on the time delay measurement between
signals received from two hydrophones H1 and H2 travelling inline with the
velocity vector 2 of interest. If the hydrophone vector separation is d and
the time delay measurement is T, then velocity vector y is given by

z=ym
as explained below.

In order to measure the time delay both received signals should be identical

for perfect correlation; this is known as waveform invariance and is the basis
of correlation velocity measurement. De-correlation occurs when thetwo signals
are not identical, but a time delay measurement is still possible.

Dickey[1] described an aircraft navigator based on a continuous wave corre-
lation radar. In the present work his explanation for identical signal
reception is applied to a sonar system, shown in Figure 2, comprising two
identical hydrophones H1 and H2 separated by a distance vector d, and a projector

P located midway between them. On a ship both the hydrophones and projector
point vertically downwards. They move forward with a velocity 2, and the
projector transmits a cw signal. Let the received signals on H1 and H2 be
r1(t) and r2(t) respectively, and their detected envelope from the receivers

be Rl(t) and R2(t). Consider a point scatterer s at time t1, lying in a
position where it intercepts the transmitted beam. Then the path length
of the ray from P to the scatterer and.back to H1 is PS+SH1. Later at time

t2 when all three transducers have moved forward a distance g/Z, it can be
seen that the new ray length from P to S and back to H2(PS+SH2) is identical
to the first. Therefore the contribution of S to the signals rl(tl) and

r2(t2) is the same, because it has the same amplitude and phase due to the
same ray length. Now consider an infinite number of point scatterers, each
one contributing to the two echoes received at H1 at time t1 or H2 at time t2.
It is therefore possible to say r1(t1):r2(t2) is valid, which shows that the
received signal r2(t) is a delayed version of rlit) by an amount t2-t1=T.
We can therefore say that

VT=c_i/2

or v = d/ZT

which is the correlation log equation. The two detected envelopes R1(t) and

R2(t) are described by

R1(t) = Al|r1(t) + n1(t)|

R2(t) = A2|r2(t) +_ n2(t)|
LPF

LPF . rl(t+'1‘) = r2(t)

where A1 and A2 are the gain factors of the receivers. Both the received
signals rl(t) and r2(t) have additive noise nl(t) and n2(t) respectively, which
may be background noise from the water or receiver noise. Figure 3 shows
typical received envelopes.

1 5 4
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The time delay measurement T is obtained by cross-correlating Rl(t) and R2(t)

after they have been quantised. Both the received signals rl(t) and r2(t)

have additive noise nl(t) and n2(t) respectively, which may be background noise

from the water or receiver noise. Figure 3 shows typical received envelopes.

The time delay measurement T is obtained by cross-correlating Rl(t) and R2(t)

after they have been quantised. Both R1(t) and R2(t) are quantised to 8-bit

resolution, which should be sufficient provided there is no loss of accuracy

during the correlation process. The quantisation noise is uncorrelated and

will tend to cancel out in the correlation averaging process. However, the

additive noise nl(t) and n2(t) may be correlated, and analysis is required

for correlation in low signal-ternoiseuratios. The reader is referred to _

Watts [2] for an analysis of amplitude quantisation with respect to correlation.

THE SYSTEM

_ The system comprises three main components as previously mentioned, a

projector/hydrophone array, a rack mounted sonar and a microcomputer, as shown

in Figure l. The task of the microcomputer, which is an IBM PC—compatible

model with an MSDOS operating system, is to control the sonar and to process

the data received from it. Communication with it is by using 32 bytes of the

input/output bus to read and write to peripheral registers; 16 bytes exist

in the rack and the other 16 on the expansion card which plugs into the

computer. A ribbon cable links the computer to the sonar which decodes the

input/output bus foruse. Figure 4 shows a block diagram of the sonar.

The main programming language for the system is PASCAL. Assembler is used in

the interrupt handling routine, which is invoked when the analogue-to—digital

converters have completed a conversion. The two 8—bit words read from the

converters are stored in two arrays. The main program can then access

these values andprocess them accordingly.

Projector/Hydrophone Array

The transducer array consists of a projector and two hydrophones, all of

which are identical in construction and interchangeable. They consist of

half-wavelength resonant piezoelectric elements, which give maximum efficiency

for both projector and hydrophones. They are mounted in the array backplane

and their relative positions are variable.

The individual elements are 20 mm-diameter piezoelectric ceramic discs made of

PZT-4, with a 200 kHz nominal centre frequency. Each one is mounted in its

own housing to ensure electrical isolation between the projector and hydro-

phones. The elements are air-backed, mounted in low density syntactic

foam for support. This is enclosed in a circular Nylatron housing and

unloaded epoxy resin is used as the acoustic window and also to seal the units.

This arrangement gives a minimum possible separation of 50 mm between any pair

of transducers when they are mounted in the array backplane. Locking clamps

enable the transducers to be moved apart and re-clamped, thereby permitting a

maximum separation between two transducers of 350 mm. This permitted different

hydrophone separations and different hydrophone-to-projector separations to

be used to study the effect of projector location on the correlation function.

During calibration it was found that the complete transducers were nearly

identical, eachowith a resonant frequency of 215 kHz, a Q of 35 and a -3dB

beamwidth of 23 . The first sidelobes were found to be 20 dB down on the
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main lobe.

Tests taken in the water tank revealed negligble crosstalk between the projector
and hydrophones. The isolation was found to be at least -90dB for all hydro-
phone positions.

Ray path analysis of the tank using the projector hydrophone beamwidth shows
that valid echoes are received over the central portion of the track. Echoes
received when the platform is within 1.5 m of the tank's two sides are not
analysed; only those received during a travelling distance of 2.5m over its
central position are used. Pulsed transmissions verify that multiple echoes
do occur but these diminish by the sixth one, where they are lost in the
background reverberation. There is some decorrelation between the two
received signals because of this and the problem is currently being investigated.

Dual Channel Amplitude Demodulation Receiver
The purpose of the receiver is to boost the two hydrophone signals r1(t)

and r2(t) to acceptable levels, to detect them and to generate their envelopes
R1(t) and R2(t). The phase of the carrier is not important in this applic-
ation. Each channel of the receiver consists of four parts (1) a high input
impedance low-noise pre—amplifier, (2) a bandpass filter, (3) an envelope
detector, and (4) a low-pass filter, as shown in Figure 5.

The pre-amplifier and bandpass filter have a combined voltage gain of 100 (+40dB).
The bandpass filter removes excess pre-amplifier noise and eliminates
extraneous signals, such as self—noise, from around the carrier frequency.
This is an active resonant type based on an operational amplifier design.
The centre frequency is tuned to 218 kHz and the bandwidth is approximately
20 kHz.

The envelope detector consists of a precision rectifier based on two operational
amplifiers and has a voltage gain of 4 (+12dB) before detection. The output
at this stage is now dc coupled, so offset voltages become important and an
offset null capability is present. The low-pass filter boosts the video
signal up to full scale range (+10v) and attenuates any residual carrier.
The filter is a third order type with a corner frequency of 4 kHz.

The video output from the receiver has a full scale range of +10v dc; the
corresponding input for this is 6.25 mv at 218 kHz.

The two video signals R1(t) and R2(t) feed the inputs to the digitiser.

Digitiser

The purpose of the digitiser is to quantise the two video channels to 8-bit
resolution and to pass the two values to the micro computer at a given sampl—
ing frequency.

A programmable sequencer is used to generate the timing waveforms at 8-bit
resolution and to pass the two values to the micro computer at a given sampling
frequency.

A programmable sequencer is used to generate the timing waveforms at 3 different
sampling frequencies ranging from 100 Hz to 4 kHz. The design is based on
a ROM look—up table to generate the signals to control the sample-and—hold
amplifiers and the analogue—to-digital converters. Once a conversion has
been completed an interrupt is generated to the microcomputer, which then
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reads the values from the two ADCs and stores them in memory for later process-

ing.

Stepper Motor Interface

'The two stepper motors on the platform are driven by two drive cards running
in parallel. The cards only need a Direction and step signal to operate.
The Direction signal is obtained by writing to a latch from the computer.
A programmable interval timer (PIT) is configured as both a programmable
frequency generator and a counter. This allows the Step pulse frequency to
be variable in order to alter the motor speed, but it only sends a certain

number of pulses to control the platform displacement. Once configured the
PIT is entirely automatic in operation and the computer can carry out other
tasks.

Carrier Generation

A sinewave at around 218 kHz is required to drive theprojector at its
resonant frequency. A 218.750 kHz signal is derived from a 14.0 MHz quartz
oscillator by dividing its output frequency by 64 with a binary counter.
The signal is Low-pass filtered to remove harmonics and obtain a sinewave.

It is fed through a programmable attenuator to set the power level at the

projector. Its output is buffered to drive an external power amplifier which
powers the projector.

RESULTS AND CONCLUSIONS

Individual components of the system have been tested and they work satis—
factory. They are currently undergoing integration, and system performance
tests are presently being carried out. So far results from the sonar seem
to be in accordance with expectations. At present only a rudimentary analYSiS
of digitised echoes is being carried out. Correlation signal processing

algorithms are being developed and it is intended that they should perform
in real time, with the velocity measurement taken over a variety of platform

speeds.

Analysis of the echoes for decorrelation effects due to the finite size of the
tank is required. Ideally these should be compared with results obtained

from open water and it is anticipated that open water trials will takeplace
early in 1988. The system performance can then be analysed from a moving
platform in an open expanse of water.
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