a2aUK Patent Application.sGB«, 2109110 A

(21) Application No 8220916
(22) Date of filing
12 Jul 1979
Date Lodged
20 Jul 1982
(30) Priority data
(31) 310882
(32) 8 Sep 1978
(33) Canada (CA)
(43) Application published
25 May 1983
(51) INT CL® GO1S 3/80
(52) Domestic classification
G1G 2 4C 5A3B 5D ER
(56) Documents cited
None
(568) Field of search
G1G
H4D
(60) Derived from Application
No. 7924328 under
Section 15(4) of the
Patents Act 1977.

(71), (72) & (74) continued
overleaf

(54) Sonar system

(57) An adaptive time varied gain
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tion. The apparatus comprises: sto-
rage means having a plurality of sto-
rage spaces each having a stored
gain; preset means for initially storing
in said storage spaces gain step ap-
proximations of an inverse standard
reverberation curve where said gain
step approximations have respective
time-durations determined from said
curve; means for storing each. of said
timedurations and for associating
each of said time-durations with the
storage space where said time-dura-
tion’s respective gain step approxima-
tion is initially stored; control means
for varying the gain of said preampli-

fiers to correspond to each stored
gain during each ping-cycle whereby
each stored gain is applied to said
preamplifiers for a duration equal to
the time-duration associated with the
stored gain’s respective storage
space; averaging means for averaging
a plurality of beam output signals
from a beamformer 38 in the sonar
receiver during each time-duration;
means for determining a gain correc-
tion as a function of a reference sig-
nal and the average of the beam
output signals during each time dura-
tion; means for computing a new
gain during each time-duration by
summing the gain correction with the
respective stored gain of that time-
duration; and means for storing the
new gain in the stored gain’s respec-
tive storage space during each time-
duration.
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SPECIFICATION
Sonar system

This invention relates to a digital sonar receiver comprising a digital beam former, a digital
adaptive time varied gain controller, and a digital own doppler nullifier (0.D.N.). The sonar
receiver receives sonar signals in analogue form and converts the sonar signals into digital form
in the beamformer when forming beam output signals. the remainder of the sonar receiver
which includes the 0.D.N. and adaptive time varied gain controller operates digitally.

In the past, sonar receivers for the most part have processed sonar signals in analogue format.
However, more recent sonar receivers have been directed towards processing the signals in
digital format.

Previous digital beamformer designs have been directed towards a method of forming
simultaneous beams. To form simultaneous beams a cylindrical array of staves had been
simultaneously sampled at some initial time. The staves are then sampled simultaneously at later
moments in time corresponding to the delay times introduced by the geometry of the array. This
method of simultaneous beamforming when implemented, requires for each stave a sample and
hold circuit and an A/D converter. This method of beamforming has resulted in rather
uneconomical use of time as well as hardware.

The received sonar signals prior to beamforming comprise ambient noise and noise from any
undesirable targets. The received sonar signal besides including an echo from the desired target
also includes noise due to reverberation. Reverberation is a function of the range or time taken
for a transmitted signal to hit a target and return. Reverberation decreases as range or time
increases. Eventually the noise due to reverberation decreases below the ambient noise in the
medium of operation which then becomes the dominant noise.

To eliminate the effect of noise due to reverberation the gain of the preamplifiers in a sonar
receiver is adjusted to be inversely proportional to an assumed “‘standard’’ reverberation curve.
The adjustment of the gain of the preamplifiers with respect to the “'standard’’ reverberation
curve has not been too effective in reducing the noise due to the actual reverberation. Large
discrepancies between the “'standard’’ reverberation curve and actual reverberation easily result
from surface reflections, back scattering, and marine life.

Subsequent to beam forming, beam output signals that contain information corresponding to
the target are often shifted in frequency. This frequency shift is known as the total doppler shift
which, for the most part, is due to the doppler shift produced by target movement and the
doppler shift produced by the source of transmission’s movement or the own ship’s doppler. It
is necessary to eliminate the doppler effect of the own ship from the beam output signal so that
the target information may be analysed. Analogue sonar receivers eliminate the own ship’s
doppler by mixing the beam output signal with a generated signal corresponding to the own
ship’s doppler. The signal corresponding the own ship’s doppler may be calculated from the
velocity of sound in water, the ship’s speed and heading which are all known. The result of this
mixing process yields a sum signal and a difference signal where the difference signal is
representative of the target information only. However, when the beam output signals are in
digital form the effects of noise folding over from the negative frequency band may introduce
error in the digital difference signal. Moreover the sum digital signal may overlap or lie too close
to the difference digital signal thereby preventing the economical use of filters to filter out the
sum signal.

The present invéntion relates to a digital sonar receiver having a novel beamformer for
digitally beamforming output signals from received sonar signals, a novel own doppler nullifier,
and an apparatus for varying the gain of sonar preamplifiers to be inversely proportional to the
momentary average reverberation level of the medium in which the sonar receiver operates.

In accordance with one aspect of this invention there is provided a beamformer for forming a
plurality of digitial beam output signals in a sonar receiver which has a multielement
symmetrical transducer array. Each beam output signal has a direction which is related to at
least one respective directional element in the transducer array. The total number of samples to
be taken is given as the product of the total number of beams M to be formed and the number
sample-sets n desired to form any beam. Due to the symmetry of the array a sample-set may
consist of two samples taken from each element symmetrically disposed on opposite sides of the
at least one directional element. The beamformer sequentially samples the elements, in such a
fashion that continuous, uniformly spaced samples are obtained. To obtain uniformly spaced
samples the method of beamforming and beamformer apparatus sample each i element
symmetrically disposed to the left and right of the directional element for each beam m during
each consecutive sampling interval z, where i is defined as an integer value greater than or
equal to O and less than or equal to n — 1. The sampling interval z is defined as an integer
0=<z=<Z. The beamformer determines from the sampling interval which elements symmetrically
disposed to the left and right of the directional element are to be sampled. The directional
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element which is utilized to form the beam m may be given by:

n
M .

m=Remainder [z—di +M] +1

where di is a time delay of the ith sample to the right and left of beam m with respect to its first
sample. For any given sampling interval beam m may be determined if the time delay is a

function of the sampling interval. The time delay is an approximation of the exact time delay for

the movement of a sonar signal through the medium of:operation to impinge on the elements of 10
the sample-set after the sonar signal has impinged on the at least one respective directional

element for the beam. It should be understood that for this method the time delay is expressed

as an integer number of sampling intervals where di is chosen to be the integer number of

sampling intervals closest to the exact time delay such that the remainder of the delay when

divided by the total number of sample-sets to be taken has a different integer value for each 15
value of i. The value of i may be determined from the remainder [di/n] which is equal to the
remainder [z/n]. During each sampling interval the beamformer sums together the samples

taken from each i element to the right and left of beam-m, so as to form a sample-set. The
beamformer converts the sample-set from analogue format to digital format. The beamformer
multiplies the digital sample-set with weights. The beamformer adds each digital sample-set to 20
its corresponding partial sum of sample-sets and stores this partial sum. The output of the partial
sum for each beam when all n samples of the sample-set for beam m have been summed is the
beam output signal corresponding to beam m.

It should be understood that the sampling of the beams sequentially, in such a fashion that
continuous, uniformly spaced samples are obtained may be determined for any multi-elements 25
symmetrical array and may be stored as a timing schedule in a memory device. It should
therefore become apparent that a beamformer using this sampling method only requires one
A/D converter. It should also be apparent that the sampling method results in an economical
use of equipment and time.

An adaptive time varying gain control apparatus may be used for varying the gain of the 30
preamplifiers of the sonar receiver during each consecutive ping-cycle to be inversely propor-
tional to the momentary average reverberation in the medium of operation. The apparatus
comprises a storage means which has a plurality of storage spaces for storing a stored gain. A
preset means is provided for initially storing in these storage spaces gain step approximations of
an inverse standard reverberation curve where each of the gain step approximations has a 35
respective time duration which is determined from the standard reverberation curve. Also
included in the apparatus is a means for storing each time duration and for associating each of
the time durations with the storage space where the time durations respective gain step
approximation has been initially stored. A control means is provided for varying the gain of the
preamplifiers to correspond to each stored gain during each ping-cycle whereby each stored gain 40
is applied to the preamplifiers for a duration which is equal to the time duration associated with
the stored gains respective storage space. An averaging means is also provided in the apparatus
for averaging a plurality of beam output signals from a beamformer in the sonar receiver during
each time duration. The apparatus includes a means for determining a gain correction as a
function of a reference signal and the average of the beam output signals during each time 45
duration.

The apparatus further includes means for computmg a new gain by summing the gain
correction during each time duration with the respective stored gain associated with that time
duration. Lastly, a means for storing a new gain in the. stored gains respective storage space
during each time duration is provided. 50

It should be understood that the gain step approximations may be uniform step approxima-
tions. Also the means for determining a gain correction - may be a means for computing a
logarithmic function of the average of the beam output signal when divided by the reference
signal. The determining means may also include a comparing means which compares the
average of the beam output signals with the reference signal to give a coded value of the gain b5
correction. This coded value may be used to access a memory which has precalculated values
for the gain correction stored therein.

The adaptive time varying gain control apparatus continually updates the gain of the
preamplifiers during each ping-cycle by correcting during each time duration the gain approxi-
mations of the standard reverberation curve on the subsequently stored gains when the gain 60
approximations or the subsequently stored gains are applied to the preamplifiers. This adaptive
time varied control apparatus eliminates noise due to the momentary average reverberation in
the medium of operation.

In accordance with another aspect of this invention, there is provided an own deppler nullifier
for extracting the own ship’s doppler information from a digital beam output signal of a 65
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beamformer to obtain target doppler information. The own doppler nullifier introduces an offset
frequency A to the digital beam output signal which offset is a function of the beamformer
sampling frequency. The own doppler nullifier apparatus and method also provides for the
generation of a digital signal representative of the own ship’s doppler information and offsetting
the digital signal by a frequency amount B which is a function of the beamformer sampling
frequency and offset frequency A. The generated digital signal and the beam output signal are
multiplied together to obtain a signal having a difference frequency component and a sum
frequency component. Both frequency components will lie in their respective difference
frequency and sum frequency bands. The difference frequency band will have a center
frequency which is offset by an amount A-B whereby the effect of noise due to fold-over from
the negative frequency band into the difference frequency band is eliminated. The own doppler
nullifier provides for the sum frequency component to be filtered out leaving only the difference
frequency component corresponding to the target doppler information.

The own doppler nullifier makes it possible to digitally filter the sum frequency component
and difference frequency component of the mixed generated digital signal and digital beam
output signal. The introduction of the offsets shifts the difference frequency component away
from any effects of noise due to fold-over from the negative frequency band. Moreover, the
offsets introduced to the signals shifts the sum fequency component further away from the
difference frequency component to make the filtering of the sum frequency component from the
difference component possible.

It should be understood that the offset frequency A may be chosen as the difference between
the transmitted frequency of the sonar receiver minus the nearest lower multiple of the
beamformer sampling frequency to that transmitted frequency. It should be understood that
offset frequency B may be chosen to be equal to half the beamformer sampling frequency less
offset frequency A so as to provide the optimum result.

For a better understanding of the nature and objects of the invention, reference may be had to
the following detailed description taken in conjunction with the accompanying diagrammatic
drawings in which:

Figure 1 shows a block diagram for a digital sonar receiver;

Figure 2 is a schematic representation of a circular transducer array showing a wave front
impinging the transducer array;

Figure 3 is a timing diagram showing a partial sampling schedule for the digital beamformer;

Figure 4 shows a schematic diagram of the digital beamformer;

Figure 5 shows a '‘standard’’ reverberation curve, and the effect of ambient noise of such a
curve (on the same sheet as Fig. 2); .

Figure 6 is a block diagram for the input section of the sonar receiver;

Figure 7 is a block diagram for the adaptive time varied gain controller;

Figures 8A and 8B show the effect of noise on the difference band before and after the band
is shifted by frequency amount A-B,

Figure 9 is a block diagram for the own doppler nullification apparatus.

Referring now to Fig. 1, a block diagram for the digital sonar receiver 10 is shown. The
digital sonar receiver 10 receives sonar signals from a multi-element transducer array corre-
sponding stave line 12. The stave line 12 apply the sonar signals to the input section 20 of the
receiver 10. Input section 20 reduces the dynamic range of the signals, converts the signals to
digital and forms beam outputs for subsequent analysis. Processing section 25 analyses the
digital beam output data and extracts target information, is then fed to output section 30 and
subsequently onto a display or any other suitable means, for example, a recorder.

The input section 20 of receiver 10 comprises a plurality of staves in a circular multi-element
transducer array (not shown) where each stave is connected to a preamplifier in preamplifier
circuit 32 by line 12. Each output of the preamplifier is connected to the input of an anti-
aliasing filter of filter circuit 34. In order to reduce the large dynamic range at the input of
receiver 10, each preamplifier of circuit 32 has a variable gain which is, by means of an
adaptive time-varied gain controller 36, adjusted to be inversely proportional to the momentary -
value of the average reverberation level. The adjustment of the preamplifier circuit’s gain
achieves reverberation background level normalization. The time varied gain controller receives
information via the beamformer 38, which samples the received signals, as to the momentary
reverberation level. Reducing the dynamic range of the sonar signals reduces the digital word
length required to represent the signal in the subsequent processing.

The sonar signals once having their background noise level normalized by preamplifier circuit
32 are fed to the antialiasing filter circuit 34. Circuit 34 comprises a plurality of anti-aliasing
filters where for each preamplifier there is a corresponding filter. Each antialiasing filter includes
a band pass filter, with the center frequency set to correspond to the frequency of the
transmitted signals. The width of the band of frequencies passed by the filter will be determined
by the maximum expected doppler shift between the target echo and the transmitted signal. The
function of the anti-alias filters is to eliminate the passing of signals in the so called "‘alias’”
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frequency bands, introduced by the subsequent sampling process. At the same time the signal
to noise ratio is improved, because of the reduction in the bandwidth. As a result of the
reduction in the dynamic range the sampling and subsequent digital processing can be
performed more economically.

Beamformer 38 samples the signals through multiplexers 40 and converts the signal into
digital format by A/D converter and summer 42. The beamformer forms one beam for each
related stave by sampling the staves symmetrically disposed about the related stave as well as
the related stave itself and weighting the samples before adding them together to form the
beam. Timing and control circuit 44 controls sampling by implementing a sampling method,
which interrogates the staves in an interleaved fashion and forms the beams sequentially.

The full beam output signal, in digital format, is passed through automatic gain controller 46
of processing section 25. The automatic gain controller increases or decreases the gain of each
beam independent of the other beams after a comparison of the actual beam output with the
average output of a number of preceding samples for that beam.

The gain adjusted beam output is passed through own doppler nullifier device 48 which
eliminates the effect of the own ship’s doppler on the frequency of the signal.

The signal now enters a signal processor 50 which correlates the received signal with a
plurality of predetermined independently stored signals, so called “replicas”. The best correla-
tion will be indicative of the velocity of the target in that beam. Such a correlation is performed
for each beam in sequence. The output is sent to the output processor 52 of output section 30.

A fine bearing computer 54 is included in processor section 25, which combines information
from the automatic gain control 46 and the signal processor 50 to more accurately compute
from which direction within a beam the target mformatlon is received. This information is fed
into the output processor 52.

The output processor 52 receives information regarding the beam, target velocity and time
since transmission, and combines this information with: inputs indicating the velocity of sound in
water, and the ship’s course. From this the output processor 52 produces a digital signal which
is indicative of the range, bearing, doppler, fine bearing, and ships heading, in a format adapted
to the display circuitry.

Fig. 2 shows planar wavefront 60 impinging on cylindrical transducer 62 containing a
number of elements (staves) around its periphery, e.g. 36 staves at 10 degrees angular
separation, designation S1 through S36. Beams may be formed by suitably combining the
signals from a number of contiguous staves. In this case an array of 13 contiguous staves is
used to form a beam.

The signal generated in any stave of the array is delayed with respect to the signal at the
point of incidence upon the transducer. This delay may be expressed as:

=: - +6
d% [1 cos (6-0()]10 ps,

where:
r = the radius of the transducer in feet;
¢ = velocity of sound in water in feet/second;
# = the angle between the direction of travel of the incident wavefront and the axis of the array
(ln degrees);

= the angle between the axis of the stave considered and the axis of the array (in degrees).
(oz & 0 are considered positive in the clockwise direction)

For a transducer radius of 2 feet and a velocity of sound in water assumed at 4,890
feet/second, a wavefront travelling along the axis of the array (o« = O degrees) will generated
signals in the 13 staves, delayed as shown in Table 1.,
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TABLE |
Stave No. Location in array a(degrees) Delay in pS.
5 §7 C+6 + 60 204.5 - 5
S6 C+5 + 50 146.0 -
S5 C+4 + 40 95.7
S4 C+3 + 30 54.8
S3 C+2 + 20 24.7
10 S2 C+1 +10 6.2 10
S1 ‘ C(center) 0 0
S36 Cc—-1 - 10 6.2
S35 c-2 - 20 24.7
S34 c-3 - 30 54.8
15 833 C-4 — 40 95.7 15
S32 C-5 - 50 146.0
S31 C—-6 - 60 204.5
20 By taking samples of the individual stave signals at moments in time corresponding to the delay 20
times for those staves, the stave signals will appear in phase and can be summed to form a
beam output signal. 7
Due to the symmetry of the array the wavefront impinges simultaneously on staves C + 1 and
C — i of the array allowing these staves to be sampled at the same time, where i is an integer
25 greater than or equal to 0 and less than or equal to 6. In order to form a beam it is thus 25
necessary only to take samples at i + 1 moments in time.
The beamformer 38 of Fig. 1 utilizes a method of interleaved sampling. The interleaved
sampling method samples individual stave elements at different moments in time which
approximate the delay times of Table |. The stave elements are sequentially sampled, in such a
30 fashion that continuous, uniformly spaced samples are obtained. 30
To form one beam corresponding to each stave element of Fig. 2, 7 sample-sets must be
taken for each beam. Therefore the total number of samples to be taken is:
Z=Mn
35 =(36)(7) 35
= 252
Where M is the total number of beams to be formed (equal to 36) and n is the total number
of sample-sets (equal to 7). Because each sample is taken at one moment in time, Z represents
40 the total number of moments in time samples are to be taken. 40
The sampling method samples each i element symmetrically disposed to the right and left of
the beam m, being formed during each consecutive sampling interval z. It should be understood
that 0 in—1 (or o i 6 for n = 7). Each sampling interval corresponds to one moment in time of
the 252 different moments in time for Z.
45  The time duration of each sampling interval is chosen such that the received sonar signal may 45
be adequately reproduced digitally. A total bandwidth deviation of 800 Hz for the received
signal from the transmitted signal requires a sampling frequency of at least 1,600Hz to
adequately reproduce the received signal digitally. The time duration of the sampling interval is
chosen to be a function of the first delay of 6.2 uS from Table I. Table Il shows the calculation
50 of different time durations. The inverse of the time duration is also given which represents the 50

-sampling frequency. From Table 11 a sampling fequency of f, = 3200Hz is chosen giving the

time duration of each sampling interval as 1.24uS.
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TABLE I
X Time Duration of the Sampling Frequencies
Sampling Interval (f,=108/252. 70 Hz)
5 o= 6.2uS . 5
X
1 6.2 640
10 2 31 1280 10
3 2.07 1920
4 1.55 2560
5 1.24 3200
6 1.04 3840
15 7 0.89 4480 15
8 0.78 5120
To obtain a uniform spaced sampling rate the exact delays given in Table | are approximated as
20 an integer number of sampling intervals. The approximated delays, di, are chosen such that the 20
quotient of the approximated delay di when divided by the total number of sample-sets n =7
has a different integer remainder for each value of i. Table Il shows how di is chosen so that its
remainder is different for each value of i.
25 TABLE Il 25
Time Delay Time Delay Remainder of
1 (sec) 1.24 pS. di di/7
300 0 0 00 30
1 6.21 5.008 5 5
2 2467 19.89 20 6
3 5480 4419 44 2
4 95.69 77.17 78 1
35 5 146.10 117.82 116 4 35
6 204.50 164.91 164 3
It should be understood from Table 11l that because di is a function of the time duration of the
40 sampling interval, i may be determined for any consecutive sampling interval from the 40
remainder di/7 which is equal to the remainder of z/7. Moreover the samples taken during :
each consecutive sampling interval correspond to beam m where:
. 25-116 . ' '
@ = Rep=inder|=~s—— +36
45 ) [—53——] * 45
m=Remainder [z‘-ai +361 41 e @
50 L . 50
where i is known for any di per Table Ill and di is known for any z (because Remainder
[di/7] = Remainder [z/7]. Referring now to Fig. 3 the timing diagram for the sampling
schedule may be derived by calculating for each sampling interval the sample-set to be sampled
and the beam to which it corresponds. For example, from Fig. 3, during the time duration of the
55 25th sampling interval stave elements S19 and S29 are sampled for beam 24. This information 55
may be calculated from the above equations because for z — 25:
Remainder [di/7] = Remainder [z/7]
= Remainder [25/7]
60 =4 60

From Table Il! for a remainder of 4, di= 116 and i = 5. From equation 1:
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m = Remainder[z—s-;-u—s- +36} +1
= Remainder[23/36 +1] ,
= 23+41
= 24

Hence, stave elements m = i are sampled which corresponds to S24 =5 =S19 and S29.

Referring to Fig. 3 a repetitive sampling sequence can be seen. At time intervals O, 7, 14,
etc. the first sample-set for every beam is sampled. The sequency is dependent upon the
remainders of di/7. The delay associated with the sample to be taken corresponds to the
remainder of di/7. The first sample in the sequence is for di/7 having a remainder of O
corresponding to the sample not delayed in time (i = 0). The second sample is for remainder
di/7 = 1 corresponding to i = 4, the third for remainder di/7 = 2 corresponding to i = 3 and so
on until the last sample in the sequence is for remainder di/7 = 6 corresponding to i = 2. The
delays that correspond to these samples are a function of the rounding of the time delays to be
a multiple of the time duration for the sample interval. It should be understood that this
sequence repeats itself after every 7 sampling intervals because the number of sample-sets n
has been chosen equal to 7.

Fig. 4 is a schematic diagram for the digital beamformer 38 of Fig. 1. The timing and control
circuitry is shown within line 70 comprising clock 72, counter/divider 74 and a programmable
read only memory (PROM) 76. The timing diagram of Fig. 3 is stored in PROM 76. PROM 76
accesses multiplexers 40 of the beamformer to sample input lines 82 in accordance with the
interleaved sampling method of Fig. 3. Lines 82 separate to feed both multiplexers 40. There
are 36 input lines 82 (one for each stave element). The two multiplexers are used to that
symmetrically disposed staves may be simultaneously sampled.

The sonar signals entering the beamformer 38 via input lines 82 have had their background
noise level normalized by preamplifiers 32 and have had their bandwidth reduced to 800Hz by
anti-aliasing filter 34 (see Fig. 1). Using the sampling frequency of 3200 Hz the combined
sampling rate of input lines 82 by multiplexers 40 will be (252 samples X
3200Hz) = 806,400 samples per second. )

Muitiplexers 40 interrogate sonar signals on input lines 82. The two symmetrically disposed
input lines are interrogated by multiplexers 40 and summed by analogue summer 80 prior to
A/D conversion. PROM 76 will access only one multiplexer when only one input line is to be
sampled such as for the first sample in the formation of any one beam. In this instance, the
output of this one multiplexer is summed with a nil output from the other multiplexer resulting
in a sum which is indicative of the sample itself. The summation is done in analogue because it
is quicker and more economical summing the symmetrically disposed staves prior to A/D
conversion. The analogue sum leaves summer 80 and is converted to digital format by A/D
converter 84. :

A pulse generated by PROM 76 on line 86 initiates the A/D conversion. The output of the
A/D conversion is shown to be an 8-bit word which is multiplied by weighing factors supplied
by weight circuitry 86 to multiplier 88. The timing and control issues pulses from PROM 76
along lines 90 and 92 to initiate the multiplication. The weighing factors are chosen with
respect to which samples of the beam are being taken. For the first sample the weighing factor
will be unity. The other weighing factors may be a fraction less than unity so as to aid in
suppressing side loops. The output of the muliplier is fed into latch 94 which transfers the 8-bit
word representing the sampled signal to digital summer 96.

Digital summer 96 adds all weighted samples to all other samples of their respective sample-
set which when summed forms a beam output signal. Summer 96 utilizes Random Access
Memory (RAM) 98 which stores the partial sums of each beam output signal to be formed.
Pulses sent from PROM 76 to along line 100 initiates the summation of each new sample
entering input A with the partial sum of its sample-set entering at input B. This new partial sum
A + B is then stored in RAM 98 at an address indicated by bus 102 from PROM 76. Bus 102
also addresses RAM 98 to bring the partial sum of the sample-set to be summed in summer 96
with each of its new samples. :

RAM 98 stores a partial sum for each beam to be formed. In this case 36 beams are being
formed so RAM 98 must store 36 partial sums. RAM 98 outputs on bus 104 digital words
representing each full beam output signal. Each full beam output signal is fed from the
beamformer only after all 7 samples of the sample-set for the beam output signal have been
summed. At this time the RAM 98 clears that memory location which is used to keep the partial
sum so that a new output signal can be formed in that direction. ’

The beamformer 38 outputs a beam every [7 samples X 1.24 ps (the time duration of the
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sample interval)] = 8.68 ps. Hence, the beamformer which samples at a rate of 806,400
samples per second will output approximately 115,200 full beam output signals every second.

It should be apparent that the beamformer requires the fastest operating hardware. Processing
section 25 (Fig. 1) need not work at such a fast rate which makes for more economical
hardware.

Besides the full beam output signals bemg fed into processing section 25 (Fig. 1) they are
also fed back into adaptive time varied gain control (A.T.V.G.) 36 (Fig. 1). The A.T.V.G. control
36 compensates for the reverberation decay as a function of range, variations in the overall level
of the reverberation decay curve;, and sudden variations in the slope of the decay curve
(reverberation bumps). Fig. 5 shows a typical reverberation curve 106 as a function of range or
time. As reverberation curve 106 decays it falls below the ambient noise 107 which then
becomes the dominant noise. Reverberation is the energy from the transmitted puise being
reflected back to the receiver where the reflection is caused by discrete particles and marine life
resident in the medium, as well as the reflection and back-scattering which occurs at the
boundaries. The A.T.V.G. control 36 reduces the large dynamic range of the received sonar
signals which may be in the excess of 120 dB by varying the gain of the preamplifier 32 to be
inversely proportional to the momentary value of the averaging reverberation.

The A.T.V.G. control which is subsequently described has been developed making the
assumptions that the reverberation level in all directions around the ship is uniform, variations in
reverberation level between successive ping-cyles are not unacceptably large and gain control in
steps of 1 dB is acceptable.

Referring now to Fig. 6 the preampllflers 110 of preamphfler circuit 32 contain gain stages
controllable over a range of 63 dB in 1 dB steps. A binary code is fed into the preamplifiers
110 along control bus 112 from T.V.G. (Time Varied Gain) control 114. Initially, during the first
ping-cycle, the gain of preamplifiers 110 follows a fixed, predetermined pattern, gradually
increasing from minimum to maximum to compensate for an assumed ’‘standard’’ reverberation
curve. This ‘‘standard’’ reverberation curve may be introduced into the T.V.G. control 114 along
initial gain profile bus 116. The "'standard’’ reverberation curve may correspond to the
reverberation curve 106 of Fig. 5. The istances at which the gain changes are to be made have
been derived from the ‘‘standard’’ reverberation curve and are stored in the T.V.G. control 114.

It should be understood that the period between gain changes is dependent upon the time it
takes for the reverberation to drop 1 dB. Normal reverberation close to the ship is large and
decreases almost exponentially as the range increases. At some point in time the reverberation
level falls below that of ambient noise and hence need not be considered. The A.T.V.G. does
not deal with the effect of reverberation at ranges where the reverberation has fallen below the
ambient noise level in the medium.

During the period between gain changes, a large number of full beam outputs from
beamformer output bus 104 are fed into gain correction computer 118 via bus input 120. Gain
correction computer 118 averages all these beam output signals. The average is then compared
in gain correction computer 118 with the desired full beam output signal which is introduced
via reference input bus 122. Any discrepancies between the desired output signal and the
average is an indication that for this interval between gain changes a gain correction is required.
If AG represents the gain correction then the gain correction required is:

AG = — 20 log Av/R where
Av = average of the beamformer full beam output signals
R = the desired full beam output.

For each period between gain changes gain correction computer 118 computes the value of
the gain correction, AG. The gain correction AG, is fed into T.V.G. control 114 along bus 124.
The T.V.G. control 114 adds the gain correction to the previous gain for the interval. It shouild
be understood that the gain correction may be a positive or a negative value. The new gain
values obtained from the sum are then stored in the T.V.G. contro!l 114. During the next ping-
cycle, i.e. the maximum time between which a puise is transmitted and received, the new gain
values are applied to the preamplifiers 110. This process is repeated on subsequent ping-cycles
so that the gain-time profile is continually revised to match the current characteristics of the
medium. The length of ping-cyle may be in the order of 30 seconds. Because the range of the
target corresponds to time, different gains are applled to the preamplifiers as the time of the
ping-cyles increases.

Because all the inputs are controlled smultaneously by the same control lines, beam-to-beam
variations in normalization will occur, which are removed in a beam oriented A.G.C. (adaptive
gain control) stages 46 (Fig. 1) following the beamformer 38.

The exact computation of AG is a complicated and time consuming process for the gain
correction computer because of the logarithmic function. The gain correction computer of this
application- uses a simple algorithm. For any number of dB’s required for gain correction, the
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ratio Av/R can be expressed as a simple binary fraction, with sufficiently close approximation.
For example, if the gain correction (AG) is to be — 8 dB, then 20 log Av/R = 8, thus
Av/R = 2.511 or Av/R would approximately equal 2.5. It would then follow that:
5 Av/R=2.56 5
Av = 2.5R
A—-R=1.5R
for R chosen to be unity.
Av—1=1.5
10 : 10
The converse of this would apply and if Av — 1 = 1.5 a gain carrection of — 8 dB would be
required. Table IV shows a binary code which has been generated for gain decreases.
TABLE IV
15 15
AG (dB) Ratio Av/R Difference Av — R
- — 20 log Av/R Exact Fraction Fraction Binary Code
1 1122 11/8 1/8 0000.001
20 2 1.269 11/4 1/4 0000.010 20
3 1.412 13/8 3/8 0000.011
4 1.685 11/2 1/2 0000.100
5 1.778 13/4 3/4 0000.110
6 1.995 2 1 0001.000
25 7 2239 21/4 11/4 0001.010 25
8 2512 21/2 11/2 0001.100
9 2.818 23/4 13/4 0001.110
10 3.162 31/8 21/8 0010.001
11 3.548 31/2 21/2 0010.100
30 12 3.981 4 3 0011.000 30
13 4.467 41/2 31/2 0011.100
14 5.012 b 4 0100.000
15 5623 b55/8 45/8 0100.101
16 6.310 61/4 51/4 0101.010
35 17 7.079 71/8 61/8 0110.001 35
18 7.943 8 7 0111.000
19 8913 87/8 77/8 0111.111
20 10.000 10 9 1001.000
21 11.32 11 1/4 101/4 1010.010
40 22 1269 125/8 115/8 1011.101 40
23 14.13 141/8 131/8 1101.001
24 156.86 157/8 147/8 1110.111
45 It should become apparent from Table IV that for any number of dB’s the gain correction may 45
be obtained from a read only memory which may be addressed by the binary code obtained
from the difference of Av — R.
Fig. 7 is a block diagram showing the A.T.V.G. control 36 in greater detail. Beam output
signals from the beamformer are fed back via bus 120 to averager 126. Averager 126
50 accumulates a large sample of beam outputs and averages them once every period between 50
gain changes. !t should be understood that during one scan 36 beam outputs are formed.
Because it has been found that the minimum period for gain change is about 20 mS 32 beam
output signals may be added for 32 scans. The four beams aft of the ship are excluded due to
high propellor noise. Hence for each period between gain changes average 126 sums 32 beam
55 output signals 32 times and divides this summation by 1024. Division in the case of a digital 55
signal only requires shifting. The average is fed into comparator 128 along bus 130.
Comparator 128 subtracts desired value R on bus 132 from the average value. Comparator 128
outputs the sign value and difference value on respective buses 134 and 136 to line selector
138. The line selector 138 uses the sign bit to determine if the gain should be increased or
60 decreased. If the gain should be increased line select 138 accesses read only member (ROM) 60
140 by increase bus 124 causing ROM 140 to output the gain correction increase at the
address location determined by the difference value. If the gain should be decreased line select
138 accesses ROM 140 by decrease bus 144 to output the gain correction decreases from
ROM 140 at the address location determined by the difference value.
65 ROM 140 feeds the gain correction along bus 124 and into adder 148. Adder 148 takes the 65
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gain correction value and adds it to the previous gain stored in Random Access Memory (RAM)
150 which enters adder 148 via bus 152. The sum represents the new gain and is outputted
on bus 154 to the line selector 156. The line selector:inputs the new gain into the RAM 150
via bus 1568. During the initial ping-cycle the assumed reverberation curve information and
initial gain is deposited in RAM 150 and line selector 156 by way of bus 160. RAM 150
outputs the gain to the gain decoder 16 along bus 152. The gain decoder 161 codes the new
gain and outputs the coded gain on plurality of lines 162 of control channel 112 which adjusts
the gain of the preampliﬁers for each period between gain changes Hence the T.V.G. control
114 computes the new gain while simultaneously usmg the previous gain to control the
preamplifiers.

Now referring again to Fig. 1 the first stage of processing section 25 is the automatic gain
control (AGC) stage 46. The AGC controller 46 increases or decreases the gain of each full
beam output signal independent of the other beam output signals after a comparison of the
actual beam output signals of that beam. The AGC controller 46 eliminates any beam-to-beam
variations in normalization which may occur from the A.T.V.G. control 36. The beam output
signal from AGC 46 is fed into the own doppler nullifier (0.D.N.) and fine bearing computer 54.

Although the function of the O.D.N. 48 (Fig. 1) has been previously described to reduce the
full beam output signal to half by taking away the own ship’s doppler effect on the signal, some
of the principles of the 0.D.N. should now be discussed.

Sonar echo signals, the signals to be detected, are generally received at a frequency which
differs from the transmitted frequency. The difference is known as the doppler effect which is
due for the most part to the relative motion of the target with respect to the ship.

In order to extract the target doppler from the total doppler it is necessary to remove the
doppler effect of the own ship’s motion. The O.D.N. involves the mixing of the received beam
formation’s frequency with a local frequency which corresponds to the ship’s doppler followed
filtering out the sum frequencies obtained when the frequencies are mixed.

In order to reconstruct the original target information from the sonar signals entering the
receiver the sampling rate of the receiver must be at least twice the highest signal frequency
present. However, because the receiver of the present application incorporates anti-aliasing
filters at the input of the receiver, the sampling frequency is reduced to at least twice the band
of frequencies passed through the anti-aliasing filters. 1t should be understood that the desired
frequency band may be ‘‘folded’” into the baseband. The so called folding frequencies occur at
multiples of half the sampling frequency. Signals occuring at multiples outside the desired band
will also be folded into the baseband. Such frequencies are called ‘‘aliases’’. The purpose of the
anti-aliasing filters is to restrict the frequency range to the desired band and thus suppress
signals in any other band. The mirror image of the baseband extending from OHz into the
negative frequency region cannot be eliminated.

The doppler effect of the beam output signal may vary “from a minimum of f,—f, to a
maximum of f, + f,, where f, represents the transmitted frequency and f,, represents the total
doppler shift.

_ [f the sampling frequency is chosen for the minimum recelved frequency to be a multiple of
the sampling frequency,. as is the case in the receiver of this application, the received frequency
of the beam output signal will always fall in the band of (a) (f,) to

2a+1

2

f., (where a is an integer and f, the sampling frequencY). The sampling frequency will be folded
into the baseband from O to f,/2. The frequency of the received beam output signals is then:

f, = f,, + £, where

f,, is the frequency of zero total doppler and f, is the total doppler shift which may have positive
as well as negative values.

As indicated earlier the maximum doppler shift of the frequency about the transmitted
frequency was chosen to be 400 Hz. The value of maximum-doppler was chosen by assuming
that the maximum ship speed and target speed were each 40 knots. Given a conversion factor
of 5 Hz/Knt, the maximum speed of 80 knts becomes:a doppler shift of 400 Hz (=80 knt.
Hz/knt).

If this low frequency received beam output signal, f;, is mixed with a frequency proportional
to the own ship’s doppler (a known variable), the resulting difference component will no longer
contain the own ship’s doppler. This resultant frequency is proportional to the target doppler.

During the mixing process within the O.D.N. device the following should be considered:

1. In addition to the difference frequency the output of the mixer will contain the sum
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frequency, which is to be filtered out.

2. Since the doppler is variable, the sum and difference frequencies will each require a
frequency band. These frequency bands must be separated sufficiently so that the above
filtering in the above paragraph may be done.

3. The effective noise bandwith of the anti-aliasing filter may be assumed to be not more than
1.5 times the passband. This means that the noise bandwidth of the difference signal will be
considerably larger than the band required for the actual signal frequencies. In order to obtain a
maximum S/N enhancement the center of the difference frequency band must be shifted to the
right, so that the portion of the noise band in the negative frequency region, when folded over,
falls outside the desired difference band. This is clearly shown in Figs. 8A and 8B. Fig. 8A
shows the effect fold over of noise on the desired difference frequency band 170. The filter
response is designated as 172 having a noise band 174. As shown in Fig. 8A the noise band in
the negative frequency region 176 folds over into the desired band as indicated by shaded area
178. This folding effect effectively increases the noise in the desired difference frequency band
170. Referring now to Fig. 8B shifting the center frequency of the difference band 170 to the
right by desired amount 180 will result in the folded over noise from the negative frequency
region, as indicated by shaded area 178, falling outside of the desired difference frequency
band 170.

4. The requirements of paragraphs 2 and 3 above may be satisfied by introducing an
“offset”’ in the relation between the beam output signal frequency and sampling frequency, and
also in the local oscillator frequency.

The offset in the beam output signal frequency entering the O.D.N. device may be defined as!
A = (transmitted frequency)-(nearest lower multiple of sampling frequency with respect to the
transmitted frequency)
and the local oscillator frequency is defined by:

f, = B + own ship’s doppler, where B is the offset in the oscillator frequency.

It should be understood that the optimum solution is obtained when:

A+B=%/2

and the center of the difference band (A — B) is located as shown in Fig. 8B.

Referring now to Fig. 9 there is shown an 0.D.N. device which takes into consideration the
frequency techniques previously mentioned in the mixing operation.

A read only memory (ROM) 182 is shown addressed by three buses 184, 186 and 188.
ROM 182 outputs a value K on bus 190 which corresponds to the value of:

K= f, COS 8, where

(o]

f, = transmitted frequency,
COS B = beam angle relative to the bow of the ship, and
¢ = the velocity of sound in water (V.0.S.L.W.).

The ROM 182 is used to store predetermined values of K for different values of f,, c and COS
B. thereby eliminating lengthy computation times. The value of K read from ROM 182
corresponds to the information on the three address buses. Address bus 184 is indicative of the
transmitting frequency which is a known variable. Address bus 186 is indicative of the
V.0.S.1.W. for which certain values have been calculated. Lastly, address bus 188 is indicative
of the beam angle with respect to the bow of the ship, 8. Because the direction of the beam
being processed is known, a signal indicative of the beam may address ROM 182. In summary,
ROM 182 outputs a value K which represents a predetermined computation for selected known
input vaues of the transmitting frequency, beam angle and V.0.S.I.W.

The value K is multiplied with the own ship’s speed, a known variable U inputted on bus 192
to multiplier 194. The result of the multiplication is outputted on bus 196 and corresponds to
the doppler effect of the ship, f,, where:

f,=UXfCOS B

The own ship’s doppler, f.,, is then added in adder 200 with offset B introduced on bus 198.
The adder 200 may perform the addition in 2's compliment arithmetic so that the output on bus
202 is f,, = B + f .. The plus or minus sign are indicative of the ship moving forward or
backward, respectively. At this point (bus 202) the 0.D.N. device has determined the proper
value for the own ship’s doppler effect and offset this value by B to give the offset in the local
oscillator frequency, f,,. . ’

The 0.D.N. has now to produce for each beam output signal a string of samples which
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represent the function:

COS(2.f,.b.1),

where t = 1/f,.. . (the sampling frequency, the interval between samples of the same beam),
and

b = is a succession of integer values 1,2,3 etc.

This cosine value is to be multiplied with the beam information to obtain the desired
difference band.

It should be understood that 27.A t is a constant Wthh leaves the quantity f,.b proportional
to the required angle COS(2.f,.b.At). It should be understood that the reqmred angle may be
determined by the accumulation of values for f,, above for each successive beam output signal
by using a Random Access Memory.

The accumulation is done in angle accumulator or adder 204. Each successive value of f_ is
added to the sum of the prior values stored in RAM 206. The proper correlation between f, and
its corresponding accumulation is governed by beam address bus input 208 which addresses
RAM 206.

In the system of the present application, thirty-six beam output signals are formed. Hence,
adder 204 and RAM 206 keep a running value of the :accumulated angle, y, for each beam
output signal. The value of the accumulated angle is given as:

y = b.f,, which is outputted on bus 210 into a cosine ROM 212. For each value of the
accumulated angle there is a corresponding predetermined value of the function COS(27.f,,.At)
stored in the memory of cosine ROM 212. For the value of the accumulated angle addressmg
COS ROM 212 on bus 210 the corresponding cosine function is outputted on bus 214.

The function outputted on bus 214, COS(27.f,.b.At) may be expressed, for the purposes of
simplification, as COS(f.) = COS(B +{,,).

The beam output signal information enters the 0.D. N along bus 216. The beam output
signal information has a doppler of COS (f,) where f, is the total doppler effect. it should be
understood that f, = f‘,s + f,, where f,, corresponds to the target doppler. The beam output signal
information is added in adder 218 with offset A inputted on bus 220. It should be recalled that
offset A corresponds to a frequency value equivalent t6 the transmitted frequency less the
nearest lower multiple of the sampling frequency to the transmitted frequency. The output of
adder 218 corresponds to COS(ftd + A) = COS(A + (f, + f,))) which is outputted on bus 222. It
should be understood that this is not an exact representation of the beam output signal
information but an approximation thereof which is used herein to simplify the explanation of the
operation of the O.D.N.

The O.D.N. has at this ponnt calculated the own Shlp doppler effect and introduced the offsets.

The next step in the processing of the information is to multiply the information on buses 214
and 222 in multiplier 224.
The output of multiplier 224 on bus 226 given as:
COS(A +f, + 1) . COS(B +f,,)
(For simplicity only positive signs are used.) E
=1/2 COS(A+ B+ f,+ 2f,) + 1/2 COS((A — B) + (f;, + f;) — ;)
=1/2 COS(A + B + f + 2f,) + 1/2 COS((A — B) + f).

The first term is the sum term which lies in sum frequency band while the second term is the
target information which lies in the difference frequency band. The A — B within the parenthesis
of the second term is the offset of the center frequency of the difference frequency band (see
Fig. 8B).

Bus 226 is connected to a band pass filter (not shown) which filters out the information
corresponding to the target doppler, in this situation COS(f,;). This half beam output signal

representation of the target doppler information leaves: O.D.N. 48 to enter correlator 50 (Fig. 1).

It should be understood that all timing and control of the hardware in Fig. 9 may be controlled
by timing and control circuitry 4 of Fig. 1.

Referring once again to Fig. 1, the signal processor 50 is shown having a correlator 51 and a
spectrum leveler 53. |

Bus 226 is connected to a pass band filter (not shown) which filters out the information
corresponding to the target doppler, in this situation COS(f,;). This half beam output signal

representation of the target doppler information leaves O. D N 48 to enter correlator 50 (Fig. 1).

It should be understood that all timing and control of the hardware in Fig. 9 may be controlled
by timing and control circuitry of Fig. 1.

Referring once again to Fig. 1, the signal processor 50 is shown having a correlator 51 and a
spectrum leveler 53.

The principle behind the correlator is that the best correlation between the target information
and set values in the correlator will result in the detection of the target speed away from or
toward the ship.

For the purposes of the receiver of the present application 16 correlates are used. Each

65 correlator will cover a range of 25 Hz. Recalling the conversion factor of 5Hz/knt permits for
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speed information on the target to be given within 5 knts.

The output of the correlators goes through spectrum leveler 53 which aids in reducing the
noise level further. The timing and control of the signal processor 50 is regulated by timing and
control circuitry 44. .

The fine bearing computer 54, by using information from correlator 51 and automatic gain
control 46, can compute how far to the left or right of the stave element for which the beam
output signal is centered the target is positioned. The staves elements are 10 degrees apart but
the fine bearing computer can increase the bearing accuracy of about 1 to 1/2 degrees.

The output section 30 consists of an output processor 52. From the signal processor target
speed is fed into processor 52. The stave about which the beam output signal is centered and
fine bearing is fed through fine bearing computer 54 into processor 52. The V.0.S.1.W. and
ships course are also fed into the processor 52. Processor 52 outputs in digital format
information to the display corresponding to:

1. Target range,

2. Target bearing with respect to true north,

3. Doppler (target speed),

4. Fine bearing, and

5. Ships heading.

In summary a complete sonar receiver has been described which subsequent digital beamform-
ing analyses the received sonar signals digitally.

CLAIMS

1. An adaptive time varied gain control apparatus for varying the gain of a plurality of
preamplifiers during each consecutive ping-cycle of a sonar receiver to be inversely proportional
to-momentary average reverberation in the medium of operation, said apparatus comprising:

storage means having a plurality of storage spaces each having a stored gain;

preset means for initially storing in said storage spaces gain step approximations of an inverse
standard reverberation curve where said gain step approximations have respective time-durations
determined from said curve;

means for storing each of said time-durations and for associating each of said time durations
with the storage space where said time-duration’s respective gain step approximation is initially
stored;

control means for varying the gain of said preamplifiers to correspond to each stored gain
during each ping-cycle whereby each stored gain is applied to said preamplifiers for a duration
equal to the time-duration associated with the stored gain’s respective storage space;

averaging means for averaging a plurality of beam output signals from a beamformer in the
sonar receiver during each time-duration;

means for determining a gain correction as a function of a reference signal and the average of
the beam output signals during each time duration;

means for computing a new gain during each time-duration by summing the gain correction
with the respective stored gain of that time-duration; and

means for storing the new gain in the stored gain’s respective storage space during each time-
duration.

2. The apparatus of claim 1, wherein the gain step approximations are uniform step
approximations.

3. The apparatus of claim 1, wherein the means for determining is a means for computing a
logarithmic function of the average of the beam output signals divided by the reference signal.

4. The apparatus of claim 1, wherein the means for determining includes a comparing
means which compares the average of the beam output signals with the reference signal to give
a coded value of the gain correction.

5. The apparatus of claim 4, wherein the determining means further includes a memory
which has stored therein predetermined values for the gain correction which are accessed by the
coded value of the gain correction.
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