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PURPOSE

One example of a SONAR equation, for the passive detec-
tion of a target which is radiating sound into the ocean, is

SL - TL > NSL + 10 Logw - DI + DT
where
SL = Source Level of the target being detected passively
TL = Transmission Loss as the signal propagates to the de-
tector
NSL = Noise Spectrum Level of the ambient noise in the ocean
w = Frequency Bandwidth of the detecting system
DI = Directivity Index of the detecting system
DT = Detection Threshold of the detecting system for a 50

percent probability of detection and a specified pro-
bability of a false-alarm

The equation states that if the inequality is satisfied,
then there is a better than fifty-fifty chance that the de-
tecting system will detect the presence of the target, and
at the same time no more than some specified chance of say-
ing a target is there when it really is not.

The purpose of this course is to provide the physical
and conceptual background necessary to understand the meaning
of each of the above terms and others which are combined to
form the SONAR equations. At the end of this course, the
studenf should be able to apply the appropriate SONAR equa-
tion to a given problem and estimate such things as maximum
detection range, optimum receiver depth, necessary bandwidth,
etc.




HYDROSTATIC PRESSURE

Suppose a very small hollow glass sphere has a vacuum
inside. If it is placed in still water (or any other fluid)
there are compressive forces acting at all points of the
spherical surface which tend to crush it:

The magnitude of the compressive force acting on any
little element of area of the sphere is essentially constant.
This force magnitude divided by the area over which it acts

is the hydrostatic pressure, 62.
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To get a feel for the magnitudes of hydrostatic pres-

sures found in ordinary circumstances, consider the follow-
ing:

(1) Near sea level the hydrostatic pressure of the air is
Q, & 14.7 Ib/in® z 1 atmosphere of pressure.

(2) Just beneath the surface of the ocean the pressure is
also ® 2 14.7 1b/in?.

(3) At a depth of 33 ft under the surface of the ocean the
hydrostatic pressure is ® = 29.4 1b/in® = 2 atmo-
spheres. This is the sum of the weight of a column of
sea water with 1 in2 cross section and height of 33 ft
and the force that the atmosohere exerts on the top of

the water column.

(4) In like manner, at a depth of 66 ft the total hydrosta-
tic pressure is 44.1 lb/in2 = 3 atmospheres.

Sea

Surface

- A
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ACOUSTIC PRESSURE

Sound is composed of very small pressure fluctuations
p(t) disturbing the total average hydrostatic pressure GZ-
These radiate away from the source into the fluid.

Source radiates . \
sound

)) 2k

/

Hydrophone receives
the sound by sensing
p(t)

O

at the Hydrophone

Total Pressure

Time
ACOUSTTIC PRESSURE = P(t) - Q?, = /p(t)
p(t) 44 the quantity sensed by most hydrophones,

s4ince they are sensitive to changes 4in the total
pressune.




MONOFREQUENCY SIGNALS

For ease of discussion, we will at first restrict our-
selves to consideration of tonals (monofrequency signals).
Later on, we will see that more complicated signals can be
broken down into a collection of monofrequency signals.

The time history of the acoustic pressure at a given
point in space for a monofrequency signal can be represented
as a sine wave,

P4

v
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P = The effective amplitude of the acoustic pressure. This
is not the same as the peak amplitude A, but is more
convenient. It turns out that P = A/N2' = 0.707A
for monofrequency signals.

T = The period of the monofrequency signal. The period is
the time interval required for the acoustical signal to
go through one complete cycle, returning to the confi-
guration it had at the beginning of the interval. The
frequency f of the wave is the number of cycles per
second, and is given by £ = 1/T.

Notice that ® and P represent totally different quantities;
® (s the instantaneous hydrostatic pressure and P 44 the
effective amplitude 0§ the acoustic pressure.
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A SINEWAVE IN TIME
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A SINEWAVE IN SPACE
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s

the wavelength of the signal. It is the distance over
which the signal goes through one complete cycle.




SPEED OF SOUND

pA

— C

A wave advancing through space is like a train traveling

along the tracks:

The length of each boxcar is the wavelength ), and the
time it takes each boxcar to pass the observer is the period T.
The train advances a distance A in a time T, so its speed

c must be A/T.

c = A/T

Since the number of cars passing the observer in unit time

(1 sec) is the frequency i

)

1l/T,

AE =

-



A TRAVELING WAVE

1:(44,%). = A ddn IZW-F('(:‘ Af)}

At a given point in space, x has fixed value so that the
pressure at that point depends only on time. 1If, for simpli-
city, we take x = 0, then

»P('Oji)r A M(Zv#t} as befonre
13 [} (page 6).

A P ///"f\\\\
i
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On the other hand, if we look at the wave at one instant
(i.e., take a picture of it) then t = constant, and p depends
only on x. If, for simplicity, we take t = 0, then

3 1 again
/F(/y-)O) = - A Mw(%\__ﬂ' ) as begone
(page 6).

? |

If we keep track of a given part of the wave, then as time
increases this part moves towards larger x with speed c.




HYDROPHONE OUTPUT VOLTAGE
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Hydrophone Sensitivity ’Tf\ = —

P

where V and P are the effective amplitudes of
the instantaneous voltage at the output terminal

of the hydrophone and the pressure sensed by it.

~r(t)
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DISPLAYS

OSCILLOSCOPE

instantaneous voltage v(t)

VOLTMETER -
some average voltage B (|v4 dt
2
o
or
effective voltage ! ¢ 2
8 = wrdt

BEARING RANGE RECORDER
(active sonar)

brightness related to the
strength of the echo returned
from each range and bearing
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LOFAR-GRAM (passive sonar)

;'[1[ paper is electrically burnt, with
'l | darkness related to the strength
: lll of the signal received at each
¥y frequency and time
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INTENSITY

Intensity = energy crossing unit area in unit time

where "area" is the area of a "window" perpendicular to
the direction of travel of the wave.

In terms of measurable quantities,

P8

.P
PCL

Intensity I =

where P = density = mass per unit volume of the medium,

and ec = specific acoustic impedance of the fluid.
Density Speed of Sound fel=}

Sea Water 1026 kg/m> 1500 m/sec 1.54x10%Ray1s

Air 1.21 kg/m> 343 m/sec 415 Rayls

1l Rayl = 1 kg/(mz-sec)

See Appendix A if scientific notation (N x lOM) is new to you.

11




SIZES OF THINGS IN WATER
Speed of sound, frequency, and wavelength:

The speed of sound in sea water is approximated by

e~ 1.5 =% 103 m/sec + a few per cent.

It must be remembered that because of depth, temperature,
salinity, and contamination there may be variations up to a
few per cent in the exact value of c.

Approximate wavelengths in water of monofrequency -sounds of
different frequencies are:

Frequency Wavelength
10 Hz = 10 cps 150 m
50 30
100 15
500 3
1 kHz = 1000 cps 1.5
5 0.3
10 0.15
50 i 0.03 = 3 cm

Pressure amplitudes:

lub = 10° uPa
Ga = 1 atmosphere = 14.7 lb/in2 at the ocean surface

G% increases by about 1 atm for every 33 ft of depth in
water.

Representative acoustic pressures generated near a sonar trans-
mitter:

4

P ~ 10% to 10°% ub or 0.01 to 1 atm.

If P ~ GZAﬁE then cavitation is likely and performance may be
degraded. Representative weak acoustic pressures detectable by

a sonar receiver: -2 -8
P~ 10" uB or 10  ata.

12




CAVITATION

Ocean waters contain dissolved gases.

If a sample of sea water is depressurized, it is observed
that the dissolved gases can come out of solution, forming

bubbles. If the pressure is restored, these bubbles will col-
lapse.

This process can occur when a high amplitude acoustical
wave passes through water. If the peék acoustic pressure am-
plitude is greater than a certain value, then the negative
acoustic pressure causes the water to "boil" and give up its
dissolved gases in the formation of bubbles. When the same
portion of water is then compressed by the positive portion
of the wave, the bubbles collapse suddenly. The sound of these
collapses resembles that of frying fat.

Cavitation corrodes surfaces on which it occurs, and trans-
forms acoustical energy to heat. Cavitation sets a natural
limit on the useful strength of sound waves in water.

For frequencies below about 10 kHz, and pulses longer than

100 millsec, the peak acoustic pressure amplitude for cavitation
is about the same value as the total hydrostatic pressure Gi.

13
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/%:_;’ SOUND PRESSURE LEVEL = SPL
T

—

SPL re Pr = 20 log (P/P

ef ref)

0.0002 ub (0ld noise measurements)

pref = 1lub (old conventional standard)

luPa (new Navy standard)

Both P and Pr are effective pressure amplitudes.

ef
The unit of SPL is the decibel (dB).

Examples

194 dB re 0.0002ub

1fp = 10%Db & 1 atm, then SPL ={ 120 4B re lub
220 dB re luPa
114 4B re 0.0002ub
1£ P = 10%b & 10™% atm, then SPL ={ 40 dB re 1lub
140 dB re lpPa
34 dB re 0.0002ub
I£P = 107%ub = 10°% atm, then SPL ={=40 4B re 1ub

60 dB re luPa

I§ the reader 44 not used to working with Log to the base 10,
he should consult Appendix A.
14




CONVERSION BETWEEN SPL's WITH DIFFERENT REFERENCE PRESSURES

For a given pressure amplitude

SPL re lyPa = SPL re luyb + 100 dB

SPL re 0.0002ub = SPL re lub + 74 4B

Notice

0 dB does not mean the absence of sound, but means P = Pref'

If Proo= Pref

’

then

SPL = 20 Log(P/P

20 zog(Pref/Pref) = 20 Log 1 = 0 dB re Pre

ref) £

15
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A
%
=
% INTENSITY LEVEL = IL

IL re Iref = 10 &og(I/Iref)

If I = P 2/( c)and TN= Pz/( )

ref ref /'P RS
then 10 Log I/I = 10 Log P%/p__ .2 = 20 Log P/P

ref ref g ref
Thus
% . o 2
TNt T . = S ge P . Af I = BN

Notice that the level of a signal in dB

is obtained by 20 £og (Pressure Ratio)

or 10 £og (Intensity Ratio)

For oun purposes, IL and SPL are totally equivalent when

Ief and P.og 2re related by

H
|

2
ref " Free /(oc)

16
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\:&:’ TRANSMISSION LOSS

3 P(rl)
SPL(r,) = 20 £og
- Pref
P(rz)
SPL(r,) = 20 Log
ref
P(rl)
SPL(r;) - SPL(r,) = 20 Log 57?57
= EiL)
TL = SPL (1 meter) - SPL (r meters) = 20 Zog 1630

The Transmission Loss TL is a measure of the reduction in
SPL of a signal as it trfverses the distance between a point 1
meter to a point r meters from the source. Transmission Loss
is referred to the SPL at 1 meter: TL = (0 dB at ¢ = 1 m.
[For large sources with complicated "near fields" the SPL (1
meter) must be found by extrapolating back from the less com-
plicated region at distances larger than 1 meter.]

17




SAMPLE CALCULATION OF TRANSMISSION LOSS

If SPL at 1 meter = 120 dB re lub
and SPL at range r = 40 dB re ludb
then TL = 120 - 40dB = 80 dB.

TL does not depend on the reference pressure.

Let's convert the above SPL's to reference luPa and
recalculate the TL.

Now SPL at 1 meter 220 dB re 1luPa

]

and SPL at range r 140 dB re luPa

so that TL = 220 - 140 = 80 dB .

18
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SPHERICAL

K3

CYLINDRICAL

¥

SPHERICAL AND CYLINDRICAL WAVES

/U = distance from the center of the sphere

t = distance from the axis of the cylinder
»P;-.?_M[lﬂ'{(“‘/‘:)) nf DA
VO
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The total transmission Loss TL can be consdidered to arnise 4rom
two different causes:

%& I. TRANSMISSION LOSS FROM SPREADING

As the rays of sound propagate out from the source and tra-
vel through the water, they will bunch together or spread out
depending on the properties of the speed of sound profile for
the water. The transmission loss which arises from this effect
is termed

TLg = transmission loss from spreading,

Some simple examples of spreading for rays traveling straight

lines are

Spherical spreading
TL = 20 fog ¢
g g

Cylindrical spreading
TL = 10 fog r
g

No spreading
TL = 0 dB.
g

In the real ocean, the rays never travel in straight lines,
so that these above simple examples are unrealistic. We will
see, however, that there are many situations in which the sound
will spread out spherically or cylindrically over large portions
of its path, and the above simple equations will appear in the
complete transmission loss equation.

20
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%n. TRANSMISSION LOSS FROM DISSIPATION

There are a vafiety of other physical effects termed dis-
sipative effects, which reduce the SPL of the sounds in addition
to the spreading of the rays. Since the spreading of rays is
described by TLg, we will call the portion of the transmission
loss which results from these other effects

TLz = Transmission Loss from dissipation.

There are a number of these which are important in underwater
sound propagation:

(a) Absorption. As sound travels through the water, there is a
conversion of the acoustical energy into thermal energy be-
cause of effects which are very similar to friction in mov-

ing machinery and hysteresis losses in transformers.

(b) Transmission into the bottom: When a sound beam strikes
the ocean hottom, part of the beam is reflected back upward
in the water and another part is sent down into the bottom.
The beam which is reflected back upward in the water con-
tains less energy than the beam which traveled down to the
bottom.

(c) Scattering. The presence of rough boundaries at the ocean
surface and bottom can lead to a scattering of the sound
out of the reflected beam. The presence of bubbles and
other impurities in the water itself can also scatter
sound energy out of the path of the ray.

(d) Leakage. In certain kinds of sound propagation in the
ocean, as in the surface layer, the rays of sound can "leak"
out the bottom of the layer each time they bend down to
graze it. This "leakage" results in a loss of energy from
the layer.

21




ATTENUATION COEFFICIENT @ in dB/m

100 Hz

1 kHz
FREQUENCY

22
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Volume Scattending

Sunface Scattering

Transmission into Bottom with Scattering

Leaky Duct with Scattering

\_Av
\
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TL (dB)

20

40

60

80

TRANSMISSION LOSS

In general the total transmission loss TL can be composed of
two terms,

TL = TLg + TL£
where TLg = transmission loss from geometrical spreading
TLZ = transmission loss from dissipation
Range (m)
1 10 100 103 1

24




SPEED OF SOUND, TEMPERATURE, AND DEPTH

Speed of Sound c(2)

Temperature c(0)

2

Depth

2

Depth

Speed of sound c(2)
()

z

Depth

4

Depth

These curves show how the speed of sound is related to depth and
temperature. The effect of salinity is not included, so these
curves are appropriate only for water of constant salinity.

25




»SPEED OF SOUND FORMULA

%

¢ = 19992
3

4.61L T -0.055 Tl Temperature Correction

T in °C
; Salinity Correctio
S in parts per
.4_ thousand (ppt)
0.0] 7 S’ De;?th Correction
z in meters

This formula gives c¢ in m/sec.

Very accurate formulas for the speed of sound as a func-
tion of temperature, salinity, and depth are very involved and
difficult to calculate. The above expression, although not
highly accurate, is sufficient for many calculations and is
relatively easy to use. It is accurate to within about a meter
per second for most ocean waters.

For a discussion of many of the more precise formulas and
the discrepancies between them, the interested reader is re-
ferred to V. A. Del Grosso, J. Acoust. Soc. Am. 56, 1084-1091
(1974).

26




METERS
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2

DEPTH

1000+

2000+

TYPICAL SOUND SPEED PROFILE

SPEED OF SOUND c(z) IN M/SEC

1470 1480 1490 1500 15}0
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T

30001

40004

v

" v & D GED GED D CEND CED GEED CEED =D

MAIN THERMOCLINE

SOFAR CHANNEL AXIS

) GEP SED G GED CEED GEED GHED MED GEED CEED GED G CIND GNED CGED TED =

DEEP ISOTHERMAL LAYER
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SPEED OF SOUND
PROFILE VARIATIONS

DAILY MONTHS SEASONS
Speed of Sound
Surgace Layen Seasonat Theapo g Main Therwmocline
4 1 km¢ 1T
g
+
d
d
g
f ' ¢
Speed of Sound
GEOGRAPHIC S
Equaton
=
+
Q,
Q
a
Y
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Depth z

RAYS

Speed of Sound c(2z)
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SNELL'S LAW

c(3)
SNl P S
cos 61 cos 62 cos 63 cos| 8 (2) path of
the ray.
) SNELL'S LAW
c
EACH RAY HAS ITS OWN DOGTAG 365 5

cot 6, '
c,
C
coa O !
7/
<, x /2
Coa &’ J
p /Q” kl, Cy» ki, k; may

all be different

constants

The value of c/cos 9 44 a different number 4o each tay.
Each ray has 4ts own valfue of Snell's Law, (ts dogtag, and
keeps that value over its entire path, regardless of whene
<t goes.

30




l RAYS IN A CONSTANT GRADIENT (ISOGRADIENT) LAYER ]
c(g) Py

c(0) it o

3-( 0
Negative ] =
gradient Snell's Law:

ALong any ray
c(z)/cos [8(2)]
L8 a constant, |
This relates the
angle of elevation

V. 8(2) of the ray
/ to the speed of
sound c(z) at
/ whatever depth
/ ; the ray
R 44 Zthe happens to be.
/ radius 04 i
u
/ curvature
/ 04§ the ray
-io, — —— | —— — ——— — — — p— — ——— — T —— —— —— —— —  — N —— — —— ——
1 #
C(}) = c(0) + 2,5, % is the gradient

The gradient g can be either positive or negative. For a
speed of sound profile composed of layers within each of which
the gradient g has constant value, then the segment of the ray
within each layer is the arc of a circle whose center lies at

a depth z = -c(o)/g below the depth where the speed of
sound is c¢(o). The radius of the circle is
i C

R =

3' cor P
The ray always bends toward the region of lower speed of
sound.

The gradient is

o C(Zl) o C(‘?I) - AC
8' }z"aﬁ yal 5’
Where zy and z, are any two depths in the isogradient layer

and c(zl) and c(zz) the associated speeds of sound at these
depths.
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- ATt
Cl
P = -
coa 6,
along the
e entire ray
ath
C'— P ——— p
Line of centens for
all rays while they
nemain in the Lso0ghra-
dient Layen.
c=0
The depth of the line of centers is found by extrapolating
the isogradient profile to the depth.at which c(z) = 0, as

shown on page 31.

The gradient is 3, = — £

Snell's Law gives
cl
coa 6,

= C;

The radius of curvature is R

NOTICE THAT TRIGONOMETRY GIVES

a8 >
s &
Qo
a
Qo
(o] -
(1]
@D D
o
non

AR = |R 4 8|
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CONSTRUCTION OF RAY PATHS FOR TWO GRADIENTS

-

i Line of centers for bottom layer

e
T

Line of centers for top layer
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ACOUSTICAL RECIPROCITY

~

LR SR A A SRRy S R SR - " S RN S e o o 4 g
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If the direction the sound travels over the propagation
paths is reversed by exchanging the positions of the source
and receiver, and the propagation conditions remain the same,
then the transmission loss between source and receiver will
remain the same.

Active Passive

As a consequence, the transmission loss suffered by the
signal in reaching the target from an active source will be
identical with the transmission loss experienced by a signal
of the same frequency (and duration) radiated from the target
when it reaches a receiver.
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PROPAGATION PATHS FOR SHALLOW SOURCE AND RECEIVER

c(z) Range

¥

A

Depth z
Extent Z of the
SOFAR Channel

— D e D S=— G = e G

r.——

(a) Mixed Layer. The isothermal water at the ocean sur-
face forms the mixed layer in which sound can be
trapped. The continual reflection at the rough sur-
face, refraction at the bottom of the layer, and
leakage provide relatively large energy losses so
that this path is useful for relatively short ranges.

Convergence zZone. When the water is deep enough, the
sound rays which travel down past the SOFAR channel
axis can be bent back upward before they reach the
bottom. These rays, when they approach the surface
again, tend to be brought together so that the sound
energy becomes more concentrated, and the transmission
loss is reduced by a significant amount. Under advan-
tageous conditions, these rays will be refocused in
second, third, and higher convergence zones.

(c) Bottom Bounce. The reflection of sound off the bottom
and back to the surface provides a propagation path
filling in the ranges between the greatest useful
range of the mixed layer and the innermost edge of the
convergence zone. Unfortunately, the often unpredic-
table and usually large reflection loss that occurs
at the bottom causes the transmission loss along this
path to be rather large.
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RAYS AND A MIXED LAYER

e(2z)

Source below the lavyer:

Notice the shadow zone
extends to the surface.

& The lower the source, the
larger the range to the

shadow zone.
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LOSS FROM THE MIXED LAYER

When a ray reflects from the ocean surface, some of the
energy 1is scattered into different directions and can propagate
out of the mixed layer. This energy is thus lost from the
channel, which increases the transmission loss. Additionally,
energy can diffuse out of the bottom of the layer. These ef-
fects can be described in terms of the "loss per bounce". The
number of bounces is the range divided by the skip distance ry.

M. Schulkin, J. Acoust. Soc. Am. 44, 1152 - 1154 (1968)
has developed from a vast amount of experimental data an equa-
tion over the frequency range 2kHz to 25kHz,

b =I.0‘f'(555)x‘d {lh‘£!H} :

where
b = loss per bounce in dB
SS = Sea State.
The equation is stated to be valid for 3 5 b < 14 dB/bounce.

Another empirical formula, resulting from the analysis ot
a number of experiments, has been obtained by W. F. Baker, J.
Acoust. Soc. Am. 57, 1198 - 1200 (1975) --

b= 0.63!(1.4)“:‘ (¥ i XLH}).

This equation is valid within a restricted range of parameters,
given approximately by
2. < 5SciERG
3 kHz < £ < 8 kHz
25 m < layer depth < 70 m
10 m < source depth < 20 m

Between 3kHz and 5kHz, these two equations are in fair
agreement. COutside this grequency 4interval, it appeans that
Schulkin's formula <4 to be prefenned.

37




¥ oansiP
r——1 oy na'yng« To -

D ————— — aan s e = e — — — c—
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The depth of the mixed layer is designated by D.
The depth of the source in the layer is designated by Zg.

The transition range r, is the distance the sound beam must travel until
it effectively fills the channel. It is calculated from

I e
=z o5 s o , (all distances are in meters)
t D 3 5’4—

The skip distance rg is the distance required for the rays which just
graze the bottom of the layer to complete one full cycle from the layer
bottom to the surface and back to the bottom. It is calculated from

/1,4 = 40 ‘/ B s (all distances are in meters)

If the loss per bounce is designated by b and the energy loss resulting
from absorption is designated by a, then the transmission loss for the
mixed layer can be estimated by the following formulas:

TL

20 og r + ar within transition range

TL = 10 Log re #0010 log v ¥y br/rs beyond transition range

For -ranges less than rt the sound is spreading out spherically to fill the
sound channel. For ranges greater than ry, however, the sound has spread
far enough vertically to be reflected from the surface and bent back upward
from the bottom of the layer. Once this happens, then the sound is trapped
and will spread cylindrically.

Notice that for r > r¢, the TL is neduced by having r as small as possible.
From the fonmula for re, this would occur for zg = 0. HOWEVER, if the
sounce 45 within a few wavelengths of the surface, then the sound reglected
grom the sunface can drastically interfere with that grom the source 80 that
the TL becomes Larger than predicted.

IN GENERAL, THE TRANSITION RANGE r, MUST BE CALCULATED WITH zg BEING THE
LARGER OF SOURCE AND RECEIVER DEPTHS.
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REPRESENTATIVE PARAMETERS

Layer Depth Skip Distance Transition Range r¢*
D rg Z2g = 20m zg = 40m zg = 80m
25 m 4200 m 1170 m X X
50 5940 960 1660 m X
75 . 7270 1060 1330 X
100 8400 1170 1360 2350 m

*Assume the receiver is at a depth of 10 m.

SAMPLE CALCULATION OF A TRANSMISSION LOSS

Assumptions:

Depth of the mixed layer 40 m

Depth of the source

Frequency of the sound 2 kHz
Sea state 3

We then determine
Skip distance 5300 m
Transition range 940 m

0.00015 dB/m
4.4 dB/bounce (Schulkin)

Attenuation constant
Loss per bounce

The transmission loss formulas are thus:

(a) For ranges less than the transition range,

L, = 20 4og t + (1.5 % 1074 r.

(b) For ranges greater than the transition range,

TL = 10 Logr + (9.8 x 107Hr + 30 .

The numerical values in these formulas are valid only for the
parameters specified under Assumptions.
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TRANSMISSION LOSS (dB)
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TRANSMISSION LOSS CURVE FOR SOURCE
AND RECEIVER IN THE MIXED LAYER

As a i the frequency must be greater
than about | f~ ~ (2 x 10°)/D where D is in meters and the
frequency is 1in Hz, for the sound to be well trapped in the

layer and for the above model to apply. If £ < fo , it is
probably best to assume spherical spreading with absorption.

Parameters:
Depth of the mixed layer = 40 m
Depth of the scurce = 20 m (receiver is shallower)
Frequency of the sound = 2 kHz
Sea state = 3
100 . 1,000 Esnge 10,000 o
Simple model
— — — — Empirical curve representing the average of vast \‘§
amounts of data, from Navy Underwater Sound Lab. \
Y Tech. Mem. 1110 - 14 - 55, 1955. \
BUT: These nesults can be radically changed by effects such

as Sungace Internference (which becomes important at
Lowen sea states), steep gradients below the Layer, and
sounce and/or recediver near the top orn bottom of the
Layen. Additionally, i§ the frequency 0§ the sound 4is
too Low, it wiLl not be trapped in the mixed Layenr.
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E-CONVERGENCE ZONE PARAMETERSr
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depth

Co = the maximum speed of sound above the SOFAR channel axis

>
Q
[}

the difference between c, and the speed of sound at the elbow

IS
[}

the vertical distance between depths for which c(z) = ¢4

Icz = the range to the convergence zone

Snell's Law reveals that a ray which is horizontal in the
upper ocean where c(z) = cqg will also be horizontal at a dis-
tance Z deeper, and a ray which is directed downward where
c(z) = co must penetrate below the distance Z. To insure that
enough rays are returned to the surface to focus at the conver-
gence zone, the total depth of water must exceed Z or Z + D by
an amount called the depth excess, d. T 5

If there is no mixed ‘layer, then cq is associated with
the surface and Z is measured from the surface. 1If there is a
mixed layer, then cq is associated with the bottom of the layer
and Z is measured from the bottom of the layer.

r—-— —— — ——

r‘AC‘] }‘rs-ii r r
c & s C2
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CONVERGENCE ZONE RANGE AND TRANSMISSION LOSS

A rough estimate of the range at which a convergence zone
forms is given by

eg Vv Z.SjEJco/Ac + Layer effect

If there is no mized layer,

Layer effect =0
If there is a mixed layer,
Layer effect =~ 0 if source and receiver are both near

the bottom of the layer
= %r if one is near the top and other near
S the bottom of the layer

= rg if both are near the top of the layer.

The accuracy of the above expression depends on how well the
constant-gradient approximations fit the true c(z) profile. As
might be expected, when the elbow of the curve is very sharp,
and the gradients above and below the elbow are relatively con-
stant, then the prediction will be rather good. The wtidth of
the convergence zone, over which the rays are appreciably fo-
cused, is normally about l0 per cent of the range to the zone,
and T, estimates the distance to the guter edge of the zone.
Since the rays begin to spread out spherically as they
leave the source and are attenuated only by the absorptive
losses in the ocean, the transmission loss for convergence
zone paths can be written in the form

valid in the convenr-
TL = 20 £og Loy + ar., - G gence zone range,
and not elsewhene

where G is the convergence zone gain. Typical values of G

range between about 5 and 15 4B when a convergence zone is
found.
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TYPICAL CONVERGENCE ZONE RANGES

North Pacific

Surface Temperature* Minimum depth of Range to first CZ
CZ operation+
s°rFr = 10°c 1270 ftm = 2320 m | 47 kyd = 43 km
55 13 1610 2940 52 48
60 16 1900 3480 56 51
6% 18 2150 3930 60 55
70 21 2400 4400 64 59
75 24 2600 4760 66 60
80 27 2800 5130 69 63
1 ftm = 1 fathom = 6 feet
Area Surface Minimum depth for | Range to first
Temperature CZ operation Cc2

N. Pacific 50°F = 10°% 1270 ftm 47 kyd
N. Atlantic 50 10 : 1050 46
Norwegian Sea| 50 10 1680 53
Mediterranean| 67 LY 800 33

* Assumes mixed layer absent
+ Allows for a 200 ftm depth excess

Ref. Convergence Zone Range Slide Rule, Naval Underwater Systems

Center.
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BOTTOM BOUNCE

For angles of depression greater than about 15° it is

often possible to assume straight-line propagation of the rays
over the distances of interest.

r
= range

true path
— — — approximate path

Depth

fa el

A straight-line ray bouncing off the bottom will return to the
surface at a range

r = 2 H/tan 6

where 8 1is the angle of depression.

Since the distance travelled by the ray is r/(cos 8), and
since the rays spread out spherically and are attenuated only
by the absorptive losses of the ocean and the reflection at the
bottom, an approximate transmission loss can be written as

2 r ar
TL = 20 ZLog T T = BL

where BL is the bottom loss in dB/bounce.

This formula can be trusted as Long as the angle 9, with
which the ray strikes the bottom {8 not much different from the
initial angle of depression 8. 14 9 44 sdgndificantly difgerent
grom 8, or goes to zero, Zthen the ray path must be caleculated
more accurately by taking the curvature of the ray 4into account.
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BOTTOM LOSS

Depends on frequency and depression angle

§ 20
o5 8 KkHz
58
3.l
N 4 kHz
@ 12k
~ 0

Q
n 2 kHz
wan gl
Q /
- /
=3 / / 500 Hz
ownn 4} ///,
E “ ///// 125 Hz ol
e Moame 1L .

0 10 2¢° 30°. 40° 50° 60° 70° 80° 90°

8p = Angle of Depression (Bottom)
r/2H ' 1 .19 1.43 1.73 2.14 2.75 3.73
5 | 45° 400 350 30° 25° 20° 15°

Depends on bottom composition

Example: At 24 kHz and 10° depression angle

Mud 16 dB/bounce
Mud-sand 10
Sand-mud 6
Sand 4
Stony 4

Depends on surface roughness

Bottom loss goes up as ratio of roughness-to-wavelength
increases.

Ref.
R.J.Urick, Principles of Underwater Sound for Engineers,
McGraw Hill (1975).
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Transmission Loss (dB)

Representative Transmission
Losses over various propaga-
tion paths between source
and receiver in the mixed

(a) Mixed Layer

(b) Convergence Zone

(c) Bottom Bounce

=70 layer, with frequency in
the low kHz region.
b8 0
. (b)
A N\
\ \\ﬁpherical spreading
\\ alone
\ X
\
=110 \ :
Spherical spreading
\ plus absorption
120 1 ; ki
1 10 100 1,000

(km)
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RELIABLE ACOUSTICAL PATH FOR DEEP SOURCE OR RECEIVER

c(z) Range

Depth
Depth

' Y

Reliable Acoustical Path (RAP).

If the target is shallow and the sensor deep, or vice versa,
there exists the possibility of a guaranteed acoustical path be-
tween the two. This path is useful to ranges beyond those at-
tainable by transmission in the mixed layer. As the deeper of
the two (sensor or target) is lowered farther and farther below
the layer, the shadow zone indicated in the diagram moves out
to larger ranges. If there is no mixed layer, then the leading
edge of the shadow zone is formed by the downward-bending ray
which just grazes the surface.

For positions of source and receiver such that there is di-
rect ensonification, the rays can be considered to travel ap-
proximately in straight lines between the target and sensor.

For this kind of propagation, the rays spread out spherically
and the only losses are those from the absorption of sound in
sea water. An approximate transmission loss formula is then

ar

= . ar T &
TL = 20 £Log g Invalid <in the snadow zone

where 6 is the angle of elevation of the rays between target and
sensor and r in the (horizontal) range.

If the negative gradient (below the layer, if one exists)
has magnitude g, then the range to the shadow zone at the surface
is estimated by

1.4 Colz=DVYg + % rg

where (z - D) is the depth below the bottom of the layer. 1If
there is no layer, then D = 0 and there is no skip distance, so
rg = 0.
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THE SOFAR CHANNEL

Range

Depth

3’! ””.;/7//////7/// SOl PPl 7 SISl 7 7 PP,

Just as for the mixed layer, the sound spreads out more or
less spherically until the rays are bent back into the channel,
after which the sound spreads cylindrically. Thus, beyond scme
transition range r{' we should have a spreading term which goes
as 10 fLog r. Those rays whose angles of inclination with re-
spect to the SOFAR channel axis are large enough that they re-
flect from the ocean surface or bottom will suffer reflection
losses and scattering losses and eventually be so weak compared
to the trapped rays that they can be neglected. Thus, for pro-
pagation in the channel, there are no losses except absorption,
so that the transmission loss has the simple form

TL = 10 Log r + 10 2og ry' + ar for ranges beyond rg'.

The transition range depends on how deep the sound source is in
the channel and the vertical extent of the channel. For sources
placed reasonably far down in the channel, the transition range
is less than the convergence zone range rcz. Notice that the
rays cycle up and down in the channel, accomplishing one cycle
over an interval very similar to the convergence zone range,

% A #
7 %max is determined for
o~ i; ’ source and receiver;
t 2 o eLa the smaller value is

B used for finding r!.

shilad t
The above transmission Loss foamula cannot be trusted at ——

moderate nanges because of the spotty ensonification of the
channel. Beyond several convergence zon2s the acousilc enetgy
tends to be more uniformly distributed cver the verntical extent
0§ the channel and the above foamula motre trustwerthy. Howoeven,
the farnther the source and receiver are abeve ot below the chan-
nel axis, the Largern the transition xrange becomes and the greater
the distance that {8 required 4or the energy to become disinibu-
ted mone on Less uniformly.
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TIME STRETCHING IN THE SOFAR CHANNEL

Source
Receiver
o]
t

a N ——

An interesting fact often observed in the SOFAR channel is that
transient signals are "stretched" in time as they propagate to large ran-
ges. This arises because cf the variation in the speed of sound over the
vertical extent of the channel. For the SOFAR channels commonly encoun-
tered in the northern hemisphere, the speed of sound increases sufficient-
ly rapidly with distance above or below tne channel axis that sound tra-
veling over those rays which swing over large vertical distances, like a
and b in the above sketch, reaches the receiver at times earlier than sound
traveling over the more direct paths ¢, and d. Thus, the sound that
travels straight down the axis of the channel arrives at the receiver last.
This leads to the characteristic blossoming of the received signal from an
explosive charge, the sound first being very weak, and then growing in vol-
ume until there is a sudden cutoff of sound as the last signals come cver
the slowest paths.

4y

The exact details of these effects depend greatly on the character
the speed of sound profile: If the sound speed does not increase suffi-
ciently rapidly above and below the axis, for example, the time stretching
may nct occur, or may even be reversed, with the sound traveling straight
iown the axis arriving first. Additionally, the exact location or the

curce and receiver with respect to the channel axis is very impcortant with
pect to the envelope of the received signal and the amount of time

O

stretching encountered. For the typical profiles in the northern hemisphere
the increased duration At of the received signal over that sent can be est
mated by

1]
w |+

(>
olo

if source and receiver are on the channel axis, and less if they are not.
The quantity t is the total time of flight between source and receiver and
Ac iz the maximum variation in the speed of sound between the upper and
lower boundaries of the channel indicated in the previous page. Typically,
this leads to about 9 seccnds of stretching for each 1000 nautical miles
tne signal has travelled.
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SUMMARY OF TRANSMISSION LOSS EXAMPLES
For poth source and receiver in the mixed layer, and at

ranges greater than the transition range, the transmission loss
can be estimated by

TL = 10 Log r, + 10 Log r + ar + br/rs .

For a ccnvergence zone detection, we can write

TL = 20 £og Loy +* ALy, - G .

If the propagation path is bottom bounce, and the angle of
depression of the sound beam in that mode is sufficiently large,
then the simple geometrical model gives

i r ar
TL = 20 fog Shtes & ogEaiar ¥ BL .

For propagation between a deep point and a shallow point
nver the reliable acoustical path, an approximate transmission
:3s formula is

i r ar
TL = 20 fog cos 9 cos 9

Finally, for the propagation of sound trapped in the SOFAR
channel, if the range is greater than a few convergence zone
separations, the transmission loss can be estimated by

™ = 10 fog £ + 1O Log rt' + ar

REMEMBER THAT r, IS CALCULATED FROM THE GREATER OF SOURCE AND

RECEIVER DEPTHS.

ALSO, RECALL THAT ré COMES FROM THE SMALLER OF 9max FOR SOURCE
AND RECEIVER.
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-SURFACE INTERFERENCE

X e
!

Recelven

Source

h = Source Depth

d = Receiver Depth

r = Horizontal Range
5k




INTERFERENCE NULLS IN ISOVELOCITY WATER

The following figures illustrate the geometry, showing ex-
plicitly the path length difference A between direct and re-

flecteF rays. |

|< /.L =)

] |

| ]

1 'J

R .a !

| __;_..,"

!

ot
When A = nA the signals cancel each other forming a NULL.
When A = (n + %) the signals reinforce each other.

For h and d much smaller than r, geometry gives

I U

D

Remember AE = e

Thus NULLS for the frequency £ occur when the horizontal

range has the values

2hd

)
1
1
Qjrh
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IMPORTANCE OF SURFACE SMOOTHNESS

The rays will interfere and give a strong pattern if the

surface is smooth and the frequency of the sound is low.

Usually,

f must be below about 1 kHz.

If the surface is

rough, then the reflected ray is scattered into many direc-

tions and interference is weak.

(dB)

Transmission Loss

smooth surface/low frequency

range (km)
2o
- i rough sutgace/high grequency
SLso
S 7 \§~- Gy S o v —
o (7- ‘—\—_\
af 80 no surface interference
]
| S
e
Sk 100
&
L e 1 - I 1 & &
0 1 2 3 4 5 6 7 8 9 10
range (km)
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SURFACE INTERFERENCE IN AN ISOGRADIENT PROFILE

The bending of the rays can change the surface interfer-
ence pattern. For example, in a negative-gradient layer the
following ray paths may be observed:

2tz T - /747
Zag N
R fer ol i 722200,
“““ @
j ' zi

Because the direct ray curves toward the reflected ray,
the path difference is smaller than it would be if the rays
were straight lines. The destructive interference will then
occur at slightly larger ranges, as seer below.

@
c 40 . .
e {sovelocity
9 negative gradecent ----
St6 g gradie
=1 8
G
@
2180 3
e '
£l |
w0
= I
E,"‘.’.-100 :
n S ) L L A p— L 1
1 2 3 4 5 6 7 8 9 10

range (km)

Real sound speed profiles will affect the
surface interference effect chiefly at
larger distances. (Notice the shadow zone
predicted at 8 km.)
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A USE OF SURFACE INTERFERENCE

As will be developed in more detail later, the noise radiated by
underwater vehicles consists of two contributions: broadband noise (simi-
lar to the hissing found between FM radio stations) and tonals (single
frequency tones, like whistles). Thus, the radiated noise consists of all
frequencies between zertain broad Limits with certain specific frequencies
occwving with high intensity. Each of these frequencies, whether of
broadband noise or a tonal, has its own interference pattern.

Because each frequency has its own period and wavelength, each will
nave a different pnase-delay “or propagation over the direct and surface-
reflected paths. As a result, the ranges between source and receiver for
which the surface-reflected signal tends to cancel the direct signal will
be different for each different frequency. Thus, the ranges at which di4-
jernent grequencies will nav. nulls at the neceiver will be difjerent.

This means that as the range between source and receiver changes, the fre-
quencies which have nulls at the receiver will also change.
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It is possible to use this information to determine the depth h of
the source and distance of closest approach R0 of the source to the re-
ceiver. Let the source be travelling with speed v in a straight line:

necedven at
depth d

depth h TOP VIEW

The range is given by
-~ )
At =R +att
where at t =0 we have r = R0 , the distance of closest approach.

Forn given source depth h, recelver depth d, and range r, those
frequencies satisfying the equation

g <
+"‘HZ,QJ/L r > h and d
o= 25 3 i
will have nulls at the recelven.
Combination of the above two equations to eliminate r gives the

frequencies for which the signal is nulled in terms of the time,

‘F: :(h < )L('R:-i-.vzft) .

2484

A plot of t vs f results in a family of hyperbolas, one for each value

of n¢ e
7 hyperbolas of nulled
ti frequencies fn
5 The intercept frequencies Fn
= are given by c
A - —
< F=nogRe
N The slopes of the asymptotes
(dashed straight Lines) are
gdven by
AJQPA(n) = =»1~2=£Li
~ n car
.
~
~
N
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wrnen tnis is displayed as in a LOFAR gram, the nulled frequencies
aopear as white curves (unburnt by the electric sparker that marks the

paper) against the darkened regions which have been burnt by the sparker.

These darkened regions correspond to sound of sufficient strength re-
ceived from the source to activate the sparker. Any distinet tonal will
show the effects of Doppler shift, being higher in frequency when the
dounce 4is approaching the receiver, and dropping to a Lower frequency
agter the source has passed the receiver and is receding grom it. The
resultant display is shown below:

tA X°

The mottled background corresponds to the broadband noise emitted
by the source. Two tonals are shown, one lying below frequency r,,
another lying between Fl and F,. Notice the shifts in frequency between
e

very early times and later tim8s after the source has passed the recei-
ver. The white hyperbolas are described by the frequency F_ which is
nulled at the distance of closest approach. By inspection of the dis-
play, it is possible to identify the value of n that is to be associated
with each hyperbola, and the slope of each asymptote of the hyperbolas
can be directiy measured.
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As will be discussed in more detail Later, the Doppler
shift of the tonals can be used to deteamine the speed v
with which the source 48 moving grom the equation

A .

1

whene Af A8 the total change 0§ frequency 0§ a tonal whose
gfrequency at the time of closest approach 48 £.

The remaining parameters can be found in the following steps:
l. The depth d of the receiver is known, and for each of
the hyperbolas, the values of

n Fn slope(n)

associated with it can be determined from the display.
2. Now, everything in the previously-stated formula for

hopa(n) =+ L 2L

N

slope(n)

is known except h, so this equation yields the value

of “he
gl )]

3. Finally, everything in the formula for the intercept

f =g lrr
S

frequency Fo

C
3 R
W e S

except the distance of closest approach RO is known,

so this equation yields R_:

n L AR

|
° n C

(o}

s 0

Thus, at 20w frequencies for which therne 48 an observable
surface internference effect, the depth h, speed v, and dis-
tance o4 closest approach Ry 0f a sournce Lo a “recedver 0§ known
depth 4 can all be deteamined from the observed Dopplern shift
0f the tonals and the time-dependence o4 the frequencies
which are nulled at the nrecedivenr.
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NORMAL MODES (ignoring losses)

A mone exact approach to the propagation of sound in the ocean 44
Nonmal Mode Theory. 1§ the mathematical difficulties of this approach
can be overcome, it yields better values in certain situations fon the
Thansmission Loss than can be obtained using Ray Theonry.

Normal Mode Theory yields a sum of individual solutions to the acous-
tical wave equation, each called a normal mode, which must be combined to
obtain a complete expression for the sound field:

N
Lk i Sidine T O TR

FOR LARGE DISTANCES r FROM THE SOURCE OF SOUND ---
Each one of these normal modes has its own behavior,

z%s Ae poc|2rf (4= 2)] |

ol
This part Looks just Like a cylindnical
wave thaveling outward with its ampli-
tude fakling odf as 1/ vr. Notice how-
evern that it has {ts own special phase
speed <, -

This parnt is an amplitude {actor which
changes with depth. Notice that each
normal mode has its oun special depth-
dependent amplitude facton.

These special factors Zn are called normalized eigenfunctions. They
are found by solving the wave equation and specifying the behavior of the
pressure at the ocean surface and bottom. The solution for each Zn also
gives a required value for Che Both the depth dependence of Zn and the
value of h depend on the frequency of the sound waves.

This kind 0§ a s0lution can be obtained whenever the speed 0§ sound
progile c(z) 4s shaped s0 that the sound can be trapped in a channel.
The trapping of sound in the mixed Layer <is one such example, and the pro-
pagation of sound to Long ranges in the SOFAR channel is anothen.

[f the depth of the source 1is 5b’ and the radiated wave has effective
pressure amplitude P(1) at 1 meter from th nter of th , then
(complicated) mathematical analysis beyond the scope of this course shows that

Ah 3\/T P(')V ch/{ Zn(8°) no losses
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NORMAL MODES FOR A CHANNEL

o c(z)

The above sketches represent the normalized depth eigen-
functions of the first three and sixth normal modes for sound
trapped in the SOFAR channel. These sketches show that the
greatest part of the pressure field is found 1in the channel,
but the long "tails" which extend to depths below the bottom

2 of the channel show that there is sound ensonification at

depths greater than those predicted by ray paths.
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CUTOFF FREQUENCY AND LOSSES

Zz(z) Zz(z) Zz(z) Zz(z)
2%
£5< f2 f = f2 e f2 £ 35 f2

Each nonmal mode has its own cutoff grequency fn. 1§ the sound has
a grequency below that of cutoff forn a particular mede, then that mode
cannot be excited to camry sound energy 4in the channel.

if the frequency of the sound is siowly increased with time, the
apove sketches show how a normal mode can be excited. Just above cutoff,
the normal mode has a very long tail which goes to great depths beyond
the edges of the channel. As the frequency increases further above cut-
off, the tail gets shorter and shorter, until at frequencies well above
fn there is very little sound existing outside the channel.

This means that forn a specific 4requency f, sound can be trapped
and sent to Large distances only in those nommal modes whose cutoff fre-
quencies fn anre Less than the Enequency 04 the sound. Those whose cut-
044 frequencies exceed the grequency 0§ the sound cannot be excited at
all.

The larger the tail extending out of the channel, the more energy
can be lost from the sound in the channel. This means that higher modes
(those with higher cutoff frequencies) will attenuate faster and be less
significant at great distances. This effect is sometimes called mode

stripping.

These energy losses for each mode can be handled by specifying an
absorption coefficient L for each normal mode. Then, we have

po VTP [Z Bl 7 () o [arf (4 )]

where ap increases with increasing n. The magnitude EPn: of Pn = { } is the

effective pressure amplitude of Ph
61
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TRANSMISSION LOSS (NORMAL MODES)

r Vet s

Zh( o) -, /T
R=PO S L2 me

If COHERENCE, then the phases of the individual p, must

be considered when the total pressure is calculated. This re-

sults in the following form for the Transmission Loss:

T

TL = 20 Loy | (5 R an 2 (5 Ren 28 /P()

"

If INCOHERENCE, then the intensities of the individual

modes will add, giving a Transmission Loss

ke 5‘10120y \/;R/P(l)

Each type of combination {8 favored by its own special
conditions, as 4ollows:

CORERENCE INCOHERENCE
low frequency high frequency
short ranges long ranges
homogeneous water inhomogeneous water
smooth boundaries rough boundaries
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TL

The differences in effect between COHERENT and INCOHERENT
combination of the normal modes are illustrated below in typi-
cal transmission loss curves.

CZ
W incoherent

cohenent

COHERENT summing may cause significant peaks to appear in
the transmitted intensity at certain ranges. Such constructive

interference would appear, for example, in a convergence zone
as shown in the figure. Conversely, at other specific ranges
phase differences may cause destructive interference, leading

to dips in the intensity curve (and in the TL at those ranges).
INCOHERENCE between the normal modes, on the other hand,
may result from the presence of rough boundaries or inhomoge-

neities within the water layer. Incoherent summing will not
produce such detailed structure in the TL curve. The latter
will merely fall off with range in a relatively smooth manner.

Notice that the convergence zone gain is a result of con-
structive interference and that the CZ gain is ignored when it
is assumed that the pressures for each normal mode combine
randomly.




RAYS, NORMAL MODES AND REALITY

Normal Mode Theory is a complicated mathematical formalism which does
not lend itself to simple intuitive interpretation. However, it is an exact
theory which avoids certain approximations inherent in ray theory. It is
useful in describing situations for which ray theory fails. An example of
one such situation is illustrated below.

Range

Receiver

////

The source is in the mixed layer and the receiver is below the layer.
Ray theory predicts a shadow zone at large enough ranges. While there can
be some scattering from the ocean surface into the shadow zone, this will
be small for low frequencies and low sea states. The surface interference
pattern at short ranges shows that the sea was quite smooth (the observed
sea state was about 1 or 2).

40
o & Ray Theory f = 530 Hz
© ~ = —Normal Mode Theory D = 300 ft
= FGO 184" Experimental Data fc = 200 Hz
§ r Receiver depth = 400 ft
-
=80
-
.gp
2100
©
S
e o e - s

Range in kiloyards

Notice that the experimental data show significant ensonif<icaticn <n
the shadow zone. This cannot be accounted for by ray theory, and the
scattering of sound from the surface 45 not strong enough to account fox
ct. Nowmal Mode Theory does, however, succeed (n predicting the enscic-
fication of the shadow zones.

Reference: Pederson and Gordon, Jour. Acoust. Soc. Am. 37, 105 (1965).
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COMBINING SIGNALS

Now, let us no longer restrict ourselves to tonals (monofrequency
signals). Because real sounds frequently consist of many simultaneous
frequencies, we have to find out how signals of different frequencies
combine. Consider the combination of a large number of monofrequency

signals: /,,~\\ b
/
Vi

: Nl N7

2 W‘
SNe PR I‘I

3 U C U \
° ° ]

|
® 0 !

I
L [
N \

The combination of many sighals, each a pure tonal, will result in
a total signal which does not appear %o have definite amplitude on period.
However, the composite signal is st an acoustical wave, and the total
acoustical intensity it posasesses is the sum of the acoustical intensi-
ties 0§ the individual tonals. Thus, if IT is the total intensity of the
composite signal, we have

IT= I_‘ + IZ + .-..:ZIi

3
where 11 is the intensity of signal 1, 12 that of signal 2, and so on.

For the complicated signals encountered in real life, which have large
variations from moment to moment in their amplitude and shape, the frequen-
cies of the individual components which combine to form them are extremely
closely spaced. Indeed, it is often more convenient to talk about the in-
tensity contained within a specific frequency band which is infinitesimally
wide. If AI is the total intensity of all the components lying within the

incremental bandwidth Aw, then the average intensity density over the in-
cremental bandwidth Aw is

N
=1

€ = —— .

A~
Notice that the intensity density has the units of intensity/Hz.
Complicated signals, therefore, can be described in terms of the intensity
density in each incremental interval of frequency over the entire range of
frequencies present.
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INTENSITY SPECTRUM LEVEL AND PRESSURE SPECTRUM LEVEL

An example of the analysis of a complex signal is sug-
gested in the following figure:

}
Eaiies o

Ft? Frequency
A”f

The total intensity of the signal is given by

™

Intensity
Density
[N

1=gaw) +60; 40 =3 € nu
which is the area under the graph Jf intensity density vs
frequency.
If all of the Awi are chosen to be 1 Hz wide, then the
graph gives ¢, the intensity to be found in each 1 Hz inter-
val, and the curve is called the intensity spectrum of the

signal.
Signals are conventionally described in terms of levels.

The intensity spectrum level is

ISt I, = jo ,gogéii}

while the pressure spectrum level is

= O il
Pt Z '2‘? A

The quantity o 1is the effective pressure amplitude that

generates the associated intensity found in the 1 Hz bandwidth.

s .
I L =5 Thik Isi = PSL

-Cm)
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AVERAGED INTENSITY SPECTRUM AND AVERAGED PSL

Very often, the intensity spectrum level or the pressure spectrum
level is not measured with a 1 Hz filter, but is calculated from measure-
ments made with a filter of larger bandwidth.

The overall intensity in any arbitrary bandwidth w is the area under
the intensity spectrum vs frequency curve over the appropriate range of
frequencies:

2
Z

f’Jﬁjﬂ DAY,

- w = Frequency
This gives the total intensity Iw found within this bandwidth, and does

not say how € is distributed within w. We can, therefore, define the
averaged intensity spectrum e as ¢ = I/W. A plot of ¢ vs freguency,
while lacking the detail of the true curve, is sufficient to calculate

™f

Intensity
Density

the total energy present over bandwidths comparable to or larger than the
bandwidths selected to obtain ¢.

Analogously, what 4is often presented as a pressure spectrum Level
is Ain neality a smoothed curve, the reswlt of plotting data obtained with
§ilters having bandwidths appreciably Larger than 1 Hz:

!

Averaged spectrum

level

e

<5}

o True spectrum
. level

S

)

w

Qe

= =3

Frequency
Use 04 too broad a bandwidth in caleulating averaged spectrum Levels will

wash out details. The spikes in the true spectrum level in the above ex-
ample are lost to view because the bandwidth over which the averaged
levels are taken is so wide that the intensity of the spike is small com-
pared to the intensity of the background in each bandwidth.
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PSL

DISPLAYING PRESSURE SPECTRUM LEVELS

The first graph presents the true
spectrum level. The remaining three
graphs represent three different ways
of displaying the PSL calculated
from a single set of data obtained
with a filter of bandwidth w.
Graph 2 presents the averaged
spectrum level as a bar graph.
Graphs 3 and 4 connect the data
with either straight-line seg-
ments or a smooth curve.
= Notice that Graph 4 gives no—

True PSL

o o

information relating to the
bandwidth of the filter used
to obtain the averaged spectrum
levels; this would have to be

Frequency

\CZ> indicated separately, and is seldom

done. Graph 3 is somewhat better,
but the use of the straight-line

_—_—1____1__-_1____ segments seduces the eye into as-
- suming that the true spectrum

level closely follows the

PSL

straight-line segments. Graph
2 is the least subject to
being misinterpreted: The
‘——-—-l width of the individual
+le bars gives the bandwidth

Best Display of
Averaged PSL

L 2 o

PSL

PSL

of the filter quite visu-
ally, and each bar by its
flat top strongly empha-
l(:) sizes that the value of the PSL appro-
priate to that frequency interval is
the averaged value.
Because of the fact that the
averaged spectrum level smooths out
and erases detail which would
otherwise be found in the true
spectrum level, it is very im-
portant that the extent of
averaging over frequency
be well-indicated.

Frequency

Ambiguous Display
of Averaged PSL

4 e

Frequency

A(:)

Bad Display of
Averaged PSL

Frequency
68
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SPECTRUM LEVEL AND BAND LEVEL

Recall that the total intensity I in a bandwidth w is the
area under the intensity density vs frequency curve. The ana-
logous quantity in terms of levels is the band level BL,

BL = 10 dry 7

NOTICE THAT THE BAND LEVEL IS NOT THE AREA UNDER
THE ISL vs FREQUENCY CURVE.

This is because the fog of a product is the sum of the fogs of
the individual factors:

Log xy = dLog x + [Log y

Consider a plot of intensity density e vs frequency as
shown:

8---_
o

—€— AU -VT F
' f

It is clear that the total intensity I in the bandwidth w is

given by I = gQW - If we express this in fLog form, we obtain
€-1H wr
lD)Q;?' L = ’C’JZ??’JLl—ﬂ? + 10.1Z?T-——- .
i Teal 1 Hy

The left hand term is an intensity level for the intensity
within the band of frequencies w. We now call this level a
band level, BL. The first term on the right is the ISL previ-
ously defined; it is generally identical with the PSL. Thus

]3[_ = F’S I 1611a2?.¢u'

where the 1 Hz in the denominator of the last term is under-
stood.

In general this expression is exact only 4if the spectrum
Zevel is constant over the bandwidth w. However, it is nrea-
sonably accurate i§ the true spectrum Level does not fluctuate
by more than a few dB over the nange o0f w.

Notice that this formula can be turned around: If a band
level BL has been experimentally obtained by measuring the
acoustical energy over some bandwidth w, then the averaged
spectrum level over this bandwidth can be found from

PSL (averaged) = BL - 10 Zog w
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A SAMPLE CALCULATICN

As a simple example, let us obtain the overall band level for the
PSL curve presented below:
PSL
PSL = - -~

st |-- - -

[y >y - R

From the steplike nature of the curve, we can specify two bandwidths W

and W, as shown, with the associated averaged spectrum levels.
For each of these, we can calculate the appropriate band level:
BL(w1) = PSL, + 10 Zog W,
BL(wz) PSL, + 10 Log Wo .
So far, we have had to do no more than a little curve-fitting and applica-
tion of formulas which have been presented previously. Now, however, a
new problem has appeared. We must combine the two band levels into a sin-
gle band level for the total frequency interval W+ W The combined BL
is not the sum of the individual ones, because we are in dB: Intensities
add but fogs of intensities do not. What must be done is to determine the
intensity in BL(w1) and the intensity in BL(wz), add these together, and
express the result as a band level.
Let us illustrate this with an example. We shall first do the exam-
ple in the method indicated above, and then present a simple nomogram
which avoids all the work. If

PSL]

1000 Hz

140 dB re 1uPa Wy

PSL2 135 dB re 1uPa W, 2000 Hz

then BL(w])

140 + 10 2og 1000

170 dB re 1uPa

BL(wZ) = 135 + 10 Log 2000 = 168 dB re 1uPa

: 17 17/
I(w1)/1ref = antifog —T% = 10

4 1 '
I(wz)/Iref antifog —?%- = 1068

I(wy) + I(w,)
7 S | 2 < 107 + 30168
ref
-~ 174 16.8

BL(w1 - wz) = 10 gog (10°" + 10 ) 172.1 dB re 1uPa.
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NOMOGRAM FOR COMBINING LEVELS

This nomogram allows the combination of two

10 different band levels (or two independent
sound pressure levels) by graphical means. If
T the two Tevels to be combined are BL, and BL,,
3 “\\\ the procedure is as follows:
Obtain the difference BL] - BL2.
Locate this number on the hornizontak axis,
move strhaight up until the curve is nreached,
2: B and then move honizontally to the Left un-
E \ til the vertical axis s reached, and read
- F \\\\\\ that number.
@ 1 Add that number to BL.
3 ~
- AN
2 N\
0.5 \\
\\
0.2 N
0.1 \=\
, A
0.05}F N\
-6 -4 -2 0 2 4 6 8 10 12 14 16 18 20

As an example of the application of this nomogram, recall the pro-

blem worked out on the previous page. The two band levels which were cal-
culated there were BL] = 170 dB re 1uPa and BL2 = 168 dB re 1uPa. The
difference is +2 dB; finding this value, projecting upward, and reading

to the left gives 2.1 dB, so that the combination of these two levels
yields a total band level of 170 + 2.1 = 172.1 dB re 1uPa. Since the usual
uncertainty in levels exceeds a few tenths of a dB, it is appropriate to
round this combined level to 172 dB re 1uPa.
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BAND LEVEL AND SPECTRUM LEVEL OF A TONAL

What is the band level if there is only a tonal?

-
at
3 BL(wl) = BL(wz) = SPL of tonal
o
a
w

e
A

What is the spectrum level if there is only a tonal?

PSL= SPL - 10,&3” :

But for a pure tonal, w can be any value so long as it in-
cludes the frequency £ of the tonal.

LET US ADOPT A CONVENTION:

Let w = 1 Hz in specifying the pressure spectrum level
of a tonal

PSL (tanal) = SPL(fonal)

This allows us to plot the Levels of tonals on spectrum
Level ghaphs and caleculate overall band fLevels.
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TONALS COMBINED WITH BACKGROUND

£

PSL A B
§

A

fe— s — ;7 |— per —>{ ;7 ol e

When there are strong tonals present, the band level can-
not be expressed as B + 10 fog w, because of the additional in-
tensity contributed by the tonals. We must calculate the inten-
sity from the background spectrum (without the tonals) and add
this to the intensity of the tonals which are also present.
Equivalently, we find the bandwidth of each and combine them:

BLB = B + 10 Zog w
BL, = A + 10 Log 1 = A
The total band level is found by combining BL, and BLy with

the help of the nomogram.
Notice that if the tonal is relatively strong and the
bandwidth narrow enough, the combined level will be due essen-
tially to the tonal. As the bandwidth w increases, however,
the influence of the (10 2og w) term will become stronger,
causing BLB to increase. Eventually the contribution from the
background will get so large that BL

influence of BLA will be lost.

B will dominate and the
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PROPORTIONAL FILTERS

Many filters are designed so that the bandwidth is
proportional to the frequency at which the filter is set:

Octave Band Filter
1/3 Octave Band Filter
1/10 Octave Band Filter,.

For these filters, the BL and PSL curves will have different

shapes.
|
140+
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CONSTANT BANDWIDTH FILTERS

Certain other filters are designed to have constant

bandwidth. For these filters,
PSL = BL—/O,&?N = BL - consdant

So that if the band levels are recorded and plotted, the
PSL curve will have the same shape, but different absolute

values:
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THE SONAR EQUATION

The basic problem to be solved in the detection of under-
water targets is to fulfill the requirements of the SONAR
EQUATION

EL

v

ML

where EL = Echo Level, the level of the desired signal
detected by the receiver. In the case of
passive sonar this is the sound which has been
radiated by the object of interest and detected.
For active sonar it is the tone burst which has
been generated by the transmitter, reflected by
the object of interest, and detected by the

receiver.

ML = Masking Level, the intensity level that the

Echo Level must exceed before the sonar system
will register a detection. The Masking Level
depends on:

(1) The nature and behavior of the undesired
noise detected by the receiver;

(2) The way the receiver (or processor)
analyzes the total received sound to find any
evidence of a desired signal;

(3) The criteria relating the probabilities
of guessing rightly or wrongly that an object

of interest is indeed present.
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PASSIVE SONAR

O~

1))

. TL
SL
EL = SL - TL
SL - TL > ML
where SL = Source Level of the target
TL =

One-way Transmission Loss

747}
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ACTIVE SONAR

\

/ o
\

\\ \
A

\
\

\
\ \ i
1 e _
W (e mm——
:U i
N N ! |
IAWAW I,’ i 4l
SL - TL =e— Iy I | 1 ] =sL
ko / /
/
by B S —»EL = SL - TL + TS - TL
SL: = 2TL + TS 2 ML
where
SL = Source Level of transmitter
2TL = two-way Transmission Loss
TS = Target Strength, the measure in dB of

the ability of the target to reflect

sound toward the receiver.

The above active SONAR equation is for a monostatic case,
wherein the source and receiver are coincident so that the TL
from source to target is the same as the TL from target to
receiver. Our discussion will usually be restricted to this
case. Extension to the bistatic situation in which source and
receiver are at different locations is trivial: If the trans-
mission loss from source to target is TL, and from target to
receiver TL', then all that is required is to replace 2TL with
TL + TL', so that we have

SL-(TL+TL') + TS = ML
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MASKING LEVEL (PASSIVE)

In the case of passive SONAR, the only masking mechanism

is ambient- or self-noise:

dB
&

|
!
Cg:iking Levief 1
[

grom Noise
Ma x <mum
1Detection
' Range

range

As range between the source of sound and the passive sonar

increases,

the echo level will tend to diminish (although it

may increase if there is convergence zone capability and the

range between source and receiver is the convergence zone

range) .

noise of
platform
When the
then the

The received noise, however, arises from the ambient
the ocean or the noise generated by the receiving

so that it is, on the average, independent of range.
echo level has fallen below the noise masking level,
source cannot be detected and the maximum detection

range has been reached.
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MASKING LEVEL (ACTIVE)

The undesired noise competing with the desired signal can
arise from two possible mechanisms in the case of active SONAR:

Masking grom ambient on self noise
Masking from reverberation.

Which of these two mechanisms is dominant depends on the range
between source and target. Generally speaking, for low-powered
active systems the performance will be noise-limited, in that
the maximum effective detection range will be determined when
the echo level diminishes below that level for which it can be
extracted from the ambient or self noise. For higher-powered
active systems, however, reverberation becomes an important
source of interference. Reverberation tends to decrease with
increasing range, but less rapidly than the echo level. Thus,
if the echo level has diminished until it is buried in the rever-
beration, but the reverberation has not yet fallen sufficiently
below the ambient (or self) noise, then the maximum detection
range 1is determined by the reverberation. The two situations
are suggested in the figures:

&

High-Powered 4B Low-Powered
System System
Masking &

Level from <

dB

A Masking Level
Reverberation \\\\\\ Beem Hoice

I
!
c( ] \\\\\\\\
|
Masking I
l
|
I
|
|

Masking Level

1
|
\ from Rever-

Level From Max imum :
Noise Maximum Detec- : beration
Detection tion :
Range Range t
g s & ’\l -
range range

The choice is a little more subtle than suggested by the above
simple curves. If there is a Doppler-induced difference in
frequency between the echo received from the target and the
reverberation, and if it is possible in the receiver to discri-
minate between these two frequencies, then the masking of the
echo can arise from the ambient noise at that frequency. If
the target is stationary, however, the masking is from the
reverberation, since echo and reverberation then have the same
frequency.
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The masking

where DNL =
and DT =
The

or

DETECTED NOISE LEVEL

level can also be written

ML = DNL + DT

Detected Noise Level, the Intensity Level in

dB of the undesired signal as presented to
the decision-making system

Detection Threshold, the number of dB by which
the Echo Level must exceed the Detected Noise

Level to allow a detection to be registered
with a specific degree of confidence.

Sonar Equation then becomes

EL > DNL += DT

SL.= TL 2 DEL * PW passive

SL = 2TL =TS > DNL * BT |active
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FIGURE OF MERIT
FOM

If the SONAR equations are rearranged into the forms

= isolating the transmission losses,
2TL < SL +Ts -ML ACTIVE,
or TL & SL =ML PASSIVE,

then the right-hand sides are termed the Figures of Merit, or

SL + TS - ML AcTIvE
FOM =

S5L = M PASSIVE.

i
|
|
|
{
i
1
|

il

, For ambient- or self-noise limited performance, FOM is a

number independent of range which can be calculated for the

particular SONAR system being considered. If TL for passive

sonar, or 2TL for active, exceeds the FOM, then detection is

not possible to within the desired probability of success.

For active SONAR under reverberation-limited performance,

FOM is a function of range, but it still provides the same

tion be achieved.
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2TL '

TWO EXAMPLES

> Pangd
PASSIVE SONAR
Ambient- or self-noise limited

N\ Foit

- kanJe

ACTIVE SONAR
Reverberation limited

ranges for which detections are possible for con-

' ditions equal to or better than those specified

in ML.
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SOURCE LEVEL (PASSIVE)

@-TLZML

Noise sources radiate sounds of two distinct types:

E. Tonals

Sources:

SL =

(monofrequency components)

Propulsion maghinery (main motors, reduction gears)

Auxiliary machinery (generators, pumps, air-conditioners)

Propeller-induced resonant hull excitation

Hydrodynamically-induced resonant excitation of cavities,
plates, and appendages

SPL of the tonal extrapolated back from larger distances to
1 meter from the acoustic center of the source.

Measurements are usually made at a distance grom the source and extra-
polated back to 1 meter to avodd errons resulting from using the com-
plicated pressure feld wnich exists in the vicinity cf the Large source.

II. Broadband Noise

Sources:

S =

Cavitation at or near propellers and at struts and appendages
Flow noise

SSL + 10 Log w
where w is the bandwidth of the system and

SSL = pressure spectrum level extrapolated back from larger
distances to 1 meter from the acoustic center of the
source.

14 the SSL 48 not essentially constant over w, the bandwidth must be
subdivided into smallen segments, the BL o4 each found, and then all
the BL's combined to give SL.

Below are given typical averaged Source Spectrum Levels for a conventional
submarine on electric drive at periscope depth. The bandwidths over which
the spectrum levels were obtained are not known, but are probably large so
that tondals do not contribute appreciably.

Frequency in Hz
Speed in knots 100 1,000 10,000
4 133 dB re 1pPa 120 100
6 140 127 1il2
8 143 1133 119
10 147 139 122

Adapted from Urick, Principles of Underwater Sound for Engineers.
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where

SOURCE LEVEL (ACTIVE)

(::) - 2TL + TS 2 ML

Sound Pressure Level 1 m from the acoustic center
of the transmitting transducer, as found by extra-
polating the pressure amplitude back from larger

distances. 1

SL re 1ypa = 10 Log (Power) + DI + 171 4B

171 dB = A constant which takes care of the units.

Power Acoustic power output of the transducer

in Watts.

DI = Directivity Index. This is a measure of

how well the source is able to channel
the acoustical power into some specific
direction (rather than radiating it out
in all directions).
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DIRECTIVITY INDEX

Tiie Physical Meanding:

Sphere of Surface area of

radius r the sphere = 4nr2.

Illuminated Surface area of
patch on the the illuminated
unit sphere patch = Qre.
subtending

solid angle Q.

The fractional area of the sphere which is illuminated is

Q/4m. The inverse of this is the directivity D, which, for
this simple example, is given by

The Definition:

The pressure field generated by an array acting like a

source, or the sensitivity of an array acting like a receiver,

can be written in the form

P(r,0,0) = Pax(r) H(9,6)

where Pox is the pressure on the acoustic axis of the array, anz
H(8,$) is the directional factor that corrects for points off

the axis. Since the acoustic axis is defined to be the direc-

tion(s) for which the generated pressure field, or the sensiti-
vity, is largest, H(9,¢) is normalized to have a maximum value

of unity on the acoustic axis, and to be no greater than unity

for any other directions. The directivity is defined as

D

P 4T
./%2(9,¢) aq

The directivity index is the expression of the directivity © in

dB terms,

DI = 10 Log D
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EXAMPLE :

AN ARRAY OF TWO RECEIVERS

will have a direc-
tional factor H(9)
graphed

as

=0

sin

Separation of receivers
Wavelength of incoming wave

Angle between direction of incoming
wave and the perpendicular bisector
of the line joining the receivers.
(This is equal to the angle between
the wave front and the line joining
the receivers.)

0 Both receivers experience the
same pressure at the same time,
combined output has maximum ampli-
tude.

A : :
8 = 5; Recelivers experience pres-

sures 180° out of phase, combined

If \ = a/2, the array

output is zero, and there is a null.

A : : y
8 = 3 Recelivers agaln receive
pressures in phase and output is

agaln maximum.

‘[H(9)!

0° 2P 40° 60° 80°
)

NULLS for the Z-element
arrtay when |[s4n 8| = (n-%)(1/a)
and  n o= LijRsses

N e = 0.5

I —— e —

b




PISTONS AND LINES

Piston Source on Recedven

S Acoustic Axis

1L|H(9)|

As a source: Projects the acous-

tical signal rather like a
flashlight mainly into

directions close to 8 = 0.
‘\V/F\V/\\ //\\V,— As a receiver: Is most sensitive
9 )

_qce =8 0 g q0° to sound arriving from
5 directions close to § = 0.
DI = 10 Log {ZE2 $E . moson | mEmiE. =obleL X
A o ' a
Line Source on Recedlven
\
. < ; ; /'\\
¥\\\,______ﬂ,,,//! Acoustic //-\\/ \ \[/’\\
\ / :

Axis

- 90° -6, o & q0°

The acoustical signal is sent into (or received from)

angles close to 5 = 0. The source (or receiver) therefore sends

sound out into (or receives sound from) a narrow wedge above

and below the plane surface perpendicular to the axis of line

source or receiver, in an "equatorial belt".

DI = 10 Log (2L/)) £ > X sin 8 = VL

s | g
—




LOBES AND NULLS

Properties of the Directional Factor

|H(8) |

/?—h\\—-Major Lobe

Minor (or side) Lobes

o

90° \k‘( 0 90°
Nulls, or Nodal Surfaces

How many side lobes or nodal surfaces there are depends

on the size of the source and receiver compared to a wave-
length of the sound wave being generated or received. The
larger the wavelength is compared to the size, the "fatter"
the major lobe and the fewer the side lobes that will be
! found. The fatter the major lobe is, the greater will be
H2 dQR, so that D gets smaller:

Small sounces oh hecedvensd are Less dirnectional
than Rarge ones for the same frequency o4 sound.
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THE SHADED ARRAY
Sources and receivers can be shaded by preferentially

amplifying the signals generated or detected by certain of

the individual elements of the array:

[ x1 o ANAAN~

This changes the relative importance of the side lobes

compared to the major lobe:

[H(9) |

The response in directions other than that of the major
lobe can be reduced or enhanced relative to the major lobe, ar
the major lobe may be broadened or narrowed, depending on the
choice of the amplifications.

THERE IS A TRADE-OFF:

DESIRED EFFECT PENALTY
Suppress the scde obes = Majon Lobe

' o
>4Ae co0es

“+

Reduce angular exten

'§ the majorn Lobe

sthrengd

|

4
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THE STEERED ARRAY

Sources and receivers can be steered by inserting time
delays in the signals generated or detected by the individual
¢iements of the array.

e

AW &

3T

4T

This changes the direction of the major lobe, pointing it off

at some angle eS:

|H(8) |

e s

o
@
0
o
o
(o}

THERE ARE TRADE-OFFS: In order for a major lobe to be steered
to large angles, the array must be designed to be less direc-

tional than possible when it is unsteered. Otherwise, when it
is steered, additional major lobes may appear.
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ARRAY GAIN FOR A RECEIVER
AG

Array gain is a measure of the enhancement of the desired
signal with respect to the detected noise, brought about by
the appropriate design of the receiving array and detection
system. It depends on the directional properties of both the
noise and the desired signal, on the design of the receiving
array, and also on the signal processing. For example, signal
processing (such as correlation), by taking into account the
different spatial properties of the signal and noise, can pro-
vide an array gain different from the directivity index.

For the case 0§ a simple arnray in which the outputs of
the separate neceivens are added togethen,

[T.m¥d0. /[1. 048
.40 [1,450

AG = 10»@7

where IN(Q)

the noise intensity per unit solid angle
coming from the Q@ direction.

IS(Q) the signal intensity per unit solid angle

coming from the Q@ direction.
The Array Gain depends on the spatial properties of both
signal and noise. As a nesult, the value 0§ AG may well depend

on the dinection in which the array 448 pointing.

If the noise is isotropic (arriving uniformly from all
directions) and the signal arrives from one direction only, then

AG = DI

for an array in which the outputs of the individual receiving
elements are added together.
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TARGET STRENGTH (ACTIVE)

& = -

The Target Strength is defined as

TS = 20 fog[p'(r'=1)/p(r)]

where P(r) = the amplitude of the pressure of the incident
wave that would be measured at the position
of the target if the target were absent.
P'(r'=1l) = the pressure of the reflected wave extra-
polated back to 1 m from the acoustic center
of the target.

Target Strength depends on shape, construction, and orndientation
0§ the target, and on the gfrequency and pulse Length of the
sound wave.

The Table shows a few representative, but very approximate,
values of target strength for a variety of objects.
Approximate Target Strength (dB)

Target Frequency
in kHz Beam Aspect Bow-Stern Aspect

Fleet Submarine 10 35 30
(approx 100 m long) 24 25 16
S Class Submarine 24 20 13
(approx 70 m long)
Torpedo 24 -20
Surface Vessel 10 to 30
3 £t mine 30-90 -8

Extracted from: Physics of Sound in the Sea, NDRC
i i , Urick

e d i te ., NDRC
NAVSHIPS 0967-129-3010
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EFFECT OF TARGET SIZE

e R

Because of the effective length Lo of the target, portions
of the incident pulse which reflect from the stern (in the abcve

sketches) travel a total distance of 2Le farther than the reflec-

tions from the bow. This means that the apparent duration »¢
the pulse is stretched from t to (t + ZLe/c). For very long
osulses, the additional time interval corresponding to the round
trip, ZLe/c, can be neglected. For short pulses, however, this
stretchirg can be quite important 1n determining the target
strength.
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DETECTED NOISE LEVEL

- zg; =!;§D TN

@(%é

/,//// /’/”/’. r//ff”/r”r/

Noise may come in uniformly from all directions orn it
may arrnive from a prefenned direction. 1§ the recedver 4s
sensditive only to noise from some preferned direction, Zhen
the noise it will actually detect (DNL) must be the noise
Level measured by an omnidirectional neceiver (NL) neduced
by the array gain (AG) of the directional nrecedvenr,

DNL = NL - AG

where DNL = unwanted noise detected by the directional
receiver of bandwidth w.
NL = Noise Level in the environment (as would be

detected by an omnidirectional receiver of
bandwidth w).

AG = Array Gain, the improvement (reduction) in
DNL resulting from the array design and
processing.
RECALL:
If the noise is not directional, and if the signal is an ideal
plane wave (or at least close to it), then AG and DI are essen-
tially the same.
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NOISE LEVEL

DNL =@-AG

NL = NSL + 10 fLog w
whenre
NL = noise level, the acoustic energy in dB found
in the bandwidth of the system,
NSL = noise spectrum level, the pressure spectrum
level of the unwanted noise,
and

w = the bandwidth of the system in Hz.
NOTE: THE SAME LIMITATIONS APPLY IN USING THIS FORMULA AS

WERE POINTED OUT IN THE DISCUSSION OF THE BROADBAND SL.

There are two basic sources of noise in SONAR:

1. -- noise existing 4in the environment
myzfﬁg’ in the absence of both the nreceiving platform and

the tanrget.

Z- -- nodise created by the nrecedlving platform.
If both ambient- and self-noise are competitive, then the com-
bined noise level is found by combining NL (ambient) and NL
(self) with the help of the nomogram.
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Ambient Noise Spectrum Level (dB re lpPa],

(=]
o

(e o]
o

o
o

40

N
o

%mmm-norsz SPECTRUM LEVEL (Deep water)

NL (ambient) = NSL(ambient) + 10 fog w

§ Ocedn Turbulencd

Sea State
6
3 h“‘~.-
e \
2
0 bl L Ll FV— Ll Lt ? -
10 100 1000

Frequency (Hz)

Adapted from: Wenz, Jour. Acoust. Soc. Am. 34, 1936 - 1956 (1962)
Perrone, ibid 46, 762 - 770 (1969)
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% SELF-NOISE SPECTRUM LEVEL

NL(self) = NSL(self) + 10 fog w

Sources of Self-Noise:
Broadband -- Hydrodynamic noise due to flow past
receiver/acceleration of receiver

Broadband and Tonals -- Machinery noise of own platform

The NSL(self) values are usually presented as "equivalent
omnidirectional" noise spectrum levels even though the data
may have been obtained with a directional receiver.

14 sdignigicant self-noise L4 present, it must be combined with
the ambient noise Level to obtain the total noise Level. Since
these two sournces 0§ noise are independent, thein intensities
add and the nomogram can be used.

Self-Noise Spectrum Level

Y

frequency
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REVERBERATION (ACTIVE SONAR)

. = (@)

If the sound field generated by the source is strong
enough, and if there are enough scatterers present in the vici-
nity of the desired target, then the scattered sound from the
undesired scatterers is received along with the echo from the
desired target. This undesired sound is called reverberation.

The echo level of the signal received from the desired
target is

EL = SL ~- 2TL + TS (monostatic)

where TS is the target strength of the desired target. The
reverberation level RL can be written in the form

RL = SL - 2TL + Ts' (monostatic)

where TS' is the combined target strength of all the undesired
scatterers. When reverberation is the dominant source of
unwanted sound, the SONAR equation becomes

EL 2 RES+ DT
or

TS w2 IS 4 iDT

The central problem in obtaining TS' 44 to deteamine the volume
on area which scattens the sound s0 that it arrnives at the

necedver at the same time as the signal from the desired target.
This 4is suggested in the sketch below.

Reverberation
Region
TS’




VOLUME REVERBERATION
RL = SL - 2TL +

The target strength TS' of the undesired scatterers can
be written as

) -
TS = 10 lLog s,V

where V is the volume from which the reverberation sent to the
receiver is in competition with the reflected signal from the
desired target and sy is a measure of the scattering cross
section per unit volume. It has become conventional to express
S, in dB terms through the definition

SV = 10 fog s

v

The calculation of the neverberation volume V Lies at the heant
0§ the problem. This 44 a sfudy 4n geomefry, Linvolving the way
in which majon Lobes of source and rnecedlver overlap.

If we restrict ourselves to the monostatic situation and
assume that the major lobe of the receiver completely overlaps
the major lobe of the source, it then follows that the volume
V can be written

10 Log V = 10 Log %1 + TL + 10 fog @
where 1 is the time duration of the acoustical pulse and Q is
the solid angle subtended by the major lobe of the radiation
pattern of the source. Recall that this is related to the
directivity index by DI ~ 10 Log(4m/Q). The term TL, arises
from the fact that the cross-sectional area of the réverbera-
tion volume clearly depends on the range from the source, and
this can be expressed by the geometrical spreading of the
sound beam. Thus, for this simple monostatic situation, we have

¢ 4nct  _
TS = Sv + TLg + 10 fog > DI
B o« 8L -~ I o T8 %50 fog BSL . 1
g v 2
100




SURFACE REVERBERATION

RL=SL-2TL+@

In the case of scattering which arises from a surface
(such as the sea surface or the bottom) or from some well-
defined layer such as the bubble layer underlying the water-air
interface, the reverberation target strength is expressed as

PSies= Ss + 10 fog A

where A is the surface area generating reverberation in compe-

tition with the desired target and Sq is the scattering strength
(per unit area).

As before, the problem is one primarily of geometry,
involving the way in which source and receiver major lobes over-
lap. If we again restrict ourselves to the simple monostatic
geometry used previously (for which the major lobe of the re-
ceiver completely overlaps that of the source), then the surface
area of interest can be seen to be

A = k¥ 0 et
where 6 is the angle in radians of the horizontal angular width
of the radiation pattern of the source. This then gives the
equations

TS' = S_ + 10 Log r + 10 fog 255

RL = SL - 2TL + 10 £og r +4§  + 10 eog,e_gl
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REPRESENTATIVE SCATTERING STRENGTHS

The values of scattering strengths quoted below are representative
only. Large deviations can occur depending on location, season, biological
activity, and so forth.

Deep Scattering Layerns: The scattering strength Sv can vary between
about -90 to -60 dB within the various sublayers.

Watern Volume: In the clear open ocean waters, Sv can be found to ==
range between -100 to -70 dB.

Sungace Scattering: For reasonably low grazing angles, the combined
scattering from the ocean surface and the population of bubbles

found at shallow depths below the surface gives scattering
strengths Ss ranging around -50 to -30 dB for sea states between
1 and 4.

Bottom Scattering: For grazing angles between 20° and 60°, repre-

sentative values of the scattering strength SS range between -40
and -10 dB. The exact values depend very strongly on the parti-
cular bottom and its composition. In general, however, as the
grazing angle goes to zero, the scattering becomes negligible
and Ss goes to = dB.

REVERBERATION LEVEL DEPENDENCIES
Notice that for either volume or surface reverberation the reverbera-
tion target strength TS' increases with increasing range, either as TLg
(volume) or 10 Log r (surface). This is to be compared with ambient noise
masking, for which there is no range dependence. This means that, g.iven
suggicient source Level, as SL increases SONAR performance will change grom
ambient-noise-Limited performance to reverberation-Limited performance.

While detection for ambient-noise limited performance depends on the source
level and directivity index, notice that when the performance becomes rever-
beration Timited there is no dependence on the source level. Additional
power will not improve reverberation-Limited performance. Reverberation can
be reduced by increasing the directivity of the source and/or receiver, or
by decreasing the pulse length, given by ct. Increased directivity has the
disadvantage of reducing scanning rates, and decreased pulse length may
result in reduction of the target strength TS of the desired target.
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TOTAL COMBINED DNL

; Selg Noise (Active and Passive)
L
DNLS = NSLs + 10 Log w - AG
Ambient Noise (Active and Passive)
DNLA = NSLA + 10 Logw - AG
Revenberation (Active)
| DNL, = RL = SL =- 2TL + TS'
|
Passive SONAR:
} DNLs and DNLA must be combined with the help of the

nomogram to obtain the total Detected Noise Level DNL

7

Active SONAR:

(1)

(2)

If the frequency of the echo cannot be distinguished
from that of the reverberation, then DNLR, DNLA, and
DNL_, must be combined.

S
If the frequency of the echo can be distinguished
from that of the reverberation, then DNLA and DNLS

must be combined as in passive SONAR.
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RANGE RATE

The frequency of the signal obtained by the receiver

depends not only on the frequency transmitted but also on the

relative motion between source and receiver. This relative

speed is characterized by a Rénge Rate defined as

V,

1 + V2 cos 62 i

R = lvl cos 6

where
v velocity of vessel 1; its speed is Wy = |§l]
v velocity of vessel 2; its speed is ¥y = |§2|
8 angle between line of centers and velocity of
vessel 1
9 angle between line of centers and velocity of
vessel 2
SOME EXAMPLES
1. R = 0
¥ V2
2. R = Vo + ¥,
—— e = = e g— 2
1 X
3. R = |vl-v2|
——— - ——)
1 3
4. R = v
v, 1
—...—* —————
1
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DOPPLER SHIFT FOR PASSIVE SONAR

e RN miny <

Af
Wz
Y TIME
For t << 0, receiver hears frequency f +X%Af (range closing)
For t >> 0, receiver hears frequency f - %Af (range opening)

The necessary bandwidth w of the neceiver must be great enough to accomo-
date the maximum expected Doppler shifts. While decreasing w will improve
the ability of a passive SONAR to detect tonals, 1t cannot be made smaller
than the expected Doppler shifts. For a passive SONAR system, this
nequires that the mindimum acceptfable bandwidth of the entire system be

w in Hz = 0.7 « (range rate in knots) - (frequency in kHz)

Range Rate is the speed with which two objects approach or recede from each
other; it is the relative speed.

I[f a tonal of known frequency f is being received, and if it is desired to
determine the range rate, then the bandwidth w can be divided up into
smaller intervalsAw by the use of parallel filters. The output of each
filter is processed, and the particular filter which provides a detection
indicates, within Aw, the Doppler shift of the detected tonal and thus the
range rate.

OQutput T
of the 0
Parallel f
Filters NI L NIW -;]

—
J -~ pur| - Frequency
A




DOPPLER-SHIFT FOR ACTIVE SONAR

In the case of active SONAR, any motion of the platform will cause the
generated signal propagated into the water to have a frequency shift which
depends on the bearing into which it is sent. This Doppler-shifted signal
is subjected to a further Doppler-shift when it is reflected from the moving
target. Without going into the specifics of the various frequency shifts,
we shall simply quote some results of interest:

Because of the two-way propagation of acoustical energy grom the moving
source to the moving target and then reflection back to the moving receiver,
the nequired bandwidth forn the recediver of an active SONAR is

w in Hz = 1.4 - (Range Rate in knots) « (Frequency in kHz)
Notice that this is twice the bandwidth required in the passive SONAR case.

If the target is stationary with respect to the surrounding water,
then the desired echo will have the same frequency as the reverberation
and the ability of the receiving system to recover signal from noise will
be minimized. On the other hand, when the target is moving through the
water, then the echo and reverberation will have different frequencies and
detection may be much easier.

(This effect is easy to perceive: For example, if you listen to the
received echo and the accompanying reverberation, it is quite difficult to
be sure that a weak echo is present if there is no Doppler-shift with
respect to the reverberation. On the other hand, if there is a Doppler-
shift, then the change in frequency heard when the echo arrives is quite
noticeable even for a rather weak echo.)

These considerations point to the use of parallel f§ilterns of rela-
tively narvrow bandwidths to facilitate the separation of signal grom rever-
beration when the difference in §requency L& small.

The use 0§ parallel §ilterns in the necelver of an active system
nesults in noise-Linited performance in all frequency intervals Aw which do
not encompass the neverberation frequency. If the echo from the moving
target is shifted into one of these intervals, detection is noise-1imited.
If the target is stationary, or sufficiently slow, then the echo appears in
the same frequency interval as the reverberation, and detection is rever-
beration limited if the reverberation is stronger than the ambient noise in
that interval.

1 R
E
v
Output E
of the g R
parallel H =
filters
L : frequency
[ s > {
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DETECTION

To take advantage of a narrow bandwidth and stilL permit reception of
a Dopplen-shifted signal, it is necessary to design a system that employs
many parallel gilterns (each of narrow bandwidth Aw) which together coven
the entine frequency hange of intenest.

The output of such a system might be presented in the manner shown
below, where the shaded areas represent individual filter outputs which have
exceeded the threshold T:

1| L ] v
711 |
> ) :
|
g ] @ a .
3 |
g g | | .
&l Y@ .
ford 4 Time
5 %2 t3

At any instant the outputs of the various filters might look like

T i e s el o cmmn o e ——4P o=
g ~I ﬁv
: |
3
= "

frequency

T po o > Cus an o P ) - - - ——
F] "'l_'_r—— -
=)
3
:

frequency

] -
3
a L'J—l_.‘_
-
3
o

frequency

where T is the threshold setting.
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P(A)
Probability Density of Amplitude A

-

DETECTION THRESHOLD

EL 2 ox + QD)

The detection process conaists of designating a thneshotd T which,
when exceeded, causes a detection to be nrecorded. If the signal is much
stronger than the noise, it is clear that a threshold can be defined that
will allow valid signals to be recorded while ignoring the noise. However,
when the signal and noise are of comparable intensity, any threshold that
will catch a reasonable number of valid signals will also record "detec-
tions" when a valid signal is absent.

The probabilities of obtaining (1) a certain amplitude of the noise
alone and (2) a certain amplitude of the signal-and-noise are sketched
below:

(1)

: detect1on
' false alarm
O-.‘
|
|
|
|
|
|
|
{
| 1
An amplitude A

where Ap = the mean value of the amplitude with noise alone
Aswn = the mean value of the amplitude with signal and noise
o = a measure of the width of the curves (assumed equal)
T = the threshold
The shaded area marked "detection" is the probability of making a val'd
detection when the threshold is T. (The area under the curve is taken as un*ty.!

The shaded area marked "false alarm" is the probability of claiming a detection
when the signal is absent. Thus,

P(D) = the probability of detection = the area indicated by m
P(FA) = the probability of a false alarm = the area indicated by
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P(A)
Probability Density

DETECTION INDEX d

We need to f4ind some 5imp€e
citenion d which will describe
how the curves of noise and

A - A sdignal-and-noise overlap, since
for a given value of threshold,
it is the overlap of the curves
which establishes the relative
values of P(D) and P(FA).

| i Notice the configuration of
the two curves given in the first
graph. The curves are quite well-
separated, in that their peaks
occur at amplitudes whose differ-
ence is larger than the c.

In the second graph, each

—— — -

A ; curve has the same average value
A y i of A as before, but now the

o' = 20. The curves now are not
well-separated.

In the third graph, the
curves have the same ¢ as in the
second, but the two have been

shifted farther apart so that they
are well-separated. Indeed, com-
parison of the first and third
graphs will reveal that the amount
of overlap of the pairs of curves
is the same: Notice that the
ratio of Agyn - A, to o in the
first graph is identical with
that for the third.

1t is the separation between
the two curves n unils of the
wedth o the curves which measwres
g 4 how well-separated the two curves
: - A are.

It is thus plausible to
efine the detection index d by

LN

A T A
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An T Asﬂ-n

Study the effects of changing (1) the position of the
threshold and (2) the value of the detection index on the proba-
bilities of detection and false alarm. If the original configu-
ration of the noise curve, signal-and-noise curve, and threshold
are as given in the top curve, then we can establish the indi-
cated P(D) and P(FA) by the shaded areas. Now, if the threshold
is lowered, as in the second figure, then P (D) shows some
increase, but the P(FA) increases rather drastically: {owening
the thnreshold increases the probability of a detection, but the
"clutter" also increases.

On the other hand, if the noise curve and threshold are
maintained constant, but the signal gets stronger, then the curve
of signal-and-noise will move to the right. This means that the
detection index increases, and the P(D) increases while P(FAa)
remains the same. This says no more than that a stronger signal
has a greater probability of being detected.

If the statistical properties of the noise and the combined
signal-and-noise are known, then it is possible to make curves
of the P(D) and P(FA) relationships for various values of detec-
tion index. These are known as Receiver Operating Characteristics
(ROC) curves.
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RECEIVER OPERATING CHARACTERISTICS

ROC

A representative set of ROC curves is shown below:

P (D)

P(FA)

Each SONAR nrecediver will have its own {ndividual set

0f ROC curves.
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DETERMINING THE REQUIRED P (FA)

To avoid disrnuptive numbens of galse alarms, Zhe proba-
bility of obtaining a false alarm §rom each analysis of the
recedived s4ignal must be carefully controlled:

EXAMPLES:

1. A passive SONAR consists of 10 parallel filters, each
of which is analyzed for 1 sec. If there is to be no more than
1 false alarm every 10 sec, what must P(FA) be?

In 10 sec, there have been 100 samplings of the outputs of
the filters. Thus, there must be a P(FA) = 1/100 = 10”2 §ox
each sample.

2. An active SONAR has a 3.6° beamwidth and looks into
all bearings. The pulse duration is 66.7 msec and the maximum
useable range is 20 km. Each time the range-bearing display is
presented, which is once for each pulse, there must be no more
than 10 false alarms. (This would yield 10 "blips" on the dis-
play for each pulse. The operator watching the display could
be trained to ignore individual blips, but to watch for the same,
or neighboring, range-bearing cells showing blips for a succes-
sion of displays.) Find P(FA).

There are 100 beams of 3.6° width. The receiver cannot
distinguish between two targets on the same bearing if they are
separated by a range increment less than ct (c is the speed of
sound in the water and t is the pulse duration). As a result,
there are 20 km/(ct) = 2 x 104 m/ (1500 m/s * 66.7 x 10-3
= 200 range increments in each beam. Thus, there are 100 x 200
2 x 10°
than 10 of these must be registering a false detection. 1%

§oLlows that P(FA) = 10/(2 x 10%) =5 x 1074,

sec)

bearing range cells examined in each pulse. No more

Notice that 4 must be large enough that for P(D) = 0.5 the
P(FA) will not exceed the maximum decided upon. This sets a
lower limit on d and an upper limit on the range of detection.
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20

10

DETECTION INDEX AND P(FA) FOR SPECIFIED P (D)

The curve below shows a REPRESENTATIVE plot of the rela-

tionship between 4 and P(FA) for the case P(D) = 0.5. It was
obtained from a set of ROC curves similar to those on page 111.
A similar curve could be obtained for any specified P(D).

P(D) = 0.5

L_h_u_u_ui 1 umjl LLllllllJ \ |||||||N ptod ot Mm]

10”7 1078 1073 1074 1073 1072 1071 1

P (FA)

This curve is nrepresentative only! Every SONAR system
~#ill have its own specific ROC curves and therefore its own
set of 4 vs. P(FA) curves for each P(D).
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DETECTION THRESHOLD (PASSIVE)

ST, - TL > DNL +

For a passive detection system with a completely unknown
signal and Gaussian noiset the best performance is obtained by
filtering in a bandwidth w and then taking the square of the
signal, and accumulating over a processing time 1. If the
signal-to-noise ratio is small, it can be shown that the
detection threshold for this process is

> d
DTe = 5 fog ey

where wT is called the time-bandwidth product.
To decrease DT for a fixed d, it is necessary to increase
the time-bandwidth product.

Footnote:

The detection threshold used in this material is that cal-
culated over the complete bandwidth of the processor. It often
occurs that what is specified is the detection threshold in a
one Hertz bandwidth, DT(1l). This latter quantity occasionally
leads to SONAR equations which have a slightly simpler format
when it is assumed that the spectrum levels are constant over
the bandwidth of the system. Otherwise, we feel that the use
of DT(l) introduces more possibilities for confusion, so that
its use creates more problems than it solves. [In particular,
L§ Urndick's book 44 studied, it must be §ully undernstood that
whereas he uses DT throughout most of the text, his chapter
devoted to the detection threshold uses DT(l).] The formula
relating the two quantities is

DT(L) = DT « 10 %o w.

*Gaussian noise means noise whose curve of probability density
P(A) vs. amplitude A resembles the "bell-shaped" or Gaussian
distribution.
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DETECTION THRESHOLD (ACTIVE)
SL - 2L + Ts 2 o + (1)

Energy Detection

If, as was the case for the passive SONAR equations, the mechanism for
the detection of the desired signal is based on detecting an excess of
acoustical energy in the frequency band of interest, then we have the same
expression for the detection threshold,

d

DTe = 5 KOQF

where T is the integration time. In the case of active sonar, t should be

the duration of the received echo. If the integration time is less than or
greater than this pulse duration, it can be shown that the DT is increased

above this expression, and performance degraded.

Correlation Detection

An alternative mode of signal processing is possible in the case of
active SONAR. Since the amplitude and frequency properties of the tone
burst generated by the source are known, it is possible to search for a
signal of these same properties in the received echo. If the detailed

shape of the received echo matches that of the sent pulse, then it can be
shown that the detection threshold is given by

d

DTC = 10 Zogm

There are many modifications of this basic idea, but all rely on the tech-
nique of multiplying the received signal by a time-delayed model of the sent
pulse and integrating the resultant product over the pulse duration. This
is done for monotonically increasing delay times, and the resulting function
of delay time studied for the presence of a sharp peak representing the
matching of the delayed replica with the same signal appearing in the
received signal and noise. 1In practice, the finite size of the tanget,
multipath interference, and the fluctuations introduced by the inhomogeneities
04 the thansmission of the signal through the watern alter the received echo
50 that the comelation process L8 not as good as would be desired. As a
result, the DT for a real system operating in the real world {5 more than
the theoretical expression would predict.
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EL

DNL
DT
SL
TL
TS
BL
PSL
SSL
NL
NSL
DI
AG
RL

TS*

[a

PUTTING IT ALL TOGETHER
LIST OF SYMBOLS

Echo Level (active), or received Signal Level (passive)--
The desired signal level sensed by the detector.
Masking Level
Detected Noise Level
Detection Threshold
Source Level
Transmission Loss
Target Strength of the desired target (active)
Band Level
Pressure Spectrum Level
Source Spectrum Level
Noise Level
Noise Spectrum Level
Directivity Index of acoustical source or receiver
Array Gain of the receiver
Reverberation Level (active)

Target Strength of scatterers causing reverberation
(active)

pulse duration of the acoustical signal or processing
time in the receiver

a measure of the scattering cross-section per unit volume
scattering strength for volume scatterers

a measure of the scattering cross-section per unit area
scattering strength for surface scatterers

bandwidth of the receiver

detection index for the receiver
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PASSIVE SONAR EQUATIONS

ST =SSN S> - SPNTE A+ S DT

DNL = NSL + 10 Logw =~ AG

BROADBAND WITH NEGLIGIBLE TONALS

If SSL and NSL are essentially constant over the band
width w of the receiver,

(SSL + 10 fog w) = TL > [(NSL + 10 Zog w) - AG] + DT

or, as is often written,

SSLI = PLI S NS Ss ACH e BT

TONALS WITH NEGLIGIBLE CONTRIBUTION FROM BACKGROUND

If SL is the source level of the tonal(s) in the bandwidth
w of the receiver and if NSL is essentially constant over w,
then

SL - TL > [(NSL + 10 Log w) - AG] + DT

I§ both tonals and broadband noise appear in the nrecedlven
bandwidth, the total Scunrce Level must be obtained by subdividing
the full bandwidth into smallern segments, f4inding the Band Level
gjorn each segment and then combining all the Levels.
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ACTIVE SONAR EQUATIONS

SL - 2TL + TS 2 DNL + DT
NSL + 10 Log w - AG for noise
DNL =
RL for reverberation

NOISE-LIMITED CONDITIONS

SL - 2TL + TS 2 NSL + 10 Logw =~- AG + DT

REVERBERATION—LIMITED;CONDITIONS

Sk = 2TL = =TS

1\

R = BT
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EXAMPLE 1

A submarine with a 160 dB re luPa line at 500 Hz crosses a
convergence zone at 40 km from an omnidirectional hydrophone.
The bandwidth of the receiver is sufficient to encompass a
range rate of 20 kts and the Sea State is 3. Assuming a
convergence gain of 11 dB, find out how long the signal must

be accumulated to give a P(D) = 0.50 and a P(FA) = 107%,

Solution:
The passive SONAR Equation is

SL - TL 2 DNL + DT,
Given: SL = 160 dB re 1lyPa
b = 500 Hz
fog = 40 km
R = 20 kt (required capability)
DI = 0 (omnidirectional receiver)
G = 11 4B

The expected Transmission Loss at 40 km is:
TL = 20 £eg r + ar - G

4 = ]
20 Log(4 x 10°) + (2 x 107°) (4 x 10 - 11 4B

92.0 + 0.8 - 11 = 82 dB

The Detected Noise Level in a Sea State 3 is found from

DNL = NSL + 10 Log w - DI
where
w = 0.7(20)(0.5) = 7 Hz
Thus DNL = 66 dB + 10 Log 7 - 0

66 + 8.5 = 74.5 dB re luPa

Now, solve for DT:

{1

160 = 82 = /4.5
= 3.5 dB

DT < SL - TL - DNL

119




r————

Also,

| DT = 5 Log W%‘

, But d = 15 for P(D) = 0.5, P(FA) = 10~%, as obtained from
the curve on page 113. Then

gl o T e
_d. = 10'7 = 5.0
wWT
o i odll,
L e
3
T = 7 SecC .
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EXAMPLE 2

A conventional submarine at periscope depth is traveling at

4 kts. The Sea State is 3 and the mixed layer depth is 100 m.
At what range will the submarine be detected by a 36 m deep
hydrophone listening at 1000 Hz if DI = 20 dB and DT = 0 dB?
Assume broadband detection.

Solution:

The passive SONAR Equation is

8SL, - TL 2 NSL - DI + DT.
Given: R = 4 kt £ = 1000 Hz
D = 100 m DI = 20 dB
zo = 36 m DT = 0 dB

In the absence of other information, SSL is estimated from
the material in the text to be

SSL = 120 dB re 1luPa

For NSL, take the value at 1000 Hz for Sea State 3 from the
graph on page 97, NSL = 62 dB re lyPa.
Now
TL £ SSL - NSL + DI - DT
or
TL S 120 = 62 + 20 = 0 = 78, 4B

For sound to be trapped in the mixed layer, the frequency f
must exceed

= 5,,=3/2 _
£, = 2x%0%0 200 Hz

Since £ = 1000 Hz > fmin’ the sound can be trapped, and we can
use TL for the mixed layer,

TL = 10 Zog By # 10 Log r + (a + b/rs)r '
if r> r, -
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Since we don't know the exact depth of the submarine noise
source in the mixed layer, we use the receiver depth instead
to obtain L. The receiver is probably deeper than a conven-
tional submarine at periscope depth, so this choice gives a
larger r, and hence a more conservative estimate of TL.

Then

r, = 105D/(D - zs)* = 105 x 100/8 = 1310 m
r, = 840 DT = 840 x 10 = 8400 m
From the graphs and equations: a = 6 x 10> dB/m

b = 3.1 dB/bounce (Schulkin)
Then -4
a + b/rs = 4.3 x 10 dB/m
so that
TL = 10 Log 1310 + 10 Log r + (4.3 x 10°%) r < 78 dB,
Re-arrange q

10 Log r + (4.3 x 10 ")r < 47 dB for detection.

Solve this by trial and error. Begin by ignoring absorption
(thus over-estimating) and find the initial value of r from
Log r = 4.7 or r =5 x 104 m. The solution then proceeds as

in the table below:

xr 10 Log r (4.3 x 10° Y ¢ Total
5 x 104 m 47.0 21.5 68.5
2 x 104 43.0 8.6 51.6
1.5 x 10? 41.8 6.5 48.2
1.3 x 10% 41.1 5.6 46.7
1.34 x 10* 41.27 5.76 47.0

Range at detection is r = 1.34 x 104 m which is beyond ry -
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EXAMPLE 3

Repeat Example 2 with f = 100 Hz. Assume "heavy shipping" as
would be encountered in the Mediterranean Sea.

Solution:

We have the same SONAR Equation,

SSL - TL 2 NSL - DI + DT.

D = 100 m

o Sea=3Ld . o
fmin = (2 x 10-)D = 200 Hz
Then £ = 100 Hz < fmin No trapping
Sea State 3, NSL, = 61 dB NSL = 75.7 dB (nomogram)
Heavy Shipping, NSL2 = 75.5 dB
Absorption, a = 1.0 x 1079 aB/m
DI = 20 dB
DT = 0 dB
SSL = 133 dB from page 84.

Because there is no trapping, and in the absence of any
other alternative, we use spherical spreading:

TL = 20 Log r + ar
Now, TL £ SSL - NSL + DI - DT
or TL € 133 - 75.7 + 20 - 0 = 77.3 dB
Must solve 20 fog r + (1 x 10~ %r = 77.3
Neglect absorption for first estimate: r = 7.3 x 103 m.
r 20 Log r (L x 10°% ¢ Total
7.3 x 107 77.3 7.3 x 1073 71.3

Thus, absorption proves negligible and the range at detection
is just the first estimate:

r = {3 % 103 m
This example points out the importance of always checking to
see if any assumptions have been violated by the given parameters.
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EXAMPLE 4

An active SONAR operates at 1 kHz with a source level of 220 dB
re luyPa, a directivity index of 20 4B, a horizontal beam width
of 10°, and a pulse length of 0.1 sec. Correlation detection
is used and it is desired to have P(D) = 0.50 with P(FA) = 10~ 4.
The target strength of the submarine is expected to be 30 dB
and its speed may be up to 20 kts. Both the SONAR and the
submarine are in a mixed layer of depth 100 m with the source
at 36 m. The Sea State is 3. The scattering strength for sur-
face scatterers is -30 dB, and volume scattering is negligible.
Find the maximum range of detection for 50% probability of
detection.

Solution:

The SONAR Equation is

SE = 2TL + TS 2 'DNL + DT,
Given: £ = 1 kHz R = 20 kt
SL = 220 dB re 1luPa Sea State = 3
T = 0.1 sec Ss = -30 dB
DI = 20 4B TS = 30 dB
g .= o 30° D = 100 m
Z = 36 m

The statement of the problem suggests that the necessary band-
width of the receiver is not divided up among parallel proces-
sors, so that (1) the ambient noise must be calculated across
the full bandwidth of the system, and (2) echo and reverberation
cannot be separated in frequency.

Evaluate the separate terms:

DT = 10 log 7%?
d = 15 by the same calculation as in Example 1.
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DNL

TS

DNL

Rewrite

or

w = 1.4 Rf = (1.4)(20 kts) (1 kHz) = 28 Hz

DT = 10 Zog L = 4.3 aB
(2) (28 sec ™) (0.1 sec)

= 10 Zog r, + 10 Logr + (a + b/rs)r

= 1310 m

= 8400 m from Example 2

b/r, = 4.3 x 107¢

= 10fogr + (4.3 x10°%Hr + 31.2

DNL, = NSL - DI + 10 Log w Ss = 3

NSL = 62 dB from graph on page 97

DI = 20 dB

DNL, = 62 - 20 + 10 £og 28 = 42 + 1l4.5

= 56.5 dB re luPa

= RL = SL - 2TL + Ts' Ss = =30 dB

= s, + 10 tog 255 + 10 Logr 8 = 10°(ffgo) = 13

S
= -30 + 10 Log ("/18)(1200)(0.1)

+ 10 Log r

= =30 + 11.2 + 10 Log r

= -18.8 + 10 Log r

220 - 2[10 Log r + (4.3 x 10™Hr + 31.2] + [-18.8 + 10 Zog r]

138.8 - 10 Log r - (8.6 x 10”4 r
the SONAR Equation
2TL. £ SL + TS - DNL - DT
$ 220 + 30 - 4.3 = DML
2TL < 245.7 - DNL
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FOM = 2TL -
Range 2TL DNLR DNLN DNL 245.7 - DNL FOM
10 m|150.9 aB| 90.2 | 56.5 | 90.2| 1s5.5 . 6
2 x 104 165.6 28.6 | 56.5 .| 78.6 167.1 <18
4 x 10 |1ss.8 58.4 | 56.5/1 60.6 ] 185.1 +3,7
3 x 104 177.7 68.3 | 86.5/] 68.6 177.1 %8
2.5 x 104 | 171.8 $3.4 | B6.5. | 13.5 172.2 e
2.8 x 109 | 175.4 70.3 | ®6.5 | 70.51 175.2 + .2
2.7 x 104 | 174.2 71.3 | s6.5 | 70.4| 174.3 L
2.73 x 10Y 174.6 1.6 1 6.5 711 174.6 0
Maximum range is 2.73 x 104 m.
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APPENDIX: LOGS

Instructions: For each lettered SECTION, first attempt to do
the problems. (The answers are on the last page.)

a) If you encounter no difficulties, skip to the next
SECTION.

b) If you do encounter difficulties, read through the
discussion and then try the problems again. Go to the next
SECTION only when you can do the problems without difficulty.

A. EXPONENTIAL NOTATION

Problems A
l. Write each of the following numbers in exponential form:
a) 2,365,000 = 2.365 x 106
b) 872
c) 3340
d) 42.1
e) 612
f) 1.0

2. Write each of the following numbers in conventional form:

a) 2.689 x 10° = 268.9
b) 7.30 x 102

c) 6.29 x 104

d) 8.9 x 10°

e) 3.261 x 102

£) 1.00 x 10°

3. Write each of the following numbers in exponential form:

a) 0.00252 = 2,52 x 10°°>
b) 0.012
c) 0.00002
d) 0.01002
e) 0.00328
£ 1.0
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4. Write each of the following numbers in conventional form:
a) 1.03 x 10°% = 0.00000103
b) 3.2 x 1072
c) 6.89 x 10~
d) 1.003 x 10~
e) 1.00 x 10_1
£) 1.10 x 107°

4
1

A succincet way of expressing very Large and very small
numbens L4 by exponential (orn scientific) notation.
For example, one-hundred and twenty-six million can be
written either as
126,000,000
or as
1.26 x 108,
where the exponent 8 denotes the number of places that the
decimal must be moved to the right to express the number in
its conventional form.
As another example, one-hundred and twenty millionths can
be written either as
0.000120
or as
1.2 x 1074,
where the negative exponent denotes that the decimal place is
to be moved to the left.
There is no unique way of expressing a number in exponen-
tial form. (Note that 1.26 x 10° = 126 x 10% = 0.126 x 10°.)

A special case that must be watched L4

1=1x10" =10 .

128

b\




B. ALGEBRA OF EXPONENTS

Problems B

15

Calculate the following and express the answer in exponential

form:

a)
b)
c)
4)
e)
£f)

3 3

.15 x 10 + 2.34 x 10° = 8.49 x 10
.2 % 10% - 1.46 = 10°
.1 x 10% + 2.4 x 10°
58 % 107% + 1.26 % 10”
x 1079 + 3.281 x 1074
3.8 % 10 - 2 = 16"

3

2

A W w w o

Calculate the following and express the answers in exponen-

tial form:

a)
b)
c)
d)

e)

(2.50 x 10% x (2.00 x 10% = s.00 x 100

(4.40 x 10%)/(2.20 x 109
(3.26 x 103) x (2.00 x 10~
(5.34 x 1072)/(2.67 x 10%)

(8.68 x 10™Y)/(4.34 x 1073

&

Calculate the following and express the answers in exponen-

tial form:

a)
b)
c)
d)
e)
£)
g)

(1.1 2 1092 = ‘1.21 % 16°

(2.0 x 10”34
(1.44 x 10%)%
(1.44 x 1072

(8.0 x 106)1/3

(2.56 x 104053

(8 x 10-6)0.3333...

To add and subtract numbers expressed in exponential form

it 44 necessary to express both numbers in the same exponent.

For example, adding 3.56 x 104 to 2.1 x 103 is accomplished by

3.56 x 104
0.21 x 104
3.77 x 104
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When asked to subtract 8.67 x 10-1 from 2.23 % 103, note that

the answer is 2.23 x 103: the term to be subtracted affects
the larger term below the figures retained.

Exponential notation is very helpful in calculations
involving multiplication and division. We see that

120 x 2000 = 240,000
or
(1.2 210%) x (2% 10°) = 2.4 x 16°
and
36,000/200 = 180
or
(3.60 % 10% 702 ® 301 = TR % 20°,

The rules are simple:

In multiplication, exponents add: 10™ x 10™ = lO(n+m)

In divisdion, exponents subtract: 10%/10™ = lo(n—m)

A result of these rules is the useful conversion

110> = 100t = 107D,

which allows exponents to be moved between numerator and deno-
minator.

Power and roots are trivial in exponential notation:

(1.2 x 102 = (1.2 x 10%) x (1.2 x 10%) = 1.44 x 105,

or, for any power n

(lom) n = lomn

and,
(1.44 x 10%% = (1.44)% x (10%% = 1.2 x 103,
or for any power of n

(lom)l/n b lom/n 3
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C. LOGS (IN BASE TEN)

Problems C

1. Evaluate y
a) y = Log 10
b) y = Log 10~
c) 4Log 10¥ = 4
d) fLog 10¥ = -3
e) [fog 10¥ = 0

]

The Log of x 44 defined as tane powern to which 10 must be
naised to get x:

L E
10Y = x
then
y = Log x
{The Log of x is y
The fog of 1 is O0: 1= LOO 5 Log L = lLog 100 = 0.
The £og of 10 is 1: 10 = lOl EEOg 10 = Log lOl = %.

The £og of 100 is 2: 100 = 10" ; Loy 100 = Log 10 = 2.

Thus,

2og 10Y = y
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D. DECIMAL EXTONENTS

Problems D

The table below will allow you to calculate, with a fair
degree of accuracy in interpolation, all fogs.

X 1.0 .2 1.5 1.7 2.0 2.5 3.0 3.5

Log x 0.00 0.08 0.18 0.23 0.30 0.40 0.48 0.54

X 4.0 5.0 6.0 7.0 8.0 9.0 10.0

Log x 0.60 0.70 0.78 0.85 0.90 0.95 1.00

If more accuracy is desired, it will be necessary to use a slide
rule, calculator, or more exact tables.

1. Find 3. Find
a) 4Log 4 a) fog 51/3
b) Log 40 Bl leg 0333 . .
c) 4{Zog 0.4 c) [Log 480
d) Log 42 4] fog O.08~’
e) Zog 1/4 e) Zog 10"

2. Find the number whose fog is: 4. Find the number whose {fog is:

a) 0.70 a) 3.60
b) 1.70 bl | 260
¢) =1.30 e) =3.10
d) -1.70 d) -2.60
e) =2.70 e) 2.68

So far we have assumed integer exponents, but everything
we have said also is true for decimal exponents. For example,

since

109°39 o 1.995... = 2.0

132




r--

the Log of 2.0 is very close to 0.30
Log 2 = 0.30,
As another example,

Log 5.0 = 0.70

since

10?79 & g.a.

Recall that £og 10Y = Y. This can be used to generate several
very useful relations:
1. Let x = 102 and y = 1ob. Then,
i a b a+b &
Log xy = Log 10° 10~ = Log 10 =a +b=1~Logx + Log y

which yields the relation

Log xy Log x + Log y

£og(4 « 9)= Log 4 + Log 9 = 0.60 + 0.95 = 1.55,

For example, Zog 36
As another example,

Zog 0.2 = £og(2 x 10 1)= Log 2 + Log 10°L = 0.30 - 1.00 = -0.70
2. Let x = 10° Then,
Log x" = Log (10%) " = Log 102" = na = n Log x

which yields the relationship

Log x® = n Log x

For example, fog 36 = log 62 =2 Log 6 = 2(0.78) = 1.56
3. From the above,
Log % = fog Gl " | Log x = =Log X,

log = = - fog x

For example, fog 0.2 = fog 1/5 = - Log 5 = -0.70
Any fog can be brought into the range of the above table:

133




For example,
a) To find the fog of a number greater than 10, proceed
as follows:

! it

3

Log 7000 Log (7 x 103)

Log 7 + Log 10

0.85 + 3 3.85.

b) Analogously, for a number less than 1,

3

Log (3 x 1073) 3

Log 0.003 Log 3 + Log 10~

0.48 - 3 -2.52
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E. THE DECIBEL

Problems E

l. Express these signal-to-noise ratios in dB:

a) 2
b) 1/2
c) 10
d) 1/10
e) 100

2. The voltage of a signal is 1 Volt: find the signal level
with reference to the following voltages (expressed in Volts):

a) lO-12
-6

b) 10

c) 1

d) 10°

e) 1012

By convention, when the fog of a pressure or voltage is mul-
tiplied by 20, the resulting number is said to be measured in
"decibels", denoted by dB.

20 Log 2 = 20 (0.3) = 6 dB
20 Log 10 = 20 (1) = 20 dB

Decibels are used in two different ways:
a) o exphress a ratio, such as the signal-to-noise ratio

signal-to-noise ratio = 20 fog (signal voltage/noise voltage)]

b) o express a Level, such as the signal level

{gignal level = 20 fog (signal voltage/reference voltage)

In the latter case it is absolutely essential to specify the
reference. e.g., "the signal level is 120 dB re 10-6 Volts".
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Problems A:

1. a) 2.365 x 10°
b) 8.72 x 102
c) 3.34 x 10°
d) 4.21 x 1ot
e) 6.12 x 10°
£) 1.0 x 10°

2. a) 268.9
b) 730
c) 62,900
d) 8,900,000
e) 326.1
£) 1.00

Problems B:

1. a) 8.49 x 10°
b) -1.14 x 10°
¢) 3.3 x 10°
d) 4.84 x 1072
e 3.34 x 107°
£) 3.5 x 10%

2. a) 5.00 x 10*¢
b) 2.00 x 10°%
c) 6.52 x 10t
d) 2.00 x 10”7’
e) 2.00 x 10

Problems C:

l. a)
b)
c)
d)
e)

ANSWERS

b)
c)
d)
e)
£)

b)
c)
d)
e)
£)

b)

d)
e)
£)
g)
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2.52 x 1073

1.2 x 1072
2 x 1073
1.002 x 10~
3.28 x 10°°
10°

0.00000103
0.032
0.000689
0.1003
0.100

1.10
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Problems D:

Ee a)
b)
c)
d)
e)

2. a)
b)
c)
d)
e)

0.60
1.60
-0.40
1.20
-0.60

5.0

50
0.050
0.020
0.0020

Problems E:

1. a)
b)
c)
d)
e)

6 dB
-6 dB
20 dB
-20 dB
40 dB
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a)
b)
c)
d)
e)

a)
b)
c)
d)
e)

a)
b)
c)
d)
e)

0.23
-0.48
2.68
-1.86
3.14

4.0 x 103
4.0 x 10
8 x 10
2.5 = 10
4.8 x 10

240 dB re 10712 y

120 4B re 10°% v
0 dB re l v

+6
-120 4B re 10 A4

=240 4B re 10+12 v
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