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ABSTRACT

Underwater acoustic communication has been developed since it was
recognized that the ocean could support sound wave propagation. Require-
ments for commercial applications have been rapidly growing. In this thesis
the theoretical work serves to develop the realistic acoustic communication
systems which operate in shallow water environment.

Methods of reduction of multipath interference in a shallow water chan-
nel are discussed. It is suggested that a vertically suspended linear array
is a useful configuration for middle range acoustic communications and its
performance is superior to that of a planar array with the same number of
elements.

The system aspects of a narrowbeam acoustic communication system
are presented. The practical upper limit of system performance has been
obtained. It has been shown that a communication channel with a rela-
tively broad bandwidth is possible using a narrowbeam receiver. A higher
transmission rate can be achieved using frequency and beam diversity.

Based on these results, the high data rate acoustic communication sys-
tem using VLSI technique has been proposed. It has been shown that
an acoustic communication link suitable for transmitting data from bot-
tom instrumentation to the surface receiver is feasible using a fixed, broad
transmitting beam and a steerable, narrow receiving beam. A vertically
suspended linear array is suggested to generate an umbrella-type narrow
beam which offers superior performance in rejecting multipath interference.
Because of a high directivity index associated with such an array, a longer
transmission range is possible in comparison with broadbeam systems with
the same transmitted powers. Such an array can be conveniently utilized
to estimate the angular direction (elevation) of the arriving signals needed
for proper positioning of the beam. A high data transmission rate acoustic
communication system can be relatively easily implemented using a multi-
transmitted-beam and a broad band receiving array. A noncoherent BFSK
data transmission scheme is postulated and a FFT algorithm is suggested
to implement both direction finding and demodulation algorithms. The
system can be used to derive information from sea bottom in shallow water
environment.
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In order to achieve high data transmission rate, dealing with broad-
band signal in shallow water environment has been addressed. A method
of broadband direction finding applicable to broadband acoustic commu-
nication, navigation and remote sensing is proposed. Problems associated
with shading function approximation, multipath interference and ambient
noise are addressed and their effects on system performance are analysed.
The possible solutions to improve the performance are suggested.
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Chapter 1

Introduction

1.1 Motivation

Underwater acoustic communication has been developed since it was
recognized that the ocean could support sound wave propagation. In 1490,
two years before Columbus discovered America, Leonardo da Vinci wrote [1]:
“If you cause your ship to stop, and place the head of a long tube in the
water and place the outer extremity to your ear, you will hear ships at a
great distance from you.” Since that time essentially no improvement or ap-
plication was made in the science of underwater sound until, at the turn of
this century, a submarine ball and a fog horn were simultaneously sounded
to determine distance offshore by measuring the interval between their air-
borne and waterborne arrivals [2]. The underwater telephone, developed
in 1954 by the Naval Underwater Sound Laboratory (now Naval Underwa-
ter Systems Center, NUSC), was the first application of underwater voice
communications. The underwater telephone was developed to communi-

cate with submerged submarines and employed the upper sideband of an




8.3 kHz suppressed carrier. From this first operational system, military
underwater acoustic communications have moved toward lower frequencies

that permit transmission over longer ranges.

In the past, most of the attention has come from Navy needs associ-
ated with submarines. Recently, requirements for commercial applications
have been rapidly growing. Offshore structures are being installed at ever
increasing depths where deploying divers is extremely hazardous and ex-
pensive. As a result, unmanned submersibles are being used or proposed
to be used for a variety of work tasks. In the deep sea, submersibles are
the only means of operation; however, they are severely limited if they
require tethering for surface support. A transmission link is required for
diverse underwater operations such as communication with submersibles,
telemetry and remote control of subsea oil production units, blow out pre-
venters, releases, remote operated vehicles, transmission of voice and/or
TV pictures, transmission of measurements from underwater sensors, and
others. Acoustic transmission is often the only viable communication link
for these purposes and several experimental and commercial systems have

been developed [3,4,7,74].

High data rates are desirable for many applications. The limitations

of the underwater communication links result from several transmission

problems associated with underwater acoustic channel such as attenuation
and absorption, ambient noise, Doppler shifts, refraction, scattering and
multipath. The multipath effect is particularly severe in shallow water
transmission where strong surface and bottom reflections are encountered.
Unfortunately, the ocean is a difficult propagation medium. High data rate

transmission requires either wide bandwidths or a very clean channel, but




the available bandwidth is limited by both the absorption of high frequency
acoustic energy and the physical size of receiving (transmitting) elements,
and the ocean is a notoriously reverberant channel with both time and

frequency spreading (8,9].

Over the years, various forms of acoustic communication systems have
been developed. These include direct AM and SSB for underwater tele-
phones, FM for sensor data, FSK and DPSK for digital data, and paramet-
ric sonars for narrow beam systems. Most high data rate acoustic commu-
nication systems attempt to operate with coherent signaling since this leads
to better performance. This is done by tracking the receiving beam and
careful attention to reducing multipath influences. For example, deep-ocean

near-vertical-path acoustic communication system operate in this way [10].

The complexities of the acoustic channel demand its careful exploita-
tion. Fortunately, the availability of VLSI technique and higher density
power supplies has opened up many possibilities for implementations of
acoustic communication systems. The recent proliferation of specialized
signal processing hardware and introduction of new piezoelectric polymet-
ric films, suitable for acoustic array makes construction of such a system

feasible within the limits of a reasonable budget and size.

1.2 Literature Review

The literature surrounding the subject of underwater acoustic commu-
nications is, in some respects, surprisingly scant. This is particularly the
case if one concentrates only on that material directly concerned with ac-

tual underwater communication systems. Therefore, in this section we have
L
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deliberately chosen to take a broader view of underwater communications,
to include consideration of the acoustic channel.

Two decades ago, a general review by Anderson [12] sets the scene in
underwater communications, and discusses the major difficulties which re-
volve around the problems of reverberation and multipath transmission and
high attenuation at high acoustic frequencies. Quazi and Conrad [13] also
contribute an interesting historical insight and make the suggestion that
parametric transmission, because of its ability to establish pencil-beam
transmission at relatively low frequencies, might have particular advan-
tage in avoiding surface and sea-floor reflections and thus minimizing the
effects of multipath. On a more selective basis of acoustic telemetry, an
excellent review is provided by Baggeroer [14]. A useful collection of refer-
ences for those who wish to pursue further subject of underwater acoustic

communications is provided by Coates and Willison [15].

In dealing with the nature of the acoustic channel, a computer model
is the Generic Sonar Model [16,17]. The papers by Hummels [18], Kwon
and Birdsall [19], and Rowlands and Quinn [20] investigate the channel ca-
pacity from the information theory point of view. A sequence of papers by
Gulin et al. are concerned with signals reflected from randomly rough sur-
faces [21,22,23,24,25,26,27]. The channel stability is discussed by Jobst and
Dominijanni [28] and by Veenkant [29]. The subject of noise is considered by
many authors. Dunbar [30] considers the under-resourced area of acoustic
noise in the vicinity of oil extraction platforms. The book “Ambient noise

in the sea” by Urick [31] provides a broad account of this topic with an

extensive bibliography. Several papers were written on multipath modeling




and identification. Papers by Fjell [32] and by Hassab [33,34] explain how
to acquire the information via the cepstrum analysis technique. Two fur-
ther papers provide actual multipath investigation in the Atlantic [35] and
Pacific [36] Oceans, and follow this with papers on anti-multipath strate-
gies [37,38].

Over the years, various forms of acoustic communication systems have
been developed. The submarine underwater telephone system is typically a
single sideband modulated system [39]. Data communication from sensors
in the deep ocean was demonstrated by the Woods Hole Oceanographic
Institution and the Lamont-Doherty Geophysical Observatory using both
continuous amplitude and frequency modulation systems [40]. A 4-channel
time-division multiplexed system was created, where the pulse repetition
frequency of a 40 kHz carrier is modulated to produce a form of FM sig-
nal [41]. The highest data rates reported to date have been obtained by
using frequency shift keying and/or phase shift keying and a parametric
sonar which generates very narrow beam [42]. Recently, multiple-frequency
shift keying(MFSK) systems have been implemented for telemetry over re-
verberant channels. These have operated at low data rates, 40 bit/s, and
with very low error probability, less than 107® [43,44]. MFSK systems
have been used for short-range reverberant channels at data rates of 1200
bit/s [45,46]. The highest rates achieved using linear acoustic which have
been documented employed phase shift encoding [7,47]. These rates have
been achieved over the deep water bottom to surface channel paying par-
ticular attention to multipath reduction. Amplitude shift keying systems

have also been reported which have data rates of 600 bit/s operating in a




lake [48,49]. In addition to these systems many theoretical analyses have
been done [50,51,52,53,54,55|. Many of these studies applied communica-

tion theory concepts to the underwater channel, but much uncertainty still

remains about communication in the underwater acoustic channel.

1.3 Purpose and Scope of Thesis

For shallow water environments, the acoustic link is best described as
a highly reverberant, fading communication channel. The shallow water
channel is substantially different from the deep ocean near vertical propa-
gation channel for which a number of communication systems have resently
been developed. It is unrealistic to expect that most of the systems devel-
oped for deep water will perform adequately over shallow water channel.
High rates systems for shallow water channel have not been published in the
literature. A main part of this work is to model the shallow water channel

and to implement a high rate communication system in such environment.

The first 4 chapters present the principles involved in the underwater
acoustic communication systems. Chapter 1 gives the motivation and liter-
ature review. This is followed by an definition of acoustic communication
system (Chapter 2) and a discussion of the acoustic channel. Multipath
rejection which is the most challenging aspect of the underwater acoustic
channel is addressed in Chapter 3. Channel parameters are dealt with in
Chapter 4, with emphasis on the transmission parameters. The final chap-
ters of the thesis incorporate the results of the analytic work. Chapter 5
and 6 describe the applications of narrow beam acoustic communications.

The broadband signal associated with high rate communication system are




given a detailed analysis in Chapter 7. A final chapter summaries the re-
sults of this work and makes recommendations for further areas of research.

The main contribution of this thesis has been to lay a firm theoretical
foundation for the development of high rate acoustic communication sys-
tems. The theoretical work serves to develop the realistic acoustic commu-
nication system which can be used in shallow water environment. System
design aspects, multipath suppression and broadband signals have been
studied. Based on these results, the high data rate acoustic communication

system using VLSI technique has been proposed.




Chapter 2

Acoustic Communication
Systems

2.1 Introduction

Underwater acoustic communication systems may be described by the
block diagram shown in Figure 2.1. The processing block at the transmitter
conditions the data source for more efficient transmission. For example, in a
digital system the processor might consist of a microprocessor that provides
redundancy reduction of the source. It may also provide channel encoding
so that error detection and correction can be used at the processing unit at
receive site to reduce error caused by noise and multipath in the channel.
To use the channel physically, it is necessary to modulate the incoming
data onto a carrier wave(usually sinusoidal) with fixed frequency limits
imposed by the channel. The purpose of the system is for the data source
to send information to the data user at the maximum possible rate and the
highest reliability over acoustic channel. The acoustic channel has a finite

bandwidth and introduces attenuation, noise, and distortions. These lead



to a fundamental tradeoff between the data rate and reliability. Here we
discuss the potential data sources for acoustic communication systems, the
underwater acoustic channel, the multipath transmission, and the various

modulation methods that are available.

Data Source Processing Modulation Transmitter
Channel
Data User Processing ‘Demodulation| Receiver

Figure 2.1: Representation of an acoustic communication system

2.2 Data Source

Three kinds of data are usually transmitted over an underwater com-

munication system from a submerged data source:

1. Command/control data, such as navigation and equipment status, to
a surface user is often necessary. The data rates required are low:
~ 100-1000 bit/s; however, they must be transmitted with low error
probability and high system reliability since the integrity of the entire
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submerged system is involved. Several systems capable of these rates

currently exist.

2. Acoustic instruments such as seismic profilers, sonars—both vertical
and sidescan—ocean bottom seismometers, and hydrophones all re-
quire data rates of 1-10 kbit/s. In addition, very low picture frame

rates of video information could be transmitted at these rates.

3. A high-quality video image consisting of 1024 points(pixels) and 8
bits of grey scale ~ 8 Mbit of information, although most underwater
situation have such low contrast that probably 1/4 Mbit are sufficient.
This requires data rates of 10-100 kbit/s for frame refresh period of

several seconds.

Both acoustic and video data can be compressed significantly, often
with a minimal loss of fidelity. Several algorithms exist for speech and
picture image compression, e.g., speech can be compressed to 900 bit /s and
still be intelligible while pictures have been compressed to 2-3 bit /pixel
with minimum loss in clarity [56,57]. (One of the algorithms commonly
employed in speech compression, linear predictable encoding, when applied
to seismic data, compressed the data to 1200 bit/s with a negligible loss
in data fidelity.) The compression algorithms, however, require a modest
computational capability at the site of the data source. Previously, this
could not be done because the size and power requirements in even a small
computer were prohibitive. The advent of microprocessors makes feasible

the implementation of many of the algorithms developed for speech and

image compression.
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2.3 Acoustic Channel

The acoustic channel characteristics dominate the design of any acous-

tic communication system. There are four aspects that are of fundamental
concern:

e transmission losses due to geometrical spreading and absorption,
e ambient noise,
e reverberation due to multipath,

e and Doppler spreading due to relative motion.

Each must be considered in selecting the appropriate signaling for an acous-

tic communication system.

2.3.1 Transmission Losses

The sea, together with its boundaries, forms a remarkably complex
medium for the propagation of acoustic wave. It possesses an internal
structure and a peculiar upper and lower surface which create many diverse
effects upon the acoustic wave emitted from an underwater projector. In
traveling through the sea, an acoustic signal becomes delayed, distorted,
and weakened. Transmission loss expresses the magnitude of one of the

many phenomena associated with acoustic wave propagation in the sea.

Transmission loss may be considered to be the sum of a loss due to
spreading and a loss due to attenuation. Spreading loss is a geometrical

effect representing the regular weakening of a acoustic signal as it spreads

outward from the source. In most applications the primary transmission
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path is direct, or line of sight, so a spherical spreading loss model, 20 log R in
decibels, is appropriate. Attenuation loss includes the effects of absorption,
scattering, and leakage out of acoustic channels. The loss per unit of range
a is a function of frequency as discussed in [2]. The total transmission loss

TL(f) is then
TL(f) =20log R + a(f)R (2.1)

One can observe that the transmission losses determines either the maxi-

mum operating range of a system or the maximum usable frequency and
hence bandwidth for a particular range. A useful set of criteria for deter-

mining when attenuation becomes significant is [14]
a(f)R < 10dB. (2.2)

In addition to these two principal kinds of loss, other losses not readily
identified with range may occur; examples are the convergence gain in

acoustic channels or its converse, refraction loss in shadow zones.

2.3.2 Ambient Noise

Ambient noise determines the signal-to-noise ratio at the receiver which
ultimately limits the achievable data transmission rate. Ambient noise level
decreases with frequency, and Figure 2.2 illustrates typical power density
spectral distribution [2]. At the higher frequencies (f > 100kHz) the domi-

nant source of ambient noise is isotropic thermal noise with one-sided power

spectral density in uPa’/Hz given by [2]

Ga(f) =1077°f* (2.3)




13

LT UL I T 1T IR RERLL SRR LR RRLLL

120

8 2
- 110 %
o 100 ’7 "
a 90 B
> 8o e o
E 60 @\\
e |
Q 50 ‘QA
& 40 &
O e KW I 3 LR L LIty ] Ly I L ELEH
| 10 100 1,000 10,000 100,000

Frequency, Hz

Figure 2.2: A summary of noise levels in bays and harbors. AA: A high
noise location; entrance to New York Harbor in daytime. BB: An average
noise lacation; upper Long Island Sound. CC: Average of many World War
II measurements. Shaded area: Subsonic background measurements.

where f is frequency in Hz.

Noise levels are very site-dependent, especially in shallow water. Man-
made noise due to activities associated with offshore platforms can increase
noise levels dramatically. Generally, these man-made noises are concen-
trated at low frequencies and are localized, so it is desirable to use as high
a frequency as possible consistent with transmission loss considerations.
Moreover, narrower beams can be obtained conveniently at the higher fre-

quencies which also lead to better suppression of localized noise sources.
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2.3.3 Multipath

The reverberation results from the scattering of energy from the propa-
gation wave as a result of inhomogeneities in the ocean and its boundaries.
Dealing with reverberation due to multipath is the most challenging as-
pect of the underwater acoustic communication. The boundaries at the
surface and bottom reflect the energy, so numerous travel paths exist be-
tween the transmitter and receiver, especially if omnidirectional sources
are used. This is further complicated by imperfect boundaries. At high
frequencies both the surface and the bottom can support nonspecular re-
flections which degrade signal coherence, and the acoustic energy can pen-
etrate into the bottom and reflect off buried strata interfaces to lengthen
the signals. Generally, these are modeled using scattering function analy-
sis which was developed for similar multipath channel in electromagnetic
communications [59]. One of the results for communication systems is that
the convolution of channel scattering function and the ambiguity function
of the transmitted signal set is a fundamental quantity in the detection
process [60]. At frequencies below 10 kHz an impulsive signal can be time
spread by multipath to hundreds of milliseconds in the shallow water and
to several seconds in deep water. In many circumstances, however, the
multipath is concentrated in packets, each of which is only locally spread
by several milliseconds, so systematic signal design can be employed to
take advantage of this. At high frequencies the total time spreading is
less because of absorption at the boundaries and attenuation in the water.

Spreading of 2-22 ms has been reported for a very shallow water channel

(3-6 m) with the longer spreading occurring at the shorter ranges [14].
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The principal approach to signal design for a time spread channel is
to employ frequency shift keying, and most systems built for the acoustic
communication where multipath is a dominant factor have employed this
approach. Usually these systems employ some form of diversity to suppress
the effects of fading, and recently more general spread spectrum techniques
have been employed. An alternative means of suppressing the multipath is
to use very narrow beams so that only one path is used. This requires wide
aperture array which are large for low frequencies. One of the difficulties
with narrow beam link is the “pointing error” problem which occurs when

the transmitter and receiving beams do not intercept each other.

2.3.4 Doppler Spreading

Doppler spreading is introduced by relative motion between the trans-
mitter and receiver or by water motion in the channel. The Doppler shift
is 0.35 Hz/(kn - kHz) (one way) or 0.70 Hz/(kn - kHz) (two way) of rela-
tive motion. If the motion is slowly varying such as due to ship motion,
such shifts can be compensated; however, random motion manifests itself
by continuous frequency spreading. High-data-rate communication sys-
tems imply wide bandwidths which can only be obtained with high center
frequencies. In addition to the high transmission losses, the high center
frequencies lead to proportionally higher Doppler spreads, e.g., 17.5 Hz /kn
at 50 kHz. Random motions in the water can be particularly important for
frequency shift keying systems since some allowance for guard bands must

be made. At frequencies below 1 kHz, several very careful experiments have

demonstrated that the water itself has a very low Doppler spread on the
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order of tens of millihertz, so one must conclude that most Doppler spread-
ing is caused by transmitter/receiver relative motion. At high frequencies,
few carefully controlled experiments have been done [61]. Signal design
over Doppler spread channels leads to short pulses. To preserve signal-to-
noise ratio, high-amplitude signals must be used which often implies a peak

power problem because of the high voltage required to drive the acoustic
sources.

Both multipath and Doppler spreading are important factors in the
acoustic communication channel, and any design must recognize each. To

avoid the effects of multipath one needs to have
1/W>L (2.4)

where L is the multipath length and W the signal bandwidth; and to avoid

Doppler spreading one needs to have
1/T> B (2.5)

where T is the signal duration and B is Doppler spread [60]. A fundamental
quantity for a channel is the product BL. If this quantity exceeds unity,
the channel is said to be “overspread” and appropriate signal design must

be employed to use the channel successfully.




Chapter 3

Multipath Rejection Using
Narrowbeam Acoustic Link

The intent in this chapter is to discuss multipath suppression by using
a narrowbeam link. We first compare two types of narrowbeam systems:
umbrella-type beam produced by linear array and conical, searchlight-type
beam produced by planar array. We then examine specular and non-
specular reflections when the acoustic communication link is near the sea
surface. It is shown that in both uses, a linear array offers better perfor-
mance in rejecting multipath than the planar array with the same number

of elements.

3.1 Introduction

The presence of multipath in underwater acoustic communication chan-
nels is the major limitation to reliable, high-rate data transmission needed

in diverse applications.

The multipath conditions can vary significantly depending on sea state,




Surface Multipath

Figure 3.1: Multipath structure

ocean depth, type of bottom, sound velocity profile, transmitter-receiver
configuration and their respective radiation patterns. Because of a rela-
tively high frequency carrier used for acoustic communication the ray theory
can be applied to determine the propagating paths linking a transmitter
and a receiver. Shown in Figure 3.1 are primary possible paths linking
transmitter and receiver in an isospeed acoustic channel. The intensity of
a particular multipath can be calculated by taking into account the prop-
agation distance, number of surface and bottom reflections and associated
losses, and transmitting/receiving radiation patterns. The channel quality
can be quantitatively characterized by the direct signal-to-multipath signal
ratio. Assuming noncoherent multipath signals, this ratio (in dB) can be

expressed as [8]:




19

1014,-’10

DMR = 10log | =—7
E :10!,-.;'10
n

(3.1)

Where

I, is intensity of n-th multipath (in dB)
I, is intensity of the direct path (in dB)

It has been shown (8] that the DMR increases with central frequency
employed and ocean depth, and decreases with range. For this reason,
high frequencies, in near vertical transmission from deep ocean are least
affected by multipath. For example, vertical transmission from a 200m
depth encounters DM R = 28dB at frequency f = 100k H z which drops to
15dB at f = 10kHz. Omnidirectional transducers, smooth surfaces and
a 5 Mrayls bottom acoustic impedance have been assumed. On the other
hand, the DMR can drop as low as 5dB for very shallow water (50m) and
a long propagation range (1000m).

Since multipath signals generally arrive from directions different from
that of the direct path signal, they can be suppressed by utilizing suit-
able radiation patterns at the transmitter and the receiver. Such pat-
terns will consist of a narrow mainlobe and small sidelobes. The transmit-
ting/receiving beams should be kept aligned along the direct path. Suppres-
sion of some multipath can lead to a substantial increase in the DM R [8].

In order to ease the beam’s alignment task, it is also possible to employ a

broadbeam transmitter and a narrow beam receiver.
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3.2 Multipath Suppression

Three basic beam configurations depicted in Figure 3.2 a), b) and c) are
considered. Shown in Figure 3.2 a) are narrow searchlight-type beams for
both transmitter and receiver [46]. Both beams are produced by steerable
multi-element arrays. Although the configuration offers the best rejection
of ambient noise, a relatively complex scheme is required to steer and to

track the beams. Additional difficulties arise from the fact that the steer-

able transmitting beam must be able to handle the necessary transmission
power. This necessitates a number of power amplifiers driving each element

of the transmitting array.

The configuration shown in Figure 3.2 b) uses a relatively broad conical
fixed transmitting beam while the steerable receiving beam is narrow [63].
The beam alignment for this configuration is less complicated. It will be

demonstrated that the system performance is not critically dependent on

a transmitting beamwidth.

Shown in Figure 3.2 ¢) is a steerable umbrella-type receiving beam, pro-
duced by a vertically suspended linear array. Beam alignment and tracking
for this configuration is particularly simple. Subsequently it will be assumed
that a fixed, relatively broad conical transmitting beam and steerable nar-

row (searchlight or umbrella-type) receiving beam are utilized.

The multipath signals can be admitted to the receiver through the main
lobe beam or through the sidelobes of the radiation pattern. Sidelobe levels
can be controlled by proper weighting coefficients applied to each element of

the array. The Dolph-Chebyshev weights, for example, theoretically allow
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Figure 3.2: Configurations of acoustic beams
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arbitrary suppression of the sidelobe level [64,65,66].

The multipath signal can also be admitted to the receiver together with
the direct-path signal through the properly steered mainlobe. This will
occur whenever the difference between the angles of arrival of the direct
and multipath signals is less than the beamwidth of the mainlobe. In order

to reduce the probability of this occurrence, the mainlobe should be as

narrow as possible.

3.3 Specular Reflections

Let us assume that the multipath is caused by specular reflections from
smooth bottom and ocean surfaces. In such a situation, angles 1p and Q,
indicated in Figure 3.2 b) and 3.2 c) provide the correct measure of the

array ability to reject multipath signals which might otherwise be admitted

through the main lobe.

Shown in Figure 3.3 is the ratio 25/ vs the pointing angle (off ver-
tical) for arrays employing the same number of elements N separated by a
half wavelength. A 3dB beamwidth has been assumed for calculations. It
can be seen that the linear array has a greater capacity of multipath sup-

pression than the planar array for practically all ranges of pointing angles

and array sizes.

We now consider a situation where a multipath signal is caused by

reflection from rough surfaces.
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3.4 Nonspecular Reflections

To simplify the analysis we will assume zero sensitivity of the receiving
array in the upper hemisphere. This will allow us to neglect multipath
arriving directly from the ocean surface. The ocean surface is assumed
rough while the bottom will be considered to be a perfect reflection as
indicated in Figure 3.1. For such a situation the scattering from the sea

surface can be represented by an image source as illustrated in Figure 3.4.

Scattering Area

Image Scattering Area

Figure 3.4: Application of image principle to rough sea surface

Part of the incident power P; upon the surface is reflected in the specular

direction while the remaining power P, is diffusely scattered in all directions
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as given by [61]:

Py =(1-¢*)P; = (1- g%)aP,

where P, is transmitted power
« is transmission loss from the projector to the surface
and p? is the variance of the scattering coefficient p.

Since the receiving array is directional, only a certain amount of scat-
tered power will be admitted to the system. This amount can be calculated
by considering an intersection of the receiving beam (conical or umbrella-

type) and the image surface as shown in Figure 3.5.

umbralla :

Boam image
source
conical
beam

Figure 3.5: Intersection of the receiving beam and the image scattering
surface

The total mean power received from the image surface is then obtained




P.=B- [ [ G(6,0,5,4,4:,0) dsi i=1,2 (3.2)

where G(¢,0,z,y,¢;,0;) is the intensity distribution function of the mean
power scattered in the direction (¢,8) from each source point (z,y) for a
given incident angle (¢;,0;), s; is the shaded region as shown in Figure 3.5,
and f is transmission loss along the surface-bottom-receiver path.

The intensity distribution function of the scattered field in various di-
rections for a given angle of incidence has been discussed in [62]. For a
slight surface roughness (standard deviation o = 0.1)) and a long correla-
tion distance (7' = 200)A) here T is the distance in which the spatial auto
correlation coefficient C(t) drops to the value e~), only 46.8% (o? = 0.468)
of the incident energy is reflected in the specular direction; the remaining
energy is diffusely scattered in all other directions.

For rough surfaces with ¢ = 10A and T = 200\, the mean power re-
flected in the specular direction exceeds 37%. This means that for large
T (gently rolling surface with long distances between hills and valleys) the

specular direction remains privileged even if the surface is very rough.

We now compare the average multipath power received from the image

surface by the linear array P,, and the planar array P,,, as follows:

f’l‘. = -rfll G(¢10v z,Y, ¢i,3.']ds
P"P ff.z G(QS, 9} Z,Y, ¢i, 9i)d8

(3:3)

For simplicity we assume that the intensity distribution function G(-)

is uniform on the image surface, and therefore
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Pr! = i
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= —-—-2ta'n(’)sin280-
0z,
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where 0,, and 6,, are the beamwidths of the linear and planar array,

respectively, 0y is the steering angle, ~; is the beamwidth of transmitter,

and

_ tan®(%)

=t (3.5)

The ratio P,;/P,, changes only slightly when the number of elements N
varies. Figure 3.6 shows the performance of two types of arrays: linear and
planar with the same number of elements (N = 1 x 64 and 8 x 8) separated
by A/2. We can see that at a steering angle § = 45° and for a transmitting

beamwidth «; = 100°, the linear array gives a 7.4dB improvement over the

planar array in rejecting the multipath.
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Figure 3.6: Comparison of multipath rejection for planar and linear arrays




3.5 Summary

Reduction of multipath interference in a shallow water channel has
been discussed. It is suggested that a vertical suspended linear array is a
useful configuration for shallow water, middle range acoustic communica-

tions because its performance is superior to that of a planar array with the

same number of elements.
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Chapter 4

Channel Parameters

The system aspects of a narrowbeam acoustic communication system
are the subject of this chapter. Our objectives are to obtain the practical
upper limits of system performance. It is shown that communication in a
channel with a relatively broad bandwidth is possible using a narrowbeam
receiver. A higher rate transmission rate can be achieved using frequency

and beam diversity.

4.1 Introduction

High capacity acoustic communication links are required for diverse
underwater operations [3,9,14,68]. In order to meet this demand, several
experimental and commercial telemetry systems have been developed suc-
cessfully [4,5,7,67,74|. Some of them are summarized in Table 4.1. The
transmission rate varies greatly with carrier frequency, intended range, er-
ror rate required and type of propagation (direct or indirect path). For
broadbeam systems the limiting factor arises from the presence of mul-

tipath. One possible method of multipath reduction is by using narrow
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Manufacturer Transmission | Carrier | Modulation | Range

Rate (bits/s) | (kHz) Type (km)
Honeywell Ltd. 40-160 15 MFSK 8
Oceano Ltd. 320 20 FSK 7
Acoustic Systems Ltd. 4800 25 DPSK 2
NOAA 75-1200 50 FSK —
Thomson Ltd. 20,000 60 - 1
Herriot-Watt Univ. 120,000 600 - 0.1

Table 4.1: Representative acoustic systems

transmitting and receiving beams [63,69]. Alignment and tracking of these
beams presents a separate problem which will be addressed later. This
chapter is an attempt to establish an upper limit of performance of a nar-
row beam system assuming near ideal beam alignment and tracking. A

transmission scenario considered is shown schematically in Figure 4.1.

A transmitter located at depth h transmits a signal along a conical
beam towards a surface receiver. The transmitting beam is stationary and

has beamwidth 17, while the receiving beam with beamwidth Qg < Qr
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Transmitter

Figure 4.1: A transmission scenario

can be electronically steered towards the transmitter.

This scenario is applicable to situations when data accumulated from
underwater bottom sensors has to be retrieved using an acoustic link. Of-
ten a large amount of accumulated data (in order of tens of megabytes)
and limited retrieval time necessitates a very high speed transmission. The
scenario described is also applicable to data (such as slow scan TV) trans-
mitted from an untethered Remotely Operated Vehicle (ROV) which is

followed by a surface ship.




33
4.2 'Transmission Parameters
4.2.1 Transmitting Beam

We will assume that the transmitting beam is generated by a circular
piston transducer with diameter D. The 3dB beamwidth (in degrees) of

such a transducer for a signal at frequency f is given by

A A
— o _< 2
ﬂr—59D forD_l (4.1)

where wavelength A = ¢/ f and ¢ denotes sound velocity.

The directivity index (expressed in dB’s) of the transducer is given by

D
DIt = 20 log WT (4.2)

Combining Eq.( 4.1) and ( 4.2) we can write
DIy = 45.4 — 20 log 0y (4.3)

The transmitter source level SI expressed in dB re 1uPa as measured
1m away from the transducer is related to total acoustic power radiated by

the transducer W, such that

SL =170.9 + DI + 10logW (4.4)

4.2.2 Cavitation Threshold

The maximum acoustic intensity (acoustic power per unit area) which

can be produced by a transducer is limited by the cavitation threshold I,
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given by

¥ (Patm - hgp)z
=
2pe

(4.5)

where Pq,, denotes atmospheric pressure (10°P,), the water density p =

(10°kg/m®) and g = 9.81m/s*. The maximum acoustic power which can

be radiated by the transducer without cavitation is therefore given by
W, = Al (4.6)
where area of the transducer’s face A can be expressed using Eq.( 4.1) as

wD? 29.5¢
A=—"—"— =g o
(ﬂrf)

(4.7)

The cavitation threshold increases rapidly with depth (from 0.3W /cm?
at the surface to 13W/cm? at depth h = 100m). It is also an increasing

function of frequency. This effect is not accounted for in Eq.( 4.5) which

can therefore be considered as a lower bound for cavitation.

4.2.3 Transmission Losses

Transmission losses (in dB) can be expressed as

TL=20logr + ar + 3dB (4.8)

where r is a slant range between transmitter and receiver as shown in

Figure 4.1.
r = h/cos(Nr/2) (4.9)
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a is the absorption loss given by the following empirical formula [10]

- [2.34 x 1078 f. 1 4 3:38x 10‘°f2]
- I+ Ir

x (1-654P)x873 dB/m (4.10)

where S is salinity in parts per thousand, f is frequency in kHz, P is

pressure in P,, and

fr = 21.9 x 108-1520/(T+273) (4.11)

T is temperature in degrees centigrade.

An additional 3dB loss in Eq.( 4.8) was added to reflect the fact that

the system may operate on the edge of the transmitted beam.

4.2.4 System Noise

At higher frequencies (f > 100kHz) the dominant source of ambient
noise is isotropic thermal noise with one-sided power spectral density in

puPa®/Hz given by
Ga(f) = 10774? (4.12)
where f is frequency in Hz.

In the following analysis we assume that the transmitted signal occupies
a finite frequency band B, centered around a central frequency f,. The noise

in this band (in-band noise) can be obtained from the following integral:

fo+B/2
nh= [ Gulf)df =033x107°[(f, + B/2)* ~ (f - B/2)"] (4.13)
fo—B[2
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In logarithmic (dB) scale, the in-band noise is given by
NB = 10logn} (4.14)

Since the receiving hydrophone is directional, the total in-band, in-beam

noise at the receiver becomes:
N = NB — DIp (4.15)

where DIy, is the directivity index of the receiver given by a formula similar

to Eq.( 4.3), that is
DIgp = 45.4 — 20log Nr (4.16)

where (1 denotes the receiving hydrophone beamwidth (in degrees).

4.2.5 Signal-to-Noise Ratio

It is evident from Eq.( 4.3) and ( 4.16) that both the transmitting
and the receiving directivity indexes (as well as the beamwidths) depend
on frequency. On the other hand, the transmitted signal will occupy a fi-
nite frequency band. To resolve this difficulty we will tactically assume a
narrowband system such that B << f,. From a practical point of view,
the narrowband system is more efficient and easier to implement than a
broadband one. The directivity indices can be calculated at the central

frequency f, and assumed constant within the bandwidth B. For a nar-

rowband system we can write

B=1/Q (4.17)
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where the quality factor @ > 10. Since it is desired that the bandwidth B
is as large as possible, we subsequently assume Q = 10.

The quality of this transmission channel depends on the signal-to-noise
ratio. The signal level at the receiver S can be obtained from Eq.( 4.4) and
Eq.( 4.8), namely

S=SL-TL (4.18)

The signal-to-noise ratio SNR (in dB) is simply
SNR=S-N (4.19)

where the noise N is given by Eq.( 4.15).

Depending on the type of transmission, and required error rate, an

acceptable SNR can vary between 5 and 30dB or more.

4.3 Summary

In the calculation of absorption losses given by Eq.( 4.10) the following
parameters were assumed: S = 33ppt,T = 4°C and P = 10°P,. Figures 4.2
through 4.5 show the maximum central frequency f, where a desired signal-
to-noise ratio SNR is obtained as a function of depth h. Figure 4.2 shows
fo vs h for different values of receiving beamwidths and other parameters
as indicated. For the assumed parameters, the cavitation level as given by
Eq.( 4.5) was never exceeded. As we can see from the diagram Figure 4.3,
at a depth 500m (representative to continental shelf) the maximum carrier
frequency is 400 kHz with W = 1 watt,Q0r = 45° and (1 = 10°. This
implies that for a @ = 10, the available transmission bandwidth B is 40
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Figure 4.2: Central frequency versus depth for different receiving beam-
widths
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kHz with a 10dB total signal-to-noise ratio. This bandwidth can be utilized
for transmission of analog (like slow-scan TV) or digital data at rates of
approximately 2-4 bits per Hz of the available bandwidth.

Figure 4.3 shows f, vs depth for different values of transmitted power

levels.

Figure 4.4 shows f, vs depth for different values of required signal-to-
noise ratios.
Figure 4.5 shows f, vs depth for different values of transmitting beam-

width. We note relatively little gain associated with narrowing the beam.

Figure 4.6 shows the maximum transmitted power as determined by

the cavitation threshold given by Eq.( 4.5) vs central frequency f, for the
different depths.

It has been shown that the high transmission rates are achievable using
a narrowbeam acoustic link. Since the transmission is narrowband, sev-
eral simultaneous transmission channels are possible by utilizing different
frequency bands. The maximum power which can be transmitted is lim-
ited by the cavitation threshold. This limitation is particularly noticeable
with a broad transmission beam which implies a small projector surface.
This difficulty can be eliminated by using several simultaneous narrowbeam

transmitters suitable oriented such as to form a broadbeam coverage.
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Chapter 5

Acoustic Communication Link

Bottom instrumentation is being used to collect diverse oceanographic,
seismic and geodetic data, often over prolong periods of time. Such data
can be retrieved periodically using an acoustic communication link. Typical
but conflicting requirements of such a link are high transmission rates,
reliable transmission over long distances and low power consumption of
the bottom transmitter. We now attempt to relate the results of Chapter
3 and Chapter 4 directly to the application. In this chapter a steerable
narrowbeam acoustic link is suggested as the best feasible approach offering
improvement over broadbeam systems. Various beam configurations are
considered and compared in terms of their ability to reject ambient noise
and multipath interference. A vertically suspended linear receiving array is

postulated as the best solution to multipath suppression and beam tracking.

5.1 Introduction

Bottom instrumentation is sometimes deployed for prolonged periods

of time to collect diverse oceanographic, seismic and geodetic data. Such
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data can be temporarily stored in a suitable memory bank and retrieved :

when the instrument is recovered. I
Another possible scenario involves an acoustic link established between ‘;

bottom instrumentation and a surface platform. Using such a link the data I‘

can be retrieved without the necessity of recovering the instrument. A

large amount of accumulated data, often on the order of several megabytes, "

has to be transmitted within a limited retrieval time. This necessitates

high transmission rates. It is also desirable that the acoustic link can
provide reliable transmission over long distances in both shallow and deep
waters without an excessive transmitted power. These generally conflicting
requirements are achieved differently depending on application. Several
experimental and commercial digital underwater acoustic communication
systems have been developed for diverse purposes [3]. Some of them are
summarized in Table 4.1. The transmission rates of the systems shown
vary greatly with carrier frequency, range and type of propagation (direct

or indirect path).

The presence of multipath signals caused by surface and bottom reflec- |

tions, as well as by refraction of acoustic waves, limits high speed trans- l
mission, particularly in broadbeam systems. Multipath signals generally \'
arrive from different angular directions, and therefore they can be sup-
pressed if properly aligned narrow transmitting/receiving beams are used.
With multipath power reduced to a negligible level, the system performance
is limited by ambient noise which, at higher frequencies (above approxi-
mately 100 kHz), is dominated by thermal noise [2]. Reduction of ambient

noise admitted to the system is possible by the narrowing of the transmit-
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ting /receiving beams. Proper alignment and tracking of such beams are

required for a reliable data transmission link.

5.2 (General Assumptions

In order to adopt a proper design philosophy, certain general assump-

tions regarding a transmission scenario and system functions are made as

follows:

(2) The acoustic link is to be established between a surface (or near sur-

face) unit and an underwater unit. The surface unit is typically de-
ployed from a ship, helicopter or from an ice-based station. A re-
ceiving array is lowered to a certain depth to avoid effects of possible
shadow zones caused by the refraction of acoustic waves. The under-
water unit is moored on or near ocean bottom and is powered from
its own batteries. The surface unit can be relatively more complex

than the underwater unit.

It is assumed that a higher data rate is required from the underwater
unit to the surface unit (up-link) while the down-link data rate can
be much lower. For this reason, we will refer to the surface unit as a

recetver and the underwater unit as a transmitter. Three basic beam

configurations depicted in Figure 3.2 a), b) and ¢) are considered.
Shown in Figure 3.2 a) are narrow search-light type beams for both
transmitter and receiver [46]. Both beams are produced by steerable
multi-element arrays. Although this configuration offers the best re-

jection of ambient noise, a relatively complex scheme is required to

e ———

A8 2 ap



47

steer and to track the beams. Additional difficulties arise from the

fact that the steerable transmitting beam must be able to handle the
necessary transmission power. This necessitates a number of power

amplifiers driving each element of the transmitting array.

The configuration shown in Figure 3.2 b) uses a relatively broad con-
ical fixed transmitting beam while the steerable receiving beam is
narrow [63]. The beam alignment for this configuration is less com-

plicated. It will be demonstrated that the system performance is not

critically dependent on a transmitting beamwidth.

Shown in Figure 3.2 c) is a steerable umbrella-type receiving beam,
produced by a vertically suspended linear array. Beam alignment and
tracking for this configuration is particularly simple. Subsequently it
will be assumed that a fixed, relatively broad conical transmitting
beam and steerable narrow (search light or umbrella-type) receiving

beams are utilized.

A general functional block diagram of the receiver is shown in Figure 5.1.
The narrowband up-link signal is incident upon the receiving array. The
output signals from the receiving array elements are used to estimate the
angles of arrival of the direct-path signal as well as the interfering multi-
path. Based on these estimates a beam is formed and electronically steered

in the direction of the strongest signal (typically the direct-path signal).

The beamformed signal is then demodulated to yield the desired data.
Doppler shift information can be extracted from the signal and can be uti-

lized to improve the estimate of the angles of arrival. The system can be

used for the transmission of both digital or analog data. Subsequently, we
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Figure 5.1: Functional block diagram of the receiver

will consider in some detail system performance and various aspects of sys-
tem implementation. In particular we will compare the performance of a
system utilizing a search type receiving beam as formed by a square planar

steerable array with that utilizing an umbrella-type beam as formed by a

linear array.

5.3 System Performance

5.3.1 Multipath Suppression

The multipath signals can be admitted to the receiver through the

main lobe beam or through the sidelobes of the radiation pattern. Sidelobe
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levels can be controlled by proper weighting coefficients applied to each
element of the array. The Dolph-Chebyshev weights, for example, allow for
theoretically arbitrary suppression of the sidelobe level [64,65,66].

The multipath signal can also be admitted to the system together with
the direct-path signal through the properly steered main lobe. This will
occur whenever the difference between the angles of arrival of the direct
and multipath signals is less than the beamwidth. In order to reduce the

probability of this occurrence, the main lobe should be as narrow as possi-
ble.

Let us assume that the multipath is caused by specular reflections from
smooth bottom and ocean surfaces. In such a situation, angles (1p (planar
array) and (2 (linear array) indicated in Figure 3.2 b) and 3.2 ¢) provide a
measure of array ability to reject multipath signals which might otherwise
be admitted through the main lobe — the smaller the angle, the better
ability to reject multipath.

Shown in Figure 3.3 is the ratio 1p/Q; vs. the pointing angle (off
vertical) for steered arrays employing the same number of elements N sep-
arated by a half wavelength. A 3dB beamwidth has been assumed for
calculations. It can be seen that the linear array has a greater capacity
of multipath suppression than the planar array for practically all ranges of
pointing angles and array sizes. The above findings also apply in the case

of rough scattering surfaces as discussed in Chapter 3 [75].




50
5.3.2 Ambient Noise Suppression

With multipath power admitted to the system suppressed below am-
bient noise level, the system performance is limited by the ambient noise.
In the presence of isotropic noise, the signal-to-noise ratio at the receiver

is directly related to the directivity D of the receiving array.

The directivity of a linear array of N (even) nondirectional elements
equally spaced by A = A/2 is independent of the steered angle and is given
by [71]

N/2 2 N/2
D=2|3% 6 3 ay (5.1)
n=1 n=1

For an array with an odd number of elements, a modified formula applies

(N-1)/2 \? (N-1)/2
D= (a,,+2 3 a,.) /(a3+2 > a:) (5.2)
n=1 n=1

In Eq.( 5.1) and ( 5.2), weighting coefficients {a;} are used for beam
shading.

Since generally a beam broadens when steered, one would expect that
the directivity should depend on steering angle. However, in the case of a
linear array, reduction of directivity due to beam broadening is compen-

sated by the decrease in the solid angle embraced by the beam.

Figure 5.2 shows the directivity index DI = 10log D of Dolph-Cheby-
shev arrays with different sidelobe suppression levels vs. array size. For

comparison, the directivity index of a uniformly weighted array is also
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Figure 5.2: Directivity indexes of Dolph-Chebyshev arrays
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shown. We observe only a small difference in DI for different sidelobe
suppressions. This is due to the broadening of the main beam which tends

to compensate for the reduction of noise admitted through the sidelobes.

Similar considerations apply to multi-element planar arrays. However,
the directivity index of such arrays is dependent on the pointing angle [71].
Figure 5.3 shows the difference between directivity indices of a uniformly
weighted planar array DIp and uniformly weighted linear array DI, both
with the same number of elements vs. the pointing angle. Zero radiation

in the upper half space was assumed in the case of the planar array.

The results indicate that the planar array will yield a better signal-to-

noise ratio than the linear array, particularly at low values of the pointing

angle.

We now investigate narrowbeam and narrowband system performance
in the presence of ambient noise. It is assumed that the transmitted signal

of power W occupies a bandwidth B positioned around a central frequency
fo such that

Q= % >>1 (5.3)

For frequencies above 100kHz omnidirectional thermal noise dominates
other sources of ambient noise [2] and this only type of noise will be consid-
ered here. A transmitted signal is subject to spherical and absorption losses
which increase with the central frequency and the transmission distance.
For a given transmission distance k, there is a corresponding central fre-
quency fo which yields a required signal-to-noise ratio S N R at the receiver.

Shown in Figure 5.4 is the central frequency plotted vs. transmission dis-
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Figure 5.3: Difference between directivity indices of planar and linear arrays
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tance for linear and planar arrays of different sizes and the assumed values

of transmission parameters.

As noted earlier the planar array provides slightly better performance
then the linear array with the same number of elements. For a given Q
factor, the available bandwidth B is proportional to central frequency. The
theoretical upper limit of information transmission rate can be obtained
from the Shannon theorem. For the parameters indicated in Figure 5.4, this
limit (in kbits/s) can be obtained by multiplying central frequency (in kHz)
by a factor of @ = 0.336. For example, transmission from a distance of 600m
is possible at the upper theoretical limit of 117 kbits/s. In practice this limit
will be much lower. Coherent demodulation schemes do not perform well
in a multipath underwater channel [46]. Employing FSK modulation and a
noncoherent demodulation scheme will yield multiplier factor e = 0.067 for
error rates P, = 1.5 x 1077 corresponding to an assumed SN R of 10dB [76).
The overall data transmission rates can be increased by employing several
parallel channels, each utilizing a different central frequency and occupying

different frequency bands.

Figure 5.5 and 5.6 show the effects of different required signal-to-noise

ratios at the receiver and different transmitted powers.

In Figure 5.7 the effects of different transmitting beamwidths are pre-
sented. It is worthwhile to note that central frequency is not critically

dependent on transmitting beamwidth. For this reason, a relatively broad

transmission beam is suggested as shown in Figure 3.2 c).
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5.3.3 Direction Finding

Steering of the narrow receiving beam towards the transmitter can be
accomplished if the angular direction of the arrival signal is known. An
independent short-base navigation system can be utilized to measure this
direction [70]. Alternatively, signals from the receiving array can be utilized
for this purpose. The Discrete Fourier Transform (DFT) method [72,73]
can be applied to find both the direction of the direct path signal as well as
the direction interfering multipaths. This method is particularly simple for
linear arrays where only one-dimensional DFT is required to estimate the
elevation angle of the arriving signals. The DFT can be easily implemented

using commercially available signal processing hardware.

The angular resolution associated with the method is linked to the
beamwidth associated with the array. For this reason, the angular reso-
lution offered by the linear array is much higher than that possible using
planar arrays with the same number of elements. The graph shown in

Figure 3.3 can be used to provide quantitative information in this regard.

5.4 Summary

A high capacity acoustic communication link suitable for transmitting
data from bottom instrumentation to the surface receiver is feasible using
a fixed, broad transmitting beam and a steerable, narrow receiving beam.
A vertically suspended linear array is suggested to generate an umbrella-
type narrow beam which offers superior performance in rejecting multipath

interference. Because of a high directivity index associated with such an
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array, a longer transmission range is possible in comparison with broad-
beam systems with the same transmitted powers. The receiving array can
be conveniently utilized to estimate the angular direction (elevation) at
the arriving signals needed for proper positioning of the beam. Parallel

transmission channels are suggested as a mean of increasing the data rates.
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Chapter 6

High Rate Digital Acoustic
Communication System

This chapter presents the design and performance description of a High
Rate Digital Acoustic Communication System (HRDACS). The system is
to be used to transmit broadband signal in shallow water environment. An
incoherent data transmission system is employed to overcome multipath.
Multibeam transmission technique and the FFT algorithm are applied to
achieve a high data transmission rate. Noncoherent binary FSK (BFSK)
detected by the FFT algorithm has number of advantages. In summary,
we may state the following: 1. The Doppler shift of the recelved sngnals
are effectlvel},r removed by adjusting the sampling instants in the frequency
dﬂ@jﬂ 2. The multiband snEnals are detected simultaneously in one

FFT operation cycle. 3. The channel cross talk interferences can be easily

reduced by weighting samples in time domain,

In this chapter, a High Rate Digital Acoustic Communication System
(HRDACS) is proposed. The system is to be used to transmit broad band
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signal , such as slow-san TV in shallow water environment. To a achieve
high data rate, a multibeam transmission technique and the FFT algorithm

are used. The system design and performance description of HRDACS is

presented.

6.1 System Design

A functional block diagram of the receiver is shown in Figure 6.1. The
up-link signal is received by a receiving array. The output signals from
the receiving array elements are used to estimate the angles of arrival of
the direct-path signal as well as the interfering multipath. Based on these
estimates a beam pattern can be suitably modified to reject some of the
multipath signals. A signal received by such a beam is then demodulated to
yield the desired data. Doppler shift information can be utilized to improve

the estimate of the angle of arrival.

The HRDACS is an incoherent binary shift keying (BFSK) system. It
accepts digital input, performs a selected coding operation, and modulates
the coded word onto a set of sinusoids. The selected sinusoids are trans-
mitted for a duration T} , which determines the data transmission rate.

At the receiver, the data is demodulated using the FFT algorithm. The
FFT outputs are supplied to the root squarer and then sampled at f = f;
in the frequency domain. A decision regarding data transmitted is made

by comparison of their sampled values.

The HRDACS is designed for incoherent data transmission over a fading
channel. Such channel may be considered as composed of many signal

scatterers, each of which contributes a delayed and Doppler shifted signal
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Figure 6.1: Functional block diagram of the receiver

replica to the received waveform. In shallow water environment, scattering

is due to the sea surface and sea bottom. It can be shown that by applying

sidelobe suppression, the dominant scattered wave is the second multipath

which is the sea bottom reflecting wave scattered from sea surface [75].

The delay 7 between direct path and the second multipath is dependent

of the steering angle of receiving beam and the depth of ocean. If such mul-

tipath prove to be a problem they can be “blanked” (i.e, suppressed), just as

interfering spikes are blanked by noise-blanking circuits in radio communi-

cations receivers. This blanking process will decrease the data transmission

rate by half, and the maximum transmitted data block length equals 7 .
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Another constraint in acoustic communication is Doppler spreading which
is introduced by relative motion between the transmitter and receiver or
by water motion in the channel. The Doppler shift is 0.35 Hz/(Kn. KHz)
(one-way) of relative motion. High data rate communication systems imply
wide bandwidths which can only be obtained with high center frequencies.
The high center frequencies lead to proportionally higher Doppler spreads,
e.g., 35 Hz/Kn at 100 KHz. It is convenient to measure the Doppler shift
from the received signal by FFT. Such information is used to compensate
the Doppler shift in the demodulator. The HRDACS receiver effectively
removes the Doppler shift by modifying sampling instants in the frequency
domain.

The Doppler pilot tone is located at 100 KHz. The data channel is
demodulated by a FFT started from the Doppler pilot tone. The sampling
and detection are implemented in software, and easily changed. The system

throughput is enhanced by software and hardware provisions for several

FFT’s to execute in parallel.

Ambient noise influences the signal-to-noise ratio which ultimately con-
strains the data transmission rate versus reliability trade off. Ambient
noise has been found to have a Gaussian amplitude distribution at mod-
erate depths [2]. Based on this fact, we assume the channel has a white

additive Gaussian noise.

6.2 Broadband Consideration

A more significant constraint on an acoustic communication system is

the narrow transmission bandwidth of the projector. The quality factor @
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of the projector generally ranges from 10 to 100 for a realistic operating
frequency. A 50 KHz bandwidth transmission requires carrier frequency of
500 KHz, which is difficulty to realize [77]. Therefore the number of inde-
pendent channels should be used, that is, the individual narrow bandwidth
beam should be transmitted by each projector. Thus a technique called

Multiband Acoustic Communication System (MACS) is adopted.

The concept of MACS is illustrated by the block diagram shown in Fig-
ure 6.2. The input broadband message signal is first restricted in bandwidth
by a low-pass filter, the outputs are applied to a decommutator which is
usually implemented using electronic switching circuity. The function of
the decommutator is twofold: (1) to take a narrow sample of the input
message at a rate 1/T, that is slightly higher than 2W, where W is the
cutoff frequency of the lowpass input filter, and (2) sequentially interleave
these samples to N individual channels. Indeed, this latter function is the
essence of the time-division demultiplexing (TDDM) operation. Follow-
ing the decommutation process, the multiplexed signals are applied to N
pulse modulators. It is clear that the use of time-division demultiplexing
introduces a bandwidth compression factor N, because the scheme expends

samples from N into 1 at each time slot.

At the receiving end of the system, the multiband signal is received by
a broadband array. The received signals are then applied to N individ-
ual pulse demodulators which perform the reverse operation of the pulse
modulation. For BFSK incoherent data transmission, a FFT demodulator
is used instead of NV individual pulse demodulators, which perform the re-

verse operation in the frequency domain. A possible frequency allocation
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of projectors and a frame format for the data being transmitted are shown

in Figure 6.3.

6.3 Noncoherent Detection of Binary FSK
Signal by Fourier Transform

In the binary FSK case, the transmitted signal is defined by [76]

si(t) = { VR cos(2nfit), 0<t<T (6.1)

elsewhere

where the carrier frequency f; equals one of two possible values f; and f,
The transmission of frequency f; represents symbol 1, and the transmission
of frequency f; represents symbol 0. For the noncoherent detection of this
frequency-modulated wave, the receiver consists of a Fourier transformer
followed by root squarer, as shown in Figure 6.4. The received signal is
applied to a Fourier transformer. The resulting root squarer outputs are
sampled at frequency f = f1,f = f, , and there values are compared. Let [;
and [; denote the samples of the frequencies f; and f; , respectively. Then,
if [; > I3 the receiver decides in favor of symbol 1, and if I; < [, it decides

in favor of symbol 0.

When frequency f,f is transmitted, and there is no synchronism between

the receiver and transmitter, the received signal z(t) in the time interval

0<t<T,is of the form

z(t) = 4/ % cos(27 fit + 0) + w(t)
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%‘:"ﬁ cos f cos (27 fit) — 4/ %Eb sin@sin(27 fit) + w(t) (6.2)
b b

where w(t) is the sample function of a white Gaussian noise process of zero

mean and power spectral density Np/2. With the Fourier transform defined

X(f) = f_ ‘: \/%x(t)eﬁ”ﬂ‘dt (6.3)

we find that the output of the root squarer sampled at frequency f = f; in

as

the receiver of Figure 6.4 equals (see Appendix A)

L=y ettt =12 (6.4)

where
Zei = \/ Ejcos O + we; (6.5)
and

Ty = —\/Epsind + wy, (6.6)

The w,; and wy,t = 1,2 are related to the noise w(t) as follows:

2 2
Wei = f " w(t)y| = cos(2n fit)dt f=19 (6.7)
0 Tb
and
Ty 2 -
Wy = f w(t)y/ = sin(27 fit)dt $=1,2 (6.8)
0 Tg,

Accordingly, w; and w,;,¢ = 1,2 are sample values of independent Gaussian

random variables of zero mean and variance Np/2.
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The above results are the same as the receiver which consists of a pair of
matched filters followed by an envelope detector, shown in [76]. Therefore,
we find that the average probability of symbol error for the noncoherent
binary FSK detected by Fourier transform is given by

1 E,

Pc = _exP(_m

: (6.9)

6.4 Implementation of Fourier Transform by
Discrete Fourier Transform

When Discrete Fourier Transform (DFF) is applied to implement Fou-
rier transform, integrating noise is produced in the receiver by approximat-
ing the continuous integration to a uniform step summation. We assume
the step size is not infinitly small(i.e, finite samples), so that the orthonor-
mal characteristics of basis function does not hold as integration is replaced

by DFT summation.

Consider a DFT operation defined as

T,

X(K) = 3

Z z(n)e 7" (6.10)

b n=p

Therefore

X = f‘z(q %eﬁ*h*dt

2 N- J2wK:n
7 Z z(n)e ¥
b =
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321rK n

a:(n) cos(

)

n=0

321rK n

+| Z z(n) sin(

n=0

)] (6.11)

where K,‘ = f.’Tb

The orthonormal condition of the basis function becomes
N-1p
[ essna ~ T Lo

7 $=3
o : : 6.12
{"uji%,, 1F ) (6:12)

where

O':;j = Oﬁ-:-(N, k; + Kj) (6.13)

and the subscript b € {s,c} for abbreviation of sin and cosine basis func-
tions, respectively. Note that k; is a continuous value and K; is an integer

(bin number of DFT). For example, o;; and o;; ; are of the form

_ sin(§a) N-1

Oy = Nsin(2) cos( 9 a) (6.14)
and
_ _sin(fa) . N-1
o’ij_Nsirf(%) sin( > a) (6.15)
where
o= 2m(k: — K;) (6.16)

N
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The upper bound of o; versus a with N = 64 is shown in Figure 6.5.

With the DFT having the form shown in Eq.( 6.10), we find that the

output of root squarer sampled at f = f; equals

i =y2% + 2 t=1,2 (6.17)

where

e = \/ Eycos0(07; + 05;) — \/ Eysinb(oy;; + 0;) + wes (5:18)

and

z4 =1/ Eycosb(oy;; + 0y;) —\/ Bysinb(—o; + 03;) + wa (6.19)

It can be shown(see Appendix B) that w, and wy,i = 1,2, are sample
values of independent Gaussian random variables of zero mean and variance

No/2(1 £ o).

The error term aﬁ,- becomes maximum at e = 0. It decreases rapidly
when |a| > 27 /N (i.e. |k; — K;| > 1 ). The condition also illustrates the
minimum tone spacing in the frequency domain. In order to suppress the
sidelobe, we can apply the window technique rather than a uniform shading.
Figure 6.6 and Figure 6.7 show the channel cross talk of two tones due to

the sidelobe with uniform and Dolph-Chebyshev shading, respectively. It
can be seen that we can ignore all the oy;; terms (including o; , if K; does

not close to k; ) in Eq.( 6.18) and( 6.19) since

oy =0.01 < 1 (40dB sidelobe suppression) (6.20)
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On the other hand, the term 0,; is vanished when K, approaches to k;

since

. (N
N N —
0o, = lim sialza) sin( 3 1

“i = &% Nsin(2)

a)
= 10 (6.21)

Similarly, we find that the average probability of symbol error for the
noncoherent BFSK detected by DFT equals

1 Ey(o;)?
== —an 6.22
The degradation factor (o;;)? varies with the frequency f; of the re-
ceived signal which was shifted by Doppler effect. The maximum value of
|ki — K;| which corresponds to the minimum value of 0. is equal to 1/2.

The error performance increases with a decreasing of |K; — k;|. Therefore,
a process called zero padding is employed which will improve the degrada-
tion significantly. If we pad N zero samples, then the maximum value of
\k; — K;| approximates to 1/4 . Thus we obtain the upper bound of the
average probability of symbol error P, , which is shown in Figure 6.8.

The lower bound is indicated by Eq.( 6.9) as k; — K; and N — oo which
is identical with noncoherent binary FSK detected by a matched filter. The
gap between the lower and upper bounds is described by Eq.( 6.14) which

is plotted as a function of N in Figure 6.9.




6.5 Summary

A high data transmission rate acoustic communication system can be
relatively easily implemented using multibeam transmission technique and
a broad band receiving array. A noncoherent BFSK data transmission
scheme is employed and a FFT algorithm is suggested to implement for
both direction finding and demodulation. The system can be used to derive
information from sea bottom in shallow water environment.

Noncoherent binary FSK detected by FFT algorithm has a number of

advantages. In summary, we may state the following:

1. The Doppler shift of the received signals are effectively removed by

adjusting the sampling instants in the frequency domain.

2. The multiband signals are detected simultaneously in one FFT oper-

ation cycle.

3. The channel cross talk interferences can be easily reduced by weight-

ing samples in time domain.
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Figure 6.4: Noncoherent receiver for the detection of binary FSK signals
by Fourier transform
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Chapter 7

Direction Estimation of
Broadband Acoustic Signal

The direction finding of proposed systems in Chapter 5 and 6 depend
upon the bandwidth of received signals. Usually a pilot tone signal is
transmitted in order to implement the FFT algorithm. In this chapter
we deal with broadband direction finding applicable to broadband acoustic
communication, navigation and remote sensing. Problems associated with
shading function approximation, multipath interference and ambient noise
are addressed and their effects on system performance are analysed. The

possible solutions to improve their performance are suggested.

7.1 Introduction

In several underwater applications such as acoustic communication,
navigation and remote sensing it is necessary to find the angular direc-
tion of an incident waveform [10,72,77]. For narrowband acoustic signals

the direction of signal arrival can be determined by sequential or parallel
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beamforming and scanning. A method of paralleled beam scanning in the
frequency domain has been proposed by Rudnik [73]. For broadband contin-
uous signals a time-domain method of direction finding has been suggested
by Henderson [78,79] and later extended to finite duration signals [80]. In
this chapter we will discuss performance of a realistic broadband direction

finding system in the presence of noise and interfering multipath.

7.2 Principle of Broadband Direction Find-

ing

A method of direction finding of broadband signal was proposed by T.
L. Henderson [79,80].

The acoustic pressure waveform is received by a single linear array of

length L on which two aperture shading functions are impressed to form
separate outputs a(t) and b(t). These outputs can be expressed in terms of

the acoustic pressure p(z,t) at point z along the array axis as

at) = [ :" w(2)p(z;i)dz, 2| < L/2 (7.1)
b(t) = j’_+°°w'(z)p(x,z)d.-s, lz| < L/2 (7.2)

where w(z) denotes the first aperture shading function, and w'(z) denotes
the second shading function, which is specified to be the derivative of the
first. As has been established in [79] and [80], the use of aperture shad-
ing functions that are matched in this particular way makes it possible to

determine the direction of an incident plane wave of arbitrary spectrum,
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without any spectral decomposition or multibeam scanning.

The principle of direction finding is quite simple. If the pressure field on
the array axis is produced by a plane wave coming from a distant acoustic
source whose direction cosine relative to the positive end of the z axis is
denoted as u, (i.e., v = cos@) then p(z,t) may be replaced by p(t + uz/c)
where p(t) denotes the acoustic pressure at the coordinate origin(i.e., at =
= 0) and c denotes the speed of sound in the water. With this substitution
Eq.( 7.2) can be differentiated to yield

—00

G0 = [ o) { 2o+ uesen) oo

—00

= eu [+OO w(z) {%[p(t + u:r:/c)]} dz (7.3)

Integrating by parts one obtains, since w(z) goes to zero outside of a finite

interval,
d =1
Zla() = —eub(t) (7.4)
where
) = [ w@plt +uz/e)de (7.5)

The special relationship between the two aperture shading functions thus
yields the following important result: regardless of the spectral content of

the incident wave, b(t) is a perfect replica of the derivative of a(t), except

1

for a multiplicative term —wuec™!, where ¢ is a know constant and u is the
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Figure 7.1: A broadband direction finder

direction cosine of the source. The transmitter’s direction can thus be

inferred from a comparison of b(t) and derivative of a(t), or a comparison

of a(t) and the integral of b(t).

For practical purposes an arbitrary shading function can be approxi-
mated by using a segmented linear array and by summing up signals from
each segment with appropriate weights. The broadband direction finder
shown in Figure 7.1 applies to such an array. The approximation error is

neglected here and will be discussed later.

The two predetection filters H4 and Hp are applied to suppress noise

outside the signal band, and to perform time derivative operation. The
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frequency responses of these filters are therefore given by

Hy(f) = —j2nfe™ Hp(f) (7.6)

and Hpg(f) represents a band-pass filter with sufficient bandwidth to pass
the signal p(t).

The predetection filter outputs are related by
81(t) = uso(t) (7.7)

Since so(t) and s,(t) are ac signals which undergo frequent zero crossings,
we modify the Eq.( 7.6) by multiplying both sides by so(t) and by time-

averaging the results to obtain

_ s1(t)s0(t)

~ 80(#)80 (t'

The averaging can be performed by low-pass filters Hy as shown in Fig-

(7.8)

ure 7.1.

7.3 Approximation in Implementing Shad-
ing Functions

As indicated in Figure 7.1, the continuous shading functions w(z) and
w'(z) can be implemented using a stepwise approximation. The errors asso-
ciated with the approximation of w(z) and its derivative are manageable,
and have been studied 80|, but the analysis was restricted to harmonic
waves only(i.e., single frequency). In this section, we shall derive a formu-

lation which can be applied to broadband signals.
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Let us define a complex beam response function D;(u,w), which is the

system transfer function for input harmonic waves arriving from direction

u. That is

+o0 .
D;(u,w) = [ w; (x)eiw[twuz)’c]dx (7.9)
where
wo = w(z) (7.10)
and
wy = w'(z) (7.11)

Using these transform functions the array outputs due to an incident har-

monic pressure wave can be expressed as

si(t) = Re[D;(u,w)Ae’*], £:=0,1 (7.12)
A simple shading function is a triangle weighting given by

w(z) =1—|2z/L|, for|z| < L/2 (7.13)
and it’s stair-case approximation is given by

1 73

Wo(z) = d(z) =1 — — (_ 5 ’2N2:

L

< (5 im) (7.14)

where |z|;,+ denotes the integer part of |z|, and L is the aperture length.

The corresponding tﬁ'(m) has unit magnitude along the entire aperture, but

with a sign reversal at the center, i.e.,

-~

W1(z) = w'(z) = sgn(z), for|z| < L/2 (7.15)
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The beam response functions can be obtained by carrying out the inte-

grations indicated by Eqgs. ( 7.2) and ( 7.2) using stair-case approximations

W(z) and w'(z), respectively, to obtain

A _ 4c  sin’(Lwu/4c)

Do, = N Lwu tan(Lwu/4Nc) G
and

A 4c \? sin®(Lwu/4c)

Dlabion= (m) i (7.17)

As before the ratio of §1(t)/So(t) can be used as an estimate @ of the cosine

direction u, that is

s — &)
5o(t)
_ Si(8)(t)
So(t)$o(2)
_ Di(w,w)
Dg(u,w)
4N¢ Lwu
- )
= u+%(%%~'§) LN (7.18)

We note that in the case of stair-case approximation for array weighting

function, the direction estimation & becomes frequency dependent.

A direction error Au is defined as

I 2
Au=|u—a|= %(5\;—‘:) +‘ (7.19)




88

Alternately Eq. ( 7.18) can be solved for u to yield the exact result if the

wave frequency is known, that is

4Nec ot uLw
Lw 4Nec¢

(7.20)

The above analysis can be generalized to accommodate finite duration sig-
nals p(t). The Fourier transform P(w) of such signal can be assumed to be
zero outside some region (wy,;n,wmax) in the frequency domain. For such

signals Egs. ( 7.18) and ( 7.19) become (see Appendix C for details)

(=43
Il

u [ Lwiu\?
= %y ( 4Nc ) e
and
v ( Lw;u\?
Au = 5(4Nc) +‘ (7.22)

where w; is a certain frequency such that w; C [wiin, wmax]-

The maximum error occurs therefore for w; = Wpmax, and its magnitude
can be reduced to an arbitrary value by proper selection of L/N ratio. For
example, for L/N = ), the direction error is less than 5.1% when the arrival
angle is at 60°. The maximum direction errors versus array parameters and

arrival angle are plotted in Figure 7.2 and 7.3.
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Figure 7.4: Structure of the direction finder

Figure 7.4 shows the structure of the direction finder when N = 4 (a
eight-element array). The weighting coefficients a; and b;, 1 = 1,...,4, are

given by Eqs. ( 7.14) and ( 7.15).

7.4 Effects of Multipath on Broadband Di-

rection Finding

The direction finding method described is sensitive to the presence of
interfering signals coming from different directions, in particular multipath.

In wide-band monopulse sonar application, the later arriving multipath can
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be rejected [80]. However, this is not possible in the case of a continuous

signal. In this section the effects of multipath on broadband direction

finding are investigated.

To simplify the analysis we use the exact form of the shading functions.
Consider the incident wave which includes multipath interferences, that is

the input signal p(t) can be expressed as

p(t) = mlt) + 3 (1) (1.29

where po(t) is direct incident acoustic signal and p;(t), ¢ = 1,...,n are

multipath interferences.

The outputs before the postdetection filter of Figure 7.1 now become

S1 (t) 50( [310 54 E Sh ][S()[) ) o i Soi (t)] (7.24)

and
soltVsald) = [a e + Zj) soi (1)) (7.25)
where
sai(t) = f_o; w'(z)pi(z,t)dz (7.26)
Slg(t) = u‘-so,-(t) (727)

and u and u; are the incident direction cosine of direct wave and multipath

interferences, respectively.
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To simplify the results, we assume that a harmonic plane wave with

frequency f is transmitted. The input signal p(t) becomes

p(t) = Apcoswt + ZA,- cos(wt + ¢;) (7.28)
i=1
where w = 27 f, Ag and A; are the magnitude of direct wave and interfer-

ences, respectively, @; are the phase delay due to the multipath.

By assuming triangle shading, the output of broadband direction finder
can be obtained approximately (see Appendix D) as
’ s1(t)so(t 2
Rig = #—ﬁ =u+ ) (u—u;)e;cosd; (7.29)
i=1

So(t)so(t)
where

S04
e = —

Soo

A; sinz(“’—"‘i)

= — e 7 7.30
Ao sinz(“’;‘f) \fia6)

The maximum direction error is given by
Au = |u— o) <D (v —w)|e (7.31)

=1

The maximum direction error versus relative multipath intensity is

shown in Figure 7.5. Two multipath signals of equal amplitudes but differ-

ent arrival angles were assumed.
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7.5 Effects of Noise on Broadband Direction
Finding

In the presence of isotropic white ambient noise, the outputs of the

predetection filters H4 and Hp of Figure 7.1 become

81(t) = s1(t) + n4(2) (7.32)
and

8o(t) = so(t) + no(t) (7.33)
where n;(t) and no(t) are noise components of the output signals. The

mean values and mean-squared values of n,(t) and no(t) are found to be(See

Appendix E for derivation)

Elm(t) = 0 (7.34)
E[no(t)] = 0 (7.35)
and
E[ni(t)] = o2, (7.36)
Elng(t)] = ok (7.37)
where
i=N/2
031 = zai(wmu_wmin)/“ Z b,z (738)
i=—N/2
i=N/2
Tno = 203(Whex — Whin)/(37) 3 a? (7.39)
i:-N_{'?

(7.40)
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and o2 denotes noise power in the band (Wmin, Wmax) @t each array element.

We apply Eq. ( 7.8) as a reasonable estimate @ of the cosine direction
u, when noise is present, and assume a perfect time averaging operation to

be equivalent to the statistical expectation. That is
§ = -—-—) (7.41)
= P OEA0] ;

It is shown (see Appendix F) that the error caused by ambient noise for

large signal-to-noise ratio at each array element is given by

U
SNR

Au=u—14= (7.42)

where SN R is signal-to-ratio at the output of the predetection filter Hy .

It is clear from Eq. ( 7.42) that the direction error is dependent on the
cosine direction u. The maximum direction error occurs at v = +1 (i.e.,
6 = 0°,180°). For example, for SNR = 20 dB the maximum direction error
reaches 8°.

The direction error can be minimized by improving the SNR using a
suitable predetection filter. In particular, for white noise and an impulsive
signal, the best filter is a filter matched to the signal. It can be shown that
for such a filter Eq. ( 7.42) is still valid.

7.6 Summary

It has been shown that the error of the direction of arrival estimate

due to approximation of shading functions for bandlimited signals can be
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reduced to an acceptable value by proper selection of array parameters. The
broadband direction finding is sensitive to the presence of multipath and
noise particularly in broadside directions and therefore can be used only
in low multipath situations and restricted geometries. The match filter is

suggested as a predetection filter rather than a bandpass filter proposed

in [80].
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Chapter 8

Summary of Results and
Recommendations

The primary goal of this thesis has been to demonstrate that high
rates digital acoustic communication in the shallow water environments is
possible. In the thesis the theoretical work serves to develop the realistic

acoustic communication systems which operate in such environment.

Methods of reduction of multipath interference in a shallow water chan-
nel are discussed. It is found that a vertically suspended linear array is
a useful configuration for middle range acoustic communications and its
performance is superior to that of a planar array with the same number of
elements.

The system aspects of a narrowbeam acoustic communication system
are presented. The practical upper limit of system performance has been

obtained. It has been shown that a communication channel with a rela-

tively broad bandwidth is possible using a narrowbeam receiver. A higher

transmission rate can be achieved using frequency and beam diversity.

Based on these results, the high data rate acoustic communication sys-
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tem using VLSI technique has been proposed. It has been shown that
an acoustic communication link suitable for transmitting data from bot-
tom instrumentation to the surface receiver is feasible using a fixed, broad
transmitting beam and a steerable, narrow receiving beam. A vertically
suspended linear array is suggested to generate an umbrella-type narrow
beam which offers superior performance in rejecting multipath interfer-
ence. Such an array can be conveniently utilized to estimate the angular
direction (elevation) of the arriving signals needed for proper positioning of
the beam. The proposed acoustic communication system can be relatively
easily implemented using a multi-transmitted-beam and a broad band re-
ceiving array. A noncoherent BFSK data transmission scheme is postulated
and a FFT algorithm is suggested to implement both direction finding and

demodulation algorithms.

A method of broadband direction finding applicable to broadband acous-
tic communication, navigation and remote sensing is proposed. Problems
associated with shading function approximation, multipath interference and
ambient noise are addressed and their effects on system performance are

analysed. The possible solutions to improve the performance are suggested.

The analysis of error probability in Chapter 6 is based on the assumption
of additive white noise, while the effects of multipath are not considered.
The further investigation should include the effects of multipath on error
retes.

The implementation of broadband direction finder discussed in Chapter
7 is a linear array approach. The approximation error increases with the
broadening of signal bandwidth. A continuous aperture utilizing piezoelec-

tric polymetric films will be considered to implement a error free broadband
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direction finder in future studies.
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Appendix A

Derivation of Noise
Components

The outputs of arrays before the predetection filters are

i=N/2

¥(t) = 3 bilp(t) + nift)]
i=-N/2
i=N/2 i=N/2
— ___gﬁ b.p(t) + _gv! bl'n!'(t)]
= b(t) + na(t) (A1)
and
i=N/2
d(t) = --Z; a[p(t) + ni(t)]
i=N/2 i=N/2
= Y apt)+ Y ani(t)]
i=—N/2 i=-N/2

= a(t) + na(t) (A.2)




112

where a; and b; are weighting coefficients, and n;(t) is ambient noise at 7th
element. The ambient noise n; is assumed to be zero mean, independent
from each other, and with the mean-squared value of o2 in the bandwidth

(Wmins Wmax). Then we calculate

i=N/2

Elm)] = 3. bElm ()
= 0 (A.3)

and

i=N/2 j=N/2

Elny(t)] = 3 3 bibE[ni(t)n;(t)]

i==N/2i=-N/2

i=N/2
= 2. bE[n{(t)]
i=—N/2
i=N/2

on 2. b (A.4)

i=-N/2

A similar development shows that

Efna(t)] = 0 (A.5)
and
i=N/2
En2() = o Y. a? (A6)

i=—N/2
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We may readily find the mean value of the predetection filters’ noise outputs

ny(t) and ng(t). These are

Elm(0)] = Eim(0)] [ m(€)de
= 0 (A.7)
and
Efno(t)] = Efna(®)] [ ha(€)de
= 0 (A.8)

where h,(&) and hy(€) are impulse responses of the predetection filters H4

and Hpg, respectively.

The mean-squared values of n,(t) and no(t) are given by

Elni(t)] = Eind(t)) [ |Ha(/)df
i=N/2
= 207 (Wmax — Wmin)/7 D> b} (A.9)
i=—N/2

and

Efn3()) = B3] [ |Ha()Idf

i=N/2

= 20~ ) (07) 3 o (A.10)

here we assume that the frequency response of predetection filter H4(f) is




given by

0 otherwise (A.11)

I{A(f]:{ 1 fminsu-igfmax

and Hp(f) is defined by Eq. ( 7.6).
The cross-correlation function Ryo(7) of ny(t) and no(t) is obtained by

Rio(r) = Ru(r) * ha(r)

1 0 .
= 5-[ S11(w) Ha (w) e dw (A.12)
mJ-0oo

As a special case for 7 = 0, Eq. ( A.12) becomes

Il

E[n;(t)no(t)] R10(0)
1 o0
- ﬂf_w Sua(w) Ha(w)dw

= 0 (A.13)




Appendix B

Direction Error Due to
Ambient Noise

81(t)so(t) + so(t)E[n1(t)] + s1(t)E[no(t)] + E[ny (¢)no(t)]
so(t)so(t) + 250(t)E[no(t)] + E[ni(t)]

= u(l+ —=) (B.1)

where SN R is signal-to-ratio at the output of the prodetection filter.

Expanding (14 1/SNR)™! in series and neglecting higher order terms,




we obtain approximately

Therefore, we can write

=
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(B.2)
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Appendix C

Output of Root Squarer

The Fourier transform of received signal z(t) is of the form

=] ‘: \/%x(t)ejz’f‘dt
= /;Tb x(t)\/%cos@rft)dt + 7 /:b I(t)\/%sin@ﬂft)dt(c.l)

The sample values of X(f) at f = f; is given by

X(f;) = ](;Tb z(t) % cos(27 f;t)dt + 5 /;Tb x(t)\/%sin(z?rf.-t)dt
= \/E;}cosﬁ+wc.- +j'(—\/§bsin6‘+w3;) (C.2)

where we; and wy, ¢ = 1,2 are related to the noise w(t) as follows:

Wey = '/:)Tb w(t)\/%cos(%rf,-t)dt t=1,2 (C.3)
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and
Ty 2 | .
W = ./; w(t)y/ T sin(2x f;t)dt t =1,2 (C.4)

The output of the root squarer sampled at frequency f = f; in the receiver

of Fig. 2 is then obtained
L= IX(H)P
= ‘fmzi+x§'. §=s 1.0 (05)
where
Zo = \/Eycosf + wyg (C.6)

and

T = —\/Eysinf + wy; (c.n)




Appendix D

Means and Variances of w

cl
and Wgq
The mean values of wy and w,;,7 = 1,2 are given by
N-1
2 ; T
Elws] = E[g w(n)y/ T—‘-bcos(zwir’n] . Kb]
= 0 (D.1)
and
N-1
2 27 K;n Tg
Elw;] = E £ o sy E
wal = B3 w(n)y/ sin(*T") - )
= 0 (D.2)
The variance of w,; and w,;, 1 = 1,2 are obtained as follows:
2Tg. Z?rf{n N \/277 27 K;m
Varjw| = E| - — w( cos )]
wlun] = BY win) Vot co > (2L
NN V2T, 2rK;n, X212 /2T, 27 K;
= Y 206(71 ~m) ~  cos( HN’H) Y VN écos[-ﬁ—ﬁ?-ﬁ)

n=0
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(1+0%;) (D.3)

and

n=0 N N m=0 N N )]
N-1 =
_ Z ﬁa(n"m)\lzTg Sin(zﬂan)N 1\/2T5 Sin(szjm)
=a & N N N
n=0 m=0
= _A&N_lisi 2(2WK5R).E
2 ~ T, NN
No N dwk;n 1
= s 1—cos J "—_
7 [~ cos( TR &
Ny
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Appendix E

Output of Broadband
Direction Finder

The Eq.( 7.16) can be written in the following forms.

si(t) = /H;mP(w)Dl[u,w)ej”‘dw

" %f_:c’ G(w,t) = d (E.1)
and
wle) & f :° P(w) Do(u, w)e™* dw
_ % f ':° G(w, t) cot (Lwu/4Ne)dw (E.2)
where
G(w,t) = — P(w)< sin®(Lwu/4c)e™* (E.3)

Lu W




By applying mean value theorem of the integration, one can obtain

4 c
EG(wj,t);;(wmz = wmin) (E4)

s1(t)

and
1
sot) = WG(wg,t) cot(Lwu /4N ¢)(wWmaz — Wmin) (E.5)
where w;,w; C Wi, @Wmax]-
Expanding s;(t) as a series around point w;, we have
4 c
81 (t) = EG(szt)w_j(wmaz == wmin)
4
= (wma:: 9 wmin)_' {G(wtst)i+
L g
d c
- [G(w, t);]ﬂm (i) Boiss (E.6)

Assume that the spectrum of signal is flat within (Wmin, Wmax), we find

d c
E‘;[G(w,t)a]w:w(wj W) ~ 0 (E.7)
and therefore
si(t) ﬂita (Lw;u)
soft) L w "\ aNe
u [ Lw;u\?
= L : E.8
“ 3(4Nc) * ()



Appendix F

Output of Direction Finder
When Multipath Exists

The ratio function s,(t)/so(t) can be rewritten as

s1(t) soft) _ [su0(t) + 0y su(t)] [so0(t) + Sy sox(t)
80(t) so(t) [s00(t) + Xy $0i(2)] [s00(t) + T7, s0(t)]
where
slt) = [ @)z )de
= —4A;sin(wt + ¢;) sin®(wu;L/4)
and

s1(t) = wisoi(t)

= —4u;A;sin(wt + ¢;) sin® (wu;L/4)
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(F.3)

The outputs of postdirection filters H,4 and Hg shown in Figure 7.1 are

s0i(t)s1(t) = —16u; A; A; cos(¢; — ¢;) sin®(wu; L /4) sin® (wu;L/4)

(F.4)




and
80i(t)s0;(t) = —164;4, cos(¢; — ¢;) sin® (wu;L/4) sin’(wu;L/4)  (F.5)

Let us consider the case u # 0 . Neglecting the higher order terms, we

have the following approximation

s1(t)so(t)  u+ XL, whi+ N, uhk;+ 2im1 Lj=y Uushih;
so(t)so(t) 1+2% 0 hi + X0, 7y hihy
& u+t ) (uw—u)ecos(di) +... (F.6)
i=1
where
S0i
e = —
So0

A; sin®(wu; L/4c)
A sin*(wuL/4c)

and

h.‘ = & COS(tﬁg) (F.B)
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