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Abstract

This paper discusses the development of an acoustic vector channel simulator for the performance analysis of an acoustic 
digital communication system. The channel simulator consists of transmission module, acoustic channel model, receiver, 

beamformer, and adaptive equalizer. The source signal (QPSK) is generated by the specified parameters. The transmitted 
signal generates multipath signals which have a different delay, amplitude and doppler frequency. The paper presents in 

details the approach to the performance analysis of an acoustic digital communication system according to the antenna 
structure and the various baseband signal processing techniques.
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I. Introduction

The underwater acoustic telemetry channel is influenced 

by the propagation velocity, multipaths, and nonhomo- 
geneity[2,5]. Therefore the amplitude, phase, and frequency 
of the received signal is severely influenced by the time

varying aspects of the underwater acoustic channel. There 
are many popxilar channel models about the commercial 

radio communication systems such as PCS or CDMA 
cellular system, but there is no modest model in the case 
of underwater acoustic channel because of the above 
chara먀eristics of it. In the advanced nations with WHOI 
as leader, they only measured the channel characteristics 
through the real field test and extracted the channel 
parameters which are the radio communication channel 
parameters[l]. The underwater acoustic channel characteristics 
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like this naturally derived the underwater acoustic channel 
simulations.

In the beginning, the underwater acoustic digital com
munication system used noncoherent FSK (Frequency 

Shift Keying) or DPSK (Differential Phase Shift Keying) 
modulation techniques. These modulation method are 
highly reliable and modem is sin^)ler than PSK modulation 

method. But their bandwidth efficiency is poor, thus they 

are inappropriate for a high speed data communication 
systems such as image transmission. Since Stojanovic 
presents the signal processing techniques based on coherent 
PSK modulation method[l], many researchers have begun 
to study the various coherent modulation techniques which 
are applicable to the underwater acoustic communication 
systems. Because the field test of the acoustic-based 
underwater communication system costs very much, 

channel simulators have been developed in attempt to 
increase the success of field experiments.
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The purpose of them is primarily on the performance 
analysis of the various acoustic modem signal processing 
algorithms. Another field of the channel simulations is the 

closest generation of the real time-vaiying ocean environment. 

The telemetry community has focused almost exclusively 
on ray theory but it is inadequate, yet[2]. In this paper, 
we present a vector channel simulator for the acoustic

based underwater communications.
This paper organized as follows. In section II we 

describe the constituent elements, functions and aims of 
the simulator. Section III presents the structure of the 

QPSK modulator. In section IV we turn to underwater 
acoustic channel modeling in detail. Section V presents 
receiver structures and baseband sign시 processing techniques 

such as beamfbrming and equalization. In Section VI we 
describe the channel simulator GUI. Conclusions are 

finally summarized in Section VII.

II. Sim니ator Summary 

displays results such as beampattem, signal constellation 

and SNR (Signal to Noise Ratio).
The simulator parameters are specified as follows.
1. Array antenna structure: ULA (Lftiiform Linear Array), 

planar, circular and hexagon.
2. No. of arr^ elements (It is fixed in hexagon structure).
3. Array antenna spacing (It is fixed for a half of the 

wavelength in ULA and planar structure).

4. Depth of the seabed

5. Depth of the Tx.
6. Range between the Rx and Tx.

7. No. of multipath.
8. Additive noise power

9. Velocity of the Tx.
10. No. of the frames
11. No. of taps and parameters in adaptive equalizer.

Also, the following parameters are fixed.

1. Carrier frequency = 32 kHz
2. Signal bandwidth = 4 kHz
3. Modulation method : QPSK

Figure 1 is the block diagram of the designed simulator. 
It consists of transmission module, channel model and 
receiver. Transmitter generates QPSK modulated source 
signal which has 4 khz bandwidth with 32 khz center 
frequency. Channel is modeled by attenuation, multipath, 
doppler effect and fading which are originated from the 

acoustic wave propagation in the ocean environments. We 

adopted array antenna receiver structure. We have used 
beamforming and equalization as the baseband signal 

processing techniques. The GUI for the simulator assigns 
a function to simulation environment parameters and

III. Transmitter: QPSK Modulator

We have adopted QPSK modulation method. Among 
the family of M-ary PSK signals, QPSK offers the best 
trade-off between power and bandwidth requirements. 

Figure 2 is the QPSK modulator structure.
Raw data is compressed and coded with FEC technique 

such as convolutional code. In Figure 2 the data is the 

processed raw data. It is periodically multiplexed with the 
given training sequences in the MUX, where training

- Transmitting 다이.

- Source Sign기 Bandwidth

- Mod니ation characteristics

-No. of frames

-No. of taps

-Depth of the seabed

-Depth of the Tx

-Range between the Tx and Rx

-No. of multipath

-Additive noise power

-Velocity of the Tx

-Array antenna structure

-Beamforming

-Adaptive equalizer

-No. of TDL

Fig니re 1. Block diagram of the designed sim니ato「.
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Figure 2. QPSK modulator structure.
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Data

Figure 3. Time multiplexed data frame structure.

sequence is known to receiver. It is used for DOA 

(Direction Of Arrival) estimation and channel estimation 

needed for adaptive equalizer and beamfbrmer. Figure 3 
is the time multiplexed data frame structrue.

We have adopted the simplest data frame structure since 
it is adequate for algorithm performance analysis. Time 

multiplexed data is separated into in-phase (I) channel 
signal and quadrature-phase (Q) channel signal by the 
serial-to-parallel converter. They are filtered and multiplied by 

cos2兀九丈 and sin2兀々,respectively. The transmitted Signal 

can be formulated as follows.

s( t) = biLPF{ f) cos (2#/) + bQLPF{ t) sin (2兀/湿)

, where fc is the carrier frequency and bILPF(t), &lpf나) 

are the LPF output of the I-channel and Q-channel, 
respectively.

Figure 4 is the frequency spectrum of the transmitted 

signal. It illustrates QPSK modulated source signal with 
carrier frequency 32 kHz and bandwidth 4 kHz.

IV. Acoustic Channel Modeling

Path loss is basically caused by geometiic dispersion 

and absorption in the ocean. It can be considered as 

fbllows[3].

Q= 20 logr+a(/)r

,where a(f) is the acoustic absorption coefficient and 

r is the range between the transmitter and receiver.

Underwater transmitted signal is reflected in the sea 

surface and the seabed and so forth the receiver also 

collects the reflected signals. This phenomenon is termed 

multipath[5]. Underwater acoustic channel model with 
multipaths and path loss can be described by

h{l) = £此/(5。一 q)

,where is the channel impulse response, L is the 

number of multipaths and and q is the path loss and 

time delay of the I th multipath, respectively.

The seawater movement and the relative velocity between 

the receiver and transmitter cause the dopper effects. The 
channel model with doppler effects can be formulated as 

follows.

心) = 认 t—0eT服아*
7=0

,where a/ is the doppler spread and can be described by

A/=— COS 0c

Figure 4. Frequency spectrum of the transmitted signal.
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n(t)

Figure 6. Final channel model (Underwater ac이jstic propagation 

model).

,where 6 and v is the angle and relative speed between 

the transmitter and receiver, respectively and is the speed 

of sound in the ocean. We don* t consider the seawater 

speed in the doppler effects. We fixed c= 1500m/s, where 

we ignore salinity and temperature difference caused by 

the sea depth profile.

Figure 6 is the final charnel model used in the simulator, 

袖ere n( t) is the AWGN (Additive White Gaussian Noise). 

Receiver velocity vector is inputed, then channel parameters 

such as path loss, time delay, doppler frequency and multipath 

are varied according to the receiver movement. They are 

updated each frame.

V. Receiver Structure

We utilize array antenna structure in receiving the 

propagated signal through the channel model. Received 
signal vector is determined by the array sensor structure. 

We modeled the received signal vector using various array 
structure such as ULA, circular array, planar array, hexagon 
array[6,9,10]. Hexagon structure can be interpreted as the 
sum of circular structures. It is illustrated in Figure 7.

We take quadrature receiver structure as following Figure 
8 The receiver output is the baseband signal which has 

no carrier frequency components. The trasmitted signal 

can be recovered from the receiver output by the various 

signal processing techniques which compensate the channel 

distortions.
Underwater acoustic channel is characterized by the 

nature of the seawater which is the medium and the 

characteristics of the floor and surface of the sea. The 
channel parameter is explained well in section IV. They 

are varied very fest and their standard deviation is very 

Figure 7. Analysis of hexagon structure.

Figure 8. Block diagram of quadrature receiver.
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large in comparison with air. Therefore the compenstation 

methods for channel distortions are inevitably needed in 
underwat^ acoustic communications. We adopt beamforming 

and eq니이ization as the baseband signal processing 
techniques. The designed simulator can analyze and compare 

the above methods according to the weight updating 
algorithms.

Beamfbrming is the spartial diversity technique which 

use array antenna[6,10]. Since we have employed wideband 

signal, we must take wideband beamfbrming structure[6- 

10]. Figure 9 and Figure 10 shows the narrowband beam

former and wideband beamfbrmer, respectively.

Narrowband beamformer is simple. It samples the pro

pagating wave in space. In Figure 9, sensor outputs are 

each m니tiplied by a complex weight and then summed. 
Wideband beamformer is more complex. In Figure 10, it 

samples the propagating wave in both space and time. 

Wideband beamformer has a FIR filter in each sensor. It 

determines a frequency characteristics of the wideband 

beamformer. How to determine the optimal number of taps 

per sensor fbr a given bandwidth is well described in[7,8], 

but we must voify the validity of it in ocean environments. 

Since underwater acoustic channel is time-vaiying, we 

must use adaptive weight updating algorithm in each 

frame. We have to designe the signal frame such that 
channel characteristics remain constant in each frame. 

Then we can make use of adaptive weight update algorithms 

which need the training sequence. It is the most improtant 
problem fbr underwater communication system design. 

There are many adaptive beamfbrming algorithms such as 

LMS (Least Mean Squres), RLS (Recursive Least Squares), 

fast RLS and etc., Their characteristics are well known 

[4,1 이.

Adaptive Equalizer estimates channel using the known 
training sequence and implements the inverse transfer 

fimction of tfie channel, so it condensates channel distortions 
[4], Adaptive equalizer algorithms are similar to adaptive 
beamforming.

When we use both adaptive equalizer and beamformer, 
there is one important feet. Since we adopted wideband 
beamformer structure and it possessed a FIR filter in each 

sensor, a tap addition of it increases the total number of 
taps as much as the number of array sensors. In the case 

of equalizer, a tap addition of it increases the total number 
of taps as much since the input to the equalizer is scalar. 
Therefore we must consider the trade-off between the 

system complexity and the tap numbers.

VI. Channel Simulator GUI

Figure 11 shows the underwater acoustic vector channel 
simulator GUI. It is designed such that the position of the 
both transmitter and receiver, channel model parameters

Figure 11. GUI for the 니nderwater acoustic vector chann이 sim니ato「.
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(c)

(b)

Figure 12. Simulator ajtp나.

and various algorithm parameters can be ignited arbitrarily. 
GUI is coded with C++. Signal processing algorithms are 
implemented with Matlab and linked to the GUI.

Figure 12 shows the simulator outputs. Figure 12 (a) 
shows the output signal constellation and SNR with single 
antenna. In Figure 12 (b), LCMV beamfbrming algorithm 
(without equalizer) is used in Figure 12 (b).We have used 
the Self-optimized adaptive equalizer in Figure 12 (c). 

Figure 12 (d) shows the beampattem of the hexagon array 

antenna.

VII. Condusions

In this paper we have designed underwater acoxistic 
vector channel simulator fbr the performance analysis of 
an acoustic digital communication system. It consists of 
transmitter, channel model and receiver. According to the 
specified input parameters QPSK modulated signal is 
generated. It is transmitted through the channel which is 
modeled by doppler effect, multipath, path lo옹s, fading and 

AWGN. We adopted quadrature receiver structure with 
array sensors. It is designed for the system performance 
analysis according to the array structure and various signal 
processing algorithms.

We comment on the future works as follows. It is 
necessary underwater acoustic channel model which is 

considered environmental and oceanic effects such as acoustic 
ray propagation although we have designed simplified 
underwater acoustic channel which is modeled by doppler 

and multipath effects. And also it is needed to carry out 

a performance analysis of various beamfbrming and adaptive 
equalizer algorithms in order to optimize a system per
formance.
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