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Abstract— underwater acoustic communications presents 

unique challenges that are being overcome with advances in 

signal processing algorithms and related hardware technologies. 

The accurate simulation and performance comparison of various 

algorithms is essential for building an optimized and robust 

communications system. This paper describes part of a project 

designed , based on the results obtained from practical 

measurements in The Persian Gulf, to examine an underwater 

acoustic communication system in The Persian Gulf. Transmitted 

data are acoustic signals to which for more safety in transmission 

and low frequency bandwidth, a cryptography algorithm and 

speech coding are applied. In transmitter, quadrature phase shift 

keying (QPSK) signaling is employed to make efficient use of the 

available channel bandwidth. In this case, data are transmitted at 

a rate of 2.4kbps with a carrier frequency of 27 kHz for a 

maximum range of 2km. In the channel modeling, a 

comprehensive model for short-range shallow water acoustic 

channel has been used whose the mathematical modeling of the 

multipath effects is based on the ray tracing method. In the 

receiver, decision feedback equalizer (DFE) is applied. 

 
Index Terms— Underwater Acoustic Communication, Persian 

Gulf, Linear Prediction Coder-10, Decision Feedback Equalizer, 

Rivest Cipher, QPSK Modulation. 

 

I. INTRODUCTION 

    The need for underwater wireless communications exists in 

applications such as collection of scientific data recorded at 

ocean-bottom stations and by unmanned underwater vehicles, 

speech transmission between divers, etc. UWC can be 

established by transmission of acoustic waves. Radio waves 

are of little use because they are severely attenuated, while 

optical waves suffer from scattering and need high precision in 

pointing the laser beams. Seawater acts as an acoustic 

waveguide in which sound waves travel. The sound channel, as 
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a sound waveguide, is a channel with random parameters; 

however, this does not mean that its behaviour is 

unpredictable. The most important characteristic of the 

seawater is its inhomogeneous nature, which on the whole, can 

be classified into regular and random varieties. Regular 

variations of sound speed in different layers of water lead to 

the formation of sound channels and this phenomenon 

facilitates long distance sound propagation. Random 

inhomogeneities cause the scattering of sound waves and result 

in sound field fluctuations.   This paper is organized as 

follows. In the second section, transmitter is designed. Because 

of the strong frequency attenuation, channel bandwidth is 

limited, therefore in transmitter, we have used LPC-10 (Linear 

Prediction Coder-10) algorithm to compress speech signal. 

After that, for more safety in transmission, RC5 (Rivest 

Cipher) cryptography algorithm has been used to encrypt data. 

Then, for reduction of bit error rate (BER), channel coding is 

used. In the last section of transmission, data is modulated. In 

the third section, a new model for the Persian Gulf channel has 

been used that we have deeply described it in [1]. In the fourth 

section, the block diagram of the receiver and its performance 

are discussed. Finally, the simulation results related to the 

transmitter, the devised channel and the receiver in the Persian 

Gulf are presented.  

II. TRANSMITTER 

    On the basis of extensive laboratory and field experiments 

and the results obtained from deferent simulations, to improve 

the bandwidth efficiency, using the coherent modulation 

methods such as Quadrature Amplitude Modulation (QAM) 

and phase shift keying (PSK) is the best approach in 

underwater operations [2]. Depending on the method for 

carrier synchronization, phase-coherent systems fall into two 

categories; differentially coherent and purely phase coherent. 

The advantage of using differentially coherent detection is the 

simple carrier recovery which it allows. Its disadvantage is 

performance loss as compared to coherent detection. 

While bandwidth-efficient methods have successfully been 

tested on a variety of channels, the real-time systems have 

mainly been implemented for applications in vertical and very 

short range channels, where little multipath is observed and the  

Design and Analysis of Low Frequency 

Transmitter and Receiver for an Insecure 

Shallow Water Acoustic Channel of the 

Persian Gulf  

A. Doosti Aref, M. J. Jannati, V. Tabataba Vakili  

Cyber Journals: Multidisciplinary Journals in Science and Technology, Journal of Selected Areas in Telecommunications (JSAT), April Edition, 2011 

 



 

 8 

phase stability is good [2]. In this paper, for the purpose of 

compensating for the multipath effects and inter-symbol 

interference (ISI), since the considered channel is shallow and 

horizontal and the QPSK modulation method in comparison 

with other methods has proper bit error rate, despite low 

bandwidth, we have used the QPSK modulation method, 

which is purely coherent. 

    The block diagram of the transmitter is shown in Fig.1. This 

transmitter includes blocks for producing the QPSK symbols. 

The resulting QPSK symbols are then passed through a pulse 

shaping filter. The rectangular pulses are not practical to send 

and require a large bandwidth. Hence, we replace them with 

shaped pulses that convey the same information but use 

smaller bandwidth and have other good properties such as 

inter symbol interference rejection. In continuation, we 

completely explain each of the blocks.  

 
                                                                               Fig. 1.  Block diagram and structure of the transmitter. 

phase stability is good [2]. In this paper, for the purpose of 

compensating for the multipath effects and inter-symbol 

interference (ISI), since the considered channel is shallow and 

horizontal and the QPSK modulation method in comparison 

with other methods has proper bit error rate, despite low 

bandwidth, we have used the QPSK modulation method, 

which is purely coherent. 

    The block diagram of the transmitter is shown in Fig.1. This 

transmitter includes blocks for producing the QPSK symbols. 

The resulting QPSK symbols are then passed through a pulse 

shaping filter. The rectangular pulses are not practical to send 

and require a large bandwidth. Hence, we replace them with 

shaped pulses that convey the same information but use 

smaller bandwidth and have other good properties such as 

inter symbol interference rejection. In continuation, we 

completely explain each of the blocks.  

A. Acoustic Signal Processing 

    In the first block of transmitter, acoustic signal is 

compressed with LPC-10 algorithm. Sampling frequency is 8 

KHz and for any sample, 8 bit is appropriated. Therefore 

sampling bit rate is 64 kbps. LPC-10 algorithm reduce bit rate 

to 2.4 kbps, consequently small bandwidth is needed and 

frequency attenuation is reduced [3],[ 4]. 

B. Cryptography 

    In the second block, data is encrypted with RC5 algorithm. 

RC5 is a symmetric block cipher designed to be suitable for 

both software and hardware implementation.                          

It is a parameterized algorithm, with a variable block size, a 

variable number of rounds and a variable-length key. This 

provides the opportunity for great flexibility in both 

performance characteristics and the level of security [5]. In 

this paper, block size has been selected 32, number of rounds 

are 16 and key length is 10. 

C. Channel Coding  

This block is needed for error correction in channel. BCH 

(Bose, ray-Chaudhuri, Hocquenghem) coding has been 

selected for channel coding. The inputs of applied BCH code 

are 12 bits that convert to 32 bits and are transmitted in 

channel. This code can correct 5 or fewer random errors in 

receiver [6]. In each data transmission, a training sequence to 

which allocates 10% of the first transmitted sequences itself is 

multiplexed with the data sequences before the QPSK 

modulation. The main purpose of the training sequence is to 

provide the receiver with a known sequence which can be used 

for phase estimation and synchronization in decision feedback 

equalizer. 

D. Modulation   

    The encoder accepts the sequence of the input binary data. It 

has two outputs; in-phase (I), and quadrature (Q). For each 

distinct pair of input binary data a unique combination of I 

={±1} and Q ={±1} is assigned. we consider each QPSK 
symbol as a complex number (I+jQ), whose real and imaginary 

components are the outputs of the in-phase and quadrature 

channels, respectively, to describe those four points separated 

in the complex plane by 
4

π , 3
4

π , 5
4

π , and 7

4

π . The encoded 

data stream of I and Q is then used to modulate a sequence of 

impulses in which are Transmitted every signaling period; T. 

To limit their bandwidth such modulated sequences are then 

filtered by LPFs. The same low pass filters are applied at the 

receiver. The in-phase and quadrature signals at the output of 

low pass filter are: 
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( ) ( )Q i H

i

S t Q h t iT= −∑
                                   

(2)   

That ( )Hh t is the impulse response of the low pass filter. The 

filtered signals are then multiplied by a carrier frequency, 

added and transmitted through the Persian Gulf underwater 

acoustic channel.  

To avoid the disadvantages of the side lobes and to reduce 

the ISI we transmit data with shaped pulses instead of 

rectangular pulses. Therefore, the obtained QPSK symbols are 

passed through a modified raised-cosine filters (LPFs) with a 

roll-off factor 1β =  and impulse response; ( )Hh t . The 

transfer function of the baseband channel has the form:  

( ) cos( );
2

fT
H f T

π
=

  

1
f

T
<

                            (3)      That 

T=1/1200s. The transfer function of both the transmitter filter 

and receiver filter is then
( )X f

, and the impulse response of 

the assumed non-fading part of the baseband channel is:  

2( ) ( ) j ftx t X f e dfπ+∞

−∞
= ∫

                                                   (4)   

Thus the impulse response of each filter is obtained through 

the inverse Fourier transform of (2), which is: 

1 sin sin
( )Th t

T

φ ϕ
φ ϕ

 
= + 

                                                  (5) 
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Fig. 2 shows the impulse response of the raised cosine filter. 

To reduce side lobe levels, the impulse response of the filter is 

modified by multiplying it with a Hamming window given as: 

( ) 0.76 0.39cos( )H
t

w t
T

π
= +

                                               

(6) 

 
Fig. 2.  Impulse response of the pulse shaping filter 

The period of Hamming window is 2T that T is the period of 

each symbol. This window has 99.96% of its energy in the 

main lobe, with side lobes of over 20 dB down from the peak 

[7],[8]. Thus Impulse response of filters is corrected: 

( ) ( ). ( )H T Hh t h t w t=
                                                          

(7) 

We use this modified raised cosine filter in the transmitter and 

receiver. In Fig. 3, for the assumed sequence of 

"00110001101111011", the output of the I, Q channels, and 

the QPSK signals are shown. 
(a) 

 
(b) 

 

 
(c) 

 

 
Fig. 3.  (a). I channel - (b). Q channel (c). - QPSK signal 

III. CHANNEL 

The model considered for channel is based on the performed 

laboratory measurements and results which we have deeply 

described in [1]. Hence, in loss modelling, the attenuation due 

to the absorption effects of boric acid (B(OH)3), magnesium 

sulphate (MgSO4), and pure water (H2o) is considered and the 

total loss is the sum of individual losses due to each material. 

The mathematical modelling of the multipath effects is on the 

basis of ray tracing method and image theory [9]-[14]. In the 

modelling of surface scattering and bottom reflections, to 

calculate the loss due to wave scattering in the surface, we use 
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the probability density function of the Gaussian Normal 

distribution for the surface displacement variable, and 

likewise, for the calculation of bottom reflection coefficient, 

we use the Jackson pattern to select the bottom water type 

which was simulated based on the Strait of Hormuz conditions 

and the Hamilton-Bachman model [15]. The model considered 

for noise is the combination of ambient noises such as, thermal 

noise, shipping noise, sea state noise, turbulences and the non-

Gaussian impulsive noise, due napping shrimps, which is very 

dominant [16]-[22]. 

    For the Persian Gulf channel, according to Fig. 4, we 

concluded that from the fifth path on, due to strong attenuation 

of the transmitted wave, there was no signal reception. Hence, 

a four-path channel pattern is suitable. 

 
Fig. 4.  Received signals from different paths of channel. In this model, 

channel has 8 paths. The first signal is for the direct path and the delays of 

other paths are calculated based on the travelling time of the first path. 

IV. RECEIVER 

    Digital acoustic communication is limited by severe ISI 

associated with shallow underwater channels. The ISI is 

caused by multipath propagation resulting from surface and 

bottom reflections. To overcome the effects of the ISI; an 

adaptive equalization method employing a Mean Square Error 

(MSE) criterion is introduced. Computer simulation is carried 

out to verify the effectiveness of the equalization scheme for 

high data rate communication. In the selection of an equalizer 

we consider convergence rate, processing complexity and the 

ability to track changes in the channel characteristics. There 

are a variety of algorithms which have been investigated to be 

used in underwater acoustic communication. In this paper we 

have applied DFE equalizer for acoustic signal transmitting in 

the Persian Gulf channel. A decision feedback equalizer is a 

nonlinear equalizer that contains a forward filter and a 

feedback filter. The forward filter is fractionally spaced with 

spacing T/2; while the feedback filter contains a tapped delay 

line whose inputs are the decisions made on the equalized 

signal. The purpose of a DFE is to cancel inter symbol 

interference while minimizing noise enhancement. Fig. 5.a. 

shows structure of decision feedback equalizer. 

 The criterion used in the optimization of the equalizer 

coefficients is the minimization of the mean square error 

(MSE) by use of the least mean square (LMS) algorithm. The 

output of DFE at t=kT is given as [23]-[25]: 

1

0

1

( ) ( ) ( )
2

( ) ( )

N

n

n

M

m

m

T
z kT c kT y kT n

b kT d KT m

−

=

=

= − −

−

∑

∑                                        

(8) 

and error is: 

( ) ( ) ( )e kT d kT z kT= −
                                                       

(9) 

New set of coefficients is obtained iteratively as: 

[ ]( 1) ( ) ( ) ( )
2

n n
nT

c k T c kT e kT y kT∗+ = + ∆ −
                    

(10)

 

[ ]( 1) ( ) ( ) ( )m mb k T b kT e kT d kT mT∗+ = +∆ −
                   

(11) 

Structure of the receiver has been shown in Fig. 5.b. We can 

replace adaptive equalizer block with nonlinear equalizer 

(DFE). DFE has 84 weights in forward filter and 42 weights in 

backward filter.  

V. SIMULATION RESULTS 

    In this section, the simulation results are presented. For the 

channel whose speed profile is shown in Fig. 6, the simulated 

channel characteristics are given in Table 1.In this case, the 

transmitter and receiver use the QPSK modulation with a 

bandwidth of 5 KHz and a carrier frequency of 27 KHz. Also, 

the transmitter and receiver are placed at a depth of 5m and 

70m from the surface, respectively. Fig. 7 illustrates the 

constellation diagram of QPSK symbols and the power 

spectrum density of the band pass signal with a 27 KHz carrier 

frequency before the transmission through the channel. 
TABLE1 

Channel characteristics based on the data measured at 56.7°E and 25.4°N by 

the ADCP measurement tool aboard the NOAA submarine, in the August of 

2009. 

Characteristic Value 

Depth 85 m 

Range 2000 m 

Temperature 33.5609 °C 

Salinity 38.3773 ppt 

PH 7.2 

The constellation diagram of the received QPSK symbols after 

entering the fading channel is obtained according to Fig. 8. As 

shown, the amount of Inter Symbol Interference is high in this 

figure.
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Fig. 5.  (a): Decision Feedback Equalizer. (b): Block diagram and structure of the receiver 

 

 

 

 

 

 

 

  

 

 

 

 

 

 

 

 

 
Fig. 6.  a profile of sound speed variation with depth for the Strait of Hormuz, in 56.7°E (Lon) and 25.4°N (Lat). The water depth was 85m, and the ADCP 

measurement tool, belonging to the NOAA submarine, was placed at a depth of 10 m. 

  

Also, Fig. 9 illustrates the power spectrum density of the 

transmitted signal in the channel for each of the special paths. 

As expected, in the RSRBR path (Fig.9.d), the largest 

attenuation takes place, and the power level in this path 

experiences a 23dB loss, in comparison with the direct path. In 

addition, the signals received at the channel exit from each of 

the 8 paths are shown in Fig. 4. It can be seen that for the fifth 

path and the remaining paths after it, the signal is strongly 

attenuated. 

    Fig. 10 shows the bit error rates of the received signals at 

different signal to noise ratio (SNR). In the simulation, the 

number of transmitted bits in each repeat is 5000, and the 
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(a) 

 
(b) 

 
Fig. 7.  (a): Constellation diagram of QPSK symbols. (b): power spectrum 

density of band pass signal before entering the channel 

 
Fig. 8.  Impulse response of the pulse shaping filter 

 repeat number of training sequence for obtaining the BER in a 

specified SNR is 100. Also 2500 symbol is applied for 

equalizer training. For convergence, the equalizer requires 

over 120 iterations. 

    Fig. 11 shows The constellation diagrams of symbols 

detected by the simple receiver which had been used in [1], in 

this case we concluded that in applications in which the SNR 

was more than 6dB, (Fig. 11.a), the implementation of a 

transmitter and receiver using the QPSK modulation for the 

mentioned channel was appropriate and for lower SNR, e.g. 

3dB or less, (Fig. 11.b), the use of an equalizer to compensate 

the ISI is necessary. On the other hand, Fig. 12 shows the 

constellation diagram of symbols detected by the receiver that 

has been described in this paper which has a DFE in its 

structure. As a result, the SNR is improved, as well as the 

constellation diagram is clearer than Fig. 11.b. 
(a) 

 
(b) 

 
(c) 

 
(d) 

 

Fig. 9.  Power spectrum density of the four special paths used in the 

simulation. (a): Direct Path (DP). (b): Refracted Bottom Reflected (RBR). (c): 

refracted Surface Reflected (RSR). (d): Refracted Surface Reflected Bottom 

Reflected (RSRBR). 
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Fig. 10.  Probability of error of detected symbols versus SNR under the 

condition of wind speed=0.5Kn, and soft bottom  
(a) 

 
(b) 

 

Fig. 11.  The constellation diagram of symbols detected by the simple receiver 

that has no DFE in its structure 

 

Fig. 12.  The constellation diagram of symbols detected by the 

receiver that has a DFE in its structure for SNR=3 dB  

I. CONCLUSION  

    Based on the results obtained from extensive field 

experiments in the Persian Gulf and the simulations carried out 

in this paper, using LPC-10 algorithm to compress acoustic 

signals and RC5 cryptography algorithm, because of the 

opportunity for great flexibility in both performance 

characteristics and the level of security, is suitable in 

transmitter. In addition, employing a DFE with mentioned 

structure in receiver has a good performance in the Persian 

Gulf. 
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