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ABSTRACT 

The time reversal mirror technique has been widely applied 
to mitigate the inter-symbol interference in underwater channels.  
Meanwhile, an adaptive time reversal mirror is introduced to 
improve the crosstalk quality between receivers in underwater 
acoustic communication (UAC).  However, array configuration 
affects the performance of this mechanism.  To explore the ef- 
fectiveness of this method, this study extended the analysis of 
adaptive time reversal mirror as a crosstalk mechanism and 
explored the mechanism in an experiment using a towing tank 
as a testing platform.  The advantage of this process is its sim- 
plicity in examining the effects of the array configuration of this 
crosstalk mechanism.  Results of parametric experiments are 
discussed i.e., the effects of signal to noise ratio in a single and 
multi-channel, number of receivers, spacing between sources and 
noise energy threshold.  Experimental data at 10 and 16 kHz with 
a 5-kHz bandwidth demonstrate as much as an 8-dB signal to 
noise ratio improvement for four receivers dual sources over a 
30 m communication range in a 3.3 m depth testing platform.  
The results indicate that adaptive time reversal mirror has better 
performance when the number of receivers increases.  Overall, 
the performance of adaptive time reversal mirror is better than 
time reversal mirror in terms of BER and SNR.  Also, the array 
configuration such as number of receivers and spacing between 
sources affects the performance of SNR and BER.  This tech-
nique can be applied as the alternative way to increase the data 
rate at short ranges for multiple-input-multiple-output commu- 
nication applications. 

 

I. INTRODUCTION 

Recently, underwater acoustic communication has been widely 
developed by researchers and professionals in many aspects, such 
as for channel modeling, signal processing techniques, environ-
mental conditions and suitable equalizer applications.  The most 
challenging effect in underwater communication is the multi-
path effect from the interaction between acoustic signals and 
boundary conditions.  This multipath effect induces severe inter- 
symbol interference (ISI) in the communication process and re- 
duces the quality of the communication.  The time reversal mirror 
(TRM) approach has been applied to solve this problem and 
mitigate ISI in underwater acoustic environments (Kuperman 
et al., 1998; Song et al., 1998; Dungan et al., 2000; Edelmann 
et al., 2002; Edelmann et al., 2005).  Time reversal was originally 
used as an alternative equalization for channel distortion (Fink 
et al., 1989) and the development of time reversal for selective 
focusing on two scatters using a decomposition operator was ex- 
plored by Prada et al. (1996). 

The application of time reversal in multiple-input multiple- 
output systems to increase the data rate was discussed (Song  
et al., 2006).  TRM was further developed (Kim et al., 2001).  
They used an adaptive weighting on the TRM array and de- 
monstrated a selective focusing in free space, and named it 
adaptive time reversal mirror (ATRM).  Kim and Shin (2003) 
improved and applied ATRM for nulling crosstalk between re- 
ceivers by sending out independent symbol sequences simul-
taneously to different receivers.  Via the adaptivity concept, Song 
et al. (2005 and 2006) explored the weighting vector on the 
TRM in order to minimize the acoustic energy incident on the 
corresponding scattering interface due to rough water-bottom 
interface.  Furthermore, Song et al. (2010) applied ATRM for 
additional suppression of crosstalk among users in multiuser 
underwater communication.  Their results showed that ATRM 
increased the signal to noise ratio (SNR) from three-user com- 
munication in long-range communication. 

Paper submitted 08/20/15; revised 04/04/16; accepted 08/11/16.  Author for 
correspondence: Yi-Wei Lin (e-mail: ls5028@gmail.com). 
Department of Systems and Naval Mechatronic Engineering, National Cheng 
Kung University, Tainan, Taiwan, R.O.C. 

In the present study, we extend the analysis of ATRM and 
consider the effect of array configuration, transmission frequency 
and some parametric studies.  Then, we describe how these ef- 
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fects affect the performance of TRM and ATRM in underwater 
acoustic communication.  ATRM was explored in an 8 m   
4 m  175 m towing tank as an underwater communication test-
ing platform.  Due to the boundary condition, the towing tank 
has a strong multipath effect that makes it very challenging 
and thus constitutes a suitable testing platform to investigate 
underwater acoustic communication.  However, an advantage 
is that the tank enables easy setup of the array configuration in 
relation to the testing platform depth.  Parametric studies are 
discussed by comparing and analyzing the results from the ex- 
periments in the tank i.e., the effect of SNR with respect to single 
and multi-channels, number of receivers, spacing between sources 
and noise energy threshold.  In the experiments, two different car- 
rier frequencies (fc) 10 kHz and 16 kHz were transmitted from 
two sources to the four receivers with adjustable array configu-
ration to explore the multiple communication and cross-talking 
approach by using TRM and ATRM.  The remainder of this paper 
is organized as follows: Section II describes the methodology of 
TRM, ATRM and the adaptive digital filter.  Section III presents 
the experimental results, while Section IV compares those re- 
sults to evaluate the effectiveness of ATRM.  Finally, Section V 
offers conclusions and recommendations for future research. 

II. METHODOLOGY 

1. Time-Reversal Mirror 

Consider a two-source and mth receivers system, in which 

1( )s t  and 2 ( )s t

( )mp t

1 ( )m

 are the target source signal and the noise 

source signal, respectively.  The received signal by the mth re- 
ceiver is .  The environment impulse response functions 

between the target sources, the noise source and the mth re-

ceiver are g t  and .  Furthermore, the output of TRM 

 can be expressed as the following equation: 
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where  denotes convolution integration.  Via the self- 
focusing property, the target signal can be restored by TRM 
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term of the right-hand side (RHS) of Eq. (1), as described in 
Prada et al. (1996).  The interference of noise signals can be 
reduced by the summation effect of the receiver array 
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Fig. 1.  Schematic diagram of adaptive time reversal mirror. 

 

 

interference of noise signals can not be perfectly canceled be- 
cause the number of receivers is limited. 

2. Adaptive Time-Reversal Mirror 

In the adaptive time reversal mirror (ATRM) approach, the 
impulse response function of time-reversal g1(-t) is replaced with 
an adaptive weighting function of time-reversal w(-t).  The time- 
domain output OATRM (t) and the frequency-domain OATRM () 
can be expressed by the equations below, and the schematic 
diagram can be represented as in Fig. 1. 
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where is an adaptive weighting vector (M  1), while G1 
and G2 are frequency response vectors of the environment  
(M  1) between the target source, the noise source and the re- 
ceivers, respectively.  S1 and S2 are the target source signal and 
the noise source signal in frequency-domain, respectively, and 
H denotes the Hermitian transpose of a vector.  Suppose that can 
restore the target source signal S1 and reduce the noise source 
signal S2, according to a reference (Kim et al., 2004), the objec-
tive function and the constraint condition are also defined as the 
following equation in this optimization problem: 

W

 min H

W
subject to W KW W C F  (4) 

where K is a cross-spectral density matrix (CSDM), C = [G1, G2] 
is a constraint matrix (M  2), and F = {10} is a response vec- 
tor (1  2).  According to the definition from linearly constrained 
minimum variance (LCMV), the optimization solution of  is 
derived as follows: 

W
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Table 1.  Experimental conditions and parameter settings. 

Conditions and Parameters Symbols Values 

Water Depth DW 3.3 m 

Width WW 8 m 

Length LW 170 m 

Communication Range 
Spacing between Receivers 

Number of Sources 
Carrier Frequencies 

Number of Receivers 
Noise energy threshold 

Spacing between Sources 

R 
dRA 
n 
fC 
m 

TH 
dSA 

30 m 
20 cm 

2 
10 kHz &16 kHz 

1-4 
0%, 10%, 30%, 50% 

4 cm, 6 cm, 12 cm, 17 cm 

 
 

1.5 m 1.5 m
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Fig. 2. The array configuration in underwater communication testing 

platform. 

 
 

  (5)   1-1 -1H 
W K C C K C F

when impulse response functions of the environment between 
the target source, the noise sources, and the receiver array are 
known, the frequency response functions of environment are 
calculated via fast fourier transform (FFT) first.  Next, the op- 
timal adaptive weighting vector (W) is calculated by using (5); 
finally, the optimal adaptive weighting function  is calcu-
lated via inverse fast fourier transform (IFFT).  When the sig- 
nals are received from the target source and the noise source 
by the receiver array, the target signal s1(t) is restored and the 
noise signal s2(t) is canceled through (2). 

)(tw

III. EXPERIMENT 

1. Experimental Process 

To verify the proposed process, an underwater channel was 
realized in a testing platform measuring 175 m in length, 8 m 
in width and 3.3 m in depth, as shown in Fig. 2.  A multiple- 
input and multiple-output (MIMO) array configuration is ex- 
plored by using 6 transducers, 2 of which are used as 2 sources 
and the rest as receivers.  It was deployed at an approximate  

Modulation
(QPSK)
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SNR, BER

ATRM

DemodulationDemodulation

fc = 10 kHz, 16 kHz

Underwater channel

LMS FIR filter Weighting
function

s(t)

r(t)

CIR

 
Fig. 3.  The underwater communication process with TRM or ATRM. 

 

 
depth of 1.2 m, with the maximum water depth in the channel 
being around 3.3 m.  A picture of the experimental setup is de- 
picted in Fig. 2. 

As described in the introduction, parametric studies are ana- 
lyzed in this research i.e., the effects of the number of receivers 
(m), spacing between sources (dSA) and noise energy threshold 
(TH), as shown in Table 1.  Quadrature phase-shift keying 
(QPSK) signals were modulated from sources to receivers with 
a carrier frequency of 10 kHz at 101 dB re 1 Pa for source no. 1 
and 16 kHz at 103 dB re 1 Pa for source no. 2.  channel impulse 
response (CIR) was calculated via a FIR least mean squares 
(LMS) filter, which has the advantages of providing stability 
and a linear phase response.  TRM and ATRM are proposed to 
focus energy, and thus mitigate the effects of the multipath dis- 
persion and minimize ISI.  These parameters are analyzed by con- 
sidering the SNR to understand the effect of the noise reduced 
by the equalizer.  The values of SNR and bit error rate (BER) are 
the indexes to evaluate the communication quality.  The under- 
water communication process at the testing platform based on 
the description above is shown in Fig. 3. 

Table 1 shows the experiment conditions and parameters.  
In the experiment, a 30 m range of communication was performed  
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Table 2.  The comparison of SNR of CIR, after TRM and after ATRM processing. 

SNR of CIR SNR (After TRM processing) SNR (After ATRM processing) 
Channel number 

Source no. 1 Source no. 2 Source no. 1 Source no. 2 Source no. 1 Source no. 2 

1 15 11.7 1.5 2.8 1.6 2.8 

2 18.2 14.4 5.3 5.8 2.6 4.6 

3 16.9 13.6 1.9 5.7 1.9 5.9 

4 10 7 -2.8 -4.1 0.8 3 
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Fig. 4. The time series and magnitude spectrum of the reference signal 

for (a) 10 kHz and (b) 16 kHz. 

 
 

with a spacing between sources (dSA) of 17 cm and spacing 
between receivers (dRA) of 20 cm.  The QPSK signals shown in 
Fig. 4 are 2 ms in duration with 200 and 320 bits binary data for 
the two source signals, respectively.  The testing platform pro- 
vides the multi-path effect in the received signal.  The testing 
platform surface condition is assumed as a pressure-release 
boundary.  Fig. 4 shows the reference signals from source no. 1(a) 
and source no. 2(b).  Since these bandwidths are similar, they 
cannot be separated by a frequency domain filter. 

Furthermore, the channel impulse response (CIR) from each 
receiver is given in Fig. 5.  Fig. 5 indicates that the testing plat- 
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Fig. 5. Channels impulse response between four receivers to source no. 

2 (16 kHz). 

 

 
form has a strong multipath effect due to the interaction between 
the signal and boundary of the testing platform.  The CIR is 
trained by using chirp signal and processed using an FIR filter.  
Note that Fig. 5 only show the CIR from the 16 kHz source sig- 
nal.  The signal and constellation diagram comparison between 
the ATRM and TRM processes for the 10 kHz source signal 
are respectively shown in Figs. 6 and 7 which indicate that the 
SNR and bits error rate (BER) performance of ATRM are su- 
perior to those of the TRM process.  The SNR of ATRM is around 
9.7 dB and BER is 0, while the SNR of TRM is around 2.4 dB 
and BER is 0.12. 

IV. PARAMETRIC ANALYSIS 

1. Effect of SNR for Single Channel Case 

In this study, the SNR and BER of the single channel at each 
receiver array were analyzed.  The first analysis was observed 
SNR of CIR at each channel in order to check the performance 
of channel condition.  Table 2 shows the comparison of signal 
of noise ratio of CIR, after time reversal and adaptive time re- 
versal processes.  The chirp signal was used as the training sig- 
nal with the spacing between two sources (dRA) set at 17 cm 
and the carrier frequency are 10 kHz and 16 kHz for source no. 1 
and no. 2, respectively.  Table 2 indicates that receiver no. 4 has  
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Fig. 6.  TRM & ATRM signal for 16 kHz using four receivers. 
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Fig. 7.  TRM & ATRM QPSK constellation diagram. 
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Fig. 8.  The SNR and BER performance of single channel. 

 
 

the lowest performance, for which the SNR is less than 10 dB.  
Fig. 8 shows the comparison of SNR and BER between the 
TRM and ATRM processes.  In the SNR comparison, the per- 
formance of the ATRM is similar to TRM.  Furthermore, the 
overall BER performance of ATRM is better than that of TRM.  
However, BERs are similar at channels 2 and 4, but SNR is  
8 dB different for source 1.  It shows that the noise affects the 
TRM process notability and the communication quality improve- 
ment is limited in single channel case.  Also, it can be concluded 
that ATRM has the advantage of removing noise from the other 
source channel, even if channel no. 4 has low performance.  
The unique behavior in channel no. 4, in which the SNR per-
formance after the TRM process was always less than zero due 
to the SNR of CIR is less than 10 dB.  Meanwhile, the BER 
performance is always higher than the other channels after the 
ATRM process, as shown in Fig. 8.  Therefore, the performance 
of channel no. 4 has been greatly improved after the ATRM 

process and SNR of CIR was an important factor for TRM and 
ATRM performances. 

2. Effect of Number of Receivers (m) for Multi-Channel Case 

The SNR and BER performance between ATRM and TRM 
in multi-channel consideration are analyzed in this case.  This 
case used the same carrier frequencies of sources, range of com- 
munication, dSA and dRA as in the previous case.  The perfor- 
mance comparison is shown in Fig. 9.  In the SNR performance 
analysis, the results show that ATRM has better performance 
than TRM.  When the number of receiver increases, SNR in- 
creases; meanwhile, the BER is reduced when the number of 
receivers increases.  This is because the low performance of 
channel no. 4 affects the overall time reversal process.  In BER 
performance analysis, the adaptive time reversal process always 
has better performance than time reversal process.  Both adap- 
tive and time reversal processes have the characteristic of when  
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Fig. 9. SNR and BER performances versus number of receivers for TRM 

and ATRM. 
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Fig. 11. BER performance with number of receivers at variation of spacing 
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around 0.15-0 and TRM around 0.2-0.05. 

From the results of Fig. 9, it can be concluded that the adap-
tive time reversal process offers the characteristic of noise- 
reduction and has a better performance when the array number 
increases for a two-source setup.  But, one of the valuable fea- 
tures of TRM is its robustness, i.e., graceful degradation in the 
presence of mismatches and perturbations. 

3. Effect of Spacing Between Sources (dSA) 

Some variations of spacing between sources (dSA) are ana-
lyzed in this case, namely at 4 cm, 6 cm, 12 cm and 17 cm.  In 
the present study, two carrier frequencies 10 kHz and 16 kHz 
were used and the wavelengths correspond to 15 cm and 9.37 
cm, respectively.  Therefore, spacing between sources for this 
case were set to be below 1/2 the wavelength (/2) as well as 
above one wavelength ().  The purpose was to determine  
the best performance of array distance configuration in the 
ATRM process.  By using the same procedure as the previous 
cases, the performance comparison of SNR and BER are 
shown in Figs. 10 and 11.  As can be seen, when the distance be- 
tween sources (dSA) increases, the SNR increases to 3.5-8 dB 
and BER reduces.  Meanwhile, the performance also increases 
when the number of receivers (m) increases.  Good commu-
nication performance can be achieved when the SNR is around  
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Fig. 12.  The CIR of energy reduction of Ed for channel no. 1 to source no. 1 (fc = 10 kHz). 
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Fig. 13.  The SNR performance of noise energy threshold (TH) for ATRM The underwater communication process with TRM or ATRM. 

 
 

8 dB.  When spacing between sources (dSA) is smaller than /2, 
the result is still applicable.  This observation can be applied as 
the alternative way to increase the data rate in short ranges for 
multiple-input and multiple-output (MIMO) communication 
applications. 

4. Effect of Noise Energy Threshold (TH) 

In order to reduce the noise effect in the CIR and improve the 
calculation speed in the calculation process, we define a noise en- 
ergy threshold percentage of direct path energy (TH) as 

 
d

 
TH % 100%

   (E )

Noise energy

direct path energy
   (6) 

The effect of noise energy threshold percentages of direct 
path energy (Ed) is analyzed by simplifying CIR in this case.  
Four different noise energy thresholds for Ed reducing percent-
ages are considered in the calculation process.  These reduction 
percentages are shown in Figs. 12(a)-(d), where Fig. 12(a) is the 
normal CIR without energy reduction and is denoted as Th0%.  
Accordingly, Th10%, Th30%, Th50% represents 10%, 30% and 
50% reductions of Ed, as shown in Figs. 12(b-d) respectively.  
Fig. 13 shows the CIR by using chirp signals in the adaptive 
time reversal process for CH1 to source no. 1.  The CIR itself is the 
results from 30 m ranges of communication with the spacing 
of sources (dSA) being 17 cm and spacing of receivers (dRA)  
20 cm.  Two different carrier frequencies are transmitted in the 
channels i.e., 10 kHz and 16 kHz for source 1 and 2, respectively.  

After the reduction percentages of direct path energy of CIR 
are determined, the comparison of BER and SNR for ATRM 
with consideration to these reduction percentages is shown in 
Figs. 13 and 14. 

As shown in Figs. 13 and 14, it can be concluded that the 
10% noise energy threshold has better SNR and BER perfor- 
mance than without using a noise energy threshold (TH0%).  Be- 
cause, during the signal transmission, CIR accuracy is affected 
by measurement errors from receiver’s thermal noise and am- 
bient noise.  10% noise reduction threshold provides a better CIR 
accuracy, and has better SNR and BER performance. 

Furthermore, the 30% and 50% noise energy threshold reduce 
the CIR accuracy, and BER become 0.016 and 0.055 when 
number of receivers (m) is 4.  These results suggest that if the 
SNR after ATRM rises above 6 dB, BER is then close to 0. 

V. CONCLUSION 

In this study, we tested the implementation of ATRM as a 
crosstalk mechanism for underwater communication in a towing 
tank as an underwater channel.  Various cases were discussed 
by the experimental analysis with respect to the effects of SNR 
in the single and multi-channel, number of receivers, spacing 
between sources and noise energy threshold.  Based on the ex- 
perimental results, it can be concluded that ATRM has the cha- 
racteristic of noise-reduction and has a better performance when 
the number of receivers increases.  Overall, the performance of 
adaptive time reversal mirror is better than time reversal mir- 
ror in terms of BER and SNR.  The other advantage of experi- 
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Fig. 14. The BER performance of noise energy threshold (TH) for ATRM 

The underwater communication process with TRM or ATRM. 

 
 

mental process by using a towing tank as a testing platform  
is that it is easier to examine the effects of the array configu-
ration of the crosstalk mechanism.  The noise energy threshold 
for direct path energy in CIR is important in order to minimize 
the noise effect.  An interesting result of this study is that this 
technique can be applied as an alternative way to increase the 
data rate in short ranges of MIMO communication applications 
by setting up the spacing between sources (dSA) to be smaller 
than /2 wavelength.  However, better estimation of CIR is 
needed in order to improve the communication quality using 
this method and the crosstalk mechanism.  In the future, a com- 
bination between ATRM and adaptive equalization can be con- 
sidered as an improvement of this study in order to provide 

better estimation of CIR and improvements to the communi-
cation quality. 
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