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ABSTRACT

The acoustic communication channel in shallow underwater is typically shown as time-varying multipath fading channel
characteristics. The received signal through channel transmission cause inter-symbol interference (ISI) owing to multiple
components of different time delay and amplitude. To compensate for this, several techniques have been used, and one
of them is acoustic equalizer. In this study, we used four equalizers - feed forward equalizer (FFE), decision directed
equalizer (DDE), decision feedback equalizer (DFE) and combination DDE with DFE to compensate ISI. And we applied
two adaptive algorithms to adjust coefficient of equalizers - normalized least mean square algorithm and recursive least
square algorithm. As result, we found that it has a significant performance improvement over 6 dB on SNR in nonlinear
equalizer. By combination of DFE and DDE has almost best performance in any case.
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1. Introduction

In the field of rapid development of the underwater
acoustic communication system, such as shallow water,
it is known to characterize a frequency selective fading
channel [1-3]. The main problem of multipath channels
is the inter-symbol interference (ISI). In order to
improve the communication quality and reduce the ISI,
the equalization technique is usually used at the
receiving end [4, 5]. In this study, we tried to transmit
the data signal using continuous transmission method
with binary phase shift keying (BPSK) modulation and
demodulation system in shallow water. And four
acoustic equalizers are adopted that are the feed forward
equalizer (FFE), the decision directed equalizer (DDE),
the decision feedback equalizer (DFE) and combination
of the DFE and the DDE with two adaptive algorithm
with normalized least mean square (NLMS) algorithm
and recursive least square (RLS) algorithm [6, 7]. Here
the FFE and the DDE are linear equalizer with
transversal structure. The DFE belongs to nonlinear
equalizer and the coefficients of the equalizer are
adjusted by feedback. The purpose is to reduce the loss
of the data transmission for multipath channel and
compare the performance of the four kinds of equalizers
with two adaptive algorithms. As the same time, we also
compared the convergence speed and stability of the two

adaptive algorithms.

I. Configuration of simulations

Fig. 1 shows a configuration of a sea experimental
condition and its sound velocity profile in a shallow
channel located near to Busan, Korea. The experimental
parameters are as following; the range between the
transmitter and the receiver are respectively set to be
100 m and 400 m. The depths of the transmitter and the
receiver are respectively set to be 7 m and 10 m. The
water depth is set to be 14.7 m, 15.7 m, and 16.7 m

respectively. The transmitted data is a standard Lena

image with 35 x 35 pixels size consisting of 8 bits per
pixel, which corresponds to 9800 bits in data. The
sampling and carrier frequencies are respectively chosen
as 128 kHz and 16 kHz. Fig. 2 shows channel impulse
responses for the numerical simulation from this
experimental condition. We assumed that the channel
impulse response have 5 multipath signals - the direct,
the bottom reflected, the surface reflected, the bottom
surface reflected, and the surface bottom reflected
signals.

Tx. Depth :7m

Rx. Depth :10m
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Fig. 1 Configuration of a sea experimental.
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Fig. 2 Channels’ impulses responses according to distances
and depths: (a) distance 100 m and depth 14.7m, (b) 400m
and 14.7m, (c) 100 m and 15.7m, (d) 400m and 15.7m,
(e) 100m and 16.7m, and (f) 400m and 16.7m.
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Ill, Equalizers and adaptive algorithms

As the

boundaries in shallow water acoustic communication, its

reflections from surface and bottom
channel’s characteristics shows a frequency selective
fading channel affected by a multipath delay spread.
The performance of underwater acoustic communication
degrades owing to ISI. To compensate this ISI effect,
the equalizer based on the channel estimation is usually
adopted.

Fig. 3 shows the structure of four acoustic equalizers
- FFE, DDE, DFE and combination DFE with DDE -
In all

z[n], uln], ylnl, zn], and eln] mean the original

that are used in this paper. equalizers,
signal to be transmitted, the input signal through the
communication channel on the receiver, the filter’s
output, the decision results from y[n], and the error
signal between desired signal and the signal through the
filter, respectively. H,[z] is the transfer function of the
underwater acoustic communication channel and 7 [n] is
the noise.

The underwater acoustic communication channels are
based on Fig. 2’s characteristics. The way of achieving
errors on FFE is just one time training using a delayed
version of the transmitted data. However, after training,
the channel might change during data transmission, so
adaptation should be continued. The DDE continues
estimating the errors through the decision feedback after
training [8, 9]. The reference signal should be equal to
the recovered output data. If the signal is time-varying,
adaptive filter adjusts the equalizer coefficients through
the adaptive algorithm, making filter characteristics
change with the change of signal and noise in order to
achieve the optimum filtering effect [10]. The DFE is a
decision feedback equalizer that uses the previous
decisions when trying to estimate the present symbol
with a symbol by symbol detector.

Next, we compare NLMS algorithm with the RLS
algorithm from their iterative expression. The output
yln] of input sequence xz[n] of tapped delay line

equalizer is composed of a sum of discrete convolution
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defined as Eq. (1).

y[n}:kzi:wkx[n—k] 1)

Here, w,, is tap weight of the tap, the N+1 is the total

number of taps. Then, the error signal is expressed by
Eq. (2).

eln] =dln]—yln] ()

Here, d[n] is the desired signal, e[n] is the difference
between expected data and actual output. For equalizer
with NLMS algorithm due to the existence of the error
signal, we must constantly adjust the weights of the
equalizer. So the update value of the tap weight can be
expressed as Eq. (3).

o
xr[n]x [n]+e

w[n+1]:w[n]+2 e[n]m[n] (3)

nln] e[n]

e[n]

(d)
Fig. 3 Schemes of four types of complex coefficient
equalizers: (a) FFE, (b) DDE, (c) DFE, and (d) Combination
of DFE with DDE.
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Here, p is a parameter for the step size, c¢ is a
positive small constant denominator in order to avoid
the denominator on the fraction is 0. The z”[n] matrix
is called the transpose of x[n]. The RLS algorithm is
based on the time carry out iteration. In other words the
square of all the errors of the initial moment to the
current time carry on average and make minimize[11].
In addition, a weighting factor (a forgetting factor) is
used to introduce into the error function. It can greatly
improve the convergence properties of the adaptive
equalizer. The mean square error can be expressed by
Eq. (4).

n
[n] = _Elﬁ[m ile® [i] )
iz

Here, Gn, ] is a weighting factor, also called the
0<Bn, i) =1,

k. The most commonly used form of

forgetting factor satisfies:
n=1,2,3, ..,
forgetting factor is the exponential weighting factor. It

can be expressed by Eq. (5).

Bl il= """ i=1,2, .. k (5)

Here, A is nearer to 1 but less than 1. The tap weight
update can be given by Egs. (6) - (7).

__ plh—1zln]
9 o] A+ xT[n]p [n—1]z[n] ©
wln] =wn—1]+glnlen] (7

Here, g[n] is a gain vector, e [n] express error signal,
it is defined as the difference between the expected
response d[n] and the actual response yln] of the
equalizer, p[n] is the inverse matrix of the
auto-correlation matrix.

We evaluated two types of adaptive algorithm that
are the NLMS algorithm and the RLS algorithm, and
two kinds of experiment method was adopted, one is
training and transmission at water depths are 14.7 m,
157 m and 16.7 m, respectively and transmission
distance is 100 m and 400 m. The other is transmission
data is divided into data segments for transmission, it
means that training at 15.7 m, actual transmission

divided into three kinds of situations, the first one is to

transmit half of the information at the 15.7 m water
depth, the remaining half of the data at the 14.7 m water
depth transmission. The second one is to transmit half of
the information at the 15.7 m water depth, the remaining
half of the data at the 16.7 m water depth transmission.
The third one is to transmit a quarter of the data at the
15.7 m water depth, a quarter of the data at the 14.7 m
water depth transmission, a quarter of the data at the
15.7 m water depth transmission, a quarter of the data at

the 16.7 m water depth transmission.

IV, Estimation of SNR from correlation
functions

As we assumed that the channel’s impulse response
had 5 multipath signals - direct, bottom reflected,
surface reflected, bottom surface reflected, and surface
bottom reflected signal as shown in Fig. 2. From this
condition, the origin signal to be transmitted z[n] and
the input signal through the communication channel on

the receiver u[n] can be represented by

L

Z Azln—m]+nn] ®)

where A, 7, , and n are an amplitude, a delay, and

the ambient noises of the kth received signals,
respectively. The L is chosen by 4.

1sec
|

‘ 50ms ‘

1 T

Fig. 4 Frame structure for packet data transmission.

\ 10ms | 20m \ 400ms 500ms

‘ 20ms |

Fig. 4 shows the frame structure for packet data
transmission. The transmission time of each frame was
set to be 1 s. For measuring of the channel’s
characteristics and symbol timing alignment on the data
transmission, a linear frequency modulation (LFM) and
a pseudorandom noise (PN) code were used [12].

Fig. 5 shows (a) the LFM’s time signal and (b) its
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frequency response as shown in Fig. 4. It has all
frequency components between 13 kHz and 23 kHz.

The signal to noise ratio (SNR) estimation is mainly
used for performance improvement in speech signal
processing or wireless communication system [13-18].
As a method of estimation, there have been proposed a
method wusing a correlation function [13, 14],
communication channel data [15, 16], and learning-
based model [17, 18].

To estimate SNR, we used correlation functions using
the LFM signal. From Eq. (8), the cross-correlation

between z[n] and u[n] can be represented by
1 Nt

T NYM kz:]o
= F{z[n]uln+k]}

Vou K] x[n]uln+k] ©)

where the N and the M is the length of each signal.
E{-}

correlation function’s property, the =, [k] can be

is the expected value operator. Using the

represented by

Flzhlun+k]} (10)
=Hazh|(Azn+k]+nh+k])}
= Az [nlzn+k]}+ E{lznnln+ k) }
= A, 1 TV K]
~ A’Yll[k]
where 7, [k] and ,, [k] are the auto-correlation of x
2[n], and the cross-correlation between z[n] and h[n],
respectively. There is no relation between z[n] and
hIn], the ,, [k] would be considered as zero. From this
equation, the amplitude of the signal could be estimated.
Next, to estimate the noise level, the auto-correlation
of the u[n] was calculated as following,
= F{(Az[n]+nn])(Az[n+ k] +nln+ k) }
=4 Q,Y.L_L k] + 2A’Yxr/ [k] + ’Yrm [k]
~ A 2 Ve k] + ’y'rm [k]

(11)

where 7, [k] is the auto-correlation of noise h[n],
and it will be given by a delta function because the noise
has not any relations with adjacent points. From Egs.
(10) and (11), the SNR can be estimated at each frame.
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Fig. 5 A LFM signal and its frequency response.

V. Simulation results

At first, we evaluated the SNR using Egs. (9) - (11).
Fig. 6 shows the results of the correlation functions
You (K], v, (K], and v, [k]. The «,, [k] is symmetry. The
Y, k] and ~,, [k] are not symmetry owing the noise
component. The 7, [k] has a peak in center owing to a
power of the noise. The =, [k] of the noise will be
estimated by comparison ~,,[k] and ~,, [k] area with
comparison using Eq. (10). Then A” will be estimated
by subtract v, [k] from =, [k], and multiply by ~,, [k].
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Fig. 6 The results of the correlation functions, (a) gxx[k],
(b) gxu[k], and (c) guu[k].

To check the accuracy, the amplitude of signal and
noise were chosen by 12 and 2 that meant SNR was 12
dB. The estimated results were that the amplitude of
signal and noise was 12.13(error rate: 1.07%) and
1.97(error rate: 2.90%), respectively. The SNR was
estimated as about 12 dB with the 2.36% error rate.

Next, we compared four different kinds of equalizers
in different underwater environments with two kinds of
algorithms. The equalizers are a feed forward equalizer,
a decision direct equalizer, a decision feedback
equalizer, and a combining decision feedback equalizer
with decision-directed equalizer, respectively. The depth
of the underwater environment was chosen by 15.7 m
and 16.7 m, respectively. And we also used the NLMS
algorithm and the RLS algorithm for the adaptive
algorithms, respectively. All  simulations were
performed with noise environment as given from 0 dB

to 15 dB by 3 dB intervals.
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Fig. 7 Simulation results by the NLMS algorithm at the
transmission distance (a) 100 m and (b) 400 m with
15.7 m water depth.
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Fig. 8 Simulation results by the RLS algorithm at the
transmission distance (a) 100 m and (b) 400 m with
15.7 m water depth.

Fig. 7 shows the simulation results at transmission
distance 100m and 400m, the water depth 15.7 m by
NLMS algorithm, respectively. Fig. 8 shows the results
at same situation with Fig. 4 by the RLS algorithm.
From Figs. 7 and 8, we could found that RLS algorithm
has a better performance than NLMS algorithm on same
equalizers. And combination DFE with DDE has the

best performance among all the equalizers.
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Fig. 9 Simulation results by (a) NLMS and (b) RLS
algorithms, transmission distance at 100 m with depth
changes from 15.7 m to 14.7 m.
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Fig. 10 Simulation results by (a) NLMS and (b) RLS
algorithms, transmission distance at 100 m with depth
changes from 15.7 m to 16.7 m.
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Fig. 11 Simulation results by (a) NLMS and (b) RLS
algorithms, transmission distance at 100 m with depth
changes from 15.7 m to 16.7 m, 15.7 m, and 14.7 m.

Next, we carried out the simulation with depth
variations in the middle of transmitting signal to
investigate the performance of environmental changes.
The first environment is as follows. The first half'is 15.7
m depth and the other half is 14.7 m depth. Fig. 9 shows
the simulation results with transmission distance 100 m
by NLMS and RLS algorithm. The second environment
is as follows. The first half'is 15.7 m depth and the other
half is 16.7 m depth. Fig. 10 shows the results. The last
environment is as follows. The first quarter is 15.7 m
depth, then the others are 16.7 m depth, 15.7 m depth,

and 14.7 m depth. Figs. 11 shows the simulation results.

VI. Discussion and conclusion

Comparison the actual results with theoretical
expectations, all the equalizers could effectively reduce
the loss of the data in the transmission process. By
combination of the linear equalizer with the nonlinear
equalizer, it has the best performance from simulation
results. Because linear equalizer can deal with precursor
ISI and post-cursor, but DFE can only deal with
post-cursor ISI. This is why when the SNR is relatively
low and performance of DFE is poor.

From the results, we could see there are two distinct
demarcation points. The performance of the DFE near
3dB is relatively poor below the 6 dB is also not
significantly improved compared with linear equalizer.

But over 6 dB has a significant performance improvement

Mool HS Lu2|ES 0138 58 S3P |2 M5 H|u

for nonlinear equalizer. For FFE and DDE comparison,
with the increase of SNR, bit error rate is reduced in
turn but performance of DDE is better than FFE.
However, under any conditions, the combination of
non-linear equalizer and linear equalizer has a
significant improvement over the performance of the
linear equalizer. Data transmission at a transmission
distance of 400 m in the shallow water has a better
transmission performance than at a transmission
distance of 100 m under the water for signal
transmission. The RLS algorithm is better than the
NLMS algorithm in both stability and convergence. For
data segments for transmission, the combination DFE
with DDE also has the best performance and has the
better transmission performance at nonlinear equalizers

than all the data transmitted together.
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