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Abstract. In this paper, a multi-phase tracking (MT) structure based on decision 
feedback equalization is studied, which can solve the problem of strong multipath 
and phase offset in time varying underwater acoustic communication. Further, 
the joint equalization and multi-phase Tracking algorithm (JEMT) is proposed. 
The MT structure not only accelerates the convergence speed of phase tracking 
but also achieves better steady-state mean square error in equalization. In addi-
tion, considering that the noise in the actual underwater acoustic environment has 
obvious impulse noise characteristics rather than the Gaussian noise, this paper 
further proposes the JEMT algorithm based on the maximum correntropy criterion 
(JEMTMCC) to make it more suitable for the underwater acoustic environment. 
Finally, simulation results show that the JEMTMCC algorithm can achieve better 
bit error performance. 

Keywords: Underwater Acoustic Time Varying Channel · Non-Gaussian 
Noise · Multi-Phase Tracking · Maximum Correntropy Criterion 

1 Introduction 

Underwater acoustic communication technology is the main way of long distance infor-
mation transmission in the marine environment. However, compared with the environ-
ment of terrestrial wireless communication, the marine environment has the character-
istics of strong multipath, time varying, and non-Gaussian noise, which leads to the 
degradation of communication quality. 

Depending on the difference in transmission rate in underwater acoustic communi-
cation, the inter-symbol interference (ISI) caused by the multipath effect can span up 
to several tens of symbol intervals. To solve this problem, equalization is one of the 
commonly used research ways. However, perfect carrier recovery and symbol timing
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are assumed in most research. The time varying ISI is the main reason for the bad capa-
bilities of synchronization systems which are dominated by phase-locked loop (PLL) 
structure. In [1], phase parameter estimation and decision feedback equalization are 
jointly implemented to solve the problem of performance degradation caused by the 
interaction between equalization and phase estimation, and an adaptive algorithm com-
bining phase estimation and equalization is designed. The second order PLL is used to 
estimate the phase parameters, the fractionally spaced decision feedback equalization 
(DFE) eliminates the need for symbol timing estimation, and the recursive least squares 
(RLS) algorithm with faster convergence speed improves the ability of fast-tracking. 
Subsequently, the authors extended this algorithm to spatial diversity and proposed an 
adaptive multichannel equalization and phase estimation algorithm [2]. Since the second 
order PLL and RLS algorithm increase a certain algorithm complexity compared with 
the conventional algorithm, some researchers consider the complexity of the system and 
algorithm and use different equalization algorithms (such as fast self-optimizing least 
mean square, FOLMS) and the structure of the first order PLL to study the joint phase 
estimation and equalization. 

Another characteristic of the underwater acoustic environment is that underwater 
noise has obvious impulse noise characteristics, which do not conform to the nature of 
Gaussian distribution. Most equalization algorithms are based on the MSE standard and 
are carried out under the Gaussian assumption, which will lead to errors in the system 
performance when used in the actual system. To overcome this effect, some algorithms 
that can combat impulse noise, such as the affine projection algorithm and least mean 
M-estimation algorithm, have been introduced to deal with non-Gaussian noise [3, 4]. 
In recent years, an adaptive algorithm based on the maximum correntropy criterion 
(MCC) has been proposed to maximize the entropy between the desired signal and the 
output of the equalizer, which can effectively suppress impulse noise. After proving the 
mean square deviation (MSD) of the MCC in the adaptive filter, there have been several 
research directions on adaptive filtering algorithms for MCC. Kernel adaptive filtering 
[5, 6], convex merging optimization [7], and sparse adaptive filtering [8, 9]. 

As far as we know, the joint equalization and phase tracking algorithm based on 
MCC has not been studied yet, and the non-Gaussian noises in underwater acoustic 
communication cannot be ignored. Therefore, this paper will first study the joint equal-
ization and single phase tracking algorithm based on MCC (JESTMCC). In addition, 
considering that the phase effect caused by the strong multipath effect in the underwater 
acoustic environment is the cumulative sum of the phase offset of multiple paths, and 
the single phase tracking structure cannot achieve the best phase compensation result, 
this paper plans to propose a multi-phase tracking (MT) structure to deal with the phase 
offset effect of multipath separately and combine this structure with MCC. To further 
improve the processing method for non-Gaussian and time varying multipath problems 
in underwater acoustic communication, the proposed joint equalization and multi-phase 
tracking algorithm based on MCC (JEMTMCC) will be verified by simulation. 

The structure of this paper is as follows. Section 2 describes the time varying under-
water acoustic multipath channel model and the adopted signal frame structure. In Sect. 3, 
We analyzed the channel model used in our research, the decision feedback equalization 
with the MT structure is introduced, and the JEMTMCC algorithm is described. The
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steady state error performance analysis is presented. In Sect. 4, the algorithm is simulated 
and compared with other algorithms. Finally, Sect. 5 summarizes the main conclusions 
of this paper as well as future research directions. 

2 System Model 

In this paper, the equalization algorithm of underwater acoustic communication receivers 
is mainly considered. In the whole system model, transmitted data bits are in turn passed 
through the modulation and waveform. The time varying channel and non-Gaussian 
noises will be considered. The simplified system model is shown in Fig. 1. 

Fig. 1. System model 

The purpose of the system design in Fig. 1 is that the original data bits can be recov-
ered by the equalization algorithm at the receiver so that the probability P(dn �= d̃n) 
is minimized. Where dn denotes the modulation symbol, g(t) denotes the transmitted 
signal waveform, u(t) denotes the baseband signal, h(t, τ  )  denotes the underwater acous-
tic channel model, v(t) denotes the non-Gaussian noise, and y(t) denotes the received 
signal. 

In the modulation part, the carrier modulation part is ignored, and the modulated 
signal is expressed {+1, −1} in the form of a constellation diagram. In this paper, QPSK 
modulation is used, and the baseband signal is specifically expressed as follows: 

u(t) =
∑

n 

dng(t − nT ) (1) 

where T denotes the symbol duration. 
The underwater acoustic channel model is specifically expressed as formula (2). 

h(t, τ  )  = 
L∑

p=1 

AP(t)δ(τ − τp(t))e−jϕp(t) (2) 

where L denotes the number of multipath, AP(t) denotes the amplitude of the pth path, 
τp(t) denotes the delay of the pth path, ϕp(t) denotes the phase offset of the pth path, 
and δ(τ ) is the unit impulse function. 

The received signal can be expressed as follows. 

y(t) =
∑

n 

L∑

p=1 

dnAP(t)g(τ − nT − τp(t))e−jϕp(t) + v(t) (3)
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The received signal is affected by channel fading, and the amplitude is generally 
small. Between equalization, we amplify the received signal by a certain proportion 
of power to avoid the situation that equalization is difficult to handle small values. In 
addition, the input method of equalization can be sampled with a symbol interval, but 
the best can be achieved only when the equalization length is infinite. In this paper, the 
fractional interval sampling method which is smaller than the symbol interval is used as 
the input signal of equalization, which can achieve better equalization performance. 

The whole data frame can be divided into two parts. The first is the initial training 
phase, which may have multiple channel changes. The purpose is to make the equaliza-
tion performance approach to the steady state, to facilitate the subsequent equalization 
and the tracking of the PLL. The second phase is the data phase, in which a small number 
of training sequences are used for supplementary training between each data packet, and 
the channel can be changed between any data packets. 

3 Proposed Algorithm 

3.1 Preprocessing 

Firstly, this section will analyze the phase offset of the multipath channel. Under the 
condition of the underwater acoustic channel model described in Eq. (2), taking only 
two paths and the signal waveform represented by a rectangle as an example. When the 
phase offset of the first path is not affected by the phase offset of the following path, the 
phase compensation at the beginning of the second path has not eliminated the phase 
offset of the first path, so the PLL cannot achieve the desired effect. 

Fig. 2. MT Structure in Feedforward. 

However, the inter-symbol interference is generally 20 ms above in the underwater 
acoustic channel, and the number of main paths of multipath is more than 5, which leads 
to the phase offset of more than one path when dealing with phase offset. Therefore, we
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further analyze and adjust the phase compensation in the specific equalization structure, 
and propose the MT structure, as shown in Fig. 2. 

The input signal of equalization is generally obtained by sampling the received signal. 
In this paper, the received signal is sampled in the fractional interval mode, which is less 
than the symbol interval, and the sampling result of the received signal is represented. 
Then the output of feedforward equalization can be expressed as (4). 

pn = 
N / k−1∑

i=0 

y(n − i)e−jθ
∧

1,nai +  · · ·  +  
2N / k−1∑

i=N / k 
y(n − i)e−jθ

∧

2,nai +  · · · +  

N−1∑

i=(k−1)N / k 
y(n − i)e−jθ

∧

2,nai = 
k∑

l=1 

( 
lN / k−1∑

i=(l−1)N / k 
y(n − i)ai) · e−jθ

∧

l,n 

(4) 

Due to the existence of the segmented structure, the signal vector of the ith received 
signal at time n can be denoted as yn[i] = [y(n − (i − 1)N

/
k), · · ·  , y(n − iN

/
k + 1)], 

an[i] = [a(i−1)N / k , · · ·  , aiN / k−1] denote the tap vector of the ith received signal at 
time n, N denotes the total length of the balanced taps, and k denotes the number of 
segments, which will be used in the following algorithm part. The above equation is 
further expressed in the form of vectors. 

pn = yT n �an (5) 

where � = diag[e−jθ
∧

1,n︸ ︷︷ ︸
N / k 

, e−jθ
∧

2,n︸ ︷︷ ︸
N / k 

, · · ·  , e−jθ
∧

k,n︸ ︷︷ ︸
N / k 

] denotes the matrix consisting of phase 

offsets which is a diagonal matrix. 

3.2 JEMTMCC Algorithm 

This section introduces the JEMTMCC algorithm. MT structure is an improvement of 
the equalization structure. As decision feedback equalization is used in this paper, MT 
is mainly used in the feedforward part of the equalization, and the feedback part is 
consistent with the original equalization structure. The whole equalization structure will 
be shown in Fig. 3. 

Fig. 3. Decision Feedback Equalization.
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The input and tap of feedforward equalization and feedback equalization are 
represented by a vector. 

wn = [an, bn] (6) 

xn = [yn, −d̃n] (7) 

The corresponding phase matrix is denoted as

� = diag[e−jθ
∧

1,n︸ ︷︷ ︸
N / k 

, e−jθ
∧

2,n︸ ︷︷ ︸
N / k 

, · · ·  , e−jθ
∧

k,n︸ ︷︷ ︸
N / k 

, 1︸︷︷︸
M 

] (8) 

where M denotes the length of the feedback equalization. The error of equalization 
output can be expressed as follows. 

en = dn − wT 
n �xn (9) 

The optimization criterion of the JEMTMCC algorithm is maximization 
exp(−e2 n/2σ 2)/

√
2πσ  , the corresponding partial derivatives are as follows 

∂/∂wn = exp(−e2 n/2σ 2)�xne∗
n/ 

√
2πσ  3 (10) 

∂/∂θ
∧

i,n = −2Im{exp(−e2 n/2σ 2)/ 
√
2πσ  3 · yT n [i]an[i] ·  e−jθ

∧

i,n )e∗
n} (11) 

Table 1. The proposed JEMTMCC algorithm 

Initialization a0[i] =  0, b0[i] =  0 
Parameter μ, η 

for n =1,2,3,... 
yn[i] = [y(n − (i − 1)N

/
k), · · ·  , y(n − iN

/
k + 1)]

d̃n[i] = [d̃(i−1)N
/
k , · · ·  , d̃iN/

k−1] 
xn = [yn, −d̃n]
� = diag[e−jθ

∧

1,n
︸ ︷︷ ︸
N

/
k 

, e−jθ
∧

2,n
︸ ︷︷ ︸
N

/
k 

, · · ·  , e−jθ
∧

k,n︸ ︷︷ ︸
N

/
k 

, 1︸︷︷︸
M 

] 

en = dn − wT 
n �xn 

wn+1 = wn + μ exp(−e2 n/2σ 2)�xne∗n/ 
√
2πσ  3 

θ
∧

i,n+1 = θ
∧

i,n − ηIm{exp(−e2 n/2σ 2)/ 
√
2πσ  3 · yT n [i]an[i] ·  e−jθ

∧

i,n )e∗n} 
end
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3.3 Steady-State Mean Square Error Performance Analysis 

The inputs of the feedforward filter and the feedback filter of the equalizer are combined, 
and the input of the feedforward part is multiplied by the phase compensation xn, which 
can be expressed as 

xn = [ane−j θ̂n , bn] (12) 

The error term in the tap coefficient update formula is represented by f (en) = 
exp(−e2 n/2σ 2)en, and the step size is denoted by η = μ/

√
2πσ  3, , then (10–11) can 

obtain the following tap coefficient update formula 

wn+1 = wn + ηf (en)xn (13) 

Assuming that the optimal tap coefficient is w0, after n times iterations the tap 
coefficient is wn, n times iterations the systematic error can be expressed as 

en = (wT 
0 − wT 

n )xn + vn = w̃T 
n xn + vn = ea n + vn (14) 

where ea n is the error of the equalization at the n iterations and vn is the channel error. 
Taking the expectation of Eq. (13), assuming that the input signal and channel noise 

are zero-mean and satisfy independent and identically distributed. 

E[||w̃n+1||2] =  E[|| ̃wn||2] +  η2E[f 2(en)||xn||2] −  2ηE[f (en) ̃wT 
n xn] 

= E[|| ̃wn||2] +  η2Tr(x)E[f 2(en)] −  2ηE[f (en)ea n]
(15) 

When the number of iterations is sufficient, the equalizer can be regarded as having 
reached the steady state, and then the tap coefficient satisfies the following 

lim 
n→∞ 

E[|| ̃wn+1||2] =  lim 
n→∞ 

E[||w̃n||2] (16) 

2 lim 
n→∞ 

E[f (en)ea n] =  ηTr(x) lim 
n→∞ 

E[f 2(en)] (17) 

We simplified the left equation of Eq. (17), and let E[||ea n||2] =  S, (18) can be 
obtained. 

lim 
n→∞ 

E[f (en)ea n] =  S lim 
n→∞ 

E[f ′(en)] (18) 

Using the expectation calculation formula, (18) can be simplified further. 

f ′(en) = (exp(
−e2 n 
2σ 2 

)en)
′ = (1 − 

e2 n 
σ 2 

) exp(
−e2 n 
2σ 2 

) (19) 

lim 
n→∞ 

E[f ′(en)] =
∫ ∞ 

−∞ 
f (x)fX (x)dx = 1 √

2πσe

∫ ∞ 

−∞ 
(1 − 

e2 n 
σ 2 

) exp(−( 
σ 2 + σ 2 e 
2σ 2σ 2 e 

)e2 n)den 

(20)



Joint Equalization and Multi-phase Tracking Based on MCC Criterion 233

Through a series of complicated integrals and simplifications. 

lim 
n→∞ 

E[f (en)ea n] =  Sσ 3/(σ 2 + S + σ 2 v )
3/2 (21) 

lim 
n→∞ 

E[f 2(en)] =  σ 3(S + σ 2 v )/(2S + 2σ 2 v + σ 2)3/2 (22) 

Substitute (21) and (22) into Eq. (17), lastly steady-state mean square error can be 
simplified as (23) 

S = ηλTr(x)σ 2 v 
2−ηλTr(x) , λ  = ( σ 2+S+σ 2 v 

2S+2σ 2 v +σ 2 )
3/2 (23) 

When λ = 1 the steady-state error of the equalizer satisfying the JEMTMCC 
algorithm is equal to that of the LMS algorithm. Then λ <  1, we have  

SJEST−MCC < SLMS = 
ηTr(x)σ 2 v 
2 − ηTr(x) 

(24) 

4 Simulation Results and Analysis 

4.1 Underwater Acoustic System Model Simulation 

The statistical time varying underwater acoustic channel model proposed in [10] is  
used for the algorithm considered in this paper, while the symmetric α-stable (SαS) 
model is used for the non-Gaussian noise model. The non-Gaussian noise waveform 
with symmetry parameter 0, offset parameter 1, and different characteristic parameters, 
represents the composition of large amplitude noise in non-Gaussian noise. The specific 
situation will be analyzed by simulation. In general, the range of values α in the SαS 
model is between 1 and 2. 

Fig. 4. Different α in SαS model
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Fig. 5. Time varying underwater acoustic channel 

Figure 4 in right above shows that when α = 2, there is no large value amplitude 
noise, compared with Gaussian noise, which can be considered as Gaussian noise. With 
the decrease of α, when α = 1.8, individual large amplitude noise appears; when α = 
1.5, the number of large amplitude noise increases; when α = 1.2, larger amplitude noise 
appears, and the Gaussian component accounts for a small proportion. In the simulation, 
we adopt this model with α = 1.2, 1.5, and 1.8 to simulate the non-Gaussian noise in the 
underwater acoustic communication algorithm test. Similarly, the underwater acoustic 
time varying model adopted in the simulation, as shown in Fig. 5. Multipath effect, which 
is mainly composed of five main paths, the arrival time of each main path will have a 
certain offset, and then the amplitude of different main paths will also change with time, 
which is in line with the characteristics of the underwater acoustic time varying channel. 

4.2 Simulation of the Performance of the JEMTMCC Algorithm 

The initial training consists of 1000 symbols, followed by symbols containing 1000 valid 
data to complete the information transmission process, and the simulation is repeated 300 
times. The mixed signal-to-noise ratio (MSNR) is the ratio to the power of non-Gaussian 
noise Under this condition, the performance comparison between the JESTMCC algo-
rithm and the JESTNLMS algorithm with different values is tested, and the results 
are shown in Fig. 6. In the models with different α, the BER performance of the two 
algorithms also becomes worse as the value decreases, which verifies that the large 
non-Gaussian value in the SαS model increases as the α decreases. In addition, the per-
formance of the JESTMCC algorithm is slightly better than the JESTNLMS algorithm 
in the same model. 

This result shows that the MCC algorithm achieves better BER performance than 
the MSE algorithm when the system noises are considered as non-Gaussian noise. We 
will consider the case of α 1.8 later in the validation of the algorithm. 

In the same simulation environment, we continue to simulate and analyze the 
JEMTMCC algorithm proposed in this paper and the results are shown in Fig. 7.
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Fig. 6. Differences α in the JEST algorithm 

Fig. 7. BER performance of JEMT algorithms 

From Fig. 7, we conclude that both JEMT and JEST algorithms fail to meet the desired 
system performance requirements at low SNR, and there is no significant difference in 
performance. However, compared with the MSE algorithm, the MCC algorithm still has a 
performance advantage. With the increase of SNR, JEMTMCC achieves an improvement 
compared to JESTMCC, which verifies the advantages of the MT structure proposed in 
this paper when facing time varying multipath channels. 

5 Conclusion 

In this paper, the non-Gaussian noise interference in time varying underwater acoustic 
communication systems is considered, and the multipath and phase offset problems 
in the actual channel are analyzed. An MT structure is proposed, and the JEMTMCC 
algorithm is proposed on this basis. The performance of the algorithm is tested under 
different non-Gaussian noise, different packet sizes, and different time varying factors. 
The results show that the JEMTMCC algorithm has the best robustness.
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