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 Blind channel equalization (BCE) has been widely used in underwater 

communications due to its strong robustness against multipath propagation 

and its suitability for rapidly varying environments. However, there has been 

little research on the application of BCE for underwater source localization. 

On the other hand, conventional matched field processing (MFP), and 

particularly Riemannian MFP (RMFP), have been regarded as highly 

effective for this problem. In this paper, based on the statistical 

characterization of the signal-to-noise ratio (SNR) in underwater acoustic 

channels, we propose a method for estimating the channel transfer function, 

which is then used to construct a blind channel equalizer. A source 

localization approach using the proposed BCE is also presented. The 

localization performance using BCE is comparable to that of RMFP, 

achieving a depth error of 10 meters and a range error of 100 meters, while 

requiring significantly lower computational complexity. 
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1. INTRODUCTION  

The problem of underwater source localization using the matched field gives very accurate results 

because it takes into account the influence of the environment, which is the ocean waveguide model, sound 

velocity profile, source Doppler, and seabed properties [1] There are two sources of data used in matched 

field processing (MFP). The first source is the measured data from a vertical hydrophone array with N 

elements. The second source is the modeled data of the ocean waveguide. According to researchers [2], [3], 

the ocean waveguide is formed by the interface between a sea surface and a seabed, which can be considered 

as an absolutely rigid bottom or an elastic bottom. With different bottoms, the sound reflection coefficient 

will be different, affecting the sound field at the receiver. 

The normal mode method [4]-[6] considers the sound oscillations along the depth to create modes 

that satisfy the Helmholtz wave equation, the sound pressure at the receiving point will be the sum of those 

modes. The normal mode method will be independent of the distance and therefore has certain limitations 

and the Parabolic approximation method is born as a distance-dependent method. Indeed, the parabolic 

approximation method [7]-[9] calculates the pressure grid according to the distance, the pressure at the later 

point is the result of the pressure at the previous point. Another advantage of this method is that it is very 

suitable for the practical layered ocean environment. When the sound propagation model is determined, the 

source localization is the inverse problem of the sound propagation problem MFP [1]. 

https://creativecommons.org/licenses/by-sa/4.0/
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The development of MFP method from traditional MFP [1], mode-based MFP [10], maximum 

entropy MFP [11], MFP based on Karhunen-Loeve expansion [12], adaptive MFP [13] and recently 

Riemannian MFP (RMFP) [14]-[16]. The later methods are born, the more capable they are of the robustness 

to mismatch due to errors in environmental assessment (sound velocity, seabed), or errors in determining the 

properties of the transmitting and receiving hydrophones (not properly calibrated). 

On the other hand, blind channel equalizers (BCE) have been widely used in underwater 

communications. For instance, as in study [17] the BCE that employs phase-locked loop (PLL) and exploits 

the cyclostationary property of modulated signals has been implemented. BCEs are commonly used in 

underwater acoustic communication systems to mitigate inter-symbol interference (ISI) caused by multipath 

propagation [18]. The BCE based on blind deconvolution techniques was proposed in [19] where the 

system’s performance has been evaluated using both simulated and experimental data. The BCE utilizing 

higher-order statistics to reduce transmission time slots and energy consumption of underwater modems was 

proposed in [20]. Xiao and Yin [21], the BCE employing recursive least squares (RLS) with an adaptive 

forgetting factor was introduced to improve convergence speed and reduce steady-state error. Recently, Silva 

and Fernandes [22] one uses the adaptive equalizer which is called blind linear equalizer using genetic 

algorithm (BLE-GA) a method combining stochastic linear programming with genetic algorithms for blind 

adaptive equalization. Demonstrated strong noise resilience, rapid convergence, and scalability across high-

order quadrature amplitude modulation (QAM) systems (e.g., 64-QAM); Hao et al. [23] one uses the 

adaptive equalizer which based on a floating decision feedback equalizer (DFE), tailored for SerDes 

receivers and focuses on high-speed serial communication (32 Gbps).  

The question is: can BCE be used for underwater source localization? theoretically, if the received 

data is processed by a BCE that effectively compensates for signal distortion caused by the channel, then the 

received signal will closely resemble the original source signal. In this paper, we propose a BCE with its 

channel impulse response consisting of three paths: a direct path, a surface-reflected path, and a bottom-

reflected path [24]-[27]. The received signal is used to estimate the channel impulse response, and then it is 

equalized based on this estimation. After that, underwater source localization is performed using BCE and 

compared with that of using RMFP, achieving a depth error of 10 meters and a range error of 100 meters, 

while requiring significantly lower computational complexity. The simulations using SACLANT acoustic 

dataset [28] have verified this result. The rest of the paper is organized as follows. Section 2 introduces the 

RMFP. The next section presents the underwater localization using proposed BCE. The underwater source 

localization using RMFP and proposed BCE are presented in section 4. Finally, we conclude the paper. 

 

 

2. RIEMANNIAN MATCHED FIELD PROCESSING  

MFP in general and RMFP in particular have taken into account the nature of the environment in 

their signal processing, thus increasing the accuracy of the problem of underwater source localization. 

Assuming there is a sound source located at coordinate 𝑝𝑠 = (𝑟𝑠 , 𝑧𝑠), we use a vertical hydrophone array with 

N sensors at coordinate 𝑝𝑎 = (𝑟𝑎 , 𝑧𝑎), 𝑎 = 1, 𝑁 , the sound pressure field obtained is [14]-[16]. 
 

𝐴𝑝𝑠
(𝑝𝑠 , 𝑝𝑎) = 𝐶. 𝐵(𝑝𝑠, 𝑝𝑎) + 𝑁(𝑝𝑎) (1) 

 

where C is the spectral density of the sound source, B is the green function derived from the normal mode 

model (including the characteristics of the layered ocean waveguide environment, sea surface and seabed 

properties and sound velocity profile), N is the ocean background noise uncorrelated with C. 

From there, the measured cross-spectral density matrix is: 
 

𝑅𝑝𝑠
= ∑ [𝐴𝑝𝑠

]
𝑚

𝑀
𝑚=1 [𝐴𝑝𝑠

]
𝐻

𝑚
 (2) 

 

The normalized measurement cross-spectral matrix is given by: 
 

𝑅𝑝𝑠
=

𝑅𝑝𝑠

√∑ ∑ |(𝑅𝑝𝑠)𝑚𝑛|
2𝑀

𝑛=1
𝑀
𝑚=1

 (3) 

 

The Frobenius norm define that ‖𝑋‖𝐹
2

= ∑ 𝑥𝑖𝑗 = 𝑡𝑟(𝑋𝑋𝐻)𝑖𝑗  where 𝑥𝑖𝑗is element of matrix X and H is the 

transpose conjugate [12]. 

Predicted sound sources at the positions of greatest correlation between the replica field cross-

spectral matrix and the actual measured field from the vertical hydrophone array. The matched field 

processor based on Riemannian geometry is minimization of specific Riemannian distance. The minimization 



TELKOMNIKA Telecommun Comput El Control   

 

The comparison of underwater source localization between Riemannian MFP and … (Tran Cao Quyen) 

1203 

process is done over a set of all modeled field replicas position 𝑝
∧

= (𝑟
∧

, 𝑧
∧

) in this case it is the cross-spetral 

density however in general case it is a manifold. The shortest path between two points in a manifold should 

be a geodesic path. 

The advantage of the RMFP compared to other MFP is that it exploits the curvature of acoustic rays 

by using the Riemannian distance measure instead of the Euclidean measure. This allows dealing with 

multiple field replicas and reduces the mismatch cases. The methodology of the sound source localization on 

the basis of Riemnnian MFP [16], i.e., 
 

(𝑟̂𝑠 , 𝑧̂𝑠)𝑑𝑆𝐼𝑀
= 𝑎𝑟𝑔𝑚𝑖𝑛

𝑝
√𝑡𝑟[(𝑠𝑖𝑛𝑅𝑝𝑠

)2] + 𝑡𝑟[(𝑠𝑖𝑛𝑅𝑝)2] − 2𝑡𝑟[𝑠𝑖𝑛(𝑅𝑝𝑠
)𝑠𝑖𝑛(𝑅𝑝)]  (4) 

 

 

3. THE UNDERWATER LOCALIZATION USING BLIND CHANNEL EQUALIZATION 

3.1.  Sea ambient noise 

Turbulence, distant shipping, breaking waves and thermal noise produced ambient noise. The power 

spectral densities (p.s.d.) of the those noise components are specified by empirical formula (5) and are 

expressed in dB re µPa/Hz as functions of frequency in kHz, as in [29]. We may conclude that the ambient 

noise is approximated as Gaussian but it cannot be regarded as white. 
 

10 𝑙𝑜𝑔 𝑁𝑡 (𝑓) = 17 − 30 𝑙𝑜𝑔 𝑓 
10 𝑙𝑜𝑔 𝑁𝑠 (𝑓) = 40 + 20(𝑠 − 0.5) + 26 𝑙𝑜𝑔 𝑓 − 60 𝑙𝑜𝑔( 𝑓 + 0.03) 
10 𝑙𝑜𝑔 𝑁𝑤 (𝑓) = 50 + 7.5𝑤1/2 + 20 𝑙𝑜𝑔 𝑓 − 40 𝑙𝑜𝑔( 𝑓 + 0.4) 
10 𝑙𝑜𝑔 𝑁𝑡ℎ (𝑓) = −15 + 20 𝑙𝑜𝑔 𝑓 (5) 

 

The ambient noise varying to the wind speed w and the distance shipping activity s as in Figure 1. 

The wind speed can be 0 m/s (calm) or 10 m/s (medium) whereas shipping activity can be numbered 0, 0.5 or 

1 according to sparse or dense activity. From the Figure 1, one could say that the noise p.s.d. decays at a rate 

of approximately 18 dB/decade (the straight dashed line). 
 

 

 
 

Figure 1. Power spectral density of the sea ambient noise as in [29] 

 

 

3.2.  Sound absorbtion 

The total path loss is given by (6) [29]: 
 

𝐴(𝑙, 𝑓) = (𝑙/𝑙𝑟𝑒𝑓)
𝑘

𝑎(𝑓)𝑙−𝑙𝑟𝑒𝑓  (6) 
 

where f is the signal frequency, l and 𝑙𝑟𝑒𝑓  are the transmission and reference distance, respectively. The path 

loss exponent k are from 1 for cylindrical to 2 for spherical spreading or in between.  

The absorption coefficient can be written empirically as the function of frequency f in kHz and, a(f) 
in dB/km as (7). 

 

10 𝑙𝑜𝑔 𝑎 (𝑓) = 0.11
𝑓2

1+𝑓2 + 44
𝑓2

4100+𝑓2 + 2.75.10−4𝑓2 + 0.003 (7) 

 

The absorption coefficient is depicted in Figure 2. 
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Figure 2. Absorption coefficient, 10 log a(f) in dB/km as in [29] 

 

 

3.3.  Power spectral density of ambient noise with absorption 

The fact that the attenuation grows with frequency and the p.s.d of noise reduces with frequency. 

Consequently, the signalto-noise ratio (SNR) varies over the signal bandwidth. The SNR can be expressed as 

a function of a narrow band of frequencies ∆f and p.s.d of the transmitted signal 𝑆𝑙(𝑓). 

 

𝑆𝑁𝑅(𝑙, 𝑓) =
𝑆𝑙(𝑓)𝛥𝑓

𝐴(𝑙,𝑓)𝑁(𝑓)𝛥𝑓
 (8) 

 

For any given distance, the narrowband SNR is thus a function of frequency, as shown in Figure 3. 

 

 

 
 

Figure 3. Signal-to-noise ratio in an acoustic channel depends on the frequency and distance through the 

factor 1/A(l; f)N(f) as in [29] 

 

 

3.4.  Channel model with three paths 

The formation of multipaths in shallow seawater channels is mainly governed by the phenomenon of 

reflection and refraction of sound rays. Reflection can occur at the sea surface, the seabed or any objects. The 

channel model with 3 paths: straight rays, sea surface reflection rays and sea bottom reflection rays is 

described in Figure 4.  
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Figure 4. The channel model with 3 paths: straight rays, sea surface reflection rays and sea bottom reflection 

rays 

 

 

Each path acts as a low-pass filter 𝐻𝑝(𝑓, 𝑡). The reference path transfer function 𝐻0(𝑓) , distance of 

1 km, spreading coefficient k=1.5 is as shown in Figure 5 as: 

 

 

 
 

Figure 5. Reference path transfer function H0(f) with path length l0=1 km and spreading factor k=1.5 as in [29] 

 

 

The transfer function [29] of the pth path is described as (9). 

 

𝐻𝑝(𝑓, 𝑡) =
𝛤𝑝

√𝐴(𝑙𝑝,𝑓)
 (9) 

 

where 𝛤𝑝is the cumulative reflection coefficient along the path of the sound ray, 𝐴(𝑙𝑝 , 𝑓) is the path loss of 

the pth ray. 

At the receiver, the filtering effect is essentially similar across all propagation paths, since the 

absorption coefficient varies only slightly. The dominant variations arise from the reflection coefficient and 

the transmission distance. Accordingly, the transfer function of the p-th path can be expressed as (10). 

 

𝐻𝑝(𝑓, 𝑡) = ℎ𝑝𝐻0(𝑓)  

ℎ𝑝 =
𝛤𝑝

√(𝑙𝑝/𝑙0)𝑘𝑎𝑙𝑝−𝑙0
 (10) 

 

The maximum sound transmission distance in SACLANT’s experiment is 5.8 km. Therefore, the 

transmission time of direct path is 3,86 s (𝑡 =
𝑑

𝑐
=

5800 𝑚

1500 𝑚/𝑠
= 3.86 𝑠) so the maximum spread delay in this 

channel is several ms.  

In North Elba experiment, the direct path is 5.8 km, the maximum depth is 112 m, the signal 

bandwidth at low frequency range (appriximetely 3 kHz) so the number of multipaths are as (11). 
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𝐿 ≤ 𝐵. 𝑇 = 3𝐾𝐻𝑧 × 1𝑚𝑠 = 3(𝑝𝑎𝑡ℎ𝑠) (11) 
 

Reflection coefficient at sea surface, 𝛤𝑠 = −1. The properties of the seabed in the North Elba 

experiment [28] are given by Figure 6 as: 
 

 

 
 

Figure 6. Seafloor parameters in the North Elba experiment 
 

 

with this seabed property, we can deduce the bottom reflection coefficient 𝛤𝑏 = 0.2 ∼ 0.5. The transfer 

function of the 3-ray multipath model is: 
 

𝐻(𝑓) = 𝐻𝑑𝑖𝑐𝑟𝑒𝑐𝑡(𝑓) + 𝐻𝑠𝑢𝑟𝑓𝑎𝑐𝑒(𝑓)𝑒−𝑗2𝜋𝑓𝜏1 + 𝐻𝑏𝑜𝑡𝑡𝑜𝑚(𝑓)𝑒−𝑗2𝜋𝑓𝜏2  

𝐻𝑑𝑖𝑐𝑟𝑒𝑐𝑡(𝑓) =
1

√𝐴(𝑙𝑝, 𝑓)
 

𝐻𝑠𝑢𝑟𝑓𝑎𝑐𝑒(𝑓) =
−1

√𝐴(𝑙𝑝, 𝑓)
 

𝐻𝑏𝑜𝑡𝑡𝑜𝑚(𝑓) =
0.2

√𝐴(𝑙𝑝,𝑓)
  (12) 

 

where 𝜏1, 𝜏2 are the delay times of the reflected rays on the sea surface and seabed compared to the direct ray.  

From the results of section 3.3, we can deduce the normalized power spectral density of sea ambient 

noise with absorption with a distance up to 10 km and maximum frequency of 20 KHz as shown in Figure 7. 

From the above discussion, and on the basis of (12) we can deduce the normalized channel tranfer function 

with three paths as in Figure 8. It is the goal of our methodology. 
 

 

 
 

Figure 7. Normalized power spectral density of sea ambient noise with absorption with a distance up to 10 km 

and maximum frequency of 20 KHz 
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Figure 8. The normalized transfer function of the channel model with three paths 
 

 

3.5.  The underwater localization using blind channel equalizer 

The configuration of a receiver with blind channel equalizer is depicted as in Figure 9. First, the 

estimated multipath hydroacoustic channel is performed as presented in section 3.4. Next, the blind channel 

equalizer operates on the basis of inversion of the channel transfer function or channel impulse response.  

In general, the power spectral density of the ocean embient noise with absorption will determine the 

shape of the reference transfer function Figure 5. The number of multipaths and their strength determine the 

blurrednes of a received signal. When the product of delay and bandwidth determines the number of 

multipaths, the intensity of the sound ray depends mainly on the reflection coefficients. All of these issues 

have been presented in detail in the channel model in section 3.4. 

The methodology of the source localization using the proposed BCE is as shown in Figure 10. First, 

the data received from the vertical hydrophone array is processed through the proposed BCE. Second, this 

data is correlated with the signal after channel equalization. The output of the correlator shows peaks 

corresponding to the estimated source locations. 

 

 

 
 

Figure 9. Configuration of a receiver with proposed BCE 

 

 

 
 

Figure 10. The underwater localization using blind channel equalizer 

 

 

4. UNDERWATER SOURCE LOCALIZATION USING RIEMANNIAN MFP AND BLIND 

CHANNEL EQUALIZER 

Passive array sonar data from the SACLANTC 1993 North Elba experiment, accessible on the 

internet, was utilized for the analysis [28] before June 2025. Now the center changed to CMRE (NATO STO 

CMRE). The SONAR data is now available by request directly to CMRE. The original time series was 

transformed into a collection of MATLAB .mat files, each comprising a data matrix “dat” of dimensions 48 
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sensors by 64,000 samples. Each file corresponds to roughly one minute of observation. The vertical array 

consisted of 48 hydrophones with an element spacing of 2 m, providing a total aperture of 94 m and 

extending from 18.7 m to 112.7 m in depth. The source radiated a pseudo-random noise (PRN) signal with a 

center frequency of 350 Hz. 

In view of RMFP, we apply the (4) for finding the source localization. In view of BCE, we apply the 

(12) for construction the normalized transfer fucntion of the channel. The proposed BCE operates on the 

basis of inversion of the channel transfer function. The data received from the vertical hydrophone array is 

processed through the proposed BCE. Then, this data is correlated with the signal after channel equalization. 

The output of the correlator shows peaks corresponding to the estimated source location. 

It is clear that in proposed BCE, the only measured data is used wheareas in RMFP not only 

measured data but modeled data are used. The complexity of RMFP depends on how many field replicas are 

used while in proposed BCE depends on convergence speed and the inversion of transfer function. However, 

the time delay of computation in the proposed BCE is acceptable for the underwater channel in this case. 

This is because, the maximum delay spread in the underwater channel is several milli seconds compared to 

micro seconds of the time delay of computation.  

The other benefit of the underwater source localization using the proposed BCE is that it could be 

apply for spy systems. In those systems, it is not neccesity to transmite a training sequence for channel 

sounding. The results of locating the sound source using the RMFP are depicted through the normalized 

power in Figure 11 and the ambiguity surface in Figure 12. When using the proposed BCE, the normalized 

powers and ambiguity surfaces are shown in Figures 13 and 14 respectively. 
 

 

  
  

Figure 11. The normalized power of the underwater 

source using RMFP 

Figure 12. The ambiguity surface of the underwater 

source using RMFP 
 
 

  
  

Figure 13. The normalized power of the underwater 

source using the proposed BCE 

Figure 14. The ambiguity surface of the underwater 

source using the proposed BCE 
 

 

The sources located at depth of 48 m and at range of 5700 m for RMFP; at depth of 58 m and at 

range of 6000 m for the proposed BCE. In summary, the performance of the source localization using RMFP 

and BCE is depeicted as in Table 1. 
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Table 1. The result of source localization using RMFP and proposed BCE 
Metric True source RMFP Proposed BCE 

Range 5700 m 5700 m 5800 m 
Depth 48 m 48 m 58 m 

Complexity  High Medium 

Spy system  Yes Yes 

 

 

Surprisingly, using the proposed blind channel equalizer the underwater source could be located. 

There is an error of 10 m in depth and 300 m in distance between the two methods. However, the possibility 

of using the proposed BCE is completely proven and the result of source localization could be compared to 

RMFP. The reason is that in shallow sea water, curved sound rays do not prevail over straight ones. 

We may conclude that in shallow underwater environment, we can use both RMFP or BCE for source 

localization. Indeed, the main differences between our proposed BCE and the adaptive equalizer approaches 

in [22], [23] are as follows: firstly, our method is applied to the problem of underwater source localization 

instead of communication; secondly, our method achieves faster convergence since it does not require pilot 

signals as in [22], [23]. This is particularly significant in channels with limited and scarce bandwidth. 

However, this comes at the cost of reduced accuracy if the statistical characteristics of the channel SNR are 

deviated from the real ones. 

 

 
5. CONCLUSION  

A blind channel equalizer comprising three rays has been proposed. Its transfer function is estimated 

on the basis of the statistical analysis of the SNR in the underwater acoustic channel. A source localization 

method based on correlation and this blind equalizer is also introduced. The localization performance is 

comparable to the FMFP approach, while offering lower computational complexity. The processing delay is 

acceptable, as underwater acoustic channels typically tolerate delay spreads on the order of several 

milliseconds. Both BCE and RMFP show potential for use in spy systems. The limitations of the proposed 

method is the reducement of its accuracy when the statistical SNR of the underwater acoustic channel 

deviates from its actual value. However, the proposed method should be implemented in passive SONAR 

systems of VietNam navy as well as of the Republic of Indonesia navy. In the future, we will analyze the 

maximum allowable deviation between the nominal SNR distribution and the actual SNR one for the 

problem of underwater source localization. 
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