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Abstract
Accurate time delay estimation of target echo signals is a critical component of underwater target localization. In active sonar systems, echo 
signal processing is vulnerable to the effects of reverberation and noise in the maritime environment. This paper proposes a novel method for 
estimating target time delay using multi-bright spot echoes, assuming the target’s size and depth are known. Aiming to effectively enhance the 
extraction of geometric features from the target echoes and mitigate the impact of reverberation and noise, the proposed approach employs the 
fractional order Fourier transform–frequency sliced wavelet transform to extract multi-bright spot echoes. Using the highlighting model theory 
and the target size information, an observation matrix is constructed to represent multi-angle incident signals and obtain the theoretical scattered 
echo signals from different angles. Aiming to accurately estimate the target’s time delay, waveform similarity coefficients and mean square 
error values between the theoretical return signals and received signals are computed across various incident angles and time delays. Simulation 
results show that, compared to the conventional matched filter, the proposed algorithm reduces the relative error by 65.9%–91.5% at a signal-to-
noise ratio of –25 dB, and by 66.7%–88.9% at a signal-to-reverberation ratio of −10 dB. This algorithm provides a new approach for the precise 
localization of submerged targets in shallow water environments.

Keywords  Multi-bright spot echoes; Time-delay estimation; Target echo signal; Frequency sliced wavelet transform; Fractional order fourier 
transform

1  Introduction

In recent years, the increasing demand for applications 
such as radar, sonar, audio signal processing, and underwa‐
ter communications has drawn considerable research atten‐

tion to time delay estimation, a critical step in source local‐
ization (Li et al., 2019; Nicos et al., 2024; Shi et al., 2019). 
The matched filter (MF) is a traditional time delay estima‐
tion algorithm known for its low computational complexity, 
making it widely adopted in engineering practices (Hama 
and Ochiai, 2019; Challinor and Cegla, 2024). However, 
its time resolution is susceptible to signal bandwidth limi‐
tations, and its performance is vulnerable to reverberation 
interference in active sonar systems.

To address the above problems, Jiang extended the inverse 
folding technique to the time domain by convolving the 
MF output and proposed a high-resolution two-dimensional 
inverse folding method to enhance temporal resolution 
(Jiang et al., 2020).

In many practical applications, source signals are often 
non-Gaussian, while the additive noise is typically Gauss‐
ian or even correlated. In this case, Wu (2000) proposed a 
delay estimation method based on the third-order statistics 
of the signal. Tang et al. (2004) introduced a delay estima‐
tion method using the four-order statistics of the signal.

The multiple signal classification (MUSIC), originally 
proposed by Schmidt, is a super-resolution delay estima‐
tion method based on feature decomposition theory. This 
method compensates for the limited accuracy caused by 
the bandwidth-constrained noise of transmitting signals 
under special conditions (Drake et al., 2023; Zhang et al., 
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2020). However, the performance of the traditional MUSIC 
algorithm is limited by the dimension of the autocorrela‐
tion matrix M. A large M value may lead to substantial 
deviations in the estimation value, while a M value can 
degrade the temporal resolution of the algorithm due to a 
reduction in M. In recent years, domestic and foreign schol‐
ars have introduced various improvements to the MUSIC 
algorithm. The Root-MUSIC algorithm enhances perfor‐
mance when processing small-sample received data (Yan 
et al., 2020). The TST-MUSIC algorithm improves perfor‐
mance under low signal-to-noise ratio (SNR) conditions 
(Wang et al., 2001). Meanwhile, the PM-MUSIC algo‐
rithm eliminates the need for complex matrix calculations 
such as eigenvalue decomposition and singular value decom‐
position of the received data’s autocorrelation matrix 
(Qasaymeh et al., 2009), thereby substantially reducing the 
complexity of the algorithm.

Xia et al. (2016) transformed the geometric acoustic scat‐
tering with different time delays in the target echo into multi‐
ple single-frequency components and applied the MUSIC 
algorithm to enhance spectral resolution when the frequency 
intervals were smaller than the resolution limit of the Fou‐
rier transform. Compared to traditional time-delay estima‐
tion methods, this approach offers improved performance, 
characterized by a sharper main flap and reduced side flap 
interference.

Multipath signals arrive at the receiver with varying angles 
and path delays. Considering this phenomenon, Wang et al. 
(2023) proposed a low-complexity framework based on 
sparse Bayesian learning for joint estimation of the angle 
and delay of received signals. This approach offers consid‐
erable advantages over traditional methods, such as higher 
accuracy and resolution. While the dual-sensor differential 
denoising approach is effective for suppressing pump noise, 
accurately identifying the time delay remains challenging. 
Yan et al. (2023) introduced an improved variable step-size 
adaptive time delay estimation method, TVSS-LMSTDE. 
Additionally, Ding et al. (2023) proposed a novel time-delay 
estimation method within the framework of variational 
Bayesian inference. Unlike conventional grid-less compres‐
sive time-delay estimation methods, this method does not 
require parameter adjustment and can automatically esti‐
mate the number of time delays.

The frequency sliced wavelet transform (FSWT) algo‐
rithm offers superior resolution in the time-frequency images 
of time delay signals, making it widely applicable in fields 
such as medical signal processing and power system analy‐
sis (Zhao et al., 2019). Sheng et al. (2021) leveraged the 
unrestricted filtering properties of FSWT to reconstruct and 
extract composite spectral boundaries. Additionally, Hu et al. 
(2021) successfully extracted subcomponents containing 
fault information from bearing vibration signals by integrat‐
ing FSWT with an improved particle swarm optimization 
algorithm and empirical wavelet transform.

In this paper, based on the principles of linear geometric 
acoustics, a bright spot model for typical underwater target 
echoes is constructed. The scattering characteristics of echo 
signals at various incidence angles are analyzed. On this 
basis, echo signals in a reverberation background are simu‐
lated and processed using the fractional order Fourier trans‐
form–frequency sliced wavelet transform (FrFT–FSWT) 
algorithm, which indirectly enhances the accuracy of time 
delay estimation.

The rest of the paper is organized as follows:
1) Section 2 introduces the characteristics of geometric 

acoustic scattering by integrating methods from physical 
acoustics. This section derives mathematical expressions for 
the relative time delays of individual bright spots in the 
experimental target model, based on the geometric parame‐
ters of typical bright spot shapes. Furthermore, the effects 
of different incidence angles on the echoes from geometric 
bright spots are simulated and analyzed.

2) Section 3 introduces the theoretical framework of the 
FSWT. On this basis, the fractional-order Fourier trans‐
form (FrFT) is introduced, and the optimal parameters in 
the fractional-order domain are determined. The perfor‐
mance improvements of the FrFT–FSWT method, particu‐
larly in terms of interference suppression and time–frequency 
aggregation, are also analyzed.

3) Section 4 constructs the time–frequency observation 
matrix of the bright spot model using the FrFT–FSWT and 
provides a detailed description of the proposed delay esti‐
mation algorithm.

4) Section 5 verifies the superiority of the proposed delay 
estimation algorithm over the conventional MF through 
simulation.

5) Section 6 further validates the reliability and effec‐
tiveness of the proposed delay estimation algorithm through 
the analysis of experimental data.

6) Section 7 summarizes the key contributions and find‐
ings of this study.

2  Fundamentals of the target highlight model

Active sonar systems emit acoustic signals to stimulate 
underwater targets, generating echo responses. These echoes 
result from a physical interaction that depends not only on 
the intrinsic vibrations or fluctuating characteristics of the 
target but also on the characteristics of the incident acous‐
tic wave. In most cases, the incident wave acts as a small-
amplitude excitation source, and the resulting echo follows 
linear acoustic principles and is independent of the initial 
transmission time. For engineering applications, the detailed 
generation mechanism of the echo is often simplified by 
modeling the system as linear and time-invariant, wherein 
the echo represents the response of the targets to the inci‐
dent acoustic wave. In the high-frequency domain, the main 
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echo components typically include mirror reflection waves, 
angular scattering waves, and various elastic scattering 
waves. These components can be approximated as echoes 
from discrete scattering centers, commonly referred to as 
bright spots. Accordingly, the entire target can be modeled 
as a spatial distribution of bright spots, a representation 
known as the bright spot model. The wavelet generated by 
each bright spot coherently superimposes to form the com‐
plex overall echo of the target. According to their forma‐
tion mechanism, bright spots are generally categorized into 
two types: elastic bright spots and geometric bright spots, 
which correspond to elastic scattering waves and geomet‐
ric scattering waves, respectively (Zhou et al., 2024).

An elastic bright spot is an equivalent, rather than a 
physical, bright spot. Elastic echoes can arise from various 
mechanisms; for example, when elastic scattered waves or 
surface traveling waves are present, elastic bright spots 
may appear at specific incident angles and positions, often 
accompanied by dispersion phenomena. The propagation 
characteristics and energy radiation modes of different 
elastic highlights are inconsistent, and their analysis typi‐
cally relies on wave theory or geometric diffraction theory.

Geometric highlights generally fall into two categories. 
The first type is the mirror reflection highlights, generated 
by reflections on convex smooth surfaces, providing the 
most contribution when the curvature radius is large. The 
second type includes scattering bright spots generated at 
the edges of the target (Shen et al., 2022). The sound cen‐
ter of geometric highlights aligns with the geometric cen‐
ter of the target, and their characteristics are mainly deter‐
mined by the target’s geometric scale. Among the various 
types of bright spots in target echoes, geometric bright 
spots are relatively stable, have simple causes, and do not 
exhibit dispersion. Therefore, this study focuses on the analy‐
sis of geometric bright spots, disregarding elastic bright spots.

The target comprises a set of bright spots, each associated 
with a transfer function that reflects the properties of the 
target. The transfer function of a single bright spot is defined 
in Eq. (1).

H (r, ω ) = A (r, ω )eiωτeiφ (1)

where r represents the straight-line distance between the 
target and the bright spot, and A (r, ω ) represents the ampli‐
tude reflection factor, which is typically a function of the 
frequency. For narrowband signals, the amplitude reflec‐
tion factor can be approximated by its value at the center 
frequency. The parameter τ represents the delay factor, 
determined by the equivalent scattering center and the 
acoustic range between a reference point ξ, defined as τ = 
2ξ/c. The acoustic range ξ is a function of the acoustic 
wave incidence angle θ. The parameter φ denotes the phase 
factor, representing the phase shift that occurs during the 
formation of the target echo. This phase shift depends on the 
shape of the target and the characteristics of the bright spot.

The echo from any complex target can be viewed as the 
coherent superposition of multiple wavelets. By combin‐
ing the transfer functions of individual bright spots, the 
transfer overall function of H (r, ω ) of the target is defined 
in Eq. (2).

H (r, ω ) = ∑
m = 1

M

Am (r, ω )eiωτmeiφm (2)

where M represents the total number of bright spots in the 
target echo. Am, τm, and φm are the values of the amplitude 
reflection, time delay, and phase factors, respectively, for 
different bright spots.

When the transmitted signal is a linear frequency modu‐
lated (LFM) signal, the target echo can be defined based 
on the transfer function of the highlight model, as shown 
in Eq. (3).

U ( t ) = ∑
m = 1

M

Ame
i2π ( t − τm ) ( f0 +

k
2

( t − τm ) )
eiφm (3)

where f0 is the center frequency of the LFM pulse, k is the 
frequency modulation slope, and T is the signal pulse 
width. The experimental target model is shown in Figure 1.

The experimental target model comprises seven geomet‐
ric scattering centers, with the labels and specific positions 
of each scattering center shown in Figure 1. The target body 
is a cylindrical shell with a hollow interior. Scattering cen‐
ters #1, #2, #3, and #4 are associated with angular reflec‐
tion, while scattering center #5 is associated with mirror 
reflection. Scattering center #6 corresponds to hemispheri‐
cal scattering and is located at the intersection point between 
the hemisphere and the line passing through the center of 
the hemisphere. Scattering center #7 is a planar scatterer, 
located at the center of the bottom of the model. The inci‐
dent sound field is a plane wave; thus, the incident angle 
of the sound wave for all scattering centers is θ. Based on 
the properties of geometric bright spots mentioned earlier, 
the main observable scattering centers in the target echo 
follow the transformation rules with respect to the incident 

Figure 1　Experimental target model
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angle θ as outlined below.
1) When θ = 0°, the main scattering center #6 can be 

observed;
2) When 0° < θ < 90°, the main scattering centers #1, #4, 

and #6 can be observed;
3) When θ = 90°, the main scattering center #5 can be 

observed;
4) When 90° < θ < 180°, the main scattering centers #1, 

#2, and #4 can be observed;
5) When θ = 180°, the main scattering center #7 can be 

observed.
As the incident angle θ changes, the time delay of each 

scattering center on the target also varies, contributing to 
the dynamic characteristics of the geometric bright spot 
structure in the target echoes. Taking the center O of the 
experimental target model as the reference point, the time 
delay expression for each acoustic scattering center rela‐
tive to O is calculated and is defined in Table 1.

Based on the time delay expressions provided in Table 1, 
and assuming the experimental target l = 210 cm and a bot‐
tom diameter a = 53.3 cm, the variation in relative time 
delay for each acoustic scattering center with respect to the 
reference point O, as the acoustic wave incidence angle 
changes from 0° to 180°, is shown in Figure 2.

As shown in Figure 2, the time delay curve as a function 
of the incident angle θ is asymmetric at 90°. Assuming the 
transmitted signal is an LFM signal, the effect of different 
incident angles on the geometric bright spot echoes is shown 
in Figure 3.

According to Figures 3(a) to (d), as the incident angle of 
the sound wave increases sequentially, the delay difference 

Table 1　Time delay expression of the acoustic scattering center

Scatter-ing 
center

#1

#2

#4

#5

#6

Acoustic 
incidence angle

0° < θ < 180°

90° < θ < 180°

0° < θ < 180°

θ = 90°

0° ≤ θ < 90°

Time delay expression

2 ( )l/2
2

+ a2 cos ( )θ + arctan (2a/l ) /c

2 ( )l/2
2

+ a2 cos ( )arctan (2a/l ) − θ /c

− 2 ( )l/2
2

+ a2 cos ( )arctan ( )2a/l − θ /c

− 2a/c

− 2 (a + ( l/2 ) cos θ ) /c

Figure 2　 Relationship between time delay of acoustic scattering 
center and incidence angle of acoustic wave

Figure 3　Time-domain signals of bright spot models with different 
angles of incidence
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between highlights #1 and #2 gradually decreases, while 
that between the two and highlight #4 increases. There‐
fore, in the early part of the waveform (Figures 3(a) to (d)), 
the duration of the LFM signal shortens, whereas in the later 
part of the waveform, the duration becomes longer. Nota‐
bly, in Figure 3(d), the echo from highlight #4 is completely 
separated from those of #1 and #2. Based on the incident 
angle of the sound wave in Figure 1, when the incident 
sound wave approaches the transverse plane of the target, 
the amplitude of the geometric highlight echoes in Figure 3 
decreases, and the echo energy gradually weakens.

3  Signal preprocessing

From the energy viewpoint, target echo signals exhibit 
strong energy aggregation characteristics in the time-fre‐
quency domain, whereas reverberation signals display a ran‐
dom distribution with poor energy aggregation. This distinc‐
tion enables effective separation of the two in the time-fre‐
quency domain. Aiming to suppress the influence of reverber‐
ation and noise on the echoes, this section proposes a joint 
FrFT–FSWT algorithm designed to improve the time-fre‐
quency clustering of the target signals.

3.1  Frequency slice wavelet transform

FSWT is an advanced time–frequency signal analysis 
method that combines the advantages of the short-time 
Fourier transform (STFT) and the wavelet transform (WT), 
while also making improvements to both. FSWT introduces 
the frequency slice function (FSF), which overcomes the 
fixed time and frequency resolution limitations of the 
STFT and addresses the challenge of selecting an appropri‐
ate wavelet basis in WT. Additionally, FSWT avoids the cross-
term problem encountered in the Wigner–Ville distribution 
(WVD) when analyzing multiple frequency components 
(Yan et al., 2011). Therefore, FSWT is used in this paper 
to reconstruct and separate the desired signal components.

For the signal x ( t ), if it satisfies ∫|x ( t )|2dt < ∞, then 

the FSWT is defined in Eq. (4).

Wx ( t, ω, λ, σ ) = σλeiωt∫−∞

+∞

x ( τ ) p* (σ ( τ − t ) )e− iωtdτ

=
λ

2π ∫−∞

+∞

x̂ ( τ ) p̂* (
u − ω
σ

)eiutdu (4)

where the scale factor σ and energy factor λ are constants 
or functions of ω, u, and t; ˆ represents the frequency spec‐
trum after the corresponding Fourier transform; * repre‐
sents conjugate; ω and t are the observation frequency and 
observation time, respectively; u represents the evaluation 
frequency; and p ( t ) represents the FSF.

FSWT is reversible, allowing for signal decomposition 

in the time and frequency domains, followed by filtering 
or segmenting the signals for processing. According to Yan 
et al. (2011), if p̂ (ω ) satisfied p̂ (0 ) = 1, then the frequency 
slice inverse wavelet transform (IFSWT) can be simplified 
as shown in Eq. (5).

x ( t ) =
1

2π ∫−∞

+∞∫−∞

+∞

Wx ( τ, ω, λ, σ )eiω ( t − τ )dτdω (5)

As shown in Eq. (5), signal reconstruction based on 
IFSWT is independent of FSF selection. Compared to WT, 
IFSWT avoids the issue of selecting an appropriate wave‐
let basis during the signal reconstruction process.

From Eqs. (4) and (5), the FSWT– IFSWT realizes the 
function of a bandpass filter in the time and frequency 
domains. Therefore, the SNR of the reconstructed signal, 
obtained after applying FSWT–IFSWT, is improved.

The scale factor σ plays a more substantial role than the 
energy factor λ in the FSWT. Typically, λ = 1, the scale 
factor is not constant. According to the concept of Morlet 
transformation, σ ∝ ω.

σ =
ω
κ

,  κ > 0 (6)

According to Yan et al. (2011), the range of κ is shown 
in Eq. (7).

2ln (1/v )
η

≤ κ ≤ μ

η 2ln (1/v )
(7)

where µ and v are related to FSF. The FSF typically takes 
p̂ (ω ) = e−(1/2 )ω2

; thus, μ = 1/2, v = e−(1/2 ) μ ≈ 0.778 8, and 
κ ≈ 0.707/η. The frequency resolution η is shown in Eq. (8).

η =
Δω
ωx

(8)

where Δω denotes the frequency interval between two 
adjacent points in the frequency domain in the time – fre‐
quency diagram and ωx is the center frequency of the sig‐
nal x ( t ).

For single-component CW signals, the parameter κ can 
be solved accurately. However, if the signal x ( t ) to be mea‐
sured contains multiple frequency components, such as an 
LFM signal whose frequency changes over time, then κ 
cannot be calculated accurately. In such cases, κ is typically 
taken as an empirical value, and the value of κ is deter‐
mined based on the expected response ratio η, which is also 
empirical. This approach has limitations in underwater 
acoustic signal processing. As shown in Figure 4, when 
using FSWT to process an LFM signal, the energy of the 
signal is not constant across the bandwidth range; it increases 
from weak to strong as time progresses. Additionally, the 
time–frequency aggregation of the signal deteriorates.
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3.2  Definition of fractional fourier transform

This subsection introduces the FrFT, which has a basis 
decomposition property for LFM signals (Omair and Ahmet, 
2024). When the appropriate fractional order is selected, 
the LFM signal behaves as an impulse function in the frac‐
tional order domain (Sun et al., 2015; Guo and Yang, 2022). 
This condition indicates that the LFM signal is transformed 
into a single-frequency signal, allowing for the precise cal‐
culation of the value κu of κ in the u-domain.

From a linear integration perspective, let the signal to be 
measured be denoted as x ( t ), and its FrFT is defined in 
Eq. (9).

Xp (u ) = {F P [ x ( t ) ]} (u ) = ∫−∞

+∞

x ( t ) Kp ( t, u )dt (9)

where p is the order of FrFT, which can take any real value, 
and its relationship with the rotation angle α is shown in 
Eq. (10).

α = pπ/2     p ≠ 2n     p is an integer (10)

where F P is the operator symbol of FrFT, and Kp ( t, u ) is 
the transform kernel. The specific expression is shown in 
Eq. (11).

Kp ( t, u ) = 1 − i cot α eiπ ( t2 + u2 ) cot α − i2πtu csc α (11)

In Eq. (11), when p = 4n, the rotation angle is 2nπ, 
Kp ( t, u ) = δ (u − t ); when p = 4n ± 2, then α = (2n + 1) π, 
Kp ( t, u ) = δ (u + t ). Considering the above derivation, 
the order in FrFT is based on a period of 4. Eq. (11) is 

replaced with a variable substitution. When u = u/ 2π , t =

t/ 2π , the expansion of Eq. (11) is shown in Eq. (12).

Kp ( t, u ) =

ì

í

î

ï
ïï
ï

ï
ïï
ï

δ ( t + u ),                                        α = 2 (n + 1) π

1 − i cot α
2π

e
t2 + u2

2
cot u − itu csc α

,   α ≠ nπ

δ ( t − u ),                                        α = 2nπ

(12)

Based on Eqs. (12) and (9), FrFT is a linear transforma‐
tion. Its linearity indicates that the FrFt of the echo is 
equal to the sum of the FrFts of each component, simplify‐
ing the analysis of the target echo and reverberation. Addi‐
tionally, p is based on a period of 4; thus, only the case 
−2 ≤ p ≤ 2 needs to be considered in practical applica‐
tions. When p = 1, FrFT corresponds to the traditional 
Fourier transform.

The inverse transformation of FrFT is given in Eq. (13).

x ( t ) = ∫−∞

+∞

Xp (u ) K−p ( t, u )du (13)

where Xp (u ) is the function space of x ( t ) in the inverse 
transformation kernel K−p ( t, u ), which is an orthogonal 
LFM signal group in the u-domain.

3.3  Parameter solving for fractional domain

From the perspective of the time–frequency plane, FrFT 
denotes the result of rotating the time–frequency plane by 
an angle of α with the origin as the center. This rotation 
maps the signal into a new domain, known as the u-do‐
main. As shown in Figure 5, the LFM signal is distributed 
along a straight line in the time–frequency plane, where its 
projection on the time axis t corresponds to the pulse 
width T of the signal, and its projection on the frequency 
axis ω represents the bandwidth B of the signal. The expres‐
sion of the LFM signal in the time domain is given by the 
following: x ( t ) = exp (i2πf0t + iπkt2 ),  t ∈ [ 0, T ], where f0 
is the signal center frequency and k is the frequency modu‐
lation slope. x ( t ) is substituted into Eq. (9) to obtain the p-
order FrFT mathematical expression of the LFM pulse, as 
shown in Eq. (14).

Xp (u ) = ∫
0

T

Kp (u, t ) x ( t )dt

= 1 − i cot α ∫
0

T

eiπ ( t2 + u2 ) cot α − i2πut csc αei2πf0t + iπkt2

dt

= 1 − i cot α eiπu2 cot α∫
0

T

eiπt2 (cot α + k )ei2πt ( f0 − u csc α )dt

(14)

Figure 4　FSWT processing results of LFM signals under different 
conditions
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Eq. (14) provides the analytical solution for the energy 
accumulation position of the LFM pulse in the u-domain. 
By selecting the optimal order p, the peak point u0 x ( t ) in 
the u-domain can be determined. That is, the energy of the 
LFM signal, which is dispersed across multiple frequency 
points, will concentrate at the position of u0 in the u-do‐
main. Therefore, the LFM pulse similarly behaves like a 
narrowband signal in the u-domain. Substituting Eq. (14) 
into Eq. (13) yields the narrowband signal xu (v ).

Two methods are used to calculate the angle of rotation: 
the first method involves calculating the theoretical value, 
as shown in Eq. (15).

α = arctan (
f 2

s /N
k

) (15)

where fs is the sampling frequency, N is the number of data 
sampling points, and k is the frequency modulation slope. 
The second method aims to determine the location of the 
peak point on the u-v plane. However, the first method is 
used in this paper.

For the LFM signal shown in Figure 4, Gaussian white 
noise with different SNRs and reverberation with different 
signal-to-reverberation ratios (SRRs) are added to generate 
the signal x ( t ). FSWT and IFSWT are then successively 
applied to the signal x ( t ), and the SNR and SRR of the 
processed signals are calculated to evaluate the algorithm’s 
performance. Simultaneously, using FrFT, the signal x ( t ) 
is rotated into the u-domain to obtain a single-frequency 
signal xu ( t ). The simulation result of the LFM signal after 
fractional Fourier transform is shown in Figure 6.

As shown in Figure 6, due to differences in time – fre‐
quency concentration between noise, reverberation, and the 
LFM signal in the u-domain, the total energy of the signal 
remains unchanged before and after the FrFT. However, 
the distribution of this energy is altered. As described in 
Section 3.1, applying the FSWT – IFSWT to a signal is 
equivalent to its passage through a bandpass filter within a 
specific frequency band. Meanwhile, FrFT concentrates 
the signal’s energy at a specific frequency point. Based on 
the conditional distribution characteristics of reverberation 
and noise, combining FrFT with FSWT – IFSWT enables 

highly effective suppression of reverberation and noise. 
For xu ( t ), FSWT and IFSWT are applied sequentially, and 
the SNR and SRR of the processed signal are calculated. 
The results are shown in Figure 7.

As shown in Figure 7, the joint FrFT–FSWT time–fre‐
quency analysis algorithm proposed in this paper demon‐
strates superior interference suppression capabilities com‐
pared to the standalone FSWT algorithm.

4  Algorithm of time delay estimation

Aiming to suppress noise in target echo signals, the 
FSWT, known for its noise immunity, is chosen. However, 
in active sonar systems, the main source of interference is 
reverberation. Therefore, a time–frequency observation 
matrix based on geometric acoustic scattering characteris‐
tics can be constructed. By leveraging the differences in 
the time–frequency distribution between reverberation and 
target echoes, reverberation can be effectively suppressed. 
The target echo signals, after interference suppression, can 
then be reconstructed using IFSWT. Finally, the arrival time 
of the geometric echo signals at the active sonar receiver 
can be estimated (Zhou et al., 2022; Zhao et al., 2022).

The schematic of the underwater target and sonar sys‐
tem is shown in Figure 8. In this figure, H denotes the water 
depth, and θ is the angle between the incident acoustic 

Figure 5　Fractional Fourier transform under the rotation angle of α

Figure 6　Change of signal before and after FrFT
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wave and the horizontal plane. The distance between the 
target and the transceiver (combined transducer) is cτ/2, 
where c denotes the speed of sound and τ is the absolute 
time delay measured by the transducer. The relative time 
delay τ0 between different target prisms depends only on the 
angle of incidence θ and the target’s physical dimensions, 
l and a.

The incident acoustic wave is assumed to be a far-field 
plane wave. Therefore, the arrival time at each prism is 
denoted as τ. The target is placed on the seafloor, which is 
assumed to be flat, allowing the depth of the target to be 
known. The target is located in a shallow sea area. Thus, 
the effects of the sound speed gradient and reflections 
from the bottom of the sea surface on the acoustic wave 
are neglected.

θ =

ì

í

î

ï

ï
ïï
ï

ï

ï

ï

ï

ï
ïïï
ï

ï

ï

arctan ( )H

(cτ/2 )2 − H 2
,       0 ≤ θ ≤ π

2

arctan ( )H

− (cτ/2 )2 − H 2
,   

π
2
≤ θ ≤ π

(16)

In this paper, the experimental target model is not left–
right symmetric. If the target and the transceiver-combined 
sonar’s position relationship is shown in Figure 8(a), then 
the formula represents the first half of Eq. (16). If the tar‐
get and the transceiver-combined sonar’s position relation‐
ship is shown in Figure 8(b), then the formula represents 
the second half of Eq. (16). The specific steps for the time-
delay estimation algorithm are as follows:

1) The target echo signal is first subjected to the FrFT to 
obtain the domain signal. The FrFT preserves the total 
energy of the signal but alters its energy distribution. Thus, 
the FrFT process helps suppress some of the reverberation 
and noise.

2) The FSF is selected, and the parameter κu is comput‐
ed to obtain the FSWT’s time–frequency image Wxu

(v, u ) 

of xu (v ).
3) The range of τ, τi ∈ [ t1, t2 ], and τi is determined in the 

steps of τs = 0.01N/fs, where N is the number of sampling 
points of the echo signal and fs is the sampling frequency. 
The acoustic wave incidence angle θi for the two cases cor‐
responding to each τi is determined in accordance with 
Eq. (16). Meanwhile, in the case of known target size infor‐
mation, Table 1 is used to obtain the relative time delay infor‐
mation between each prism, and different bright spot mod‐
els Sh_i ( t, τi ) are identified, as defined in Eq. (17). The cal‐
culations of τ1, τ2, τ4, and τ6 in Eq. (17) are combined with 
Table 1, where the two expressions in Eq. (17) use crown 
#6 and prong #1 as reference points. The transmitting sig‐
nal is set to be an LFM signal.

Sh_i ( t, τi ) =
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(17)

Figure 7　Change curves of SNR and SRR before and after signal 
processing

Figure 8　Schematic of the relative position of the target and the 
transceiver-combined sonar
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4) Sh_i ( t, τi ) is rotated using FrFT to obtain a bright spot 
model in the domain Sh_i_u (v, τi ). The FSWT correspond‐
ing to Sh_i_u (v, τi ) is calculated to obtain its time–frequency 
observation matrix WSh_i_u

(v, u, τi ).

5) The interval in the time-frequency image Wxu
(v, u ) 

for signal reconstruction is determined based on the time–
frequency observation matrix WSh_i_u

(v, u, τi ), as shown in 

Eq. (18).

Yi (v, u, τi ) = WSh_i_u
(v, u, τi ) ⋅ Wxu

(v, u ) (18)

6) The filtered time–frequency image Yi (v, u, τi ) is cal‐
culated and then substituted into Eq. (5) to obtain the recon‐
structed signal yi . The definition of yi is given in Eq. (19).

yi (v ) =
1

2π ∫−∞

+∞∫−∞

+∞

Yi (v, u, τi )e
iu ( t −v )dvdu (19)

7) Two evaluation parameters are introduced for estimat‐
ing the absolute delay τ of the echo reaching the receiver:

(i) The first term is the mean square error, defined in 
Eq. (20) as follows:

eMSE_i =∑
n = 1

N || yi (n ) − Sh_i_u (n, τi )
2

N
(20)

(ii) The second term is the waveform similarity coeffi‐
cient, as shown in Eq. (21).

ρWSC_i =
∑
n = 1

N

yi (n ) Sh_i_u (n, τi )

∑
n = 1

N

|| yi (n )
2∑

n = 1

N

|| Sh_i_u (n, τi )
2

(21)

8) Steps 3) to 7) are repeated in accordance with the range 
and step size in Step 3).

(i) The mean square error curve is plotted based on the 
results of eMSE_i at each time, and the lowest point of the 
curve is identified, as shown in Eq. (22).

τe = arg min
τi

{eMSE_i} (22)

(ii) The waveform similarity coefficient curve is plotted 
based on the results of ρWSC_i at each time, and the highest 
point of the curve is then determined, as shown in Eq. (23).

τρ = arg max
τi

{ }ρWSC_i (23)

τρ is the optimal delay estimation result based on the 
waveform similarity coefficient. If τe and τρ are equal to τi, 
then τi is the arrival time of the target echo at the receiving 
end of the active sonar. When the SNR or SRR is notably 
low, a certain difference may exist between τρ and τe in the 
ranges of 0° ≤ θ < 90° and 0° ≤ θ < 90°. During this time, 
the angle range corresponding to the small difference 
between τρ and τe is selected, and τi is recorded as the aver‐
age of τρ and τe. Once τi is determined, the distance between 
the target and the transducer, as well as the acoustic inci‐
dence angle θ, can be determined.

In shallow water environments, the influence of sound 
velocity gradients and seabed roughness on time delay esti‐
mation is negligible. When the target tilts slightly in the 
vertical direction relative to the seabed, the true θ value 
can be recorded as θtrue = θ + Δθ    (Δθ ≪ θ ). According 
to Eq. (16), the difference between the actual delay value 
and the measured delay value can be expressed as Eq. (24).

Δτ =
2H
c

|

|
|
||
| 1
sin (θ + Δθ )

− 1
sin θ

|

|
|
||
|

(24)

In shallow sea environments, H is relatively small. 
Thus, when Δθ is substantially smaller than θ, the value of 
Δτ is negligible.

5  Simulation analysis in the context of strong 
reverberation

The unit scattering model is used, with the number of 
scatterers set to 100. The transmitted signal is an LFM sig‐
nal with the following parameters: a center frequency of 
37.5 kHz, a bandwidth of 25 kHz, a pulse width of 2 ms, 
and a reverberation duration ranging from 0.02 s to 0.08 s. 
The target echo model at the receiving end follows the 
bright spot model Sh ( t ), with an acoustic incidence angle 
of 120° . The target model and dimensions are consistent 
with those described in Section 2. The SRR is set to −3 dB, 
and Sh ( t ) is located in the reverberation at 0.034 6 s, at which 
time Sh ( t ) is submerged within the reverberation. As shown 
in Figure 8(b), the water depth H is set to 300 cm. When the 
bottom surface of the target is facing the receiving end, the 
acoustic wave incidence angle is 60° , which corresponds 
to an angle of θ = 120° between the incident wave and the 
target surface. The straight-line distance between the tar‐
get and the receiving end is 346 cm, and the speed of sound 
c = 1 500 m/s. Under these conditions, the target echo arrives 
at the receiving end at time τ = 0.004 6 s. Aiming to simu‐
late the effect of noise, Gaussian noise with an SNR of −5 dB 
is added to the signal in the interval between 0.03 s and 
0.04 s, resulting in the signal to be processed x ( t ).

First, x ( t ) is subjected to the FrFT to obtain a single-fre‐
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quency signal xu (v ) in the u-domain. However, the time–
frequency intervals of the signal xu (v ) cannot be observed.

The water depth H is 300 cm, and the sound wave is 
incident on the bottom of the water. The time it takes for 
the echo to reflect and reach the receiving end is 0.004 s. 
Therefore, the absolute time delay τ of the echo arriving at 
the receiving end should satisfy τi ∈ [ 0.004 1 s,  0.01 s ]. 
However, in this range, the bright spot model corresponds 
to the longest time width of 0.004 2 s. Consequently, the 
range of τ is adjusted to τi ∈ [ 0.004 1 s,  0.005 8 s ], and the 
step size is set to 0.000 1 s. As shown in Figure 7, once the 
distance cτ/2 is determined, the target may be in two possi‐
ble states: one where the target’s hemispherical head is fac‐
ing the sonar, and the other where the target’s bottom sur‐
face is facing the sonar. Therefore, constructing the bright 
spot model Sh ( t ) in the two cases is necessary. When the 
acoustic wave incidence angle is between 0° and 90°, the 
scattering centers that contribute to the bright spot model 
are #1, #4, and #6. The bright spot model is Sh_i_0_90 ( t, τi ). 
Similarly, when the acoustic wave incidence angle is 
between 90° and 180° , the scattering centers contribut‐
ing to the bright spot model are #1, #2, and #4. In this 
case, the bright spot model is Sh_i_90_180 ( t, τi ). Corre‐
spondingly, two time – frequency observation matrices, 
Wi_0_90 (v, u, τi ) and Wi_90_180 (v, u, τi ), need to be constructed. 
Therefore, two mean square error curves and two wave‐
form similarity coefficient curves will be obtained in Step 8) 
of Section 4, as shown in Figure 9.

When the angle of acoustic incidence is within 0°<θ<
90°, the observation results of Wi_0_90 (v, u, τi ) are shown in 
Figures 9(a) and (c). The lowest point of the mean square 
error curve is located at τe = 0.004 6 s, with a correspond‐
ing error value of eMSE_0.004 6 ≈ 0.09. Meanwhile, the high‐
est point of the waveform similarity coefficient is located 
at τρ = 0.005 s, with a corresponding waveform similarity 
coefficient ρWSC_0.005 ≈ 0.09. τρ and τe are not the same; 
therefore, the angle of acoustic incidence is not within 0° <
θ < 90°. When the angle of acoustic incidence is within 
90° < θ < 180°, the observation results of Wi_90_180 (v, u, τi ) 
at this time, as shown in Figures 9(b) and (d). The lowest 
point of the mean square error is located at τe = 0.004 6 s, 
corresponding to eMSE_0.004 6 ≈ 0.09, while the highest point 
of the waveform similarity coefficient is located at τρ =
0.004 6 s, corresponding to ρWSC_0.046 ≈ 0.85. τe and τρ are 
consistent. Furthermore, eMSE is smaller than that at 0° < 
θ < 90°, and ρWSE is larger than that at 0° < θ < 90°, indi‐
cating that the acoustic wave incidence angularity is with‐
in 90° < θ < 180°. Therefore, the time for the target echo 
to arrive at the receiving end of the active sonar is approxi‐
mately 0.004 6 s.

Aiming to verify the effectiveness of the time-delay esti‐
mation algorithm proposed in this paper, this algorithm is 
compared with the MF method. The relative errors of the 
time delay estimation are discussed under different inter‐

Figure 9　 Mean square error curves and waveform similarity 
coefficient curves for different scenarios
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ference sources, including reverberation and noise. The 
calculation of the relative error ε is shown in Eq. (25).

ε =
|τestimate − τr|

τr

(25)

where τestimate is the estimated delay, and τr is the true delay, 
Monte Carlo 500 times and observe the results.

As shown in Figure 10, the “blue squares” indicate the 
delay estimation performance of the FrFT–FSWT joint 
time– frequency analysis method using mean square error 
as the evaluation parameter. The “red circles” indicate the 
performance of the same method evaluated by the wave‐
form similarity coefficient. The “yellow asterisks” denote 
the delay estimation performance of the MF method. The 
“red circle” represents the delay estimation performance 
of the joint FrFT–FSWT time–frequency analysis method 
using the waveform similarity coefficient as the evaluation 
parameter, while the “yellow asterisk” denotes the perfor‐
mance of the MF method. As shown in Figure 10(a), the 
performance of MF deteriorates substantially when the 
SRR falls below −3 dB. Under an SRR = −10 dB, the rela‐
tive error of the joint FrFT–FSWT algorithm is reduced by 
66.7% – 88.9% compared to MF. Similarly, Figure 10(b) 
shows that MF performance deteriorates when the SNR 
drops below −19 dB. At an SNR = − 25 dB, the FrFT –
FSWT joint algorithm achieves a 65.9%–91.5% lower rela‐
tive error than MF. These results indicate that the delay 
estimation performance of MF deteriorates substantially 
under lower SRR/SNR conditions, whereas the FrFT–FSWT 
algorithm, particularly when evaluated using the mean square 
error, exhibits more stable and robust performance.

6  Analysis of experimental data

Experiments conducted in a lake are performed to verify 
the effectiveness of the proposed time-delay estimation 
algorithm in a strong reverberation background. The trans‐
mitted signal parameters and target size information used 
in these tests are the same as those used in Section 4. The 
lake has a depth of 3 m. The target was towed to a desig‐
nated location by a small sampan and buried in the lakebed. 
The sensor was suspended by a cable from a survey ves‐
sel, which was anchored to the shore with a mooring line. 
The transmitting array was connected to the receiving array 
to form a transceiver-combined sonar system. A schematic 
of the test instrumentation is shown in Figure 11, which 
includes a signal generator, power amplifier, data collector, 
transceiver-combined transducer, and personal computer. 
The array is highly directional, with a horizontal directivity 
opening angle of 6° and a vertical directivity opening angle 
of 30°. The main flap of the transmitting array is oriented 

toward the target to minimize reverberation intensity, given 
the strong reverberation in the echo signals when using 
active sonar to detect a submerged target.

As shown in Figure 12, the reverberation in the experi‐
mental data is strong, and the time frame in which the signal 
appears cannot be clearly observed. As shown in Figure 13, 
the delay value estimated by the MF is approximately 
0.002 3 s. The delay estimation result using the FrFT–FSWT 
is shown in Figure 14, where the mean square error curve 
indicates that τe occurs at 0.055 s, with the acoustic inci‐
dence angle ranging between 0° and 90° . As shown in 
Figure 15, the highest point of the curve of the waveform 
τρ similarity coefficient also occurs at 0.055 s. Compared 
with the real delay value of 0.056 6 s, the relative error is 
2.83%. As shown in Figure 14, the mean square error remains 

Figure 10　Proposed method performance under different SNR and 
SRR values

Figure 11　Schematic of test apparatus
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low until approximately 0.04 s, and in Figure 15, the wave‐
form similarity coefficient remains high until 0.04 s. This 
finding indicates that the reverberation is strong before 
0.04 s. Therefore, under strong reverberation conditions, 
the MF estimate corresponds to the time when the rever‐
beration first appears. Based on the time-delay estimation 
result τestimate = 0.055 s from the FrFT–FSWT, the acoustic 
wave incidence angle is calculated to be approximately 
equal to 4.2°. The hemispherical head side of the underwa‐
ter target is facing the sonar, and the straight-line distance 
from the sonar to the target is approximately 41.25 m. The 
relative position is shown in Figure 8(a).

Figure 15　Waveform similarity coefficient curve

Figure 12　Received signal in the time and time–frequency domains

Figure 13　Matched filter delay estimation results

Figure 14　Mean square error curve
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7  Conclusions

In this paper, based on geometric acoustics theory and 
the parameters of a typical bright spot model, a bright spot 
parameter model for the experimental target is deduced.

Compared with the WT, STFT, and WVD algorithms, 
the FSWT algorithm is selected for its superior perfor‐
mance. FSWT is used to reconstruct multiple geometrical 
target echo signals in the time–frequency domain.

The FSWT algorithm alone cannot accurately determine 
the κ-value for broadband signals. Thus, this paper introduces 
the FrFT algorithm to address this issue. By rotating the LFM 
pulse into the u-domain using a certain angle, the broad‐
band signal is transformed into a single-frequency signal, 
allowing for the derivation of an expression for the corre‐
sponding κ -value. Simulation results further verify that the 
FrFT–FSWT algorithm exhibits better anti-interference per‐
formance compared to the standalone FSWT algorithm.

In this paper, a time – frequency observation matrix for 
different incident angles is constructed based on the known 
geometric acoustic scattering characteristics of the target. 
This matrix is combined with the FrFT–FSWT algorithm 
to suppress reverberation and noise in the received signal. 
The signal is reconstructed using IFSWT from the de-tem‐
poralized time – frequency observation matrix. The recon‐
structed signals are compared with the theoretical highlight 
model under different delay conditions using the mean square 
error and waveform similarity coefficients. The optimal time 
delay estimation is determined based on the results.

Simulation analysis and experimental data show that, 
compared to the MF method, the algorithm proposed in 
this paper exhibits superior performance in time delay esti‐
mation. This improvement offers a novel approach for esti‐
mating the azimuth of shallow-water submerged targets.

Funding  Supported by the State Key Laboratory of Acoustics and 
Marine Information Chinese Academy of Sciences (SKL A202507).

Competing interest  Xiukun Li is an editorial board member for 
the Journal of Marine Science and Application and was not involved 
in the editorial review, or the decision to publish this article. All 
authors declare that there are no other competing interests.

References

Challinor C, Cegla F (2024) Pulse compression with and without 
matched filtering: Why codes beat chirps. NDT & E International 
147: 103180. DOI: 10.1016/j.ndteint.2024.103180

Ding FL, Chi C, Li Y, Huang HN (2023) Variational Bayesian 
inference time delay estimation for passive sonars. Journal of 
Marine Science and Engineering 11(1): 3-15. DOI: 10.3390/j.
mse.2022.110194

Drake SP, Mckerral JC, Anderson BDO (2023) Single channel 
multiple signal classification using Pseudo-Doppler. IEEE Signal 
Processing Letters 30: 1587-1591. DOI: 10.1109/LSP.2023.3327899

Guo Y, Yang LD (2022) LFM signal optimization time-fractional-
frequency analysis: Principles, method and application. Digital 
Signal Processing 126: 103505. DOI: 10.1016/j.dsp.2022.103505

Hama Y, Ochiai H (2019) Performance analysis of matched-filter 
detector for MIMO spatial multiplexing over Rayleigh fading 
channels with imperfect channel estimation. IEEE Transactions 
on Communications 67(5): 3220-3233. DOI: 10.1109/TCOMM. 
2019.2892758

Hu MT, Wang GF, Ma ML, Cao ZH, Yang S (2021) Bearing 
performance degradation assessment based on optimized EWT 
and CNN. Measurement 172: 108868. DOI: 10.1016/j.measurement. 
2020. 108868

Jiang J, Yang TC, Pan X (2020) Beam-time delay domain 
deconvolved scheme for high-resolution active localization of 
underwater targets. The Journal of the Acoustical Society 
America 148: 3762-3771. DOI: 10.1121/10.0002780

Li GD, Wu JS, Tang TL, Chen ZX, Chen J, Huang L (2019) 
Underwater acoustic time delay estimation based on envelope 
differences of correlation functions. Sensors 19(5): 1259. DOI: 
10.3390/s19051259

Nicos E, Sheraz A, Tzioyntmprian TR, Michalis PM, Herodotos H 
(2024) Enhancing prediction accuracy of vessel arrival times 
using machine learning. Journal of Marine Science and Engineering 
12(8): 1362. DOI: 10.3390/jmse12081362

Omair A, Ahmet S (2024) LFM signal parameter estimation in the 
fractional Fourier domains: Analytical models and a high- 
performance algorithm. Signal Processing 214: 109224. DOI: 
10.1016/j.sigpro.2023.109224

Qasaymeh MM, Gami H, Tayem N, Sawan ME, Pendse R (2009) 
Joint time delay and frequency estimation without Eigen-
decomposition. IEEE Signal Processing Letters 16(5): 422-425. 
DOI: 10.1109/LSP.2009.2016483

Shen SY, Zhang XY, Liu YF, Xu SL, Fang JJ, Hu YH (2022) Degree 
of polarization calculation for laser backscattering from typical 
geometric rough surfaces at long distance. Remote Sensing 14(23): 
6001. DOI: 10.3390/rs14236001

Sheng ZP, Xu YG, Zhang K (2021) Applications in bearing fault 
diagnosis of an improved Kurtogram algorithm based on flexible 
frequency slice wavelet transform filter bank. Measurement 174: 
108975. DOI: 10.1016/j.measurement.2021. 108975

Shi C, Wang YJ, Wang F, Salous S, Zhou JJ (2019) Low probability 
of intercept-based OFDM radar waveform design for target time 
delay estimation in a cooperative radar-communications system. 
IET Radar, Sonar and Navigation 13(10): 1697-1704. DOI: 10.1049/
iet-rsn.2019.0172

Sun SJ, Li XK, Meng XX (2015) Time-frequency domain blind 
source separation of geometrical structure of underwater target 
echo. Journal of Harbin Engineering University 36(8): 1030-
1035. DOI: 10.3969/j.issn.1006-7043.201402037

Tang G, Qi C, Liu G (2004) Time delay estimation of Gaussian signal 
in non-Gaussian spatially correlated noise. Neural Networks & 
Signal Processing, Nanjing, China, 639-642

Wang J, Wang H, Bourennane YW (2023) Low complexity joint 
angle and delay estimation for underwater multipath acoustic 
channel based on sparse Bayesian learning. Applied Acoustics 
214: 109-123. DOI: 10.1016/j.apacoust.2023.109703

Wang YY, Chen JT, Fang WH (2001) TST-MUSIC for joint DOA-
delay estimation. IEEE Transactions on Signal Processing 49(4): 
721-729. DOI: 10.1109/78.912916

Wu TY (2000) New methods for time delay estimation of non-
Gaussian signal in unknown Gaussian noises using third-order 
cumulants. Electronics Letter 38: 930-931. DOI: 10.13140/RG. 

324



G. Yu et al.: Time Delay Estimation of Target Echo Signal Based on Multi-bright Spot Echoes

2.2.29241.19044
Xia Z, Li X, Meng X (2016) High resolution time-delay estimation 

of underwater target geometric scattering. Applied Acoustics 114: 
111-117. DOI: 10.1016/j.apacoust.2016.07.016

Yan FG, Jin M, Zhou HJ, Wang J, Shuai L (2020) Low-degree root-
MUSIC algorithm for fast DOA estimation based on variable 
substitution technique. Science China-Information Sciences 63(5): 
159206. DOI: 10.1007/s11432-018-9635-0

Yan Z, Miyamoto A, Jiang Z (2011) Frequency slice algorithm for 
modal signal separation and damping identification. Computers 
and Structures 89(1): 14-26. DOI: 10.1016/j.compstruc.2010.07.011

Yan Z, Sun R, Jiang S, Song TT, Gao TZ (2023) Improved variable 
step adaptive filtering algorithm and its application in time delay 
estimation for continuous wave dual-sensor pulse signals. 
Geoenergy Science and Engineering 230: 221-238. DOI: 10.1016/
j.geoen.2023.212268

Zhang ZH, Zhong YT, Xiang JW, Jiang YY (2020) Phase correction 
improved multiple signal classification for impact source 

localization under varying temperature conditions. Measurement 
152: 107374. DOI: 10.1016/j.measurement.2019. 107374

Zhao G, Zheng W, Sun NW, Shen S, Wu XY (2022) Acoustic 
shooting and bounce ray method for calculating echoes of 
complex underwater targets. Applied Sciences 12(22): 11707. 
DOI: 10.3390/app122211707

Zhao Z, Liu C, Li YW, Li YX, Wang LY, Lin BS, Li JQ (2019) Noise 
rejection for wearable ECGs using modified frequency slice 
wavelet transform and convolutional neural networks. IEEE 
Access 7: 34060-34067. DOI: 10.1109/ACCESS.2019.2900719

Zhou F, Fan J, Wang B, Zhou YL, Huang JF (2022) Acoustic barcode 
based on the acoustic scattering characteristics of underwater 
targets. Applied Acoustics 18: 1-12. DOI: 10.1016/j. apacoust. 
2021. 108607

Zhou H, Bao XP, Zhang HG (2024) Scale property prediction of 
typical multi-highlight target echoes and its experimental validation. 
IEEE Access 12: 164672-164681. DOI: 10.1109/ACCESS. 2024. 
3492157

325


