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Abstract: The utilization of broadband quantization data increases the possibility of practical applica-
tions for fish target recognition based on the acoustic scattering theory. However, the quantification
of broadband data is more complex than that of narrowband systems, requiring consideration of the
broadband characteristics of split-beam transducers, seawater absorption, and circuits. This paper
elucidates the scatterer acoustic field equation, transducer power equation, and signal processing
flow in split-beam broadband quantization technology for engineering applications. A broadband
calculation model based on transducer parameters is proposed to enhance the generalization ability of
broadband quantization technology to different types of sonar. The classical echo integration method
is combined with Fourier transform to meet the requirements of target strength (TS) estimation
under broadband signals. This paper includes a series of experiments to prove the rationality and
effectiveness of the method. The results demonstrate that the provided calculation model can more
accurately reflect the backscattering characteristics of the scatterer, but certain errors remain. This
article analyzes the sources of errors and validates the effectiveness of the new TS calculation method.

Keywords: split-beam echosounder; broadband technology; target strength; Helmholtz-Thevenin
circuit; echo integration; Fourier transform; fisheries acoustics

Key Contribution: By combining scatterer acoustic field theory, an equivalent circuit for the transducer,
and digital signal processing technology, the broadband TS calculation principle for fish is derived in
detail, and a new broadband TS estimation method is proposed.

1. Introduction

Acoustic detection technology based on scientific echosounders is widely used in the
field of fishery resource investigation [1–9]. This type of echosounder performs vertical or
horizontal detection underwater by transmitting and receiving acoustic waves [1]. The sound
pressure is converted to an electrical signal by the transducer and amplified by the circuits,
and echo integration is used to analyze the target scattering characteristics [2–8]. The split-
beam method is an improvement based on single-beam technology [9] and it is one of the
mainstream methods for measuring the backscattering cross-section of marine organisms [5,7].
The principle is that by splitting the receiving plane array into four quadrants [2,3,5–7], and
then employing the principle of time delay positioning [10], Assuming that the values of
the beam pattern at all angles in space are known, the influence of the beam pattern can be
removed based on the calculated target position [2,5–7]. In principle, the TS of the detected
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object can be calculated through a single echo calculation. Simrad EK500 and EK60 are
narrow-band split-beam echosounders commonly used in fishery acoustic surveys [5,11–13].
Among these, the EK500 operation manual proposes TS calculation based on the power
budget equation. The formula is deformed based on the radar equations, and the TS value is
derived, based on the spherical scattering cross section [14]. The spherical scattering cross
section corresponds to the radar scattering cross section in the radar equation [15,16], which
needs to be divided by the spatial angle to convert it into the acoustic backscattering cross
section [17]. Lunde derived the calculation formulas of narrow-band devices such as EK500
and EK 60 in detail by using acoustic models [11]. Although the formula is reasonable, the
definition of transducer array gain G is too complex. Most calculation methods rely on
equipment and calibration parameters [1,3,5,6,11–13] and do not mention the processing of
the beam pattern. EK80 is currently one of the most mainstream broadband split-beam echo
sounders and is considered to be the next-generation device to replace EK60 [12,13]. Most
broadband split-beam research is based on this assumption. Lars Nonboe Andersen provided
a comprehensive introduction to the quantitative processing of broadband data using the
EK80 broadband system [7]. The TS calculation formula was derived based on Lunde’s
formula, which lacks an analysis of the processing of the beam pattern under the broadband,
and the transducer gain parameter G in the equation relies on the broadband calibration of
the standard scattering sphere [7,12,13,18]. The calibration of broadband equipment is more
complicated. Due to the multiple resonances of the sphere within the broadband [19], a rigid
sphere of specific material is generally selected as a reference, ensuring the effectiveness of
the calibration of the broadband equipment [20]. Dezhang Chu also stated that during the
process of designing calibration experiments for broadband systems, calibration is essential
in order to obtain high-quality acoustic data [21]. Broadband systems bring more information
to fishery acoustics [7,12,22], but data processing is complex and unclear. Although most
of the formulas have been proven to be reasonable [7,11], the current calculation methods
for broadband systems do not provide a complete acoustic scheme. An over-reliance on
calibration information makes it impossible to obtain a valid absolute estimate of the TS
value in some scenarios in which there are no standard scatterers. To combine broadband
technology with split-beam echo sounders, this article takes the scientific echosounder EK80
as the research object and carries out the following research.

The main purpose of this article is to:

1. Derive the radiation and single target scattering model of the circular piston transducer
under far-field conditions. The calculation formula for the backscattering cross section
under a single target is given by combining the Helmholtz-Thevenin equivalent
circuits model and the acoustic parameters of the transducer.

2. Establishes a processing flow for broadband data under a single target and derives
the echo integration under broadband based on Fourier transform.

3. Using EK80 as the experimental object, this research designs several transducer
parameter test experiments and a copper ball TS measurement experiment to compare
and verify the accuracy of the calculation model.

2. Materials and Methods
2.1. Single-Target Scattering Model and Backscattering Cross Section in the Far Field

The derivation is based on the free field. Both the scatterer and the transducer satisfy
far-field conditions, and the finite amplitude effect is ignored [23,24]. The transducer is a
transceiver and satisfies reciprocity.

Figure 1 shows a simplified detection scenario in a typical monostatic configuration,
where the transducer is a circular piston transducer, and the spherical coordinate system is
established based on the equivalent acoustic center of the transducer plane. Considering
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absorption loss, the sound pressure p of the reference point (r, θ) in the sound field is shown
in Equation (1) [25].

p(r, θ) = jρwcwku0a2e−jkr 10−αr/20

r
J1(kasin(θ))

kasin(θ)
(1)
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Figure 1. Schematic of a single fish backscatter acoustic system, with an electroacoustic transducer as
the transmitter and receiver of the acoustic signal.

Among these, ρw is the density of water, cw is the sound velocity of water, k is the
wave number, u0 is the particle vibration velocity, a is the diameter of the transducer, α Is
the absorption coefficient of the medium, and J1 is the first-order Bessel function. For the
convenience of subsequent analysis, we take the reference distance r0 and set the sound
pressure amplitude as p0, ignoring the time-harmonic factor e−jkr, to obtain the radiation
sound pressure amplitude of the transducer in the sound field as shown in Equation (2) [24],
Equation (3) is the expression of the beam pattern [25].

|p(r, θ)| = p0
10−αr/20

r
b(θ) (2)

b(θ) =
J1(ka sin(θ))

ka sin(θ)
(3)

It is assumed that the object in Figure 1 is a single object of any shape or material, or a
collection of various types of objects of different types of materials. The overall volume
is limited to meet the requirements that it should be smaller than the first Fresnel zone of
the sound beam, which can be completely engulfed by the sound beam. Objects that meet
these requirements can be considered as a single target for analysis, and their scattering
characteristics can be regarded as scattering from point-like objects [17]. It is assumed
that the far field conditions for point scattering are met. Taking the backscattered sound
pressure amplitude pbs0 at the reference distance r0 as the initial value before the spherical
diffusion of the sound pressure, the scattered wave is received by the transducer in the
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form of a plane wave. Then the sound pressure pbs generated by the scatterer at the sound
center of the transducer can be obtained, as shown in Equation (4).

pbs =
pbs0

r
10−αr/20 (4)

Based on the physical definition of the backscattering cross-section mentioned previ-
ously [26], Equation (5) can be obtained.

pbs0

|p(r, θ)| =
√

σbs

r0
(5)

According to Equations (2)–(5), the final amplitude of sound pressure generated on
the surface of the transducer can be obtained using Equation (6).

pbs = pbs0
10−αr/20

r
= p0

10−αr/10

r2 b(θ)
√

σbs (6)

To calculate the backscattering cross-section of the target, Equation (6) is deformed,
and the backscattering cross-section with respect to the square ratio of the sound pressure
amplitude is obtained, as shown in Equation (7).

σbs =

(
pbs
p0

)2 r410−2αr/10

b2(θ)
(7)

Equation (7) is then converted into TS [17,26], as shown in Equation (8).

TS = 20log (pbs)− 20log (p0) + 40log(r) + 2αr − 20log (b(θ)) (8)

Theoretically, by measuring the emission sound pressure value and the scattering
sound pressure value, calculating the spatial coordinates of the scattering target, and finally
combining them with absorption loss of the medium, the backscattering cross section can
be acquired, and then the TS can be obtained. In the next section, the connection between
the sound pressure amplitude and the circuit system will be introduced and the theoretical
calculation equation of the TS in broadband scenarios will be provided.

All the symbols and variables in Section 2.1 are presented in Table A1 in Appendix A,
containing units and a brief description.

2.2. Equivalent Model of Helmholtz-Thevenin Circuit for Transducers

In order to obtain the relationship between the ratio of sound pressure to the circuit,
we must focus on describing the conversion performance of the acoustic and electrical
signals of the transducer, which is defined as the sensitivity of the transducer. It is assumed
that the transducer satisfies reciprocity, is passive, that the voltage it transmits and receives
is linear in relation to the sound pressure, and that the free-field condition is satisfied. The
transmitting sensitivity su and receiving sensitivity mu of the transducer are defined by
voltage as follows [27,28]:

su =
p0

VT
, mu =

Vo

pax
(9)

where p0 is the axial sound pressure value generated at the reference point at VT voltage,
and Vo is the open-circuit voltage generated at the equivalent axial sound pressure pax. The
non-axial incident sound pressure will be affected by the beampattern of the transducer’s
receiving array. According to the reciprocity of the transducer [11], the beampattern when
transmitting is consistent with the beampattern function expression when receiving, so the
axial sound pressure amplitude is equivalent to

pax = pbsb(θ) (10)
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According to the Equation (10), the formula for the backscattering cross-section can
be expressed with the transmitting sensitivity, receiving sensitivity, beam pattern, and
sampled voltage, as shown in Equation (11).

σbs =

(
Vo

sumuVT

)2 r410−2αr/10

b4(θ)
(11)

Usually, the transducer works together with the matching circuit in the receiving state.
In order to obtain the voltage in Equation (11), it is necessary to combine the transducer
and its matching circuit for analysis.

The left side of Figure 2 shows a simplified circuit when the transducer is in the
transmitting state [5,7,11]. The equivalent impedance of the transducer is ZT , in which
the resistance RT of the transducer is the real part of the impedance. The active power
transmitted by the circuit can be expressed as Equation (12),

ΠT =
|VT |2

2|ZT |2
RT (12)
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Figure 2. Helmholtz-Thevenin equivalent model for the transceiver circuit, in which the dotted line
indicates the transducer. In the transmit mode, the transmit circuit can be regarded as a voltage
source. In receiving mode, the voltage VR across the resistor RE of the matching circuit is sampled.

The transmit power can usually be measured using the power detection circuit. The
amplitude of the transmit voltage obtained by deforming Equation (12) can be expressed
as Equation (13).

VT =

√
2|ZT |2ΠT

RT
(13)

To take the effect of non-ideal impedance into consideration when the transducer is
receiving in the working state, the match circuit impedance ZE = RE + iXE needs to be
considered as consistent [24]. The right side of Figure 2 shows the receiving equivalent
circuit. The voltage collected on the equivalent resistance of the matching circuit is set to
VR. Then, the modulus value of the open-circuit voltage can be expressed as Equation (14):

Vo =

∣∣∣∣VR
RE

·(ZT + ZE)

∣∣∣∣ (14)

Usually, in order to ensure that the phase of the sampled electrical signal at each
frequency is consistent with the phase of the received sound pressure, and to ensure that
the time-domain waveform of the surface sound pressure of the transducer is consistent
with the time-domain waveform of the electrical signal of the transducer under broadband
signals, the matching circuit impedance ZE is designed to minimize the impact caused
by the reactance of the transducer [29]. Under ideal conditions, the parallel network of a
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transducer that completes impedance matching can be regarded as pure resistance RTE,
and its open-circuit voltage can be expressed as Equation (15).

Vo =

∣∣∣∣VR
RE

∣∣∣∣RTE (15)

In summary, the backscattering cross section of the target is shown as Equation (16).

σbs =
|VR|2R2

TERT

2s2
um2

u|ZT |2|RE|2ΠT

r410−2αr/10

b4(θ)
(16)

The impedance factor is defined as FImpe, and the logarithms of the transmit and
receive sensitivity are expressed as Su and Mu:

FImpe =
R2

TERT

2|ZT |2RE
2

(17)

Su = 20log(su), Mu = 20log(mu) (18)

Combining Equations (8) and (16)–(18), the TS can be obtained as shown in Equation (19):

TS = 20log(VR) + 10log
(

FImpe
)
− 10log(ΠT)− Su − Mu + 40log(r) + 2αr − 40log(b(θ)) (19)

In the actual measurement process, the impedance factor can be calculated by mea-
suring the impedance of the transducer and the impedance of the matching circuit. The
receiving sensitivity and transmitting sensitivity of the transducer are obtained by mea-
suring the sound pressure at the acoustic axis of the specific transmitting and receiving
circuit, using an oscilloscope and another transducer [30]. These parameters are usually
provided in the transducer’s parameter manual. The beam pattern function can be obtained
by measuring the echo level of a standard metal ball at different angles [5], or by using a
standard sound source [6] and fitting the obtained data through polynomial fitting.

Under a broadband signal, frequency variables can be introduced into the above
equations, and considering the difference in the transducer beam pattern at different
frequencies, the TS Equation (20) under broadband can be obtained,

TS( f ) = 20log(VR( f )) + 10log
(

FImpe( f )
)
− 10log(ΠT( f ))− Su( f )− Mu( f )

+40log(r) + 2α( f )r − 40log(b(θ, φ, f ))
(20)

This expression only provides theoretical support for the estimation of broadband TS.
The echo integration method must be further derived in the actual calculation process.

All the symbols and variables in Section 2.2 are presented in Table A2 in Appendix A,
containing units and a brief description.

2.3. Echo Integration and Voltage Estimation under Broadband

Ignoring nonlinear effects and assuming that the power value and sound intensity
satisfy a proportional relationship, the echo integration [tivs] under narrowband signals
can be defined as the integral of the square of the received voltage over time [8,26]. For
the convenience of analysis, it is assumed that the echo from the target has a constant
amplitude A, frequency f, and phase φ, as shown in Equation (21).

v(t) = Acos(2π f t + φ) (21)

Among these, f = 1/T, where T is the period of the narrowband signal. The reference
resistance Rre f is set to 1 Ω. When the integration time τ is much larger than the period T,
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due to the periodicity of the cosine signal, the power Πre f can be derived from the echo
integration, as shown in Equation (22).

Πre f =
[tivs]
τRre f

≈ 1
TRre f

∫
T

v2(t)dt =
A2

2
(22)

Based on the calculated power and combined with the above equation, the TS of the
fish can be calculated. Compared with the original signal, the echo from fish usually shows
an expansion of pulse width and a fluctuation in amplitude over time [31–33]. During the
calculation of echo integration, the original signal is windowed to obtain the average TS
value of the target within the time window [11].

This can then be extended to broadband signals. Assuming that there is an ideal signal,
f1 ∼ fm covers m frequency points, each signal duration is T, and T satisfies T ≫ 1/ fi for

the frequencies of these signals to meet the periodic conditions derived in Equation (22), as
shown in Equation (23).

sideal(t) =


A1cos(2π f1t + φ1), 0 < t ≤ T

A2cos(2π f2t + φ2)
...

, T < t ≤ 2T

Amcos(2π fmt + φm), (m − 1)T < t ≤ mT

(23)

Regardless of the pulse width change in the echo signal, when limT→0, the weighted
average of each interval integral value over time can be obtained, as shown in Equation (24).

[tivs]
T

= lim
T→0

A2
i

T

(
sin4π fiT

4π fi
+

T
2

)
=

A2
i

2
(24)

In this way, the broadband echo integral is obtained under ideal condition. However,
in actual engineering applications, the time window cannot be infinitely close to zero;
therefore, it seems impossible to discretely sample the signal and perform echo integration
for each frequency. According to Fourier transform properties, the rotation factor e−j2π f t

of the Fourier transform can be used to estimate the amplitude squared of each frequency
of the all the echoes at each frequency [34]. The Fourier integral of the above signal is
expressed as Equation (25).

S( f ) =
∫

mT

sideal(t)e−j2π f tdt (25)

When f ̸= fi, the integral value is 0 due to the orthogonality of the rotation factor and
the signal, and when f = fi, the integral value is shown as Equation (26).

S( fi) =
AiT

2
ejφ

j2π
(26)

Taking its modulus, we can obtain an expression for the energy meaning of Ai.

Ai
2 =

16π2|s( fi)·s∗( fi)|
T2 (27)

In engineering applications, an LFM signal is introduced as a broadband signal for
analysis, and the expression of a typical LFM signal can be obtained in the real number
domain [35], as shown in Equation (28):

sLFM = Acos
(

2π f0t +
πF
T

t2
)
= Acos(2π( f 0 +

F
2T

t)t) (28)
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Its equivalent frequency fe = f0 +
F

2T t and the duration of all signals in a narrow band
can be regarded as an infinitely small value close to 0. The signals are time-varying in
frequency, so the results obtained using the traditional echo integration method include the
weighted average of all frequencies, which does not reflect the broadband characteristics of
the target. The Fourier integral is used to estimate the amplitude of the broadband signal,
and then the target broadband voltage response can be obtained.

In engineering, the received signals are sampled and quantified to obtain a discrete
sequence of analog signals. Assume that the received LFM signal can be expressed as
Equation (29), where An is the time domain response from the target.

x[n] = Ancos
(

2π fnn
fs

+ φn

)
(29)

Since the transmitted signal is an LFM signal and the frequency is time-varying, for
the convenience of analysis, the signal is subsequently converted into Fourier series form
and subjected to Hilbert transform. Since the Fourier transform of LFM includes a Fresnel
integral [36], the LFM frequency domain amplitude is instable, as shown in Figure 3; thus,
DFT cannot be used directly to obtain the frequency domain response. In order to obtain
the frequency domain response, this paper sets the ideal signal sent as the reference signal
and the amplitude of the reference signal to 1 and then performs the same processing, as
shown in Equations (30) and (31).

xcomplex[n] =
N−1

∑
i=1

Aiexp
(

2π fin
fs

+ φi

)
= An exp(

2π fnn
fs

+ φn) (30)

xre f [n] =
N−1

∑
i=1

Ciexp
(

2π fin
fs

+ φ‘
i

)
= 1· exp(

2π fnn
fs

+ φ′
n) (31)
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Figure 3. The upper left image shows the time domain form of the original LFM pulse, with a
frequency range of 160 kHz~260 kHz, and the upper right image shows the frequency domain form
of the original LFM pulse. The lower left image shows the signal after pulse compression. In order to
show the changes in amplitude after pulse compression, the image was not normalized. The image
on the lower right shows the spectrum after pulse compression processing. The amplitudes in the
figure are reference values, without specific units.

Ai, Ci in the above formula are amplitudes in the form of a Fourier series, which are
coupled with the sampling time and sampling frequency [37]; therefore, the time domain
window length and sampling frequency of the received signal and the reference signal
need to be consistent.
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Usually, the reference signal is pulse compressed with the received signal and itself,
as shown in Equations (32) and (33). This is performed to improve the signal-to-noise
ratio [38]. The overall amplitude of the spectrum changes, and the pulse width in the time
domain is compressed, as shown in Figure 3.

ypc = xcomplex
[
n
]
∗ conj

(
xre f

[
−n

])
(32)

yre f = xre f
[
n
]
∗ conj

(
xre f

[
−n

])
(33)

Attention: symbol * represents convolution operation in this paper.
The same reference signal is used for pulse compression. According to the convolu-

tion theorem and the principle of linear superposition [34], dividing the DFT results can
eliminate the changes in spectrum amplitude caused by pulse compression. In this way,
the amplitude ratio at each frequency can be obtained with Equation (34).

Xresponsor( f ) =
DFT

(
ypc

)
DFT

(
yre f

) =

∣∣∣∣∣N−1

∑
i=1

Ai
Ci

δ( f − fi)ej(φi−φ′
i)

∣∣∣∣∣ (34)

When the time domain amplitude of the reference signal is an arbitrary value, the l2
norm of the reference signal can be used to normalize the time domain of the reference signal:

Vnorm[n] = Vre f [n]

√√√√ N∥∥∥Vre f [n]
∥∥∥

2

(35)

According to Equations (29)–(35), the broadband amplitude of the received voltage
can be expressed by Equation (36):

VR( f ) =
DFT

[
VR[n] ∗ conj

(
Vre f [−n]

)]
DFT

[
Vre f [n] ∗ conj(V re f [−n]

)
]

√√√√∥∥∥Vre f [n]
∥∥∥

2
N

(36)

The overall process of calculating TS is summarized in Figure 4.

Fishes 2024, 9, x FOR PEER REVIEW 9 of 23 
 

 

𝑦 = 𝑥 [𝑛] ∗ 𝑐𝑜𝑛𝑗(𝑥 [−𝑛]) (32)𝑦 = 𝑥 [𝑛] ∗ 𝑐𝑜𝑛𝑗(𝑥 [−𝑛]) (33)

Attention: symbol * represents convolution operation in this paper. 
The same reference signal is used for pulse compression. According to the 

convolution theorem and the principle of linear superposition [34], dividing the DFT 
results can eliminate the changes in spectrum amplitude caused by pulse compression. In 
this way, the amplitude ratio at each frequency can be obtained with Equation (34). 

𝑋 (𝑓) = 𝐷𝐹𝑇(𝑦 )𝐷𝐹𝑇(𝑦 ) = 𝐴𝐶 𝛿(𝑓 − 𝑓 )𝑒 ( )  (34)

When the time domain amplitude of the reference signal is an arbitrary value, the 𝑙  norm of the reference signal can be used to normalize the time domain of the reference 
signal: 

𝑉 [𝑛] = 𝑉 [𝑛] 𝑁𝑉 [𝑛]  (35)

According to Equations (29)–(35), the broadband amplitude of the received voltage 
can be expressed by Equation (36): 

𝑉 (𝑓) = 𝐷𝐹𝑇[𝑉 [𝑛] ∗ 𝑐𝑜𝑛𝑗(𝑉 [−𝑛])]𝐷𝐹𝑇[𝑉 [𝑛] ∗ 𝑐𝑜𝑛𝑗(𝑉 [−𝑛])] 𝑉 [𝑛]𝑁  (36) 

The overall process of calculating TS is summarized in Figure 4. 

Broadband
Beam Pattern 
Measurement

Transducer Impedance 
Measurement

Transducer Sensitivity 
Measurement

Match Impedance 
Measurement

Before TS Calculate

Original Four 
Channel Data

FIR Filter
Hilbert 

Transform
Pulse Compress

Half Beam

PDOA

Whole Beam

TS Calculate

40logR+2αR
TVG

DFT

Water Parameters 
Measurement

Sound Velocity
Absorption 
Coefficient

Beam Pattern 
Data

Impedance
Data

Sensitivity
Data

Water 
Parameters

TS Calculate base on Split-beam Echosounder 

 
Figure 4. Overall data processing block diagram of a broadband split-beam echosounder. Before 
performing TS measurement, the data shown on the left side of the figure must be measured. The 
TS calculation includes a filtering algorithm, a positioning algorithm, and seawater absorption 
coefficient calculation. Due to space limitations, this is not explained in the text. 
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the influence of the beam pattern on the full-beam TS estimation is removed [2,6,7]. In 

Figure 4. Overall data processing block diagram of a broadband split-beam echosounder. Before
performing TS measurement, the data shown on the left side of the figure must be measured. The TS
calculation includes a filtering algorithm, a positioning algorithm, and seawater absorption coefficient
calculation. Due to space limitations, this is not explained in the text.
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Among the calculations, the FIR filter is a commonly used noise reduction method [7,39].
The full beam is used for echo integration to obtain an estimate of TS. The phase difference
of the half-beam is used to obtain the target position in the beam pattern, and the influence
of the beam pattern on the full-beam TS estimation is removed [2,6,7]. In order to realize the
above calculation process, experiments need to be designed to measure the above parameters.

All the symbols and variables in Section 2.3 are presented in Table A3 in Appendix A,
containing units and a brief description.

3. Results
3.1. Transducer Sensitivity and Impedance Parameters

The experiment used the EK80 split beam echosounder system and selects the ES200-
7C split beam broadband transducer with a nominal frequency of 200 kHz as the experi-
mental object. The transducer manufacturer, Simrad AG (now Kongsberg Maritime AG), is
located in Horten, Norway. Its parameters are shown in Table 1.

Table 1. Partial parameters of the ES200-7C transducer.

Parameters Values

Transducer ES200-7C
Nominal frequency (kHz) 200

Frequency range (kHz) 160~260
Beam type Split-Beam

Nominal beam width (◦) 7
Nominal Impedance (Ω ) 75

Diameter (mm) 120

The sensitivity parameters and impedance under broadband were tested by the manu-
facturer [40], and the results are shown in Figure 5.
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Figure 5. (a) The impedance of the ES200-7C transducer; (b) the sensitivity of the ES200-7C, which
includes receiving sensitivity and transmitting sensitivity.

The impedance of the ES200-7C transducer near the nominal frequency is about 75 Ω,
and the impedance is significantly greater than 75 Ω at low and high frequencies far from
the center frequency. The real and imaginary reactance of the impedance vary significantly
with frequency. In a circuit, resistance dissipates energy, and reactance changes the phase
of the signals at different frequencies. For the transmission circuit, digital signal processing
technology can be used to perform amplitude compensation or phase compensation to
maintain good phase and amplitude consistency in the final transmitted signal [41].For
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the receiving circuit, a matching impedance network is built to reduce the impact of the
nonlinear response of the transducer in the frequency domain, so that the sampled signal
can be approximately proportional to the sound pressure value [29].

3.2. Matching Circuit Impedance Inversion Measurement

Since the broadband impedance data of the matching circuit inside the EK80 processor
is not publicly available, a broadband sound source detection experiment must be designed
to estimate the impedance of the EK80 matching circuit. This experiment was conducted in
an anechoic pool with a length of 7 m, a width of 6 m, and a depth of 5 m. The sound source
and standard hydrophones used the same model of hydrophones, and their parameters are
shown in Table 2.

Table 2. Hydrophone parameters were used in the experiment.

Parameters Values

Hydrophone type Standard hydrophone
Model TC4038-4

Effective frequency (MHz) 0.02~0.8
100 kHz receiving sensitivity (dB re 1V/µPa @1 m) −238.09
300 kHz receiving Sensitivity (dB re 1V/µPa @1 m) −237.81

Transmitting sensitivity (dB re 1µPa/V @1 m) 100~120
Horizontal directivity pattern (◦) 360

Vertical directivity pattern (◦) 120

The signal source uses DSG815, which can send AM, FM, and pulse signals in the
frequency range of 9 kHz~1.5 GHz. The oscilloscope uses DS1102 with an analog bandwidth
of 100 MHz, which can cover the bandwidth involved in this experiment.

The impedance can be calculated from the receiving sensitivity, sampling voltage
value, and transducer impedance curve, as shown in Equation (37).

RE =
VRRT

mu pr − VR
(37)

The parameters for the transmit signal and acquisition settings are shown in Table 3.

Table 3. Experimental emission signal parameters and oscilloscope sampling frequency.

Parameters Values

Signal type Linear FM
Pulse duration (ms) 1

Frequency range (kHz) 160~260
Transmitting amplitude (V) 3

Receiving amplifier gain (dB) 120
Oscilloscope sample frequency (MHz) 1

In order to estimate the equivalent impedance curve of the receiving matching circuit,
the transducer was placed in the receiving state, and the EK80 system sampling voltage and
standard hydrophone sound pressure were recorded. The experimental design is shown in
Figure 6.
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Figure 6. The dx and ds are set to 5 m, the sound source is in the axial direction of ES200-7C, and the
hydrophone is placed near ES200-7C. Both are within the far-field range of the sound source. The
sound pressure is kept consistent, according to the directivity of the sound source.

The sound source emits a broadband signal, and the transducer collects it using passive
mode. The time domain voltage value sampled by the hydrophone is converted into the
frequency domain sound pressure value pax( f ) using DFT and the sensitivity parameters,
and then the voltage value sampled by the EK80, and the sound pressure value collected
by the hydrophone are brought into the above formula. The calculated results are shown in
Figure 7.
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The impedance trend of the matching circuit is relatively consistent with that of the
transducer. The changes in impedance near the frequency of 180 kHz to 220 kHz are small,
and above 220 kHz the impedance changes significantly. Over most of the frequency range,
the overall impedance value hovers in the range of 5350 to 5400 Ω.

3.3. Transducer Beam Pattern Measurement

Using the previous instrument, we continued to measure the beam pattern of the
transducer in a broadband scenario, and the experimental design is shown in Figure 8.
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Figure 8. Beam pattern measurement experimental design. The distance d is set to 5 m to meet the
far-field conditions of the transducer.

The transducer sends an LFM signal, the parameters are consistent with Table 3, and
the hydrophone is used to record the sound pressure values at different angles. The received
sound pressure values are subjected to discrete Fourier transform to obtain the sound
pressure components at each angle. By taking the maximum point of the sound pressure
ratio at the center frequency as the sound axis direction, the beam patterns at different
frequencies can be obtained. The transducer is then rotated 90◦ and the measurement is
repeated to obtain a beam pattern in the orthogonal direction.

The beam width measurement results are obtained from both directions, and the
partial measurement results of the acoustic axis offset are shown in Table 4. The off-axis
deviation in both directions can be calculated by the difference between the maximum
value of the beam pattern and 0◦, and the beam width is obtained from the difference
between the left and right sides at −3 dB.
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Table 4. Transducer beam pattern measurements result.

Frequency
(kHz)

Alongship
Beamwidth (◦)

Athwartship
Beamwidth (◦)

Alongship
Axis Bias (◦)

Athwartship
Axis Bias (◦)

160 8.21 8.12 −0.04 0.05
165 7.82 7.76 −0.06 0.04
170 7.46 7.38 −0.05 0.06
175 7.12 7.08 −0.04 0.05
180 6.74 6.70 −0.05 0.04
185 6.47 6.46 −0.06 0.04
190 6.28 6.26 −0.06 0.06
195 6.14 6.08 −0.06 0.05
200 5.93 5.96 0 0
205 5.84 5.89 −0.04 0.02
210 5.66 5.70 0.01 0.03
215 5.46 5.58 0 0.04
220 5.40 5.51 0.02 0.02
225 5.36 5.44 0.01 0.03
230 5.30 5.31 0.01 0.03
235 5.18 5.18 0.03 0.02
240 5.10 5.13 0.03 0.02
245 5.05 5.07 0.01 0.02
250 4.98 5.01 0.04 0.04
255 4.92 4.96 0.02 0.01
260 4.85 4.92 0.03 0.02

During the measurement process, the beam pattern measurement results indicated
a certain deviation in the acoustic axis. In the calculation the deviation parameter of the
acoustic axis must be introduced, the measured beam pattern is polynomial fitted using the
angle of two directions as independent variables, and the following beam compensation
relationship is obtained [5], as shown in Equation (38), and Equation (39) describes the
two variables.

b
(
θathwart, θalong

)
= 10−0.0753∗[(Fathwart)

2+(Falong)
2−0.18(Fathwart)

2·(Falong)
2] (38)

Fathwart =

∣∣θathwart − θathwart,bias
∣∣

θathwart,beamwidth
2

, Falong =

∣∣∣θalong − θalong,bias

∣∣∣
θalong,beamwidth

2

(39)

It should be noted that to simplify the compensation of the beam pattern, spherical
coordinates are not used here, but angles in two azimuths are used, and the conversion of
the angles in spherical coordinates is expressed as Equation (40).{

θathwart = arctan2(tanθsinφ)
θalongship = arctan2(tanθcosφ)

(40)

When calculating the compensation value of the beam pattern, it is only the necessary
to us the calculated azimuth angles of the target in two orthogonal directions.

3.4. Copper Ball Broadband TS Measurement

For broadband measurement, the scattering of metal balls is considered simple and
ideal, and their frequency response is relatively stable in broadband. By measuring the
TS of a standard scattering sphere, the rationality and effectiveness of the TS estimation
algorithm can be evaluated [20]. This experiment was conducted in an anechoic pool with
length, width and depth of 7 m, 6 m, and 5 m, respectively.

Before the experiment, it was necessary to measure the underwater parameters and
the standard scattering sphere parameters and to set the emission signal parameters. The
parameters calculated by consulting the literature are shown in Table 5 [21,42].
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Table 5. Water parameters, copper ball parameters, and emission signal parameters; some parameters
were directly derived from the literature or were calculated according to methods therein.

Parameter Values

Water Parameters

Temperature (◦C) 23.2
Salinity (‰) 0
Depth (m) 2.0

Density
(
kg/m3 ) 0.9975

Sound velocity (m/s) 1486.5

Copper Parameters

Material Copper
Diameter (mm) 63

Density
(
kg/m3 ) 8947

Compressed wave speed 4760
Shearing wave speed 2288.5

Transmit Parameters

Type Linear FM
Pulse duration (ms) 1.024

Frequency range (kHz) 160~260
Transmit power (W) 150

Ping interval (ms) 200
Max range (m) 10

The layout of the experimental equipment is shown in Figure 9. The copper ball
and transducers were, respectively, loaded onto the traveling vehicle using a rotating
function. In order to verify the rationality and effectiveness of the broadband split beam
TS algorithm, we set the straight-line distance between the ball and the transducer to 5 m,
keeping the distance unchanged, and conducted an axial TS test. This was used to verify
the performance of the algorithm without the influence of the beam pattern. The transducer
was then rotated at intervals of 1◦ so that the copper ball was positioned at different angles
of the beam pattern to verify the performance of the split-beam positioning algorithm in
estimating the intensity of the nonaxial targets.
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We used the algorithm derived in this article to directly estimate the TS of the original
split-beam four-channel signal collected by the EK80, obtaining the TS data at different
angles and their mean square error at different frequencies in the same image, as shown in
Figure 10.
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at different angles.

It was discovered that in the low-frequency range, the measured datasets were rela-
tively stable, and the data dispersion was low. As the frequency increased, the dispersion
of the measured values gradually increased. Similar situations were also reported in the
literature [7,12,43].

The reason why these data fluctuate with the frequency may be explained as follows:

1. As the operating frequency of the transducer increases, the sensitivity of the transducer
to changes in the surrounding environment increases [44].

2. Under water, the higher the frequency, the shorter the wavelength, and the higher
the roughness of the target surface compared to the wavelength. Even for standard
spheres, there may be subtle differences in scattering characteristics on different
surfaces [5,20].

For point 1, it is assumed that the distribution of the coupled parameters is based
on the law of large numbers and the disturbance to the signal occurs in the Gaussian
distribution. Multiple pings of the original signals that meet the requirements can be
weighted and averaged before broadband TS estimation is performed to obtain values that
are closer to the true value [45].

For point 2, The waiting time after any movement operation during the measure-
ment process can be extended, and the smoothness of the surface and the overall shape
characteristics of the sphere to be measured can be ensured to meet the standards.

Due to the lack of professional instruments for measuring the differences in copper
ball surfaces and the lack of additional tests for copper balls, this paper adopted the first
method mentioned above to average the original collected signals.
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The standard sphere TS can be calculated from the parameters in Table 5 [46,47]. The
EK80 software also provides an estimate of TS during the data collection process. The
method described in the article, the EK80 measurement data, and the theoretical TS data of
the standard sphere were used for comparison. The results are shown in Figure 11.
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It can be seen that both methods show relatively consistent TS estimation performance,
but there is a certain deviation from the standard value. The estimates exhibit smaller
deviations in the frequencies from 190 kHz to 220 kHz. Far from the nominal frequency,
the deviations are larger and exhibit more fluctuations. The mean square error of the EK80
algorithm is slightly larger than that of the algorithm mentioned in the article. This may
be due to the need for recalibration as a long time has passed since the equipment was
last calibrated.

4. Discussion

The broadband quantification process for echo signals is much more complicated than
that under narrowband conditions, requiring the consideration of more parameters and
the use of circuit analysis and complex analysis to complete quantitative analysis [7]. Com-
pared with traditional methods, this method provides a more complete discussion of split
beam technology and broadband technology. Although the steps seem more cumbersome
and require professional instruments and equipment to measure various parameters of the
transducer and medium parameters, the model proposed in the article can theoretically be
adapted to all equipment based on split-beam technology or sonar equipment including po-
sitioning and power measurement functions. Although the variables are strictly controlled
and possible disturbances in the measured values, including digital FIR filtering, matched
filtering, and multiple ping data mean filtering, are taken into account, there is still a certain
level of error compared to the theoretical value. The main sources of measurement errors
are as follows:
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1. EK80 did not provide data at the original sampling rate, but instead provided data
after two decimations. The equivalent sampling frequency was only 187.5 kHz. When
the pulse width is limited, the frequency resolution is low [37], and accurate frequency
estimation results of voltage amplitude cannot be provided.

2. Some impedance parameters and sensitivity data are sourced from factory test reports,
during long-term use, some changes may occur [5,27], resulting in errors in estimated
values at some frequencies.

3. The signal propagation medium is time-varying and will be affected by the physical
environment, including weather changes and vehicle shaking, causing fluctuations in
the measurement results [48].

4. During long-term use the oxidation and unevenness of the surface become inconsistent
with the copper ball in the reference data [20].

Regarding the first point, Jech compared two narrowband devices EK60 and EK500.
Compared with EK500, the sampling rate of EK60 decreased, and the smoothness of the
calculated TS also decreased [49]. This may be improved by increasing the sampling rate.

Regarding the second point, the transducer will change with the physical conditions.
Dealing with time-varying nonlinear systems is complicated. The most effective and simple
solution at present is to regularly re-measure the parameters mentioned in the method.

Regarding the third point, one can refer to the acquisition scheme for narrowband
echo sounders provided in Ref. [48]. There is less research on broadband, which may be
related to the complexity of broadband equipment.

Regarding the fourth point, chemically stable and high-hardness spheres should be
used where possible. Chu et al. found that net pockets will affect the sound scattering
characteristics [21]. Therefore, it is necessary to ensure that the way the sphere is suspended
in the water will not affect the sound scattering characteristics. The production method of
a net bag for hanging metal balls can be found in Ref. [5].

The above-mentioned errors are difficult to perfectly solve in the actual measurement
process. The increase in sampling rate will incur storage and calculation problems [7].
Parameter calibration requires the use of professional instruments and specific experimental
environments for measurement. Judging from the copper ball test results, the error is
slightly smaller than that of the built-in algorithm of the EK80 software, which proves the
rationality and effectiveness of the method proposed in this article.

From the analysis of the previous demonstration process, this broadband TS calculation
method can be applied to any broadband split-beam transducer that can locate targets
within the beam. In the field of fishery acoustics, a large number of studies are based on
TS. The development of multi-frequency and broadband technologies in recent years has
brought new possibilities to TS-based target recognition. At present, due to the particularity
and complexity of broadband equipment, many problems remain to be solved before it can
be fully promoted and used. It is hoped that the new method proposed in this article can
be applied to diverse equipment, and that more acoustic equipment will be available in the
future to provide new and valuable enhancements to fishery acoustics.
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Appendix A

The names, symbols, and units of physical quantities must be precisely defined to
ensure effective scientific communication. However, different fields of study, such as
physics, electrical engineering, radar, and sonar, often use different terms and symbols, and
the same symbols can be used for different items, even within the same field. In summary,
scientists and researchers often exhibit preferences for specific terms and symbols. The
following terminology is mainly based on the suggestions of MacLennan [50] and follows
the SI units. A symbol should uniquely represent a term.

For the convenience of reading, the following table lists each variable in the formula
in section order, with a brief explanation.

Table A1. Symbols, units, and descriptions for Section 2.1.

Symbol Unit Description

ρw kg/m3 Density of water
u0 m/s Particle vibration speed
a m Transducer diameter
k rad/m Wave number

cw m/s Underwater sound speed
α dB/m Absorption coefficient

p(r, θ) Pa The sound pressure of the transducer at any position in the field
r m Distance from the equivalent sound center of the transducer

p0 Pa Axial sound pressure amplitude at the transducer
reference distance

pbs0 Pa Backscattering sound pressure at reference distance
from scatterer

b(θ) None Transducer beam pattern
pbs Pa Scattered sound pressure at transducer reference distance
σbs m2 Backscattering cross section
TS dB re 1m2 Target strength

Table A2. Symbols, units, and descriptions for Section 2.2.

Symbol Unit Description

su 1 µPa/V@1m Axial emission voltage sensitivity at reference distance
mu 1V/µPa @1m Axial received voltage sensitivity at reference distance
pax Pa Equivalent axial sound pressure
Vo V Open-circuit voltage when the transducer is receiving

VT V The voltage loaded across the transducer in the
transmitting state

VR V The sampling voltage of the sampling circuit in the
receiving state

ΠT W Transmit power
ZT Ω Transducer impedance
RT Ω Transducer resistance
ZE Ω Receiver circuit impedance
RE Ω Receiver circuit resistance

FImpe Ω−1 Impedance factor

Su dB re 1 µPa/V@1m Logarithmic representation of transmitted
voltage sensitivity

Mu dB re 1V/µPa @1m Logarithmic representation of received
voltage sensitivity
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Table A3. Symbols, units, and descriptions for Section 2.3.

Symbol Unit Description

v(t) V Assumed target echo voltage function
Πre f W Assumed target echo power

sideal(t) None Ideal wideband signal in time domain
S( f ) None Ideal wideband signal in frequency domain

t s Time variables in continuous time domain
T s Single frequency signal period
τ s Integration time variable

f or fi, fn Hz The signal frequency in the discrete frequency domain
Fband Hz Broadband signal bandwidth

n None Sequence index under time domain discretization
N None Finite sequence length under time domain discretization

An, Ai or Ci None Corresponding amplitude in time domain or frequency domain

x, y etc None Intermediate variable sequence during derivation in
time domain

Xresponsor( f ) None Intermediate variable sequence during derivation in
frequency domain

Vnorm[n] None Normalized reference voltage discrete sequence
Vre f [n] None Reference voltage discrete sequence
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