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Aiming at the problems of large volume, high exhaust resistance and difficulty in suppressing noise in
the 500 Hz to 100 Hz frequency band of traditional internal combustion engine exhaust mufflers, a noise
reduction unit design based on acoustic metamaterials is proposed. Based on the equivalent medium theory, an
acoustic model with a ring structure and multi-region variable refractive index was established. Phase control
is achieved by helically winding the acoustic channel to change the refractive index, and the basic dimensions
of the acoustic metamaterial muffling unit are calculated. The sound field distribution, transmission loss and
flow field characteristics of the muffling unit are simulated and analyzed. This structure utilizes a multi-layer
acoustic channel structure, effectively alleviating the problem of insufficient low-frequency noise elimination
caused by the asymmetry of Fano interference. It achieved a transmission loss of over 10 dB within 85% of
the 500Hz to 1000Hz frequency band, and still maintained excellent noise reduction performance under high-
frequency conditions through multi-level phase control. By connecting multiple units in series, a transmission
loss of 10 dB can be achieved within 85% of the 500Hz to 1000Hz frequency band. The exhaust flow field of
the muffling unit was simulated and analyzed. Whether used alone or in series with the traditional muffling
structure, the exhaust resistance remained within the range of 360Pa to 370Pa. Experimental tests show
that when the metamaterial muffler unit is used in combination with the traditional muffler, it effectively
achieves targeted noise elimination in the 500Hz to 1000Hz frequency band, and also demonstrates clear noise
reduction capabilities in higher frequency ranges. The high noise suppression characteristics, high gas passage
characteristics and compact volume characteristics of this structure provide more potential analysis methods
and design schemes for the research and development of internal combustion engine mufflers and noise reduction
accessories.

Keywords: acoustic metamaterials, muffler, transmission loss, exhausting resistance.

Copyright © 2026 The Author(s).
This work is licensed under the Creative Commons Attribution 4.0 International CC BY 4.0
(https://creativecommons.org/licenses/by/4.0/).

1. Introduction

Internal combustion engine noise has always been one of the significant sources of urban noise pollution
(Wan et al., 2023), among which exhaust noise has always accounted for a considerable proportion in engine
noise emissions (Narayan et al., 2021). Mufflers can suppress noise while ensuring exhaust capacity. How-
ever, the structural design of the noise reduction units is restricted by multiple performance indicators, such as
noise reduction frequency, structural dimensions, acoustic performance, and aerodynamic performance (Zhang
et al., 2018).
The traditional structure design of mufflers is generally based on the acoustic wave equation, using reflection

and interference methods to achieve the cancellation of sound waves (Araujo, Pestana, 2024; Li et al., 2024;
Lee et al., 2020); through the Helmholtz resonance principle to absorb the vibration energy of sound waves

https://acoustics.ippt.pan.pl/index.php/aa/index
https://doi.org/10.24423/archacoust.2026.4190
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(Bai et al., 2023; Kheybari, Ebrahimi-Nejad, 2019) or based on the small hole injection theory to shift the
vibration sound waves to high frequencies and ultra-high frequencies (Chen et al., 2020;Wang et al., 2012). Under
high-speed exhaust conditions, these structures will increase the exhaust resistance of the engine. Meanwhile, due
to the longer wavelength of low-frequency noise and the fact that high-temperature exhaust conditions make this
issue more prominent, this imposes certain limitations on the spatial structure and size design of the muffler
when eliminating noise with frequencies below 1000Hz. However, human hearing has different loudness responses
to noise of different frequencies. Noise ranging from 500Hz to 2000Hz has a higher loudness. Therefore, noise
elimination under the frequency conditions of 500Hz to 1000Hz has become a difficult point in the muffler of
internal combustion engines. However, these muffler structures will inevitably cause an increase in the exhaust
resistance of the energy engine. Martos et al. (2023) showed in his study on the exhaust back pressure of
Euro 6 diesel engine that when the back pressure was increased from about 4500Pa to 12 500Pa, the average
effective pressure (BMEP) of the engine under the medium load condition of 2000 rpm decreased by about 10%.
Dalla Nora et al. (2016) showed in the study of backpressure sensitive two-stroke GDI engine that the exhaust
resistance of the engine has a significant impact on the performance of the engine under the condition of 800 rpm
and 2000 rpm. Under the condition of 800 rpm, when the backpressure is increased from 104Kpa to 120Kpa.
The power and efficiency of the engine have both decreased by 15% to 20%.
Especially when multiple muffler structures are connected in series, the contradiction between the acoustic

effect of the muffler, its spatial volume and exhaust resistance becomes more prominent (Liao et al., 2024;
Su et al., 2020).
Acoustic metamaterials, also known as acoustic artificial structure or Acoustic Metamaterials, applied the

principle of optical metamaterials and based on the theory of equivalent media, acoustically artificial designed
structural units arranged individually or with periodic array are adopted (Liu et al., 2020), as shown in Fig. 1.
Through complex spatial structures or combinations of multiple media, the equivalent acoustic parameters, such
as the equivalent volume modulus and the equivalent elastic modulus, are changed to change the sound field
(Fang et al., 2006; Ye et al., 2020; Orazbayev, Fleury, 2020; Zeng et al., 2013).

a)

L

c

b)

Single DMR

Double DMR

c)

Leff

d) r

h

Fig. 1. Various types of acoustic metamaterials: a) local resonance, b) thin film, c) spatially coiled, d) supramolecular.

Acoustic metamaterials can achieve better acoustic effects in the fields of sound field control, sound absorption
and sound insulation, especially in the aspects of abnormal reflection refraction of sound waves, compact sound
absorption structure, etc. At the same time, it also provides certain ideas in ventilation and sound insulation,
especially in the aspect of noise reduction with large porosity, such as: local resonance model (Jiang et al., 2023;
Li et al., 2022; Liu et al., 2019; Zhang et al., 2024) and phase regulation model (Guo et al., 2023;Xu et al., 2021).
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Mohamad et al. (2021) combined acoustics and fluid mechanics to analyze the system back pressure increase
behavior caused by Helmholtz resonance near the small hole during the muffling process of the perforated pipe.
Under the exhaust gas velocity condition of 40m/s, the perforated pipe model would lead to a pressure loss of
795Pa to 889Pa. Meanwhile, the research shows that the secondary noise caused by the increased resistance will
lead to a 10% increase in the outlet sound pressure level. Sun et al. (2020) pointed out that interference based on
local resonance only works at resonant frequencies, which means that there is only a narrow operating frequency
range near each noise suppression interference frequency. Considering that noise is usually broadband noise, there
are still certain challenges in designing acoustic ventilation structures for broadband. The muffler based on the
phase control principle has greater advantages in gas permeability.
Zhang et al. (2024) proposed a combined acoustic metamaterial (CAM) based on multi-channel Fano res-

onance. By coupling helical channels with hollow structures, it achieves broadband sound insulation of >13 dB
in the 520Hz to 989Hz frequency band while maintaining a ventilation rate of 63%. Experimental verification
shows that its peak acoustic transmission loss reaches 62 dB, providing a lightweight solution for traffic noise
control.
Ghaffarivardavagh et al. (2019) proposed a super-open acoustic metamaterial (UOM) based on the Fano

interference effect. By comparing the acoustic impedance of the central ventilation hole (60% open area) with
that of the spiral channel. It achieves a 94% acoustic energy attenuation at 460Hz (with a STL peak of 26 dB),
providing a highly breathable solution for ventilation and noise reduction structures.
Although the operating frequency range is expanded by inducing multiple resonances, the airflow channel is

weakened to a large extent, and the phase-controlled structure can provide greater porosity while supporting
broadband noise cancellation. For spiral metamaterials, the plane space of traditional acoustic metamaterials
is folded and extended to the 3D space, which greatly improves the space utilization rate. The higher center
hole area is obtained, so it is more suitable for the basic structural unit of internal combustion engine exhaust
noise reduction. Xu et al. (2025) combined the Archimedes spiral with the ventilation function and verified
through experiments the balance between broadband noise reduction and high ventilation efficiency of the spiral
metamaterials, providing a new geometric configuration reference for the design of ventilation and noise reduction
units. Lu et al. (2025) combined Fano resonance with 3D expansion, solving the problems of the single shape
and difficulty in practical application of traditional Fano-type mufflers, providing a theoretical basis for the
modular design and 3D layout of ventilation mufflers. The above research indicates that the acoustic suppression
device based on the principle of phase interference essentially does not eliminate sound but blocks its passage,
enabling energy consumption at any point before the blocking point. Its high flowability is suitable for engine
exhaust passages with high-speed and low-resistance requirements.
It can be seen from this that the medium and low-frequency components in the exhaust noise of internal

combustion engines, due to their longer sound wave wavelengths, the traditional noise reduction technology based
on pipe length tuning is difficult to meet the compact design requirements of modern power systems. However,
acoustic metamaterials have a more compact structure and more efficient noise reduction capabilities, and the
phase control model within them can provide a higher gas high pass rate. Therefore, based on the equivalent
medium theory of acoustic metamaterials, we take advantage of the phase control structure and, under the
premise of maximizing the utilization of space, design a low-resistance muffler with a hollow structure to achieve
targeted noise elimination in the 500Hz to 1000Hz frequency band of internal combustion engines. This not only
compensates for the current noise defect of internal combustion engine scheduling, but also provides an effective
idea for wideband noise reduction of pipelines.

2. Structure design of noise reduction unit based on equivalent medium theory

2.1. Basic principles of acoustic metamaterials

The phenomena such as reflection and transmission in homogeneous media can be solved by mathemati-
cal equations in the classical propagation theory, but the propagation characteristics are difficult to analyze
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when the medium is non-homogeneous. At this time, the inhomogeneous medium is treated as a homogeneous
medium under some approximate conditions, which provides a solution to the problem. In this way, the equiv-
alent medium theory is developed, which is also an important theoretical basis for the study of metamaterials.
Therefore, the metamaterials of this array arrangement are equivalent to a uniform medium, which is also called
metamaterials.
The concept of metamaterials was initially introduced into the field of optics to deal with electromagnetic

waves using materials with negative dielectric constants and negative magnetic permeability. For a monochro-
matic wave in an isotropic medium, the square sum dispersion relation of the refractive index is (Li et al.,
2014):

k2s =
n2
sω

2

c2
, (1)

where ks is the wave number, ns is the refractive index, ω is the frequency, c is the speed of light.
Since both electromagnetic wave and acoustic wave satisfy the wave equation, they have a large number of

analog characteristics. This theoretical knowledge can be applied to acoustic wave, and acoustic metamaterial
characteristics can be theoretically obtained, and the formula of acoustic refractive index can be obtained as
follows (Chen et al., 2024):

n2
s =

ε

µ
, (2)

where εis the dielectric constant (in optics) and also the mass density (in acoustics), µ is the magnetic permeability
(in optics) and also volume elastic modulus (in acoustics).
As shown in Fig. 2, in the first quadrant, the wave propagates normally in the pipeline with positive mass

density and bulk elastic modulus (ρ > 0, K > 0). In the second quadrant, when the Helmholtz resonator structure
is adopted, the resonant sound wave generated through the resonator is opposite to the incident sound wave, and
the local force of the sound wave is opposite to its vibration acceleration direction (ρ < 0, K > 0), the refractive
index is imaginary, and the sound wave propagation is terminated, that is, the sound attenuation is realized.
In the fourth quadrant, when the thin film structure is used, when the vibration frequency of the thin film is
opposite to the vibration frequency of the sound wave, the volume of the thin film will expand under pressure
and shrink under tension (ρ > 0, K < 0), resulting in the sound wave stopping propagation (Naify et al., 2012).
In the third quadrant, the two structures exist at the same time, which presents a double negative characteristic
(ρ > 0, K < 0). At a specific frequency, the sound wave can continue to propagate, but the acoustic refractive
index will change, so as to achieve special functions such as acoustic lens (Wang et al., 2024).

Fig. 2. Quadrant diagram of equivalent acoustic parameters.

From Eq. (1) and Eq. (2), it can be seen that when the dielectric constant or magnetic permeability is negative,
the square of the refractive index remains negative, that is, the refractive index is an imaginary number, and the
wave propagation stops. When both the dielectric constant and magnetic permeability are negative, the square of
the refractive index remains positive, that is, the refractive index is still a real number. The propagation of the
wave can continue, but the propagation characteristics will change. It is precisely this feature that provides
the theoretical condition for phase control to achieve the muffler of the internal combustion engine displacement
(Shaikh et al., 2024).
The concept of acoustic metamaterials is not limited to locally resonant materials or periodic structures. Sound

waves in a fluid are longitudinal scalar waves, and unlike electromagnetic waves, acoustic waveguides have no
cut-off frequency and can limit their path through narrow channels at will. By limiting the sound path and adjust-
ing the phase of the sound wave, the transmission track with negative dispersion characteristics (ρ < 0, K < 0)
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can be folded and compressed into the subwavelength range (Kumar, Lee, 2020), such as the spatial wind-
ing metamaterials, topological acoustic metamaterials, fractal acoustic metamaterials, spiral metamaterials and
acoustic metasurface. For the helical spatial acoustic metamaterials, the incident sound wave is confined to the
helical subwavelength cross section channel wound in 3D space, resulting in the phase delay of the sound wave
propagating along the slender path, thus achieving a higher acoustic refractive index. The phase delay is calcu-
lated as

∆φ = 2πkl0, (3)

where ∆φ is phase delay and l0 is the valid channel length.

2.2. Design of equivalent medium theoretical model for acoustic metamaterials

In order to regulate the phase of sound waves in different acoustic transmission areas, the sound attenuation is
realized through the strongly coupled dipole vibration. The acoustic model of the acoustic attenuation unit can be
equivalent to the theoretical model of the radial double-layer material structure, as shown in Fig. 3. According to
the effective medium theory, the central part and the surrounding part are characterized by refractive indices n1

and n2, respectively.

r

r�

n�

n�Z�

Z�
n�

Air

Air

Air

Incident sound wave
Equivalent medium

Radiative sound wave

Fig. 3. Equivalent medium model of muffler element.

Since the acoustic metamaterial unit is a subwavelength scale, the vibration of the acoustic metamaterial unit
can be characterized by the characteristic mode function and the characteristic frequency by its Green function
(Yang et al., 2013):

G(h,h′) = ∑
n

pn(h)p
∗

n(h
′)

(ω2
n − ω

2)/Bn

, (4)

where pn(h) and p∗n(h
′) are the n-order eigenmodular functions and their conjugations at positions h and h′,

ωn is the characteristic frequency of the n-order, Bn is the average modulus of the n-order eigenmodulus:

1

Bn
=
∫ pn (h)p

∗

n(h)dv

B0s
, (5)

where s is the cross-sectional area of the unit, B0 is the volume modulus of air, B0 = ρ0c0, ρ0 is the air density,
and c0 is the air sound velocity.
Vibration in acoustic metamaterial units can be expressed through monopole and dipole modes (Yang et al.,

2014):

G+ = ω
2
∑
n

p∗n(h) [pn(h) + pn(−h)]

(ω2
n − ω

2)/Bn
, (6)

G− = ω
2
∑
n

p∗n(h) [pn(h) − pn(−h)]

(ω2
n − ω

2)/Bn
, (7)

where h is the axial position coordinate of the acoustic metamaterial unit.
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Based on the effective medium theory, the acoustic metamaterials unit can be equivalent to a homogenized
medium of the same thickness, where the effective wave number k satisfies the equation:

(
∂2

∂x2
+ k

2

s)p (z) = 0. (8)

Then the wave number can be determined by the unipolar mode and dipolar mode as (Sun et al., 2020):

ks =
1

h
arccot

¿
Á
ÁÀ−

G+

G−
. (9)

Effective impedance Z can be expressed as

Z = −
G+

ω cot (ksh)
. (10)

Finally, the transmission coefficient of the acoustic metamaterials unit is obtained (Xiao et al., 2013):

T =
4e2ihksZZ0

(Z +Z0)
2
− e4ihks (Z −Z0)

2
, (11)

where Z0 is the acoustic impedance in the air, i =
√
−1.

Correspondingly, the transmission loss equation is

TL = 10 log10 (
Wi

Wt
) = −20 log10 ∣T ∣, (12)

where Wi is the incident sound power, Wt is the transmitted sound power, T is the transmission coefficient.
From Eq. (11) and Eq. (12), it can be known that we have two methods to achieve noise reduction. The

first approach is to increase the impedance of the air or metamaterial to create a significant difference, thereby
reducing the transmission coefficient T and increasing the transmission loss TL. This is not easy to achieve under
the condition of ventilation. The second approach is to set the real part of the transmission coefficient to zero
and retain only the imaginary part. This processing method can also suppress the propagation of sound waves,
which is exactly the effect we expect. To this end, we need to adjust the value of hks in e2ihks so that there exists
a relationship of 2hk = (2n + 1)π, which makes the imaginary part of the exponent of the factor e2ihks equal to
(2n + 1)π.
When G+ = G−, the effective wave number becomes pure virtual infinite, then k →∞, which indicates that the

system has the same monopole and dipole response intensity, and the extreme attenuation of the incident wave
is the complete block of the acoustic metamaterials unit. At this point, the impedance expressed by Eq. (10) is
infinite, while the real part of the expressed transmission coefficient expressed by Eq. (11) is 0. The transmission
loss expressed in Eq. (12) is the imaginary part of the transmission coefficient T , which is a relatively large value
at this time. This provides a theoretical basis for sound field elimination for us to achieve noise reduction during
the displacement of internal combustion engines.

2.3. Structural design of acoustic metamaterials muffling unit

If we want to achieve noise reduction in the 500Hz to 1000Hz frequency band of internal combustion engines
through the model shown in Fig. 3, there are still two significant problems. Firstly, we need to find the corre-
sponding material or structure of the equivalent medium in reality. Secondly, we also need to extend the noise
reduction frequency of this model to the 500Hz bandwidth.

2.3.1. Design of equivalent media

Although it is difficult to obtain high refractive index acoustic materials in the outer ring of the equivalent
medium model in reality, the acoustic metamaterials wound in space can be utilized to extend the acoustic wave
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transmission path, equivalently achieving a sound velocity significantly lower than that in the central region and
a nearly zero acoustic refractive index. This enables the regulation of the incident acoustic wave phase and the
realization of dipole vibration at the exit with a certain phase difference from the central channel. The spiral spatial
winding structure can maximize the utilization of axial space and is more suitable for the structural requirements
of exhaust noise reduction.
For the acoustic channel of the central cylindrical tubular structure and the acoustic channel of the outer

ring spiral structure, there is an approximate proportional relationship between the acoustic impedance value
(Ghaffarivardavagh et al., 2019):

Z2

Z1
=

π2
1

l (r − r1)
, (13)

where Z2 is the acoustic impedance of the outer loop spiral channel, Z1 is the acoustic impedance of the central
channel, and r1 is the diameter of the central channel, r is the diameter of the outer ring, and l is the pitch
of the spiral structure. When the ratio of Z2/Z1 is close to 1, the acoustic vibration response intensity of the
two regions can be obtained respectively through impedance balance. To achieve noise reduction over a wider
frequency range, we reduced the impedance of part Z2 (Khodabakhsh et al., 2025; Lin et al., 2024) to make
the value of Z2/Z1 is 0.6, which also provided the preparatory conditions for us to expand the design of the outer
ring structure into multiple channels.
According to Eq. (3), the acoustic channel length is used to control the phase. According to the trigono-

metric relationship between the length and height of the helix structure, the acoustic refractive index ns can be
expressed as

ns =
1

cosβ
, (14)

where β is spiral angle.
To achieve noise elimination in the frequency range of 500Hz to 1000Hz and minimize the volume to the

extreme, we have designed a helical structure muffler. When the exhaust pipe temperature is 350○, the sound
velocity is approximately 550m/s. Taking the conventional exhaust pipe inner diameter (internal diameter) of
5 cm as the design standard, the basic dimensions of the acoustic metamaterials muffling unit are obtained as
follows: l = 11.2 cm, r1 = 2.5 cm, r = 5.5 cm, and the spiral angle is 3.6π. The basic dimensions of the acoustic
metamaterials muffling unit is shown in Fig. 4. However, the external center diameter of this structure is 8 cm,
and the corresponding center noise reduction frequency is 843Hz. The theoretical noise reduction frequency is
between 550Hz and 1050Hz.

Fig. 4. Basic dimensions of the acoustic metamaterial muffling unit.

2.4. Design of wideband noise reduction

Although incomplete coupling can achieve a wider noise reduction frequency range, due to the asymmetry
of Fano interference, the transmission loss in the low-frequency region decays too quickly, and thus an effective
noise reduction effect cannot be obtained. To achieve noise reduction in lower frequency bands under the same
volume conditions, further, we adopt a multi-channel structure to obtain multiple noise reduction frequency
bands, weakening the influence of Fano interference asymmetry. As shown in Fig. 5, the outer ring area is radially
divided into multiple acoustic channels to enhance the targeting of the noise reduction frequency.
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Fig. 5. Acoustic metamaterial muffling unit model.

According to the trigonometric relationship of the spiral development line, different acoustic channels corre-
spond to different spiral outer diameters, respectively corresponding to different spiral angulation β:

cosβ =
H

2πr
, (15)

where H is the spiral height, r is the spiral radius.
By bringing Eq. (15) into the relation between refractive index and spiral radius shown in Eq. (14), the

relation between channel radius and acoustic refractive index can be obtained at a fixed height:

ns =
2πr

H
. (16)

For the multi-channel phase-controlled noise reduction structure, because each layer acoustic channel cor-
responds to different acoustic refractive index output and phase difference, multiple noise reduction frequency
bands can be superimposed to make the noise reduction frequency band distribution more uniform.
Therefore, without changing the original overall structure, we segmented the outer ring channel and obtained

the structures of two-layer and three-layer outer ring channels, respectively. The final size is shown in Fig. 6,
which achieves phase shift of multiple channels to enhance the sound suppression ability of the 500Hz and 1000Hz
frequency bands.

a) b)

Fig. 6. Different outer ring channel structures: a) two-layer outer loop channel, b) three-layer outer loop channel.

3. Simulation analysis of acoustic performance of muffling unit

In order to more intuitively understand the coupling process and sound field distribution of sound waves
generated by phase regulation of different acoustic channels at the exit, an acoustic metamaterial muffler model
was established, and a simulation analysis of the sound pressure level and sound field was carried out by Harmonic
Acoustics of ANSYS workbench 2020.

3.1. Simulation model, mesh, and parameter settings

The model medium is air, with the sound velocity set at 550m/s. The acoustic input is set at the inlet end,
and the radiation boundary is set at the outlet end. All walls are assumed to be rigid walls. The model is divided
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into grids, with the grid type being tetrahedral grids and the grid size being 5mm. The total number of grid
elements is 164 000. The structure and grid of acoustic metamaterials muffling unit model is shown in Fig. 7.
The model parameter is shown in Table 1. And monitor the sound field difference in the red wireframe area, as
well as detect the sound pressure level difference between the outlet end and the inlet end to obtain the sound
transmission loss.
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Fig. 7 Structure and grid of acoustic metamaterials muffling unit model 

 

 

 

Table 1. Model Parameter 

Medium 
Speed of 

sound 
Inlet Outlet 

Wall 

type 
Mesh type 

Element 

size 

Element 

count 

Air 550 m/s 
Acoustic 

excitation 

Radiation 

boundary 
Rigid Tetrahedral 5 mm 164000 

3.2 Sound field analysis of noise reduction unit 

Fig.8 shows the sound pressure level distribution of the single channel Acoustic 

metamaterials unit and its vicinity at different frequencies. The phase difference between the 
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Fig. 7. Structure and grid of acoustic metamaterial muffling unit model: a) structure model, b) grid model.

Table 1. Model parameter.

Medium Speed of sound Inlet Outlet Wall type Mesh type Element size Element count

Air 550m/s Acoustic excitation Radiation boundary Rigid Tetrahedral 5mm 164 000

3.2. Sound field analysis of noise reduction unit

Figure 8 shows the sound pressure level distribution of the single channel acoustic metamaterial unit and
its vicinity at different frequencies. The phase difference between the plane wave at the entrance of the acoustic
metamaterials and the acoustic wave vibration at the central through-hole after passing through the helical
structure is generated. Since the length of the spiral channel is a fixed value, according to Eq. (3), different
phase control results will be produced for waves of different frequencies. When there is a significant phase
difference between the radiating wave at the exit of the central channel and the spiral channel, the result is
shown in Fig. 8a. The destructive Fano interference generated by this strong coupling phenomenon significantly
weakens the radiation of the sound wave in the far field, thus preventing the transmission of the sound wave.
However, when there is no obvious phase difference or the phase difference is close to 2π, as shown in Fig. 8b,
the sound waves of different acoustic channels can still produce the same direction upward vibration, resulting
in the reduction of the noise reduction effect.
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Fig. 8. Sound pressure level nephogram of single spiral channel at different frequencies: a) 760Hz, b) 520Hz.

For multi-channel structures, as shown in Fig. 9, different spiral radii have different acoustic refractive indices,
resulting in different phase regulation results for plane incident waves at the same frequency, corresponding to
different acoustic attenuation frequencies, which also makes the vibration environment more complex. Figure 9a
shows the sound field distribution when there is a significant phase difference between the outer ring acoustic
channel and the central channel, and when the coupled vibration is significantly different from the vibration of
the inner ring acoustic channel. As shown in Fig. 9b, it is the sound field distribution when there is a significant
phase difference between the inner ring acoustic channel and the central channel, and the coupled vibration is
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phase difference between the phase control result and the central channel may also occur,

which greatly weakens the sound reduction effect, as shown in Fig.9(d), which refers to the 

resonance generated when the phase difference of each acoustic channel is a 2π multiple,

reducing the difference in sound pressure between the outlet and the inlet and greatly reducing 

the sound reduction effect. 
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Fig.9 Sound pressure level nephogram of double helix channel at different frequencies
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For three-channel Acoustic metamaterials, the vibration becomes more complex, which 

greatly increases the difficulty of theoretical calculation and sound field analysis. Therefore,

the acoustic simulation of transmission loss of different structure acoustic units is carried out 

to make a comparative analysis. As shown in Fig.10(a), for the case of a single track, due to 

the high central muffler frequency and the asymmetry of Fano interference, no obvious 

muffler below 740 Hz can be formed under the design structure size, which means that to 

achieve a lower frequency muffler, the length of the structure needs to be significantly 
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Fig. 9. Sound pressure level nephogram of double helix channel at different frequencies:
a) 540Hz, b) 920Hz, c) 800Hz, d) 1020Hz.

significantly different from the vibration of the outer ring acoustic channel. In addition, there is also the influence
of multi-channel coupled vibration, as shown in Fig. 9c, which refers to the sound field distribution when there
is a significant phase difference between the inner ring and the outer ring acoustic channel, and when there is
a significant phase difference between the coupled vibration and the central acoustic channel. Similarly, coupling
vibration caused by small phase difference between the phase control result and the central channel may also
occur, which greatly weakens the sound reduction effect, as shown in Fig. 9d, which refers to the resonance
generated when the phase difference of each acoustic channel is a 2π multiple, reducing the difference in sound
pressure between the outlet and the inlet and greatly reducing the sound reduction effect.

3.3. Transmission loss analysis of muffling unit

For three-channel acoustic metamaterials, the vibration becomes more complex, which greatly increases the
difficulty of theoretical calculation and sound field analysis. Therefore, the acoustic simulation of transmission
loss of different structure acoustic units is carried out to make a comparative analysis. As shown in Fig. 10a,
for the case of a single track, due to the high central muffler frequency and the asymmetry of Fano interference,
no obvious muffler below 740Hz can be formed under the design structure size, which means that to achieve
a lower frequency muffler, the length of the structure needs to be significantly increased. In order to match the
impedance, it is also necessary to significantly increase the diameter of the structure, resulting in an increase in
the size of the noise reduction structure. In the case of dual outer loop channels, as shown in Fig. 10b, although
a narrowband passing frequency is increased compared with that of a single channel, the noise attenuation ability
between 520Hz and 730Hz is significantly enhanced, thus obtaining a lower noise attenuation frequency. However,
there are still some differences in the noise reduction intensity between 500Hz to 740Hz and 740Hz to 1000Hz.
Through a large number of simulations, a three-channel sound attenuation structure can be obtained when the
impedance of each channel is reasonably matched, and its transmission loss is shown in Fig. 10c. Although
a narrowband passing frequency is added again, the transmission loss between 500Hz and 1000Hz is relatively
uniform, and the width of each passing frequency is also reduced.
It can be seen that the three-channel noise reduction structural unit can obtain a lower noise reduction

frequency on a wider noise reduction bandwidth, and then meet the noise reduction target requirements of
500Hz to 1000Hz. The dimensions of the acoustic metamaterial muffler were obtained as follows: inner diameter
r1 = 2.5 cm, outer diameter r = 5.5 cm, height l = 11.2 cm, spacer radii were 32 cm and 41 cm, respectively, and
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To achieve noise elimination in the frequency range of 500 Hz to 1000 Hz and minimize 
the volume to the extreme, we have designed a helical structure muffler. When the exhaust 
pipe temperature is 350 ℃, the sound velocity is approximately 550 m/s. Taking the 
conventional exhaust pipe inner diameter (internal diameter) of 5 cm as the design standard, 
the basic dimensions of the acoustic metamaterials muffling unit are obtained as follows: 
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Fig. 10. Transmission loss of different spiral channel muffler chips at 210Hz to 1200Hz:
a) single helix, b) double helix, c) triple helix.

spiral rotation angle was 3.6π. The structure has a transmission loss of more than 5 dB in the 93% target noise
attenuation frequency bandwidth, a transmission loss of more than 10 dB in the 85% target noise attenuation
frequency bandwidth, and a transmission loss of more than 20 dB in the 30% target noise attenuation frequency
bandwidth.

3.4. Multistage phase difference transfer loss analysis

The acoustic metamaterial noise reduction unit can also achieve multi-stage phase difference control at higher
frequencies, so as to obtain the corresponding noise reduction ability, but this also makes the transmission loss
curve more complicated. For this purpose, we conducted the test as shown in Fig. 11.
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Fig.11 Structure and grid of acoustic metamaterials muffling unit 
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Fig. 11. Structure and grid of acoustic metamaterial muffling unit: a) structure model, b) grid model.

As shown in Fig. 12, when the phase difference of the sound field is (2n + 1)π, the dipole vibration condition
as shown in Eq. (11) can still be formed, which significantly increases the transmission loss of the acoustic
metamaterial muffling unit, which means that the phase-regulated acoustic metamaterials can maintain effective
muffling ability in a wider frequency range. It has obvious advantages over narrow band absorption with the fixed
local resonance structure.
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Fig. 12. Transmission loss at 240Hz to 4200Hz of three channel muffler chip.

3.5. Transmission loss analysis of combined structure of muffling unit

Through a number of different structures of the noise units in series form 1D linear combination, can also
achieve a wider range of noise or in the rated target frequency band to obtain stronger noise reduction effect
and more stable transmission loss. As shown in Fig. 13, when the three-channel muffling unit and the two-
channel muffling unit are combined in series, due to the difference in the passing frequency of the two structural
sounds, the three-channel muffling unit can be blocked by the two-channel muffling unit at the passing frequency
and cannot radiate to the external field through a reasonable design. The vibration of the two-channel muffler
through the frequency is greatly weakened at the entrance of the two-channel muffler due to the obstruction
of the three-channel muffler, and it cannot radiate to the external field. Therefore, in the range of the target
muffler frequency band, the passing frequency of the sound wave completely disappears, and a transmission loss
of the full frequency band greater than 10 dB is obtained.
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Fig. 13. Transmission loss of three channel and two channel muffling unit combination at 210Hz to 1200Hz.

4. Simulation analysis of flow field of muffling unit

4.1. Exhaust resistance analysis of muffling unit

According to the principle of internal combustion engine work, too high exhaust resistance on the one hand,
will increase the piston pump gas work loss, on the other hand, will lead to cylinder exhaust pressure rise, residual
exhaust gas increase, which will have an adverse effect on the fuel consumption rate and effective power of the
internal combustion engine, therefore, the muffler must have good gas passage and small exhaust resistance.
In order to understand the fluid mechanics performance of the acoustic metamaterials muffling unit, a com-

parative analysis was conducted with the most common and simple-structured expanded muffling unit (expansion
chamber size: radius 10mm, length 20mm) as a reference. As shown in Fig. 14a and Fig. 14b, the flow fields of
the traditional expanded muffling unit and the acoustic metamaterial muffling unit are compared and analyzed
through the fluent fluid dynamics analysis module in ANSYS Workbench 2020. The single-phase flow model is
adopted. The expanded muffler uses a hexahedral unit grid with a grid size of 5mm and a number of 55 000 grids,
with a grid aspect ratio of 2.17. The acoustic muffling unit uses a tetrahedral to polyhedral unit grid with a grid
size of 5mm and a number of 40 400 grids, with a grid aspect ratio of 13.4. The grid models obtained are shown
in Fig. 14c and Fig. 14d. The turbulence model adopts the standard k − ε two-path model; when calculating,
the inlet boundary condition is the velocity inlet, and the average inlet velocity is 70m/s. The outlet boundary
condition is a pressure outlet, and the wall boundary condition is an adiabatic non-slip wall. The key parameters
for flow field simulation of muffling units is shown in Table 2.
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a) Structure of the expanded muffling unit b) Structure of the acoustic metamaterial muffling unit
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Fig. 14. Structure and grid of expanded muffling unit and acoustic metamaterial muffling unit.

Table 2. Key parameters for flow field simulation of muffling units.

Parameter type Expanded muffling unit Acoustic metamaterials muffling unit

Physical model Single-phase flow model Single-phase flow model

Mesh type Hexahedral element mesh Tetrahedral to polyhedral element mesh

Mesh size 5mm 5mm

Number of meshes 55 000 40 400

Mesh aspect ratio 2.17 13.4

Turbulence model Standard k − ε two-equation model Standard k − ε two-equation model

Inlet boundary condition Velocity inlet, average velocity 70m/s Velocity inlet, average velocity 70m/s

Outlet boundary condition Pressure outlet Pressure outlet

Wall boundary condition Adiabatic non-slip wall Adiabatic non-slip wall

Corresponding diagrams Fig. 14a, Fig. 14c Fig. 14b, Fig. 14d

As shown in Fig. 15, the cloud diagram of turbulent kinetic energy, when the inlet pipe diameter is the same,
the energy loss of the expanding muffling unit mainly occurs at the outlet pipe of the cavity, which causes the
change of the direction of the gas velocity vector at the outlet to a certain extent, causing resistance to gas flow.
As the expansion length and diameter of the acoustic metamaterial muffler are obviously smaller than that of
the expansion type muffler, the turbulence at the exit is not obvious, and the main turbulence is located at the
end face of the outer ring. However, since the end face of the outer ring is a spiral ventilation structure, allowing
a certain airflow to pass through, the turbulence intensity is significantly lower than that of the expansion type
muffler. The energy dissipation of the acoustic metamaterial muffler is obviously lower than that of the expansion
type muffler under the condition of pipeline gas flow, indicating that the structure is conducive to reducing the
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(a) Expanded muffling unit             (b) Acoustic metamaterials muffling unit 
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As can be seen from Fig.16, after the gas in the inlet pipe of the expansion muffler enters 

the expansion chamber, the speed decreases significantly, which consumes a large amount of 

[m²/s²]

Inlet Outlet

Fig. 15. Turbulent kinetic energy nephogram of different muffling units:
a) expanded muffling unit, b) acoustic metamaterial muffling unit.
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transmission resistance. Meanwhile, the lower turbulent kinetic energy indicates that the acoustic metamaterial
muffler is not easy to produce strong aerodynamic regeneration noise.
As can be seen from Fig. 16, after the gas in the inlet pipe of the expansion muffler enters the expansion

chamber, the speed decreases significantly, which consumes a large amount of gas kinetic energy, resulting in
a decrease in the dynamic pressure inside the pipeline. The pressure inside the chamber needs to be re-established
to make the gas flow out quickly. This allows the kinetic energy of the gas in the pipeline to be preserved and
maintains a high dynamic pressure of the gas, which is conducive to reducing the exhaust resistance.

a) b)
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Fig. 16. Velocity nephogram of different muffling units: a) expanded muffling unit, b) acoustic metamaterial muffling unit.

By comparing the pressure loss of the two muffler devices, as shown in Fig. 17, under the condition of 70m/s,
the exhaust resistance of the expanded muffling unit can reach 2280Pa, while the exhaust resistance of the
acoustic metamaterials muffling unit is only 360Pa. It can be seen that the volume of the acoustic metamaterials
muffling unit is not only significantly smaller than that of the traditional muffling unit, but also that of the
acoustic metamaterial muffling unit. Moreover, there are obvious advantages in exhaust resistance. It can be
seen that while enhancing the noise reduction performance, the metamaterial muffler maintains the high kinetic
energy characteristics of the gas in the central channel, avoiding the energy loss caused by the process of first
dissipating and then establishing the gas kinetic energy in the expansion muffler, thereby suppressing the increase
of equipment resistance and system back pressure. This is conducive to avoiding the increase in residual waste and
the reduction of the charge coefficient caused by the poor exhaust of the engine due to the increased demand for
noise reduction capacity, and can also reduce the pumping loss of the engine, ultimately achieving an improvement
in the power and efficiency of the engine.
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(a)Acoustic metamaterials muffling unit         (b) Expanded muffling unit 

Fig.17 Pressure loss on axis of different muffling units 

4.2 Analysis of exhaust resistance in series between traditional muffling unit and 

Acoustic metamaterials muffling unit 

 For the muffler system, the best muffler effect often comes from the series muffler 

structure. Since the size parameters of the Acoustic metamaterials muffling unit are more than 

the number of constraint formulas, the structure design has a multi-degree of freedom 

dimension relationship, which provides good conditions for the series with the traditional 

muffling unit. The series can be in the form of two muffler devices closely connected in series 

or the Acoustic metamaterials muffling unit directly installed at the end of the pipeline, in 

which the exhaust resistance is the sum of the exhaust resistance of the two muffler structures 

directly installed at the end of the pipeline. Therefore, simulation is only carried out on the 

connected and series structure, as shown in Fig.18. Two types of muffling units are connected 

in series without sacrificing too large volume of muffler. One end of the Acoustic 

metamaterials muffler is connected to the inlet of the expansion muffler, the other end is 

connected to the air inlet, and the outlet of the expansion muffler is connected to the exhaust 

outlet to obtain the combined muffler structure. 

  

(a) Structure model                  (b) Grid model 
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Fig. 17. Pressure loss on axis of different muffling units: a) acoustic metamaterial muffling unit, b) expanded muffling unit.

4.2. Analysis of exhaust resistance in series between traditional muffling unit
and acoustic metamaterial muffling unit

For the muffler system, the best muffler effect often comes from the series muffler structure. Since the size
parameters of the acoustic metamaterial muffling unit are more than the number of constraint formulas, the struc-
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ture design has a multi-degree of freedom dimension relationship, which provides good conditions for the series
with the traditional muffling unit. The series can be in the form of two muffler devices closely connected in se-
ries or the acoustic metamaterial muffling unit directly installed at the end of the pipeline, in which the exhaust
resistance is the sum of the exhaust resistance of the two muffler structures directly installed at the end of the
pipeline. Therefore, simulation is only carried out on the connected and series structure, as shown in Fig. 18.
Two types of muffling units are connected in series without sacrificing too large volume of muffler. One end
of the acoustic metamaterial muffler is connected to the inlet of the expansion muffler, the other end is con-
nected to the air inlet, and the outlet of the expansion muffler is connected to the exhaust outlet to obtain the
combined muffler structure.

a) b)
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(a) Structure model                  (b) Grid model 
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Fig. 18. Structure (a) and grid (b) of combined muffler models.

The velocity and turbulent kinetic energy cloud images are shown in Fig. 19 and Fig. 20. It can be seen that
gas maintains a high flow speed in the pipe of the acoustic metamaterial muffler. At the same time, the side wall
of the acoustic metamaterial muffler has a certain airflow passage, thus weakening the turbulence of gas entering
the expansion type and reducing energy dissipation, so that the flow speed of gas in the axis of the expansion
chamber is slightly higher than that of the independent expansion muffler structure. To a certain extent, this is
conducive to maintaining the kinetic energy of the gas and reducing the exhaust loss, but as a result, the gas
obtains a higher speed at the exit, and also forms a stronger turbulence, resulting in a certain energy dissipation.
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metamaterials muffling unit only increases 370 Pa, indicating that in the series structure, the
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Fig. 19. Velocity nephogram of combined muffler.
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Fig.20 Cloud diagram of turbulent kinetic energy of combined muffler 
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Fig. 20. Cloud diagram of turbulent kinetic energy of combined muffler.
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As shown in Fig. 21, the overall curve is consistent with but slightly higher than that of the expansion
muffler. At 70m/s, the exhaust loss is 2650Pa. Compared with the 2280Pa exhaust loss of the expansion muffler
structure alone, the exhaust resistance of the acoustic metamaterial muffling unit only increases 370Pa, indicating
that in the series structure, the exhaust resistance of the acoustic metamaterial muffling unit only increases
370Pa. Compared with when used alone, in the case of combined use, the resistance increase caused by the
acoustic metamaterial muffler remains linearly rising. Under combined use conditions, there will be no mutual
interference of resistance, and only a very small resistance cost is needed to significantly improve the noise
reduction performance of the muffler.
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Compared with when used alone, in the case of combined use, the resistance increase caused 

by the acoustic metamaterial muffler remains linearly rising. Under combined use conditions, 

there will be no mutual interference of resistance, and only a very small resistance cost is 

needed to significantly improve the noise reduction performance of the muffler. 

 

Fig.21 Pressure loss on the axis of combined muffler 

5 Noise reduction performance test 

5.1 Experimental conditions and methods 

 In order to test the acoustic performance of the Acoustic metamaterials muffler, a single 

cylinder diesel engine model ZS1105 was used as a prototype to compare the noise difference 

before and after the original muffler was added to the Acoustic metamaterials muffler. 

Main equipment required for the experiment: one internal combustion engine testing 

machine, one muffler straight tube, one original muffler, one ceramic 3D printed 

three-channel Acoustic metamaterials muffling unit, as shown in Fig.22(a), and one 

AWA6228+ multifunctional sound level meter of Qingdao Juchuang. The Acoustic 

metamaterials muffler and the original muffler can be combined in various ways. In this 

experiment, the Acoustic metamaterials muffler is installed directly at the end of the original 

muffler, as shown in Fig.22(b). 
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Fig. 21. Pressure loss on the axis of combined muffler.

5. Noise reduction performance test

5.1. Experimental conditions and methods

In order to test the acoustic performance of the acoustic metamaterial muffler, a single cylinder diesel engine
model ZS1105 was used as a prototype to compare the noise difference before and after the original muffler was
added to the acoustic metamaterial muffler.
Main equipment required for the experiment: one internal combustion engine testing machine, one muffler

straight tube, one original muffler, one ceramic 3D printed three-channel acoustic metamaterial muffling unit,
as shown in Fig. 22a, and one AWA6228+ multifunctional sound level meter of Qingdao Juchuang. The acoustic
metamaterial muffler and the original muffler can be combined in various ways. In this experiment, the acous-
tic metamaterial muffler is installed directly at the end of the original muffler, as shown in Fig. 22b.

a) b)

Fig. 22. Acoustic metamaterial muffling unit (a) and its combined structure with original muffler (b).

5.2. Lab process

The noise suppression performance test is carried out according to ‘7.2 Laboratory Measurement Method’ in
GB/T 4759-2009 ‘Internal Combustion Engine exhaust muffler – Measurement Method.’ First, in order to reduce
the impact of other types of diesel engine noise on the test results, a retaining wall is set up, the diesel engine and
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the muffler are placed on both sides of the retaining wall, and then a hole is drilled in the retaining wall and the
diesel engine and the muffler are connected through a straight pipe. After the diesel engine ran stably for 15min,
the diesel engine speed was set to 2200 r/min, and the exhaust noise signal was recorded with a sound level meter
at 45○ at the exhaust pipe outlet and 0.5m away from the exhaust pipe outlet. The sampling frequency was 1/3

in the frequency range of 31.5Hz to 4000Hz, and two experiments were carried out. The measured results were
averaged. The acoustic metamaterial muffling units installed in series with the straight pipe without muffler, the
original muffler, and the original muffler were respectively tested for noise, as shown in Fig. 23.

a) b)

c) d)

Fig. 23. Experimental test conditions: a) indoor testing machine, b) exhaust straight pipe,
c) expanding muffler, d) combined muffler.

5.3. Performance test results

The noise test results are obtained, as shown in Fig. 24, when the speed is 2200 r/m, the 1/3 octave sound
pressure level in the range of 25Hz to 4000Hz. The noise pressure level at different frequencies shows that the
noise reduction effect of the original muffler starts to increase significantly after 1000Hz, and before 1000Hz,
the transmission loss is obviously low, while after the series Acoustic metamaterial noise reduction unit, the noise
reduction effect is not obvious below the frequency of 250Hz. Between 250Hz and 500Hz, the transmission loss
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Fig.23 Experimental test conditions 

5.3 Performance test results 

The noise test results are obtained, as shown in Fig.24, when the speed is 2200 r/m, the 

1/3 octave sound pressure level in the range of 25 Hz~4000 Hz. The noise pressure level at 

different frequencies shows that the noise reduction effect of the original muffler starts to 

increase significantly after 1000 Hz, and before 1000 Hz, the transmission loss is obviously 

low, while after the series Acoustic metamaterials noise reduction unit, the noise reduction 

effect is not obvious below the frequency of 250 Hz. Between 250 Hz and 500 Hz, the 

transmission loss gradually increases, which is caused by the interference of sound waves to a 
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stage, although the phase difference between the vibration phase of each channel and that of 

the central airflow channel is less than π/2, it gradually expands, showing that the 

transmission loss gradually increases and the noise reduction ability gradually increases. After 

500 Hz, interference conditions are formed, and the transmission loss begins to increase 

significantly. In the target noise reduction frequency band, the insertion loss of 5 dB~15 dB is 

formed. After 1000 Hz, the transmission loss gradually decreases as the phase difference 

becomes larger. It shows that the multipole vibration caused by the second and above phase 

difference of sound wave occurs in this frequency stage. 
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Fig. 24. 1/3 octave sound pressure level under different muffler conditions.
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gradually increases, which is caused by the interference of sound waves to a certain extent caused by dipole vibra-
tion generated by different acoustic channels. At this stage, although the phase difference between the vibration
phase of each channel and that of the central airflow channel is less than π/2, it gradually expands, showing
that the transmission loss gradually increases and the noise reduction ability gradually increases. After 500Hz,
interference conditions are formed, and the transmission loss begins to increase significantly. In the target noise
reduction frequency band, the insertion loss of 5 dB to 15 dB is formed. After 1000Hz, the transmission loss
gradually decreases as the phase difference becomes larger. It shows that the multipole vibration caused by the
second and above phase difference of sound wave occurs in this frequency stage.
The final noise is compared with the loudness curve of NR90, as shown in Fig. 25. After the addition of the

acoustic metamaterial muffling unit, the overall exhaust noise level is significantly lower than that of the N90
curve after the excessive noise at the stage of 500Hz to 1000Hz is eliminated, and the noise reduction of the
frequency band with insufficient noise reduction under the original muffler condition is realized. Noise reduction
that significantly exceeds the loudness curve can significantly reduce the loudness of noise emissions.
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Fig.24 1/3 octave sound pressure level under different muffler conditions 

The final noise is compared with the loudness curve of NR90, as shown in Fig.25. After 

the addition of the Acoustic metamaterials muffling unit, the overall exhaust noise level is 

significantly lower than that of the N90 curve after the excessive noise at the stage of 500 

Hz~1000 Hz is eliminated, and the noise reduction of the frequency band with insufficient 

noise reduction under the original muffler condition is realized. Noise reduction that 

significantly exceeds the loudness curve can significantly reduce the loudness of noise 

emissions. 
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Fig. 25. Comparison between NR90 curve and noise curve after muffling.

It can be seen that the acoustic metamaterials can achieve noise reduction in the frequency band of 500Hz to
1000Hz, and the frequency band above 1000Hz can achieve certain noise reduction ability through the interference
of multi-order frequencies. Its advantage is that through structural adjustment and design, higher noise reduction
ability can be obtained in the frequency where noise reduction is difficult. When the muffler is used alone, there
will be obvious difference in transmission loss at different frequencies, but when combined with other muffler
structures, it can carry out targeted muffler without significantly increasing the exhaust resistance, so as to solve
the problem of insufficient muffler at some frequencies.

6. Conclusion

In this paper, according to the structural characteristics of internal combustion engine exhaust pipe and the
performance requirements of exhaust noise reduction, the acoustic model is established by using the equivalent
medium theory, and the phase control of sound field is realized by means of space winding, and the design
of multi-channel helical metamaterials noise reduction unit is completed. The mechanism and performance of
noise reduction are studied through acoustic simulation and experimental tests, and the following conclusions are
drawn:

1. The acoustic metamaterial muffler adopts a spiral coil structure, which has a high space utilization rate,
and adopts a multi-spiral channel structure, which reduces the asymmetric influence of Fano interfer-
ence, and obtains obvious low and medium frequency muffler ability in the compact structure size.

2. The acoustic metamaterial unit realizes the change of acoustic refractive index in the equivalent acoustic
region by means of phase regulation, and obtains the multi-pole vibration interference condition at the exit
of the acoustic structure, which not only has obvious noise reduction effect at the target noise reduction
frequency, but also can obtain obvious noise reduction ability at the high-order phase difference frequency.
A stronger ability to eliminate sound without significant frequency can be obtained.
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3. The acoustic metamaterial unit has a low exhaust resistance. Under the condition of single use or series
use, the exhaust resistance is only 360Pa to 370Pa when the exhaust speed is 70m/s, which has obvious
advantages over the traditional noise reduction structure.

In summary, the multi-helical channel phase control acoustic metamaterial muffler has a good performance in
terms of structure size, muffler performance, muffler frequency and exhaust resistance, and the structural design
is flexible, so it will have a good application prospect in exhaust noise reduction.
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In the sound field simulation of cabin-sized enclosures, the Schroeder frequency (SF) is still employed to es-
timate the crossover frequency (CF) that determines the validity ranges of wave-based and geometrical acoustic
methods. However, because cabin-sized enclosures exhibit distinct modal behaviors from typical medium- and
large-scale rooms, the validity of SF in such enclosures has not been thoroughly tested. This study introduces
the modal density-based crossover frequency (MDCF) to systematically evaluate the applicability of SF in
cabin-sized enclosures. The MDCF employs the same dense modal criterion as SF. However, its modal param-
eters, are derived from the numerical eigenfrequency analysis. This contrasts with the SF formula, where these
parameters are determined solely by the room volume and reverberation time. Ten models are constructed for
evaluation, grouped into two volume sets: 8m3 (cabin-sized) and 80m3 (common-sized). Each set comprises five
distinct geometrical shapes from rectangular models to simplified vehicle shapes. The results reveal that, for
cabin-sized enclosures under low absorption boundary conditions, the MDCF is typically 70Hz to 150Hz lower
than SF; the discrepancies decrease to 20Hz to 50Hz in 80m3 rooms. Furthermore, the MDCF varies with
room shapes at a constant volume, while the SF remains nearly unchanged. These findings demonstrate that
MDCF provides a more reliable CF estimation for rooms with irregular shapes, highlighting the importance of
considering accurate modal parameters in the acoustic analysis of cabin-sized models.
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Notations

BHP – half-power bandwidth, K – stiffness matrix,

B̃HP – simplified half-power bandwidth, L – total edge length,

BHP (fn,c) – n-th half-power bandwidth, Lx, Ly , Lz – room dimensions,

C – damping matrix, M – modal overlap degree,

c0 – speed of sound, M – mass matrix,

fMDCF – modal density-based crossover frequency, Nf – modal number,

fn – n-th eigenfrequency under rigid boundary Ñf – simplified modal number,

(or the real part of n-th eigenfrequency fn,c), nx, ny , nz – modal orders along each axis,

fn,c – n-th eigenfrequency p – sound pressure,

fSF – Schroeder frequency, S – total surface area,

fu – upper limit frequency, T60 – reverberation time,

k – wavenumber, V – volume,
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Z – boundary acoustic impedance, ∆fn – eigenfrequency spacing,

α – absorption coefficient, ∆f̃n – simplified eigenfrequency spacing,

δ – modal decay factor, ρ – air density,

δ̃ – simplified modal decay factor, ζ – normalized boundary impedance, ζ = ζi + jζr.

δn,c – n-th modal decay factor,

1. Introduction

In the study of sound field simulation and analysis for cabin-sized enclosures, the crossover frequency (CF)
serves as a critical threshold that defines the optimal transition between wave-based and geometrical acoustic
methods (Kleiner, Tichy, 2014; Rougier, 2018; Siltanen et al., 2010). Below the CF, the sound field is
dominated by a limited set of discrete normal modes, where the wave-based methods such as the finite ele-
ment method (FEM) can provide accurate predictions (Sakuma et al., 2014). Above the CF, the modal density
increases, leading to a more even distribution of sound energy; therefore, geometrical acoustic methods – ray trac-
ing methods – provide accurate predictions with greater computational efficiency (Savioja, Svensson, 2015;
Savioja, Xiang, 2019).
In practice, CF is commonly estimated by the classical Schroeder frequency (SF) formula, which has been

validated mainly in the medium- and large-scale sound fields (Southern et al., 2011; 2013; Summers et al.,
2004). Based on the statistic acoustic theory, the SF is determined by two parameters: the room volume V , which
describes the modal distribution behavior, and the reverberation time T60, which characterize the decay rates of
all modes (Schroeder, Kuttruff, 1962; Schroeder, 1987; 1996). Both the modal distribution and the modal
decay properties serve as critical parameters for the theoretical determination of CF, and SF offers a convenient
indicator for estimating CF (Brinkmann et al., 2019).
However, the simplifications and assumptions of modal properties in the derivation of SF impose limita-

tions. The simplified modal distribution formula – originally derived from the distribution of oblique modes in
rectangular rooms – approximates the modal distribution of enclosures with different shapes solely through their
volumes V (Bolt, 1946;Morse, Uno Ingard, 1968); it not only undercounts modes but also neglects the effects
of room geometry on modal distribution (Gunawan, Aditanoyo, 2018; Meissner, 2021). The reverberation
time T60, which characterizes the modal decay rate, is typically assumed to be a frequency-independent value
– estimated either from an average absorption coefficient in analytical simulation or from the 1 kHz one-third
octave band in measurements – to yield a specific SF value (Kuttruff, 2016; Nélisse, Nicolas, 1997). Such
a single global parameter T60, however, is insufficient to capture the decay behaviors of individual modes. Because
the decay rate of each mode depends on how it interacts with the damping boundaries: modes that encounter
more damping surfaces exhibit faster energy decay than those encountering fewer damping surfaces (Bastine
et al., 2021; Zheng et al., 2021). For instance, in rectangular rooms, the oblique modes decay more rapidly than
the axial and tangential modes, and similar variations are also observed in non-rectangular enclosures.
The limitations from the simplified modal parameters become more pronounced in cabin-sized enclosures.

In such enclosures, the number of modes within a given frequency band is limited and their distribution is
sparse (Kleiner, Tichy, 2014;Meissner, 2017). Therefore, any underestimation using a volume-based formula
can lead to substantial relative errors. Moreover, the premise of reverberation time T60 is often invalid in cabin-
sized enclosures due to the rapid interaction of sound waves with damping boundaries, which causes faster energy
decay (Ferreira et al., 2016; Rindel, 2015). As a result, these simplified modal parameters introduce significant
errors into the modal analysis of cabin-sized enclosures. Despite these limitations, the SF remains a reference
for estimating the CF in several vehicle acoustics studies (Aretz, Vorländer, 2014a; 2014b; Granier et al.,
1996; Pinardi et al., 2021). Hence, it is necessary to reassess the validity of using SF to estimate CF, as its
applicability in this context is insufficiently established.
To address these issues, this study analyzes the modal characteristics of cabin-sized enclosures, and proposes

the modal density-based crossover frequency (MDCF) for CF estimation using accurate modal parameters. Ten
models – comprising two volume sets (8m3 and 80m3) and five distinct geometries per set – are simulated via the
FEM to obtain accurate eigenfrequencies and modal parameters. By comparing the numerically derived modal
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spacing and bandwidth with analytical solutions, we quantify the discrepancies between MDCF with SF, and
elucidate the mechanisms underlying these differences in cabin-sized enclosures.
The paper is organized as follows: Sec. 2 introduces the research models, including the model shapes, boundary

conditions, and numerical simulation setup; Sec. 3 reviews the analytical formulas and numerical simulations of
modal parameters, details the derivation process of the SF and MDCF, and presents the relations between them;
Sec. 4 compares the results between analytical (SF-based) and numerical (MDCF-based) modal parameters across
different geometries and boundary conditions, and further compares the MDCF and SF. Finally, Sec. 5 concludes
with the main findings and academic contributions of MDCF in vehicle acoustics studies.

2. Research models

The research models comprise two sets of proportionally scaled models with a volume ratio of 1:10, the
small-scale set has a volume of 8m3, representing vehicle cabins, while the large-scale set has a volume of 80m3,
representing ordinary meeting rooms. Each volume set contains five geometrical configurations: three rectangular
rooms with dimension ratios (Lx :Ly :Lz) as follows – model A (1.00 : 3.00 : 4.00), model B (1.00 : 1.50 : 2.50),
and model C (1.00 : 1.20 : 1.45) (Rindel, 2021), and two chamfered models: model D and model E, created by
applying diagonal cuts to model B (similar dimensions to actual cabins). Figure 1 provides the exact dimensions
and geometries for the five small-scale models (8m3).

Model A Model B Model CModel A Model B Model CModel A Model B Model C

Model D Model EModel D Model E
Fig. 1. Dimensions and geometries of five small-scale models. Rectangular models: model A (1.00 : 3.00 : 4.00),
model B (1.00 : 1.50 : 2.50), model C (1.00 : 1.20 : 1.45). Non-rectangular models: model D (one oblique plane),

model E (two oblique planes). Dimensions are in millimeters [mm].

All interior surfaces are modeled as isotropic and homogeneous boundaries, with a uniform absorption coef-
ficient a ranging from 0.05 to 0.30. Boundary losses are implemented by locally reacting boundaries with Robin
boundary conditions (Zheng et al., 2021).
Acoustic eigenmodes are obtained by solving the linearized Helmholtz equation under rigid or damping bound-

ary conditions via the FEM, the calculation process is detailed in the next section. The computational mesh ele-
ment size is set to h ≤ λmin

5
, where λmin = 0.0686m corresponds to the wavelength at 1 kHz, ensuring a minimum

of five elements per wavelength for simulation accuracy.
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3. Theory and methods

Modal distribution and modal decay are fundamental properties of normal modes. This section first outlines
the theoretical framework of modal theory and the analytical formulas for modal parameters in rectangular rooms,
followed by the derivation of the SF. Based on this framework, the corresponding parameters for non-rectangular
rooms are obtained through the numerical eigenfrequency analysis. Subsequently, the MDCF is introduced as an
alternative estimation method for estimating the CF, and its differences from the SF formula are compared and
discussed.

3.1. Analytical solution of modal parameters and derivation of the Schroeder frequency

For a rectangular room with rigid boundaries, the eigenfrequency formula is given by (Kuttruff, 2016):

fn =
c0
2

¿
Á
ÁÀ
(
nx

Lx
)
2

+ (
ny

Ly
)

2

+ (
nz

Lz
)
2

, (1)

where c0 is the speed of sound in air, Lx, Ly, Lz are the room dimensions, and nx, ny, nz are non-negative integers
representing the modal orders along each axis. Modes are classified according to their propagation direction:
oblique modes (none of the nx, ny, nz are zero, representing 3D volume propagation), tangential modes (one
of the nx, ny, nz is zero, indicating 2D surface propagation), and axial modes (two of the nx, ny, nz are zero,
corresponding to 1D axial propagation).
The modal number below an upper frequency fu in rectangular rooms is given by (Maa, 1939):
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where V , S, and L represent the room volume, total surface area, and sum of the room edge lengths, respectively.
Since the first volume-governed term dominates at high frequencies, Eq. (2) is commonly simplified as (Weyl,
1911):

Ñf(fu) =
4π

3
V (

fu
c0
)

3

. (3)

The eigenfrequency spacing, defined as the difference between consecutive eigenfrequencies, can also be ex-
pressed as the number of modes within per unit frequency range. Based on Eq. (3), the average eigenfrequency
spacing is expressed as

∆f̃n = (
dÑf (fu)

dfu
)

−1

=
c30

4πV f2
u

. (4)

Under non-rigid boundary conditions, modal energy decays over time. The decay rate is typically quantified
by the decay factor δ, following the relation of E(t) = E0e

−2δt. The decay factor can be derived from the time
required for the sound level decreases by 60 dB, known as T60. Thus, the decay factor is given by (Kuttruff,
2016):

δ̃ =
3 ln (10)

T60
. (5)

In the frequency region, the half-power bandwidth – defined as the frequency range where energy decays from
peak to half-peak – is related to the decay factor by (Kuttruff, 2016):

BHP =
δ

π
. (6)

By substituting the Eq. (5) into Eq. (6), the half-power bandwidth can be expressed as

B̃HP =
3 ln (10)

π ⋅ T60
. (7)
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The modal overlap degree is defined as the ratio of half-power bandwidth and eigenfrequency spacing, can be
calculated as (Dance, Van Buuren, 2013):

M =
BHP

∆fn
. (8)

According to Schroeder’s study, when the modal overlap degree reaches or exceeds 3 – that is, when the
eigenfrequencies spacing is less than one-third of the bandwidth – it represents the dense modal distribution
(Schroeder, 1996). This criterion can be reformulated as the condition where the half-power bandwidth equals
three times of eigenfrequency spacing, expressed as

BHP = 3 ×∆fn. (9)

By substituting the expressions for eigenfrequency spacing from Eq. (4) and the half-power bandwidth from
Eq. (7), the Schroeder frequency is expressed as

fSF = 2065.8

√
T60

V
≈ 2000

√
T60

V
. (10)

Therefore, the SF provides a general formula, based on the room volume V and decay parameter T60, to es-
timate the CF, which marks the transition from the discrete to dense modal distribution.

3.2. Numerical modal analysis and the definition of modal density-based crossover frequency

However, in a non-rectangular enclosure with complex boundary conditions, the analytical eigenfrequency
formula – Eq. (1) – is no longer applicable. In practice, the FEM and other numerical simulation methods can
provide a viable and efficient way to predict the eigenfrequency, as obtaining exact eigenvalues by measurements
is often impractical. The FEM solves for the eigenfunctions by discretizing the continuous governing equations
(Sakuma et al., 2014). All models in this study are analyzed using the FEM to ensure comparability.
The governing equation (the Helmholtz equation) in the acoustic eigenmode analysis takes the form:

∇
2p + k2p = 0, (11)

where k = ω
c0
is the wavenumber. Through the Galerkin weighted residual method, the continuous Eq. (11) is

discretized into a generalized matrix eigenproblem, with eigenfunctions Φ and corresponding eigenvalues k:

[K − k2M]Φ = 0, (12)

where Kij = ∫
Ω

∇Di ⋅ ∇Dj dΩ is the element of the stiffness matrix K, and Mij = ∫
Ω

DiDj dΩ is an element of

the mass matrixM; Di and Dj represent shape functions for nodes i and j, and Ω is the computational volume
domain.
Based on the numerical eigenfrequency solutions, the eigenfrequency spacing is calculated as the difference

between consecutive eigenfrequencies. Compared to Eq. (4), this approach is fundamental and yields randomly
fluctuating results rather than an averaged trend:

∆fn = fn − fn−1. (13)

Under damping boundary conditions with a specific acoustic impedance Z, the governing equation is modi-
fied as

(K − k2M +C)Φ = 0, (14)

where Cij =
iωρ
Z ∫

S

DiDj dS is an element of the damping matrix C, ρ is the ambient air density, and S is the

computational surface domain. Consequently, the n-th eigenfrequency is expressed as
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fn,c = fn − i
δn,c

2π
, (15)

where the imaginary part represents the mode-specific decay factor δn,c, which varies with the modal propagation
direction and boundary conditions. Substituting δn,c into Eq. (6) yields the mode-specific half-power bandwidth:

BHP (fn,c) =
δn,c

π
. (16)

Applying the same criterion: ‘three modes within a half-power bandwidth BHP ,’ the MDCF is defined from
the numerical eigenfrequency solutions. As illustrated in Fig. 2, for each eigenfrequency f

(i)
n,c, the number of

modes N (i)f within its corresponding half-power bandwidth BHP(f
(i)
n,c) is counted. The MDCF is identified as

the lowest eigenfrequency for which the half-power bandwidth contains three or more modes, and all subsequent
frequencies also satisfy this condition. The half-power bandwidth and its center frequency correspond to the
imaginary and real parts of the complex eigenfrequency in Eq. (15).
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Fig. 2. Definition of modal density-based crossover frequency: the MDCF is the lowest eigenfrequency whose half-power
bandwidth contains three or more modes, with all subsequent frequencies also meeting this criterion.

As shown in Fig. 2, light gray blocks represent bands that do not satisfy the dense modal criterion, such as
BHP (f

(1)
n,c ); while dark gray blocks satisfy this criterion. Since the BHP (f

(k)
n,c ) centered at the eigenfrequency

f
(k)
n,c contains three modes of N

(k)
f , and all subsequent frequency bands also satisfy this condition, it follows that

fMDCF = f
(k)
n,c .

3.3. Comparison of Schroeder frequency and modal density-based crossover frequency

Both of SF and MDCF employ the ‘three mode within a BHP ’ criterion, but they differ in the employed
parameters and derivation process. Table 1 summarizes the modal parameters used in the derivation of SF
and MDCF.

Table 1. Modal parameters employed in derivation process of SF and MDCF.

Parameter Schroeder frequency Modal density-based crossover frequency

Eigenfrequency spacing ∆f̃n =
c30

4πV f2
u

,

simplified formulas (rectangular shape)

∆fn = fn − fn−1,

numerical results (any geometrical shapes)

Half-power bandwidth B̃HP =
3 ln (10)

π ⋅ T60
, with global decay T60 BHP (fn,c) =

δn,c

π
, mode-dependent

4. Results

The modal parameters obtained from numerical simulations and analytical formulas are compared in the
following section.
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4.1. Eigenmode distributions under rigid walls

Figure 3 presents the comparison of eigenfrequency spacing under the rigid boundary condition. The numerical
results ∆fn from Eq. (13) in 8m3 and 80m3 rooms are shown as green- and blue-marked lines, respectively; while
analytical results∆f̃n from Eq. (4) are presented by black dashed and dotted lines. The gray shaded areas indicate
the discrepancies between the two methods.
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Fig. 3. Eigenfrequency spacing from numerical results ∆fn from Eq. (13) and analytical results ∆f̃n from Eq. (4) in 8m3

rooms (green-marked lines, black-dashed lines) and 80m3 rooms (blue-marked lines, black-dotted lines). Gray regions
denote discrepancies between them.

Overall, discrepancies are observed across all models, and are more pronounced in small-scale rooms (8m3).
In the low-frequency range, the eigenfrequency spacings obtained from the analytical results are higher than that
from the numerical results, and gradually consistent. For example, below 200Hz, the average difference between
the two methods range from 10Hz to 20Hz in 8m3 rooms; and from 3 Hz to 10Hz in 80m3 rooms.
Regarding the shape-dependent discrepancies in 8m3 rooms, model A exhibits the largest deviation, with

differences up to 20Hz. Models B and E also show substantial discrepancies, with maximum deviations of 10Hz
to 15Hz. Models C and D display smaller differences, with deviations around 10Hz. These results indicate that
the analytical method becomes less accurate in small-scale enclosures, ultimately affecting the analysis of modal
overlap and crossover frequency.

4.2. Half-power bandwidth under damping boundaries

Figure 4 compares the half-power bandwidths under a uniform absorption boundary condition (α = 0.20).
The numerical bandwidths BHP(fn,c) from Eq. (16) for 8m3 and 80m3 rooms are presented by green- and blue-
marked lines, respectively; and analytical results B̃HP from Eq. (7) are shown as black dashed and dotted lines.
The gray areas quantify the deviations between the two methods.
Across all models, the bandwidths obtained numerically are consistently higher than those from the analytical

formula, and this discrepancy is more pronounced in 8m3 rooms. For instance, in 8m3 rooms, deviations exceed
10Hz at certain eigenfrequencies; whereas the discrepancy is narrower in 80m3 rooms. Moreover, the numerical
results exhibit frequency-dependent variations: at low frequencies, they show a scattered distribution due to
varying modal damping; whereas at high frequencies, they stabilize at a higher value owing to the dominance of
oblique modes. In contrast, the analytical results remain constant across the frequency range.
As for the shape-dependent discrepancies in 8m3 rooms, model C has the largest deviation (nearly 15Hz),

followed by models B and E (up to 10Hz), and model D (slightly less than 10Hz). Model A exhibits the smallest
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Fig. 4. Half-power bandwidth of numerical results BHP(fn,c) from Eq. (16) and analytical results B̃HP from Eq. (7)
in 8m3 rooms (green-marked lines, black-dashed lines), and 80m3 rooms (blue-marked lines, black-dotted lines). The
boundary absorption coefficient is 0.20, and T60 in analytical B̃HP is obtained by Eyring T60 formula. Gray regions denote

discrepancies between them.

discrepancy. These results demonstrate that the analytical formula underestimates the modal damping, and that
the discrepancies between numerical and analytical results among different model shapes are more pronounced
in small-scale enclosures.

4.3. Modal overlap degree

The ratio of the half-power bandwidth to eigenfrequency spacing is the modal overlap degree, which determines
the final crossover frequency. Figure 5 compares the modal overlap degree under the boundary condition of
a uniform absorption α = 0.20. Green and blue lines represent BHP(fn,c)/∆fn obtained by numerical results
for 8m3 and 80m3 rooms, respectively; while black-dashed and dotted lines show B̃HP/∆f̃n obtained by the
analytical formula. Gray areas indicate where a modal overlap degree reach or exceed three. The vertical solid
and dashed lines indicate the MDCF and SF for 8m3 rooms (green) and 80m3 rooms (blue). Above the MDCF
and SF, the modal overlap degree exceeds three.
This analysis is critical for determining the MDCF and SF. Overall, the modal overlap degree from numerical

results is consistently higher than that from analytical results under the current boundary condition; correspond-
ingly, MDCF is generally lower than the SF in all models except model C, where a sudden drop in the modal
bandwidth containing fewer than three modes results in a higher MDCF.
Notably, the difference between MDCF and SF is more pronounced in 8m3 rooms. For example, model D

exhibits the largest gap, around 140Hz (MDCF ≈ 220Hz and SF ≈ 360Hz), followed by model E at approximate
100Hz, model B is around 60Hz, and model A is around 40Hz. In contrast, 80m3 rooms show narrower gaps
between MDCF and SF, around 15Hz to 40Hz. Based on this methodology, results for other boundary conditions
could be derived similarly and are presented in the next section.

4.4. Modal density-based crossover frequency

Based on the foregoing analysis, the MDCF can be determined. Figure 6 compares MDCF with SF in 8m3

and 80m3 rooms for the boundary absorption coefficients in the range of [0.05, 0.30]. The MDCF is represented
by marked lines and SF is represented by dashed lines.
The results show that the MDCF is generally lower than the SF in most cases. Notably, larger discrepancies

are observed in 8m3 rooms than 80m3 rooms. For instance, at α = 0.20, the differences of MDCF and SF exhibit
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8 m3: MDCF (��� ����)

8 m3: SF (��� ����)

80 m3: Simulated BHP(fn,c) /� fn

80 m3: Analytical B ̃HP /� f ñ
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Fig. 5. Modal overlap degree of numerical modal parameters (BHP(fn,c)/∆fn) and analytical modal parameters
(B̃HP/∆f̃n) in 8m3 rooms (green-marked lines, black-dashed lines) and 80m3 rooms (blue-marked lines, black-dotted lines).
The boundary absorption coefficient is 0.20. The vertical lines represent the MDCF (solid lines) and SF (dashed lines) in
8m3 rooms (green) and 80m3 rooms (blue), indicating the frequency beyond which the bandwidth contains more than

three modes.
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Fig. 6. MDCF and SF in 8m3 (green-solid and dashed lines) and 80m3 (blue-solid and dashed lines) rooms, when boundary
absorption coefficient is from 0.05 to 0.30.

an average of 55Hz and the peak of 145Hz in 8m3 rooms, whereas in 80m3 rooms, the average gap is 25Hz, and
the peak gap is 50Hz. As analyzed above, discrepancies in the eigenfrequency spacing and half-power bandwidth
between numerical and analytical results lead to differences between the MDCF and the SF. These include: the
MDCF accounts for actual modal distribution, considering all simulated eigenmodes, and the SF relies on volume-
related eigenmodes that overestimate eigenfrequency spacing, particularly in small-scale rooms; and the numerical
BHP is consistently wider than analytical predictions, with this discrepancy amplified in smaller enclosures. These
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findings explain the mechanisms underlying the discrepancies between the SF and the MDCF when estimating
the CF, and quantitatively specify these differences.

5. Conclusion

This study investigates modal characteristics of cabin-sized enclosures by analyzing two key parameters that
determine the CF – modal distribution and modal decay – using both numerical simulations and analytical
formulations. The MDCF, derived from numerical simulations, is proposed and compared with the SF. Based on
ten models with two volumes and five different geometrical shapes, the results show that the MDCF varies with
room shapes at a constant volume. Furthermore, the MDCF is lower than SF approximately 70Hz to 150Hz
in cabin-sized rooms; while the differences decrease from 20Hz to 50Hz in larger rooms. Consequently, MDCF
provides a more reliable CF estimation for irregularly shaped rooms, and highlights the necessity of incorporating
accurate modal parameters in the modal analysis of cabin-sized enclosures. Additionally, the difference in modal
decay rates across modal types is analyzed, providing theoretical insights relevant to low-frequency equalization.
Future work should include experimental validation to deepen the understanding of modal properties in cabin-
sized enclosures.
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Due to the complexity of the infrasound environment and the high costs associated with data collection,
frequent acquisition of infrasound data is often impractical, resulting in a limited amount of labeled data. To
address the challenge of low classification prediction accuracy caused by data scarcity, this paper proposes an
infrasound prediction model based on a time-series generative adversarial network (TimeGAN) and coordinated
attention prototype network (CAPN) (TimeGAN-CAPN). The model begins by introducing TimeGAN, where
the generative network is trained using a combination of unsupervised and supervised learning. This approach
enables the network to operate within the latent space of temporal features and generate time-series data that
closely aligns with the distribution of the original data. These generated samples are then combined with the
original data to form an augmented dataset. Subsequently, the augmented data is input into the CAPN, which
enhances the sample size per class, allowing for more precise class prototypes and improving the prediction
accuracy of the model. Furthermore, the quality and diversity of the data generated by TimeGAN are quan-
titatively and qualitatively assessed using maximum mean discrepancy (MMD) and t-distributed stochastic
neighbor embedding (t-SNE), facilitating a comparison and verification of the generated data’s performance.
Experimental results show that TimeGAN-CAPN significantly outperforms the CAPN model in classification
tasks with limited infrasound data, achieving an increase in accuracy of 7.15%. This demonstrates that the
proposed method is highly effective for predicting infrasound-related disasters, particularly in scenarios with
small sample sizes.

Keywords: infrasound signal, time-series generative adversarial network, coordinated attention prototype
network, maximum mean discrepancy.
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1. Introduction

Infrasound (≤20Hz) refers to sound waves with frequencies below the human hearing range, and is charac-
terized by long propagation distances and strong penetration ability (Sovilla et al., 2025; Lu, Li, 2023). Many
extreme events, such as earthquakes, tsunamis, and explosions, generate infrasound waves. Globally, infrasound
monitoring has been widely applied in the prediction and prevention of natural disasters. Infrasound event detec-
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tion is the foundation of infrasound monitoring, with its main goal being to extract infrasound events from a large
amount of background noise and determine the event’s scope (Dong et al., 2024). Event detection is significant
for subsequent research such as event classification and localization. Therefore, improving the effectiveness of
event detection has become a key issue in the field of infrasound research.
The importance of infrasound event detection algorithms in infrasound monitoring has led to rapid ad-

vancements in their technological research. Many scholars have conducted studies on infrasound event detection
methods, and new methods continue to be introduced. Baeza Moyano, González Lezcano et al. (2022)
explored the potential health impacts of infrasound and advocates for improvements in housing conditions to
mitigate these effects.Watson et al. (2022) reviewed the advancements in volcano infrasound research and out-
lines future directions for further investigation and application in volcanic monitoring. Friedrich et al. (2023)
examined how infrasound affects the perception of low-frequency sounds and its potential influence on human
perception and response. Hupe et al. (2022) discussed the use of infrasound data products from the International
Monitoring System for atmospheric studies and various civilian applications.Macpherson et al. (2023) explored
the use of local infrasound to estimate seismic velocity and earthquake magnitudes, offering a new approach for
seismic monitoring. Listowski et al. (2022) investigated the use of infrasound for remotely monitoring Mediter-
ranean hurricanes, highlighting its potential for early detection and tracking. Zajamsek et al. (2023) explored
how infrasound influences the detectability of amplitude-modulated tonal noise, focusing on its impact on human
perception.Wilson et al. (2023) presented findings from a long-term microphone array deployment in Oklahoma,
analyzing infrasound and low-audible acoustic detections for various environmental and geophysical applications.
Yang et al. (2025) examined the correlation between gas desorption processes and infrasound signals, investigat-
ing the underlying mechanisms that link the two phenomena. However, the above methods do not consider the
prediction of infrasound signals in small sample scenarios.
To address the challenge of low classification prediction accuracy caused by the scarcity of labeled infrasound

signal samples, this paper proposes an infrasound prediction model based on coordinated attention prototype
network (TimeGAN-CAPN). The model first expands the temporal infrasound data using time-series genera-
tive adversarial network (TimeGAN), then combines the generated data with the original dataset to train the
prediction model, thereby enhancing its performance. Subsequently, drawing on the principles of metric learn-
ing, a coordinated attention mechanism is integrated into the traditional prototype network to extract more
discriminative feature information, facilitating the accurate construction of metric prototypes for various types
of infrasound. Inspired by the biological binocular system, a deep mutual learning framework is introduced to in-
tegrate convolutional neural networks with coordinated attention prototype network (CAPN), further improving
the model’s prediction accuracy. Experimental results demonstrate that the proposed method outperforms other
approaches in classification performance, significantly enhancing disaster early warning rates and advancing the
practical application of infrasound detection algorithms.
The structure of this paper is as follows: Sec. 2 provides a brief overview of the basic theories behind TimeGAN,

CAPN, and TimeGAN-CAPN, which are used in this study; Sec. 3 presents a performance comparison of different
methods through experiments; finally, conclusions are drawn in Sec. 4.

2. Methods

2.1. TimeGAN

Yoon et al. (2019) proposed the TimeGAN by combining the flexibility of unsupervised learning with the
strong control of the training process in supervised learning. Its training process is essentially a process of solving
the min-max problem of a binary function. The model consists of two networks: the reconstruction network and the
embedding network; and two generative models: the discriminator and the generator. It uses three different loss
functions: the generation loss function, the supervised loss function, and the unsupervised loss function to train
the network.
The Time-GAN model uses gradient descent for parameter optimization, with the generator typically taking

random noise and vectors as input. The loss function is expressed as follows (Sharma et al., 2024):
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LG(Z) = EZ∼PZ(Z) [log (1 −D(G(Z)))], (1)

where LG(⋅) is the generator’s loss function, E(⋅) is the embedding network’s expected loss, G(⋅) is the generator
function, D(⋅) is the discriminator function, PZ(⋅) is the noise data distribution, Z is the random variable for
noise input.
The input variables for the discriminator are synthetic data and real data to be distinguished, and the loss

function is expressed as (Vuletić et al., 2024):

LD(x) = EX∼Pi(x) [logD(x)] +EX∼PG(x) [log (1 −D(x))], (2)

where LD(⋅) is the real data variable, i is the fake data variable, Pi(⋅) is the real data distribution, x is the input
random variable.

2.2. CAPN

The CAPN model is shown in Fig. 1. It consists of two parallel views: in the global view, a convolutional neural
network (CNN) is used to capture inter-class relationships, while in the local view, a prototype network with
a coordinated attention mechanism focuses more on matching details (Jiang et al., 2025). The two views are then
aggregated through a deep mutual learning framework, implicitly exploring useful knowledge from each other.
The training process aims to find the best hyperparameter settings and leverage prior knowledge to better train
specific test tasks. Finally, during the testing process, the collaborative features from both views are combined
to perform classification tasks, thereby improving the accuracy of few-shot classification prediction. The model
is mainly divided into three parts: the global view, the local view, and cross-view mutual learning.
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Fig. 1. Structure of CAPN.

2.2.1. Global view

In the global view, a 1D convolutional network is used for training (Zhang et al., 2024). Specifically, for
a given task Γ , a global learner AG

∅
is trained to map each data sample xi in the Γ set to a high-dimensional

space. The probability distribution of xi is expressed as follows:

P (yi = y ∣xi) = σ (A
G
∅
(xi)), (3)

where σ is the softmax activation function. It serves to combine the extracted features for nonlinear activation,
outputting the probability distribution of each class, which is then used for classification.
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The loss function is calculated using cross-entropy, i.e., the negative logarithm of the probability P (yi = y ∣xi)

(Tang et al., 2023). Therefore, the loss function for the global view is as follows:

Lglobal = E(xi,yi)∈T ⋅
N

∑
i=1

yi logP (yi = y ∣xi) . (4)

2.2.2. Local view

In the local view, a prototype network is used to match each query sample with the class prototype from
the support set in the embedding space. Therefore, in the local view, a prototype network with a coordinated
attention mechanism is applied.
This model consists of three parts: feature embedding, prototype generation, and feature distance-based clas-

sification. The structure is shown in Fig. 2. The first step is to use a feature embedding module with an attention
mechanism for feature embedding. Samples of the support set and query set are passed through the convolutional
layers. By adding the coordinated attention mechanism, both spatial and channel information are extracted, and
by embedding position information in the channel attention, accurate position details and long-range dependen-
cies are captured. This allows the feature embedding to focus more on useful local feature information, enhancing
the feature representation ability of the feature embedding network. The second step is to compute the class pro-
totype features by averaging the feature maps of samples from the same class. The mean feature serves as the class
prototype feature. The third step is to measure the distance between the category prototype features learned by
the feature embedding network and the query sample features using a selected distance metric, such as Euclidean
distance. According to the principle that similar samples are close and dissimilar samples are far apart, the closest
prototype to the query set output is selected as the predicted result, and the network is trained until it meets
the required model and label prototypes. Classification prediction is then performed using the saved optimal
coordinated attention prototype network.
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Fig. 2. Structure of CAPN for the classification prediction.

2.2.3. Cross-view mutual learning

In addition to learning within each individual view, the global and local views also mutually promote each
other through cross-view interaction in the deep mutual learning network. Specifically, for each view, in addition to
completing its own training task, the view also minimizes the imitation loss from the other view. This imitation
loss uses the Kullback–Leibler divergence to quantify the match between the prediction probabilities of the
two networks, which aids in implicit knowledge transfer (Ji et al., 2020). The mutual loss is shown in Eq. (5),
which includes two sub-items:

Lmutual =DKL (F1∥Fg) +DKL (Fg∥F1), (5)

DKL (F1∥Fg) = F1 log
F1

Fg
, (6)



Q. Lu et al. – TimeGAN and Coordinated Attention Prototype Network Based Prediction Model... 41

DKL (Fg∥F1) = Fg log
Fg

F1
, (7)

where F ( ) represents the feature distribution computed by σ(A∅(x)), and the interaction problem is considered
from the perspective of feature distribution consistency. Learning in Euclidean space focuses on relative relation-
ships rather than hard constraints such as mean square error. This is because overly strong supervision signals
are not conducive to preserving the specificity of both views (Ruddick et al., 2024).
Thus, the final loss function of the model is given by

Ltotal = αLglobal + βL̂11 + γLmutual, (8)

where α, β, and γ are the weighting factors. The optimal loss weights α, β, and γ are determined through
a systematic hyperparameter tuning process using grid search combined with cross-validation. This paper explores
various combinations of α, β, and γ within a pre-defined range, informed by prior work on similar models and
the characteristics of infrasound data. The model’s performance is evaluated based on classification accuracy
and loss using a validation set, with the aim of balancing the three loss terms – reconstruction loss, supervised
loss, and unsupervised loss – while avoiding overfitting. After multiple iterations, the values that resulted in the
highest overall performance are selected, ensuring the model effectively captured both temporal and discriminative
features of the infrasound signals.

2.3. Proposed approach

The TimeGAN-CAPN infrasound prediction model proposed in this paper is illustrated in Fig. 3. It consists of
three main components: data preprocessing, data generation, and infrasound prediction. In the data preprocessing
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phase, missing values in the sensor-collected data are imputed using the nearest neighbor interpolation method.
The data is then normalized using min-max normalization, ensuring consistent dimensions and complete features,
which enhances its usability. In the data generation phase, a TimeGAN model is constructed, and the collected
data samples are fed into the generative model. Through an adversarial process between the generator and
discriminator in the latent space, the loss function is computed to update the model parameters, ultimately
generating high-quality infrasound data samples. These generated samples are then combined with the original
data to form an augmented dataset. In the infrasound prediction phase, the synthesized dataset is split into
a training set and a test set. The training set is used to train the CAPN-based infrasound prediction model. The
final model is then applied to infrasound prediction tasks for early disaster detection.

2.3.1. Data preprocessing

The collected infrasound dataset contains valuable infrasound characteristics but is presented in various
forms, lacking uniformity, which makes it unsuitable for direct use in machine learning models. Consequently,
data preprocessing is essential to extract useful parameters and convert the infrasound data into a standardized
format that can be effectively recognized by learning algorithms. Initially, missing values are imputed to ensure
the completeness of the dataset. Following this, the input vectors are normalized to standardize the units, thereby
preventing issues such as disproportionately large feature weights that could lead to increased model training
time or gradient explosion problems.
In the experiments, the nearest neighbor interpolation method is used to fill missing data. The nearest neighbor

interpolation method uses the previous and next values of the missing data (Sehar et al., 2025). Let the value
at time t1 be x1, at time t2 be x2, and at time t3 be x3. The missing value x2 can be expressed as follows:

x2 − x1

x3 − x1
=
y2 − y1
y3 − y1

. (9)

For normalization, the min-max normalization method is used to map the results to the interval [0, 1]
(Mitropoulos et al., 2022), as shown in Eq. (10). The original data x is normalized to x∗, where xmin and
xmax are the minimum and maximum values in the original data, respectively:

x∗ =
x − xmin

xmax − xmin
. (10)

2.3.2. Data generation

In the data generation phase, the TimeGAN model is composed of four primary components: the embedding
network, the recovery network, the sequence generator, and the sequence discriminator. The embedding and recov-
ery networks fall under the autoencoder category, while the sequence generator and discriminator are part of the
generative adversarial network framework. As a result, TimeGAN involves joint training of both the autoencoding
and adversarial components. In the autoencoding section, the embedding network maps high-dimensional data
into a lower-dimensional vector, or latent space, to capture essential feature information. The recovery network
then reconstructs the data from this latent space back to its original dimensionality, minimizing the reconstruction
loss LR to optimize the representation of the latent space. Following the principle that the dynamics of complex
systems are often driven by a smaller set of lower-dimensional factors, the adversarial component trains the se-
quence generator and discriminator within the latent space produced by the embedding network. This approach
alleviates the challenges associated with high-dimensional data during the adversarial training process.
The embedding and recovery functions achieve the mapping from the feature space to the latent space,

enabling the adversarial network to learn the potential time characteristics of the data through low-dimensional
representations. Let HS represent the latent vector space containing time-related feature S, and similarly, let
HX represent the latent vector space for the static feature X. The role of the embedding function e is to encode
real-time sequences into the latent space, defined as S×∏tX →HS×∏tHX . This function uses a recurrent neural
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network (RNN) to perform the mapping, encoding both static and temporal features into low-dimensional latent
vectors hS , h1∶T = e (S,X1∶T ) which are easier for the network to learn (Ruddick et al., 2024). The embedding
function is expressed as

⎧⎪⎪
⎨
⎪⎪⎩

hS = eS(S),

ht = eX(hS , ht−1,Xt),
(11)

where eS ∶ S → HS is the embedding function for static features, aimed at converting static features S into
low-dimensional static features hS through mapping, and eX ∶HS ×HX ×X →HX is the RNN-based embedding
function for temporal features, aiming to map temporal features Xt into low-dimensional static features ht.
It follows causal ordering, meaning each step’s output depends only on the preceding information.
The recovery function γ performs decoding, defined as HS ×∏tHX → S ×∏tX. It uses a feedforward neural

network (FNN) (Ruddick et al., 2024) to restore the low-dimensional latent code back into high-dimensional
static and temporal features S̃X̃1∶T = γ(hS , h1∶T ):

⎧⎪⎪⎪
⎨
⎪⎪⎪⎩

S̃ = γS(hS),

X̃t = γX(ht),
(12)

where γS ∶HS → S is the recovery function for static features, which is the inverse mapping of hS , and similarly,
γX ∶HX →X represents the recovery network for temporal feature embeddings, which is the inverse mapping of ht.
In the autoencoding part, the embedding function maps high-dimensional static and temporal features into

a low-dimensional latent space, and the recovery function maps them back to high-dimensional features. There-
fore, the embedding function and recovery function are reversible mappings existing between the feature space
and latent space. They can accurately represent the high-dimensional reconstructed data S̃, X̃1∶T using high-
dimensional original data S,X1∶T and low-dimensional latent vectors hS , h1∶T . The reconstruction loss LR of the
autoencoder part is shown in Eq. (13), which represents the autoencoder’s understanding of the intrinsic patterns
in the input data (Ji et al., 2020). By optimizing the reconstruction, the autoencoder can generate higher-quality
low-dimensional latent representations:

LR = ES,X1∶T∼P
[∥S − S̃∥

2
+∑

t

∥Xt − X̃t∥2
]. (13)

During TimeGAN’s training, two types of data are input into the sequence generator (Ji et al., 2020). In the
open-loop mode, the low-dimensional data h̃S , h̃1∶T generated by the generator is input into the sequence generator
to obtain the next generated vector ĥt. Then, by optimizing the unsupervised loss LU , the probability of correctly
classifying the real data hS , h1∶T and generated data h̃S , h̃1∶T is increased:

LU = ES,X1∶T∼P
[log yS +∑

t

log yt] +ES,X1∶T∼P
[log (1 − ỹS) +∑

t

(1 − l̃og yt)]. (14)

Due to insufficient adversarial feedback from the sequence discriminator, the sequence generator does not
fully capture the conditional distribution of the time steps in the real data (Tang et al., 2023). Therefore,
TimeGAN introduces a supervised loss to further constrain the model and alternates training in the closed-loop
mode. The low-dimensional temporal latent sequence h1∶t−1 encoded by the embedding network is input into
the sequence generator to obtain the latent vector for the next time step. Then, the supervised loss is opti-
mized using the maximum likelihood method, which reflects the similarity between the data generated by the
sequence generator and the data encoded by the autoencoder. This loss measures the difference between distribu-
tions p (Ht∣HS ,H1,t−1) and p̂ (Ht∣HS ,H1,t−1). The supervised loss LS obtained using the maximum likelihood
method:

LS = ES,X1∶T∼P
[∑

t

∥ht − gX (hS , ht−1, zt)∥2]. (15)
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At each training step, the difference between the next latent vector from the embedding function and the
next latent vector synthesized by the sequence generator needs to be evaluated. Although the unsupervised loss
LU can guide the sequence generator to create real sequences, the supervised loss LS ensures that it generates
smooth transitions.

2.3.3. Infrasound prediction

The specific process of the coordinated attention mechanism is shown in Fig. 4, which includes two steps:
information embedding and attention generation.
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Fig. 4. Schematic of the coordinated attention generation process (Hou et al., 2021).

The information embedding component plays a crucial role in enhancing the attention module’s ability to
capture a higher-quality global receptive field while preserving the accuracy of positional encoding (Tang et al.,
2023). In traditional channel attention, global pooling is commonly used to encode spatial information (Zhang
et al., 2024). However, this approach often compresses global spatial data into channels, making it challenging to
retain precise positional information (Jiang et al., 2025). To address this issue, the information embedding op-
eration decomposes the global average pooling step by pooling separately along both the horizontal and vertical
axes of the input features. This technique aggregates features from both spatial directions, resulting in two feature
maps that retain directional information. As shown in Fig. 5, by performing transformations along both direc-
tions, long-range dependencies along one spatial axis and positional information along the other are captured by
the attention module, enabling the network to more effectively localize key targets.
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X(W)

AVG

AVG
Horizontal

Vertical

Fig. 5. Schematic of the coordinated attention information embedding operation.
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Specifically, in the horizontal direction, the global average pooling operation uses a pooling kernel of size H×1
to compress the input feature X dimensions from H ×W ×C to H × 1 ×C:

Zh
c (h) =

1

W
∑

0≤a≤W

xC(h, a)z
h
C ∈ R

C∗H∗1. (16)

In the vertical direction, the global average pooling operation uses a pooling kernel of 1×W size to compress
the input feature dimensions from H ×W ×C to H × 1 ×C:

Zw
c (w) =

1

H
∑

0≤b≤H

xC(b,w)z
w
C ∈ R

C∗1∗W . (17)

The attention generation operation aims to fully utilize the positional information encoded in the embedding
operation and capture the regions of interest and relationships between channels. Specifically, the feature maps
from the two directions, Zh

C and Zw
C , are concatenated along the channel dimension, and then convolution

operations are applied using a shared convolutional transformation function F1, obtaining intermediate feature
maps f , f ∈ R

C
r ×(H+W ), which encode both horizontal and vertical directions:

f = δ (F1 ([z
h, zw])) , f ∈ R

C
r ∗1∗(H+W ), (18)

where δ is the non-linear activation function ReLU, [⋅, ⋅] represents the concatenation along the spatial dimension.
Then, the intermediate feature map f is split along the spatial dimensions into two feature maps fh and fw,

fh ∈ R
c
r×H , fw ∈ R

c
r×W . Each feature map is upsampled using convolution operations Fh and Fw, obtaining two

directional attention weights gh and gw, gh ∈ RC×H×1, gw ∈ RC×1×W , as follows:

gh = σ (Fh (f
h)) , (19)

gw = σ (Fw (f
w
)) . (20)

Finally, the attention weights gh and gw are multiplied with the original features xC to obtain the scaled
features yC :

yC(a, b) = xC(a, b) × g
h
C(a) × g

w
C(b). (21)

2.4. Data set

This study utilizes infrasound data provided by the international monitoring system (IMS) with support from
the Comprehensive Nuclear-Test-Ban Treaty Beijing National Data Center. A total of 611 infrasound data sets
are collected from six distinct infrasound sensor arrays located globally. These data sets are categorized into
three types of infrasound events: earthquake, tsunami, and volcano. All infrasound recordings have a sampling
frequency of 20Hz. Table 1 presents the details of the infrasound data collected from various regions, while Fig. 6
illustrates the geographical distribution of the infrasound stations.

Table 1. Information of infrasound data.

Event type Data source
(IMS station code)

Geographic coordinate Number
of signals

Total Sampling
frequency [Hz]

I14CL (−33.65, −78.79) 74 20

Earthquake I30JP (35.31, 140.31) 124 203 20

I59US (19.59, −155.89) 6 20

I10CA (50.20, −96.03) 4 20

Tsunami
I22FR (−22.18, 166.85) 53

218
20

I30JP (35.31, 140.31) 113 20

I52GB (−7.38, 72.48) 66 20

Volcano I30JP (35.31, 140.31) 189 189 20
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Fig. 6. Map of the infrasound station.

3. Experiments

3.1. Experiments setup

The operating system used in this study is Windows 11, with CUDA 10.0 and cuDNN 7.4 for accelerated
training. The hardware used includes an NVIDIA Quadro P4000 (8GB memory). The network development
framework is TensorFlow 1.14, and programming is done in Python. The CPU used is an Intel(R) Core(TM)
i5-11320H CPU @ 3.20GHz, 2.5GHz. As described in Subsec. 2.2, the key parameters of the CAPN are summa-
rized in Table 2. The simulation validation focuses on applying the infrasound signal data to assess the feature
learning performance of the proposed CAPN model. Each infrasound signal consists of 10 400 data points. The
dataset is divided into training and testing samples. The input map size for the CAPN model is 128× 128× 1.
The number of iterations is set to 60.

Table 2. Parameter of CAPN.

Number of layer Layer type Kernel size Filters

1 Convolution 1 12× 12 4

2 Maxpooling 1 5× 5 –

3 Convolution 2 7× 7 4

4 Maxpooling 2 5× 5 –

5 Convolution 3 5× 5 8

6 Maxpooling 3 5× 5 –

7 Flatten – –

8 Fully-connected – –

9 Softmax – –

3.2. Data preprocessing

The infrasound data collected in this study are smoothed to effectively eliminate noise. Figure 7a displays
the original infrasound signal, which contains substantial noise. To reduce computational complexity, a moving
average filtering method is applied for smoothing, with the resulting signal shown in Fig. 7b. Details of the
moving average filtering method can be found in (Mitropoulos et al., 2022). A total of 70% of the smoothed data
are used as the training set, while the remaining 30% are allocated as the testing set. Finally, data standardization
and normalization are performed using Eq. (9) and Eq. (10).
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Fig. 7. Original (a) and preprocessing (b) signal.

3.3. Data generation

To evaluate the quality of the data generated by the model, both fidelity and diversity are taken into account.
Fidelity refers to the degree to which the generated samples resemble the real data, while diversity ensures that
the generated samples do not exhibit excessive similarity to each other. Thus, the performance of the generated
model is assessed from both qualitative and quantitative perspectives.

3.3.1. Discriminator score

The performance of the generative model is quantitatively assessed from the quality and diversity of the
generated samples. In this study, the maximummean discrepancy (MMD) metric is used to evaluate the generative
model based on the difference in sample distributions. MMD is used to measure the distance between two
distributions in a Hilbert space. Thus, for the generative model, this metric can measure the distance between
the original data distribution Po and the generated data distribution Pg. The smaller the MMD distance, the
more similar the distributions of the original and generated data are, indicating higher quality of the generated
samples and better model performance (Wang et al., 2021).
When calculating the MMD distance, the Gaussian kernel function K(x, y) is used to map the two samples

into a real number:

K(x, y) = exp (−∥x − y∥
2
) . (22)

The MMD distance DMMD(Po, Pg) is expressed as follows:

DMMD(Po, Pg) = Ex,x′∼Po [K(x,x
′
)] − 2Ex∼Po,y∼Pg [K(x, y)] +Ey,y′∼Pg [K(y, y

′
)]. (23)

In this experiment, both the original data and generated data have four state types: normal, earthquake,
volcano, and tsunami. Therefore, the distribution of the original data is denoted as Poi,i = (1,2,3,4), and the
distribution of the generated data is denoted as Pgi,i = (1,2,3,4). As shown in Fig. 8, the MMD distance between
the original and generated data is calculated for infrasound data after applying several models, including GAN,
LSTM, GRU, transformer, WGAN, DCGAN, and TimeGAN. Compared to the other generative adversarial
network models, TimeGAN exhibits the smallest MMD distance between the original and generated data. Notably,
for the volcano data, the MMD distance is 1.364 times smaller for TimeGAN than for GAN, indicating that
the distribution of TimeGAN-generated data closely matches the original data distribution, resulting in superior
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Fig. 8. MMD distances between generated data from different models and real data.

model performance. In contrast, the GAN model shows the largest discrepancy between the generated and original
data, making it the least effective model. For the tsunami data, all four generative models show relatively high
performance due to the distinct infrasound characteristics. However, for volcano data, where infrasound features
are less pronounced, all models exhibit the largest MMD distance, suggesting a greater challenge in accurately
modeling such data. Therefore, it can be concluded that TimeGAN generates relatively high-quality samples,
outperforming the other models in terms of data fidelity.
In addition, the MMD metric is also used to evaluate the diversity of the generated samples, albeit with

a slightly different focus. Here, the goal is to measure the variability between the sample distributions within the
generated data. Specifically, the MMD distance between the distributions of individual samples is calculated, and
the mean of these distances is taken as the internal MMD distance of the generated data. A higher value of this
distance indicates greater variability between the samples, reflecting higher diversity in the generated data and
superior performance of the GAN.
Let the number of distribution samples be 1, and let Pi and Pj represent the source distributions of two

different samples (Wang et al., 2021). The MMD distance is given by

DMMD(Pi, Pj) = 2 − 2Exi∼Pi,xj∼Pj [K(xi, xj)] i ≠ j. (24)

Then, the internal MMD distance of the generated data, which measures the diversity within the samples,
is given by

Dr =
1

1 + 2 + ... +N − 1

N−1

∑
i=1

N

∑
j=i+1

DMMD(Pi, Pj). (25)

In the experiment, the internal MMD distances of the generated data from three classical generative adversarial
networks and the proposed TimeGAN model are calculated, with the results presented in Fig. 9. The analysis
reveals that, among the seven generative models, TimeGAN produces data with the largest internal MMD
distance, indicating that it generates data with higher diversity. This is particularly evident in the tsunami data. In
contrast, GAN and WGAN perform the worst in generating diverse samples. For example, in the tsunami case, the
internal MMD distance of the data generated by GAN is 0.0024 smaller than that of TimeGAN, WGAN is 0.002
smaller, and LSTM is 0.0018 smaller than TimeGAN. These results demonstrate that TimeGAN outperforms
other models in terms of generating diverse and varied infrasound samples.
A comprehensive analysis of the MMD metric reveals that, in most cases, GAN, WGAN, and LSTM models

only offer rough approximations of the original data, with limited quality and diversity in the generated samples.
In contrast, TimeGAN, DCGAN, transformer, and GRU models generate data with higher quality and greater
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Fig. 9. Internal MMD distances of generated data from different models.

diversity. To further validate the effectiveness of TimeGAN in infrasound prediction, a detailed performance
comparison is conducted between these models.

3.3.2. Visualization

In the previous MMD analysis, TimeGAN and DCGAN demonstrated superior performance, and thus, these
two models are the focus of further analysis. To qualitatively evaluate the effectiveness of the proposed method,
the t-SNE and PCA techniques are applied to visualize the distribution of the generated and original samples in
a 2D space. Figure 10 presents the results of the PCA and t-SNE visualizations, where red points represent the
feature distribution of the real infrasound data, and blue points represent the feature distribution of the generated
infrasound data. The closer the two sets of points are to each other, the better the model’s performance, indicating
that the distribution of the generated samples closely matches that of the real data.
From the analysis, the feature distribution of the data generated by TimeGAN closely aligns with the feature

profile of the original data, demonstrating a high degree of similarity. In contrast, DCGAN fails to generate
certain features that are present in the original data, resulting in a mismatch between the feature distribution
of the generated and original data. When augmenting time-dependent data, TimeGAN significantly outperforms
DCGAN, showcasing its superior performance in capturing temporal dynamics.

3.4. Infrasound prediction

Considering that the model is designed for infrasound prediction tasks with small sample sizes, the generated
samples must be as effective as the real data samples. These samples should serve to augment the dataset, ensuring
that each sample contains sufficient information to improve the performance of the infrasound prediction model.
The generated data is combined with the original data, with the amount of synthetic data being twice the
size of the original dataset. Additionally, three consecutive data points are grouped together to form a single
sample. The synthesized dataset is then used to train the diagnostic model, which is subsequently tested on
a separate test set. The infrasound prediction accuracy after training is used as an evaluation metric to assess
whether the inclusion of the generated data enhances the model’s predictive capability, particularly in small
sample scenarios.
The results shown in Fig. 11 represent the accuracy after 60 iterations of the model. From the figure, it can

be observed that the data generated by the classical GAN-CAPN and LSTM-CAPN model reduces the accuracy
by 5.76% and 3.64% compared to CAPN, which decreases the performance of the infrasound prediction model.
Apart from the GAN-CAPN and LSTM-CAPN model, datasets that were not augmented with a generative
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a) PCA dimensionality reduction result of DCGAN b) t-SNE dimensionality reduction result of DCGAN
PCA plot

Original
Synthetic

y_
pc

a

0.0

-0.4

-0.2

0.2

-0.6

-0.8
0.20.10.0-0.1-0.2

x_pca

t-SNE plot
Original
Synthetic

y_
ts

ne

0

10

-10

-20

-30

30

40

20

0-10-20-30
x_tsne

10 20 30

c) PCA dimensionality reduction result of TimeGAN d) t-SNE dimensionality reduction result of TimeGAN
PCA plot

Original
Synthetic

y_
pc

a

0.4

0.6

0.0

0.2

-0.2

0.20.10.0-0.1
x_pca

0.3

t-SNE plot
Original
Synthetic

y_
pc

a

10

20

-10

0

0-15-30
x_tsne

15 30

Fig. 10. WGAN and TimeGAN data visualization.
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Fig. 11. Comparison of diagnostic accuracy after sample augmentation.

model perform poorly in infrasound prediction after training. Compared to the DCGAN-CAPN, WGAN-CAPN,
Transformer-CAPN, and GRU-CAPN models, the TimeGAN-CAPN model generates higher-quality data by con-
sidering the internal temporal correlations in the data, effectively addressing the issue of insufficient information
in the samples. The prediction accuracy improved by 5.62% compared to when no augmentation was performed.
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Therefore, using the TimeGAN model to augment the infrasound data and inputting the augmented data into the
CAPN infrasound prediction model can significantly improve the infrasound prediction accuracy.
Table 3 shows a comparison of the classification performance of eight methods for infrasound signals. The

experimental results indicate that TimeGAN-CAPN achieves the best overall classification precision, reaching
84.62%. In addition, TimeGAN-CAPN also significantly outperforms the other seven classification methods in
terms of F1-score and recall, with values of 86.02% and 87.26%, respectively.

Table 3. Comparison of classification results for four types of infrasound events
by different classification networks [%].

Method F1-score Recall Precision

CAPN 80.07 79.62 79.16

GAN-CAPN 74.39 73.68 73.07

LSTM-CAPN 76.27 75.89 75.25

GRU-CAPN 80.29 79.68 78.97

Transformer-CAPN 80.76 80.92 79.13

WGAN-CAPN 81.96 82.17 80.86

DCGAN-CAPN 83.11 84.06 81.71

TimeGAN-CAPN 86.02 87.26 84.62

Further analysis shows that, compared to other classification networks, TimeGAN-CAPN exhibits higher
classification accuracy and more stable classification performance in infrasound classification. To provide a com-
prehensive evaluation of its performance, Fig. 12 presents the ROC curve for different methods. From the figure,
it is evident that the AUC value of TimeGAN-CAPN reaches 0.8451, significantly higher than the other seven
networks, further validating its superior performance in the infrasound signal classification task.
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Fig. 12. ROC curve of different classification methods.

To analyze the infrasound recognition performance, eight classification models were evaluated using 6-fold
cross-validation to obtain the accuracy of real labels and predicted labels from six validation runs. The confu-
sion matrix for infrasound classification is shown in Fig. 13. From the perspective of single-class classification
performance, TimeGAN-CAPN demonstrates significant advantages in classifying earthquake, tsunami, and vol-
canic infrasound signals. This result thoroughly confirms the robustness and generalization ability of the proposed
method in handling different types of infrasound signals.
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Fig. 13. Confusion matrix for infrasound classification.
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4. Conclusion and future work

To further enhance the accuracy of infrasound disaster prediction, this paper proposes the TimeGAN-CAPN
prediction model. The TimeGAN-CAPN model combines unsupervised and supervised learning, where the au-
toencoder component provides an embedding space for temporal features. The generative component operates
within this embedding space to produce high-quality sequential data. By augmenting the sample data, the model
increases the information content, and these new samples are then input into the CAPN to more effectively
capture class prototypes, further improving prediction performance. The quality and diversity of the generated
data are quantitatively and qualitatively assessed using the MMD metric and visualization methods, demon-
strating that TimeGAN-CAPN generates data that closely approximates the original distribution. Comparative
experiments highlight the superior predictive performance of TimeGAN-CAPN.
Although the TimeGAN-CAPN model improves infrasound prediction accuracy, it does not transform data

into 2D images as seen in traditional fault diagnosis models due to the limited quantity and lack of periodicity
in the data. As a result, the TimeGAN-CAPN model is specifically tailored for infrasound data. Future research
could explore the use of transfer learning techniques to apply the trained model to different disaster datasets,
thereby improving the model’s generalizability.

Fundings

This work was supported by the Project Supported by the Chongqing Natural Science Foundation General
Project (grant no. CSTB2025NSCQ-GPX0115), the Scientific and Technological Research Program of Chongqing
Municipal Education Commission (grant no. KJQN202403106), and the ‘Spark’ Program Project for Teachers’
Independent Innovation at Chongqing Polytechnic University of Electronic Technology (grant no. 25XJJSCX11).

Conflict of interest

The authors declare that they have no known competing financial interests or personal relationships that
could have appeared to influence the work reported in this paper.

Authors’ contributions

Quanbo Lu conceptualized the study, performed the data analysis and interpretation, wrote the original
draft. Xiaojuan Huang completed literature review, performed the data collection and analysis, and assisted in
manuscript revision. Rao Li led in-depth data analysis and result interpretation, verified research hypotheses,
and drafted Sec. 3. Mei Li advised on the research methodology and tool selection, and assisted in manuscript
revision. Dong Zhu completed literature review and theoretical foundation construction, and summarized research
background and existing studies. All authors reviewed and approved the final manuscript.

Acknowledgments

We would like to thank the Comprehensive Nuclear-Test-Ban Treaty Beijing National Data Center for pro-
viding the data.

References
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A conventional cone loudspeaker has a limited capacity for creating the impression of spatiality, while
a distributed mode loudspeaker (DML) has an inherent ability to evoke it. DMLs have their specific drawbacks,
but some of these can be compensated for. A key question arises – is it a cone loudspeaker or a compensated
DML that is preferred by listeners? A listening experiment with carefully controlled conditions was carried out
to answer this question; 30 subjects participated. The participants evaluated three stereo systems: one based
on a DML speaker (with its power response equalized) and two conventional two-way active systems. Two
perceptual attributes were evaluated: overall preference and spatial impression. A graded pairwise comparison
was used as an experimental paradigm; the results were analyzed according to the law of comparative judgment.
The findings indicated that, even though the DMLs achieved slightly lower ratings than the conventional
systems on average, the perceptual differences were very small. This was confirmed by the hypothesis testing
that was performed on the raw results of the pairwise comparisons.

Keywords: distributed mode loudspeakers, loudspeaker evaluation, spatial sound, pairwise comparison, lis-
tening experiment.
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1. Introduction

The relationships among the directivity of loudspeakers, the acoustics of home listening rooms, and perception
have been investigated by a number of researchers (Evans et al., 2009; Toole, 1986a; 1986b; 2018; Bertland,
1985; Olive, 2004a; 2004b; Zacharov, 1998). Key findings can be summarized as follows: a joint indicator
that combines both the directivity of a loudspeaker and the acoustic properties of a room is the ratio of the
direct to the early-reflected sounds. This indicator is closely related to the perception of reproduced sounds,
with its higher values (more-direct sound) favoring the accurate localizations of sound sources and its lower
values favoring the perception of space. Widening the radiation of the loudspeaker and increasing the reflectivity
of the room boundaries both reduce the ratio of the direct to the early-reflected sounds. Reducing the lateral
reflections in a listening room tends to have the same effect as narrowing the loudspeaker dispersion (Moulton,
1986). There are several works that support the opinion that the wide directivity of loudspeakers is preferable
when compared to the directivity of conventional loudspeakers (Allison, 1995; Bertland, 1985; Ferralli,
Moulton, 1995; Flindell et al., 1991; Linkwitz, 2007; Moulton, 1986). Extensive work on the subject was
carried out by Toole (1986a; 1986b; 2018), who noticed that wide dispersion loudspeakers were preferred by
listeners – especially for recreational listening (but not exclusively). The preference for more- or less-dry listening
conditions depends on the purpose of the listening; audio engineers favor drier spaces for their work, while
more reverberance is preferred for recreational listening.

https://acoustics.ippt.pan.pl/index.php/aa/index
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Loudspeaker systems that are based on electrodynamic units with cone-shaped diaphragms are incapable
of wide radiation – even when they employ dome-shaped tweeter units. There is an unconventional type of
loudspeaker that offers very wide radiation as its inherent property: the distributed mode loudspeaker (DML),
which belongs to a wider class of flat panel loudspeakers.
A DML employs a different sound-radiating element than a conventional dynamic one does. In the DML, the

radiator is a stiff flat panel with a rectangular shape and considerable mass. An electrodynamic or piezoelectric
exciter is attached to the panel and induces uniformly distributed bending wave vibrations. This is entirely differ-
ent than with a dynamic speaker, which was designed to vibrate like a rigid piston. In what follows, a loudspeaker
system that is based on dynamic units will be referred to as a piston loudspeaker system (PLS).
DML technology began to attract the interest of researchers at the turn of this century, and numerous works

on the subject have been published. An introduction to the technology can be found in (Angus, 2000; Bank,
Harris, 1998; Harris, Hawksword, 2000; Newell, Holland, 2019), and a review of its history was written
by Heilemann et al. (2021).
DMLs are normally mounted in walls or ceilings (i.e., they become architectural loudspeakers – this mounting is

also referred to as flush mounting), which is one of their advantages. With this mounting, their directivity can be
described as quasi-omnidirectional in the hemisphere. Comprehensive anechoic measurements were presented
in (Bai, Huang, 2001; Czesak, Kleczkowski, 2023); the directivity characteristics were irregular, but the
property of omnidirectionality was maintained.
DMLs have another unique property besides quasi omnidirectionality: they behave like many sound sources;

thus, their radiation is incoherent (Azima, Harris, 1997; Gontcharov, Hill, 2000; Harris et al., 2000). Its
advantage is that the interference of the direct sound with the first reflections is largely suppressed; thus, the
comb-filtering effect is reduced, and the advantage of the reflections (i.e., the perception of space) is maintained.
The effect of using an incoherent sound source is similar to applying acoustic diffusors. Wendt and Höldrich
(2021) analyzed the consequences of specular and diffuse reflections on the precedence effect.
As a consequence of their principle of operation (which consists of the excitation of modal frequencies), DMLs

have irregular frequency responses that are far from being flat and bring coloration. This drawback could be the
main reason why DMLs have never been considered to be high-end devices. Nevertheless, their development is
ongoing (Bai, Huang, 2001; Heilemann et al., 2021; Jeon et al., 2020; Jung et al., 2021; Lu, Shen, 2009; Lu
et al., 2012; Yu et al., 2023; Zenker et al., 2020).
It is likely that improvements to the DML technology, new areas of application (like the screens in OLED

TVs), and the current trend in the home-entertainment market toward the use of architectural loudspeakers with
multi-speaker and multi-room installations will bring another wave of interest in DMLs. Therefore, a comparison
of the perceptual qualities of DMLs and PLSs is a timely topic.
There have been a few works that have been published on the perceptual properties of DMLs – especially as

compared to PLSs. Harris et al. (1998) found that DMLs improved the stereo localization of pink noise stimuli
when compared to PLSs in an untreated room. Flanagan and Moore (2000) showed that detecting a spectral
ripple was easier from a DML than it was from a PLS, but the accuracy of the vowel identification was similar
for the two loudspeakers (Flanagan,Moore, 2001). Flanagan and Harris (1999) proposed a hypothesis that
the loudness attenuation with distance in a given space was reduced by the use of a DML.
Heilemann et al. (2018) performed anechoic measurements of three different types of DMLs (one- and

multi-exciter) and a two-way PLS. They used a prediction model of loudspeaker preferences (Olive, 2004b)
and obtained an objective evaluation that strongly favored the PLS. Roessner et al. (2019) performed a listening
comparison among two multi-exciter DML prototypes, one one-exciter commercial DML, and two two-way passive
PLSs, in monophonic reproduction. The two PLSs obtained the highest scores, while the two prototype DMLs
scored about 10% lower. The one-exciter DML scored distinctively lower than the others.
Newell and Holland (2019) reported an experiment where conventional loudspeakers were used as a stereo pair

and four DMLs were used to reproduce separately recorded ambient signals (with a remarkably realistic effect).
The purpose of this work was to evaluate the perceptual properties of an example DML by a subjective

perceptual comparison with two examples of professional quality active PLSs in a stereo listening format. A key
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assumption for the experiment was to reduce the main disadvantage of DMLs (i.e., an irregular frequency re-
sponse), as it was likely that it could override the acoustic advantages of the DML technology. The smoothing of
the frequency response was achieved by equalization (which is an easily accessible technological option).
Although the DML technology has found wide range of applications, no thorough perceptual experiment on

DMLs with carefully controlled conditions satisfying the requirements for an objective comparison, participated
by a relatively large panel of listeners, and other than a monophonic format was known to the authors at the
time of writing this article.

2. Method

2.1. Assumptions for experiment

The experimental design was based on the following assumptions:

1. It is widely agreed that the flatness of the amplitude response is the key factor in the preference ratings of
loudspeakers (Gabrielsson et al., 1991; Olive, 2004a). Therefore, it was decided to implement equaliza-
tion in order to avoid the overriding of the results by the inherent irregularity of the frequency responses
of DMLs. The possible generalization of results required a simple and robust method of equalization.
Magnitude-only equalization was chosen.

2. The most widespread listening format was assumed, i.e., stereophonic.

3. It was decided to use pairwise comparison as an experimental method due to its sensitivity to small per-
ceptual differences (International Telecommunication Union [ITU], 2015). To keep the durations of the
listening sessions within recommended limits (Bech, Zacharov, 2006), only three loudspeaker systems
could be used; this resulted in the decision to compare three pairs.

4. The pilot listening evaluation of an equalized DML speaker indicated that the overall sound quality was
comparable to a PLS of good quality. Therefore, three systems were elected for comparison: one DML, and
two near-field two-way active monitors as examples of high-end PLSs. As an example of DML, a commercial
unit from the line of the most widely available full DML-type panels from Amina Technologies Ltd. was
selected – a one-exciter Edge 5 model. Two PLSs were chosen: a pair of Dynaudio BM15s, and a pair of
Genelec 8030s. To minimize any commercialism, the DML is referred to as DML, the Dynaudio PLS as
PLS D, and the Genelec PLS as PLS G throughout the rest of this paper.

5. To implement the pairwise comparison, fast switching between sound sources was necessary. Therefore, all
units had to be permanently installed during each experimental session.

2.2. Positions of loudspeakers

An important advantage of DMLs is the ease of their flush mounting, which provides a number of acoustic
advantages (Newell, Holland, 2019). However, it was decided not to use this option since it would limit the
objectivity of the comparison. The flush mounting of all of the compared loudspeakers was not feasible.
The loudspeakers of both stereo channels were positioned as close to each other as possible (as can be seen in

Fig. 1), but this still introduced experimental biases – from the different spacings between the loudspeaker units
in the stereo pairs and the slightly different positions of the loudspeakers in the room (thus, exciting different
room modes and reflections). In order to reduce these biases, the spatial arrangements of all of the loudspeakers
were changed from session to session so that the participants listened to different arrangements.
The geometric centers of the speaker triplets were positioned at a height of 120 cm (corresponding to the aver-

age ear level of the seated participants). These centers formed a stereo triangle with the listener’s head. The dis-
tance from the listener to the center of the triplet was precisely measured, and the distances of the loudspeakers
from the walls were also controlled. The stereo base was 2.5m (measured from the center of the arrangement).
The distance from the walls was no less than 1m.
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Fig. 1. Exemplary arrangement of loudspeakers. During the experiment, loudspeakers were hidden behind
an acoustically transparent curtain.

There were n = 3! = 6 possible speaker arrangements, and the arrangements of both channels were made to
be mirror images in order to maintain symmetry (cf. Fig. 5). With 12 experimental sessions, each arrangement
was repeated twice in random order. A carefully designed protocol for exchanging the positions of the speakers
between sessions was implemented (as shown in Fig. 2).

Fig. 2. Changing positions of speakers between experiment sessions.

2.3. Equalization of frequency responses

2.3.1. Equalization of DML loudspeakers

Efforts toward loudspeaker equalization may be grouped into two types: equalization of the loudspeaker itself
(as measured under anechoic conditions), and loudspeaker + room equalization (based on the loudspeaker’s
in-room frequency response). In principle, loudspeaker + room equalization provides more of a flat-amplitude
response at the point of listening; however, room equalization is sometimes questioned from the point of view
of psychoacoustics. This also introduces an experiment-specific factor, thus limiting the external validity of an
experiment. Therefore, we chose loudspeaker-only equalization.
The frequency responses of a DML measured from different directions largely differ (Czesak, Kleczkowski,

2023). Therefore, a routine measurement at the axis that is perpendicular to the loudspeaker surface is inappro-
priate for DMLs; multipoint measurements with averaging should be used instead.
There have been numerous works on loudspeaker equalization (e.g., Karjalainen et al., 1999; Norcross

et al., 2004; Bank, 2013), but fewer attempts have been published on equalizing DMLs. Pueo et al. (2009) and
Heilemann et al. (2017) studied the equalization of multiactuator DMLs, and their measurements were limited
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to one point (as is typical for piston loudspeakers). Ho and Berkhoff (2015) investigated a new honeycomb
structure of a DML panel with multiple actuators and applied velocity feedback controllers for each actuator.
Hörchens and de Vries (2011) compared measurement methods for equalizing DMLs and concluded that this
could not be based on measurements taken at a single position (or only a few positions) in front of the panel but
rather on its average radiation spectrum.

2.3.2. Equalization above 100Hz

In this work, it was chosen to implement the magnitude equalization of the frequency response. The procedure
presented below was limited to the range above 100Hz, since the efficiency of the DML used drops off rapidly
below this frequency and the equalization would require excessive power.
A precise multipoint measurement was performed in order to obtain a reliable average magnitude of the

frequency response (Czesak, Kleczkowski, 2023). Each of the DMLs used in the left and right stereo channels
was analyzed. The frontal hemisphere radiation was investigated, as the units were supplied in an enclosure
that reduced backward radiation. The measurements were performed on a dense grid of 325 points over the
hemisphere, with an angular resolution of 10○ (both in azimuth and elevation). The grid of measurement points
is presented in Fig. 3. There was one measurement point at the axis perpendicular to the loudspeaker surface,
and 9× 36 points were distributed along nine circles (representing the parallels of the hemisphere).

Fig. 3. Grid of measurement points of the DML on the hemisphere (from (Czesak, 2025)).

The measurements were carried out in a 1000m3 anechoic chamber at the Department of Mechanics and Vi-
broacoustics, AGH University of Krakow, using a custom-made automated system for positioning a measurement
microphone. To minimize near-field effects, the maximum available measurement radius was used (2.5m).
Due to constant angular resolution, geometric correction was required: points at higher elevation angles

(e.g., 80○) are denser than those at 0○ and represent smaller areas. Correction coefficients derived in (Czesak
et al., 2022) are presented in Table 1.

Table 1. Relative correction factors for parallel circles in measurement hemisphere.

Elevation angle [○] 0 10 20 30 40 50 60 70 80 90

Correction factor 1.000 0.985 0.940 0.866 0.766 0.643 0.500 0.342 0.174 0.786

Averaging acoustic pressure over the 325 points of the measurement hemisphere was calculated as

ph(f) =

¿
Á
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∑
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35
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∣pi,j(f)∣2 + k9∣p9,0(f)∣2, (1)

where ph(f) is the average acoustic pressure over the hemisphere, ki is the correction factors for elevations from
Table 1, pi,j(f) is the acoustic pressure at point (i, j), f is the frequency.
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At each measurement point, amplitude-frequency responses were obtained using narrow-band noise excitation
in 1/20th-octave bands (193 bands, center frequencies: 63Hz to 16 200Hz). Custom software developed at the
anechoic chamber (Pilch, Kamisiński, 2011) provided sound pressure values in dB for each band, offering
constant-Q resolution across the frequency range.
An equalizing filter was implemented using a 220-point FFT filter. The FFT filter, with linear-phase property

and numerical stability, allowed accurate equalization and easy generalization. Since offline filtering was used,
causality was not a requirement, and the zero-phase property was advantageous for perceptual comparisons.
Informal listening revealed no pre-ringing effects.
The equalization procedure was as follows:

– conversion of 1/20-octave frequency scale (63Hz to 16 200Hz) to a linear scale of 220 points,

– linear interpolation to obtain A(f) – the linear-frequency amplitude response,

– computation of Ac(f) = 1/A(f) – the equalizing filter,

– offline filtering of each musical excerpt by Ac(f) using a 220-point zero-phase FFT filter,

– conversion back to the time domain by IFFT and storage as 24-bit/44.1 kHz WAV files. It was decided to
requantize the floating-point results of filtering not to 16 bit but to 24 bit with appropriate dithering, as
D/A conversion during reproduction was of 24 bit resolution.

Figure 4 shows the equalizing filters for both DMLs. The right channel was equalized from 100Hz, while the
left channel from 85Hz due to the better low-end response. The filters are highly similar, indicating consistency
between the DML units. Flat sections below 100Hz and above 16 kHz were manually limited to avoid overload.

Fig. 4. Frequency responses of equalizing filters for DML loudspeakers.

To preserve objectivity, musical excerpts used for comparing DML with the two PLS systems were also passed
through the same 220-point FFT/IFFT pipeline. Above 100Hz, this procedure was transparent.

2.3.3. Correction at frequencies below 100Hz

As the frequency responses of the DMLs could not be corrected below 100Hz, an alternative approach to
equalization in this range was adopted. The low-frequency responses were essentially flat down to 40Hz in the
case of PLS D and to 54Hz in the case of PLS G (both at −2 dB). The responses of the PLSs were corrected
to match those of the DMLs using high-pass filtering of the test material. This filtering was implemented within
the FFT/IFFT procedure described earlier.
Analysis of the spatially averaged frequency responses of the DMLs revealed that their downward slope below

100Hz (right speaker) and 85Hz (left speaker) was approximately −18 dB/oct. Therefore, this slope was applied
in the high-pass filtering of material reproduced by both PLS systems.

2.4. Listeners

The experiment involved a total of 30 participants, primarily fourth-year students from the Acoustical Engi-
neering program, with an average age of 23 years. The distribution of participants across experimental sessions
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was as follows: 7 attended 1 session, 8 attended 2 sessions, 7 attended 3 sessions, 6 attended 4 sessions, and
2 attended 5 sessions. We decided to divide the entire panel of listeners into two groups. The first consisted of
those who participated in one session, as well as those who participated in two sessions, but in the latter case
only the results from the first session were included – these participants were classified as one-time listeners
(1-TL). The second group consisted of those who participated in at least three sessions. For those who took
part in more than three sessions, only the first three sessions were included – these were classified as three-times
listeners (3-TL). The advantage of this division was that the two groups were mutually exclusive, with the 3-TL
group containing, on average, somewhat more experienced listeners. Both groups included an equal number of
participants (15 each). Most of the participants had similar moderate levels of experience due to their completion
of courses in ear training and sound engineering (although some individuals had additional experience working
in the industry or through other relevant experiences). However, they had little experience with listening tests.
About half of the members of the 1-TL group were not students of acoustical engineering and had no experience
at all. Because participation was voluntary, it may be hypothesized that more experienced listeners were more
interested in taking part and thus were more likely to appear in the 3-TL group. None of the participants reported
any hearing problems.

2.5. Setup

During the experiments, the loudspeakers were concealed behind an acoustically transparent curtain, render-
ing them invisible to the listeners. The experimental setup is illustrated in Fig. 5. The experiment was conducted
in a room with a floor area of 44m2 and a ceiling height of 2.8m, yielding a volume of 123m3. The room
was acoustically treated with appropriate panels and materials, resulting in a reverberation time of approxi-
mately 0.3 s. Based on its volume and reverberation characteristics, the room conformed to the standards for
listening rooms as specified in ITU-R BS.1116-2 (ITU, 2015) and EBU Tech. 3276 (European Broadcating Union
[EBU], 1998). However, the background noise level in the room, influenced by a neighboring street, was higher
than recommended by these standards – approximately 35 dB SPL(A), comparable to that of an empty office
space. Nonetheless, the test signal level was approximately 80 dB SPL(A), ensuring a sufficient signal-to-noise
ratio for perceptual testing. While the room did not fully comply with the noise level specification, the elevated
test level mitigated any potential perceptual masking effects.

Fig. 5. Experimental setup.

2.6. Evaluation attributes

The evaluation process was facilitated through a graphical user interface (GUI) developed in Matlab (see
Fig. 6). The interface enabled participants to assess two perceptual attributes: ‘overall preference’ and ‘spa-
tial impression.’ The test was conducted in Polish, and the respective original terms were: ‘preferencja ogólna’
and ‘wrażenie przestrzenności,’ respectively. Both attributes were evaluated in the same session. The position
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Fig. 6. GUI used in the experiment.

(upper/lower) of each attribute in the graphical interface was not randomized, but users were free to evaluate
attributes in the order of their choice. These attributes were rated using a continuous slider scale ranging from
‘A – much better’ through ‘Very similar quality’ to ‘B – much better.’ This design allowed for nuanced judgments
and captured subtle perceptual differences between loudspeaker systems.
The experiment followed a double-blind protocol in which neither participants nor administrators knew which

speaker system was assigned to version A or B during any given trial. The GUI assigned control numbers to each
evaluation, tracked trial progression, and maintained systematic consistency across sessions.
The overall preference attribute referred to the overall auditory experience delivered by the loudspeaker

system. The spatial impression attribute addressed the spatial impression perceived by the listener.
ITU (2019) standard offers a general framework for sound quality evaluation, including aspects such as clarity,

spatiality, and timbre. It extends the methodologies outlined in (ITU, 2015) which is focused on the subjective
assessment of small impairments in audio systems, including multichannel configurations. Additionally, the EBU
(1998) recommendation provides detailed guidance on listening conditions and the assessment of sound program
material for mono and stereo reproduction, with emphasis on spatial attributes and perceptual clarity.
In our experiment, the focus was narrowed to two key evaluation dimensions: overall preference and spatial

impression. This decision was informed by informal pretests, in which listeners struggled to distinguish timbral and
clarity differences after equalization of the DMLs. Therefore, such aspects were assumed to be implicitly accounted
for in the general quality rating. This also helped reduce the cognitive load for participants with limited critical
listening experience.
The most pronounced audible differences stemmed from the contrasting directivity patterns of the loudspeak-

ers. These were considered to be captured in the spatial impression attribute. The incoherent radiation of the
DMLs, their longer impulse responses (Anderson, Bocko, 2015), and the use of non-coaxial configurations
likely contributed to broader perceptual differences, all of which were assumed to be reflected within the overall
preference ratings.

2.7. Method for graded pairwise sound-quality comparison

Two most often used experimental paradigms in research on perception are independent rating (referred to
as multiple comparisons in audio evaluation) and pairwise comparison. Multiple comparisons are more prevalent
in audio evaluation, as can be inferred from the published literature. According to Pérez-Ortiz et al. (2019),
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pairwise comparison eliminates observer bias. We chose the latter paradigm, with an extension referred to as
graded pairwise comparison (or scaled pairwise comparison) (Koczkodaj, 2016; Pérez-Ortiz et al., 2019).
Below we outline the basics of pairwise comparison, while information on how we used the graded version is
included at the end of this section.
The raw results of the pairwise comparisons had to be transformed into a set of scalar parameters assigned to

each of the three compared stimuli, allowing for direct ranking. This is typically achieved using statistical models,
most notably the Thurstone law of comparative judgment (Thurstone, 1927a; 1927b; Tsukida, Gupta, 2011)
or the Bradley–Terry model (later extended to the Bradley–Terry–Luce model) (Tsukida, Gupta, 2011).
In this study, the Thurstone model was employed. According to Thurstone, each comparison between two

stimuli Ψ1 and Ψ2 evokes a discriminal process in the listener, assumed to be normally distributed. Consequently,
the perceived difference between two stimuli is also normally distributed, and its mean reflects the most frequent
judgments made by the listeners. If Ψ1 is perceived as stronger or better than Ψ2, the probability area under the
Ψ1 − Ψ2 distribution is greater than that under the reverse comparison.
Thus, the perceptual magnitude of difference between two stimuli can be described by the following expression

(Thurstone, 1927b):
Ψ1 − Ψ2 = z12 ⋅ σΨ1−Ψ2 , (2)

where Ψ1, Ψ2 is the means of the normally distributed discriminal processes, z12 is the z-score corresponding to
the observed probability pΨ1>Ψ2 , and σΨ1−Ψ2 is the standard deviation of the distribution of Ψ1 − Ψ2.
Thurstone’s original formulation was based on dichotomous judgments (i.e., A > B or B > A), which yielded

raw scores in the form of probability values (p), later transformed into z-scores. As the model does not provide
values for σΨ1−Ψ2 , several assumptions were required. Thurstone proposed five model cases, depending on the
assumptions concerning standard deviations. The model used in this study is a hybrid of case I (a single observer
with repeated judgments) and case II (multiple observers, single judgment per pair), because the design involved
multiple observers each providing repeated judgments.
In graded pairwise comparison listeners express the magnitudes of their preferences toward A or B with a cer-

tain numeric scale. With a graded comparison, the distribution of the values of Ψ1−Ψ2 is readily available, and the
p-values are calculated from the sums of the respective scores (unlike in a dichotomous judgement). We assumed
that the distribution of δΨ1−Ψ2 calculated this way provided an estimate of δΨ1−Ψ2 from the Thurstone dichoto-
mous model. This assumption allowed direct computation of δΨ1−Ψ2 without making any assumptions about the
underlying distributions. Thus, direct estimation of Ψ1 − Ψ2 was possible. Formally, the model that was used in
this work was a combination of the Thurstone case I (no simplifying assumptions about the distributions of the
data, a single observer, and repeated judgements) and case II (no simplifying assumptions, and many observers
making single judgements).
It seems that graded pairwise comparison have seldom been used in audio evaluation. Schuck et al. (1993)

collated practical evaluations of loudspeakers using multiple comparisons and pairwise comparison, as part of
a study on the interaction between the loudspeaker and listening room. Pairwise comparison had primarily been
used as the dichotomous choice, but the authors also asked subjects to give each loudspeaker a rating. They
found that similar results were obtained using the multiple-comparisons paradigm, the graded paired comparison
paradigm (analyzed with MANOVA), and dichotomous pairwise comparison analyzed with the Bradley–Terry
method. They noticed that multiple comparisons resulted in a wider spread of ratings than pairwise comparison,
but that the power to detect differences between loudspeakers was greater in the multiple-comparisons paradigm.
Francombe et al. (2017) used a continuous scale rating during pairwise comparisons. The authors admitted

that this was more demanding for participants than a forced-choice task. No further details were provided re-
garding the use of the rating scale in the context of the Thurstone case V. In (Lee, Rumsey, 2004) multiple
comparisons were used, but technically the rating involved a pairwise comparison of each stimulus with a refer-
ence stimulus. However, multivariate ANOVA – not the Thurstone probabilistic model – was used to quantify
the effect under investigation.
All computations and model implementations were carried out in Matlab.
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2.8. Design and course of experiment

Each subject participated on different days, i.e., in different sessions. Sessions differed only in the loud-
speaker setup (see Fig. 2), so that each subject experienced a different spatial arrangement of loudspeakers in
each session. Listeners were free to choose the dates of their participation, but sessions with repeated arrangements
were excluded. Subjects were unaware of the actual loudspeaker arrangement on the days they selected. Thus,
the arrangement factor was randomized. The experiment employed a randomized pairwise AB test methodology
without repetitions, focused on the perceptual evaluation of audio reproduced by different loudspeaker systems.
Prior to the test phase, each participant completed a training session comprising several examples, which served
to familiarize them with the experimental interface and procedure. Participants were presented with eight dis-
tinct audio samples. Each sample was played in two versions, labeled ‘A’ and ‘B,’ corresponding to a pairwise
comparison between two of the three systems (DML, PLS D, and PLS G). All possible system pairings were
included: DML/PLS D, DML/PLS G, and PLS D/PLS G. To avoid bias, each pairing was tested in both as-
signment orders (e.g., A = DML, B = PLS D; and A = PLS D, B = DML). However, each participant only
experienced one fixed order per pairing during their session to limit session length. The order of sample presen-
tations was randomized individually for each participant, ensuring unbiased and diverse evaluation sequences.
Participants could listen to each sample as many times as needed and switch freely between versions A and B,
in accordance with ITU (2015) recommendations. After making a selection, they could not return to that trial,
preserving the integrity of each evaluation. The GUI was designed to avoid audible artifacts during switching.
Generally, participants operated the system with ease. Post-session remarks often indicated that the differences
between versions were subtle but perceptible, validating the sensitivity and clarity of the test environment. Data
from each session contributed to the global analysis across all 29 participants. Each audio sample was limited to
a duration of 48 s and shaped with fade-in and fade-out envelopes. This design follows findings by Koehl and
Paquier (2013), who demonstrated that excerpts longer than five seconds enhanced the discrimination sensi-
tivity between loudspeakers. The musical material represented a variety of genres: two classical music excerpts
(symphonic and chamber), choral music, instrumental and vocal jazz, stage music (Latin and guitar), blues rock,
and fado. All samples were in CD-quality WAV format (16-bit, 44.1 kHz) and normalized based on their RMS
levels after equalization. Differences between samples were reduced to below 1 dB, and all samples were presented
at the same calibrated level.
Detailed information regarding the musical excerpts that were used is provided in Table 2.

Table 2. Music excerpts used in the experiment.

Excerpt Title Artist Music genre

1 Piano Concerto No. 1 in E Minor, Op. 11: I Sinfonietta Cracovia
– dir. Jerzy Dybał,
sol. Szymon Nehring

Classical – symphonic music

2 Nyne otpushchayeshi Church Slavonic School Choir Classical – choral music

3 Uma Casa Portuguesa by Artur Fonseca Amalia Rodrigues Fado

4 Machine Gun Jimi Hendrix Rock/funk fusion

5 Get It While You Can by J. Ragovoy and C. Taylor Janis Joplin Blues rock and soul

6 Leaving Mateusz Pałka Trio Contemporary jazz

7 Candeeiro de Saudade by Roque Ferreira Thais Macedo Samba/MPB

8 Piano Trio No. 2 in E minor AMKP Piano Trio Classical – chamber music

Most individual sessions lasted between 20min and 30min. While the length of samples and sessions slightly
exceeded the recommendations from ITU (2019), participants were permitted to pause at any time. The procedure
closely followed the paired comparisons method suggested therein.

3. Results

The structure of the data that was obtained in this experiment is presented in Fig. 7. This was organized into
two 75× 8× 3 matrices (indexed as i× j × k), with the individual participants’ sessions as rows (the total number
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Fig. 7. Structure of data obtained in the experiment, for both matrices (GQ and FS).

of evaluations was 75 – see Subsec. 2.4), eight musical excerpts as columns, and the three pairs of compared
systems as layers (3D).
One matrix represented assessments of overall preference (OP), the other spatial impression (SI). The ma-

trices contained all participants’ results from the sessions they participated in. Analyzing data in the 1-TL and
3-TL groups (see Subsec. 2.4) required dividing OP and SI matrices into appropriate submatrices. In this work,
experimental variables z12 and δΨ1−Ψ2 (Eq. (2)) were determined individually from the data that was contained
in each of the columns of the OP and SI matrices.
When the pairs of perceptual differences were determined according to Eq. (2), the final set of quality scores for

all three systems was calculated with the least squares solution (Tsukida, Gupta, 2011). These results are
presented in Fig. 8 to Fig. 11 separately for each of the excerpts. The mean values of the quality scores for each
loudspeaker pair are also shown. The values in those figures are perceptual units. According to the Thurstone
model, the placement of the zero point of a perceptual scale is completely arbitrary, so the scale is an inter-

Fig. 8. Quality scores for all three systems: overall preference, 1-TL group.

Fig. 9. Quality scores for all three systems: overall preference, 3-TL group.
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Fig. 10. Quality scores for all three systems: spatial preference, 1-TL group.

Fig. 11. Quality scores for all three systems: spatial preference, 3-TL group.

vallic one. It is convenient to perform calculations so that the mean of each of the three quality scores is zero for
each excerpt. This is the way that the scores are presented.
The value of one (z-score = 1) in the Thurstone model is interpreted as one perceptual unit; therefore, most

of the scores should be interpreted as being low; consequently, the perceptual differences that could be found in
this experiment were low. The scores in the 1-TL group exhibited a substantially higher spread than those in the
3-TL group. This can be attributed to lower experience of participants in the 1-TL group and to intra-subject
variability in assessments, which is reduced in the 3-TL group by averaging three independent evaluations. In the
3-TL group, only in five cases were the perceptual differences Ψ1 −Ψ2 between loudspeaker pairs close to 1.5. For
overall preference, these cases were DML and PLS G (in excerpts 4 and 5), PLS D and PLS G (in excerpt 7); for
spatial impression: DML and PLS G (in excerpts 4 and 5). Excerpts 4, 5 and 7 appeared to be the most revealing
in the listening evaluations according to both attributes. It is noteworthy that for both attributes, DML scored
substantially lower than the other systems in excerpt 4, while it scored substantially higher than the others in
excerpt 5. This demonstrates considerable effect of the excerpt on evaluation.
Another observation is that when scores were averaged over excerpts, for both attributes, the 1-TL group

evaluated DML lower than both cone speaker systems (although the difference, expressed in perceptual units,
was low), whereas the 3-TL group ranked it between the two cone systems.
With a graded pairwise comparison, it is possible to perform hypothesis testing based on the raw percep-

tual comparisons using parametric tools. The same procedure was performed on the data from OP and SI

matrices, containing results for the 1-TL and 3-TL groups. The columns of each matrix (see Fig. 7) were assumed
to be samples, and µjk sample averages were found. For each column j, the average of means µj = (µj1+µj2+µj3)/3

was calculated. Then, individual divergencies from µj were calculated according to ∆j1 = µj1−µj , ∆j2 = µj2−µj ,
∆j3 = µj3 − µj . The ∆jk values were effects of interest; they were used in the standard procedure for evaluating
the statistical significance at a p = 0.05 level, with the two-tailed t-test (df = 14 for the 1-TL group and df = 44

for the 3-TL group), and with the Bonferroni correction (m = 3). All of the ∆jk values for both matrices turned
out to be insignificant; this confirmed that perceptual differences that are presented in Fig. 8 to Fig. 11 were low.
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Assessments of the perceptual differences among the loudspeaker systems were dispersed among the individual
listeners, with fairly consistent values of standard deviation (which were calculated from the columns of the OP

and SI matrices). The average values of the standard deviation were for OP – 1-TL group: 2.06 and 3-TL group:
2.23; for SI – 1-TL group: 1.93 and 3-TL group: 2.09.
Although eliminating less-reliable listeners from the results of listening tests is not recommended in general

(Bech, Zacharov, 2006), such a possibility was analyzed in this work. At first, intra-listener consistency was
evaluated by calculating the pairwise correlations between the rows of the OP and SI matrices that repre-
sented the sessions of the same listener. Correlations were not expected, as the sessions of an individual listener
were carried out with different arrangements of loudspeakers (see Subsec. 2.2). All of the correlations were low,
so care should be taken when drawing conclusions from them.
In principle, the credibility results of the triple pairwise comparisons can be verified by the transitivity test

Birnbaum (2023). Preferences are said to be transitive when if X > Y and Y > Z for all X, Y , and Z, then X > Z.
However, this is not a reliable measure of the consistency of the preferences, as individual preferences contain
random errors. Moreover, sets of X, Y , and Z may be transitive by chance, so listeners who did not hear any
differences between the stimuli might pass the test.
When applied to a particular problem, the quality of the Thurstone model can be verified by reversing the

procedure. The final values in the perceptual scale Ψ1, Ψ2 can be used to determine z12 from Eq. (2), and
the latter value can be converted to estimated value pe(Ψ1 > Ψ2). Finally, the two values of p that were obtained
experimentally (pΨ1>Ψ2) and estimated (pe(Ψ1 > Ψ2)) may be used to evaluate the quality of the model. The
close correspondence between the two values indicate the applicability of the model.
The reverse procedure was performed on the entire OP and SI matrices, with the 1-TL and 3-TL groups

combined, and the pairs of the results were tested for statistical significance by a χ2 test. Forty-eight pairs were
tested; these results are given in Table 3. The analysis produced all insignificant values except for one instance,
which indicated that the used model was applicable.

Table 3. χ2 values from tests of the fit between experimental and predicted preference proportions.
The only significant value (excerpt 7, OP, DML vs. PLS G) is shown in bold.

Comparison 1 2 3 4 5 6 7 8

Overall preference
DML/PLS D 0.28 0.06 0.06 0.98 0.10 1.08 3.36 1.07

DML/PLS G 0.27 0.06 0.06 1.03 0.09 1.04 4.21 0.85

PLS D/PLS G 0.30 0.06 0.06 0.98 0.10 0.94 3.23 0.66

Spatial impression
DML/PLS D 0.04 0.00 0.02 1.53 0.24 0.12 0.63 0.85

DML/PLS G 0.00 0.00 0.02 0.85 0.42 0.01 0.58 0.64

PLS D/PLS G 0.00 0.01 0.05 1.53 0.26 0.21 0.99 0.59

The only significant value (indicating the inapplicability of the model that was used) occurred in just one
comparison – in the evaluation of overall preference regarding excerpt 7. The other two comparisons in this group
also produced considerably higher χ2 values than could be found in all of the other groups. Excerpt 7 is a samba
piece with numerous percussion instruments, featuring a high amount of high-frequency content. This genre may
benefit from the narrow directional characteristics of PLS monitors. It can be noticed that the lowest values of χ2

(which indicated the very good performance of the model in both of the perceptual attributes) were obtained
with excerpts 1, 2, 3, and 5.

4. Discussion and conclusions

Two key findings can be observed in the results. The primary finding is that the perceived differences between
loudspeaker systems were small. This outcome is somewhat unexpected, considering the simple construction of
DML speakers and the level of technological advancement in professional-grade two-way active monitors. The
second finding is that the 3-TL group evaluated the DML higher than the 1-TL group for both attributes, rating
it at a level comparable to that of the cone systems. Whether this difference is due to the greater experience of
the 3-TL participants or to more consistent results within this group remains unknown.
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After the completion of this study, a follow-up investigation designed to verify and extend our findings was
conducted by our research team, with a partly different set of authors (Kleczkowski et al., 2025). It was carried
out under completely different experimental conditions. Important conclusions can be drawn by referencing our
results to those presented in (Kleczkowski et al., 2025). The overall findings of both works are similar: equalized
DMLs attain sound quality close to that of high-quality loudspeaker systems based on cone drivers. This similarity
was observed despite nearly all possible differences in the applied methods. In (Kleczkowski et al., 2025) the
loudspeaker arrangement was fixed, the DMLs (two were examined) were flush-mounted, both the DMLs and
cone systems were equalized for their position in the listening room, the experimental paradigm was multiple
comparisons with parametric and non-parametric statistical evaluation, six evaluation attributes were used, the
musical excerpts differed, five out of six loudspeakers used in both experiments were different, the listening room
was quite different, and finally all listeners were distinct.
A specific finding of (Kleczkowski et al., 2025) was that for two out of three spatial attributes (envelopment

and stage width) the DMLs significantly outperformed the cone system, whereas the cone systems were signifi-
cantly favored in the localization attribute. For two timbral attributes and the global attribute pleasantness, the
loudspeakers of both types were rated close.
The comparison of this study with (Kleczkowski et al., 2025) leads to an important conclusion: loudspeaker

and room correction seems to improve the perceived quality of DMLs compared to loudspeaker-only (anechoic)
correction. The overall relative evaluation of DMLs was moderately higher in (Kleczkowski et al., 2025) than
in the current study. The type of equalization is likely to affect perceptual evaluation more than any of the
following factors: flush mounting, listening room and competing cone loudspeakers. Another conclusion concerns
the use of pairwise comparison: the combination of findings from both studies confirms the observation reported
in (Schuck et al., 1993) that the power to detect loudspeaker differences is greater for multiple comparisons
than for pairwise comparison.
Several works that were cited in the Introduction indicated that a wide directivity of loudspeakers is preferable.

This was not confirmed in our experiment, as the listeners did not evaluate the spatial impression of the DMLs
higher than its overall preference.
Another factor that should be taken into consideration when interpreting our results is that the conditions

eliminated a considerable shortcoming of DMLs, i.e., their insufficient low-end extension (see Subsubsec. 2.3.3).
This shortcoming can be overcome by using a subwoofer, as implemented in (Kleczkowski et al., 2025).
The χ2 test results showed almost all comparisons to be insignificant, affirming the Thurstone model’s appli-

cability in this context (except for one instance in the overall preference evaluation).
The main conclusion from the experiment was that the widely applied technology of DML loudspeakers, after

a relatively simple improvement, achieves sound quality that is evaluated as very close to that of professional
quality two-way active loudspeaker systems based on the traditional cone technology. With its significantly more-
versatile mounting options, the DML transducer technology offers a unique potential – particularly in home and
commercial applications. This technology allows the loudspeakers to blend seamlessly into the decor of a room,
serving as a piece of art or a graphic rather than a freestanding piece of furniture (like traditional speakers).
This suggests that DML technology could be particularly advantageous in settings where space and aesthetic
integration are critical – especially as part of a multichannel sound system.
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The relationships between human voice parameters and body dimensions have been previously de-
scribed, but the connections between voice and face geometry remain poorly researched. This study aims
to determine the relationships between face dimensions and acoustic parameters in both sexes and exam-
ines 111 adult participants (30 males). Each participant undergoes voice recording, which includes five sustained
vowels, along with anthropometric measurements of the neck, head, and face regions. Comparisons between
voice parameters and the head, face, and neck regions are conducted employing Pearson’s correlation coeffi-
cients (r) and a multiple linear regression model. The results reveal significant relationships between head, neck,
face dimensions and acoustic parameters in both sexes. Males with higher noses, greater head circumferences,
and wider faces tend to have lower formants and more stable voices. Females with larger head circumfer-
ences had lower formant values, and those with greater neck circumferences tend to have more stable voices.
Also, females with increased nose height have a lower fourth formant (F4). Moreover, females with wider faces,
noses, and jaws tend to have less rough voices (lower jitter) and longer maximum phonation time (MPT).
These findings may be useful for scientists and law enforcement authorities in creating algorithms that build
face models based on voice signals.
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1. Introduction

There are known associations between vocal acoustics and body dimensions (Bruckert et al., 2006; Evans
et al., 2006; González, 2004; 2007; Graddol, Swann, 1983; Pawelec et al., 2022; Pisanski et al., 2014; 2016;
Rendall et al., 2005), as well as body composition (Hamdan et al., 2012; 2013). Such relationships depend
on the correlation between vocal tract length (VTL), shape, and body size (Fitch, Giedd, 1999), and on the
relationship between vocal tract morphology and laryngeal and vocal fold size, as well as acoustic voice parameters
such as fundamental or formant frequencies (Fitch, 1997; Titze, 2011). Linear physical characteristics such as
body height and weight, and the circumference of the shoulders, chest, waist, and hips, as well as proportions,
e.g., the waist-to-hip ratio (WHR), are crucial for describing the appearance of an individual, but they are not
as significant as the face in individual identification (Young, Bruce, 2011). Moreover, when given two stimuli
for personal identification (face and body), people rely more often on the face (Burton et al., 1999; O’Toole
et al., 2010; Robbins, Coltheart, 2012). Additionally, judges rely more on facial features, especially nose and
face shape, than on body build characteristics (Rice et al., 2013).
The number of published papers examining the connections between facial morphology and voice features

(Bommarito et al., 2019; Macari et al., 2015; 2017; Reinheimer et al., 2021) is limited, as are the facial mea-
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surements presented in them. Based on results of those studies weak (0.2–0.3) to moderate (0.4–0.6) correlations
between facial dimensions, such as jaw width (go-go), face width (zy-zy), maxilla width (j-j), or mandibular
length (co-gn/co-me), were reported. Evidence that facial structure significantly affects voice parameters also
comes from studies comparing facial measurements of voice professionals and control subjects (Brattström
et al., 1991; Wyganowska-Świątkowska et al., 2013). Professional singers tend to have larger maxilla and
mandible dimensions or greater lower face height. Furthermore, evidence indicates that faces can be correctly
linked to voice with a probability greater than random using static (Kogelschatz, Barenholtz, 2013) or
dynamic facial images (Kamachi et al., 2003).
Some studies examined relationships between head and neck circumferences and vocal characteristics, but

their findings are ambiguous – some of them showed a lack of such relationships (Evans et al., 2006; Rendall
et al., 2005), whereas others revealed a modest inverse association between neck circumference and voice pitch
(r ∼−0.3; Pawelec et al., 2022) or stronger associations between the first three formants (F1-F3) and head cir-
cumference (r ∼−0.6 to 0.7; Reinheimer et al., 2021). Bommarito et al. (2019) found that Martin’s facial index
(face height (n-gn)/face width (zy-zy)) correlated inversely with the second (F2) and the third formant (F3)
in males (r ∼−0.22 and r ∼−0.25, respectively) and inversely with the first formant (F1) and positively with
the third formant (F3) in females (r ∼−0.31 and r ∼ 0.27, respectively). Macari et al. (2017) observed an in-
verse association between mandibular width and vocal pitch (F0) or habitual pitch (HP) in female participants
(r ∼−0.35 and r ∼−0.39, respectively) and inverse correlations between F0 or HP and maxillary width in male
participants (r ∼−0.57 and r ∼−0.66, respectively). This study also revealed negative correlations between face
width and HP in males and females (r ∼−0.54 and r ∼−0.35, respectively). The reason why such relationships
between head/neck anatomical structures and voice parameters may be observed is that facial morphology is
associated with the height of vocal tract cavities (i.e., oral, nasal) and pharyngeal airways (Kikuchi, 2008). In
addition, vocal tract structures are related to voice parameters (Fitch, 1997); therefore, one can find collinearity
between head/neck dimensions and voice quality. Studies also demonstrate that machine learning methods can
estimate face geometry from voice signals (Oh et al., 2019; Wu et al., 2022).
Accounting for the aforementioned scientific reports on the strength and directions of relationships between

face and voice, the present study aims to investigate the interrelationship between head, face, and neck dimensions
and various acoustic parameters. The approach used two voice stimuli: five sustained vowels and a short sentence
without emotional overtones, rather than only sustained vowel phonation as used in similar studies (Bommarito
et al., 2019; Macari et al., 2015; 2017; Reinheimer et al., 2021). Moreover, anthropometric measurements were
used to determine the facial dimensions of live persons using calipers, and the measurements did not rely on lateral
radiographs (Macari et al., 2015; 2017; Reinheimer et al., 2021), other indicators (Bommarito et al., 2019)
or photogrammetric technology (Lucas et al., 2023). According to Krauss et al. (2002), to identify criminals
making anonymous threatening or blackmailing calls, law enforcement agencies consult voice and speech analysis
experts to identify the characteristics of the speaker. Previous research has attempted to estimate facial features
based solely on voice signal (Li et al., 2023; Ning et al., 2021; Wen et al., 2021; Zheng et al., 2021), but these
studies used some algorithms to match voice and face without identifying the strongest determinants of acoustic
parameters, and their findings are inconsistent. Therefore, the current study focuses on identifying head and facial
features most strongly associated with voice parameters and determining the direction of these relationships. The
relationships revealed could help future researches develop an algorithm to identify the dimensions of a speaker’s
face solely from a recording of their voice.

2. Material and methods

2.1. Participants

The study participants included 135 participants (40 males) from Wroclaw, Lower Silesia, Poland. The study
group consisted of students from the Wroclaw University of Environmental and Life Sciences, Faculty of Biology
and Animal Science, and adult inhabitants of Wroclaw invited to the research. All volunteers were examined at the
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same time of day (9AM to 12AM) and under the same conditions (the same silent room, angle, and distance from
the recorder, with the same sound recording equipment used). All participants filled in a preliminary questionnaire
containing inclusion/exclusion criteria, basic questions (sex, date of birth), and questions on all possible factors
that could affect their acoustic parameters, including history of trauma and surgery of the head and neck regions,
speech defects, hearing deficits, and occlusion defects; any illness during the examination, use of cigarettes or
e-cigarettes, significant alcohol consumption on the day prior, use of hormonal drugs such as anabolic steroids,
use of growth hormones or hormonal contraception, and history of voice work as a teacher, sales representative,
professional singer, or amateur singer. Females also answered questions about their current menstrual cycle,
pregnancy, and menopause. No participants declared a history of head and neck trauma or surgery, hearing or
speech defects, or voice work. However, excessive smoking excluded eight males and six females, while illness
on the examination day excluded two males and one female. Due to the influence of sex hormones on receptors
of the vocal fold epithelium (Newman et al., 2000; Voelter et al., 2008) and the consequent impact on human
voice parameters (Abitbol et al., 1999; Dabbs, Mallinger, 1999; Evans et al., 2008; Raj et al., 2010), the
use of hormonal contraceptives (n = 4) and being in the fertile phase of the menstrual cycle (n = 3) excluded
seven females from further examination. This left a total of 30 males and 81 females for further study.
Research was conducted in accordance with the Declaration of Helsinki. The personal information of all par-

ticipants was anonymized by assigning each participant an individual anonymous code. This study was approved
by the Bioethics Committee at the Wroclaw Medical University (consent number: KB – 25/2021).

2.2. Voice recording and analysis procedure

The voice recording of each participant was conducted under the same standardized conditions, and the
recorded material consisted of five vowels (/A:/, /ε:/, /i:/, /O:/, /u:/) sustained for three seconds, with a one-
second break between them. This method is one of the most commonly used in such studies (e.g., Pisanski et al.,
2014), although other variants are also used, for example /bVt/ context words (bat, bet, beet, bot, boot) or whole
sentences. Speakers were asked to announce the vowels using a comfortable pitch and loudness. The equipment
used included a Shure SM58 SE dynamic cardioid microphone (bandwidth 50Hz to 15 kHz) connected to an
IMG Stageline MPA-202 amplifier and the sound card from a Dell Latitude E6400 computer. Each participant
was recorded while positioned in front of a microphone mounted on a height-adjustable tripod, with the distance
between the tip of the mouth and the recording device set at 15 cm and an angle of 0○. Standardization of
the recording conditions was achieved using a Mozos Mshield acoustic cabin. The sampling frequency was the
same for all recordings and was set to 44.1 kHz (16-bit resolution), and all tracks were saved as uncompressed
mono format (.wav). The Benetech GM1351 (Benetech Poland) sound level meter indicated that the background
noise level of the recording room used was ∼38 dB.
All recorded soundtracks were subsequently analyzed using Praat software version 3.9.2. (Boersma, Weenink,

2019). In the first instance, each vowel was analyzed separately. The middle (most stable) part of each vowel,
of equal length (0.2 s), was extracted for analysis, and the ‘voice report’ function was used to compute basic
acoustic parameters, including fundamental frequency F0 [Hz], defined as the lowest and strongest harmonic
produced by vocal fold vibration and perceived as vocal pitch (mean F0, median F0, standard deviation (SD)-F0,
min F0, and max F0), jitter [%], defined as the degree of variation in sound wave frequency from period to period
(LOCAL, RAP, PPQ5, DDP), shimmer [%], defined as the degree of the amplitude variation of the acoustic wave
from period to period (LOCAL, APQ3, APQ5, APG11, DDA), and mean harmonics-to-noise ratio (HNR) [dB],
an indicator of the relationship between harmonic and noise components in the voice (Teixeira et al., 2013;
Titze, 1994). Other measurements included formant frequencies (formants: F1–F4 [Hz]), which are formed by
filtering F0 in the supralaryngeal vocal tract (Fant, 1960), and their derivatives, including formant number
Fn [Hz], formant position Pf [Z], formant spacing ∆F [Hz], and formant dispersion Df [Hz]. Apparent VTL [cm]
estimated from formants values, and voice intensity (loudness [dB]) was also calculated (see the appendix of
(Pisanski et al., 2014)). Final values of acoustic parameters were calculated as the mean across all five vowels.
Additionally, mean MPT [s] was measured as the maximum duration of sustaining the vowel /A:/ across three
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trials, with a five-second break between trials. The pitch floor was set to 75Hz for males and 100Hz for females,
and the pitch ceiling was set to 300Hz and 500Hz for male and female speakers, respectively. The formant ceiling
values were set to 5000Hz for males and 5500Hz for females. All acoustics parameters were computed using Praat
default algorithms.

2.3. Anthropometric measurements

All measurements followed standard anthropometric procedures (Martin, 1914), with each participant sub-
jected to two series of anthropometric measurements of the body, head, and neck. The concordance of measure-
ments derived from two series was greater than 88% (r = 0.94, p < 0.001). Body measurements included body
height [cm] measured with an anthropometer to an accuracy of 0.1 cm, and body weight [kg], recorded using
an electronic InBody 270 body composition analyzer device (InBody Poland) to the nearest 0.1 kg. Body mass
index (BMI [kg/m2]) was then calculated based on body height and weight values. Head and neck measure-
ments included circumference [cm] and width-length face measurements [mm]. Neck and head circumferences
measurements used an anthropometric measuring tape ranging from 0 cm to 150 cm and a precision of 0.5 cm.
Neck circumference was recorded at the laryngeal prominence (‘Adam’s apple’), and head circumference was
measured using two points, glabella (g), the most forward point on the lower part of the forehead between the
superciliary arches, and opisthocranion (op), the most posterior and inferior point on the occipital bone. Facial
measurements were taken using a sliding caliper and a spreading caliper with a precision of 0.1mm and included
face height nasion-gnathion (n-gn), nose height nasion-subnasale (n-sn), nose width alare-alare (al-al), upper lip
height subnasale-stomion (sn-sto), lower lip height stomion-supramentale (sto-sm), total lip vermillion height
labiale superius-labiale inferius (ls-li), labial fissure length cheilion-cheilion (ch-ch), face width bizygomatic di-
ameter zygion-zygion (zy-zy), and jaw width gonion-gonion (go-go) (Fig. 1). Based on measurements analyzed
by Bommarito et al. (2019), Macari et al. (2015; 2017), and Reinheimer et al. (2021), as well as knowledge
about relationship between head/face/neck dimensions and vocal tract parameters (Fitch, Giedd, 1999), the
above-mentioned measurements were selected for analyses. The rationale for choosing these head/neck measure-
ments was: a) their strong association with vocal tract dimensions (i.e., oral cavity), and b) their use by other
authors addressing similar research topics.

Fig. 1. Facial anthropometric landmarks used for measurements
(taken from (Graja, Król, 2022) and modified by the authors).

The measurement values from the two series were averaged, and the means were used for all further analyses.
For each of above-mentioned head/neck measurements, the intra-evaluator technical error of measurement (TEM)
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was calculated with reference to the method presented by Perini et al. (2005). Both absolute and relative [%]
errors were calculated based on the following equations:

AbsoluteTEM =

√

∑d2i
2n

, (1)

where Σd2i is the sum of squared differences between the first and second measurements, n is the number of
measured participants, and i denotes the number of measurements;

RelativeTEM =
AbsoluteTEM

VAV
∗ 100%, (2)

where VAV is the variable average value (the arithmetic mean calculated based on average values obtained from
the two measurements).

2.4. Statistical methods

All analyses were performed using Statistica 13.5 software (1984–2017, TIBCO Software Inc, Palo Alto,
California, USA). The Shapiro–Wilk W -test was applied to check the normality of distribution of body/facial
features and acoustics parameters in male and female groups. To compare males and females, if the distribution
of each variable was normal (Gaussian) in both groups, an independent sample t-test was applied, and the
measures of central tendency and variability were reported as mean ±SD. When the distribution was not Gaussian
in at least one studied group, the Mann–Whitney U -test was applied, and median and lower/upper quartiles
(Q1-Q3) were reported. In both cases, the range (min-max) was also shown. The relationship between neck and
head measurements and voice parameters were assessed using Pearson’s partial linear correlation, due to the
continuous character of the variables, with age and body height included as confounders because of their known
associations with voice parameters and head/face morphology (i.e., Fitch, Giedd, 1999; Pisanski et al., 2014;
2016; Jandová, Urbanová, 2016; Rojas et al., 2020; Pawelec et al., 2022; Cazacu et al., 2025). Furthermore,
multiple linear regression models verified which head, face, and neck measurements had the greatest impact
on voice parameters in males and females, analyzed separately. Several models were created for both sexes,
with a single voice parameter as the dependent variable in each model (one model used one voice parameter as
a dependent variable). The acoustic parameters included mean F0 (pitch), jitter parameters, shimmer parameters,
HNR, intensity, Pf ,∆F ,Df , apparent VTL, and MPT. For males, the explanatory variables (predictors) included
head circumference and nose length (n-sn), while for females, three predictors were used: lip vermillion height
(ls-li), mandible breadth (go-go), face height (n-gn). The independent variables used in the regression models were
selected based on the highest correlation coefficients (r) between voice parameters and anthropometric features
for each sex. Collinearity among predictors was tested by correlation coefficients, and redundant variables were
excluded from the models. The highest allowed collinearity between predictors was r ≤ 0.3. In each model, age and
body height were included as a confounders. For each regression model, the adjusted coefficient of determination
(R2) was also computed. Only models with significant predictors are reported. Results at a significance level of
p < 0.05 were considered statistically significant.

3. Results

3.1. Descriptive statistics

The mean participant age was 29.4 ±12.7 years (range from 18 to 65 years), with males being on average five
years older than females. Moreover, males had greater values of body height, body mass, neck circumference, head
circumference, face width, and most head measurements, except for total lip vermillion height (ls-li; Table 1). The
intra-evaluator TEM-absolute [cm or mm] and relative [%] for head and face dimensions were as follows: head
circumference (0.3 cm; 0.5%), neck circumference (0.6 cm; 1.9%), n-gn (2.1mm; 1.8%), n-sn (1.8mm; 3.6%),
al-al (1.0mm; 3.2%), sn-sto (0.9mm; 4.0%), sto-sm (1.4mm; 8.8%), ls-li (1.0mm; 6.3%), ch-ch (0.9mm; 1.9%),
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zy-zy (2.0mm; 1.5%), go-go (0.7mm; 0.7%). According to Perini et al. (2005), the obtained relative TEM values
are below 10% and are therefore considered acceptable.

Table 1. Physical characteristics of study participants.

Feature Males (n = 30)∗ Range Females (n = 81)∗ Range p-value∗∗

General data

Age [years] 27.0 [22.0; 36.0] 20–65 22.0 [22.0; 25.5] 18–64 0.046

Body height [cm] 180.5 ±6.5 168.1–197 165.6 ±6.5 146–187 <0.001

Body mass [kg] 89.2 [68.9; 107.9] 51.5–164.7 63.6 [55.5; 75.4] 47.2–145.2 <0.001

BMI [kg/m2] 26.8 [22.2; 32.4] 17–46.4 23.4 [20.5; 27.2] 17.3–51.4 0.037

Head/neck measurements
Circumferences [cm]

Head 57.5 ±1.5 54–60 55.2 ±1.5 52–58.8 <0.001

Neck 38.8 [36.1; 41.5] 32–48 32.0 [31.0; 34.0] 28–41 <0.001

Face measurements [mm]

n-gn 114.0 [110; 122] 65–131 108.5 [104.0; 112.5] 60–124 <0.001

n-sn 52.0 [54.0; 55.0] 44–65 49.0 [47.0; 52.5] 38–59 0.005

al-al 35.5 [33.0; 38.0] 30–42 32.0 [30.5; 34.0] 27–48 <0.001

sn-sto 19.5 [18.0; 22.0] 12–27 20.0 [18.0; 21.0] 15–25 0.443

sto-sm 16.0 [15.0; 19.0] 11–47 16.0 [14.0; 17.0] 11–35 0.147

ls-li 13.3 ±4.1 5–23 15.1 ±2.9 8–21 0.075

ch-ch 52.0 [49.0; 56.0] 42–62 50.0 [48.0; 52.0] 31–62 0.025

zy-zy 140.0 [132.0; 146.0] 120–153 132.0 [128.0; 136.5] 114–184 0.002

go-go 112.0 [106.0; 118.0] 98–125 101.0 [94.5; 105.0] 87–130 <0.001
∗Mean ±SD for t-Student test, or median (Q1–Q3) for Mann–Whitney test.
∗∗ Significance of male-female differences.

Table 2. Voice parameters computed from vowels for males and females.

Acoustic parameter Males (n = 30)∗ Range Females (n = 81)∗ Range p-value∗∗

Median pitch [Hz] 110.0 [103.9; 118.3] 87.1–174.5 207.8 [187.7; 220.8] 158.6–253.4 <0.001

Mean pitch (F0) [Hz] 110.0 [103.9; 120.6] 87.0–174.6 207.8 [187.7; 221.0] 159.1–256.3 <0.001

SD [Hz] 0.9 [0.7; 2.1] 0.4–13.7 1.2 [1.0; 1.7] 0.3–14.6 0.045

Minimum pitch [Hz] 107.6 [102.0; 117.0] 84.5–172.2 205.8 [185.9; 216.7] 156.3–248.6 <0.001

Maximum pitch [Hz] 111.6 [105.6; 122.0] 87.7–177.0 209.5 [191.0; 224.0] 163.0–285.2 <0.001

Jitter (LOCAL) [%] 0.43 [0.35; 0.62] 0.23–2.3 0.38 [0.29; 0.46] 0.16–0.79 0.013

Jitter (RAP) [%] 0.21 [0.16; 0.24] 0.12–1.32 0.21 [0.16; 0.26] 0.08–0.45 0.950

Jitter (PPQ5) [%] 0.25 [0.2; 0.32] 0.15–1.67 0.22 [0.17; 0.25] 0.09–0.43 0.006

Jitter (DDP) [%] 0.63 [0.48; 0.73] 0.36–3.97 0.63 [0.48; 0.77] 0.25–1.36 0.886

Shimmer (LOCAL) [%] 3.17 [1.94; 4.93] 0.83–8.33 2.41 [1.83; 3.59] 0.77–7.22 0.086

Shimmer (APQ3) [%] 1.55 [1.01; 2.2] 0.40–3.97 1.3 [0.96; 1.82] 0.40–3.42 0.148

Shimmer (APQ5) [%] 1.94 [1.23; 2.71] 0.55–6.41 1.4 [1.06; 2.08] 0.45–4.60 0.041

Shimmer (APQ11) [%] 2.98 [1.83; 3.95] 0.83–5.52 1.92 [1.45; 2.71] 0.57–6.74 0.015

Shimmer (DDA) [%] 4.66 [3.04; 6.59] 1.21–11.92 3.9 [2.88; 5.47] 1.21–10.25 0.149

Mean HNR [dB] 18.1 ±3.3 11.5–23.9 22.4 ±2.8 15.8–28.8 <0.001

Intensity [dB] 82.6 [75.2; 87.5] 63.9–90.8 78.9 [72.7; 84.7] 63.0–89.7 0.102

F1 [Hz] 570.3 ±74.5 463.4–801.9 590.3 ±60.8 404.2–718.7 0.152

F2 [Hz] 2771.2 [2685.2; 2891.3] 1268.8–2190.2 1559.5 [1519.1; 1648.3] 1306.4–1981.0 0.290

F3 [Hz] 2772.5 ±162.3 2393.9–3079.8 2901.0 ±144.5 2561.1–3194.6 <0.001

F4 [Hz] 3730.3 ±163.5 3425.6–4072.7 4012.0 ±196.2 3561.7–4461.6 <0.001

Fn [Hz] 2160.8 [2090.1; 2248.2] 2008.9–2422.5 2276.3 [2209.8; 2336.1] 2089.1–2462.8 <0.001

Pf [Z] −0.8 [−1.5; 0.0] −2.2–1.6 0.3 [−0.4; 0.8] −1.5–2.0 <0.001

∆F [Hz] 1101.9 ±80.2 965.8–1270.9 1137.3 ±52.6 1018.7–1273.6 0.030

Df [Hz] 1053.3 ±50.7 962.0–1154.4 1140.6 ±68.4 986.5–1324.4 <0.001

Apparent VTL [cm] 15.3 ±1.1 13.3–17.5 14.8 ±0.7 13.2–16.6 0.019

MPT [s] 20.0 [12.1; 26.8] 4.0–43.8 10.6 [7.1; 14.3] 2.4–30.2 <0.001
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The mean pitch (F0) computed for male participants was 110.0Hz, while for female participants, it was
207.8Hz. Also, formants, their derivative values, and HNR values were lower in males. On the other hand, insta-
bility (jitter and shimmer), intensity, and apparent VTL were higher in males. MPT values were approximately
twice as long in males compared to females (Table 2). Most head/face/neck measurements, as well as acoustics
parameters, significantly differed between the sexes (Table 1 and Table 2); therefore, all subsequent analyses were
conducted separately for each sex group.

3.2. Head and neck dimensions vs. acoustic parameters from vowels – partial correlations

For male participants, head circumference positively correlated with voice parameters from the shimmer
parameter group, indicating that a larger head circumference is associated with greater amplitude in the sound
wave from period to period (i.e., a less stable or more hoarse voice), independent of age and body height.
Additionally, males with larger head circumferences had lower HNR values (indicating less stable voice quality),
although this relationship did not reach statistical significance. Males with greater nose height (n-sn) had lower
values of the second formant (F2, r = −0.43, p = 0.023) and higher values of apparent VTL (r = 0.41, p = 0.03;
Fig. 2). In contrast, males with wider faces did not show significant changes in HNR (r = −0.36, ns) or in the
third formant (F3, r = 0.28, ns). Also, male participants with increased nose height (n-sn) had shorter MPT,
though this correlation was not statistically significant (r = −0.36, 0.05 < p < 0.1; Table 3).

a)

b)

Fig. 2. Nose height (n-sn) and voice formants (from vowels) partial correlations controlling for age and body height as
confounders: a) second formant (F2): r = −0.43, p = 0.023, b) apparent VTL: r = 0.41, p = 0.03 (male participants).
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Table 3. Head/neck circumferences and face measurements vs. voice parameters from vowels.
Pearson’s correlation coefficients for males (n = 30) and females (n = 81);

p < 0.05 results are written in bold, b – borderline significance (0.05 < p < 0.06).

Acoustic
parameter

Sex
(male/female)

Circumferences [cm] Face measurements [mm]

Head Neck n-gn n-sn al-al sn-sto sto-sm ls-li ch-ch zy-zy go-go

Mean pitch (F0)
[Hz]

M −0.02 −0.03 0.12 0.15 0.27 −0.21 0.03 −0.25 0.008 0.12 0.15

F 0.06 0.08 −0.04 −0.01 −0.10 0.03 −0.20 −0.09 0.08 0.04 0.08

Jitter [%]

LOCAL
M 0.15 0.12 −0.05 0.11 −0.15 −0.02 0.18 −0.35 0.10 0.21 0.20

F −0.10 −0.05 −0.07 −0.09 0.06 −0.10 0.09 0.06 0.03 −0.12 −0.14

RAP
M 0.23 0.31 0.05 −0.01 −0.07 −0.02 0.08 −0.16 0.11 0.31 0.45
F −0.09 −0.001 −0.13 −0.13 0.03 −0.10 0.11 0.04 0.05 −0.14 −0.19

PPQ5
M 0.23 0.11 0.04 0.07 −0.10 0.06 0.10 −0.20 0.13 0.18 0.21

F −0.10 −0.08 −0.08 −0.04 0.03 −0.08 0.04 0.08 0.03 −0.22 −0.19

DDP
M 0.23 0.31 0.05 −0.006 −0.007 −0.002 0.12 −0.06 0.01 0.001 0.31

F −0.04 0.04 −0.12 −0.11 0.04 −0.07 0.13 0.06 0.10 −0.23 −0.15

Shimmer [%]

LOCAL
M 0.41 0.21 −0.11 0.08 0.04 0.05 0.03 −0.18 0.36b 0.20 0.21

F −0.17 −0.27 0.12 0.14 −0.01 0.17 0.01 0.29 −0.03 0.007 −0.22b

APQ3
M 0.43 0.26 −0.02 0.03 0.13 0.03 0.06 −0.21 0.38 0.26 0.33

F −0.18 −0.27 0.10 0.07 −0.03 0.18 0.02 0.25 −0.04 −0.03 −0.22b

APQ5
M 0.42 0.22 −0.006 0.01 0.19 0.01 0.04 −0.19 0.11 0.23 0.24

F −0.01 −0.25 0.11 0.09 0.07 0.19 0.03 0.29 −0.01 0.03 −0.20

APQ11
M 0.39 0.22 −0.19 0.01 0.01 0.09 −0.02 −0.21 0.38 0.24 0.14

F −0.14 −0.25 0.16 0.12 −0.11 0.15 0.01 0.32 0.002 0.06 −0.14

DDA
M 0.43 0.26 0.02 0.03 0.13 0.03 0.06 −0.21 0.21 0.26 0.33

F −0.18 −0.27 0.10 0.07 −0.03 0.18 0.02 0.25 −0.04 −0.03 −0.22b

HNR [dB]
M −0.32 −0.40 0.03 0.08 −0.19 −0.07 0.03 0.26 −0.29 −0.36 −0.28

F 0.12 0.17 −0.19 −0.03 −0.07 −0.14 0.04 −0.13 0.03 0.13 0.13

Intensity [dB]
M −0.17 −0.08 −0.005 −0.15 0.18 −0.15 0.01 −0.21 −0.29 −0.12 −0.16

F 0.06 0.08 −0.46 −0.21 0.10 −0.11 0.11 −0.11 −0.07 −0.13 0.03

Formants and their derivatives

F1 [Hz]
M 0.003 0.11 −0.24 −0.25 0.22 −0.05 0.06 −0.21 −0.06 −0.06 −0.08

F −0.11 −0.16 0.02 −0.05 −0.07 0.14 −0.07 −0.08 −0.06 −0.08 −0.10

F2 [Hz]
M 0.17 0.25 −0.14 −0.43 0.30 0.13 0.02 −0.26 0.01 0.18 0.10

F −0.15 −0.04 0.07 −0.21 −0.006 −0.05 −0.09 −0.15 −0.005 −0.07 0.03

F3 [Hz]
M 0.03 0.19 −0.13 −0.21 0.07 −0.16 −0.26 −0.26 0.12 0.28 0.24

F −0.10 −0.13 0.03 0.11 0.13 −0.06 0.11 −0.05 0.10 −0.12 0.01

F4 [Hz]
M 0.05 0.17 0.08 −0.09 0.15 0.09 −0.06 0.03 0.07 0.13 0.01

F −0.003 0.08 −0.16 −0.24 0.11 0.03 −0.20 −0.17 −0.08 −0.08 0.12

Pf [Z]
M 0.10 0.25 −0.12 −0.33 0.24 0.03 −0.09 −0.27 0.06 0.21 0.12

F −0.11 −0.05 −0.05 −0.15 0.10 0.002 −0.13 −0.13 −0.01 −0.13 0.08

∆F [Hz]
M 0.09 0.22 −0.19 −0.35 0.27 0.01 −0.03 −0.29 0.01 0.13 0.06

F −0.15 −0.13 0.003 −0.14 0.02 0.06 −0.10 −0.10 0.05 −0.12 −0.07

Df [Hz]
M 0.05 0.12 0.20 0.03 0.04 0.12 0.25 0.14 0.10 0.17 0.05

F 0.03 0.12 −0.15 −0.17 0.12 −0.01 −0.07 −0.05 −0.05 −0.05 0.15

Apparent
VTL [cm]

M −0.11 −0.25 0.22 0.41 −0.28 −0.04 0.02 0.27 −0.02 −0.16 −0.08

F 0.14 0.12 0.01 0.14 −0.03 −0.07 0.12 0.14 0.04 0.14 0.07

MPT [s]
M 0.08 −0.006 −0.03 −0.36 0.12 0.001 −0.35 −0.08 0.27 0.22 0.12

F 0.08 0.19 0.17 0.08 −0.04 0.07 0.04 −0.03 −0.07 −0.07 0.25

For female participants, more significant associations between head and face dimensions and acoustic param-
eters extracted from vowels were observed (Table 3). Female participants with larger neck circumferences had
lower values of shimmer parameters (APQ3, DDA: r = −0.27, p = 0.018, and APQ5, APQ11: r = −0.25, p = 0.032).
Furthermore, females with higher face height (n-gn) had lower voice intensity (loudness: r = −0.46, p < 0.001).
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Additionally, a higher nose height (n-sn), lower fourth formant (F4), and longer apparent VTL showed a significant
positive relationship with lip vermilion height (ls-li) and voice parameters. A higher value of this characteristic

a)

b)

c)

Fig. 3. Partial linear correlations controlling for age and body height as confounders in female participants: a) lip vermilion
height (ls-li) and shimmer (APQ11): r = 0.32, p = 0.005, b) face height (n-gn) vs. voice intensity (loudness): r = −0.46,

p < 0.001, c) jaw width (go-go) and MPT: r = 0.25, p = 0.032.
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was positively correlated with shimmer parameters, indicating that greater lip vermillion was associated with an
unstable (hoarse) voice. This was related to a greater face width (zy-zy) and lower jitter values (RAP, PPQ5,
DDP). Also, jaw width (go-go) showed similar trends with jitter parameters, although these correlations did not
reach statistical significance. Meanwhile, female participants with wider jaws (go-go) had higher values of MPT
(r = 0.25, p = 0.032; Table 3, Fig. 3).
Most of the aforementioned correlations were weak (∼0.2–0.3) as it was expected, but some of them (i.e., nose

height (n-sn) vs. F2 showed a moderate effect size for male participants.

3.3. Head and neck dimensions vs. acoustic parameters for vowels: Multiple regression models

For males, multiple regression modeling indicated a significant positive relationships between head circumfer-
ence and shimmer (LOCAL), meaning that males with larger head circumferences had more unstable (hoarse)
voices (β = 0.41, t = 2.25, p = 0.034; see Table 4, model 1). The second model revealed a significant correlation
between nose height (n-sn) and apparent VTL, indicating that males with higher noses had longer estimated
vocal tracts (β = 0.42, t = 2.28, p = 0.031; see Table 4, model 2).

Table 4. Multiple general regression models (GRMs) of acoustic parameters (dependent variables)
and head/neck measurements (predictors) for males (n = 30) and females (n = 81).

Sex Regression model Predictors β SEβ t p-value

Males

1. Dependent variable: shimmer (LOCAL) [%] Intercept – – −1.73 0.097

R2
Adj. = 13.29%, ε = 0.017 Head circumferences [cm] 0.41 0.18 2.25 0.034

F = 3.22, p < 0.06 n-sn [mm] 0.07 0.19 0.38 0.704

Age [years] 0.09 0.19 0.46 0.650

Body height [cm] 0.02 0.18 0.10 0.918

2. Dependent variable: apparent VTL [cm] Intercept – – 1.15 0.260

R2
Adj. = 12.42%, ε = 0.99 Head circumferences [cm] −0.12 0.18 −0.65 0.522

F = 3.06, p < 0.06 n-sn [mm] 0.42 0.18 2.28 0.031
Age [years] −0.13 0.19 −0.70 0.489

Body height [cm] 0.16 0.18 0.91 0.373

Females

3. Dependent variable: shimmer (APQ11) [%] Intercept – – −2.52 0.014
R2

Adj. = 13.45%, ε = 0.011 ls-li [mm] 2.99 0.004 2.99 0.004

F = 3.43, p < 0.008 go-go [mm] −1.52 0.132 −1.52 0.132

n-gn [mm] 1.84 0.070 1.84 0.070

Age [years] 0.33 0.13 2.44 0.017
Body height [cm] 0.31 0.12 2.71 0.008

4. Dependent variable: intensity [dB] Intercept – – 4.44 <0.001
R2

Adj. = 0.16%, ε = 7.15 ls-li [mm] −0.13 0.12 −1.07 0.288

F = 1.02, p < 0.410 go-go [mm] 0.06 0.13 0.48 0.632

n-gn [mm] −0.23 0.12 −1.96 0.054b

Age [years] −0.20 0.14 −1.37 0.175

Body height [cm] −0.09 0.13 −0.73 0.467

5. Dependent variable: MPT [s] Intercept – – −2.18 0.033
R2

Adj. = 8.59%, ε = 5.52 ls-li [mm] −0.02 0.12 −0.16 0.875

F = 2.47, p < 0.040 go-go [mm] 0.24 0.12 1.98 0.052b

n-gn [mm] 0.14 0.11 1.23 0.221

Age [years] 0.06 0.14 0.46 0.650

Body height [cm] 0.20 0.12 1.67 0.099

β – standardized regression coefficient, SEβ – standard error of β, R2
Adj. – adjusted R2 of the model, ε – standardized random

error, t – t-statistic of β showing predictor significance, F – Fisher test value showing overall model significance. The results
significant on the p < 0.05 level are written in bold, b – borderline significance (0.05 < p < 0.06).

For females, the first multiple regression model revealed that lip vermillion height (ls-li) significantly correlated
with shimmer (APQ11), indicating that a larger ls-li (β = 0.35, t = 2.99, p = 0.004) was associated with a more
hoarse voice (β = 0.35, t = 2.99, p = 0.004; see Table 4, Model 3). The second model showed a borderline
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significance negative correlation between face height (n-gn) and voice intensity (loudness), which means that
females with higher faces had quieter voices (β = −0.23, t = −1.96, p = 0.054, see Table 4, Model 4). The last
significant model created for females showed a borderline significance correlation between jaw width (go-go) and
MPT. This associations means that women with wider jaws had longer maximum time of phonation (β = 0.24,
t = 1.98, p = 0.052, see Table 4, Model 5).

4. Discussion

Significant relationships between head, neck, and face dimensions and voice parameters were observed for
both sexes. The strongest relationships for males occurred between shimmer parameters and head circumference,
F2, nose height (n-sn) and apparent VTL, as well as jitter (RAP) and jaw width (go-go). Thus, males with larger
heads exhibited more hoarse (unstable) voices, and those with higher noses were associated with lower values
of F2 and longer apparent VTL. Males with wider jaws had greater voice roughness. For females, the strongest
connections included: face height (n-gn) and voice intensity, neck circumference and lip vermilion height (ls-li)
with shimmer parameters, nose height (n-sn) and F4, and jaw width (go-go) and MPT. These results suggest that
females with smaller face heights had higher voice intensity, and those with greater neck circumferences and lower
lip height had more stable (less hoarse) voices. Finally, females with longer noses had lower F4, while those with
wider jaws – longer MPT. Furthermore, the relationships between lip vermilion height and shimmer remained
significant after applying multiple linear regression models. There were no significant relationships between F0,
formant frequencies (F1-F4), or their derivatives (Pf or Df ) and head or neck circumferences for males and
females, although such relationships were found for shimmer parameters. These results partly confirm Evans
et al. (2006), who reported the lack of such relationships for males, and support Rendall et al. (2005), who found
no significant connections for both sexes. In contrast, Pawelec et al. (2022) reported significant associations
between neck circumference and formants and F0 in males, even after applying multiple regression models.
For females, the strongest relationships based on multiple linear regression models were reported for jaw

width and MPT (jaw width had the strongest effect on MPT). Interestingly, no significant associations were
found between voice pitch (F0) and head, neck, or face dimensions. Macari et al. (2017) found a significant
negative correlation between face width (zy-zy) and habitual pitch (F0 for the sentence) in males and inverse
correlations between habitual pitch and total face height (n-me measurement corresponding to our n-gn) and jaw
width for females. Moreover, one study showed a negative relationship between Martin’s facial index (n-gn/zy-zy)
and F3 in males and a positive correlation for females (Bommarito et al., 2019). Consequently, females with
higher and narrower faces and males with shorter and wider faces had higher values of F3. Wu et al. (2022)
found that voice may indicate wider or thinner faces and stated that ‘the best indicative attribute voice can
hint is the head width.’ This finding is consistent with the results of the current study, which indicate many
significant correlations between acoustic parameters and face width measurements (go-go, zy-zy, ch-ch) in males
and females.
The observed connections between facial morphology and voice parameters found in this study are logical and

result from the anatomy and physiology of the speech apparatus. It is known that the length of the vocal tract
is closely related to body size and shape, including body height and mass (Fitch, Giedd, 1999), and taller and
heavier individuals tend to have lower voices, expressed by lower values of fundamental and formant frequencies
(Evans et al., 2006; González, 2004; 2007; Pawelec et al., 2022; Pisanski et al., 2014; Rendall et al., 2005).
Larger individuals also have a bigger larynx and a longer vocal tract (Fitch, Giedd, 1999), and such anatomical
structures affect the voice through longer vocal folds, lower F0, a longer vocal tract, and lower formant frequencies
(Fitch, 1997;Titze, 2011). Therefore, an inverse relationship between body size and voice parameters is observed
(Bruckert et al., 2006; Rendall et al., 2005), which has also been noted in subjective assessment of body build
conducted by judges (Pawelec et al., 2023). A positive correlation has also been found between head length
(g-op), face height (n-gn), and growth indexes of vocal tract structures during early childhood (Vorperian et al.,
1999). Thus, the significant associations between head and face dimensions and acoustic parameters found in this
study seem justified and logical. Moreover, all presented results show pure effect of head/neck/face dimensions on
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vocal characteristics, independent of body size and age. Body size (expressed as body height) and chronological
age of the participants were controlled as confounders in the partial correlations and regression models; thus,
their apparent impact on head/neck/face – voice relationships was reduced.
Relationships between jaw width and acoustic parameters in females may seem difficult to explain at first

glance. However, females with greater face width tend to have lower jitter values (i.e., more stable voices).
Moreover, females with wider mandibles have lower shimmer values (i.e., less hoarse voice) and greater MPT. In
another study, it was also reported that female vocalists had significantly greater facial dimensions and mandible
width than a control group of non-vocalists (Wyganowska-Świątkowska et al., 2013). These results may
suggest a role for facial and jaw morphology in voice production (especially articulation) and speech processes.
Larger jaw size is likely associated with stronger development of the muscles attached to the mandible and greater
development of the entire stomatognathic apparatus. Consequently, this may affect the biomechanics of these
structures during voice production. Some support for this thesis is provided by results showing that nonsingers
using a low mandible maneuver (LMM), a technique employed by top-ranked professional singers to enhance
vocal output by altering oral, pharyngeal, and laryngeal configurations, demonstrated increased voice intensity
(sound-pressure level (SPL)) and lower F1 and F2 values (Mercer, Lowell, 2020).
The significant negative relationships between face height, nose height, intensity, and formants, as well as the

positive correlations between these dimensions and apparent VTL in both males and females, can be explained
by the anatomy of the speech apparatus. Facial morphology, such as face and nose height, is associated with
the height of oral and nasal cavity and the pharyngeal airway (Kikuchi, 2008). Total VTL is highly positively
correlated with oral cavity length, pharyngeal cavity length, and palate height in both sexes (Roers et al.,
2009). Furthermore, VTL is inversely related to formant frequencies and their derivatives (Fitch, 1997). Thus,
the aforementioned relationships likely result in an apparent correlation between face and nose height and the
formant frequencies of the voice.
No associations between lip vermilion height and formants or their derivatives in either sex were found. This

result is puzzling, as some studies have shown a relationship between lip shape and F1 and F2 (Ladefoged et al.,
1978), or a significant association between formants and lip rounding (Wood, 1986). A significant relationship
was also reported between mouth shape and the first two formants, with F1 closely related to mouth height
and F2 corresponding to mouth width (Kim et al., 2002). Another study showed a high correlation between
F1 and mouth height, but no correlation between F2 and mouth height (Erber, 1979). In the present study, lip
vermilion height was positively correlated with shimmer parameters, but only in females.

4.1. Study limitations and future perspectives

The study was limited by the restricted number of head and neck measurements, and future studies should
examine additional head and face dimensions, such as head length (glabella-opisthocranion (g-op)), physiognomic
face height (trichion-gnation (tr-gn)), forehead width (frontotemporal-frontotemporal (ft-ft)), and forehead height
(trichion-nasion (tr-n)). Furthermore, it is essential to examine the impact of additional vocal tract structures,
such as the frontal sinuses, on voice characteristics. Another limitation is the lack of head and neck imaging, such
as X-ray, computed tomography, and magnetic resonance imaging, which would have allowed the true dimen-
sions of the participants’ vocal tracts to be determined and their influence on voice acoustic parameters to
be highlighted. In addition, the unequal number of male and female participants makes cross-sex comparisons
difficult. Some of the relationships presented in this study may have limited practical applicability due to the
methodology used – isolated sustained vowels. Correlations with acoustic parameters computed from short sen-
tence or spontaneous speech are likely to have greater ecological validity, as these signals more closely resemble
natural conditions. Another limitation of the study is the lack of control for other factors that may influence
voice quality, such as hormones (Damrose, 2009; Kirgezen et al., 2017; Newman et al., 2000; Voelter et al.,
2008), social context (Sorokowski et al., 2019), emotions (Klasmeyer, Sendlmeier, 2000; Raine et al., 2019;
Rothkrantz et al., 2004; Sondhi et al., 2015), use of stimulants (Byeon, Cha, 2020; Moreira et al., 2015),
or various aspects of physical and mental health status (Arnocky et al., 2018).
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Finally, the dimensions of the palate, including height, width, and length, could be included in future studies, as
there is an evidence that palate shape influences voice type in opera singers (Bottalico et al., 2021;Marunick,
Menaldi, 2000).

5. Conclusions

Some significant correlations were found between head and face morphology and vocal acoustic parameters in
males and females, which suggests a relationship between vocal tract structure and function and voice production.
Indeed, both facial width and length measurements, in particular, showed significant negative relationships with
voice parameters (Bommarito et al., 2019; Macari et al., 2015; 2017; Reinheimer et al., 2021). Connections
were also observed between head and neck circumferences and acoustic parameters (Pawelec et al., 2022;
Reinheimer et al., 2021). VTL and shape were associated with voice parameters, especially formant frequencies
(Fitch, 1997; Story et al., 2001), as well as body size, height, and weight (Fitch, Giedd, 1999). Moreover,
head and face size and proportions were related to body size, VTL, and shape, indicating that correlations may be
observed between face and head dimensions and acoustic parameters. All observed associations were quite weak
in most cases and some were moderate. These relationships could potentially be applied by forensic scientists to
estimate the facial morphology of offenders based solely on voice recordings (Bunker, 2017; Oh et al., 2019). It
is necessary to expand this research by increasing the number of head and face measurements and sample size
to allow for meta-analyses of the relationship between facial morphology and voice acoustic parameters. Another
promising approach is to use geometric morphometrics, which considers not only the size of the head/face but also
their shape through indices describing facial geometry. The results of such studies would enable investigators to
identify perpetrators and victims based solely on audio recordings or to evaluate voice changes in people following
surgical interventions of the head and face (medical and aesthetic plastic surgery). Recent research indicates some
degree of success in estimating facial morphology from the voice signal (Li et al., 2023).
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This study introduces a proof-of-concept methodology for evaluating pressure-dependent non-linear acous-
tic properties of liver tissue. The proposed non-linearity index (NLI) is derived from echo amplitudes obtained
at two substantially different acoustic pressures. Unlike previous harmonic-based approaches, the method relies
solely on the fundamental frequency band, allowing clinical implementation without additional system mod-
ifications. The image acquired for the lower pressure is then amplified to correct for the pressure difference
between the beams. Next, the NLI is estimated as a ratio of local amplitudes of the amplified low-pressure
image (ALPI) to the high-pressure image (HPI). In the case of nonlinear media some energy of the wave is
transferred from the pulse fundamental frequency to higher harmonics, which affects mainly the HPI. With
the harmonics being filtered out from the signal, the HPI amplitude becomes lower than the ALPI amplitude.
As a result, the NLI becomes higher than 1 and increases with the non-linearity of the imaged tissue. The
hydrophone measurements were compared to the simulation (k-Wave) of the ultrasonic field in water and veg-
etable oil. Next, we performed NLI imaging of healthy and fatty livers using SonixTouch (Ultrasonix) systems
and two acoustic pressures of 390 kPa and 1590 kPa. Preliminary studies – imaging healthy and fatty livers
using SonixTouch (Ultrasonix) systems were performed on the 4 livers of the authors of the article showed
that for ‘healthy’ livers the NLI was below 1.1, while in one of the authors with previously diagnosed steatosis
falling between score 1 and 2, the NLI locally exceeded 1.3.
These results show that the obtained NLI values increase with the degree of steatosis, which agrees with

theoretical expectations based on tissue B/A coefficients. The work emphasizes methodological feasibility
and physical consistency rather than clinical validation, given the limited number of volunteers and ethical
restrictions on patient recruitment.

Keywords: ultrasound imaging, abdominal ultrasound, non-linear propagation.
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1. Introduction

The scientific goal of the paper is to determine the relationship between the ultrasonic pressure dependent
backscattering in liver tissue in vivo in subjects with diagnosed non-alcoholic fatty liver disease (NAFLD) and
categorized to the specific steatosis score. An improvement of ability to non-invasively distinguish the fatty
tissues will positively affect the specificity and sensitivity of the ultrasound diagnostics of liver. As a result,
it will reduce a number of unnecessary biopsies. NAFLD affects 25.24% of the world’s population and 23.71%
of people in Europe, 24.13% in North America, 30.45% in South Africa, 31.79% in the Middle East, and
27.37% in Asia (Younossi et al., 2016). The NAFLD prevalence of 55% to 80% is estimated in patients
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with type 2 diabetes (Younossi et al., 2002; 2016; Estes et al., 2018). This results in over 1 billion individuals
affected by fatty liver disease worldwide (Saadeh et al., 2002). The problem of NAFLD affects people of all
ages, including children, but it may be more pronounced in the elderly population.
About 10% to 20% of NAFLD cases are classified as non-alcoholic steatohepatitis (NASH), which must be

diagnosed and treated proactively because it can lead to cirrhosis and liver cancer. A liver biopsy is currently
the only method that allows for a definitive diagnosis of NASH (Saadeh et al., 2002). However, routine invasive
liver biopsy in all patients with such a common disease as NAFLD is unjustified. In the case of the symptoms
of liver disease, a liver ultrasound – echogenicity of the liver image and recently the ultrasound attenuation
of ultrasound in liver – is a first-choice method of a simple and painless imaging test of liver and its sur-
roundings.
We believe that the implementation of a new ultrasound method for estimating tissue fat content based on the

non-linear properties of tissues will provide important additional diagnostic information on the degree of steatosis
and will allow for earlier detection of NAFLD, thus improving the prognosis for effective treatment of patients
with NAFLD and reducing the need for liver biopsy sampling and testing. The proposed non-linear ultrasound
imaging may enable the implementation in clinical practice of a new qualitative signal analysis enabling the
assessment of the degree of steatosis.
Up to now, there are four main types of liver ultrasound imaging including:

– B-mode – fatty liver disease might make it brighter, while inflammation might make it denser and darker,

– vascular Doppler ultrasound – exposing the blood flow in liver,

– elastography ultrasound – allowing measuring of the stiffness or fibrosis in liver,

– contrast enhanced ultrasound (CEUS) – allowing for clearer images of liver lesions.

However, studies have shown that although B-mode images alone are useful for assessing steatosis at levels
of ≥30% (Hernaez et al., 2011) they have low sensitivity at lower levels of steatosis (Dasarathy et al., 2009;
Bohte et al., 2011). Some development work has been carried out to introduce the transfer learning with a deep
convolutional neural network for determination of the hepato-renal index related to the amount of fat in the liver
(Byra et al., 2018).
Ultrasound attenuation imaging (ATI) is an emerging method used for detection of hepatic steatosis. It quan-

tifies ultrasound signal attenuation and generates color-coded maps which visualize alterations in liver tissue
properties, that may result from changes in hepatic composition (such as increased fat content). The ATI value is
defined as dB/cm/MHz. The values increase with increasing levels of steatosis. First studies of the ultrasonic
attenuation coefficients of liver have been initiated by Parker et al. in 1988. Their results showed that nor-
mal attenuation values for the human liver are 0.47 dB/cm/MHz with a frequency-dependent coefficient of 1.05.
A trend towards higher attenuation in diffuse liver disease was observed in correlation with increasing fibrosis and
fat content, based on liver biopsy grading (Parker et al., 1988). Since then, a numerous reports were published
on attenuation in normal and fatty liver (e.g., Tada et al., 2019; Yoo et al., 2020; Hsu et al., 2021; Ferraioli
et al., 2022). As for now the guidelines for steatosis score are average (0.52, 0.63, 0.74, and ≥0.78) dB/cm/MHz
for S0, S1, S2, and S3, respectively (Jesper et al., 2020; Ogino et al., 2021). The final results differ between
research centers using different scanning machines.
Important factors influencing/modifying the measurements of liver attenuation include: respiratory phase,

subject positioning, effect of hydration, liver inflammation, subcutaneous fat thickness, scanning technique, fre-
quency dependence attenuation, and bandwidth of the transducer.
We believe that enhancing the currently used algorithm for assessing the degree of steatosis – based on atten-

uation estimation – by incorporating an independent parameter related to fat-dependent nonlinear propagation
of ultrasound in liver tissue, may significantly improve diagnostic accuracy.
The proposed method for assessing the non-linear properties of tissues is, to our knowledge, our original idea,

never published before in the world literature.
Modern ultrasound is based on linear and non-linear (tissue harmonic imaging, THI) properties of ultrasound

wave propagation in tissue. The basic derivation of the B/A non-linearity coefficient is given in Appendix.
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In the field of linear acoustics, particularly in lossless linear media, neglecting wave distortions and the
generation of higher harmonics results in B/A = 0. In real materials B/A takes finite values. The documented B/A
values for some fluids and biological tissue are presented in (Duck, 2002): water (20 ○C and 40 ○C) B/A = 4.96
and 5.38, 3.5% saline solution (20 ○C) B/A = 5.25, blood plasma (30 ○C) B/A = 5.74, whole blood (26 ○C)
B/A = 6.1, fat-free soft tissue B/A = 6.3–8.0, and fatty soft tissue B/A = 9.6–11.3 (Varray et al., 2010). Dong
et al. (1999) reported the ultrasonic non-linearity parameter B/A for nine versions of water-based, fat-free and fat-
containing, macroscopically homogeneous, ultrasonically tissue-mimicking (TM) materials. The B/A parameter
is 1.5 to 2 times larger in adipose tissue than in other tissues, partially explaining the benefits of using harmonic
imaging in difficult cases involving excess body fat.
The THI based on acquisitions of the second harmonic components of the ultrasonic echoes was proposed to

improve the scanning resolution (van Wijk et al., 2002; Varray et al., 2010). The detection of the nonlinear
part of the echoes include different modalities such as: amplitude modulation, pulse inversion or second harmonic
inversion (Simpson et al., 1999). THI suffers from lower imaging sensitivity due to the limited frequency band-
width of available ultrasound transducers. In practice, the lower part of the transducer bandwidth is used in
the transmission sequence, while the upper part of the available bandwidth is used during reception and image
formation, reducing final imaging sensitivity (Nowicki et al., 2007). The importance of the reduced dynamic
range and penetration encountered in THI has also been pointed out (Averkiou et al., 1997; Akiyama, 2000;
Averkiou, 2001). THI images are reconstructed solely based on second harmonic components, which results in
a reduction of the echo amplitude by more than 20 dB compared to the fundamental components.
A comprehensive review of the estimation of the B/A non-linearity parameter is given in (Panfilova et al.,

2021). In addition to the established medical applications of non-linearity, new ultrasound modalities for quanti-
fying the B/A non-linearity parameter (Madigosky et al., 1981) have been continuously developed for several
years. Studies on aqueous solutions have shown that the B/A ratio is dependent on the chemical composition
and molecular structure of the solutes (Sehgal et al., 1986; Sarvazyan et al., 1990; Gong et al., 2004) and
has been found useful for assessing the structure of silicone oil used in ocular surgery (Zhe et al., 2014). It has
also been shown to be useful for tissue characterization, showing distinct values for adipose (Law et al., 1985),
malignant, healthy, and hepatic tissues in the liver (Errabolu et al., 1988; Panfilova et al., 2021).
It has been shown that B/A is proportional to the change in the speed of sound that accompanies the adiabatic

change in pressure. This relation is the basis of the thermodynamic method of measuring B/A (Beye, 1973; Zhu
et al., 1983; Zhang, Dunn, 1991; Gong et al., 1993; Everbach, Apfel, 1995; Lu et al., 1998). The finite
amplitude method (FAM) exploits the dependence of the speed of sound on B/A and the excess density of the
medium (or particle velocity, or excess pressure).
As a consequence of non-linear propagation, the effective attenuation of the wave increases due to the transfer

of energy from the fundamental to higher harmonics, which experience stronger attenuation than the fundamental
(Coila, Oelze, 2020). In this way, the energy of a high-amplitude non-linear wave is attenuated to a greater
extent than the energy of a small-amplitude wave that can be recognized as linear. FAM exploit all these changes,
quantifying the distortions by direct observation of the wave profile (Hunter et al., 2016; Takahashi, 1995),
by harmonic content (Adler, Hiedemann, 1962; Zhang, Gong, 1999; Fujii et al., 2004;Wallace et al., 2007;
Varray et al., 2011) or by observing the non-linearly induced attenuation (Nikoonahad, Liu, 1989; Byra et al.,
2017). The FAM approach is relatively simple, though less accurate than the thermodynamic method, carrying
potential for clinical applications, enabling B/A tomography for transmission measurements. Recently, Coila
et al. (2025) proposed a pulse-echo method to estimate B/A based on the theory of the fundamental band
amplitude reduction of low amplitude signals.
In this paper we propose a new method for assessing the nonlinear properties of a medium. Our proposal

consists in assessing the non-linearity of the medium by comparing echoes from the examined organ using waves
that significantly differ in transmitted pressures. In a linear medium, the echo amplitude should be directly
proportional to the amplitude of the transmitted signals. The deviation from the linear relationship between
the transmitted signal amplitude and the backscatter amplitude depends on the non-linear physical properties
of the tissue region being examined. We have developed a method for imaging nonlinear tissue properties that
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involves comparing signals reflected/scattered in tissues for two or more transmissions that significantly differ in
radiated intensity (Nowicki et al., 2024). In tissues with low acoustic non-linearity, ultrasound images will vary
in amplitude only proportionally to the amplitude of the transmitted wave. After normalizing echoes proportion-
ally to the amplitude of the transmitted ultrasonic wave, the amplitude ratios of images obtained for low and
high sound transmitted pressures should be close to unity. If the examined tissue contains areas with B/A > 0, the
ratios of subsequent echoes recorded for different transmitted acoustic pressures will differ from unity, and this
value should increase with the increasing non-linearity coefficient of the examined tissue. For example, the non-
linearity parameter in the liver, adipose tissue, and fatty liver is approximately 7, greater than 8, and close to 11,
respectively. This gives hope that this technique can support the diagnosis of fatty liver disease.
The rest of the paper is organized as follows. The following section outlines the proposed method and de-

scribes its validation process, which includes experimental measurements and numerical simulations for nonlinear
propagation in water and in vegetable oil, as well as liver measurements in-vivo. The results obtained using
the proposed method are presented in Sec. 3, while Sec. 4 contains the discussion.

2. Materials and methods

2.1. Method overview

Let us assume that we deal with a linear medium. In such a case, detected echoes would be linearly propor-
tional to the pressure of the transmitted ultrasonic wave. In turn, in the case of a non-linear medium, part of
the energy of the propagating wave is transferred from the carrier wave frequency f0 to higher harmonics 2f0,
3f0, etc. The energy transfer to higher harmonics increases significantly with the increase in the initial pressure
of the transmitted wave scanning the medium. The relative energy transfer to higher harmonics for low pres-
sures of the scanning wave is small compared to this transfer for significantly higher pressures of the scanning
wave. As a result, the amplitude of echoes at the fundamental frequency decreases faster with propagation dis-
tance for waves transmitted at higher pressures than for those transmitted at lower pressures. We have attempted
to use this intuitively simple relationship between the transmission pressure and the rate of energy loss in the
fundamental frequency.
Our approach involves acquiring pairs of ultrasound images E1 and E2, where E1 image is obtained using low

excitation pressure P1, and E2 using high pressure P2. The reconstruction of these images must rely solely on
the fundamental frequency band; higher harmonics should be eliminated – either due to the limited bandwidth
of the transducer or through the application of additional low-pass filtering.
The further data processing includes smoothing the E1 andE2 images using moving average filtration. The

final non-linearity index (NLI) image is calculated as the quotient of amplitudes in the ‘low pressure’ image E1
and in the ‘high pressure’ image E2. The echo amplitude ratio for both images is normalized by the factor equal
to the transmission pressure ratio for both scans, P2/P1:

NLI =
P2

P1

E1

E2
. (1)

2.2. Experiments overview

In research (Zhe et al., 2014) the results of experiments conducted in water and in sunflower oil for two
different acoustic pressures of 0.39MPa and 1.55MPa generated by the ultrasonic head were presented. In-vitro
measurements were also performed in a fresh beef liver sample with a small area, into which 1ml of sunflower oil
was injected. Then the course of the NLI was determined in these media. These studies confirmed the correlation
between the non-linearity coefficient B/A of the media and the NLI introduced.
In the current work we present results comparing hydrophone measurements in water and sunflower oil with

the results of simulations performed in the k-Wave toolbox (Zhu et al., 1983). Subsequently, an in vivo study
of the hepatic NLI was conducted on five volunteers, including one with clinically confirmed fatty liver. The three
steps leading to the validation od the proposed method are schematically presented in Fig. 1.
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Fig. 1. Schematic diagram of the experimental studies presented in the text.

Throughout our study, a consistent set of excitation signals was employed in both experimental measure-
ments and numerical simulations. We used the 2-cycle tone bursts with a center frequency of 3.3MHz. The pres-
sure amplitudes P1 and P2, measured in water at a distance of 1 cm from the transducer surface, were 0.39MPa
and 1.55MPa, respectively.

2.3. k-Wave simulations

Numerical simulations were performed using k-Wave toolbox (Treeby, Cox, 2010), which is designed for
modeling acoustic wave fields in complex media. k-Wave solves the full-wave acoustic propagation equations in the
time domain, using FFT-based pseudospectral methods to compute spatial derivatives. This approach offers high
accuracy and efficiency, especially for media with smoothly varying properties. The toolbox supports modeling
of linear and non-linear wave propagation, frequency-dependent absorption, and heterogeneous media, making it
well-suited for comparing propagation in different biological and non-biological environments.
In our simulation study, each medium was modeled by assigning appropriate values of sound speed, density,

and absorption (Table 1). The acoustic signal was generated by a focused linear array transducer.

Table 1. Acoustic properties typical for water and vegetable oil.

Medium Speed of sound [m/s] Density [kg/m3] Absorption [dB/cm/MHz] Alpha B/A

Water 1500 1000 0.002 2 6

Vegetable oil 1450 920 0.5 1.8 10

The transducer consists of 32 active elements, each with a width of 480.48µm (12 grid points), separated
by a kerf of 80.08µm (2 grid points). This gives a pitch of 560.56µm (14 grid points), and an overall width of
approximately 17.86mm (446 grid points). Each element extends 8.008mm in elevation (200 grid points), and
the focus distance is specified as 20m, effectively modeling a quasi-plane wave within the near-field of the com-
putational domain, as no explicit time delay laws are applied. The transducer is modeled using k-Wave’s function
for 3D simulations, allowing control over its aperture, element layout, and elevation profile. Sensors are placed
throughout the domain to measure the pressure field, including peak pressure, RMS pressure, and time-varying
pressure signals, which are useful for evaluating wavefront shape, focal gain, and attenuation. A 2-cycle tone burst
is generated and applied uniformly to all active elements. The simulation is run in 3D, with an input grid size
of 1998× 462× 206 grid points, representing a physical domain of approximately 80mm3 × 18.5mm3 × 8.25mm3.
This domain is embedded within a larger computational grid of 2048× 512× 256 points to include perfectly
matched layers (PML) and ensures stability. The grid spacing is 30µm, which provides fine spatial resolution
and supports a maximum reliable frequency of 17.73MHz – well above the 3MHz center frequency of the source,
allowing for accurate modeling of waveform distortion and higher harmonic content generated during nonlinear
propagation. The time resolution is equally precise. The simulation uses a time step ∆t = 8.4592µs, with a total
simulation time of 59.9924µs, covering 7093 time steps. This duration allows sufficient time for the wave to
propagate through the domain and interact with the surrounding medium or tissue.
Overall, this simulation setup enables high-fidelity modeling of ultrasound wave propagation through ho-

mogeneous or heterogeneous media. It captures essential physical phenomena such as attenuation, dispersion,
non-linear distortion, and focusing effects. The fine spatial and temporal resolution, combined with a realistic
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source and medium configuration, ensures that the model accurately reflects real-world acoustic wave behavior
within the tested soft tissue or fluid environments.

2.4. Hydrophone measurements

The experimental measurements were performed using a needle hydrophone – sensor diameter 0.075mm
(Precision Acoustics, Great Britain). The acoustic excitations were generated using the SonixTouch (Ultrasonix-
USA) scanner with a convex probe. The hydrophone measurements were carried out in water and sunflower oil.
All the acoustic output parameters were exactly the same as in the k-Wave simulation.

2.5. In-vivo measurements

As a preliminary in-vivo validation of the presented approach, we performed the NLI imaging of healthy
and fatty livers (of the authors of this article) using the SonixTouch (Ultrasonix) system. The corresponding
mechanical indices MI, calculated for each excitation pulse based on the peak negative pressures measured 1 cm
below the transducer face, are given in Table 2. For both applied transmitted pressures, the mechanical index MI
was significantly lower than the FDA limit for diagnostic ultrasound, MI < 1.9.

Table 2. MI values for pressures used in the experiments.

Peak to peak pressure [MPa] Peak negative pressure [MPa] MI

0.39 0.196 0.11

1.55 0.68 0.37

Standard ultrasound images and backscattered raw radio frequency (RF) echoes up to 14 cm were recorded
at the frame rate (RF) of 40. The recording of images for two different pressures was performed as follows. The
examination was started for a lower pressure P1. After the liver was correctly visualized, a rapid change in
the acoustic wave pressure was made by quickly changing the position of the power regulator knob on the
scanner control panel.
The E1 image was selected from the acquired image sequence as the last frame unaffected by the change in

power settings. Similarly, E2 was chosen as the first frame in which the amplitude stabilized after the power
adjustment. It was experimentally found that the driving voltage applied to the transducer stabilized completely
after a time corresponding to three image frames, i.e., after 75ms (for FR = 40). In such a short time, it is
reasonable to assume that the position of the examined liver did not change.
The E1 and E2 images were subjected to smoothing filtration using 5mm× 5mm window. The NLI was

calculated according to Eq. (1), and the resulting NLI scan is shown in color scale in Fig. 2.
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3. Results

As stated in the previous section, two experiments were carried out. We measured the first harmonic am-
plitudes in water and sunflower oil using a needle hydrophone placed at various depths from the face of the
convex transducer, from 1 cm to 6 cm. Next the amplitudes of the first harmonic were simulated using k-Wave
software. The measurements and simulation were done for two different pressure amplitudes of 0.39MPa and
1.55MPa. The results are shown in Fig. 3.
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Fig. 3. Plots of NLIs in water (a) and sunflower oil (b), for a pair of acoustic output pressures of 0.39 MPa and 1.55 MPa.
Experimental results (solid red lines) are compared with simulation results (dashed blue line).

The NLI scans of four ‘healthy’ and one fatty liver are shown in Fig. 4. In four imaging studies of ‘normal’
livers (in Fig. 4a – counting from the top) and one liver with steatosis (Fig. 4b), we determined the mean NLI
values and standard deviation (StdDev) at three different depths: 3 cm, 5 cm, and 8 cm counting from the upper
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Fig. 4. Preliminary studies on the livers of five authors of the article showed that for ‘healthy’ livers the NLI was
below 1.1 (a), while in one of the authors with previously diagnosed steatosis the NLI locally exceeded 1.3 (b).
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border of the liver. The results are presented in Table 3. Both means and StdDev were calculated in 5mm× 5mm
windows located along the center of the scan.

Table 3. Mean NLI values and standard deviation in scanned livers.

Depth [cm] Mean StdDev NLI
Liver 1

NLI
Liver 2

NLI
Liver 3

NLI
Liver 4

NLI
Liver-steatosis

3
Mean

StdDev

1.10

0.03

1.07

0.03

1.09

0.03

1.1

0.03

1.36

0.04

5
Mean

StdDev

1.12

0.02

1.09

0.02

1.10

0.025

1.1

0.01

1.4

0.02

8
Mean

StdDev

1.11

0.07

1.16

0.03

1.11

0.04

1.15

0.05

1.45

0.03

For healthy volunteers, the mean NLI had values around 1.1, while for the subject with fatty liver it reached
1.45, in agreement with theoretical predictions and simulation data.

4. Discussion

The obtained results confirm the feasibility of the proposed NLI approach for assessing the pressure-dependent
nonlinear acoustic response of liver tissue. The method effectively differentiates between healthy and steatotic
liver regions using only fundamental frequency information.
Our preliminary results in water, vegetable oil and fatty oil modified beef liver samples presented previously

(Zhe et al., 2014) showed clear increase in the NLI in ‘fatty’ media. The NLI increases faster in oil than in water.
This result is in line with expectations, since the non-linearity coefficient B/A is more than 1.5 times higher in
oil than in water (water ≈5, vegetable oil >8).
The presented study introduces a novel ultrasound-based NLI for the assessment of pressure-dependent non-

linear properties of liver tissue. We have obtained good convergence between the experimental results and the
k-Wave simulations, regarding the amplitude of the first harmonic components of the ultrasound wave propagating
in water and sunflower oil.
The simulation results obtained with k-Wave demonstrated the same monotonic dependence of NLI on the non-

linear coefficient (or equivalently B/A), confirming the theoretical expectation that NLI increases with stronger
nonlinear behavior.
Preliminary results demonstrate that healthy livers exhibit NLI values around 1.1, while livers with diag-

nosed steatosis show NLI values exceeding 1.4. This clear distinction highlights the potential of the NLI method
as a supportive, non-invasive diagnostic tool for detecting hepatic steatosis. The use of echo signals in the funda-
mental frequency domain, without reliance on harmonic imaging, further simplifies implementation and adapts
well to a variety of clinical ultrasound systems.
Adoption of this approach may significantly enhance the early detection and monitoring of NAFLD, improving

patient outcomes and reducing the need for invasive procedures such as liver biopsy.
We are aware that the proposed method has several limitations. Most notably, its outcomes are highly de-

pendent on the imaging depth. Additionally, we estimate that the presence of side-lobes and grating-lobes may
significantly affect the results obtained in the NLI mode. These characteristics currently make our method quali-
tative in nature. In future work, we aim to address these limitations to develop a truly quantitative approach for
assessing medium non-linearity. Thanks to the confirmed agreement between the simulations and the measure-
ments, we can support these future efforts with simulations – particularly when attempting acoustic measurements
in media with parameters that are difficult to reproduce in laboratory conditions.
In addition to the limitations of the method itself, its validation is constrained by the small sample size –

only 5 patients. Consequently, our findings require validation in a considerably larger cohort.
Ongoing and future studies in larger group of patients will be essential to validate the clinical applicability of

the pressure-dependent NLI and establish standardized diagnostic thresholds for liver steatosis.
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This method opens promising opportunities for quantitative, operator-independent ultrasound diagnostics
of liver tissue, potentially setting new standards in non-invasive hepatology.
In summary, the present study should be regarded as a methodological proof-of-concept demonstrating that

pressure-dependent analysis of fundamental ultrasound signals can provide reliable insight into the nonlinear
behavior of biological tissues.
Further research involving larger patient cohorts and controlled phantom experiments is required to establish

calibration between NLI and B/A values and to define diagnostic thresholds for various grades of steatosis.

Appendix

The linear wave equation was derived with three fundamental assumptions:

1. Linearized relationship between pressure and density, p ≅ (ρ − ρ0)c2, where p is acoustic pressure equal to
the difference between instantaneous and resting pressure, p = P − P0, ρ0 is the density of the medium in
equilibrium, c is the velocity of longitudinal wave propagation in the medium.

2. Law of conservation of mass dρdt = −∇ ⋅ (ρv), where v is the acoustic particle velocity. This is a nonlinear
equation because ρ and v are functions of position variables. The second term is the product of partial
velocity and instantaneous density, these are acoustic variables.

3. Euler’s equation of motion, dvdt = −
∇p
ρ
.

The linearized equation approximates the actual wave propagation only when the speed of sound is much
greater than the acoustic particle velocity: c ≫ v, i.e., when the Mach number M is much smaller than unity,
M = v/c ≪ 1. In reality, in the range of applied ultrasonic pressures, i.e., in the range from hundreds of kPascals
to MPascals, the tissue volume is compressed and stretched and the speed of sound depends on the pressure.
In the equation describing wave propagation, there appears:

1. A nonlinear term describing tissue elasticity (the relationship between pressure and tissue deformation).

2. A nonlinear term related to the deformation of the tissue volume element under the influence of a pressure
wave with a strongly distorted / curved wave front. A wave with a finite amplitude propagates slightly
faster during positive pressure, when the tissue is compressed and its density increases locally.

Let us assume that the acoustic particle velocity v0 wave and the wave propagation velocity c have the same
direction. If the phases of both waves are the same, then the part of the wave for positive pressure moves faster,
with velocity c0+v0, while for negative pressure it moves slower, c0−v0. For the equation of state p = f(ρ) without
linearization, i.e., the assumptions that p ≪ p0 and that the changes ρ − ρ0 are negligible, after expanding into
a Taylor series, we obtain the expression:

p = (ρ − ρ0) (
∂P

∂ρ
)
ρ0

+
(ρ − ρ0)

2

2
(
∂2P

∂ρ2
)
ρ0

+ ... = A(
ρ − ρ0
ρ0
) +

B

2
(
ρ − ρ0
ρ0
)
2

+ ..., (2)

where A = ρ0(∂P /∂ρ)ρ=ρ0
and B = ρ20(∂

2P /∂2ρ)ρ=ρ0
.

The ratio B/A is called the non-linearity parameter of the medium. In the linear acoustic regime, where
p≪ P0, the changes ρ−ρ0 are very small. Therefore, we can ignore the higher order terms, retaining only (ρ−ρ0).
As a result, we obtain a linear equation:

p ≈ (ρ − ρ0) (
∂P

∂ρ
)
ρ0

. (3)

The pressure is expressed in Pascals, 1 Pa = 1N/m2, while the density is expressed in kg/m3. The quotient of
pressure and density has the dimension (m/s)2, i.e., it expresses the velocity in the square, P /ρ = (velocity)2. So,

(
∂P

∂ρ
)
ρ0

= c2. (4)
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After substituting Eq. (2) describing the nonlinear relationship between pressure and density into Eq. (4)
for the wave velocity c0 and taking into account the convective partial velocity v, we obtain the resultant wave
propagation velocity:

c =

√
A

ρ0
+
B

ρ0
(
ρ − ρ0
ρ0
) + ... + v = c0

√

1 +
B

A
(
ρ − ρ0
ρ0
) + ... + v. (5)

Using the binomial series approximation (1+x)n = 1+nx+n(n−1)x
2

2!
+... we obtain an approximate relationship

for the wave velocity in a nonlinear medium:

c ≅ c0 [1 +
B

2A
(
ρ − ρ0
ρ0
) + ...] + v. (6)

Taking into account that for a plane wave ρc = p/v and p ≅ (ρ − ρ0) c
2, the expression for the velocity in the

medium can be written in the form:

c ≅ c0 +
B

2A
v + v = c0 + βv, (7)

where
β = 1 +

B

2A
(8)

is the non-linearity coefficient.
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This paper investigates and demonstrates the effects of three significant environmental contributors: tem-
perature, depth and salinity impact on the acoustic signal propagation across distinctive ocean layers: mixed,
thermocline, and deep layers. In the field of underwater wireless sensor networks (UWSN), exact and precise
determination of coordinates for sensor localization is very crucial for data validation. Temperature dominates
the upper layers; depth becomes the prime factor for the deeper domain with minimal thermal variations.
Salinity while having a diminished effect, facilitates minor changes in propagation and deviation of acoustic
signal speed. In our work we have analyzed these interdependencies by using different empirical models (e.g.,
Mckenzie, Medwin) customized to each layer, accounting to their incomparable environmental parameters. In
mixed layers, changes in sound speed are mainly caused by thermal factors, where depth is of minimal im-
portance, and the influence of salinity is insignificant, but with increasing depth, the temperature begins to
decrease, and depth (pressure) begins to become important, and changes in salinity and temperature become
almost equivalent. By evaluating ocean layer specified empirical formulas, we have calculated the average speed
of sound and measure the corresponding contribution of all parameters. Our work has provided a substructure
which helps to optimize the identification or localization of UWSN nodes. The results of this work underscored
the essential to have an adaptive sound speed modeling in order to achieve enhanced and precise acoustic signal
communication systems.
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1. Introduction

The underwater sensor network has been a pivotal field of scientific research for decades. The vast expansion
of ocean has brought both known and yet-to-be known exploration and monitoring challenges to us. At present
marine monitoring is increasing promptly. As it is more difficult to establish and monitor an underwater sen-
sor network than a terrestrial network because of its positing in the rough environments. It is important to
gather marine precise information of underwater location as it helps with underwater surveillance, ocean life
exploration, natural disaster study and so on (Tan et al., 2011). The understanding of the accurate node location
in the underwater network is very important for both tracking and validating collected data. Electromagnetic
radio waves have very poor performance underwater due to sea water because it also faces a high attenuation
which makes it expensive and also affects the propagation for long ranges (KukuChuku et al., 2018). As ra-
dio signal has a low propagation range, we generally use an acoustic signal as a substitute (Paul et al., 2020).
So, in underwater communication and other necessities such as distance measurements we usually use acoustic
signals. The history of underwater velocity determination was started in the early 19th century, when scientists
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used a tube to take measurements underwater which was suggested by the famous artist Da Vinci and scientists
recorded the speed of the submerged bell proceeding across Lake Geneva (Scowcroft et al., 2015). Another
invention in the field of underwater communication was the invention of ‘Gertude’ or we could say a marine
telephone that uses analog modulation and its carrier frequency was between 2 kHz to 15 kHz (Stojanovic,
2007). So, numerous researches have scrutinized diverse perspective of UWSN, furthering in the understanding
and utilization of underwater communication with an array of different ranges and fields for AUV (autonomous
underwater vehicles) and regardless of the type of positioning (submerged, indoor, outdoor, underneath). Many
studies have proclaimed that environmental factors can bring variation to the acoustic signal speed. According
to Chen and Millero (1997), the speed of sound has been affected by temperature depth and salinity. The
scope of this article is to understand and analyze environmental variable relationship with an acoustic signal as
it is the core of underwater communication. This paper highlights the process of sound speed calculation and
how in the ocean each layer is governed by a dominating ecological parameter. This work shows an empirical
calculation using the values of different indicator available or introduced by many prominent researchers. Our
work can be useful in fields of UWSN localization, ocean engineering and also for understanding underwater sig-
nal processing. In the article also the sound profiles of different empirical formulas are implemented. The major
contributions of this article are arranged as follows:

1. This paper demonstrates how an average speed of sound is calculated underwater using divergent empirical
formulas.

2. The analysis of the effect of temperature, depth and salinity for different oceanic layers is exhibited to
observe ecological variable impact domination for different coverings.

3. Finally, the evaluation of empirical formulas’ behaviors of the environmental parameter for different oceanic
layers is also performed in this research.

The remaining of the paper has been organized in different sections structurally. Section 2 which is divided into
two parts: the problem field and review of the previous research work. In the problem field we have evaluated the
issues that arose during the measurement of the acoustic speed velocity for UWSN and included a network
architecture for a visualization purpose and also the way to examine the effects of environmental parameters
on the speed of sound for marine communication using empirical formulas. Section 3 has shown a method of
the work, and also including mathematical equation along with additional acronym and indicators. In Sec. 4
all the simulation works are shown with detail information. Section 5 offers a rivaling discussion and finally, in
Sec. 6, the article concludes.

2. Background

2.1. Problem domain

In our proposed UWSN structure in Fig. 1, we consider a single beacon on the top of the water surface column
and four submerged sensors are deployed underwater that require distance measurement. The sensor nodes can be
considered in any layer, provided that the components meet the constrains from empirical formulas. For accurate
measurement of acoustic speed or speed of sound we required the values of temperature, depth and salinity from
both beacon and sensor region. Determining these variables for beacon is uncomplicated as temperature and
salinity of the surface water traditionally determined at nil depth. However, if we do not integrate specific sensors
(for example, temperature, depth, and brininess sensors) for deployed sensors it becomes very much difficult to
grasp those variables accurately. In this paper, our focus is to investigate the effect of these three environmental
variables on the acoustic velocity for three different ocean layers such as mixed layer, thermocline layer and deep
layer using different empirical equations. For ease of comprehension, we think that all the deployed sensor are
stationary at the moment of implementation time calculation. We have neglected the motility of the sensor nodes
because our main concern here is to measure the average acoustic velocity and analyze the effect of environ-
mental variables using various empirical equations. Our work uses the value of three underwater layer (mixed,
thermocline, and deep layer) ranges to make our desired simulation.
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Fig. 1. Underwater network deployment considering one beacon and multiple submerged sensors.

2.2. Literature review

Numerous researches have scrutinized diverse perspective of UWSN, furthering in the understanding and uti-
lization of empirical equations throughout an array of different ranges and fields. Multitudinous empirical formula
exists that are established throughout the years to determine the acoustic velocity on the base of oceanographic
variable like temperature, depth and salinity. Rahman et al. (2013a) has analyzed the ecological variables to see
which parameters have high influence on an acoustic signal velocity for a vertical water column for a specific
problem field, they considered one beacon on the top of the water surface and few submerged sensors which
were deployed and needed to measure their distance. They used the Mackenzie equation and the triple integral
method to measure the average speed of sound to analyze which environmental parameter among temperature
depth and salinity has the greatest impact on the speed of sound for the considered configuration of UWSN with
a single beacon and few submerged sensors. In this work, only one formula with a specific range was visited
to investigate the influence of environmental elements. Another pivot research of Rahman (2014) has proposed
an innovative manner to resolve sensor localization using the measurement of in-situ acoustic velocity with the
Mackenzie formula and utilizing as minimal, as a single beacon. The coordinates of the mathematical system
were solved using Cayley–Menger determinant followed by linearization and solving nonlinear equations, as it
is considered that no node has information of the other node position after that for the distance measurement,
he considered both radio and acoustic signals but as we all know radio signal has a minimal propagation range
underwater and he used this to only synchronize the clock between beacon and deployed sensors. He has con-
sidered the surface plane as parallel but also shown a non-parallel state of subsets for both configurations, he
has considered a minimal single beacon which is on the top of the water surface and submerged sensors that
are installed underwater. Correspondingly, Talib et al. (2011) has determined the value of speed of sound using
a different empirical equation such as Del Grosso, Mackenzie, and Medwin as the efficacy of speed of sound is
highly sensitive to temperature, density and salinity. They talk about the on-site monitoring of speed of sound
for various types of water categories such as sea water, fresh water and inlet. Their work could be very helpful for
hydrographer which will save time while electing the appropriate speed of sound in adjusting echo sound equip-
ment and this observation will also be valid in countries with moderate atmospheric variations. Huang et al.
(2024) investigated the field of an underwater sound speed profile or in short SSP as synchronous and precise
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establishment of zonal SSP plays a significant role in marine positioning, navigation and timing (PNT) systems
as it appreciably influenced the signal propagation manner for an instance trajectory. There are generally two
methods for construction of SSP, one is the direct SSP measurement another one is SSP inversion. For the direct
SSP measurement they have used some efficiently functional empirical formulas, such as Wilson, Leroy, Medwin,
Del Grosso, etc. These methods have helped promoting the rapid advancement in the field of underwater sensing
apparatus.

3. Methodology

3.1. System overview and workflow

To deliver consistent insights of the research procedure, Fig. 2 demonstrated the general workflow applied in
this study. Firstly, we have considered three oceanic layers named mixed layer, thermocline layer, and deep layer.
The first layer of ocean is mixed layer or we can call it surface layer, it has a direct connection with atmosphere
and it also has almost homogeneous vertical qualities in terms of temperature, depth, and salinity (Gill, 2016).
The second layer thermocline layer is the middle layer between warmer seawater and deeper cold water in other
words we can state that stratified, unstable water forms a thermocline layer, which develops frequent temperature
drops (Lana et al., 2017). This applies to oceans worldwide that are deeper than 200m and also it is noted that
the large area of the marine habitat can have their own general understanding, either negatively or positively
depending on the circumstances (Jamieson et al., 2025). For each layer we have considered a range for the main
three environmental parameters: temperature, depth, and salinity. Now, for the calculation of velocity of sound
underwater we need to use formulas which are incorporated with these parameters and calculate the velocity of
a vertical water column, and for that we have considered empirical formulas, such as Mackenzie, Medwin, Wilson,
Leroy, etc. After calculating the speed value of vertical column we use the triple integral method to find the value
of the average sound of the speed. Now we have analyzed the effect of temperature, depth, and salinity and for
that we have considered some fixed values of these indicators and examined the change of the average speed
for each layer for different empirical formulas. For the temperature change we have considered the fixed range
surface temperature, for depth we considered a specific range of depth across three oceanic layers and for salinity
for three layers we considered a range where we calculate the average speed for a slight variation of salinity.

Considering range 
for three 

oceanic layer 

Define environmental 
parameter range for 
three oceanic layers

Apply empirical 
formulas to calculate 

acoustic speed of 
vertical water column

Calculate average 
speed of sound 

using tripple 
integral method

Analyze the 
temperature effect on 
three oceanic layers

Analyze the depth 
effect on three 
oceanic layers

Analyze the salinity 
effect on three 
oceanic layers

Fig. 2. Overview of the research workflow.

3.2. Analytical framework

In order to determine the distance from, the beacon to sensor position traditionally we consider the speed of
sound and travel time and the equation becomes (Talib et al., 2011):

Distance(d) =
1

2
× Speed of sound(v) ×Travel time(t). (1)
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In general, the acoustic signal is used instead of radio signal as it has the lowest propagation range than
the acoustic signal (Rahman et al., 2013a) the speed of sound or in this case the acoustic wave near the sea
plane is considered about 1500m/s which is four times faster than in air (Rahman, 2014). Nevertheless, the
effect of environmental variable on the acoustic speed cannot be ignored. To calculate the sound speed velocity
underwater we need to inspect the accurate value of temperature, depth, and salinity and for that we cannot
use traditional formulas. So, to calculate the acoustic velocity we can use empirical formulas which take these
three environmental values into account in the calculations. They are as follows:

1. Mackenzie empirical formula (Mackenzie, 1981):

vm =1448.96 + 4.591T − 5.304 × 10
−2T 2

+ 2.374 × 10−4T 3

+ 1.34(S − 35) + 1.63 × 10−2D + 1.675 × 10−7D2

− 1.025 × 10−2T (S − 35) − 7.139 × 10−13TD3,

(2)

where vm is the speed of the Mackenzie formula under consideration, T stands for temperature, and D stands
for depth.

2. Medwin empirical formula (Medwin, 1975):

vmd = 1449.2 + 4.6T − 0.055T 2
+ 0.00029T 3

+ (1.34 − 0.01T )(S − 35) + 0.016D, (3)

where vmd is the speed of the Medwin formula under consideration.

3. Chen–Millero empirical formula (National Physical Laboratory [NPL], n.d.):

vC = C1(T,P ) +C2(T,P ) ⋅ S +C3(T,P ) ⋅ S
3/2
+C4(T,P ) ⋅ S

2, (4)

where

C1(T,P ) =1402.388 + 5.0383T − 0.058109T
2
+ 0.00033432T 3

− 1.47797 × 10−6T 4
+ 3.1419 × 10−9T 5

+ (0.153563 + 0.00068999T − 8.1829 × 10−6T 2
+ 1.3632 × 10−7T 3

− 6.126 × 10−10T 4
)P

+ (3.126 × 10−5 − 1.7111 × 10−6T + 2.5986 × 10−8T 2
− 2.5353 × 10−10T 3

+ 1.0415 × 10−12T 4
)P 2

+ (−9.7729 × 10−9 + 3.8513 × 10−10T − 2.3654 × 10−12T 2
)P 3,

C2(T,P ) =1.389 − 0.01262T + 7.166 × 10
−5T 2

+ 2.008 × 10−6T 3
− 3.21 × 10−8T 4

+ (9.4742 × 10−5 − 1.2583 × 10−5T − 6.4928 × 10−8T 2
+ 1.0515 × 10−8T 3

− 2.0142 × 10−10T 4
)P

+ (−3.9064 × 10−7 + 9.1061 × 10−9T − 1.6009 × 10−10T 2
+ 7.994 × 10−12T 3

)P 2

+ (1.1 × 10−10 + 6.651 × 10−12T − 3.391 × 10−13T 2
)P 3,

C3(T,P ) = −0.01922 − 4.42 × 10
−5T + (7.3637 × 10−5 + 1.795 × 10−7T )P,

C4(T,P ) = 0.001727 − 7.9836 × 10
−6P,

where vc is the speed of thee Chen–Millero formula, P stands for pressure, and S denotes for salinity. In the
formula under consideration C1 to C4 are its coefficients.

4. Wilson empirical formula (Wilson, 1977):

vW = 1449.14 + v1 + v2 + v3 + vtpS , (5)

where
v1 = 4.5721T − 4.4532 × 10

−2T 2
− 2.604 × 10−4T 3

+ 7.9851 × 10−6T 4,
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v2 = 1.60272 × 10
−1P + 1.0268 × 10−5P 2

+ 3.5216 × 10−9P 3
− 3.3603 × 10−12P 4,

v3 = 1.39799(S − 35) + 1.69202 × 10
−3
(S − 35)2,

vtpS =(S − 35)(− 1.1244 × 10
−2T + 7.7711 × 10−7T 2

+ 7.7016 × 10−5P − 1.2943 × 10−7P 2

+ 3.158 × 10−8PT + 1.579 × 10−9PT 2)

+ P(− 1.8607 × 10−4T + 7.4812 × 10−6T 2
+ 4.5283 × 10−8T 3)

+ P 2(− 2.5294 × 10−7T + 1.8563 × 10−9T 2) + P 3
(−1.9646 × 10−10T ),

where vw is the speed of the Wilson formula. In the formula under consideration v1, v2, and vtpS are its
coefficients.

5. Leroy empirical formula (Leroy, 1969):

vL = 1492.9 + 3(T − 10) − 0.006(T − 10)
2
− 0.04(T − 18)2 + 1.2(S − 10) − 0.01(S − 35)(T − 18) +D/61, (6)

where vL is the speed of the Leroy formula.

6. Coppens empirical formula (Coppens, 1981):

vCo = v0 + (16.23 + 0.0253T ) ⋅ 0.001Z + (0.213 − 0.01T ) ⋅ 0.000001Z
2, (7)

v0 = 1449.05 + 4.57T − 0.0521T
2
+ 0.00023T 3

+ (1.333 − 0.0126T + 0.00009T 2
)(S − 35).

7. Del Grosso empirical formula (NPL, n.d.):

vD = C000 +∆CT +∆CS +∆CP +∆CSTP , (8)

where

C000 = 1402.392,

∆CT = 5.012285T − 0.0551184T
2
+ 0.000221649T 3,

∆CS = 13.2953S + 0.0001288598S
2,

∆CP = 0.1560592P + 0.0002449993P
2
− 8.833959 × 10−8P 3,

∆CSTP = 0.006353509TP − 4.383615 × 10
−7T 3P − 0.00001593895TP 2

+ 2.656174 × 10−8T 2P 2,

+ 5.222483 × 10−10TP 3
− 0.01275936ST + 9.688441 × 10−5ST 2

− 0.0003406824STP,

+ 4.857614 × 10−6S2TP − 1.616745 × 10−8S2P 2,

where vD is the speed of the Del Grosso formula, and C000 to CT , CP , CSTP are its coefficients.

Each equation has different types of range for the three environmental parameters. In this work our desired
environmental parameter unit for temperature is Celsius, for salinity it is p.s.u, and for depth it is meter but as
discussed in (Huang et al., 2024) for Eq. (5) and Eq. (7) the depth unit is 1000 kg/cm3 and Eq. (3) the unit
is 1000 bar. To determine the velocity of vertical water column and also to measure the average speed of sound
it is needed to convert them to our desired parameter. To convert the depth value into meters we use the formula
from (NPL, n.d.), to convert pressure to depth in meters:

Zs(P,Φ) =
9.72659 × 102P − 2.512 × 10−1P 2 + 2.279 × 10−4P 3 − 1.82 × 10−7P 4

g(Φ) + 1.092 × 10−4P
, (9)

where g(Φ) (variation of gravity with latitude) is considered 1000m/s2 and P is around 9.81× 106 n/m2, and
as the equation with these values provided a yield value which do not align with expected physical depths,
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Fig. 3. Acoustic profile for Mackenzie, Medwin, Chen–Millero, and Wilson (temperature/salinity vs. depth).
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Fig. 4. Acoustic profile for Leroy, Coppens, and Del Grosso (temperature/salinity vs. depth).

we have used the scaling factor of 0.08593 which gives the depth value as 8000m for 1000 kg/cm3 and for
1000 bar the scaling factor is considered 0.008618 which give us a depth of same 8000m. In Table 1, we can see
the comparison of different empirical formula range for temperature, depth and salinity.
After determining and transferring the numeric values of temperature, depth and salinity with the top beacon

which has all the information from top to the bottom region, we can calculate the average speed of an acoustic
signal by Rahaman et al. (2013b) using:

V avg = favg(T,D,S) =
1

A
∫ ∫ ∫

R

f(T,D,S) =
1

A

Sf

∫

Si

Df

∫

Di

Tf

∫

Ti

favg(T,D,S)dT dD dS. (10)
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Table 1. Comparison of different empirical formulas for speed of sound.

Empirical formula Proposed year
Applicable range

Temperature [○C] Depth [m] Salinity (p.s.u)

Mackenzie (Mackenzie, 1981) 1981 2 to 30 0 to 8000 25 to 40

Medwin (Medwin, 1975) 1975 0 to 30 0 to 1000 0 to 40

Chen–Millero (NPL, n.d.) 1980 0 to 40 0 to 8000 5 to 40

Wilson (Wilson, 1977) 1960 0 to 30 0 to 1000 0 to 37

Leroy (Leroy, 1969) 1969 −2 to 40 0 to 1000 0 to 42

Coppens (Coppens, 1981) 1981 0 to 35 0 to 4000 0 to 45

Del Grosso (NPL, n.d.) 1974 0 to 30 0 to 8000 30 to 40

Considering the ranges of all empirical formulas from Table 1, we can initialize the upper and lower ranges
for all empirical formulas and plot there acoustic profile using the Python simulation environment and Fig. 3 and
Fig. 4 have demonstrated that.
In this work, A considers the area produced by the limits of T , D, S; f(T,D,S) which is for all empirical

equation the same as in Eq. (2) to Eq. (8). The right sides of Fig. 3 and Fig. 4 represent the acoustic profile
for salinity and depth where temperature is constant and in the left side acoustic profile is for temperature and
depth where salinity is constant. So, by the help of the acoustic profile we can visualize the three environment
parameters.

4. Simulation results

4.1. Environmental constrains

In this work, the entire underwater environment has been taken into account in three factors, which are
temperature, depth, and salinity, and these variables fluctuated depending on different layers such as mixed
layer, thermocline layer, and deep layer. According to Kundu (2016), each ocean layer has its own range for
environmental parameters and it highly impacts the ecological paramets which are listed in Table 2.

Table 2. Environmental variable range for different layers.

Ocean layers Depth [m] Temperature [○C] Salinity (p.s.u)

Mixed 0 to 450 30 to 25.5 25 to 25.045

Thermocline 450 to 1000 10 to 4 34 to 34.5

Deep 1000 to8000 4 to 2 34.8 to 35.1

To investigate the effect of environmental parameters on an acoustic speed, we have simulated different
empirical models which align with our ranges of sea layers given in Table 2 using the Python enviroment. The
simulation was conducted by applying Python 3.12 utilizing a cloud-based environment facilitated by Google
Collab. Throughout the computation, a suite of Python libraries was implemented; each of the library was selected
based on specific computational conditions. The NumPy library was applied to perform efficient computational
operations, specifically for optimizing numerical arrays for the environmental variable range. The SciPy library
was implemented to perform mathematical integration for calculating average sound speed by utilizing the quad
function. The Mathplotlib library was also applied for visualization purposes like, originating computational
plots to differentiate environmental variables to observe their characteristics. Each empirical equations have been
developed as a custom function in the Phyton that takes temperature, depth, and salinity as input and return
a comparable sound speed. The resulting simulation calculates the average sound speed for different empirical
formulas, then visualizes the outcomes into the labeled subplot to help with comparative analysis. In this work
Table 2 shows the simulation environment parameter which later was simulated using the Python environment
mentioned above. An average speed of sound was calculated for six empirical models for mixed layers and
thermocline layers (Mackenzie, Medwin, Leroy, Wilson, Coppens, and Chen–Millero) and for deep layers there
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are only five (Mackenzie, Leroy, Wilson, Coppens, Chen–Millero) that are consistent with the simulation ranges
and the Del Grosso empirical formula was not included in the simulation or analysis and its range does not
satisfy our desired range of simulation. To calculate the average speed for mixed, thermocline, deep layers the
temperature range is considered from 25.5 ○C, 4 ○C, and 2 ○C for the bottom temperature and 30 ○C, 10 ○C, and
2 ○C for the surface temperature. Respectively, in Fig. 5, Fig. 6, and Fig. 7 for mixed, thermocline, and deep
layers the variation of salinity are 0.045 p.s.u, 0.5 p.s.u, and 0.3 p.s.u with the added Gaussian noise, estimated
at 1% of the mean acoustic speed of each empirical model in order to reproduce measurement uncertainties, it
has been directly added in the ‘average speed’ of sound. After 100 iterations, the mean average speed has been
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Fig. 5. Average sound speed variation for mixed layers:
a) Mackenzie, b) Medwin, c) Chen–Millereo, d) Wilson, e) Coppens, f) Leroy.
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Fig. 6. Average sound speed variation for thermocline layers:
a) Mackenzie, b) Medwin, c) Chen–Millereo, d) Wilson, e) Leroy, f) Coppens.

in the range of 1526.71m/s to 1560.14m/s for mixed layers, 1527.09m/s to 1564.39m/s for thermocline layers,
and 1524.19m/s to 1597.12m/s for deep layers.
Figure 8 has portrayed the effect of temperature on the average speed of sound for mixed layers. The bottom

temperature is considered from 10 ○C to 30 ○C under the surface temperature fixed to 25 ○C and 28 ○C. Addi-
tionally, in Fig. 9, for thermocline layers the bottom temperature −8 ○C to 2 ○C and the surface temperature is
fixed to 4 ○C as well as 6 ○C whereas, 10 is for deep layer where the surface temperature is fixed at 2 ○C and 4 ○C
where a bottom is varying for −20 ○C to 0 ○C. In mixed layers the average speed increases by 2m/s to 2.25m/s
per 1 ○C increment in surface temperature for Leroy and Coppens formulas and on the other-hand, Mackenzie,
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Fig. 7. Average sound speed variation for deep layers:
a) Mackenzie, b) Chen–Millereo, c) Wilson, d) Leroy, e) Coppens.

Medwin, Wilson, and Chen–Millero showcase a moderate level sensitivity which is approximately 1.37m/s for
the set bottom temperature range. A 5 ○C rise in bottom temperature will increase the average sound speed by
0.46% to 0.66% depending on the formula while formula like Leroy and Coppens reacts most with am increase
around 0.62% and 0.66%. The rest of the formulas has an overall increment around 0.46%. Meanwhile for ther-
mocline layers the increase in average sound speed has been increased, as 1 ○C ranges from 1.5m/s to 2m/s.
Again Mackenzie, Medwin, Wilson, and Chen–Millero recorded a slight increase of 1.5m/s but Leroy and Cop-
pens recorded the high increase of 2m/s so, this is observed with the highest sensitivity. Again for a 5 ○C bottom
temperature increases the speed around 0.29% to 0.41% for all the formula. It is 0.29% to 0.31% for Medwin,



K. Munim Salehin et al. – An Empirical Approach to Investigate Environmental Effects... 119

a)

Bottom temperature [°C]

A
ve

ra
ge

 s
ou

nd
 s

p
ee

d 
[m

/s
]

b)

Bottom temperature [°C]

A
ve

ra
ge

 s
ou

nd
 s

p
ee

d 
[m

/s
]

c)

Bottom temperature [°C]

A
ve

ra
ge

 s
ou

nd
 s

p
ee

d 
[m

/s
]

d)

Bottom temperature [°C]

A
ve

ra
ge

 s
ou

nd
 s

p
ee

d 
[m

/s
]

e)

Bottom temperature [°C]

A
ve

ra
ge

 s
ou

nd
 s

p
ee

d 
[m

/s
]

f)

Bottom temperature [°C]

A
ve

ra
ge

 s
ou

nd
 s

p
ee

d 
[m

/s
]

Fig. 8. Average sound speed variation due to temperature changes for mixed layers:
a) Mackenzie, b) Medwin, c) Leroy, d) Wilson, e) Coppens, f) Chen–Millero.

Wilson, Chen–Millero, and for Leroy and Coppens it is around 0.37% and 0.41%. Lastly, for deep layers the effect
of temperature on average speed becomes weaker. The average sound speed increased only 1m/s to 1.2m/s, while
with a 5 ○C increase in bottom temperature, the speed of sound increased again 0.21% to 0.31%, with Leroy and
Coppens showing the highest sensitivity.
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Fig. 9. Average sound speed variation due to temperature changes for thermocline layers:
a) Mackenzie, b) Medwin, c) Leroy, d) Wilson, e) Coppens, f) Chen–Millero.

In Fig. 11, Fig. 12, and Fig. 13 the depth measurement accuracy on the computed speed of sound was
systematically for 450m water column for mixed layers, 1000m for thermocline layers and 8000m for deep layers.
In mixed layer the speed of sound increment is 0.08m/s to 0.085m/s for each 10m increase in the depth and
for thermocline and deep layers the increase of sound per 10m increment is 0.16 m/s to 0.166m/s and 0.12m/s
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Fig. 10. Average sound speed variation due to temperature changes for deep layers:
a) Mackenzie, b) Medwin, c) Leroy, d) Wilson, e) Coppens, f) Chen–Millero.

to 0.13m/s. In all layers Coppens has the high response and for thermocline and deep layers along with Coppens
Mackenzie also shows a great impact around 0.022% to 0.4% and 0.019% to 0.4%. Now if we consider 5% error
for mixed (22.2m), thermocline (50m), and deep layers the effect on the average speed increment is 0.18m/s
to 0.19m/s (0.012%), 0.8m/s to 0.83m/s (0.055%), and 4.8m/s to 5.3m/s (0.3% to 0.35%). The negligible
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Fig. 11. Average sound speed variation due to depth changes for mixed layers:
a) Mackenzie, b) Medwin, c) Leroy, d) Wilson, e) Coppens, f) Chen–Millero.

depth can be for each layer such as: [≤50m], [≤100m], and finally [≤200m]. So, finally we can say that the rate
of change of sound for mixed, thermocline, and deep layers is accordingly to 0.0083m s−1m−1, 0.0165m s−1m−1,
and 0.013m s−1m−1 which means the sound speed rises to 0.083m/s, 0.0165m/s, and 0.013m/s for each 1m
increment on the depth.
The effect of salinity has been portrayed in Fig. 14, Fig. 15, and Fig. 16, respectively. To observe the salinity

impact on the three oceanic layers we consider a fixed temperature for all the three layers which are 27 ○C,
5 ○C, and 2 ○C, respectively. Considering the salinity increases to 0.045 ppt for mixed layer shown in Fig. 14,
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Fig. 12. Average sound speed variation due to depth changes for thermocline layers:
a) Mackenzie, b) Medwin, c) Leroy, d) Wilson, e) Coppens , f) Chen–Millero.

for thermocline in Fig. 15, and deep layer from the Fig. 16 it is shown to be 0.5 ppt and 0.3 ppt. All formulas
show a positive rise in the average speed of sound. In mixed layer the rise in average speed is +0.049m/s to
+0.068m/s when Mackenzie and Medwin show a positive rise of +0.049m/s (0.0033%) Leroy and Wilson show
a very high effect around +0.059m/s (0.00398%) and +0.068m/s (0.00441%) although this time Coppens has the
lowest impact which is +0.049m/s (0.00185%). The effect of salinity is still negligible. In thermocline layer with
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Fig. 13. Average sound speed variation due to depth changes for deep layers:
a) Mackenzie, b) Medwin, c) Leroy, d) Wilson, e) Coppens, f) Chen–Millero.

an increase in salinity variation the domination increases. The average speed rise for all formula is still positive
and it is around 0.73m/s to 0.9m/s. Mackenzie shows +0.75m/s (0.05%), Medwin it is +0.73m/s (0.048%) and
for Leroy, Wilson, Coppens, and Chen–Millero it is correspondingly +0.82m/s (0.055%), +0.9m/s (0.058%),
+0.7m/s (0.026%), and +0.78m/s (0.053%). The influence of salinity is still less than that of temperature, but
it cannot be ignored. Lastly, for deep layer the variation is just 0.3 ppt but its influence is noticeable for an
increase of the speed of the sound. All formulas still show a positive increase from +1.2m/s to +1.35m/s, where
Mackenzie, Leroy, Wilson, Coppens, and Chen–Millero are concerned, respectively, +1.2m/s (0.08%), +1.28m/s
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Fig. 14. Average sound speed variation due to salinity changes for mixed layers:
a) Mackenzie, b) Medwin, c) Leroy, d) Wilson, e) Coppens, f) Chen–Millero.

(0.087%), +1.35m/s (0.089%), +1.15m/s (0.043%), +1.3m/s (0.085%), so we can say Mackenzie has the least
effect and Wilson has the highest effect. Comprehensively, the salinity effect increases layer by layer.

5. Discussion

In this study, we have systematically analyzed the effect of three environmental parameters which are tem-
perature, depth, and salinity. The effects of these parameters on the acoustic signal for three ocean layers are
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Fig. 15. Average sound speed variation due to salinity changes for thermocline layers:
a) Mackenzie, b) Medwin, c) Leroy, d) Wilson, e) Coppens, f) Chen–Millero.

demonstrated using different empirical formulas. Each formulas compute the mean speed of sound considering
the ranges of deep-ocean conditions. After considering the different empirical formulas and all parameters were
calculated using the average speed for empirical formulas which satisfied the simulation range and got the mean
average sound speed around 1526.71m/s to 1560.14m/s for all three oceanic layers and for practicality we intro-
duced the Gaussian noise with a mean 0 and standard deviation for 100 iterations. For the computation of average
sound speed the triple integral method was considered. In Table 3 a detailed interpretation of this research work
has been presented. The three prime oceanic layers (mixed, thermocline, deep) have been observed to estimate
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Fig. 16. Average sound speed variation due to salinity changes for deep layers:
a) Mackenzie, b) Medwin, c) Leroy, d) Wilson, e) Coppens, f) Chen–Millero.

the variation in the mean sound speed and each layer has its own range of the environmental parameter which
has been demonstrated in Table 2. Each layer displays a unique response to the major environmental variables:
temperature, depth, and salinity. The effects of these parameters depend on difference between each layer range
and also upon different empirical formulas including Mackenzie, Medwin, Leroy, Wilson, Coppens, and Chen–
Millero. Table 3 highlights the amplitude of changes in the average speed of sound due to gradual variation in
the values of temperature, depth, and salinity.
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Table 3. Analysis of environmental parameter influence on oceanic layers.

Oceanic layer Temperature effect Depth effect Salinity effect Constrain effect
on formulas

Parameter role

Mixed layer 1 ○C rise in the
temperature can
cause a significant
impact on the
average speed
around 2m/s to
2.5m/s

10m rise can cause
the arise of average
sound speed is
only 0.08m/s to
0.085m/s

Salinity has
a minimal effect of
only 0.049m/s to
0.068m/s for
variation of 0.045 ppt

The Mackenzie and
Medwin formulas show
a high sensitivity in the
mixed layer where
temperature effect is
around 0.32%

Mixed layers
temperature is the
most domination
parameter among them
and depth and salinity
effect can be ignored as
they influence the
speed just 0.04% and
0.003%

Thermocline
layer

1 ○C rise in the
temperature cause
fluctuation on
average speed
around 1.5m/s to
2m/s

10m rise can cause
the arise of average
sound speed is
only 0.16m/s to
0.166m/s

Salinity effect is only
0.73m/s to 0.9m/s
for a variation of
0.5 ppt

In thermocline layer,
formulas like Wilson,
Leroy, and Coppens
show sensitivity to all
parameters like for
temperature it is 0.3%
and for depth is 0.05%
(specially for Wilson)

In thermocline layer
temperature effects
starts to fall and slowly
around 0.5m/s, depth
and salinity started to
influence the speed
more the increment can
be shown almost
0.8m/s and 0.3m/s

Deep layer 1 ○C temperature
hikes the average
speed is just 1m/s
to 1.2m/s

10m rise in depth
causes a change in
average speed is
4.8m/s to 5.3m/s

Salinity is 1.2m/s to
1.35m/s for a small
variation of 0.3 ppt

Mackenize, Coppens,
and Chen–Millero show
a sensitivity and this
time is for depth
around 0.6%

Deep layer temperature
is considered as the
weakest impact and
depth has the highest
effect around 0.6% and
salinity effect also
increase to 0.01%
which is higher than
the temperature effect
of 0.001%

6. Conclusion

This work has drawn attention to the fact that the three main environmental parameters have different effect
on an acoustic sound speed based on the oceanic layer. When the signal passes from the layer close to a surface,
it has the maximum effect due to temperature and the salinity effect can be ignored but as we start thinking
of going deeper the influence of temperature gradually decreases and other two parameters which are depth and
salinity effect began to increase in the deepest part of the ocean. The sound seed is very sensitive to depth
and temperature and the depth effect becomes the same and also minimal. This understanding can be crucial for
deploying and developing underwater communication networks much more effectively as this ecological variation
can introduce unpredictable noise which will also bring an effect on the speed, direction, supervision and the timing
of the marine communication and can also helps in the development of more optimized sonar and navigation
algorithms.
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Active sonar signal matching is a critical technique for measuring inter-signal similarity and enhancing
target detection and classification performance. However, in complex underwater environments, noise, rever-
beration, and prolonged signal durations often degrade matching accuracy and computational efficiency. To
address these challenges, this paper proposes an adaptive extremum-aligned boundary-constrained dynamic
time warping (AEB-DTW) algorithm, based on the classical dynamic time warping (DTW) framework. The
algorithm extracts significant extrema from signal envelopes to suppress noise and reverberation while capturing
salient features. By integrating the position and amplitude of extrema, an adaptive weighted matching strategy
is introduced to enhance feature discrimination. In addition, spline fitting is applied to the residuals of the ex-
tremum matching path to dynamically generate upper and lower boundary constraints, thus restricting DTW
computation to a meaningful region and achieving a balance between accuracy and efficiency. Experiments
using lake-trial active sonar data under signal-to-reverberation ratios (SRRs) from 0dB to 30 dB show that
AEB-DTW outperforms Euclidean distance (ED), DTW, and its variants in matching accuracy, robustness, and
angular resolution, while significantly improving computational efficiency, particularly for long-duration signals.

Keywords: active sonar signal matching, dynamic time warping (DTW), time series similarity, adaptive
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1. Introduction

Active sonar signals, as a typical type of time-series data, play a crucial role in underwater navigation, target
detection, and marine resource exploration (Bian et al., 2024; Zhang et al., 2023; Zhu et al., 2025). In complex
marine environments, efficiently and accurately measuring the similarity between signals is a fundamental basis
for supporting applications such as target detection, localization, feature extraction, and classification using active
sonar (Sun et al., 2024; Dau et al., 2018). It also has a profound impact on improving the processing efficiency
and recognition performance of subsequent tasks (Silva et al., 2018).
Dynamic time warping (DTW) is a widely used algorithm for time-series alignment that addresses limitations

of traditional Euclidean distance (ED) metrics by allowing nonlinear temporal warping (Wang et al., 2022; Chen
et al., 2017). DTW effectively handles sequences of differing lengths, temporal shifts, and amplitude variations,
enabling robust and precise matching (Li, Guo, 2013). Consequently, it has attracted extensive research attention
worldwide.
To improve computational efficiency, methods such as LB Yi, LB Kim, and LB Keogh have been proposed by

Yi et al. (1998), Kim et al. (2001), and Keogh, Ratanamahatana (2005), respectively. These methods define
lower-bound constraints on sequence distances to exclude dissimilar sequences and to reduce the search space for
matching. Salvador and Chan (2007) introduced the fast-DTW algorithm, which reduces computational cost by

https://acoustics.ippt.pan.pl/index.php/aa/index
https://doi.org/10.24423/archacoust.2026.4295
mailto:stj@hdu.edu.cn
https://creativecommons.org/licenses/by/4.0/
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projecting sequences into low-dimensional spaces to approximate the warping path. Lahreche and Boucheham
(2021) developed LEDTW, which significantly reduces complexity by performing DTW only on local extrema.
Tang and Gao (2023) proposed EWDTW, incorporating adaptive weighting strategies based on local extrema to
enhance both efficiency and classification accuracy. Sakoe and Chiba (1978) introduced the Sakoe–Chiba band,
which constrains the warping path’s search area to reduce matrix computations.
For improving alignment accuracy, Jeong et al. (2011) and Li (2021) proposed WDTW and TWDTW, which

adjust feature weights to enhance alignment precision. Keogh and Pazzani (2001) introduced DDTW, which fo-
cuses on the trend of sequence variation by incorporating first-order derivatives to avoid misalignments. Li et al.
(2020) proposed ACDTW, which dynamically adjusts the warping window to better match local features. Zhao
and Itti (2018) proposed shapeDTW, which uses local extremum structures to enhance the ability to iden-
tify complex shapes. Hong et al. (2020) proposed SSDTW, which combines sparse representation with spatial
structural constraints for efficient high-dimensional sequence alignment.
Despite these developments, existing DTW variants still struggle to balance alignment accuracy and compu-

tational efficiency for active sonar echoes. In complex underwater environments, strong reverberation and noise
distort signal envelopes, causing unstable similarity estimation, while fixed or manually tuned warping constraints
fail to adapt to variable signal durations. Therefore, the core technical problem addressed in this work is achieving
robust and efficient similarity matching for active sonar signals under low signal-to-reverberation ratio (SRR)
conditions while preserving key structural features.
To solve this problem, this study proposes the adaptive extremum-aligned boundary-constrained dynamic time

warping (AEB-DTW) algorithm. The method extracts significant extrema to suppress noise and highlight salient
envelope structures, introduces adaptive weighting to enhance feature discrimination, and constructs dynamic
boundary constraints to reduce computation while maintaining alignment precision. The main contributions are
developing a structure-aware matching framework, achieving a robustness–efficiency balance, and validating its
effectiveness through comprehensive lake-trial experiments against ED, DTW, and its variants.

2. DTW algorithm

The core objective of the DTW algorithm is to find an optimal alignment path that minimizes the overall
distance between two sequences. Let the features of the envelope of two 1D active sonar signals be
X = {x1, ..., xi, ..., xm} and Y = {y1, ..., yi, ..., yn}, with lengths m and n, respectively, as shown in Fig. 1a.

a) b)

Sequence X Sequence Y

c)

Fig. 1. DTW alignment effect and warping path.

To implement this optimal alignment, we turn to the DTW matching process, which is illustrated in Fig. 1b;
sequences X and Y are mapped to the horizontal and vertical axes of a 2D grid to construct a distance matrix.
Using the principle of minimum cumulative distance, the shortest path from the bottom-left corner to the top-
right corner is found, representing the optimal nonlinear alignment between the two sequences. Figure 1c shows
the pointwise correspondence along the optimal warping path.
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To compute the DTW distance between sequences X and Y, we first define the point-wise distance function
between elements xi and yj :

d(i, j) = ∥xi − yj∥β , (1)

where β ∈ R+, and β = 2 corresponds to the Euclidean distance. To compute the DTW distance between sequences
X and Y, an optimal warping path must be identified. Let this optimal path be denoted as

W = {(i1, j1), (i2, j2), ..., (ik, jk), (iK , jK)}, (2)

where K is the length of the warping path, and each (ik, jk) represents a matched pair of indices from sequences
X and Y, respectively. The warping path W is an ordered set of index pairs that aligns the two sequences in
a nonlinear manner. Its formal constraints and cost computation are described as follows:
– boundary condition: (i1, j1) = (1,1), and (iK , jK) = (m,n),

– monotonicity: ik+1 ≥ ik, jk+1 ≥ jk,

– continuity: (ik+1 − ik, jk+1 − jk) ∈ {(1,0), (0,1), (1,1)}.

Under these constraints, the DTW distance is calculated as

DTW (X,Y) =min
W
{

K

∑
k=1

d(i, j)}. (3)

To solve this, a cumulative cost matrix D is constructed recursively as

D(i, j) = d(i, j) +min{D(i − 1, j),D(i, j − 1),D(i − 1, j − 1)}, (4)

where i = 1,2, ...,m, j = 1,2, ..., n. The initial conditions are set as D(0,0) = 0, and D(i,0) = D(0, j) = ∞.
Equation (4) indicates that the cumulative distance at a given point equals the sum of the current pointwise
distance and the minimum cumulative distance from its neighboring positions.D(m,n) denotes the DTW distance
between sequences X and Y, and the computational complexity of the algorithm is O(m ⋅ n).

3. AEB-DTW algorithm

The core idea of the AEB-DTW algorithm is to adaptively extract significant extrema from active sonar signal
envelopes in order to capture key structural features. A weighted matching model is constructed using amplitude
and phase differences to enhance the discrimination ability of extrema alignment. Based on the weighted matching
results, a dynamic upper and lower boundary constraint is constructed to restrict the DTW search region, thereby
enhancing both efficiency and robustness.
Figure 2 illustrates the processing flow of AEB-DTW. The signal envelope is first extracted to highlight major

structures and suppress noise (Fig. 2a). Then, significant extrema are adaptively identified to form a reduced

a)

X

Y
b)

c) d)

Fig. 2. Execution flow of the AEB-DTW algorithm: a) input two time series, b) extraction of significant extreme values,
c) adaptive weighted alignment of extreme values, d) constraint boundary generation and distance measurement.
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feature sequence (Fig. 2b). These extrema are assigned adaptive weights according to their position and amplitude
to guide the warping path (Fig. 2c). Finally, boundary constraints are constructed from the residuals between
the matched extrema path and the smoothed trend line (Fig. 2d).

3.1. Extraction of significant extrema

To extract structurally meaningful local extrema from active sonar signal envelopes, we adopt a prominence-
based adaptive detection method. For a given sequence X = {x1, ..., xk, ..., xm}, each point xk (k = 2,3, ...,m − 1)

is identified as a local maximum if xk−1 < xk > xk+1, or a local minimum if xk−1 > xk < xk+1.
To determine whether a local extremum is significant, a dynamic threshold is introduced based on the statis-

tical characteristics of the signal. Let µ, xmin, and xmax denote the mean, minimum, and maximum values of X,
respectively. A scaling factor γ is defined as

γ =
µ − xmin

xmax − xmin

. (5)

Based on this, the prominence threshold δ is computed as

δ = γ ⋅MAD(X), (6)

where MAD(X) is the mean absolute deviation, which measures average signal fluctuation and is robust to
outliers. Local extrema are retained only if their prominence exceeds δ, effectively suppressing noise-induced
oscillations and weak fluctuations.
The prominence of a local extremum quantifies how much it stands out from its surroundings. For a maximum,

it is defined as the vertical distance between the peak and the lowest point on either side before reaching a higher
peak. For a minimum, it is the distance between the trough and the highest point between it and a deeper trough.
Let XE = {(pi, ai)}

m′

i=1 and YE = {(qj , bj)}
n′

j=1 denote the sequences of significant extrema extracted from X
and Y, respectively, where pi and qj are the positions (indices) of the i-th and j-th significant extreme points, and
ai and bj are the corresponding amplitudes. For two sequences of lengths m and n, the numbers of significant
extrema extracted are m′ and n′, respectively, where m′ ≪ m and n′ ≪ n. As illustrated in Fig. 3, peaks and
troughs correspond to local maxima and minima of the signal. Only extrema exceeding the adaptive saliency
threshold are retained, while non-significant extrema caused by noise are excluded. The start and end points are
added to the extrema sets XE and YE to preserve boundary characteristics. Although some local extrema are not
detected (indicated by arrows in Fig. 3), these omissions do not affect the extraction of essential structural
features, ensuring algorithmic correctness and stability while enabling dimensionality reduction.
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Fig. 3. Extraction process of significant local extrema.

3.2. Adaptive weighted alignment of significant extrema

After extracting significant extrema from both sequences, the next step is to establish reliable correspondences.
As key structural features, the accurate alignment of these extrema provides a foundation for reducing the
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search space and enhancing the robustness of similarity matching. To this end, a weighted alignment strategy
is proposed, which jointly models the positional and amplitude attributes of each extremum to characterize
structural correspondences more precisely. Significant extrema are regarded as fundamental matching units, and
their fused features are used to construct weighted correspondences. The resulting position mappings serve as the
structural basis for generating boundary constraints, as follows:

DE(i, j) = ωb ⋅ ∣ai − bj ∣ + ωa ⋅ ∣pi − qj ∣ +min

⎧⎪⎪⎪⎪⎪
⎨
⎪⎪⎪⎪⎪⎩

DE(i − 1, j),

DE(i, j − 1),

DE(i − 1, j − 1),

(7)

where ωa = λ/(1 + r) and ωb = 1−ωa represent the weighting coefficients for positional and amplitude differences,
respectively. Here, λ = 0.6 is a weighting constant used to establish a stable numerical relationship between the
two components. The ratio r reflects the relative difference between amplitude and position, and is computed as
follows:

r =
∆px +∆py

∆ax +∆ay
, (8)

where ∆px, ∆ax, ∆py, and ∆ay represent, respectively, the position average difference change rate and the
amplitude average difference change rate of the extreme value sequences XE and YE . The average change
rates of the position and amplitude of the significant extreme value points are defined as follows:

∆p =
1

N − 1

N−1

∑
i=1

∣
pos (i + 1) − pos (i)

L
∣, (9)

∆a =
1

N − 1

N−1

∑
i=1

∣value (i + 1) − value (i)∣, (10)

where L = ⌊(m + n)/2⌋ is the normalized length of the time axis, N represents the number of significant extreme
value points, pos (i) and value (i) represent the position and amplitude of the i-th significant extreme value point.
For XE , N =m′, pos (i) = pi, value (i) = ai. Similarly, for YE , N = n′, pos (i) = qi, value (i) = bi.
Through the above-mentioned distance measurement, an optimal warping path will be obtained. Let the ex-

tremum alignment path be denoted byWE = {(pk, qk)}
T
k=1, where T is the number of aligned pairs in the path;

pk ∈ PX (with PX = {p1, p2, ..., pm′ } being the position set of significant extrema in XE) and qk ∈ PY (with
PY = {q1, q2, ..., qn′} being the position set of significant extrema in YE) are the temporal positions of signifi-
cant extrema in XE and YE , respectively. The pathWE satisfies the standard DTW constraints and is derived
by minimizing the weighted distance metric, thus establishing the structural correspondence between the two
extremum sequences.

3.3. DTW with boundary constraints

To improve efficiency and robustness, AEB-DTW incorporates boundary constraints using matched significant
extrema as anchors. Weighted extrema alignments are treated as 2D points, to which a smoothing spline is
fitted; residuals define discrete upper and lower boundaries, which are linearly interpolated over the reference
sequence. This confines the DTW path to a meaningful region, reducing computational load and misalignments.
The extrema path captures global trends, while the residual-based envelope reflects local variations, enabling
semantically meaningful alignment under noise. As shown in Fig. 4, AEB-DTW produces fewer spurious matches
than the standard DTW.
The construction process of the upper and lower boundaries is as follows: first, the significant extremum

matching path WE is treated as discrete points in the 2D coordinate space. These points, shown as the red
dots in Fig. 5a, have coordinates (pk, qk) that denote the positions of significant extrema in sequences X and Y,
respectively. Then, a smoothing spline is applied to these points to obtain the fitted curve f(k). This curve
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Fig. 4. Comparison of alignment effects between DTW (a) and AEB-DTW (b).
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Fig. 5. Formation process of the boundary constraint: a) extreme position alignment path, b) upper and lower boundary
constraints.

captures the positional alignment trend between the two sequences and predicts the corresponding position qk

in Y for each pk in X.
Subsequently, the absolute residuals between the actual matched points and the fitted curve are calculated,

and the 95th percentile of these residuals, denoted as res95, is used as the width of the constraint band. Using
this width, discrete upper and lower boundary points are constructed, which are then extended to the full index
range of the reference sequence via linear interpolation. This results in the complete boundary functions LB
and UB, as illustrated in Fig. 5b.
The construction of the discrete upper and lower boundaries is as follows:

UB (pk) = min (m,max (qk, f (pk) + res95)), (11)

LB (pk) = max (1,min (qk, f (pk) − res95)). (12)

At this stage, the upper and lower boundary functions are only defined at the discrete points pk and have
not yet covered the entire range of the reference sequence. To address this, linear interpolation is applied to
the sets of boundary points (pk,LB (pk)) and (pk,UB (pk)), respectively, resulting in continuous functions that
are fully defined over the index range of the reference sequence. The interpolated functions ensure that at each
time index i, a valid upper and lower constraint boundary is provided. Accordingly, the DTW path search region
is finally constrained within the following area:

B = {(i, j) ∣LB (i) ≤ j ≤ UB (i), i ∈ [1,m]}. (13)
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Within this region, the DTW alignment path P must satisfy the standard DTW conditions of boundary,
monotonicity, and continuity. The AEB-DTW distance is finally computed as

AEB −DTW (X,Y) = min
P⊆B

∑
(i,j)∈P

d (xi, yj), (14)

where d (xi, yj) is the local distance function between points xi and yj , as defined in the standard DTW. This
boundary-constrained DTW framework not only significantly reduces computational overhead, but also improves
alignment reliability by preventing implausible matches.

4. Performance validation based on measured data

4.1. Overview of measured data

The lake trial was conducted on October 25, 2024, at the Moganshan Reservoir in Deqing County, Huzhou City,
Zhejiang Province. The test target was a submarine-like model. The transmitted signal was a linear frequency
modulated (LFM) pulse with a frequency range of 10 kHz to 20 kHz, a pulse width of 4ms, and a sampling rate
of 500 kHz.
As shown in Fig. 6a, the experiment employed a bistatic sonar configuration, with the transmitter and

hydrophone separated by 7m, and the target located 14m from the hydrophone, all positioned in the same
horizontal plane at a water depth of approximately 5m. Figure 6b shows a photograph of the experimental data
acquisition system. The dry-end electronic equipment on the transmitting side includes a power amplifier, a signal
source, and an oscilloscope, while that on the receiving side includes a data acquisition unit and a computer. The
transmitting device is a transmitting transducer, and the receiving device is a receiving hydrophone.

a) b)

Fig. 6. Experimental setup (a) and equipment configuration (b).

The target was mounted on a servo-driven platform rotating uniformly counterclockwise. The platform com-
pleted a 180○ turn in about 3min; with a pulse repetition interval of 0.6 s, this corresponds to a rotation speed of
approximately 1 ○/s and an azimuth step of about 0.6○ per transmission. Consequently, the 300 recorded echoes
form a full 180○ azimuth scan of the target, with each echo corresponding to a fixed angular increment relative
to the transmitter–receiver baseline.
The signal processing procedure is illustrated in Fig. 7a. The original signal refers to the segment extracted

from the raw measurements that contains the target echo. Sparse reconstruction is first applied to this segment
to enhance signal quality. The envelope of the reconstructed signal is then obtained to characterize the overall
amplitude variation and improve stability, providing a reliable input for subsequent matching. Figure 7b shows
the matched-filtering results of reconstructed signals from different bearing angles. The matched-filter responses
reveal the target’s attitude variations with bearing, thereby supporting the rationality of the subsequent match-
ing results.
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Fig. 7. Signal processing flow.

4.2. Validation of matching accuracy and anti-interference capability

To evaluate the robustness of the algorithm under different interference conditions, echo signals with specified
SRRs were synthesized from sparsely reconstructed lake-trial echoes. Each measured echo was first processed by
the sparse reconstruction procedure described in Subsec. 4.1. The main reflection of a high signal-to-noise ratio
(SNR) reconstructed echo was then used as the clean target signal, and a late-time segment of the same recon-
structed record containing diffuse reverberation served as the reverberation component. SRR values from 0dB
to 30 dB in 2 dB steps were obtained by linearly superimposing these two signals and scaling the reverberation
amplitude to the desired level. This preserves the measured reverberation characteristics while enabling precise
SRR control. Figure 8 illustrates one example of the construction process, showing the reconstructed target echo,

a) Reconstructed target echo b) Extracted reverberation

Sample points Sample points

c) Mixed echo (SRR = 2dB)

Sample points

Fig. 8. Waveform example of a sonar mixed echo (SRR = 2 dB).
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the extracted reverberation segment, and the synthesized mixed echo. Datasets at other SRR levels are generated
in the same way.
Using this method, 16 datasets were constructed with SRRs ranging from 0dB to 30 dB in 2 dB increments.

For each dataset, 50 test samples with known azimuth angles were uniformly selected from the target’s 0○ to
180○ rotation range, with an angular interval of approximately 3.6○. During the similarity matching phase, each
test sample was compared with all other samples within the same SRR dataset using a distance-based metric.
The sample yielding the minimum cumulative distance was defined as the ‘optimal matching sample,’ and the
matching error was calculated as the absolute azimuth difference between the two samples. A match was regarded
as correct if the azimuth error was less than 10○. This threshold is motivated by the observation that, for the
considered target and measurement geometry, the echo characteristics vary only weakly over azimuth intervals
of about ±5○, so angular errors within 10○ do not lead to perceptible differences in the envelope features used for
matching and are acceptable in practical active sonar applications.
The matching accuracy under each SRR condition was defined as the ratio of correctly matched samples to the

total number of test samples, serving as a quantitative indicator of the algorithm’s robustness to reverberation.
Table 1 summarizes the comparative results for AEB-DTW against ED, DTW, and its variants. If two or more
methods achieve the same maximum value under a specific SRR condition, each is credited with one win in the
overall count. AEB-DTW achieves over 50% accuracy at SRR = (0–2) dB and exceeds 80% when SRR ≥ 24 dB,
consistently outperforming all baselines in most conditions.

Table 1. Comparison of matching accuracy for different algorithms.

SRRs AEB-DTW DTW DDTW WDTW Sakoe–Chiba LEDTW EWDTW ED shapeDTW

0 0.54 0.44 0.2 0.54 0.42 0.32 0.36 0.58 0.42

2 0.68 0.4 0.34 0.44 0.42 0.28 0.4 0.52 0.32

4 0.62 0.46 0.4 0.46 0.48 0.34 0.54 0.68 0.46

6 0.7 0.48 0.44 0.54 0.52 0.36 0.44 0.68 0.42

8 0.72 0.46 0.38 0.64 0.52 0.42 0.52 0.7 0.32

10 0.76 0.44 0.36 0.6 0.44 0.36 0.74 0.72 0.46

12 0.74 0.68 0.42 0.72 0.66 0.48 0.7 0.76 0.46

14 0.72 0.74 0.34 0.78 0.80 0.5 0.78 0.8 0.68

16 0.76 0.66 0.42 0.68 0.7 0.4 0.8 0.78 0.66

18 0.8 0.78 0.48 0.78 0.74 0.44 0.86 0.7 0.7

20 0.82 0.7 0.44 0.72 0.66 0.44 0.76 0.78 0.74

22 0.78 0.64 0.4 0.72 0.66 0.5 0.78 0.78 0.7

24 0.84 0.7 0.46 0.82 0.64 0.5 0.78 0.78 0.74

26 0.86 0.64 0.46 0.82 0.6 0.46 0.76 0.8 0.72

28 0.82 0.74 0.48 0.78 0.7 0.46 0.76 0.8 0.72

30 0.84 0.7 0.48 0.8 0.74 0.54 0.76 0.76 0.68

Mean 0.750 0.603 0.406 0.677 0.605 0.425 0.671 0.726 0.575

Wins 11 0 0 0 1 0 3 3 0

To provide a more intuitive comparison of matching accuracy under different SRR conditions, Fig. 9 presents
pairwise comparisons between AEB-DTW and ED, DTW, and its variants. Each subplot contains 16 circular
markers, representing the matching accuracy under 16 distinct SRR levels. The horizontal and vertical coordinates
of each marker correspond to the accuracies of AEB-DTW and the compared algorithm, respectively. Markers on
the diagonal line indicate equal accuracy under a given SRR; those below the diagonal indicate that AEB-DTW
outperforms the baseline method, while those above indicate that the baseline method achieves higher accuracy
than AEB-DTW.
The overall distribution of these points indicates that AEB-DTW tends to deliver superior performance

across the tested reverberation conditions. As shown in Fig. 9, it demonstrates higher robustness to reverberation
than the other evaluated algorithms.
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Fig. 9. Matching accuracy of AEB-DTW vs. ED, DTW, and its variants.

4.3. Evaluation of similarity measurement based on angular resolution

In active sonar signal recognition, angular resolution measures an algorithm’s ability to distinguish echoes
from different azimuths. To evaluate this, a dataset with an SRR of 24 dB was used. The 90○ echo, representing
the median azimuth and exhibiting stable structural features, was selected as the reference. For each algorithm,
distances between the reference and other azimuth samples were computed and normalized to the range [0, 1].
The normalized distances were then divided into nine 20○ intervals to balance angular granularity and statistical
robustness. Within each interval, the mean normalized distance was calculated, and its absolute deviation from 1
was taken as the interval similarity, providing an intuitive measure of signal discriminability-larger deviations
indicate stronger angular separability. Interval-wise similarity profiles for all algorithms are shown in Fig. 10.
DTW shows poor angular resolution due to minimal similarity variation, while DDTW, being insensitive

to amplitude, produces abnormally high similarity in low-angle regions. WDTW and Sakoe–Chiba DTW are
constrained by fixed weights or rigid boundaries, limiting their performance in high-angle scenarios. ED and
EWDTW offer only basic angular discrimination, as ED is restricted to equal-length sequences, and EWDTW
relies heavily on hyperparameter tuning. LEDTW and shapeDTW also exhibit limited sensitivity to angular
differences. In contrast, AEB-DTW effectively distinguishes signals with large angular separations while main-
taining robustness to local variations. Its adaptive extrema extraction and boundary constraints enable smoother
similarity transitions across angles, thereby enhancing angular resolution.
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Fig. 10. Angular resolution comparison of AEB-DTW and baseline methods.

4.4. Comparison of algorithm runtime

Figure 11 shows the comparison of average runtime between AEB-DTW and ED, DTW, and its variants
across 16 SRR datasets. Although ED has the shortest runtime, it is only applicable to sequences of equal length
and cannot handle asynchronous time axes. LEDTW and EWDTW only account for extrema features without
considering structural relationships between extrema, thus lacking global alignment capacity. Among algorithms
that support global asynchronous alignment, AEB-DTW demonstrates the best runtime efficiency, verifying its
computational advantages.
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Fig. 11. Average running time comparison.

AEB-DTW shows a clear runtime advantage over other global alignment algorithms, as indicated by its lower
average computation time in Fig. 11. Although its runtime is slightly higher than LEDTW and EWDTW, it
remains about one order of magnitude lower than DTW and achieves higher matching accuracy (see Table 1),
demonstrating a favorable balance between efficiency and accuracy.
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5. Conclusion

This paper proposes the AEB-DTW algorithm to mitigate the sensitivity of sonar signal matching to rever-
beration and the high computational cost of long-duration echoes. The method extracts salient local extrema
using an adaptive threshold and aligns them via a joint time–amplitude weighting strategy. Dynamic bound-
ary constraints derived from the extrema alignment path restrict the DTW search region, improving matching
efficiency and robustness to structural distortions.
The main findings of the experimental evaluation can be summarized as follows:

1. Compared with classical distance-based methods, AEB-DTW achieves higher matching accuracy and stronger
robustness to interference; under strong interference conditions with an SRR value of 2 dB, the algorithm
still achieves around 70% matching accuracy, demonstrating strong resilience to reverberation.

2. Angular-resolution-based similarity evaluation shows that AEB-DTW is more sensitive to azimuth changes
and can effectively distinguish echoes originating from different bearing angles, thereby improving the an-
gular discrimination capability of active sonar echo matching.

3. Among algorithms that support global asynchronous alignment, AEB-DTW exhibits the shortest runtime,
confirming its significant computational efficiency and indicating that it can reduce computational cost
while maintaining high matching performance.

Overall, the algorithm improves both matching accuracy and angular discrimination ability while reducing
computational cost, providing an efficient and reliable solution for active sonar echo matching and 1D time-
series alignment. Future work will explore multi-target scenarios, nonlinear target motion, variable acoustic
environments, and the integration with deep learning methods to further enhance adaptability and recognition
performance.
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To reduce the size and enhance the efficiency of cascaded sandwich transducers with conical horns, a novel
structural configuration of such transducers is investigated. This transducer incorporates two sets of piezoelec-
tric stacks, enabling two-stage amplification to improve efficiency. An equivalent circuit model of the cascaded
sandwich transducer with a conical horn is established, and analytical expressions for key performance param-
eters, including input impedance, velocity amplification ratio, and resonant characteristics, are systematically
derived. Through theoretical and simulation analyses, the dynamic influence of key structural parameters on
electromechanical energy conversion efficiency is determined, specifically including the output radius of the
second stage, the relative position of the variable cross-sections of two sets of piezoelectric ceramic sand-
wich structures, and the spacing between the two sets of piezoelectric stacks. Furthermore, a performance
optimization strategy based on piezoelectric single-crystal materials is proposed. Numerical simulation results,
validated against the theoretical models, reveal the governing principles of piezoelectric material properties
on transducer performance. Experimental results demonstrate excellent agreement between the operational
characteristics of the optimized transducer and predictions obtained from both theoretical models and finite
element simulations. This work provides significant guidance for the optimization of multi-mode transducers
and demonstrates promising application potential in high-power ultrasonic fields.
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1. Introduction

In recent years, power ultrasonic technology has demonstrated extensive application prospects across diverse
fields, including ultrasonic machining, precision cleaning, underwater acoustics, sonochemistry, food processing,
and biodiesel production (Shah, Liu, 2019; Tan et al., 2022; Li et al., 2018b; Pokhrel et al., 2016; Subhedar,
Gogate, 2015; Chemat et al., 2011). Particularly, within ultrasonic motor research, piezoelectric transducer-
based ultrasonic systems have attracted significant scientific attention (Li et al., 2023b; Roland, 2024; Jiang
et al., 2024). As critical components of ultrasonic systems, sandwich piezoelectric ultrasonic transducers exhibit
remarkable advantages in electromechanical energy conversion through the piezoelectric effect. These advantages
are a simplified structural design, high conversion efficiency, and large vibration amplitude, making them predom-
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inant in high-power ultrasonic applications (Lin, 2009; Kuang et al., 2014; Du et al., 2020; Davari et al., 2012).
Their applications further extends to piezoelectric nanopositioning systems and robotic manipulators (Su et al.,
2018; Jiang et al., 2018; Li et al., 2023a).
To meet escalating demands in high-power applications, research focus has shifted toward optimizing conven-

tional sandwich transducers and developing novel vibration systems. Enhanced radiation coverage and ultrasonic
intensity have been achieved through geometric modifications and vibration mode innovations, leading to the pro-
posal of coupled-vibration transducers and mode-conversion composite systems, including longitudinal-torsional,
radial-torsional, flexural-torsional, longitudinal-flexural, radial-flexural, and interdigital configurations (Li et al.,
2018a; 2023a;Meshkinzar, Al-Jumaily, 2021;Watanabe et al., 1993; Lin et al., 2011; 2013; Tressler et al.,
2006; Lin, 2007; Tang et al., 2024; Xu et al., 2019; Hunter et al., 2008). Lin (2017) pioneered the concept of
cascaded piezoelectric transducers, where multiple half-wavelength sandwich transducers synergistically amplify
input electrical power and ultrasonic intensity. Subsequent work by Lin et al. (2018) introduced tunable longitu-
dinal transducers with comprehensive performance characterization. Li et al. (2022) conducted a multifrequency
analysis of stepped conical transducers, deriving equivalent impedance models and resonance frequency equa-
tions through theoretical modeling and experimental validation. Cascaded transducers can operate at different
resonant frequencies to meet the requirements of multifrequency modes. This cascaded vibration structure can
also double the power and intensity of ultrasonic waves, while the intermediate mass block can assist in heat
dissipation. However, systematic investigation of the multi-mode vibration characteristics – crucial for optimizing
energy transfer and operational stability – of conical cascaded sandwich transducers remains limited. Specifically,
the correlations between the multifrequency performance and key geometric parameters are not well understood,
hindering their optimized design for high-power, multi-mode applications.
To address this gap, this study investigates the relationship between performance parameters, geometric

dimensions, and piezoelectric materials of a conical cascaded sandwich piezoelectric transducer operating in mul-
tifrequency mode. A theoretical analysis model is established by deriving the frequency equations and vibration
velocity amplification ratio expression for cascaded transducers using Kirchhoff’s law. Keeping the conical ampli-
tude rod structure unchanged, the geometric dimensions of the piezoelectric stack radius near the output end of
the amplitude rod and the spatial configuration of the sandwich structure formed by the two piezoelectric stacks
are varied, and the piezoelectric material PZT-8 is replaced with a relaxor ferroelectric single crystal (RFSC).
The impact of combining PZT-8 with an RFSC on vibration performance are analyzed, and variations in key
performance parameters are analyzed using theoretical models and numerical simulations. Based on the theoret-
ical and simulation results, an optimized transducer prototype is manufactured and experimentally tested. The
results are in good agreement with the predictions and thus validate the proposed design method. This work
provides a practical optimization framework for cascaded transducers with conical horn and offers important
guidance for the development of efficient, high-power ultrasonic systems for precision machining, sonochemistry,
and other applications.

2. Theoretical analysis

The ultrasonic composite transducer is formed by the longitudinal cascade of two sandwich-type structures,
a conical horn, and a prestressed bolt. These two sandwich structures serve as two-stage excitation mechanisms.
In the design, the influence of bolt prestress is neglected; consequently, the two sandwich structures and the
conical horn can be considered as a solid rod bonded together. Figure 1 illustrates the structural diagram of
the ultrasonic transducer, comprising seven components: back metal cylinder I, piezoelectric stack II, middle
metal cylinder III, middle metal cylinder IV, piezoelectric stack V, front metal cylinder VI, and conical horn VII.
The parameter Li (i = 1, 2, 3, 4, 5, 6, 7) corresponds to the length of each component, while the parameter Ri

(i = 1, 2, 3, 4, 5, 6, 7) corresponds to the cross-sectional radius of each component. Ni (i = 1, 2) represents the
electromechanical conversion coefficient of piezoelectric ceramic stack.
The equivalent circuit diagram of the transducer is presented in Fig. 2. Here, V denotes the excitation

voltage, I1 and I2 represent the currents entering into the two piezoelectric stacks, respectively; vi (i = 1, 2,
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3, 4, 5, 6) denotes the vibration velocity at each designated section, while vb and vf denote the longitudinal
vibration velocities at the outer surfaces of the rear metal cylinder and the conical horn, respectively; Ci represents
the clamped capacitance of the piezoelectric stacks, Ni is the electromechanical transformation ratio, p is the
number of piezoelectric rings, ρ is the material density, E is Young’s modulus, k is the wavenumber, and c is
the longitudinal wave sound velocity; Zi1, Zi2, Zi3 (i = 1, 2, 3, 4, 5, 6, 7) denote the impedances of the metal
cylinders and piezoelectric ceramic stacks, respectively, where Zi1 = Zi2 = jZ0i tan (

kiLi

2
), Zi3 =

Z0i

j sin(kiLi)
.

Li et al. (2024) conducted research on the equivalent circuit of the transducer. From this model, the mechanical
impedances Zm1 and Zm2 between the mechanical terminals m1, m′1 and m2, m′2 can be obtained, leading to the
derivation of the total equivalent mechanical impedance Zm:

Zm1 = Z23 +
v3
v1
[
(Zr1 +Z11)Z13

(Zr1 +Z11) +Z13
+Z12 +Z21], (1)

Zm2 = Z53 +
v6
v2
[
(Z71 +Z62)(Z72 +Z73)Z32 +Z72Z73

(Z71 +Z62 +Z63)(Z72 +Z73) +Z72Z73
+Z61 +Z52], (2)

Zm =
Zm1Zm2

Zm1(jwC2Zm2 +N2
2 ) +Zm2(jwC1Zm1 +N2

1 )
, (3)

where w = 2πf and f is the frequency.
The resonant frequency fr is obtained when Zm approaches zero, and the anti-resonant frequency fa is cal-

culated when Zm approaches infinity. The effective electromechanical coupling coefficient is keff =

√

(1 − ( fr
fa
)
2
),

and the velocity amplitude magnification ratio is M = ∣ vb
vf
∣.
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3. Relationships between performance parameters and geometric dimensions

of the cascaded piezoelectric transducer with conical horn

To investigate the influence of the transducers geometric dimensions on its performance, the metal block
material is 40Cr steel, while other metal blocks and the conical metal component are made of hard aluminum.
The piezoelectric materials employed are PZT-8 and an RFSC. PZT-8 is widely utilized in ultrasonic transducer
research due to its advantageous properties, including a high electromechanical coupling coefficient, high mechan-
ical strength, and fast response speed. Compared to PZT-8, the RFSC exhibits higher piezoelectric and dielectric
constants along with lower dielectric loss, making it the preferred material for high-precision ultrasonic appli-
cations. Their typical characteristic parameters are listed in Table 1. Through theoretical analysis, the function
of impedance with respect to frequency can be obtained. By assigning a value to the frequency, the corre-
sponding impedance can be obtained, producing an impedance-frequency curve. From this curve, the resonant
and anti-resonant frequencies can be identified, and the electromechanical coupling coefficient can be calculated.
By substituting the resonant frequency into the amplification ratio formula, the amplification ratio can be calcu-
lated. This theoretical calculation process is implemented using MATLAB. These performance parameters were
also obtained through numerical simulation using ANSYS. The model was established in an axisymmetric config-
uration. The metal components were discretized with PLANE42 elements, a 4-node axisymmetric structural solid
element suitable for linear elastic analysis. The piezoelectric ceramic stacks were modeled using PLANE13 ele-
ments, a 4-node axisymmetric coupled-field solid element that can directly solve the interaction between electrical
and mechanical degrees of freedom. Free meshing with a node size of 0.001m was applied to each part of the trans-
ducer. The effects of pre-tightening bolt stress and structural constraints were neglected during the simulation.

Table 1. Characteristic parameters of the transducer.

Material ρ [kg/m3] E [N/m2] v sE33 [m
2/N] d33 [C/N] εT33 [C

2/(N ⋅m2
)] k33

40Cr steel 7840 20.9× 1010 0.28 – – – –

Duralumin 2790 7.15× 1010 0.34 – – – –

PZT-8 7600 – – 13.9× 10−12 225× 10−12 8.84× 10−9 0.62

Single crystal 8122 – – 49× 10−12 1285× 10−12 42.1× 10−9 0.87

3.1. Influence of output radius of the second stage on performance parameters

Using PZT-8 as the piezoelectric material, the initial dimensional parameters of the transducer are: L1 =

0.02m, L2 = L3 = 0.0075m, L4 = 0.021m, L5 = L6 = 0.005m, L7 = 0.054m, R1 = R2 = R3 = R4 = 0.0255m,
R5 = R6 = 0.025m, R7 = 0.009m, p1 = p2 = 4, τ1 = R2m. The relationships between the performance parameters
and the output radius of the second stage are shown in Fig. 3 to Fig. 5, where the subscripts denote: t for theo-
retical values, s for simulated values, r for resonance, a for anti-resonance, and the numerical suffix i (i = 1, 2, 3)
for the first three longitudinal vibration modes. For example, ftr1 refers to the theoretical fundamental resonant
frequency, fsa2 refers to the simulated second anti-resonant frequency, kt1 refers to the theoretical fundamental
effective electromechanical coupling coefficient, ks2 refers to the simulated second-order effective electromechan-
ical coupling coefficient, Mt1 refers to the theoretical fundamental velocity amplitude, and Ms2 refers to the
simulated second-order velocity amplitude magnification.
Figure 3 shows that as the τ1 increases, the fundamental longitudinal vibration resonant and anti-resonant

frequencies both increase, while the second-order longitudinal vibration resonant and anti-resonant frequencies de-
crease. For the third-order longitudinal vibration, the theoretical resonance frequency increases, and the simulated
resonance frequency first increases and then decreases, but the changes are very small, whereas the anti-resonant
frequency decreases. In Fig. 4, the fundamental longitudinal vibration electromechanical coupling coefficient in-
creases, whereas the effective electromechanical coupling coefficients of the second- and third-order longitudinal
vibrations exhibit decreasing trends. Within smaller radius ranges, both fundamental and second-order longi-
tudinal vibrations maintain relatively large effective electromechanical coupling coefficients, with the simulated
third-order coupling coefficient showing a distinct minimum. Figure 5 indicates that the fundamental longitudinal
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vibration velocity amplification ratio decreases with increasing τ1, while the second- and third-order velocity am-
plification ratios increase proportionally. When τ1 reaches approximately 20.5mm, the transducer simultaneously
achieves large effective electromechanical coupling coefficients and velocity amplification ratios for the first two
longitudinal vibration modes, establishing this value as the optimized radius for the right-side sandwich-type
piezoelectric stack. Therefore, R3 = R4 = 0.0205m and R6 = 0.02m were selected as the optimized dimensional
parameters.

3.2. Influence of the relative position of the variable cross-section of two sets
of piezoelectric ceramic sandwich structures on performance parameters

As described in the previous section, the radii of the metal blocks and piezoelectric ceramics are kept un-
changed. The lengths L2 and L3 are varied, but the total length L2 and L3 remains constant. The initial
dimensional parameters of the transducer are: L1 = 0.02m, L2 = L3 = 0.0075m, L4 = 0.021m, L5 = L6 = 0.005m,
L7 = 0.054m, R1 = R2 = 0.0255m, R3 = R4 = 0.0205m, R5 = 0.025m, R6 = 0.02m, R7 = 0.009m, p1 = p2 = 4, and
τ2 = L2/L3. The relationships between the resonance frequency, anti-resonance frequency, effective electrome-
chanical coupling coefficient, and velocity amplification ratio with respect to τ2 are shown in Fig. 6 to Fig. 8.
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Fig. 6. Relationship between the resonance and anti-resonance frequency and τ2.
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Figure 6 demonstrates that as τ2 increases, the resonant and anti-resonant frequencies of the first three lon-
gitudinal vibration modes all exhibit gradual increases. In Fig. 7, the electromechanical coupling coefficients of
the first- and second-order longitudinal vibrations show slow increases with τ2, while the third-order longitu-
dinal vibration electromechanical coupling coefficient gradually decreases. The velocity amplification ratios of
the first- and third-order longitudinal vibrations rise slowly with τ2. Figure 8 reveals a gradual decrease in the
second-order longitudinal vibration velocity amplification ratio as τ2 increases. Overall, variations in the relative
position of the variable cross-sections in the two sandwich-type piezoelectric stacks exert minimal influence on
the resonant/anti-resonant frequencies, electromechanical coupling coefficients, and velocity amplification ratios.
The optimal relative position is determined as τ2 = 1 for the variable cross-sections in the two sandwich-type
piezoelectric stack structures.

3.3. Influence of the spacing between two groups of piezoelectric ceramics on performance parameters

As discussed in the preceding section, while maintaining the other structural dimensions of the vibration
system constant, the spacing between the two sets of piezoelectric ceramics was varied. This spacing corre-
sponds to the length of the middle metal cylinders III and IV. The length changes of these two metal cylinder
were identical, while the total length of the transducer remained unchanged. Consequently, the lengths of the
back metal cylinder I and the front metal cylinder VI were adjusted correspondingly to accommodate the changes
in the middle metal cylinder III and IV. The initial dimensional parameters of the transducer are: L1 = 0.02m,
L2 = L3 = 0.0075m, L4 = 0.021m, L5 = L6 = 0.005m, L7 = 0.054m, R1 = R2 = 0.0255m, R3 = R4 = 0.0205m,
R5 = 0.025m, R6 = 0.02m, R7 = 0.009m, p1 = p2 = 4, and τ3 = L2 +L3m. The relationships between the resonance
frequency, anti-resonance frequency, effective electromechanical coupling coefficient, velocity amplification ratio
with respect to τ3 are shown in Fig. 9 to Fig. 11.
Figure 9 indicates that, as τ3 increases, the resonant and anti-resonant frequencies of the first three longitudinal

vibration modes exhibit gradual decreases. In Fig. 10, the effective electromechanical coupling coefficients of
the first- and second-order longitudinal vibrations decrease with increasing τ3, while the third-order coupling
coefficient initially decreases and then increases. Figure 11 demonstrates that the velocity amplification ratios
for all three longitudinal vibration modes decreases as τ3 increases, with the first- and second-order modes
exhibiting smaller reductions compared to the third-order mode. Both theoretical and simulation results indicate
that a smaller τ3 between the two piezoelectric stacks enhances the effective electromechanical coupling coefficients
and the velocity amplification ratios for the first two vibration modes. Considering manufacturing and assembly
constraints, as well as the vibrational coupling intensity between structural components, the piezoelectric ceramic
spacing is optimized to 10mm.
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3.4. Influence of piezoelectric materials on performance parameters

Replacing piezoelectric ceramics with RFSCs alters the transducer performance, as quantified by theoretical
and simulated parameters listed in Table 2. The parameters ftri, ftai, fsri, fsai, kti, ksi, Mti, and Msi represent
the theoretical/simulated resonance/anti-resonance frequencies, effective electromechanical coupling coefficients,
and velocity amplitude amplification ratios, respectively. Here, i = 1, i = 2, and i = 3 denote configurations
with bilateral piezoelectric ceramics, a left-side piezoelectric ceramic/right-side RFSC, and bilateral RFSCs,
respectively. Table 2 demonstrates that replacing the right-side piezoelectric ceramic with an RFSC increases the
first- and third-order electromechanical coupling coefficients but reduces the second-order coupling coefficients,
while the amplification ratios exhibit negligible variation. In contrast, substituting both sides with RFSCs induces
a pronounced upward trend in all electromechanical coupling coefficients, accompanied by reduced amplification
ratios for the fundamental and second-order modes and an increased third-order amplification ratio.
Theoretical and simulated results for bilateral piezoelectric ceramics.

Table 2. Theoretical and simulated results for different piezoelectric material configurations.

Theoretical and simulated results for bilateral piezoelectric ceramics.

Mode ftr1 [Hz] fta1 [Hz] fsr1 [Hz] fsa1 [Hz] kt1 ks1 Mt1 Ms1

Fundamental 14 177 17 265 14 585 16 305 0.571 0.447 2.43 2.68

Second 30 939 36 411 28 606 29 769 0.527 0.277 3.34 3.68

Third 45 453 45 883 38 481 38 506 0.137 0.036 4.77 3.54

Theoretical and simulated results for the left-side piezoelectric ceramic/right-side RFSC.

Mode ftr2 [Hz] fta2 [Hz] fsr2 [Hz] fsa2 [Hz] kt2 ks2 Mt2 Ms2

Fundamental 12 509 18 578 11 113 15 271 0.739 0.686 2.68 2.69

Second 33 799 37 198 27 042 27 298 0.418 0.137 3.18 3.37

Third 43 554 44 996 30 577 31 366 0.251 0.223 4.78 3.56

Theoretical and simulated results for the bilateral RFSCs.

Mode ftr3 [Hz] fta3 [Hz] fsr3 [Hz] fsa3 [Hz] kt3 ks3 Mt3 Ms3

Fundamental 8953 14 259 10 046 14 704 0.778 0.730 1.88 1.89

Second 20 824 31 883 20 615 21 767 0.757 0.321 1.66 1.77

Third 32 740 33 469 29 647 30 690 0.208 0.258 5.72 4.63

Figure 12 to Fig. 14 display the harmonic displacement responses from the front to the rear radiation surfaces
of transducers with three piezoelectric ceramic-RFSC configurations across the first three vibration modes. When
both sides employ piezoelectric ceramics, symmetrical displacement distributions emerge, with lower amplitudes
in the fundamental mode, while higher-order modes exhibit progressively amplified vibrations and potential
multi-peak displacement patterns. For the asymmetric configuration (left-side piezoelectric ceramic/right-side
RFSC), the RFSC demonstrates localized amplitude enhancement in the second- and third- modes due to its
superior mechanical compliance. However, the ceramic’s rigidity restricts vibration energy transfer to the rear
surface, resulting in insignificant improvement in the amplification ratio compared with the bilateral ceramic
configurations. The bilateral RFSC achieves the maximum overall vibration amplitudes, as the high material
compliance promotes efficient energy propagation to the rear surface, generating substantial posterior displace-
ment. Concurrently, reduced wave reflection and increased energy dissipation at the front surface diminish its
vibration amplitude, ultimately causing significant degradation of the amplification ratio.
In summary, replacing the right-side piezoelectric ceramic with RFSCs predominantly enhances the electrome-

chanical coupling coefficients while minimally affecting the amplification ratios, enabling transducers to achieve
both high coupling coefficients and velocity amplification at low-order modes. Complete substitution with bilat-
eral RFSCs further optimizes electromechanical coupling performance, demonstrating the material’s potential for
advanced transducer applications. In practical manufacturing processes, the size of RFSCs is usually designed
to be smaller. The size optimization presented in this study makes it possible to apply RFSCs in transducers.
Compared with conventional piezoelectric ceramics, the performance can be comparable or even superior. In
reality, the material combination can be chosen according to the specific application needs.
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Fig. 12. Fundamental harmonic displacement response curve.
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Fig. 13. Second-order harmonic displacement response curve.

0.00 0.02 0.04 0.06 0.08 0.10 0.12 0.14 0.16

-2.5

-2.0

-1.5

-1.0

-0.5

0.0

0.5

1.0

1.5

Distance from the front radiation surface [m]

V
ib

ra
tio

n
di

sp
la

ce
m

en
t (

10
-5

m
)

V
ib

ra
tio

n
di

sp
la

ce
m

en
t (

10
-4

 m
)

V
ib

ra
tio

n
di

sp
la

ce
m

en
t (

10
-5

m
)

Both sides are piezoelectric ceramics
Piezoelectric ceramic on the left and
relaxor ferroelectric single crystal on the right
Both sides are relaxor ferroelectric single crystals

-3

-2

-1

0

1

2

-8

-6

-4

-2

0

2

4

6

Fig. 14. Third-order harmonic displacement response curve.

4. Experiment

Based on the transducer dimensions designed in Sec. 3, a physical prototype was fabricated and tested. The cor-
responding structural dimensions are listed in Table 3, while Fig. 15. First three mode shapes illustrates the mode
shapes of the transducer under three distinct vibration modes. In this transducer, the capacitances of the left
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Table 3. Structural dimensions of the cascaded piezoelectric transducer [mm].

L1 L2 L3 L4 L01 L02 L7 R1 R2 R01 R02 R7

22.5 5 5 23.5 5 5 54 25.5 20.5 25 20 9

14 585 Hz 28 606 Hz 38 481 Hz
Fig. 15. First three mode shapes of the transducer.

piezoelectric ceramic are 3.414 nF, 3.409 nF, 3.418 nF, and 3.406 nF, respectively, and the capacitances of the
right piezoelectric ceramic are 1.606 nF, 1.625 nF, 1.608 nF, and 1.635 nF, respectively. The total capacitance of
the transducer is 20.01 nF, indicating good electrical connectivity.
Reactance-frequency responses were acquired using a precision impedance analyzer (E4990A) under 1V ex-

citation over the range of 10 kHz to 45 kHz. The experimental setup and measured reactance-frequency charac-
teristics are presented in Fig. 16 and Fig. 17. Notably, spectral peaks correspond to anti-resonance states while
troughs indicate resonance conditions, with the first three resonance points matching the aforementioned vi-
bration modes. Table 4 provides comparative resonance/anti-resonance frequency data obtained using different
analytical approaches.

a) b)

18 
 

Third 45453 45883 38481 38506 39418 39549 

 

 

Fig. 16. (I)Measured the electrical impedance frequency response of the transducer by using the E4990A 

precision impedance analyzer; (II) Measured the vibration mode of the transducer by using the Polytec scanning 

vibrator. 

 
Fig. 17. (I) Experimental electrical impedance frequency response curve result.(II) Experimental longitudinal 

vibration displacement frequency response results 
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Fig. 16. a) Measuring electrical impedance-frequency response of the transducer by using the E4990A precision impedance
analyzer, b) measuring vibration mode of the transducer by using the Polytec scanning vibrometer.

The vibration velocities at the metal block end face and conical output terminal of the transducer were
measured using a Polytec laser vibrometer. Figure 16 shows the experimental setup, Fig. 17 illustrates the
experimental electrical impedance-frequency response curve and experimental longitudinal vibration displacement
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Fig. 17. a) Experimental electrical impedance-frequency response curve, b) experimental longitudinal vibration displace-
ment frequency-response results.

Table 4. Theoretical, simulated, and measured frequencies of the multi-frequency mode transducer.

Mode ftr [Hz] fta [Hz] fsr [Hz] fsa [Hz] fmr [Hz] fma [Hz]

Fundamental 14 177 17 265 14 585 16 305 15 187 16 660

Second 30 939 36 411 28 606 29 769 28 367 29 343

Third 45 453 45 883 38 481 38 506 39 418 39 549

frequency-response results. The longitudinal vibration displacement distributions are presented in Fig. 18. The
first two longitudinal vibration modes exhibit relatively pure characteristics, while the third-order demonstrates
coupling vibration effects caused by the larger transverse dimension at the rear end. Nevertheless, the front end
maintains satisfactory longitudinal vibration output. The effective electromechanical coupling coefficients and

velocity amplification ratios were calculated using keff =

√

(1 − ( fr
fa
)
2
) and M = ∣

vb
vf
∣, with comparative results

from theoretical, simulated, and experimental approaches listed in Table 5, kt, ks, km, and Mt, Ms, Mm denote
the theoretical, simulated, and measured values, respectively.

a) The front of surface

The rear of surface

b) c)

Fig. 18. Longitudinal vibration displacement distributions on the front and rear radiation surfaces of the transducer:
a) fundamental mode, b) second-order, c) third-order.

As shown in Table 4, the theoretical, simulated, and experimental values for the first two resonant/anti-
resonant frequencies show excellent agreement. However, a larger discrepancy is observed for the third-order
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Table 5. Theoretical, simulated, and measured effective electromechanical coupling coefficient
and velocity amplitude magnifications of the multi-frequency mode transducer.

Mode kt ks km Mt Ms Mm

Fundamental 0.571 0.447 0.412 2.403 2.68 2.87

Second 0.527 0.277 0.256 3.34 3.68 4.86

Third 0.137 0.036 0.081 4.77 3.54 3.68

frequency, where the theoretical value deviates significantly from both the simulated and experimental results.
This discrepancy arises because the theoretical model is based on 1D analysis, which neglects the influence of
transverse vibrations. As the mode order increases, the impact of transverse coupling effects becomes progressively
more significant, leading to increased error. Furthermore, discrepancies between the simulated and experimental
values exist due to inevitable deviations of the actual material parameters from their nominal values, combined
with the neglect of bolt stress effects in the simulation.
As shown in Table 5, the simulated and experimental values of the effective electromechanical coupling coeffi-

cient exhibit good agreement, while the theoretical values are consistently higher. This discrepancy arises because
the theoretical model neglects dielectric losses and assumes idealized fixed boundary conditions. The experimen-
tal velocity amplification ratio for the second-order is significantly higher than both theoretical and simulated
values. This occurs because the measured resonant frequency is lower than theoretically predicted, indicating that
the actual system stiffness is lower than anticipated. This measured frequency likely approaches the transducer’s
true optimal resonant point, where vibration phase matching between the piezoelectric ceramic stack and metal
blocks is improved, resulting in enhanced amplification efficiency. Conversely, the theoretical amplification ratio
for the third-order substantially exceeds both simulated and experimental values. This overestimation stems from
the theoretical assumption of perfectly rigid metal blocks, whereas at higher frequencies, material compliance
and micro-slip at connections become significant, leading to an overestimation of amplification performance. The
remaining amplification ratios show good consistency across all three methods.

5. Conclusions

This paper investigated the multi-modal vibration characteristics of a longitudinal cascaded sandwich trans-
ducer incorporating a conical horn. Through theoretical and simulation analyses, the influence of key structural
parameters on performance was determined, specifically the output radius of the second-stage, the relative position
of the variable cross-section of two sets of piezoelectric ceramic sandwich structures, and the spacing between the
two sets of piezoelectric ceramics. Optimal transducer dimensions were derived and subsequently validated exper-
imentally. Furthermore, a hybrid configuration combining PZT-8 ceramics with RFSCs was proposed, revealing
the impact of piezoelectric material selection on performance metrics. The established optimization methodology
provides guidance for multi-mode transducer design, while the optimized transducer demonstrates promising
application potential in high-power ultrasonic systems. The principal conclusions are as follows:

1. Reducing the output radius of the second-stage facilitates the concurrent maintenance of substantial effec-
tive electromechanical coupling coefficients for the fundamental and second-order longitudinal vibrations,
while the third-order effective electromechanical coupling coefficient simulations reach minimal values within
smaller radius ranges. This configuration simultaneously enhances fundamental vibration velocity amplifi-
cation ratios while diminishing higher-order responses.

2. The relative positions of the two variable cross-section piezoelectric stacks demonstrated negligible influence
on operational parameters.

3. Minimizing the spacing between the two piezoelectric stacks improves both effective electromechanical cou-
pling coefficients and velocity amplification ratios in primary vibration modes, representing a critical design
consideration for practical implementations.

4. Replacing conventional ceramics with RFSCs in the right-side configurations yields enhanced effective
electromechanical coupling coefficients without compromising velocity amplification. Bilateral substitution
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further increases effective electromechanical coupling coefficients at the expense of reduced amplification
ratios, offering flexible material selection strategies for application-specific requirements. These findings es-
tablish a methodological framework for performance-adaptive transducer design in high-intensity ultrasonic
applications.
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Instituto de Acústica, Universidad Austral de Chile
Valdivia, Chile

∗Corresponding Author: ayori@uach.cl

Received June 3, 2025; revised December 26, 2025; accepted January 1, 2026;
available online January 16, 2026; version of record March 9, 2026; published issue March 27, 2026.

Air bubble curtains are widely used in Chilean salmon farming to protect fish from water pollutants. Due
to new requirements from the Environmental Assessment Service, their use for underwater noise mitigation has
become very important. This study aimed to evaluate the acoustic attenuation provided by a type of curtain
widely used in salmon farming and seawater desalination under laboratory conditions, obtaining results inde-
pendent of the conditions encountered in field work. This allowed for comparative measurements of different
bubble curtain configurations. This study presents the results of an acoustic evaluation of underwater sound
attenuation provided by different bubble curtain configurations, conducted in the test channel of the Engineer-
ing Department at the Universidad Austral de Chile. The parameter evaluated was the insertion loss (IL). It
was found that the evaluated bubble curtains provided a broadband insertion loss between 11 dB and 12 dB in
the simplest configuration and IL per third-octave band equal to or greater than 10 dB. The 10 dB attenuation
in the source level represents a significant reduction in the area of acoustic impact, reducing the physiological
damage distances for the marine mammal species considered by at least 78.4%.

Keywords: air-bubble curtain, underwater sound attenuation, reduction of physiological risk, underwater noise
control.
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1. Introduction

Currently, in Chile, bubble curtains are widely used in salmon farming centers to protect salmon from algae
blooms or waterborne solid and liquid contaminants. Another use of these bubble curtains, which has been steadily
increasing in our country, is in the water intake pipes of desalination plants to prevent the suction of organic
matter. Due to new requirements of the Environmental Assessment Service [SEA] (2022), regarding the impact
of underwater noise, a new need arises for the use of bubble curtains to mitigate anthropogenic underwater noise.
The efficacy of bubble curtains in regulating the dispersal of both solid and oil contaminants can be demon-

strated visually. However, validating their effectiveness in sound attenuation poses a greater challenge. Despite the
ambiguity surrounding the quantification of the effectiveness of bubble curtains in reducing underwater noise,
they are generally recommended as a possible strategy for mitigating the acoustic impact on marine organisms.
One of the reasons why information about the acoustic effectiveness of these curtains presents high variability
is the lack of attenuation measurements under controlled conditions (Rustemeier et al., 2012; Beelen et al.,
2025), contrasted with the high number of field measurements (Molnar et al., 2020; Würsig et al., 2000;
Dähne et al., 2017; Lucke et al., 2011) and computerized models studies (Novarini et al., 1998; Hall, 1989;
Göttsche et al., 2013; Qi et al., 2021; Tsouvalas, 2020).

https://acoustics.ippt.pan.pl/index.php/aa/index
https://doi.org/10.24423/archacoust.2026.4254
mailto:ayori@uach.cl
https://creativecommons.org/licenses/by/4.0/
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Air bubble curtains can be used as underwater acoustic barriers to control underwater noise sources and
reduce acoustic impacts in the marine environment. Air bubble curtains are one of the few mitigation measures
available for controlling anthropogenic underwater noise (Strietman et al., 2018; Koschinski, Lüdemann,
2013; Merck et al ., 2014; Bellmann, 2014; Joint Nature Conservation Committee [JNCC], 2010; Werner,
2010; Lucke, Siemensma, 2013). Currently, the Environmental Assessment Agency (SEA, 2022) requires that
projects with potential underwater acoustic impacts include mitigation measures, with air bubble curtains being
a possible solution.
Due to this lack of information or clarity about sound attenuation provided by the air-bubble curtains, the

main objective of this work is to assess, under controlled laboratory conditions, the acoustic attenuation provided
by a type of curtain widely used by both the salmon industry and the industries of sea-water desalinization as well;
seeking to achieve results independent of those variable conditions so commonly present in field measurements.
Thus, attenuation results obtained from different curtain configurations may be compared.
This work shows the results of the acoustic assessment of underwater sound attenuation given by different

configurations of air-bubble curtains, which was carried out in the test-channel belonging to the Engineering Fac-
ulty from Universidad Austral de Chile. The assessed parameter was insertion loss (IL), estimated from the sound
pressure level generated by a sound source over a hydrophone, with and without the presence of the evaluated
attenuating element (Fahy, 2001).

2. Objectives

To measure, under controlled conditions, underwater sound attenuation provided by air-bubble curtains
presently used in the control of solid and liquid particles in salmon farming and water desalination plants.
To evaluate the reduction in the acoustic impact area of a project involving underwater noise and marine

mammals when air bubble curtains are used as a mitigation measure.

3. Theoretical framework

3.1. Underwater sound generalities

In air acoustics, the standard reference pressure p0 = 20µPa corresponds to the threshold of human hearing.
In contrast, underwater acoustics uses a different reference pressure (Robinson et al., 2014; Möser, Barros,
2004) equal to p0 = 1µPa. It is important to note that, due to significant differences in the acoustic impedance
of air and water, sound pressure levels between these two media cannot be directly compared. For example,
even in extremely quiet underwater environments, the broadband background noise level is generally around
90 dB re 1µPa. Under high wind conditions, this value may reach approximately 120 dB re 1µPa (Richardson
et al., 1995; Urick, 2010).

3.2. Sound and marine mammals

Anthropogenic underwater noise in the oceans can negatively affect mammals and invertebrates. In the oceans,
sound propagates efficiently, just as light does in air (Richardson et al., 1995). Marine mammals have evolved,
taking advantage of the phenomenon of low sound attenuation using their hearing for most tasks, whereas
land mammals use their eyesight. Thus, marine mammals use hearing for critical tasks such as navigation,
communication, prey hunting, predator detection, and spatial localization in the dark ocean (Richardson et al.,
1995; Urick, 2010; Department of Arts, Heritage and the Gaeltacht [DAHG], 2014). Marine mammals can be
mainly divided into (Department of Planning, Transportation and Infrastructure [DPTI], 2012):

– mysticetes or baleen whales, where this group includes large whales such as right whales, sei whales, hump-
back whales and blue whales. These species produce sounds mainly under 1000Hz; with notable exceptions
such as the humpback whale, which emits frequencies exceeding 1000Hz, and the blue whale, which emits
frequencies as low as 10Hz to 15Hz;
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– odontocetes or toothed whales, in which dolphins, killer whales, sperm whales and porpoises are included.
This type of cetacean communicates using frequencies under 20 kHz and use high-frequency echolocation
to perceive their surroundings, using frequencies over 20 kHz;

– pinnipeds, which include sea lions and sea elephants, communicate using frequencies ranging from 1 kHz to
4 kHz.

3.3. Physiological and behavioral impact due to underwater noise

The effects of underwater noise of anthropogenic origin over marine mammals may be divided into five
categories, which depend on the distance between the receiver and the sound source (DAHG, 2014; DPTI, 2012;
McKenzie, 2015):

– physiological stress response,

– behavioral response,

– masking,

– temporary threshold shift (TTS),

– permanent threshold shift (PTS) or physical damage.

The frequency ranges through which these five groups of animals communicate are not well defined, and the
levels of sound vary significantly between species. The range over which sounds can be detected depends largely
on background noise levels and the animal’s hearing threshold. Figure 1 shows a comparative graph of the average
hearing thresholds of different mammal groups.
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Fig. 1. Average hearing thresholds of different groups of marine mammals and humans when underwater
(Parvin, Nedwell, 1995; Nedwell et al., 2004).

Masking is an effect whereby noise masks essential auditory signals for animals, such as communication,
obstacles or predator detection.
Changes in behaviour are observed across a wide range of sound levels but are difficult to evaluate objectively,

since an animal’s reaction to a noise depends on factors such as the type of sound, exposure time, and the season.
A TTS indicates temporary deafness, whereas a PTS implies a irreversible hearing loss (DAHG, 2014; DPTI,

2012; McKenzie, 2015).
It is important to note that not all high-level sounds will be harmful for all species. The auditory perception

of a sound is considered harmful only if its frequencies fall within the audible range of the species concerned.
Secondly, the level must exceed the initial level at which the species begins to perceive sound, around 50 dB
(Richardson et al., 1995; Nedwell et al., 2007).
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Figure 2 shows a comparison of the frequency spectrum of pile driving noise at a distance of 25m (Yori,
2018) with the hearing thresholds of different species (Nedwell et al., 2004). Frequency spectrum measured
during the driving of piles 0.61m in diameter, with a D62 diesel hammer and 40 blows per minute.
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Fig. 2. Spectrum of a pile driving noise in 1/3-octave bands, in contrast with the audiograms of different species
(Yori, 2018; Nedwell et al., 2004).

3.3.1. Criteria for the assessment of underwater noise impact NOAA NMFS 2024

The National Marine Fishing Service (NMFS) of United States, belonging to the National Office of Ocean
and Atmospheric Administration (NOAA), organized, interpreted and synthesized available scientific information
regarding the impact of underwater noise over marine mammals, in order to specify the maximum thresholds to
avoid the occurrence of a temporal hearing shifts TTS or an auditory injury AUD INJ, where AUD INJ includes,
but is not limited to PTS. Marine mammals are grouped into seven groups as shown in Table 1.

Table 1. Hearing groups and ranges according to criterion by National Marine Fisheries Service [NMFS] (2024).

Hearing group Hearing range

Low-frequency (LF) cetaceans (baleen whales) 7Hz to 36 kHz

High-frequency (HF) cetaceans (dolphins, toothed whales, beaked whales, bottlenose whales) 150Hz to 160 kHz

Very high-frequency (VHF) cetaceans (true porpoises, Kogia, river dolphins, cephalorhynchid,
Lagenorhynchus cruciger, L. australis)

200Hz to 165 kHz

Phocid pinnipeds (PW) (underwater) (true seals) 40Hz to 90 kHz

Otariid pinnipeds (OW) (underwater) (sea lions and fur seals) 60Hz to 39 kHz

Phocid pinnipeds (PA) (air) (true seals) 42Hz to 52 kHz

Otariid pinnipeds (OA) (air) (sea lions and fur seals) 90Hz to 40 kHz

The noise levels used by NMFS (2024) criteria to assess the impact of underwater noise on marine mammals
are summarized in Table 2. Levels presented in Table 2 are cumulative and weighted levels, therefore the frequency

Table 2. Thresholds for assessing the acoustic impact of underwater noise.
Auditory injury INJ and TTS according to NMFS (2024) criterion [dB re 1µPa2 ⋅ s].

Non-impulsive noise [dB] Impulsive noise [dB]

Threshold TTS Threshold AUD INJ Threshold TTS Threshold AUD INJ

Group SELcum24h SELcum24h SELcum24h SELcum24h

LF 177 197 168 183

HF 181 201 178 193

VHF 161 181 144 159

OW 179 199 170 185

PW 175 195 168 183
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spectrum amplitudes of the assessed noise must be weighted by the auditory weighting functions corresponding
to each group in Table 1. These auditory weighting function curves represent the hearing characteristics of the
species classified in each one of these groups.

4. Materials and methods

4.1. Measurement system

The system employed to measure of underwater acoustic attenuation, provided by the evaluated air bubble
curtain, was as follows:

– loudspeaker Lubell Labs, model LL916H (frequency response: 200Hz to 23 kHz (±15 dB) and 500Hz to
21 kHz (±10 dB)),

– Amplifier Peavey, model 2600, 75 watt rms,

– sound level meter NTI, type 1, model XL2,

– hydrophone Cetacean Research technology, model C55 (frequency response: 15Hz to 44 kHz (±3 dB) and
8Hz to 100 kHz (±12 dB)),

– eight-track recorder Tascam, model DR680,

– power source Cetacean Research technology, model 736,

– white noise source.

It is important to note that the speaker used is capable of emitting sound below 200Hz. According to the
sound pressure level plot provided by the manufacturer, the speaker is capable of producing a sound pressure
level of 130 dB re 1µPa ⋅m below 40Hz.

4.2. Hydrodynamic testing channel and bubble curtain installation

The measurement was carried out in the hydrodynamic testing channel of the Engineering Faculty at Uni-
versidad Austral de Chile (see Fig. 3). The channel is 50m in length, 3m in width, and 1.7m in depth, and is
constructed from steel. In principle, the water depth is capable of providing a work range above 200Hz, given that
lower frequencies are not propagated along the channel (Richardson et al., 1995; Urick, 2010). However, near
the source, there is propagation below this cut-off frequency, but its amplitude decays after a few wavelengths
(Möser, Barros, 2004).

Fig. 3. Hydrodynamic testing channel.

As demonstrated in Fig. 4 and Fig. 5, the distance between the sound source and the hydrophone is 20m.
The evaluation involved four configurations of the curtain, with each line comprising two diffusers and hoses.
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Fig. 4. Spatial arrangement of the four lines assessed in the study.

Fig. 5. Operational sequence of line 1 producing its bubble curtain.

The lines are designated line 1, line 2, line 3, and line 4, with their respective locations being 5m, 7m, 10m,
and 15m from the sound source. Figure 6 shows one of these lines, where each hose has a 3/4-inch diameter and
is supplied with an air flow rate of 27 l/min. The hoses have membranes producing microbubbles with diameters
between 1mm and 5mm.

Fig. 6. Configuration of the double-diffusor line.

Each measurement was repeated four times, with the hydrophone positioned in four different locations, as
illustrated in Fig. 7. The objective of these four positions was to minimize the effect of finding the hydrophones
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Fig. 7. Hydrophone positions.

at a position coinciding with a sound field diminishing at the point due to interference. This phenomenon was
also reported in previous studies (Beelen et al., 2025), so the goal here was to improve the ratio of sound signal
to background noise. To get an average value reflecting both time and space, the results from these four different
positions were combined by calculating their mean energy.

4.3. Curtains configuration and measurement methodology

The formula used to measure IL is the one set by Eq. (1), which is given by:

IL = Lps −Lpx.x [dB], (1)

where Lps is the sound pressure level generated by the loudspeaker at the position of the hydrophone and in the
absence of the evaluated curtain [dB re 1µPa], and Lpx.x is the sound pressure level generated by the loudspeaker
at the position of the hydrophone and in the presence of the evaluated curtain [dB re 1µPa].
The IL is defined as the logarithmic ratio of the sound power transmitted by a system before the insertion of

a noise control device to the sound power transmitted after insertion. This measure takes into account not only
the performance of the noise control device, but also the effects of insertion, such as the alteration of the source’s
sound power or the generation of sound by the attenuator itself (Fahy, 2001).
In the subindex x.x in Eq. (1), the first x indicates the number of the line considered, which may be 1, 2, 3

or 4. The second x indicates the number of active diffusors per line, which may be 1 or 2. For example, Lp1.1
corresponds to the noise level measured at the hydrophone position, when line 1 presents only one of its two bubble
curtains working. Lp1.2 refers to line 1 with its two bubble curtains operating. Figure 8a shows an example of
line 1 with only one of its diffusers or hoses active, and Fig. 8b, with both of its diffusers or hoses working.

a) b)

Fig. 8. a) Line 1 (L1.1) with only one of its diffusors generating a bubble curtain, b) line 1 (L1.2) with its two diffusors
generating bubble curtains.

The measurements were carried out in a laboratory environment, under controlled conditions, allowing com-
parative measurements of different air bubble curtain configurations.
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Table 3 shows the different configurations of bubble curtains that were assessed during this study.

Table 3. Curtains configuration and measurement methodology.

LpRF Background noise level present in the laboratory. Loudspeaker off.

LpRFB Background noise level with line 1, line 2 and line 3 working; each line with only one of their bubble curtains
active. Loudspeaker off.

Lps Level generated by the loudspeaker at the hydrophone position, without the presence of active curtains.

Lp1.1 Level generated by the speaker at the hydrophone position, with line 1 operating with only one of its bubble
curtains active.

Lp1.2 Level generated by the speaker at the hydrophone position, with line 1 operating with both bubble curtains
active.

Lp3.1 Level generated by the speaker at the hydrophone position, with line 3 operating with one of its bubble
curtains active.

Lp4.1 Level generated by the speaker at the hydrophone position, with line 4 operating with one of its bubble
curtains active.

Lp1.1 +Lp2.1 Level generated by the speaker at the hydrophone position with line 1 and line 2 operating, with one of its
bubble curtains active.

Lp1.1 +Lp3.1 Level generated by the speaker at the hydrophone position with line 1 and line 3 operating, with one of its
bubble curtains active.

Lp2.1 +Lp3.1 Level generated by the speaker at the hydrophone position with line 2 and line 3 operating, with one of its
bubble curtains active.

Lp1.1 +Lp2.1 +Lp3.1 Level generated by the speaker at the hydrophone position, with line 1, line 2, and line 3 operating, with
one of its curtains active.

Lp1.1 +Lp4.1 Level generated by the speaker at the hydrophone position with line 1 and line 4 operating, with one of its
bubble curtains active.

Lp1.1 +Lp3.1 +Lp4.1 Level generated by the speaker at the hydrophone position, with line 1, line 3, and line 4 operating, with
one of its curtains active.

Lp1.1, 25% Level generated by the speaker at the hydrophone position, with line 1 operating with the diffuser 1 at 25%
of maximum airflow and the diffuser 2 at 0% of its maximum airflow.

Lp1.1, 50% Level generated by the speaker at the hydrophone position, with line 1 operating with the diffuser 1 at 50%
of maximum airflow and the diffuser 2 at 0% of its maximum airflow.

Lp1.1, 75% Level generated by the speaker at the hydrophone position, with line 1 operating with the diffuser 1 at 75%
of maximum airflow and the diffuser 2 at 0% of its maximum airflow.

Lp1.1, 100% Level generated by the speaker at the hydrophone position, with line 1 operating with the diffuser 1 at 100%
of maximum airflow and the diffuser 2 at 0% of its maximum airflow.

5. Results

5.1. Measured sound pressure levels

5.1.1. Background noise levels LpBN and LpBNB

Table 4 shows the sound pressure level LpBN recorded at the hydrophone location when the sound source is
off and all bubble curtains are disconnected. It also provides the sound pressure level LpBNB, recorded under the
same conditions except for all bubble curtains active. This allows for an evaluation of the noise produced by
the bubble curtains themselves.

Table 4. Background noise levels measured at the four positions of the hydrophones with the loudspeaker off.

Hydrophone position Measured level
[dB re 1µPa]P1 P2 P3 P4

LpBN 117.9 117.6 118.3 118.0 118.0

LpBNB 119.8 119.9 120.4 120.2 120.1

5.1.2. Loudspeaker level Lps without active curtains

Table 5 shows the sound pressure level measured at the hydrophone position with the sound source operating
and all bubble curtains deactivated.
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Table 5. Sound pressure level measured at the hydrophone position with the loudspeaker driven
by white noise and all bubble curtains disconnected.

Hydrophone position Measured level
[dB re 1µPa]P1 P2 P3 P4

Lps 160.8 161.1 163.3 161.2 161.7

Lps 160.9 161.6 163.5 161.4 161.9

Average value 161.8

Figure 9 shows the frequency spectrum of the laboratory background noise, measured at the hydrophone
position with no noise source present (LpBN). Similarly, it displays the frequency spectrum of the background noise
with all bubble curtains active (LpBNB) and the frequency spectrum of the sound measured at the hydrophone
position with the sound source driven by white noise, with no active curtain (Lps).
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Fig. 9. Third-octave band frequency spectra of the sound source and background noise of the laboratory
and air generation system.

Although the speaker specifications state that its frequency response ranges from 200Hz to 23 kHz, Fig. 9
shows that below 200Hz the speaker does emit sound and is capable of producing a sound pressure level at
the hydrophone position higher than the background noise level. From 40Hz upwards, the sound pressure level
produced by the sound source at the hydrophone position is always higher than the background noise level, by
13 dB or more.

5.1.3. Levels measured for different curtain configurations

Table 6 shows the sound pressure levels at the hydrophone position during the different settings of the
evaluated curtains, as shown in Table 3. We see that the sound pressure levels obtained by using the two
bubble curtains or diffusers of line 1 (Lp1.2) are very similar to the levels obtained by using only one of the bubble
curtains of line 1 (Lp1.1). This means that the line provides almost the same broadband attenuation in both cases.
The data shows that reducing the air flow, from initially at a rate of 27 l/min, by half has virtually no effect
on the achieved sound attenuation. Therefore, in all subsequent measurements, it was determined that only one
of the two bubble curtains per line should be used.
Table 7 shows the levels obtained by modifying the percentage of the air flow of 27 l/min, applied to hose 1

of line 1. Figure 10 to Fig. 15 present frequency band attenuation for each bubble curtain configuration listed in
Table 6.
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Table 6. Sound pressure level measured at the hydrophone position with the loudspeaker driven
by white noise and with different curtain configurations.

Hydrophone position Measured level
[dB re 1µPa]P1 P2 P3 P4

Lp1.1 150.6 150.3 150.4 150.2 150.4

Lp1.2 150.2 150.0 150.4 149.9 150.1

Lp3.1 151.2 151.0 150.9 150.8 150.9

Lp4.1 151.2 150.9 151.0 150.2 150.8

Lp1.1 +Lp2.1 149.4 149.4 149.6 149.7 149.5

Lp1.1 +Lp3.1 147.8 147.8 147.7 148.1 147.9

Lp2.1 +Lp3.1 149.7 149.2 1479.2 149.5 149.4

Lp1.1 +Lp2.1 +Lp3.1 147.8 147.7 147.7 147.6 147.7

Lp1.1 +Lp4.1 146.2 146.3 146.42 146.4 146.3

Lp1.1 +Lp3.1 +Lp4.1 145.6 145.3 145.8 145.5 145.6

Table 7. Sound pressure level measured at the position P4 of the hydrophone, with the loudspeaker driven
by white noise and modifying the air flow of diffuser 1 of line 1.

Hydrophone position P4

Lp1.1 Lp1.1 Lp1.1 Lp1.1
25% 50% 75% 100%

[dB re 1µPa] [dB re 1µPa] [dB re 1µPa] [dB re 1µPa]

155.4 152.6 152.0 150.8
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Fig. 10. Third-octave band frequency spectra obtained for curtain configurations Lps, Lp1.1, and Lp1.2 (see Table 3).

5.2. Insertion loss

The IL is estimated as the difference between the sound pressure level (Lps) measured without a curtain and
the sound pressure level (Lpx.x) measured when the curtain is active (Eq. (1)). Table 8 shows the broadband IL
values obtained for the different combinations of bubble curtains. The results demonstrate that using a single
line does not affect the broadband IL, regardless of the number of curtains per line (Lp1.1 or Lp1.2) or the
distance of the line from the source or receiver. The various configurations of a single curtain result in an IL
ranging from 11 dB to 12 dB. These attenuation values are consistent with some of the results obtained in field
measurements (Nehls et al., 2015). When using two lines, the greater separation between the lines results in
the greater broadband IL, with IL values increasing by up to 15.5 dB. The use of three lines causes only a slight
further increase in ILs compared to two lines, reaching a level of 16.2 dB.
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Fig. 11. Third-octave band frequency spectra obtained for curtain configurations Lps, Lp1.1, Lp3.1, and Lp4.1 (see Table 3).
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Fig. 12. Third-octave band frequency spectra obtained for curtain configurations Lps and (Lp1.1 +Lp2.1).
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Fig. 13. Third-octave band frequency spectra obtained for curtain configurations Lps and (Lp1.1 +Lp3.1).
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Fig. 14. Third-octave band frequency spectra obtained for curtain configurations Lps and (Lp1.1 +Lp4.1).
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Fig. 15. Third-octave band frequency spectra obtained for curtain configurations Lps and (Lp1.1 +Lp2.1 +Lp3.1).

It is imperative to establish the IL for each frequency band. As illustrated in Fig. 16, the IL per the third-octave
band for line 1 is presented, considering both configurations: one active curtain Lp1.1 and two active curtains Lp1.2.
As previously indicated in Table 6 and Table 8, the IL per frequency band provided by line 1 in both configurations

Table 8. Broadband IL for the different configurations of bubble curtains evaluated [dB re 1µPa].

Curtain configuration Lps Lpx.x Broadband IL
evaluated [dB] [dB] [dB]

Lp1.1 161.8 150.4 11.4

Lp1.2 161.8 150.1 11.7

Lp3.1 161.8 150.9 10.9

Lp4.1 161.8 150.8 11.0

Lp1.1 +Lp2.1 161.8 149.5 12.3

Lp1.1 +Lp3.1 161.8 147.9 13.9

Lp1.1 +Lp4.1 161.8 146.3 15.5

Lp1.1 +Lp2.1 +Lp3.1 161.8 147.7 14.1

Lp1.1 +Lp3.1 +Lp4.1 161.8 145.6 16.2
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Fig. 16. IL by frequency bands given by line 1, configurations Lp1.1 and Lp1.2.

is practically the same. The Lp1.2 configuration is the most prevalent in salmon farming, where its attenuation is
equal to or greater than 10 dB in virtually all frequency bands from 40Hz upwards. This minimum attenuation
is consistent with that reported in another study for similar curtains (Rustemeier et al., 2012).
Figure 17 shows that, for the case of a single line, the position of the line between the source and the

receiver will produce a change in the IL per frequency band. The closer the curtain is to the receiver, the greater
the attenuation at low frequencies. This can be explained as an increase in the attenuation of low-frequency
components mechanically transmitted through the bottom of the test channel.
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Fig. 17. IL by frequency bands given by line 1, configurations Lp1.1, Lp3.1, and Lp4.1.

The employment of dual lines as opposed to a single line results in an increase in the IL per frequency band,
with an increase from 400Hz. The attenuation is directly proportional to the separation of the lines. As illustrated
in Fig. 18, utilising two lines instead of a single line results in a substantial enhancement of the IL, with the
maximum occurring within the frequency range from 400Hz to 2 kHz. This leads to IL values ranging from
15 dB to 27 dB. This frequency range corresponds with another study of bubble curtains (Beelen et al., 2025).
However, there, the IL values are considerably lower due to the limitations imposed by the low signal-to-noise
ratio (SNR) employed.
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Fig. 18. IL by frequency bands given by line 1, configurations (Lp1.1 + Lp3.1) and (Lp1.1 + Lp4.1).

5.3. Air-bubble curtains and acoustic impact reduction

These days, bubble curtains are extensively employed as an underwater noise mitigation system; however, the
extent to which the noise level of the sound source will be mitigated remains uncertain. The results of this study
demonstrate that the evaluated bubble curtain will provide the IL attenuation greater than or equal to 10 dB
in all frequency bands and all configurations. To comprehend the implications of a 10 dB reduction of a noise
level, one must consider the acoustic impact area that would result from, for instance, pile driving operations,
with and without the use of bubble curtains, as evaluated in this study. In order to assess the potential impact of
the project, e.g., on marine species, it is first necessary to estimate the sound pressure level to which the species
under study will be exposed. Equation (2) provides the noise level for each frequency band that a noise source
generates at a given distance, considering the sound propagation model characteristic of the site:

Lr = SL −N log (r) − α ⋅ r [dB], (2)

where Lr is the sound level per frequency band at a distance r [dB re 1µPa], SL is the source level per frequency
band (Leq, Lprms, SEL) [dB re 1µPa ⋅m or dB re 1µPa2 ⋅ s ⋅m], N is the local attenuation ratio, r is the distance
from the source to the receiver [m], α is the sound absorption per frequency band [dB/m].
In deep waters and in absence of sound channels, a spherical propagation is considered with N = 20. In

presence of sound channels, a cylindrical propagation is considered with N = 10.
In shallow waters, sound propagation involves a large number of reflections of the acoustic signal at the surface

and seabed, making it difficult to determine the N value that correctly describes the propagation (Jastrzębski,
2007; Khalilabadi, 2022; Lippert et al., 2018). In the case of shallow waters, field measurements of attenuation
at various distances from a noise source are typically conducted to obtain an empirical approximation of N , where
values ranging from 13 to 35 are typically observed (Richardson et al., 1995). As demonstrated in the relevant
literature, N = 15 has been shown to provide a high degree of fit with a significant number of measurements in
shallow waters (MMO, 2015; NMFS, 2021; Molnar et al., 2020). Because of this, to describe sound propagation
in our example a value N = 15 will be used.
Once the value of N has been selected or determined, the level Lr at different distances r from a source

of known level SL can be predicted. Furthermore, the maximum distance at which the emitted sound can be
perceived without generating negative effects in the receiver can be determined. To evaluate the physiological
impact on the considered marine species, the sound levels per frequency band Lr obtained from Eq. (2), or
the source levels SL of the spectrum, must be weighted by the auditory weighting functions of each animal.
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Subsequently, a comparison of the results with the highest permitted thresholds according to the applied criterion
is required. These thresholds are indicated in Table 2, corresponding to specific species of marine mammals.
Pile driving is a significant source of underwater noise, generating high levels of sound pressure. In the

context of construction, this noise source is typically the primary focus of attention in the initial phase of a project,
as it is often the most distinct. Pile driving can easily reach broadband levels close to 200 dB re 1µPa at a distance
of 1m. Table 9 presents the levels emitted at a distance of 10m during the driving of a steel pile with a dia-
meter of 1.52m. It should be noted that each strike lasted approximately 0.1 s on average.

Table 9. Sound pressure levels generated during the driving of 1.52m diameter piles, measured at a distance of 10m
and with a strike duration of 0.1 s (URS, 2011; Rodkin, Pommerenck, 2014).

Source
Lppeak Lprms SEL

[dB re 1µPa] [dB re 1µPa] [dB re 1µPa2 ⋅ s]

Pile ∅1.52m 210 195 185

By normalizing these values to a distance of 1m from the source, the SL can be obtained for the various noise
descriptors, as demonstrated in Table 10.

Table 10. Estimated sound pressure levels at a distance of 1m when driving a pile with a diameter of 1.52m.
Calculated considering a sound propagation between spherical and cylindrical 15 log(r) (Molnar et al., 2020).

Source
Lppeak Lprms SEL

[dB re 1µPa] [dB re 1µPa ⋅m] [dB re 1µPa2 ⋅ s ⋅m]

Pile ∅1.52m 225 210 200

For instance, consider a pile driving rate of three piles per day, with an estimated 270 blows required for
each pile. This results in a total of 810 blows, and the unweighted cumulative noise exposure level over a 24-hour
period is SELcum24h = 229.1 dB.
Figure 19 presents the third-band used for our noise source, based on data from 1.6m diameter pile driving

(Nehls et al., 2007). The amplitude was adjusted so its broadband level matches the cumulative sound exposure
level in our example.
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Fig. 19. Third-octave band frequency spectrum obtained for driving 1.6m diameter piles (Nehls et al., 2007).
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Table 11 summarizes the distances at which the TTS and AUD INJ thresholds are reached for five groups of
marine mammals due to pile driving of 1.52m, according to the NMFS (2024) criteria with auditory weighting
for the five animal groups. Figure 20 and Fig. 21 show the distance dependence of the weighted SEL for LF and
HF mammals, respectively, and the threshold distances assuming an attenuation ratio of 15 log(r).

Table 11. Evaluation of physiological effects as a result of driving 1.52m diameter piles without the use of air bubble
curtains. Auditory injury INJ and temporal threshold shift TTS according to NMFS (2024) criterion. Estimated considering

sound propagation as 15 log(r) (Molnar et al., 2020), [dB re 1µPa2⋅ s].

Group
SELcum24h Threshold Distance Threshold Distance
weighted [dB] TTS [dB] TTS [m] AUD INJ [dB] AUD INJ [m]

LF 227.2 168 5490 183 821

HF 214.7 178 273 193 28

VHF 201.3 144 3497 159 588

OW 212.4 170 630 185 67

PW 219.6 168 2231 183 268

Distance [m]

SELcum 24h vs distance
INJ onset: SELcum 183 dB (weighted, LF group) 
TTS onset: SELcum 168 dB (weighted, LF group)
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Fig. 20. Physiological impact ranges of sound emissions during pile driving on low-frequency (LF) marine mammals.
Attenuation factor 15 log(r).
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Fig. 21. Physiological impact ranges of sound emissions during pile driving on high-frequency (HF) marine mammals.
Attenuation factor 15 log(r).

Using a bubble curtain as tested here can reduce pile driving noise by at least 10 dB per frequency band, even
in its basic form Lp1.2. Using a conservative criterion, the spectrum levels in Fig. 19 can be reduced by 10 dB,
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thus reducing the SELcum24h level from 229.1 dB to 219.1 dB. Table 12 and Fig. 22 illustrate how such attenuation
decreases distances of occurrence of exceeding TTS and AUD INJ thresholds for high-frequency cetaceans.

Table 12. Assessment of physiological effects on the species considered as a result of driving 1.52m diameter piles and using
air bubble curtains as a mitigation measure. Estimated considering a sound propagation between spherical and cylindrical

15 log(r) (Molnar et al., 2020), [dB re 1µPa2⋅ s].

Group
SELcum24h Threshold Distance Threshold Distance
weighted [dB] TTS [dB] TTS [m] AUD INJ [dB] AUD INJ [m]

LF 217.2 168 1183 183 177

HF 204.7 178 59 193 6

VHF 191.3 144 753 159 126

OW 202.4 170 136 185 14

PW 209.6 168 481 183 58

SELcum 24h vs distance with courtain (IL: 10 dB) 
INJ onset: SELcum 193 dB (weighted, LF group) 
TTS onset: SELcum 178 dB (weighted, LF group)

Distance [m]
10⁰ 10¹ 10² 10³ 10⁴

SE
L c

um
 [d

B 
re

 1
 �

Pa
² ·

 s]

140

120

100

160

180

200

220

240

260

Fig. 22. Evaluation of the physiological effects on high frequency cetaceans HF due to pile driving
and the use of an air bubble curtain (IL: 10 dB).

By comparing Table 11 and Table 12, it is clear that with a conservative approach, employing an air bubble
curtain that provides at least 10 dB of attenuation in each frequency band leads to at least a 78.4% reduction in
the distances at which the TTS and AUD INJ thresholds are reached. This equates to a substantial decrease
in the effects of pile driving on the region’s native marine fauna.

6. Discussion

The measurements were conducted under favorable background noise conditions, yielding a SNR of at least
13 dB for frequencies above 40Hz. The background noise level reached 120.1 dB with the bubble generation
system active and 118 dB with the system inactive, both referenced to 1µPa. Sound levels produced by the
loudspeaker were measured at four distinct hydrophone positions to reduce potential wave cancellation within
the test channel, thereby enhancing the signal-to-background noise ratio. On average, the loudspeaker generated
a broadband level of 161.8 dB at the measurement points, resulting in a SNR of 41.7 dB.
With respect to attenuation achieved by a single line, in the case of line 1 – whether employing a single active

bubble curtain Lp1.1 or two active bubble curtains Lp1.2 – delivers a broadband IL between 11 dB and 12 dB
(Table 8). This suggests that the line can maintain its sound attenuation performance using only one hose. The
dual curtain setup Lp1.2 yields higher IL at some frequencies but does not notably improve broadband IL overall
(Fig. 16).
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Considering individual lines attenuation, line 1, line 3, and line 4 exhibit similar broadband IL, each presenting
values in the region of 11 dB (Table 8). This observation indicates that the specific distance of a line from
either the noise source or the receiver does not significantly influence the broadband IL. Despite the broadband
similarities, notable differences in the IL are observed in third-octave frequency bands (Fig. 17). Specifically, the
attenuation at low frequencies increases in the case of lines positioned closer to the receiver. This phenomenon
can be attributed to the mechanical transmission of noise through the bottom of the test channel, followed by its
re-radiation into the water. It is important to note that if this transmission pathway through the channel floor
were eliminated, the frequency-dependent IL data would likely converge and become more uniform across the
different line positions.
When evaluating the use of two lines, the broadband IL varies between 12.3 dB for configuration Lp1.1+Lp2.1

and 15.5 dB for configuration Lp1.1 + Lp4.1. This suggests that a greater separation between the lines results
in a higher IL. Addition of a third line between two active lines leads to a modest increase in total IL, with
an enhancement of less than 1 dB. In these cases, the maximum IL reaches 16.2 dB (Table 8 for configurations
Lp1.1 +Lp2.1 +Lp3.1 and Lp1.1 +Lp3.1 +Lp4.1).
For the third-octave band IL, single lines offer an IL between 10 dB and 25 dB, ensuring that single lines

always achieve at least 10 dB of broadband attenuation. Enhancing the SNR at frequencies below 40Hz could
further raise this minimum attenuation. In contrast, double lines provide the IL from 11 dB to 27 dB and cover
a broader frequency range than single lines. Their highest attenuation is between 400Hz and 2 kHz.
Comparing Table 11 and Table 12 reveals that using a bubble curtain achieving 10 dB IL in each frequency

band reduces the distance at which physiological damage thresholds are reached by 78.4%.
For the LF cetacean group – which includes species like blue, humpback, and fin whales – Table 11 indicates

that any individual within 821m of pile driving activity risks auditory injury (AUD INJ) during a 24-hour
exposure. With air bubble curtains providing 10 dB noise attenuation, this risk zone is reduced from 821m to
177m (refer to Table 12). For threshold shift (TTS) in the LF group, the affected distance decreases from 5490m
to 1183m.
In the HF group individuals within distance below 3497m of pile driving risk TTS, and those within 588m

risk AUD INJ; employing bubble curtains reduces these distances to 753m and 126m, respectively (see Table 11
and Table 12).

7. Conclusion

The results of this study demonstrate that the bubble curtains evaluated function effectively as acoustic
barriers and can serve as a viable underwater noise mitigation measure, aligning with the new requirements of
the Environmental Assessment Service for controlling high energy anthropogenic underwater noise.
Laboratory measurements of IL enabled systematic comparison of different bubble curtain configurations

under stable and controlled conditions, thereby avoiding the variability inherent in field measurements.
Across all tested configurations, the air bubble curtains achieved the IL of at least 10 dB in every frequency

band. Applying a conservative criterion, the evaluated bubble curtain – when deployed as a mitigation measure
for pile driving – would provide a minimum attenuation of 10 dB per frequency band, even in its simplest
configuration. This reduction translates into a decrease of at least 78.4% in the physiological risk area for marine
mammals.
It should be noted, however, that attenuation performance in the field may vary depending on factors such as

SNR, seabed sound transmission, and the variation of the structural integrity of the bubble curtain with depth
and ocean currents.
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Acoustic scattering scale models often fail to meet the acoustic similarity design requirements due to
limitations in fabrication technology, testing facilities, and safe transportation, which restrict the accurate
extrapolation of acoustic scattering characteristics between scaled models and full-scale ships. To overcome
this challenge, the present study applies highlight model theory to perform acoustic similarity analysis and to
correct the local target strength of simple objects in the model based on overall acoustic scattering correction.
A novel method for correcting the target strength of non-proportional scaled models is proposed. The method is
validated using various model geometries, including ellipsoids, finite-length cylinders, truncated elliptical cones,
and complex structures. Additionally, the plate element method is employed for target strength correction and
scaling conversion analysis for non-proportional scaled models. The study highlights the variation in target
strength due to changes in geometric dimensions and demonstrates the effectiveness of the proposed correction
method. The results indicate that the proposed correction approach allows for more accurate extrapolation of
target strength from non-proportional scaled models to full-scale prototypes, thereby better satisfying the
requirements of practical engineering applications.
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1. Introduction

Underwater target acoustic scattering experiments are categorized into full-scale ship tests and scaled model
tests. Scaled model tests involve conducting experiments using a scaled-down model under controlled conditions
(Tang et al., 2018). These tests offer enhanced controllability and repeatability, making them ideal for in-depth
analysis of scattering mechanism. Gao and Lin (2019) performed pool tests on a novel underwater vehicle,
designing and validating a system capable of five degrees of freedom movement, thus confirming the feasibility
of using fan-shaped wings underwater. Ke et al. (2024) investigated the acoustic scattering characteristics of
a propeller through lake tests, validating a static acoustic scattering prediction method for ship propellers with
complex linear geometries. Liu et al. (2023) conducted acoustic scattering tests on a 1/16 scaled model of an
underwater vehicle, validating the accuracy of a patch-correction highlight model prediction approach. Xue
et al. (2023) performed acoustic target strength tests on a benchmark scaled model, verifying the reliability of

https://acoustics.ippt.pan.pl/index.php/aa/index
https://doi.org/10.24423/archacoust.2026.4286
mailto:zlp_just@sina.com
https://creativecommons.org/licenses/by/4.0/


184 Archives of Acoustics – Volume 51, Number 1, 2026

the curved element method through comparison with the plate element method. Zhou et al. (2021) designed
a ship shafting propulsion system using aerodynamic scaling relations, confirming the design’s feasibility through
simulations and experiments. Yu et al. (1999; 2002a) carried out similarity tests on structural vibrations in air
and sound radiation in water for a ribbed cylindrical shell model, establishing corresponding similarity scaling
relationships.
Scaled model multi-base elastic wave tests enable the analysis of elastic wave generation mechanisms and

propagation paths (Agounad et al., 2020; 2023; Ting et al., 2019). Stulenkov et al. (2024) examined the
acoustic field of a propeller, focusing on the resonance frequencies of its blades, using a combination of numerical
simulations and experimental physical modeling. They also demonstrated the influence of the Q-factor on the
radiation spectrum through propeller models made from different materials. Yan and Wang (2025) developed
a composite structure model using thin-film metamaterials for low-frequency underwater sound absorption. The
model was fabricated and validated through numerical simulations and experiments, and the effects of material
properties, thickness, and mass block distribution on acoustic performance were analyzed, providing new insights
for underwater stealth technology. Tao et al. (2025) proposed a deep learning model based on low-frequency
analysis and recording (LOFAR) spectral features to mitigate the impact of ship underwater radiated noise
(VURN) on underwater acoustic communication. Simulations and experiments demonstrated that the proposed
method offers greater robustness and lower bit error rates under varying signal-to-noise ratios. Feng et al.
(2025) introduced a time-difference-of-arrival (TDOA) sequence estimation method based on a hidden Markov
model (HMM) for passive positioning systems with wideband underwater moving sound sources and distributed
hydrophones. The effectiveness of the method was validated through simulations and lake experiments. Although
these studies differ in their research objectives and methodologies, they all employ scale model experiments to
empirically validate theoretical analyses, numerical simulations, or design concepts under controlled conditions.
However, they focus exclusively on geometrically scaled models rather than non-geometrically scaled models.
Non-proportional scaled models can lead to inaccurate conclusions or data deviations, undermining the cred-

ibility and scientific value of research. To mitigate the impact of non-proportional scaling on experiments, large-
scale models are often employed to simplify model fabrication. For example, the United States developed the
large-scale ‘Kamloops’ model for sonar fairing design, while the large scale vehicle (LSV) series models were also
used for testing to enhance design (Liu et al., 2017). Wang et al. (2024) proposed a novel similarity method
for box girders subjected to combined effects of bending moments and lateral pressure, which disregards the
similarity criteria of cross-sectional properties and instead focuses solely on strength-based similarity criteria.
Using this approach, similarity relations for the ultimate moment and applied lateral pressure were derived, and
a step-by-step procedure for scale model design was proposed. Ge et al. (2024) introduced a discretized macro-
element (DME) method that integrates experimental, numerical, and analytical techniques to rapidly assess the
crushing behavior and protective performance of crashworthy devices in ship collisions. Based on similarity laws,
the crush curve for large crashworthy devices was derived, and the advantages of the DME method in accu-
rately capturing local deformation and improving computational efficiency were demonstrated. Liu et al. (2024)
conducted wave pool experiments to investigate the hydrodynamic response characteristics of a scaled model
of a submerged floating tunnel (SFT) and the effects of local cable breakage. The results indicated that under
lower wave excitation, self-vibration of the SFT becomes more pronounced, and the response is more sensitive
to variations in cable force, which is also influenced by immersion depth. Li et al. (2020) developed a method to
assess the structural performance of beams on ultra-large container ships. A scaled model testing system based
on Buckingham’s theorem and Froude scaling law was implemented, and systematic experimental and numeri-
cal analyses were conducted on the stay cables, providing substantial support for the design and optimization
of ultra-large cable-stayed bridges. To address potential biases introduced by non-proportional scaled models,
current research is shifting from traditional geometric similarity toward a deeper focus on physical mechanism
similarity, with an emphasis on developing tailored similitude criteria for specific structural responses.
Yu and Lu (2001) and Yu et al. (2002b) employed the energy method to analyze the loss factor, surface sound

reflection, and scale effects caused by small mass blocks in large-scale acoustic models of underwater vehicles,
controlling these effects through model design. However, the fabrication of large-scale models is costly, requires
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specialized experimental equipment, and imposes high demands on the width and depth of the test water area.
During the construction of scaled models, material losses inevitably affect acoustic similarity. To address the
limitations of traditional proportional scaling schemes in meeting rigid-body overload similarity requirements,
Liu et al. (2020) investigated non-proportional scaling penetration similarity laws and proposed a corresponding
non-proportional scaling test design method.Wang et al. (2021) focused on material properties and introduced
dimensionless numbers to characterize the similarity of strain hardening, strain-rate sensitivity, and tempera-
ture softening effects, based on similarity analysis of the thermal-viscosity constitutive equation. Wang et al.
(2023) examined the scaling characteristics of geometrically distorted models using similarity criteria and de-
sign methods, analyzing various combinations of scaled models and providing guidance on the design of scaled
models. Zhang et al. (2001) applied similarity theory to analyze key dimensionless quantities in the cylindrical
shell sound field formula and employed material compensation to maintain similarity between the compensated
sound field and the prototype sound field. By effectively correcting the data, the accuracy of scaled-model results
can be enhanced. Huijgens et al. (2021) accurately simulated the interaction between the propeller and the
engine by correcting viscous scale effects and torsional axis dynamics through testing.
From the early focus on performance control of large-scale acoustic models, to the establishment of scaling

laws with non-geometric similarity for mechanical processes, and further to in-depth similarity analysis and com-
pensation of material constitutive properties and geometric characteristics, research has progressively advanced
in scaled-model studies. The correction methods for scaled models outlined above primarily focus on the models
themselves. These methods involve utilizing large-scale models, adjusting the physical properties of materials,
and correcting influencing parameters, with the aim of minimizing the potential impact of geometric scaling on
scaled-model experiments. However, the effects of non-proportional scaling on target strength, as well as meth-
ods for correcting target strength in non-proportional scaled models, remain areas requiring further investigation.
The concept of non-proportional scaling is illustrated in Fig. 1. To address these challenges, this study proposes
a correction approach based on highlight model theory (Tang et al., 1994), integrated with sound-scattering sim-
ilarity, to effectively correct the results of scaled-model experiments and enhance their accuracy and reliability.
The findings demonstrate that this correction method is not only theoretically sound but also holds significant
practical application value in real-world experiments.Non-proportional Scaling of the Basic Model

Ellipsoid

Finite-length cylinder

Frustum of an elliptical cone

Fig. 1. Diagram of the non-proportional scaling of the base model.

The work presented in this paper is structured as follows. First, correction methods for the target strength
of scaled models under various operating conditions (ellipsoid, finite-length cylinder, and frustum) are derived
using highlight model theory. Second, the plate element method (Fan et al., 2012) is employed to correct the
target strength of the scaled models under different operating conditions, with the corrected results compared
to the target strength of the prototype to assess the feasibility of the correction method. Finally, a complex
computational model is developed to further correct the target strength of the scaled model. By comparing
the corrected results with those of the prototype, the applicability and effectiveness of the proposed correction
method are validated.
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2. Geometric highlight model of simple targets

The primary theoretical modeling methods for underwater target echo characteristics can be categorized into
two approaches: the ‘decomposition-synthesis’ method (also known as the component method) and the numerical
integration method. In the component method, the echo of each individual component or sub-target is modeled
using a highlight model derived from physical acoustics. This model, referred to as the ‘highlight model,’ is
particularly suitable for engineering applications. This paper provides a comprehensive overview of the shape
features of underwater vehicles and derives the geometric highlight parameters for several typical sub-targets, as
illustrated in Fig. 2.

Hemisphere
Finite length cylinder

Stern

Stern rubber

Fig. 2. 3D model of an underwater vehicle and its component decomposition.

The underwater vehicle is composed of simple geometric components, including an ellipsoid at the bow,
a cylindrical section at the mid-body, and an elliptical-cone frustum at the stern, along with the sail housing,
elevators, and stern rudders (Schneider et al., 2003). In Fig. 2, when assembling the vehicle from components
such as the hemisphere, finite-length cylinder, and sail housing, the spatial position relationships between the
components are not taken into account. Instead, an incoherent superposition method is employed.
The method proposed in this paper is based on the ‘highlight model’ theory. The highlight model is an ap-

proximate method applicable under high-frequency conditions, and this study primarily focuses on the geometric
components of underwater vehicles. These vehicles are mostly rigid structures, and the study mainly concerns
structures made of structural steel.
During underwater scaled-model testing, factors such as manufacturing tolerances and transportation con-

straints may prevent the target strength of the scaled model from being directly converted to that of the prototype
using scaling ratios. The method proposed in this paper can be applied to correct the target strength of the scaled
model. The geometric highlight model for simple targets is primarily used to calculate unscaled structures. In
practical applications, it can be utilized to correct the acoustic target strength of imperfectly scaled models,
thereby establishing a link between the acoustic target strength of the scaled model and that of the prototype.

2.1. Ellipsoid

The ellipsoid is a fundamental geometric shape commonly used as an approximation in early echo prediction
models for underwater vehicles. It is also one of the first types of sub-targets to be studied. When the major and
minor axes are equal, the ellipsoid degenerates into a sphere. This shape can effectively approximate the head of
an underwater vehicle.
The coordinate system is shown in Fig. 3, where the ellipsoid’s semi-major axis is denoted as a and the semi-

minor axis as b. When a sound wave is incident at an angle of φ, the highlight transfer function of the rotating
ellipsoid can be derived using physical acoustics methods and the stationary-phase integration:

H(rω) =
1

2

a2 sin2 v0 + b
2 cos2 v0

a
e2iω

√

(b sinv0)2+(a cosv0)2 cos(φ−a)/c, (1)

where tan v0 = (b/a) tanφ, tanα = (b/a)
2
tanφ, and c is the sound speed in water, ω is the angular frequency.

When the semi-major and semi-minor axes are equal, (i.e., a = b), the transfer function for a spherical target
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Fig. 3. Diagram for calculating the echo of an ellipsoid.

is obtained. In the transfer function, the phase factor represents the transmission path of the echo. Ignoring the
phase factor, the target strength formula for the ellipsoid is expressed as

TS = 20 log(H(rω)) = 20 log(
1

2

a2 sin2 v0 + b
2 cos2 v0

a
) . (2)

2.2. Finite-length elliptical cylinder

The finite-length elliptical cylinder is a significant type of sub-target. The shapes of early submarine sail
enclosures, tail fins, and diving planes closely resemble an elliptical cylinder. When the major and minor axes are
equal, the elliptical cylinder degenerates into a cylindrical shape. This model can be used to approximate both
the pressure hull and non-pressure hull sections of a submarine. A finite-length cylindrical shape is illustrated in
Fig. 4. In this configuration, the long semi-axis (a) of the ellipse aligns with the x-axis, the short semi-axis (b) is
along the y-axis, and the side length (h) is oriented along the z-axis. This discussion focuses on the case of vertical
incidence with respect to the z-axis, where the sound wave propagates in the xy-plane. Under these conditions,
only the echo from the side needs to be considered. The target strength of the finite-length elliptical cylinder is
given by

TS = 10 log (
1

λ2
∣I ∣

2
) . (3)

z

x

y
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h



 

Fig. 4. Diagram for calculating the echo of a finite-length elliptical cylinder.

The phase factor represents the propagation path of the echo. After neglecting the phase factor, the expression
for I becomes:

I =

√
π

k

hab

(a2 cos2 φ + b2 sin2 φ)3/4
, (4)

where k denotes the wave number (k = π/λ), h represents the height of the finite-length elliptical cylinder, a and b
correspond to the long and short semi-axes of the elliptical cylinder, respectively, and λ is the wavelength.

2.3. Frustum of an elliptical cone

A frustum of an elliptical cone is a significant type of sub-target, from which a frustum of a circular cone can be
derived. Both the front and rear edges of the frustum have a specific slope, and it can be utilized to approximate
control surfaces such as the fuselage rudder, horizontal tailplane, and vertical tailplane, either individually or
in combination with other basic geometric shapes. The frustum of an elliptical cone is illustrated in Fig. 5.
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Fig. 5. Diagram for calculating the echo of a frustum of an elliptical cone.

The key parameters of the elliptical cone frustum include the semi-major axis (a) and semi-minor axis (b) of
the upper base, the height (L) of the upper section, the height of the lower base (L1) and the half-apex angle (β).
The highlight on the frustum of the elliptical cone can also be equivalently regarded as the edge points of the
upper and lower edges. By applying methods from physical acoustics and stationary-phase analysis, the following
expression for the highlight transfer function can be derived:

H(rω) = H1(rω) +H2(rω), (5)

H1(rω) = A1e
iωτ1eiφ1 , (6)

H2(rω) = A2e
iωτ2eiφ2 , (7)

A1 =
1

4

√
L

πk

η3/2 tan1/2 β

sin1/2 θ(sin2 φ + η2 cos2 φ)1/4

sin θ(sin2 φ + η2 cos2 φ)−1/2 − 1
η
tanβ cos θ

sin θ tanβ(sin2 φ + η2 cos2 φ)1/2 + η cos θ
, (8)

A2 =
1

4

√
L1

πk

η3/2 tan1/2 β

sin1/2 θ(sin2 φ + η2 cos2 φ)1/4

sin θ(sin2 φ + η2 cos2 φ)−1/2 − 1
η
tanβ cos θ

sin θ tanβ(sin2 φ + η2 cos2 φ)1/2 + η cos θ
, (9)

τ1 = 2L(sin θ tanβ (cos2 φ +
1

η2
sin2 φ)

1/2

+ cos θ)/c, (10)

τ2 = 2L1 (sin θ tanβ (cos
2 φ +

1

η2
sin2 φ)

1/2

+ cos θ)/c, (11)

where φ1 = −
5
4
π, φ2 = −

1
4
π, η = a

b
.

The phase factor represents the propagation path of the echo. By neglecting the phase factor, the target
strength of the frustum of an elliptical cone is given by

TS = 20 log(H(r⃗ω)) = 20 log(A1 +A2). (12)

3. Target strength correction for scale models

This section focuses on ellipsoids, finite-length elliptical cylinders, and frustums of elliptical cones as the
primary research objects. By combining acoustic similarity theory with the geometric scattering model theory,
a correction method for the target strength of non-geometrically scaled models is developed. The proposed
correction method is subsequently validated using the plate element method.
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3.1. Correction of target strength for the ellipsoid

The target strength formula for the ellipsoid, derived in Subsec. 2.1, demonstrates that the target strength
depends on the ellipsoid’s geometric dimensions and the incident angle. This section examines the variations in
ellipsoid target strength under different incident angles for non-proportional scaling:

1) incidence angle 0○:
when the incident angle φ = 0○, substituting into the equation tan v0 = (b/a) tanφ, we obtain v0 = kπ. At
this point, the target strength of the ellipsoid is

TS = 10 log(H(rω)) = 20 log(
b2

2a
) . (13)

The major semi-axes of the ellipsoid, a and b, are scaled by the scaling factors Nx and Ny, respectively,
such that a = Nxa

′ and b = Nyb
′, where the variables in the scaled model are denoted with a prime (′). The

difference in target strength between the scaled model and the prototype is given by

∆TS = TS −TS′ = 20 log(N2
y /Nx); (14)

2) incidence angle 90○:
when the incident angle φ = 90○, substituting into the equation tan v0 = (b/a) tanφ, we obtain v0 = π/2+kπ.
At this point, the target strength of the ellipsoid is

TS = 10 log(H(rω)) = 20 log (
a

2
) . (15)

The major semi-axes of the ellipsoid, a and b, are scaled by the scaling factors Nx and Ny, respectively, i.e.,
a = Nxa

′ and b = Nyb
′, where the variables in the scaled model are denoted with a prime (′). The difference

in target strength between the scaled model and the prototype is

∆TS = TS −TS′ = 20 log(Nx). (16)

For an ellipsoid with a major axis of 38m and a minor axis of 2m, the major axis is scaled down by a factor
of 2, while the minor axis remains unchanged. The target strength is calculated for sound wave incident angles of
0○ and 90○, considering both reception and transmission alignment. The target strength is then corrected using
the derived method, and the corrected results are presented in Fig. 6.
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Fig. 6. Target strength of the ellipsoid with a non-isotropic scaling model after correction:
a) incident angle of 0○, b) incident angle of 90○.

As shown in Fig. 6, with the reduction of the ellipsoid’s major axis, the target strength correction for the
scaled model at an incident angle of 0○ is −6.02 dB. The corrected result is presented in Fig. 6a, and the average
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absolute error between the corrected scaled model’s target strength and the prototype’s target strength is 0.05 dB.
At an incident angle of 90○, the target strength correction for the scaled model is 6.02 dB. The correction result
is shown in Fig. 6b, and the average absolute error between the corrected scaled model’s target strength and the
prototype’s target strength is 0.10 dB.

3.2. Correction of target strength for a finite-length elliptical cylinder

According to the target strength equation for the finite-length elliptical cylinder derived in Subsec. 2.2, the
target strength of the finite-length cylinder depends on the its geometric dimensions, incident angle, and inci-
dent frequency. This section examines the variation in target strength after non-isotropic scaling under different
incident angles.
The variables a, b, and h are scaled by scale factors Nx, Ny, and Nz, respectively, i.e., a = Nxa

′, b = Nyb
′,

h = Nzh
′, where the relevant variables of the scaled model are denoted with primes (′). The difference in target

strength between the scaled model and the prototype is expressed as

∆TS = TS −TS′ = 20 log(Iλ′/I ′λ). (17)

From the above equation, it can be seen that the variation in target strength of the non-isotropically scaled model
is related to the value of Iλ′/I ′λ. The he value of Iλ′/I ′λ can be expressed as follows:

Iλ′

I ′λ
= (

f

f ′
)

1/2

NxNyNz (
a′2 cos2 φ + b′2 sin2 φ

(Nxa′)2 cos2 φ + (Nyb′)2 sin
2 φ
)

3/4

; (18)

1) incidence angle is 0○:
when the incident angle is 0○, i.e., φ = 0○, the target strength formula can be simplified to:

Iλ′

I ′λ
= (

f

f ′
)

1/2 NyNz
√
Nx

; (19)

2) incidence angle is 90○:
when the incident angle is 90○, i.e., φ = 90○, the target strength formula can be simplified to:

Iλ′

I ′λ
= (

f

f ′
)

1/2 NxNz
√
Ny

. (20)

The target strength of an elliptical cylinder with a long semi-axis a = 4m, a short semi-axis b = 2m, and
a height h = 10m is calculated for frequencies ranging from 1 kHz to 10 kHz with a step size of 100Hz. A scaled
model 1 is constructed with a long semi-axis a = 4m, a short semi-axis b = 2m, and a height h = 6m, and the
target strength is calculated for the same frequency range and step size. A scaled model 2 is constructed with
a long semi-axis a = 2m, a short semi-axis b = 1m, and a height h = 10m, and the target strength is calculated
again for the same frequency range and step size.
As shown in Fig. 7, as the height of the elliptical cylinder decreases, the corrected scaled-model target

strength becomes 4.43 dB. The correction result is presented in Fig. 7a, where the corrected scaled model tar-
get strength closely matches the original target strength. As the semi-major and semi-minor axes of the elliptical
base are scaled, the corrected scaled model target strength is 3.01 dB. The correction result is shown in Fig. 7b,
where the corrected scaled model target strength closely matches the prototype target strength.

3.3. Correction of target strength for an elliptical frustum

According to the target strength formula for the truncated elliptical frustum derived in Subsec. 2.3, it is
known that the target strength of the truncated elliptical frustum depends on the geometric dimensions, incident



J. Zhang et al. – Similarity Analysis and Target Strength Correction. . . 191

a)

1k 2k 3k 4k 5k 6k 7k 8k 9k 10k
18

21

24

27

30

33

36

 Prototype

 Scale Model

T
S

/d
B

f/Hz

1k 2k 3k 4k 5k
-16

-14

-12

-10

-8

-6

-4

-2

T
S

/d
B

f/Hz

 Prototype

 Scale Model

1k 2k 3k 4k 5k 6k 7k 8k 9k 10k
18

21

24

27

30

33

36

 Prototype

 Scale Model

T
S

/d
B

f/Hz

Prototype
Scaled model
After scaled model correction

f [Hz]

Ta
rg

et
 st

re
ng

th
 [d

B
]

b)

1k 2k 3k 4k 5k 6k 7k 8k 9k 10k
20

22

24

26

28

30

32

34

36

 Prototype

 Scale Model

 After Scale Model Correction

T
S

/d
B

f/Hz  

1k 2k 3k 4k 5k
-16

-14

-12

-10

-8

-6

-4

-2

T
S

/d
B

f/Hz

 Prototype

 Scale Model

 After Scale Model Correction

 
1k 2k 3k 4k 5k 6k 7k 8k 9k 10k

18

21

24

27

30

33

36

 Prototype

 Scale Model

 After Scale Model Correction

T
S

/d
B

f/Hz  

Prototype
Scaled model
After scaled model correction

f [Hz]

Ta
rg

et
 st

re
ng

th
 [d

B
]

Fig. 7. Comparison of the original target strength and the corrected scaled-model target strength: a) model 1, b) model 2.

angle, and incident frequency. This section discusses the variation in the target strength of the truncated elliptical
frustum after non-isotropic scaling, specifically for an incident angle of 90○.
When the incident angle is 90○, i.e., θ = 90○, the target strength formula can be simplified as follows:

A1 =
1

4

√
L

πk

η3/2 tan1/2 β

(sin2 φ + η2 cos2 φ)1/4
(sin2 φ + η2 cos2 φ)−1/2

tanβ(sin2 φ + η2 cos2 φ)1/2
, (21)

A2 =
1

4

√
L1

πk

η3/2 tan1/2 β

(sin2 φ + η2 cos2 φ)1/4
(sin2 φ + η2 cos2 φ)−1/2

tanβ(sin2 φ + η2 cos2 φ)1/2
. (22)

For the case of a circular base frustum (η = 1) and φ = 0○:

A1 =
1

4

√
L

πk

1

tan1/2 β
, A2 =

1

4

√
L1

πk

1

tan1/2 β
.

From the aforementioned equations, it can be seen that the change in target strength of the non-geometrically
scaled model is related to the half-apex angle β, and the value of β depends on the geometric dimensions of the
truncated cone. Next, we discuss the relationship between the length scale ratio of the truncated cone and
the half-apex angle β. The radius of the truncated cone base a and the height L are scaled by the scale factors
Nx and Ny, respectively, i.e., a = Nxa

′ and L = NyL
′, where the variables for the scaled model are denoted with

a prime. The difference in target strength between the scaled model and the prototype is

∆TS = TS −TS′ = 20 log(
A1 +A2

A′1 +A
′

2

) , (23)

∆TS = 20 log
⎛

⎝

tan1/2 β′

tan1/2 β

√
L +
√
L1

√
L′ +
√
L′1

⎞

⎠
. (24)

As shown in Fig. 5, tanβ = a/L and tanβ′ = a′/L′. The relationship between the target strength difference and
the scale ratio can thus be expressed as

∆TS = 20 log(
Ny
√
Nx

) . (25)

The target strength of a truncated cone with a lower base radius of 4m, an upper base radius of 1m, and
a height of 6m is calculated for frequencies ranging from 1 kHz to 10 kHz and a step size of 100Hz. Scaled model 1
is constructed with a lower base radius of 2.4m, an upper base radius of 0.6m, and a height of 6m, and its target
strength is calculated over the same frequency range and step size. Scaled model 2 is constructed with a lower
base radius of 4m, an upper base radius of 1m, and a height of 4m, and its target strength is also calculated for
the same frequency range and step size.
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As shown in Fig. 8, with the scaling of the semi-major and semi-minor axes of the base ellipse, the correction
value for the target strength of the scaled model is 2.21 dB, as illustrated in Fig. 8a. The corrected target strength
of the scaled model closely matches that of the prototype. As the height of the elliptical cone is reduced, the
correction value for the target strength of the scaled model increases to 3.01 dB, with the corrected result shown in
Fig. 8b. The average absolute error between the corrected target strength of the scaled model and the prototype
target strength is 0.24 dB.
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Fig. 8. Comparison of the original target strength and the corrected scaled-model target strength: a) model 1, b) model 2.

4. Target strength correction of the non-geometrically scaled model for the combined structure

A typical underwater vehicle is composed of simple geometric components such as ellipsoids, cylinders, and
truncated elliptical frustum. Using the method of energy superposition, the target strength of the combined
structure is given by

TS = 10 log (10
(

TS1
10 ) + 10

(
TS2
10 ) + 10

(
TS3
10 )), (26)

where TS represents the target strength of the combined structure, and TS1 to TS3 represent the target strengths
of the individual geometric components. After the combined structure undergoes non-geometrical scaling, the
target strengths of each component are denoted as TS′, TS′1 to TS

′

3. At this point, each component has a corre-
sponding correction factor ∆TS1 to ∆TS3, and the following equation holds:

TS = 10 log(10
(

TS′1+∆TS1
10 )

+ 10
(

TS′2+∆TS2
10 )

+ 10
(

TS′3+∆TS3
10 )

). (27)

If the correction values for each component are the same (∆TS1 = ∆TS2 = ∆TS3 = ∆TS), the formula can be
simplified to:

TS = TS′ +∆TS. (28)

This study designs a rotational body model composed of an ellipsoid, a cylinder, and a conical frustum. In
practical applications, the correction methods for different regions of a complex model are not identical, and the
actual correction coefficients for each region can vary. In such cases, the scaling model correction coefficients must
be solved separately for each region to complete the target strength correction. The method proposed in this
paper uses the geometric highlight model formula, applying non-proportional scaling to the geometric- dimension-
related variables in the formula to determine the difference between the target strength of the non-geometrically
scaled model and that of the prototype. This enables rapid correction of the scaled model’s target strength for
practical engineering applications.
The model consists of a head ellipsoid, a central cylinder, and a tail concentric frustum. The interior of the

complex model is filled with air, and the specific parameters of the model are shown in Fig. 9, where L1 is
the long radius of the model’s shell ellipsoid (5m), L2 is the length of the model’s shell cylinder (10m), L3 is the
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Fig. 9. Schematic diagram of the complex model dimensions.

height of the model’s shell frustum (5m), ∅1 is the diameter of the model’s shell cylinder (5m), and ∅2 is the
diameter of the small end face of the model’s shell frustum (0.6m).
To calculate the target strength of the complex model, the calculation frequency ranges from 1 kHz to 10 kHz

with a step size of 100Hz. For length-scaled model 1 (Fig. 10a): the length of the complex model is scaled down
by a factor of 0.75, while the radius of the rotational body remains unchanged. The calculation frequency is
1 kHz to 10 kHz with a step size of 100Hz. For radius-scaled model 2 (Fig. 10b): the radius of the complex model
is scaled down by a factor of 0.6, while the length of the rotational body remains unchanged. The calculation
frequency is 1 kHz to 10 kHz with a step size of 100Hz.
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Fig. 10. Comparison of the original target strength and the corrected scaled model target strength:
a) length-scaled model 1, b) radius-scaled model 2.

As shown in Fig. 10, as the height of the ellipsoid cylinder decreases, the target strength correction of the
scaled model is 2.49 dB. The correction results are shown in Fig. 10a, where the average absolute error between
the corrected scaled model’s target strength and the prototype’s target strength is 0.16 dB. As the semi-major and
semi-minor axes of the bottom ellipse are scaled, the target strength correction of the scaled model is 2.21 dB. The
correction results are shown in Fig. 10b, where the average absolute error between the corrected scaled model’s
target strength and the prototype’s target strength is 0.18 dB.

5. Conclusions

This paper investigated simple targets (ellipsoids, finite-length cylinders, and frustums of elliptical cones) as
well as rotating bodies. Based on the highlight model theory, the paper analyzed the impact of geometric size
changes in scaled models on target strength and established a correction formula for non-proportionally scaled
models. The feasibility of this target strength correction method was verified using plate element methods. The
main conclusions are as follows:

1. This paper proposes a correction method suitable for the mid-to-high frequency range. The method, based on
the highlight model theory, addresses geometric scales in the target strength solution formula by considering
proportional changes in the geometric scales. It summarizes the target strength variation law and develops
a corresponding correction method. However, the omission of low-frequency elastic resonance reduces the
accuracy of the target strength correction. Additionally, geometric target strength is closely related to
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the angle of incidence of the sound waves. This paper also discusses the target strength correction method
for non-proportional scaled models under specific incident-angle conditions.

2. Non-proportional scaled models of simple geometric targets (ellipsoids, cylinders, and frustums of cones)
can be corrected using the highlight model theory. When correcting the target strength of an ellipsoid
non-proportional scaled model, the scale ratio of the semi-major and semi-minor axes must be considered.
For a finite-length cylinder, the scale ratios of the cylinder’s base radius and height are important. For
a frustum of a cone, the scale ratios of the cone’s height and base radius need to be accounted for. After
correction, the target strength of these simple geometric models is generally consistent with that of the
prototype.

3. The rotating body model designed in this paper consists of an ellipsoid, a cylinder, and a frustum of a cone.
For the non-proportional scaled model of this combined body, the paper, based on the highlight model
theory and using the energy superposition method, derives the target strength correction method. The
complex model exhibits significant curvature changes at the junction of the cylinder and the frustum of
the cone. When sound waves are incident at this junction, corner waves are generated. In this case, the
correction method based on the energy superposition method introduces some errors.

4. The correction method proposed in this paper is designed for rapid target strength correction of scaled mod-
els under engineering-scale characteristic-angle conditions, utilizing the highlight model theory. In practical
applications, the scale ratios of different parts of the same model can vary. As the incident angle changes,
the model’s target strength solution formula also changes. Therefore, different incident angles must be con-
sidered separately, as the target strength value varies with the incident angle, and the correction coefficient
cannot be represented by a single numerical value. When correcting the target strength of complex mod-
els, it is essential to analyze the incident-reflection conditions of different components and account for the
impact of various incident angles. Different components require different correction coefficients.

Currently, correction methods for scaled models are mainly applied to shell vibration and acoustic radiation
similarity, while research on sound-scattering similarity correction methods is relatively limited. This paper
proposes a rapid target strength correction method for scaled models in engineering applications, achieving certain
correction effects. However, the accuracy and applicability of this method still require further improvement.
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The research described in this article concerns sound-insulating enclosures used for sound sources imitating
a noisy machine or device. It is a continuation of experimental tests and modelling studies previously conducted
on a prototype test stand, in which the enclosure walls measured 0.7m× 0.7m. The main aim of the current
research was to estimate the acoustic efficiency of the enclosures through experimental testing on a new stand
with walls measuring 0.55m× 0.55m, conducted under conditions similar to those found in an industrial facility.
Tests conducted on five wall types of varying thicknesses, made of materials such as steel, aluminium, and
plexiglass, enabled the development of a calculation model for insertion loss (IL), which can be used based
on the material data for the enclosure walls. The model was validated through further experimental tests
covering four additional material variants, and a high correlation of the results was obtained. The influence of
the calculation model used for the enclosure wall transmission loss on the IL result was also investigated. The
results of the experimental tests and modelling studies were also compared with those obtained for a larger
enclosure made of the same wall materials. The research described in the current article may have practical
applications in the selection of walls of cube-shaped enclosures and in estimating their effectiveness in a cost-
free manner, assuming that appropriate material data are used in the calculations.
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1. Introduction

Homogeneous sound-insulating baffles have a number of applications in noise protection solutions. They can
be used individually as shields or wall elements of acoustic barriers, or as walls of sound-insulating enclosures,
usually designed to completely or partially isolate excessively noisy machines or devices (Barron, 2003; Vér,
Beranek, 2006; Pawelczyk, Wrona, 2022; Chiu, 2012). The basic parameter determining the effectiveness of
an acoustic enclosure is the insertion loss (IL). This parameter can be determined experimentally, based on the
difference in sound power levels between the unenclosed and enclosed sound sources, or by using computational
models, such as statistical energy analysis (SEA) (Nieradka, Dobrucki, 2018; Kim et al., 2014; Lei et al.,
2012; Ming, Pan, 2004), or numerical methods (Zhou et al., 2011; Agahi et al., 1999).
Selecting the proper material for an enclosure wall has a significant impact on its effectiveness; however, this

is often dependent on economic and functional factors. The sound-insulating properties of a single baffle can be
determined in a laboratory, but this approach cannot take into account all the factors that influence its final
resistance to sound transmission, such as the mounting method being identical to the intended one in a specific
enclosure, external dimensions of the panel other than those resulting from the dimensions of the laboratory
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measurement window, sealing method, etc. In order to estimate the sound insulation of a baffle with specific
dimensions, calculation models (Kosała et al., 2020a) can be used, with the accuracy dependent primarily on
the material data used, which in reality may differ slightly from the commonly known and typical values given
in the literature.
To test the effectiveness of material and construction solutions for baffles and enclosures, a prototype test

stand was proposed within the framework of previous research, the main element being a heavy steel frame
with the possibility of attaching baffles constituting the enclosure walls (Kosała et al., 2020b). In addition to
experimental tests of the effectiveness of an enclosed omnidirectional sound source imitating a noisy machine or
device, a computational model has been developed to estimate the spectral characteristics of the IL of a sound-
insulating enclosure without any cost (Kosała et al., 2020c; Kosała, 2022; 2024). The experimental tests and
modelling studies conducted so far concerned specific dimensions of the enclosure walls (0.7m× 0.7m), resulting
from the developed test stand. As a continuation of this research, a smaller frame was developed, which enables
the attachment of enclosure wall panels measuring 0.55m× 0.55m. The effectiveness of such cube-shaped sound-
insulating enclosures, both experimental and model-based, is the subject of this article. A calculation model for
the IL of enclosures made of five material sets of different thicknesses, such as steel, aluminium and plexiglass, was
proposed and validated by further experimental studies on another four material sets. This model is a function of
parameters related, among others, to the sound-insulating properties of the enclosure walls in question, such as the
transmission loss (TL) and the single-number weighted sound insulation index of the wall Rw determined on its
basis. These parameters were determined from the model proposed in previous studies, which is a combination of
the models developed by Davy and Sharp, in specific frequency bands, respectively lower and higher, as described
in (Kosała, 2019). The influence of TL, determined using the SoundFlow (Ahnert Feistel Media Group, 2011)
and INSUL (Marshall Day Acoustics, 2017) programs, on the IL calculation results was also verified with respect
to the experimental tests. The IL spectral characteristics obtained from the experimental tests of the enclosures
were compared for four variants of wall materials, identical for the enclosure under study and the previously tested
larger one with wall dimensions of 0.7m× 0.7m.

2. Measurement setup

The enclosure is based on a steel frame in the shape of a cube, allowing the installation of five walls measuring
0.55m× 0.55m with a thickness of 0.001m to 0.09m (Fig. 1). The frame is placed on a rubber plate, which ensures
good tightness of the enclosure at the bottom. Each of the tested walls is tightened to the enclosure frame, through
a rubber seal, using 0.01m× 0.01m square steel frames and a set of 11 holdfast mechanisms, except for the upper
wall of the enclosure, which is attached using 12 mechanisms. The lower sides of the four walls mounted vertically
to the frame are pressed against the frame using two holdfast mechanisms and a flat steel bar. This clamping
solution allows the cubic shape of the enclosure cavity, measuring 0.55m× 0.55m× 0.55m, to be maintained.
Inside the enclosure, a loudspeaker is placed centrally on the floor (Fig. 1).

Fig. 1. Conceptual sketch of the enclosure in the form of a frame, loudspeaker, and five walls.
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Figure 2 shows the enclosure frame with a loudspeaker (a) and the enclosure with steel walls (b). Acoustic
tests were carried out in a room with a volume of 79m3. The signal, in the form of pink noise, generated using the
Audacity program via an audio interface (EDIROL UA-5) and an amplifier (Bruel & Kjaer 2716-C), was fed to
the sound source. A SVAN 945A sound level meter was used to measure sound pressure levels on a hemispherical
measurement surface to determine the sound power levels of the source with and without the enclosure.

a) b)

Fig. 2. View of the enclosure frame: a) without the walls, b) with steel walls installed.

For this purpose, the survey method was used in accordance with the ISO standard 3746 (International
Organization for Standarization [ISO], 2010), taking into account the background noise correction factor K1
and the environmental correction factor K2. The surface sound pressure level was averaged from the results
obtained from measurements carried out at four measurement points, located in accordance with the standard
on a hemispherical measurement surface with a radius of 1.15m.
The room acoustic absorption required for calculating the K2 correction factor was determined based on the

reverberation time obtained from impulse responses recorded in the room. For this purpose, an omnidirectional
sound source was used, consisting of six loudspeakers (BG 20/70W VISATON) assembled in a cubic casting, an
amplifier (Bruel & Kjaer 2716-C), a BEHRINGHER ECM 8000 measuring microphone, and an EDIROL UA-5
audio interface, along with a DIRAC 6.0 Bruel & Kjaer system. The maximum length sequence (MLS) signal
generated by the DIRAC program was used for the room excitation.
The performance of the acoustical enclosure in terms of IL was determined as the difference between the

sound power levels radiated by the unenclosed and the enclosed source.
The IL of an acoustic enclosure can be determined more accurately under laboratory conditions in an anechoic

room by determining sound power levels using the precision method (ISO, 2012), which was the subject of previous
research (Kosała et al., 2020c). In the current research, the use of the survey method was intended to reflect
measurement conditions in which the nature of the sound field is similar to that occurring under industrial
conditions, and it is considered a sufficient approach to validate the results obtained from the calculation model
for the IL of sound-insulating enclosures proposed in this article.
An enclosure with a set of five identical walls was tested for different baffle types, with the material data

shown in Table 1.

Table 1. Material data of the tested enclosure walls.

Parameter Aluminium Plexiglass Steel

Density (p) [kg/m3] 2800 1190 7850

Thickness (h) [m] 0.002
0.003

0.005
0.015

0.001

Young’s modulus (E) [GPa] 70 3.5 207

Poisson’s Ratio (ν) [–] 0.35 0.35 0.3

Loss factor (η) [–] 0.01 0.02 0.01
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Assuming that the enclosure has perfectly rigid walls, the mode frequencies (eigenfrequencies) fm,n,p of the
enclosure cavity can be determined according to the well-known formula (Hopkins, 2007):

fm,n,p =
c0
2

¿
Á
ÁÀ
(
m

Lx
)
2

+ (
n

Ly
)

2

+ (
p

Lz
)
2

, (1)

where c0 is the speed of sound in the air [m/s], m, n, and p are the particular mode numbers, and Lx, Ly, and Lz

are dimensions of the enclosure cavity [m].
The eigenfrequencies calculated in this way for a simple, rectangular-shaped cavity are an approximation. In

reality, the air cavity inside the enclosure is reduced by the presence of a loudspeaker, which has a case with
dimensions of 0.24m× 0.24m× 0.115m. Calculations of the eigenfrequencies for such a complex geometry of the
air cavity inside the enclosure were possible using a numerical model and simulations performed in COMSOL
Multiphysics 6.3.
Table 2 shows the values of the eigenfrequencies calculated for the enclosure cavity with and without a loud-

speaker.
Table 2. Eigenfrequencies of the enclosure cavity with and without a loudspeaker.

Eigenfrequency [Hz]
Mode Enclosure cavity without a loudspeaker Enclosure cavity with a loudspeaker

Equation (1) COMSOL Multiphysics COMSOL Multiphysics

1 312.1 312.0 297.3

2 312.1 312.0 297.3

3 312.1 312.0 319.5

4 441.4 441.3 427.9

5 441.4 441.3 427.9

6 441.4 441.3 436.1

7 540.6 540.4 534.3

8 624.2 624.1 594.6

9 624.2 624.1 601.2

10 624.2 624.1 643.8

The identical dimensions of the enclosure cavity without a loudspeaker (Lx = Ly = Lz) show that each of the
axial modes (#1–3 and #8–10) as well as each of the tangential modes (#4–6) have the same values. For an
enclosure cavity reduced by the presence of a loudspeaker, the values of the eigenfrequencies are more varied.

3. IL calculation model

Previous studies have shown that, when determining the effectiveness of a sound-insulating enclosure, good
results, i.e., small discrepancies between the calculation and experimental results. can be obtained using the
model described in (Kosała, 2022). This model determines the effectiveness of a sound source enclosed by
sound-insulating walls with dimensions of 0.7m× 0.7m. For cube-shaped enclosures, built of sound-insulating
walls with dimensions 0.55m× 0.55m, a similar approach to that presented in (Kosała, 2022) is proposed,
however, it is defined by the relationship:

IL =

⎧⎪⎪⎪
⎨
⎪⎪⎪⎩

10 log [cos (kd) − 0.37ρhω sin (kd) /ρ0c0]
2 for f ≤ 1.9f0,0,1,

10 log
ᾱrand

10−0.1TL + e−0.31Rw
for f > 1.9f0,0,1,

(2)

where k is the sound wavenumber, d is the distance of the top panel of the tested enclosure from the floor, ρ is
the material density, h is the material thickness, ω is the angular frequency, ρ0 is the air density, c0 is the speed
of sound in the air, f0,0,1 is the first axial mode frequency of the enclosure cavity, ᾱrand is the random-incidence
sound absorption coefficient of bare enclosure walls, TL is the sound transmission loss of the bare enclosure
walls, Rw is the weighted sound reduction index of the enclosure wall, and fc is the coincidence frequency of the
enclosure wall (Kosała, 2022; Vér, Beranek, 2006).
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A new calculation model is proposed for IL for the relevant frequency ranges, depending on the eigenfrequency
f0,0,1 enclosure cavity. For the low-frequency range, in which f ≤ 1.9f0,0,1 of the enclosure cavity, a modified
Oldham model (Oldham, Hillarby, 1991; Kosała, 2022) for a clamped boundary condition is proposed. For
the high-frequency range, where f > 1.9f0,0,1 of the enclosure cavity, the proposed model is a function of ᾱrand,
TL, and Rw.
The quantity 0.32 in Eq. (16) from (Kosała, 2022) was replaced by 0.37 in Eq. (2) for the low-frequency

range. This value was obtained based on the results of new experimental tests of the IL spectral characteristics,
carried out for five variants of the wall materials given in Table 1. For the frequency range of 100Hz to 500Hz
(centre frequencies of the 1⁄3-octave bands), using the assumed value of 0.37, a relatively low root mean square
error (RMSE) value of 3.9 dB was obtained, averaged across five variants, with a simultaneously high value of the
Pearson correlation coefficient r = 0.88 between the results of the model calculations and the experimental tests.
Similarly, new experimental tests were used for the higher frequency range, from 630Hz to 5 kHz. Using the
assumption of a value of 0.31 for Rw resulted in a relatively low five-variant average of RMSE = 2.73 dB, with
a high Pearson correlation coefficient of r = 0.85.

4. Results

4.1. Calculation of sound-insulating properties of the enclosure walls

To determine the TL of a homogeneous baffle with external dimensions of 0.55m× 0.55m, we needed to
determine the IL of a sound-insulating enclosure using the proposed Eq. (1), the material data of the baffle,
shown in Table 1, and the Davy–Sharp model proposed in (Kosała, 2019) were used. Previous studies have
shown that such a combination of the two models, Davy (Davy, 2009) and Sharp (Sharp, 1973), for the relevant
frequency ranges, resulted in smaller discrepancies in TL calculations for single homogeneous baffles with dimen-
sions of 1m× 2m, compared to laboratory tests, than when using commercial software and when the models were
used separately (Kosała, 2019). The calculation results, in the form of TL spectral characteristics in 1⁄3-octave
frequency bands for five materials with thicknesses ranging from 0.001m to 0.015m, are shown in Fig. 3.

Fig. 3. TL of the tested enclosure walls obtained using the Davy–Sharp calculation model.

The curves for the aluminium baffle (0.003m thick) and the plexiglass baffle (0.015m thick) show a char-
acteristic reduction in sound insulation in the higher frequency range, related to the occurrence of coincidence
phenomena. For the remaining baffles, the coincidence frequency fc is above the highest centre frequency of the
1⁄3-octave bands considered in this study, which is 5 kHz. The calculated fc values for the tested enclosure walls
are shown in Table 3.
In the low-frequency bands (Fig. 3), where the radiation efficiency of a finite-sized baffle is reduced, a specific

increase in sound insulation can be observed. Based on the TL spectral characteristics, the weighted sound
reduction index Rw was calculated for each type of enclosure wall tested. The values of this index, as well
as the spectral adaptation indices C and Ctr, for the tested enclosure walls, are shown in Table 3. By comparing
the Rw values (Table 3) for enclosure walls of dimensions 0.55m× 0.55m, made of steel (0.001m thick) and
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Table 3. Weighted sound reduction indices Rw(C;Ctr) and the coincidence frequencies fc of the tested enclosure walls.

Enclosure wall material Rw(C;Ctr) [dB] fc [Hz]

Steel (0.001m thick) 32(−1;−3) 12 042

Aluminium (0.002m thick) 29(−1;−3) 6072

Aluminium (0.003m thick) 32(−1;−2) 4048

Plexiglass (0.005m thick) 29(0;−2) 6843

Plexiglass (0.015m thick) 34(0;0) 2281

aluminium (0.002m thick) with the corresponding values of this parameter for baffles of dimensions 0.7m× 0.7m
(Kosała, 2022), it can be seen that the smaller baffles have Rw values 1 dB higher than the larger baffles. This
is influenced by the TL spectral characteristics, which in the low-frequency bands show slightly higher values for
smaller baffles compared to larger ones. This also applies to baffles of larger dimensions (1m× 2m), for which the
steel baffle (0.001m thick) has Rw = 30 dB, and the aluminium baffle (0.002m thick) has Rw = 27dB (Kosała,
2019).

4.2. Calculation of IL for the enclosure using the proposed model

The calculation results obtained using the proposed IL Eq. (2) for the five tested variants of sound-insulating
enclosures are shown in Fig. 4.

a) b)

c) d)

e)

Fig. 4. IL of enclosures with walls made of different materials: a) steel (0.001m thick), b) aluminium (0.002m thick),
c) aluminium (0.003m thick), d) plexiglass (0.005m thick), e) plexiglass (0.015m thick), obtained using the low-frequency

and high-frequency models, compared with experimental measurements.
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After recalculating the IL values for the 1⁄3-octave bands in the low-frequency range, it was possible to compare
the results of calculations and experimental tests using the Pearson correlation coefficient r and the RMSE. Close
agreement between the calculated and measured results was obtained in both the lower and higher frequency
ranges, as shown in Table 4. For the lower frequency range (centre frequencies of the 1⁄3-octave bands below
600Hz), the Pearson correlation coefficients for all types of enclosure walls are high (r ≥ 0.8). For the frequency
range higher than 600Hz, the values of r ≥ 0.86, except for the 0.003m thick aluminium baffle, for which r = 0.61.
Considering the full frequency range, the Pearson coefficient remains high (r ≥ 0.73).

Table 4. Pearson correlation coefficients r and RMSEs for predicted IL compared with experimental tests
for the five enclosure wall materials.

Enclosure wall material Steel Aluminium Aluminium Plexiglass Plexiglass

Thickness (h) [m] 0.001 0.002 0.003 0.005 0.015

low 0.88 0.87 0.85 0.95 0.80

r Frequency range high 0.94 0.86 0.61 0.92 0.91

full 0.9 0.87 0.73 0.94 0.81

low 4.5 2.8 3.7 2.0 6.6

RMSE [dB] Frequency range high 1.9 2.7 4.2 2.3 2.5

full 3.3 2.7 4.0 2.2 4.8

The RMSE values for the low-frequency range are from 2dB (0.005m thick plexiglass baffle) to 6.6 dB (0.015m
thick plexiglass wall). For the higher frequency range, the RMSE ranges from 1.9 dB (0.001m thick steel baffle) to
4.2 dB (0.003m thick aluminium baffle). Over the entire frequency range, the RMSE is between 2.2 dB and 4.8 dB.
In Fig. 4, the red dashed line indicates the further course of IL, after applying the modified Oldham formula

(line 1 of Eq. (2)), but for f > 1.9f0,0,1. The nulls on the graphs correspond to the axial resonant frequencies of
the enclosure cavity f0,0,1, f0,0,2, etc. Table 5 shows the eigenfrequencies of the enclosure cavity determined
by this method and those calculated using Eq. (1).

Table 5. Eigenfrequencies of the enclosure cavity calculated from Eq. (1) and Eq. (2).

Axial mode number m n p
Eigenfrequency [Hz] fm,n,p

Equation (1) Modified Oldham model (Eq. (2))

1 0 0 1 312 319

2 0 0 2 624 628

3 0 0 3 936 939

4 0 0 4 1248 1250

5 0 0 5 1560 1562

6 0 0 6 1873 1874

7 0 0 7 2185 2186

8 0 0 8 2497 2498

9 0 0 9 2809 2810

10 0 0 10 3121 3122

11 0 0 11 3433 3434

12 0 0 12 3745 3746

13 0 0 13 4057 4058

14 0 0 14 4369 4370

15 0 0 15 4681 4682

The eigenfrequency values of the enclosure cavity obtained by the two methods differ slightly, as shown in
Fig. 5. The greatest differences are for the (0,0,1) mode; however, they decrease with increasing frequency.
It should be taken into account that the calculations using Eq. (1) are approximate, since the walls of the

tested enclosure cannot be perfectly rigid when excited by a sound source.
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Equation

A
Fig. 5. Comparison of eigenfrequencies of the enclosure cavity obtained from Eq. (1) and Eq. (2).

5. Model validation and the influence of the wall’s TL on the enclosure’s IL

The proposed model for the sound insulation effectiveness of enclosures was tested in preliminary studies for
five variants, each comprising five identical walls made of different materials. Based on the material data and the
calculation of the enclosure wall’s TL using the Davy–Sharp model, the IL of these enclosures was determined. In
the next stage of the study, the model was validated using four additional sets of five walls made of the following
materials: 1.5mm and 2mm thick steel, 10mm thick plexiglass, and 1mm thick aluminium. At this stage, the
influence of other models, such as SoundFlow and INSUL, on the final results of the enclosure’s IL calculations
was examined. First, the TL spectral characteristics were determined and the corresponding Rw indices were
calculated, as shown in Fig. 6.

a) b)

INSUL, Rw = 34 (–1; –4)

SoundFlow, Rw = 36 (–1; –3)

Davy–Sharp model, Rw = 35 (0; –2)

INSUL, Rw = 36 (–1; –3)

SoundFlow, Rw =  39 (–1; –3)

Davy–Sharp model, Rw = 38 (–1; –3)

c) d)

SoundFlow, Rw = 35 (–1; –2) 

INSUL, Rw = 35 (–1; –3)

Davy–Sharp model, Rw = 33 (0; –1)

SoundFlow, Rw = 24 (–1; –3) 

INSUL, Rw = 22 (–1; –3)

Davy–Sharp model, Rw = 23 (0; –2)

Fig. 6. TL calculated using the Davy–Sharp model, AFMG SoundFlow, and INSUL for enclosure walls made of:
a) steel 0.0015m thick, b) steel 0.002m thick, c) plexiglass 0.01m thick, and d) aluminium 0.001m thick.

For the calculations in the AFMG SoundFlow and INSUL programs, the baffle dimensions were assumed to
be 0.6m× 0.6m, because it was not possible to take into account the actual wall dimensions of 0.55m× 0.55m.
Figure 6 shows discrepancies in the TL calculations, especially in the lower frequency bands. It should be
noted that, although the IL calculations take into account the TL of the wall starting from the centre frequency
of the 1⁄3-octave band at 630Hz, the discrepancies are relatively small in the higher frequency range. The weighted
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sound reduction index Rw, on which IL also depends, is calculated for the 1⁄3-octave bands from 100Hz to 3.1 kHz.
The discrepancies between the calculated Rw values range from 2dB to 3 dB. In the higher frequency bands,
a noticeable reduction in sound insulation due to coincidence is observed for a 0.01m thick plexiglass baffle. Since
the results are presented in 1⁄3-octave frequency bands, the coincidence frequency value fc = 3421Hz, cannot
be precisely identified in the graphs. For the AFMG SoundFlow and INSUL models, fc = 4 kHz, and for the
Davy–Sharp model, fc = 3.1 kHz.
The results of the enclosure IL calculations for the four tested new wall material sets, including the higher

frequency ranges of the three models for which TL was calculated, are shown in Fig. 7.

a) b)

INSUL h.f.m., r = 0.81, RMSE = 3.1 dB

Davy–Sharp h.f.m., r = 0.82, RMSE = 3.1 dB
SoundFlow h.f.m., r = 0.81, RMSE = 3.2 dB

Measurements

INSUL h.f.m., r = 0.86, RMSE = 2.4 dB

Davy–Sharp h.f.m., r = 0.85, RMSE = 2.8 dB
SoundFlow h.f.m., r = 0.85, RMSE = 3.6 dB

Measurements

c) d)

INSUL h.f.m., r = 0.73, RMSE = 3.9 dB

Davy–Sharp h.f.m., r = 0.77, RMSE = 3.6 dB
SoundFlow h.f.m., r = 0.71, RMSE = 4.0 dB

Measurements

INSUL h.f.m., r = 0.73, RMSE = 3.9 dB

Davy–Sharp h.f.m., r = 0.77, RMSE = 3.6 dB
SoundFlow h.f.m., r = 0.71, RMSE = 4.0 dB

Measurements

Fig. 7. IL calculated using the proposed calculation model: modified Oldham for the low-frequency range and Davy–Sharp,
AFMG SoundFlow, and INSUL for the high-frequency range, for enclosure walls made of: a) steel 0.0015m thick, b) steel

0.002m thick, c) plexiglass 0.01m thick, and d) aluminium 0.001 m thick.

The smallest RMSE discrepancies occurred for the 0.002m thick steel baffle (RMSEavr = 2.9 dB), and the
largest for the 0.001m thick aluminium baffle (RMSEavr = 4.2 dB). The average Pearson correlation coefficients r
for all four baffles calculated using the individual models are: 0.84 for Davy–Sharp, 0.8 for AFMG SoundFlow,
and 0.8 for Insul. The average RMSEs are: 3.40 dB for Davy–Sharp, 3.73 dB for AFMG SoundFlow, and 3.43 dB
for INSUL. These results indicate that the Davy–Sharp model showed both the highest correlation of IL charac-
teristics with the experimental results among the three tested models and the lowest average RMSE.

6. Effectiveness of sound-insulating enclosures of different sizes made from the same wall materials

Experimental tests and modelling studies of the effectiveness of small enclosures (wall dimensions of 0.55m×
0.55m) described in this article, and large enclosures (wall dimensions of 0.7m× 0.7m) described in (Kosała,
2022), carried out on sets of identical wall materials, such as steel 0.001m thick, aluminium 0.002m thick, and
plexiglas 0.005m and 0.015m thick, enabled a comparison of their sound-insulting properties. Figure 8 shows the
results of the experimental tests, and Fig. 9 presents the results of the modelling studies.
The IL spectral characteristics (Fig. 8) show that IL is higher for smaller enclosures, especially in the mid- and

high-frequency bands. For smaller enclosures in these ranges, greater variations in IL (5 dB to 10 dB) are observed
for the tested materials, compared to larger enclosures (approximately 3 dB to 5 dB). In larger enclosures, the
influence of the enclosure cavity eigenfrequencies on the IL spectral characteristic is observed up to 315Hz,
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Fig. 8. IL obtained from experimental tests of small and large enclosures made of wall materials:
steel (0.001m thick), aluminium (0.002m thick), and plexiglass (0.005m and 0.015m thick).

Fig. 9. IL obtained using calculation models for small and large enclosures made of wall materials:
steel (0.001m thick), aluminium (0.002m thick), and plexiglass (0.005mm and 0.015m thick).

corresponding to 1.5 fc of the enclosure wall, while for smaller enclosures this influence is more dominant, up to
500Hz, corresponding to 1.9 fc of the enclosure wall. Among the tested baffles, the most effective is the 0.015m
thick plexiglass wall; however, for smaller enclosures, the influence of coincidence, which is evident in the TL
spectral characteristic of these walls, is more noticeable in the IL curves, whereas for larger enclosures, the
IL characteristic in the 2 kHz region is flatter (fc = 2281Hz). The IL curves obtained from the calculation models
(Fig. 9) closely match the corresponding curves obtained from the experimental tests (Fig. 8).
Table 6 summarizes the Pearson correlation coefficients r and the RMSEs for the IL calculation models

compared to the experimental tests for enclosures with wall dimensions of 0.55m× 0.55m and 0.7m× 0.7m.

Table 6. Pearson correlation coefficients and RMSEs for predicted IL in comparison to experimental tests for the same
enclosure wall materials, and enclosure wall dimensions of 0.7m× 0.7m and 0.55m× 0.55m.

Enclosure wall material Thickness h [m]
Enclosure wall dimensions [m]

0.7× 0.7 0.55× 0.55

r RMSE [dB] r RMSE [dB]

Steel 0.001 0.87 1.80 0.90 3.33

Aluminium 0.002 0.86 2.12 0.87 2.74

Plexiglass 0.005 0.89 1.75 0.94 2.17

Plexiglass 0.015 0.87 2.98 0.81 4.80

Average 0.87 2.16 0.88 3.26
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The two models for smaller and larger enclosures, proposed in (Kosała, 2022), showed a high correlation
coefficient between the IL spectral characteristics calculated using the models and those obtained from experi-
mental tests. The average value of these coefficients is 0.9. The IL estimation using the calculation models showed
approximately 1 dB lower average RMSE values for larger enclosures compared to smaller ones. In both cases,
the average RMSE values are not high, and range from about 2 dB to 3 dB, except for the small enclosure made
of 15mm plexiglass, for which the prediction error is close to 5 dB.

7. Conclusions

As a result of experimental tests aimed at determining the effectiveness of an enclosed sound source imitating
a noisy machine or device, IL characteristics were determined, first for five different wall material variants, and
in the second stage of the study, for four additional variants.
In total, nine wall material variants were tested: steel with thicknesses of 0.001m, 0.0015m, and 0.002m,

aluminium with thicknesses of 0.001m, 0.002m, and 0.003m, and plexiglass with thicknesses of 0.005m, 0.01m,
and 0.015m. The determined IL curves are very similar, and it can be roughly concluded that, in the medium- and
high-frequency ranges, they are shifted towards higher IL values, corresponding to the single-number weighted
sound insulation index Rw of the given wall. The poorest performance was observed in enclosures made of 0.001m
thick aluminium walls (Rw = 22 dB), while the best performance was achieved by enclosures made of 0.002m thick
steel walls (Rw = 38dB). The IL curves, up to a certain centre frequency of the 1⁄3-octave bands, equal to 500Hz,
i.e., for f ≤ 1.9f0,0,1, exhibit characteristic shapes, corresponding to the enclosure air cavity resonances. Above
this frequency, the IL values are less differentiated across subsequent centre frequencies.
The proposed calculation model for the IL of sound-insulating enclosures was developed based on experimen-

tal tests conducted in the first stage, covering five variants of material walls. In a subsequent stage, the model was
validated using four additional variants, taking into account the influence of the calculation model for the wall’s
TL on the final IL results. The studies showed that the model proposed in earlier studies, a combination of
the Davy and Sharp models, yielded better agreement with experimental results compared to the models imple-
mented in SoundFlow and INSUL software. The Davy–Sharp model showed both the highest correlation of IL
characteristics with the experimental results of the three models tested and the lowest average RMSE. However,
it should be noted that only the Davy–Sharp model could take into account the actual dimensions of the enclosure
wall of 0.55m× 0.55m. Limitations in input data in the other software required the use of wall dimensions of
0.6m× 0.6m, i.e., only close to the actual ones, which could also have a certain impact on the accuracy of cal-
culations using these models. A comparison of the effectiveness of enclosures made of the same materials, with
walls measuring 0.55m× 0.55m, was made against larger enclosures with walls measuring 0.7m× 0.7m, analysed
in previous studies. Based on the comparison of the IL spectral characteristics, it was found that IL is higher
for smaller enclosures, especially in the mid- and high-frequency bands. Based on IL calculations using models,
the average RMSE values were approximately 1 dB lower for larger enclosures compared to smaller ones. In both
cases, the average RMSE values were not high, ranging from about 2 dB to 3 dB, except for the small enclosure
made of 15mm plexiglass, where the prediction error was close to 5 dB. Both the models for smaller and larger
enclosures, proposed in (Kosała, 2022), showed high correlation coefficient between calculated and experimental
IL spectral characteristics, with an average r = 0.9. The proposed calculation models can be helpful in cost-free
estimation of the acoustic efficiency of cube-shaped sound-insulating enclosures with the studied wall dimensions,
provided that appropriate material data needed for these calculations are available.
Testing the acoustic efficiency of sound-insulating enclosures is a significant challenge, as their effectiveness

must be evaluated differently compared to that of sound-absorbing or insulating enclosures. In the latter, the
impact of resonances within the enclosure, which sometimes counteracts their effectiveness, is mitigated by sound-
absorbing material placed near the sound source. In contrast, sound-insulating enclosures rely on reflective walls,
and their performance is strongly influenced by cavity resonances. Despite these challenges, sound-insulating en-
closures have many practical applications. These are particularly relevant in cases where smooth, sound-reflecting
transparent walls, such as plastic or glass, are required to monitor the operation of the enclosed device. Another
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area of application involves situations where, due to the risk of bacterial growth in porous and fibrous materials,
sound-absorbing and insulating enclosures are inappropriate.
The obtained research results may have practical applications for selecting wall materials for cube-shaped

sound-insulating enclosures.
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The article presents an active vibration damping system for a thin-walled cylindrical tube, which is a simpli-
fied model of a lightweight robot (LWR) arm. The proposed solution integrates control algorithms, piezoelectric
materials and a hardware and software environment enabling real-time control. Macro fiber composite (MFC)
elements were used for active vibration reduction, acting simultaneously as sensors and actuators. The ob-
ject on which the research was conducted was a tube with an external diameter of 40mm, this element was
rigidly mounted at a distance of 1 meter from the free end, simulating cantilever conditions. The stimulation
of the object to vibration was carried out using the MFC actuator, while the system response was recorded
in the xPC Target environment. Based on the measurement data, the mathematical model of the object was
identified in the discrete domain using the ARX method. The obtained model was used to design a controller
based on the pole location method, which was implemented on a real test stand. The experimental results
showed the effectiveness of the designed control system in reducing the amplitude of natural vibrations of the
structure. The use of MFC elements as sensor elements and actuators enabled effective vibration damping in
real time, confirming the usefulness of the proposed solution in the context of improving the precision of robotic
systems.

Keywords: active vibration control, lightweight robot arm, macro fiber composite, PID controller, system
identification, piezoelectric actuators.
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Notations

ARX – AutoRegressive with eXogenous inputs,

ARMAX – AutoRegressive Moving Average with eXogenous inputs,

LWR – lightweight robot (arm),

MFC – macro fiber composite,

PID – proportional–integral–derivative (controller),

xPC – real-time MATLAB/Simulink execution environment (xPC Target),

RMS – root mean square,

FEM – finite element method,

PZT – lead zirconate titanate (classical piezoelectric ceramic),

DoF – degrees of freedom.

1. Introduction

Modern robotics, particularly in the context of lightweight robotic arm structures, demands increasingly
higher precision in positioning, faster response times, and adaptability to dynamic environments. One of the
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central challenges in the design of robotic systems is the effective suppression of structural vibrations. These
disturbances necessitate slower operational speeds and longer cycle times, ultimately leading to increased pro-
duction and maintenance costs (Iskandar et al., 2020). Despite ongoing advancements in articulated robotic
arms, which are widely used in manufacturing and material handling, these systems remain vulnerable to un-
desirable dynamic behaviour, particularly vibrations. The prevailing design trend of reducing structural mass to
lower energy consumption further exacerbates the susceptibility of LWRs to vibration-induced instability (Zhong
et al., 2019). Vibrations reduce operational precision and cause unintentional deviations in the end-effector tra-
jectory. In dynamic and unpredictable environments, external disturbances can compromise both accuracy and
repeatability – two critical parameters in automated and precision-driven applications. This issue is particularly
pronounced in lightweight robot arms (LWRs), where mass reduction is typically achieved at the expense of
structural stiffness, increasing the system’s susceptibility to adverse dynamic effects. The study on the control
of a flexible arm manipulators started as a part of the space robots research because due to LWR light weight,
ease of maneuverability and less power consumption these kind of manipulators are very useful for space appli-
cations (Sobieszczanski-Sobieski, Haftka, 1997; Cannon, Schmitz, 1984). Flexible manipulators are used
also for surgical and micro-surgical operation, describes research in active instruments for enhanced accuracy
in micro-surgery (Leniowska, Leniowski, 2012; Riviere et al., 2003). Nowadays, in science and engineering,
the pursuit of lightweight design represents both a well-established and continually evolving area of research. In
contemporary applications, lightweight solutions are expected to meet not only technical and economic criteria
but also align with principles of sustainability.
Designing a control law for a flexible robotic system involves reconciling conflicting requirements. On one hand,

the system is expected to exhibit rapid dynamic responses. When the structure and parameters of the robot’s
model are accurately known, control strategies based on the control theory can be applied to achieve high-
speed performance. In practice, however, the model and its parameters are often only approximately known,
which complicates the synthesis of such control laws. Precise dynamic modelling plays a fundamental role in
model-based control, which remains one of the most widely used approaches for industrial robotic systems.
The mathematical models of flexible robots have been considered by many researchers. Typically, obtaining an
accurate dynamic model involves two main stages:
1. Formulating dynamic equations using established methods such as the principle of virtual work, the Newton–
Euler formalism, Kane’s method (Book, 1984; De Luca, Siciliano, 1989; 1991), or the finite element
method (Bayo, 1987; Chedmail, Khalil, 1989).

2. Estimation of dynamic parameters through identification techniques that rely on the linear parameterisa-
tion of the dynamic model (Ljung, 1999; Söoderströom, Stoica, 1983). This approach refers to the
methodology of determining a mathematical representation of a system by fitting model parameters to
observed input–output data. The central idea is to capture the intrinsic dynamics of the system within
a chosen model structure, such as transfer functions or state–space formulations.
Over the past several decades, identification techniques have received considerable attention, as it provides

a systematic way to translate experimental measurements into relative reliable models. Such models not only
offer insight into the underlying physical or engineering processes but also serve as essential tools for simulation,
control design, and optimization. For these reasons there has been a strong trend towards extending or even
replacing classical model-based approaches with modern data-driven and hybrid methods. These techniques en-
able the design of controllers directly from experimental input–output data, thereby reducing the dependency
on precise analytical models, which are often difficult to obtain for lightweight flexible structures with dis-
tributed parameters and nonlinearities. A comprehensive review by Yang et al. (2024) summarizes the rapid
development of data-driven vibration control (DDVC), highlighting subfields such as iterative learning control,
reinforcement learning, and model-free adaptive control, all of which demonstrate strong potential for vibration
suppression in robotic and aerospace applications. The authors emphasize that data-driven methods provide ad-
vantages in adaptability to uncertainties, reduced modelling effort, and robustness against disturbances, which
are particularly valuable for thin-walled, lightweight manipulators. Similar directions are also explored in the
context of pipelines and fluid-conveying structures, where system identification combined with adaptive feedback
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improves damping performance under variable operating conditions (Ding, Ji, 2023). This experimental-based
technique has been also used by the authors in active vibration suppression (Leniowska,Kos, 2009; Leniowska,
Mazan, 2015; Leniowska et al., 2022; Pater et al., 2024) and it is applied herein.
An important stream of recent research focuses on advanced robust control strategies. For example, Qin and

Xin (2023) proposed a data-drivenH∞ control method that ensures stability and performance guarantees without
requiring an exact plant model, achieving effective vibration attenuation in flexible beam-like structures. These
approaches stand in contrast to classical ARX/ARMAX-based identification, positioning themselves as scalable
solutions for real-time industrial implementations. Complementary work by Zhang et al. (2025) has shown that
combining data-driven design with hybrid piezoelectric actuators leads to significant improvements in damping
efficiency, which suggests new pathways for integrating simple controllers with advanced materials in practice.
Parallel to algorithmic progress, actuator and sensor technologies have undergone significant advances. While

traditional lead zirconate titanate (PZT) ceramics remain widely studied, modern macro fiber composites (MFC)
and adaptive hybrid actuators offer improved flexibility, reduced fragility, and higher strain energy density,
making them well suited for lightweight robotics applications (Masa’id et al., 2023). Recent studies have also
highlighted the importance of distributed sensor–actuator networks, where piezoelectric patches are optimally
placed to target dominant modes and increase control authority. In addition, semi-active strategies such as
piezoelectric shunt damping circuits have been extensively reviewed by Marakakis et al. (2019), who underline
that shunted PZT elements – when combined with active feedback – enable hybrid approaches balancing energy
efficiency with wideband damping performance. This trend towards multi-modal, hybrid suppression strategies
positions classical active control within a broader landscape of contemporary solutions.
Within this broader context of active vibration and noise suppression, adaptive feedforward control methods

based on least-mean-square (LMS) algorithms have been extensively investigated (Pawelczyk, 2004; Bismor,
2014a; 2014b). The limitations of the hybrid active feedforward noise control (ANC) configuration were ana-
lyzed, demonstrating that its practical performance depends heavily on careful consideration of secondary path
dynamics and adaptive mechanisms. These results are particularly relevant for lightweight, distributed-parameter
structures, where computational resources are constrained, and thus motivate the search for control strategies
that remain effective under similar practical limitations in vibro-acoustic systems.
Taken together, these developments indicate that the state of the art in vibration suppression is moving

towards integration: data-driven algorithms coupled with advanced actuators and hybrid control architectures.
For lightweight robotic arms, this means that even relatively simple controllers such as PID, when embedded in
modern mechatronic setups and supported by efficient identification procedures, can remain competitive. Our
study, therefore, complements these advances by demonstrating how a classical control law can be effectively com-
bined with MFC-based actuation in a real-time environment, providing a practical and experimentally validated
benchmark against which more complex, data-driven strategies may be assessed.
This paper proposes the usefulness solution in the context of improving the precision of robotic systems based

on the use of MFC piezoelectric elements, which serve both as sensors and actuators. The key innovation lies
in the integration of experimentally derived dynamic models with a real-time digital PID controller, enabling
effective damping of vibrations under realistic operating conditions. Despite the development of more advanced
control methodologies in recent years, PID controllers continue to be widely applied across various industrial
domains owing to their effectiveness and robustness as well as in feedback control of flexible robot manipulators
(Ho, Tu, 2005; Ang et al., 2005; Akyuz et al., 2011). The developed control system was validated through
both simulation and physical experiments. Potential applications include lightweight robotic systems and high-
precision devices where vibration minimization is critical to performance and operational safety. This paper is
structured as follows: In Sec. 2 the considered object, the aluminium tube that serves as a prototype for the
LWR robotic arm is described and technical specifications of the MFC elements are given. In Sec. 3 a method
of dynamic parameters estimation through identification techniques to develop mathematical model is provided.
Section 4 provides brief notes on the PID controller used. Section 5 gives an overview on the implemented program
code. View on the complete system which represents a digital PID controller with supporting hardware is given
in Sec. 6. Finally, Sec. 7 provides the testing results and conclusions.
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2. Materials and methods

In the context of research on active vibration damping in lightweight robotic structures of the LWR type,
a thin-walled tube made of aluminum alloy Al99.5 was selected as a representative model of a robotic arm.
This component, characterized by appropriately selected geometric dimensions (detailed in Table 1), was rigidly
clamped at one end, simulating cantilever boundary conditions. On its surface, MFC piezoelectric elements were
mounted, serving a dual role as sensors detecting vibrations and actuators for excitation and compensation of
vibrations (Fig. 1). The locations of the MFC elements distributed along the object are presented in Table 2.
One of the transducers was configured as an exciter, generating a chirp signal ranging from 1Hz to 1 kHz over
a period of 30 s.

Table 1. Geometric parameters of the structural element.

Parameter Value [mm]

Outer diameter 40

Inner diameter 38

Wall thickness 2

Total length 2000

Clamping length 1000

Fig. 1. Schematic representation of the tested structure: a thin-walled aluminum tube equipped
with MFC piezoelectric transducers for active vibration control.

Table 2. Arrangement of MFC elements relative to the mounting point (x = 0 at the center of the object).

Element xleft [mm] xmiddle [mm] xright [mm] Width [mm]

MFC 1 109.0 142.5 176.0 67.0

MFC 2 343.0 394.5 446.0 103.0

MFC 3 540.0 591.5 643.0 103.0

MFC 4 792.5 826.0 859.5 67.0

The experimental placement of the MFC elements was based on modal analysis with a Polytec laser vibrom-
eter. Sensors were positioned away from the modal nodes to maximize strain sensitivity, and the locations of the
elements are listed in Table 2. Four transducer pairs were mounted on the upper and lower surfaces of the tube to
capture the structural response and provide actuation authority for vibration suppression. Real-time experiments
were conducted using the xPC Target platform. A linear parametric model of the tube was identified directly
from the input–output data and subsequently used for controller design. This approach enabled a realistic rep-
resentation of the system’s dynamic behavior and facilitated the development of an effective vibration control
algorithm.
MFC transducers consist of parallel piezoelectric fibres embedded in a polymer matrix, which provides flex-

ibility and mechanical robustness. Constructed from parallel-aligned piezoelectric fibers embedded in a poly-
mer composite matrix, MFC transducers exhibit suitability for operation under dynamic conditions and can be
mounted on surfaces with irregular geometries.They can be bonded to curved or irregular surfaces.
In this study, MFC transducers were applied to actively suppress vibrations in a thin-walled aluminum tube

which serves as a lightweight robot arm. Locations of sensors and actuators were selected from the modal analysis
to avoid nodes. The transducers were mounted using a two-component adhesive, ensuring a durable bond with
minimal influence on the mass and stiffness of the structure.
Compared to traditional PZT piezoceramics, MFCs exhibit several distinct advantages, primarily due to their

flexibility, resistance to mechanical deformation, and high effectiveness in vibration damping. Moreover, each
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element is capable of both sensing strain and generating actuation forces. The best performance was obtained
with elements of 35mm× 103mm; smaller transducers were less effective. The parameters of the elements used
are provided in Table 3.

Table 3. Technical specifications of the MFC element.

Parameter Value Unit

Model 06L18-044D –

Width 34 mm

Length 103 mm

Thickness 0.3 mm

Polarization voltage +1500 / −500 V

Piezoelectric coefficient d31 −2.1E+02 pm/V

Piezoelectric coefficient d33 4.6E+02 pm/V

Described above the thin-walled aluminium tube was used as a test model, selected due to its geometric and
material properties, which make it highly susceptible to vibrations. The aim of this study was to develop an
effective active vibration reduction algorithm for the aluminium tube which serves as a prototype of the LWR
robotic arm. The foundation of the research involved the use of piezoelectric materials in the form of MFC
elements, which act both as sensors and actuators responsible for active vibration suppression. To achieve the
research objectives, a dedicated laboratory test stand had to be designed and constructed (Pater et al., 2024).
It was developed to enable vibration measurements, identification of the dynamic properties of the structure, and
their active suppression using appropriately selected controllers.

3. Mathematical model

Effective vibration suppression requires a thorough understanding of the robot’s dynamic characteristics.
Dynamic identification of mechatronic systems is a process aimed at developing a mathematical model of the
investigated object based on experimental measurement data. This method is particularly useful in cases where
constructing an accurate theoretical model is challenging due to complex system geometry, numerous physical pa-
rameters, or the presence of nonlinearities. Estimation of dynamic parameters through identification techniques
involves analyzing the system’s response to known excitation inputs and constructing mathematical models
that accurately reflect its behavior. One such approach is the use of MFC elements for sensing, combined with
ARMAX-based system identification (Isermann, 2013) to model dynamic properties. These experimentally de-
veloped models are crucial for the design of active feedback-based vibration control systems and also preserve the
essential features of the object dynamics within the considered vibration band. The key components of the ex-
perimental approach include the appropriate selection of the excitation signal and precise measurement of the
system’s response. This allows to extract essential information about the system’s dynamic characteristics, such
as resonance frequencies, damping properties, and transfer functions.
The integrated excitation and data-acquisition chain is shown in Fig. 2. A precomputed .wav signal is played

by the laptop’s built-in sound card; the line-out feeds a power amplifier that drives the MFC actuator. For

Fig. 2. Integrated system for excitation generation and data acquisition. The sound-card line-out is split: one branch
drives the amplifier–MFC actuator path, the other is sampled by the ADC (measurement card of the xPC target) for

synchronization.
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synchronization, the same line-out is routed in parallel to the ADC (the measurement card integrated with the
xPC target), which simultaneously samples it together with the MFC sensor output. The xPC target performs
sampling and buffering and streams the data to MATLAB for recording and analysis. During identification
experiments the sampling frequency was 10 kS/s for all channels, and the pre-processing consisted of removing
the DC component (detrending by subtracting the sample mean) from each time series.
In the experiment, a chirp signal was used, which enables excitation of the tested system over a wide frequency

range within a single measurement run. This approach allows obtaining the frequency response and identifying
the system’s resonant frequencies without the need to repeat the experiment for individual frequencies. Such
a method is widely used in the dynamic system analysis, as it allows for efficient and rapid acquisition of the
system’s frequency response.
The time-domain data collected during the experiment was imported into the MATLAB environment using

the System Identification Toolbox. This module enables data analysis and the identification of mathematical
models, both in the form of transfer functions and state-space models. With advanced algorithms, it is possible
to accurately fit the model structure to the actual behaviour of the studied system. This requires proper selection
of the sampling frequency to ensure sufficient time resolution, particularly when analysing higher-frequency
components. The identification process involves matching the model structure including the number of poles
and zeros to the recorded data. Through an iterative parameter-fitting procedure, a model was developed that
accurately reflects the dynamic properties of the robot arm. Such a model can subsequently be used for control
system design, simulation, and analysis of how different parameters affect the system’s dynamics. An experimental
approach based on real measurement data offers several advantages over purely theoretical methods. Models
developed from experimental data can accurately capture nonlinearities, complex geometries, and unpredictable
dynamic effects. Measurement technologies based on piezoelectric sensors and laser vibrometry enable detailed
analysis even of complex mechatronic structures. The resulting mathematical models provide a solid foundation
for the further design and optimization of dynamic systems. As part of the identification process, commonly used
ARX (AutoRegressive with eXogenous inputs) and ARMAX (AutoRegressive Moving Average with eXogenous
inputs) models were employed. These are fundamental tools for modelling linear systems. Both models use input
and output data to create a difference equation that describes the system’s dynamics. The key distinction between
ARX and ARMAX lies in their treatment of noise – the ARMAX model includes an additional term that accounts
for the dynamics of noise components (Ljung, 1999):

y(t) + a1y(t − 1) + ... + any(t − n) = b1u(t − 1) + ... + bmu(t −m) + e(t), (1)

where y(t) denotes the output signal, u(t) represents the input signal, ai and bi are the model coefficients, and
e(t) denotes the noise term, which is considered white noise. The model assumes that the disturbances are random
in nature and affect only the output.

4. PID control

In the developed active vibration control system, the PID controller was implemented in a discrete-time form,
consistent with the digital real-time architecture of the xPC Target platform. Instead of the continuous PID
equation, the controller was realised using the following standard discrete transfer function:

GPID(z) =Kp (1 +
Ts

Ti

1

1 − z−1
+
Td

Ts
(1 − z−1)), (2)

where Kp is the proportional gain, Ti the integral time constant, Td the derivative time constant, and Ts the
sampling period. The integral part is implemented using the discrete accumulator 1/(1 − z−1), while the deriva-
tive part uses the backward difference (1−z−1), ensuring numerical stability and robustness to measurement noise.
This discrete transfer-function formulation is well suited for real-time vibration suppression because it provides

predictable phase characteristics and stable operation near high-Q resonances. In this study, the PID controller
was tuned to increase the effective damping of the dominant vibration modes (214Hz and 574Hz) identified
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in Sec. 3. Combined with MFC sensor–actuator pairs, the discrete PID controller enabled effective attenuation of
resonant oscillations under both harmonic and broadband excitations. The final values of the tuned parameters
used during experiments are listed in Table 4.

Table 4. PID controller settings used in the experiment.

Parameter Value

Proportional (P) 5.5

Integral (I) 4.0

Derivative (D) 5.0

5. Model identification

The objective of this study was to develop an effective algorithm for active vibration reduction in the LWR
robotic arm. The research was based on an experimental mathematical model of the system, obtained using the
ARX (AutoRegressive with eXogenous inputs) method. Data was recorded and subsequently used in the model
identification process. The transfer function of the considered object takes the form:

G(z−1) =
b0 + b1z

−1 + b2z
−2 + b3z

−3 + b4z
−4 + b5z

−5

a0 + a1z−1 + a2z−2 + a3z−3 + a4z−4 + a5z−5 + a6z−6
. (3)

The obtained data for the discrete model are presented in Table 5.

Table 5. The values of the A and B coefficients adopted in the object identification process.

i A(z−i) B(z−i)
5 −4.473 0.0870

4 8.095 −0.3335

3 −7.392 0.4914

2 3.393 −0.3298

1 −0.6226 0.0851

6. Vibration suppression simulation and tests

In the next step, the PID controller was tuned in a simulation environment based on the identified models.
The PID controller parameters used during the experiments are summarized in Table 4. These settings were
selected based on the tuning procedure described in Sec. 4 and were applied to the physical object during
testing. Providing these values ensures that the presented control performance can be independently verified.
The response of both the system and the controller was recorded for a first vibration resonanse frequency of

214Hz, Fig. 3.
Similar effectiveness was observed at the second resonance frequency of 574Hz, where the vibration amplitude

was considerably reduced when the controller was turn on. In subsequent stages of the research, the object was
subjected to excitation composed of two harmonics (214Hz and 574Hz). Despite the increased signal complexity,
the PID controller effectively reduced the amplitudes of both vibration components, demonstrating its capability
to operate under more complex dynamic conditions (Fig. 4).
Additionally, when applying a chirp signal with a frequency sweep ranging from 1Hz to 1 kHz, an increase in

vibration amplitude was observed near the resonance frequencies. After activating the controller, vibrations were
successfully suppressed, especially at critical points within the frequency band, confirming the versatility of the
control system and its ability to perform under variable excitation conditions (Fig. 5).
The results of the experimental tests are presented further. Data were recorded in the same manner as in the

previous cases.
During the conducted experiments with the real mechanical system subjected to active vibration reduction,

the effectiveness of the PID controller was evaluated. Tests were performed for various types of excitations,
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Fig. 3. Simulation result – time course and corresponding frequency spectrum for 214Hz; 0 s to 20 s,
the open loop control system, 20 s to 40 s the close loop control system.

Fig. 4. Simulation result – time course and corresponding frequency spectrum for the sum of frequencies 214Hz and 574Hz,
without a controller from 0 s to 20 s, and with a controller from 20 s to 40 s.

Fig. 5. Simulation result – time course and corresponding frequency spectrum of chirp signal with frequency 1Hz
to 1000Hz, without controller from 0 s to 20 s, and with controller from 20 s to 40 s.
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including harmonic signals at resonance frequencies of 214Hz and 574Hz, their combination, and a chirp signal.
In each case, the controller was activated after a predefined time interval, allowing comparison of the system’s
behavior before and after control activation. For the harmonic excitation at 214Hz, the system without control
exhibited large amplitude vibrations characteristic of resonance. After enabling the PID controller, a significant
reduction in the oscillation amplitude and gradual damping of vibrations were observed (Fig. 6). The damping
process was smooth and free of overshoot, indicating properly tuned controller settings and its effectiveness in
improving system stability. Similar phenomena were observed for the resonance frequency of 574Hz. Without
the controller, the system showed sustained oscillations with considerable amplitude. Upon activation of the PID
controller, a rapid and effective vibration reduction occurred, enhancing the quality of the dynamic response.
This process was also stable and free from adverse effects, confirming the efficiency of the applied control system.
When the object was subjected simultaneously to two harmonic excitations at 214Hz and 574Hz, the system
exhibited particularly unfavorable dynamic behavior with large oscillation amplitudes in the uncontrolled state.
Activation of the PID controller resulted in a significant reduction of vibration amplitude and gradual suppres-
sion of oscillations caused by the superposition of the two resonant components. The vibration reduction levels
obtained in the simulations were highly favorable for the considered resonant frequencies (51.11% and 48.51%).
However, the reductions achieved in the experimental tests were significantly lower; for the 214Hz resonant fre-
quency, a reduction of 21.53% was observed (Table 6). When the object is forced with a chirp signal, the results
are slightly better. Detailed results are summarized in Table 7. Nevertheless, the results confirm that the proposed
solution enables effective vibration reduction despite its simple structure.

Table 6. Vibration attenuation based on the object response.

Excitation Average amplitude
controller OFF [V]

Average amplitude
controller ON [V]

Attenuation [%]

214 Hz (simulation) 2.25 1.10 51.11

214+574 Hz (simulation) 2.35 1.21 48.51

214 Hz (experiment) 3.53 2.77 21.53

Table 7. Vibration attenuation based on the object response.

Excitation Maximum amplitude
controller OFF [V]

Maximum amplitude
controller ON [V]

Attenuation [%]

Chirp (simulation) 2.55 0.85 66.67

Chirp (experiment) 3.85 2.37 38.44

Fig. 6. Experimental results – the time response for the frequency of 214Hz excitation, 0 s to 5 s the open loop control
system, 5 s to 10 s the close loop control system.
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7. Conclusion

The conducted research confirmed the effectiveness of the developed active vibration reduction system uti-
lizing a PID controller. The control system, designed based on an ARX-type mathematical model of the object,
demonstrated high efficiency both in simulation environments and real-world conditions. The obtained results
validate the correctness of the adopted assumptions as well as the suitability of the chosen modeling and control
methods which is confirmed by the data in the Table 6 and Table 7. The use of MFC piezoelectric materials
as sensors and actuators proved to be an effective and practical solution (Fig. 7). The high sensitivity of these
elements, combined with their capability for active vibration damping, enabled precise monitoring and elimina-
tion of vibrations in lightweight structures such as thin-walled tubes modeling robot arms. The developed control
system demonstrated its versatility by effectively suppressing vibrations induced by both simple harmonic excita-
tions and more complex input signals. This indicates its potential applicability across a wide range of engineering
applications, particularly in robotics and mechatronics. A key factor in the overall process was the accurate mod-
eling of the object, facilitated by tools such as the xPC Target system within the MATLAB environment. Precise
identification of the dynamic properties of the structure directly contributed to the effectiveness of the developed
control algorithm. The obtained results provide a solid foundation for further research and development. The
presented solution can be adapted to more complex structures and integrated with advanced control strategies,
such as adaptive or predictive control. This system opens new perspectives for active stabilization of lightweight
robotic structures, contributing to improvements in their precision and operational reliability.

Fig. 7. Experimental results – the time response for chirp signal (from 1Hz to 1000Hz) excitation, 0 s to 5 s the open loop
control system, 5 s to 10 s the close loop control system.
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Assessing the impact of flanking sound transmission is one of the most significant challenges in the pro-
cess of designing building partitions. Acoustic parameters declared by manufacturers of lightweight systems
are subject to errors of up to several decibels – and in the case of inaccurate construction on site, these dif-
ferences can reach even higher values. One factor contributing to this is the phenomenon known as flanking
sound transmission, which involves the transmission of acoustic energy through partitions connected to the
partition directly dividing two adjacent rooms. For this reason, estimating the resultant acoustic insulation of
a partition, taking flanking paths into account, is crucial at an early stage of the design process to ensure com-
pliance with the requirements outlined in standard recommendations, and the literature. Currently, there are
regulations and studies that provide guidance on calculating the estimated reduction in acoustic insulation due
to flanking transmission. However, in practice, situations arise that have not yet been addressed in standards or
the literature. Examples include partitions made of plasterboard, which are among the most common types of
partition walls in Poland, yet are not covered by current normative procedures, as well as glass systems. This
study aims to further explore this topic by analysing the impact of combining a massive partition with flanking
lightweight partitions for selected structures (glass, plasterboard with single or double panelling, with full or
partial sound-absorbing material infill, and without infill) and connection types.

Keywords: building acoustics, flanking sound transmission, sound insulation, statistical energy analysis.
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1. Introduction

When estimating the sound transmission index of a partition, it is essential to take into consideration not
only the direct partition between rooms, but also all alternative paths through which sound is transferred,
known as flanking paths. These paths can significantly decrease the resultant sound insulation of a direct par-
tition, particularly if the flanking partitions provide weaker insulation or have a lower density than the direct
partition. A methodology for estimating the impact of flanking transmission for several types of partitions is
described in the standard EN 12354-1 (International Organization for Standardization, 2017); however it does
not cover all types of partitions encountered in practice. Although there have been numerous articles written on
the matter, most of them discuss flanking transmission through timber or cross-laminated timber (CLT) parti-
tions (Neusser, Bednar, 2022), which are not among the popular building materials in Poland, where gypsum
board partitions prevail. Less frequently, other constructions are discussed, such as gypsum board partitions or
double walls (Dijckmans et al., 2019; Crispin et al., 2017; Gerretsen, 2015; Schoenwald, 2008). This paper,
however, examines a previously unstudied case: the use of lightweight gypsum board and glass partitions and
their impact on the resultant sound insulation of a massive partition, using statistical energy analysis (SEA).
Several cases are described – case 1 shows a basic situation of a single concrete partition between two rooms
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without flanking paths, case 2 includes single-cladding gypsum-board-based flanking partitions. Cases 3 to 5
focus on double-cladding partitions without filling in the cavity between plates, with a cavity partially filled with
sound-absorbing material, and with a cavity fully filled with a sound-absorbing material. Case 6 focuses on glass
flanking partitions. All cases show results for C-, T-, and H-shaped connections.

2. Statistical energy analysis

SEA, widely described by Craik (1996) as well as Crocker and Price (1969), is one of the methods
used to calculate sound and vibration transmission through a given acoustic system. The general principle of
SEA is to create a model of a system consisting of smaller subsystems and then determine the equilibrium
equations describing the energy flow between them. A subsystem is a set of modes with the same properties and
similar modal energy; it represents a physical object, such as a partition, a room, or a void. In SEA, the measure
of sound in a room or vibration of a partition is energy. The value of power transferred from subsystem i to
subsystem j (Wij) depends on the sound energy in the transmitting subsystem Ei, the angular frequency ω, and
the energy loss factor ηij :

Wij = E1ωηij . (1)

Some of the energy leaving a subsystem is lost as heat or transferred to a different partition that is not a part of
a system (Wid, Wjd), and some is radiated and transmitted to other subsystems (Wij , Wji). The energy entering
the subsystem includes the external excitation (W1) and the transmission from other subsystems (Wji, Wij).
In the SEA model, it is assumed that the energy is distributed evenly in all frequency bands, so that each

band must contain an appropriate number of modes. The number of modes per unit frequency is defined by the
modal density n(f), and the number of modes in a band is expressed as ∆N for a given subsystem. The modal
density depends on the type of wave and on the geometry, material, and boundary conditions of the subsystem.
The number of modes depends on the width of the frequency band.
All modes in a given subsystem and frequency band are excited equally, and their responses are independent

of one another. The modal density, according to Craik (1996), Kleiner, Tichy (2014), and Schoenwald
(2008), is described as follows:

a) for plates:

n(f) =
2πfS

c2
, (2)

where S refers to the surface area of the plate and c is the wave speed. For bending waves on thin plates,
modal density is described as

n(f) =
πSfc
c20

; (3)

b) for rooms:

n(f) =
4πf2V

c30
+
πfS′

2c20
+

L′

8c0
, (4)

where V is the volume of the room, S′ is the total surface of the room, and L′ is the total length of all
edges in the room;

c) for cavities: for thin voids and for low frequencies below the eigenfrequency of the first cross mode, calculated
using the following formula:

fm,n,o =
c0
2

¿
Á
ÁÀm2

l2x
+
n2

l2y
+
o2

l2z
, (5)

where m, n, o are positive integers (Craik, 1996; Schoenwald, 2008), and lx, ly, lz are the dimensions
of the void, the system is treated as 2D and Eq. (2) should be used, whereas above this frequency, the void
is treated like a room, which implies the use of Eq. (4).
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The number of modes in a given frequency band is calculated using:

N = n(f)∆f, (6)

where
∆f = 0.23fm (7)

for 1/3 octave bands, and
∆f = 0.707fm (8)

for 1-octave bands, where fm is the centre frequency of a given frequency band.

2.1. Damping

A key element in calculating the energy in individual subsystems is determining the energy loss coefficients,
which define the energy flow between subsystems. The loss coefficient is the fraction of energy lost by a subsystem
in one cycle. Damping is described by several types of loss factors: internal loss factors ηi,d, coupling loss factors
(CLFs) ηij and total loss factors ηi, where

ηi =
n

∑
j=1

ηij + ηi,d. (9)

2.1.1. Coupling loss factors

The CLF describes the attenuation due to coupling between subsystems. It is the fraction of energy transferred
from one subsystem to another in one cycle, and is generally expressed as follows:

ηij =
Wij

Eiω
. (10)

The formulas for connections between different types of subsystems are as follows:

a) energy transfer from a room to a partition:

ηij =
ρ0c

2
0Sjfc,jσj

8πf3Viρs,j
, (11)

b) energy transfer from a partition to a room:

ηij =
ρ0c0σi

ωρs,i
, (12)

c) energy transfer between partitions:

ηij =
lijcg1τij

ωπSi
, (13)

d) energy transfer from a cavity to a partition:

ηij =
ρ0c0fc,jσj

4πf2ρs,j
, (14)

e) energy transfer from a cavity to a room:
ηij =

τij

4π
, (15)

f) energy transfer between rooms:

ηij =
c0Sτij

8πfVi
, (16)
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where fc,j is the critical frequency for element j, Sj is the surface area of element j, Vi is the volume of the
source room, σi/j is the resonant radiation efficiency of element i/j, ρs,i/j is the surface mass of element i/j,
τij is the transmission coefficient from element i to j, cg,i is the corrected group velocity, and lij is the
length of the connection between elements i and j.

If the CLF from subsystem i to j is known, the energy flow from subsystem j to i can also be calculated
using:

ηji =
ηiηij

ηj
. (17)

The transmission coefficient can be calculated using Eq. (18), as stated by Craik (1996):

τij = (
ρ0c0

πfρj(1 − µ−4)
)

2 ⎧⎪⎪
⎨
⎪⎪⎩

ln(
2πf
√
S

c0
) + 0.16 +U (lx, ly)

+
1

4µ6
[(2µ2

− 1) (µ2
+ 1)

2
ln (µ2

− 1) + (2µ2
+ 1) (µ2

− 1)
2
ln (µ2

+ 1) − 4µ2
− 8µ6 ln (µ)]

⎫⎪⎪
⎬
⎪⎪⎭

, (18)

where U(lx, ly) is a shape function that can be omitted if 0.1 < lx, ly < 10, and µ is a square root of fc/f , where
fc is the critical frequency.

2.1.2. Internal loss factors

The internal loss factor (ILF) represents the amount of energy lost by a subsystem and converted into heat,
or transferred to another structure not included in the model, in one cycle. It is defined as follows:

ηid =
Wid

Eiω
. (19)

ILFs for common material types can be found in Table 1.

Table 1. Internal loss factors of common materials.

Material Internal loss factor ηid ⋅ 10−3

Steel ∼0.1

Aluminium ∼0.1

Glass 0.6–2

Concrete 4–8

Lightweight concrete 10–20

Autoclaved aerated concrete 10–20

Gypsum plate 10–15

Chipboard 10–30

2.1.3. Total loss factors

The total energy loss factor (TLF), denoted as ηi, is the sum of the energy loss due to coupling of subsystems
(CLF) and the internal losses of a given subsystem. Equations for each type of subsystem are specified as follows:

a) TLF of a room:

ηi =
2.2

T60,if
, (20)

b) TLF of a cavity:

ηi =
c0∑ lα′

2π2fSi
, (21)

c) TLF of a partition:

ηi =
cgLα

2π2fS
, (22)
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whereas for massive partitions, it can be assumed that:

ηi ≈
1
√
f
+ 0.015, (23)

and for a lightweight partitions:
ηi =

c0

fπ2
√

fref
f

, (24)

where T60,i is the reverberation time of element i, f is the frequency, c0 is the speed of sound in air, l is
the length of the cavity, α′ is the average sound absorption coefficient in the void, Si is the surface area of
element i, cg is the group velocity, and fref = 1000Hz. The group velocity, which describes the velocity at
which energy is transported, is given by

cg =
dω
dk

. (25)

2.2. Transfer matrix

In order to calculate the energy in each subsystems, the first step is to form equilibrium equations, based on
the assumption that the energy entering a subsystem is equal to the energy leaving it. Using these equations,
a transfer matrix is formed:

⎡
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

−η1 η21 η31 η41 ...

η12 −η2 η32 η42 ...

η13 η23 −η3 η43 ...

η14 η24 η34 −η4 ...

... ... ... ... ...

⎤
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦

⎡
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

E1

E2

E3

E4

...

⎤
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦

=

⎡
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎢
⎣

−W1/ω

0

0

0

...

⎤
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎥
⎦

. (26)

2.3. Analysed cases

For each analysed case, the same initial conditions were assumed, as presented in Table 2.

Table 2. Initial conditions assumed for the calculations.

Parameter Symbol Value

Initial power [W] W1 0.005

Speed of sound in air [m/s] c0 343

Density of air [kg/m3] ρ0 1.2

Air temperature [○C] T 20

It was assumed that both the source and receiving rooms were identical in terms of their dimensions and
reverberation time. The assumed parameters of the rooms are listed in Table 3.

Table 3. Parameters of the source and receiving rooms assumed for the calculations.

Parameter Symbol Value

Width [m] WR 3

Length [m] LR 5

Height [m] HR 4

Volume [m3] VR 60

Reverberation time [s] T60,R 0.6

The main partition between the source room and receiving rooms is a massive concrete wall. Flanking parti-
tions were assumed to be gypsum board or glass-based. Their parameters are specified in Table 4.
The description of cases analysed in the study is presented in Table 5.
The connection shapes are presented in Fig. 1.
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Table 4. Parameters of the walls.

Parameter Symbol
Value

Massive wall Gypsum board panel Glass panel

Width [m] W 3 3 3

Thickness [m] T 0.15 0.012 0.0066

Height [m] H 4 4 4

Surface [m2] S 12 12 12

Perimeter [m] P 14 14 14

Density [kg/m3] ρ 2400 720 2500

Surface mass [kg/m2] m′ 360 8.64 16.5

Critical frequency [Hz] fc 110 2846 1808

Young’s modulus [N/m2] E 3.6e+10 2.4e+9 7.2e+10

Poisson’s ratio µ 0.2 0.3 0.2

Bending stiffness [Nm] B 3.1e+6 380 1.8e+4

The cavity between the gypsum board or glass panels is assumed to be 0.05m deep.

Table 5. Description of analysed cases.

Case number Description

1 Basic model with no flanking partitions – source and receiving rooms divided by a 15 cm thick concrete wall.

2 One, two or four flanking partitions, consisting of a single gypsum board cladding with no absorptive filling;
three connection types (‘T’, ‘C’, ‘H’).

3 One, two or four flanking partitions, composing of a double gypsum board cladding with no absorptive filling;
three connection types (‘T’, ‘C’, ‘H’).

4 One, two or four flanking partitions, consisting of a double gypsum board cladding; cavity filled with an
absorptive material in 50%; three connection types (‘T’, ‘C’, ‘H’).

5 One, two or four flanking partitions, consisting of a double gypsum board cladding; cavity fully filled with
absorptive material; three connection types (‘T’, ‘C’, ‘H’).

a)

Source
room

Receiving
room

b)

Source
room

Receiving
room

c)

Source
room

Receiving
room

Fig. 1. Schematic layout of the analysed connections in case 2:
a) C-shaped connection, b) T-shaped connection, c) H-shaped connection.

2.3.1. Subsystems

The connections between subsystems were assumed according to Fig. 2 to Fig. 5. For cases 2 to 6, the
connections are identical, as the double-cladding of gypsum board walls is considered as a single subsystem.

S1
Source room

S2
Wall 1

S3
Receiving

room

Fig. 2. Energy flow scheme between subsystems for case 1.
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S1
Source room

S2
Massive

wall

S3
Receiving

room

S6
Gypsum board

S4
Gypsum board

S7
Gypsum board

S9
Gypsum board

S5
Void

S8
Void

Fig. 3. Energy flow scheme between subsystems for C-shaped connections.

S1
Source room

S4
Wall 2

S2
Wall 1

S3
Receiving

room

S5
Void 1

S6
Wall 3

S7
Wall 4

S8
Void 2

S9
Wall 5

Fig. 4. Energy flow scheme between subsystems for T-shaped connections.

S14
Void

S11
Void

S1
Source room

S2
Massive

wall

S3
Receiving

room

S6
Gypsum board

S4
Gypsum board

S7
Gypsum board

S9
Gypsum board

S5
Void

S8
Void

S12
Gypsum board

S10
Gypsum board

S13
Gypsum board

S15
Gypsum board

Fig. 5. Energy flow scheme between subsystems for H-shaped connections.
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3. Results

For each case and each connection type, the energy in every subsystem was calculated. The results obtained
for cases 2 to 6 were then compared to the basic situation (case 1) in order to show the difference between the
resultant sound insulation of the massive wall with no flanking paths and the insulation obtained after adding
lightweight partitions. The results are presented in Fig. 6 and Fig. 7.
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Fig. 6. Weighted sound reduction indexes for H-shaped connections (cases 1–6).

0

10

20

30

40

50

60

70

80

90

D
n,

w
 [

dB
]

100 110 125 160 200 250 315 400 500 630 800 1000 1250 1600 2000 2500 3150

Frequency [Hz]

No flanking 'C' 'T' 'H'

Fig. 7. Weighted sound reduction indexes for case 3 with three connection shapes.

The differences in sound insulation of H-shaped connections between the massive wall and gypsum walls with
no filling, partial filling, and fully filled cavities are presented in Table 6.
The results show that the sound reduction index, compared to case 1, decreases above the critical frequency of

the gypsum/glass board. In the case of single cladding, the reduction occurs above 2500Hz, while in the case
of double cladding, the reduction begins above 1250Hz. In the case of glass flanking partitions, the decrease
occurs above approximately 1850Hz. The highest reduction of sound insulation can be observed for H-shaped
connections, as these include the largest number of flanking partitions.
As for the absorptive material in the cavities, the resultant sound reduction difference between cases 3, 4,

and 5 appear above the critical frequency of the gypsum board, which for the double-cladded wall is around
1400Hz. Differences at higher frequencies are clearly noticeable and impact the overall resultant single-number
sound insulation of the wall. The difference between cases 4 and 5, representing walls with partially and fully
filled cavities, is also observed; however, the resultant single-number sound reduction index is RA1 = 48 dB. For
case 3, the sound reduction index is RA1 = 45 dB.
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Table 6. Sound insulation difference between three of the analysed cases.

Frequency [Hz] Dn,e,w [dB] – case 3 Dn,e,w [dB] – case 4 Dn,e,w [dB] – case 5

100 20.9 20.9 20.9

125 31.3 31.3 31.3

160 38.4 38.4 38.4

200 42.4 42.4 42.4

250 45.9 45.9 45.9

315 49.1 49.1 49.1

400 52.2 52.2 52.2

500 55.0 55.0 55.0

630 57.8 57.8 57.8

800 60.4 60.5 60.5

1000 62.6 62.7 62.7

1250 62.8 63.1 63.1

1600 55.1 59.1 59.3

2000 59.1 62.1 62.3

2500 63.7 65.7 65.7

3150 67.3 68.8 68.9

4. Conclusions

SEA, when applied correctly, can be an effective method for calculating the sound transmission of a partition,
including contributions from flanking paths. While most recent publications focus on timber or massive construc-
tions when discussing flanking transmission, this research analysed connections between gypsum-board-based or
glass partitions and massive partitions, which are commonly used in Poland. The results for six different cases
were presented, starting with a standard situation without flanking transmission. Cases 2 to 5 represent connec-
tions between a massive wall and a gypsum board wall, considering three different connection shapes (C-shaped,
T-shaped, and H-shaped) and both single- and double-cladded walls. Filling the cavity with absorptive material
was also taken into consideration. Case 6 represents the situation when the flanking partitions are glass systems
for the same types of connections between partitions as in the case of gypsum board partitions.
The results indicate a noticeable impact of flanking paths on the resultant sound insulation of a massive

wall. The reduction in sound insulation occurs above the critical frequency of the gypsum or glass board. For
this reason, the damping in case 2, where the flanking walls have single cladding and therefore a higher critical
frequency, is smaller than in cases 3 to 6. The shape of the connection is also significant, with H-shaped connections
resulting in the greatest reduction among all analysed cases, as they include the largest number of flanking
partitions.
Another factor that has an impact on sound insulation is the filling of the cavity between gypsum boards with

absorptive material. The calculations imply that higher attenuation in the cavity increases the sound insulation
of the massive partition, thereby the impact of flanking paths.
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