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In Memoriam

Janusz Wójcik Professor of the IPPT PAN

1957 – 2023

Janusz Wójcik was born in the heart of Poland near
Czarnolas in August 1957. He obtained an M.Sc. Eng.
degree at theWarsaw University of Technology in 1983.
From 1984 until the last days of his life, he worked at
the Institute of Fundamental Technological Research
Polish Academy of Sciences in Warsaw. He received his
doctoral degree on the basis of the dissertation “Non-
linear Envelope Waves in The Vlasov-Maxwell Plasma”
in 1990. In 2004, he was given a permanent position of
IPPT PAN professor and a year later he was appointed
Head of the Ultrasound Introscopy Laboratory at the
Department of Ultrasound.

From the beginning of his work his scientific activ-
ity was focused on the thermodynamics of ultrasonic
waves in tissues modeled as fluids. The theoretical de-
scription of thermal effects occurring under the influ-
ence of ultrasonic waves on tissues is of fundamental
importance not only in planning thermal therapies (hy-
perthermia) used in medicine but also in the elucida-
tion of attenuation phenomena to improve the quality
of medical ultrasonography.

Among the many issues addressed by Professor
Janusz Wójcik, one included, e.g., the quantitative de-
termination of the transient temperature increase in
lithotripsy (1991), the temperature increase in focused
Gaussian ultrasonic beams at various insonation times
(1993), the temperature increase for three-layer and

four-layer two-layer model of obstetric tissue in cases
of non-linear and linear ultrasonic propagation (1999).
He computed also possible temperature effects for
acoustic microscopy used for living cells (2004), ana-
lyzed the phenomena related to the nonlinear reflec-
tion and transmission of plane acoustic waves (2001),
and solved theoretically and numerically the aspects of
nonlinear reflection–transmission phenomena in acous-
tics (2018).

The most important scientific achievement of Pro-
fessor Janusz Wójcik was the introduction, for the first
time in the world, of non-local equations for a liquid
lossy medium, published in the article “Conservation
of energy and absorption in acoustic fields for linear
and nonlinear propagation”, JASA, 1998.

In 2000, he completed his habilitation thesis “En-
ergy Transport in the Feld of Ultrasonic Waves”, which
summarized the above results.

In the following years, Professor Wójcik studied
the scattering of scalar waves in complex media, mod-
eled systems processing scalar waves in stochastic me-
dia, and built a numerical solver for such calculations.
He developed a numerical environment for modeling sto-
chastic tissue structures and determining echoes of
scattered scalar ultrasonic waves in tissues to search
and study the correlation of structure features with
the statistical characteristics of echoes. These studies
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were focused on improving diagnostic tools for patho-
logical changes in the structure of spongy bone and in
arterial walls, and heart tissue dynamics.

Professor Janusz Wójcik was the author and co-
author of nearly 100 scientific papers published in the
best acoustics journals and several dozen papers pre-
sented at international conferences. His works consti-
tute an important contribution to the foundations of
understanding the phenomena of nonlinear fluid dy-
namics; in particular, they allowed the study of the
influence of nonlinearity on the thermal effects of son-
ication and ultrasonic streaming phenomena in fluids.

The center of Janusz Wójcik’s interests has always
been the fundamentals of physics and mathematics
in applied acoustics. He was passionate about them
until the end of his life, even in poor health, he was
discovering new paths and scientific truths, his two
recent publications are the best proof of this. The first
of these publications, “Analytical Solution of the Non-
linear Equations of Acoustic in the Form of Gaussian
Beam” (2022) makes a significant contribution to ap-
plied mathematics by proposing an analytical form
of solving nonlinear acoustic equations in the form of
a Gaussian beam, and the second publication, “Deriva-
tion of Acoustical Streaming Equations for Nonlinear
and Dispersive Fluids” (2023) constitutes a theoreti-
cal basis for explaining and modeling the physical phe-

nomenon of the so-called acoustic streaming. In the
second paper, he obtained formulas that generalize
the known descriptions of the form of forces driving
streaming and extend their application to the case of
nonlinear propagation.

It should be emphasized that Professor Janusz
Wójcik was able to cooperate with other scientists,
he was always full of enthusiasm and willing to help
in solving problems. He passed on his knowledge and
made his numerical software available to both his col-
leagues and younger science students, for whom he lec-
tured during their doctoral studies at IPPT PAN.

Professor Janusz Wójcik was the Deputy Editor-
-in-Chief of Archives of Acoustics.

His scientific contribution to the nonlinear acoustic
allows us to remember the Horatian non omnis moriar.

We will remember Janusz Wójcik not only as a great
scientist, but as a man with a big heart, cheerful, kind
to everyone, and, above all, incredibly heroic in the last
months of his serious illness, working until the last days
of his life.

Janusz Wójcik passed away on September 4, 2023.
We have lost a dear colleague and sincere friend.

Barbara Gambin, Andrzej Nowicki,
and the Editorial Board of Archives of Acoustics



Archives of Acoustics Vol. 48, No. 4, pp. 465–473 (2023), doi: 10.24425/aoa.2023.146643

Research Paper

Modulation Mechanism of Acoustic Scattering

in Underwater Corner Reflectors with Acoustic Metasurfaces
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Using the tunderwater corner reflector (CR) to simulate the acoustic scattering characteristics of the
military target is a new technology to counter active sonar detection. Existing underwater CRs only have
the ability to interfere with the acoustic field, but have limitations in acoustic wave modulation. Therefore,
acoustic metasurfaces applied on CRs to enhance the ability of acoustic wave modulation has a great application
prospect. A fast prediction method based on the Kirchhoff approximation (KA) and the ray tracing theory
is proposed to calculate the acoustic scattering characteristics of CR with acoustic metasurfaces in grooves array
type. The accuracy of the method is verified by the finite element method (FEM) simulation. The modulation
effect of CR with grooves array in different gradient combinations on the structural scattering acoustic field
is analyzed. The research shows that the CR with different combinations of the acoustic metasurface has an
obvious modulation effect on the amplitude of the acoustic waves and the deflection of acoustic field. In par-
ticular, the grooves array in combination with positive and negative gradients has an obvious deflection impact
on the scattering acoustic field.

Keywords: acoustic scattering; metasurface; ray tracing; corner reflector; virtual source method.

Copyright © 2023 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

The radar corner reflector (CR) is an effective pas-
sive jamming device to counter radar detection, which
can be used to blanket the genuine target signal to pro-
tect valuable facilities. The radar CR generally consists
of three rigid plates, which are welded together verti-
cally. The CR with a special geometric structure can
cause an incident electromagnetic wave to be scattered
in it, multiplied and then reflected back to the original

direction. Therefore, CR has a strong backward radar
cross section (RCS), which can cause obvious jamming
and deception impacts on radar-guided weapon sys-
tems (Huang, 1993; Xiong, 2008); and CR has advan-
tages such as low cost, wide frequency bandwidth, long
operating time, and obvious interference that make it
widely used in protection of important facilities.

Considering excellent performance in countering
radar detection, CRs have shown promising prospects
in underwater applications. The detection and iden-
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tification of low noise level targets in water is based
on an active sonar, and the receive-respond approach
is used as the traditional method to counter the ac-
tive sonar by receiving, processing, and transmitting
back the active sonar detection signal (Chen, Zhao,
2014; Xu et al., 2017; Lu, 2009). The prospects for
engineering applications are limited by the complex-
ity of the method, and the difficulty in the simula-
tion of a real echo of the target. Therefore, the pas-
sive jamming devices, especially CRs, have recently
attracted a lot of attention from researchers. It was dis-
covered that elasticity or rigidity has no influence on
strong scattering capacity of underwater CRs (Chen

et al., 2018; Chen, Luo, 2019). Moreover, the struc-
tural characteristics indicate that multiple scattering
of acoustic waves must be taken into account in calcu-
lation. Therefore, the “shooting and bouncing acoustic
beams” method based on the planar element method
(PEM) is proposed to calculate the scattering sound
field of an underwater CR (Chen, 2012; Chen, Sun,
2013). However, this is only an approximate numerical
calculation, problems such as non-convergence of cal-
culation results and idealistic analysis conditions still
exist. Möller and Trumbore (1997) proposed a fast
algorithm to judge whether a ray passes through a par-
ticular triangle, which makes it possible to introduce
the virtual source method into PEM to calculate the
multiple scattering acoustic field.

The existing underwater CRs only have the ability
to interfere with the sound field, limitations still ex-
ist in modulation of sound waves, which can be com-
pensated by utilization of acoustic metasurfaces. Such
structures are theoretically based on the generalized
Snell law and acoustic wave modulation can be real-
ized through surface phase changes (Li et al., 2013;
Zhao et al., 2013; 2018; Tian et al., 2020). With ref-
erence to optical metasurfaces, acoustic metasurfaces
was first proposed in 2013, in which a structure with
a phase abrupt change was used to make incident waves
conform to the generalized Snell law, thus achieving an
anomalous refraction and reflection on the interface of
different mediums (Yang et al., 2022; Yuan et al.,
2020; Zhao et al., 2020). Christensen et al. (2007)
proposed a grooves array structure and used the cou-
pling of the surface acoustic wave (ASW) to achieve
the acoustic field control. Since then, the ability to
modulate acoustic waves of acoustic metasurface has
attracted widespread attention.

The dihedral CR is one of reflectors with strong
multiple scattering ability (Lu et al., 2020). In this
paper, a dihedral CR embedded with acoustic meta-
surface is designed based on the generalized Snell law,
and the metasurface itself is grooves array whose depth
varies in gradient. An improved PEM combining the
Kirchhoff approximation (KA) and ray tracing is pro-
posed to calculate the scattering acoustic field of CR
with acoustic metasurface. Furthermore, the influence

of different combination of an acoustic metasurface on
the dihedral CRs scattering acoustic field is discussed.

2. Relevant theories and models

2.1. Acoustic metasurface

Different from the traditional Snell law, the modu-
lation effect of phase variation on the acoustic wave was
first proposed in the generalized Snell law, the modu-
lating mechanism of which is expressed as:

sin θr − sin θi = λ0
2π

dΦ(x)
dx

, (1)

where θr and θi are the reflection and incident angles,
dΦ(x)/dx is the surface phase gradient, and λ0 is the
wavelength.

The dihedral CR with an acoustic metasurface was
designed based on the generalized Snell law. In order to
realize the phase change of the surface acoustic wave,
a group of grooves whose depth varies in gradient are
constructed on the surface, as shown in Fig. 1. The sur-
face whose thickness usually less than the wavelength
is called acoustic metasurface (Yu et al., 2021). The
relationship between the reflection and incident angles
of an acoustic wave scattered by a metasurface can be
written as:

θr = arcsin (sin θi + 2g) , (2)

where θr is the reflection angle, g is the gradient of
grooves array (Zhu, 2018). The dihedral CR with an
acoustic metasurface was designed based on the gen-
eralized Snell law (Fig. 1). The gradient of grooves is
g = dhi/dx = 0.1. When the frequency of the incident
acoustic wave f0 is 10 kHz, the acoustic phase varia-
tion ranges of the grooves array according to Eq. (1)
is 0∼2π, and the step size is π/5.

hN

O

θiθr

y

z

x

d0

d

L

Reflected waves Incident waves

Positive gradient direction
1 2 3 … i … N–1  N

Non-grooves region
Grooves region

Fig. 1. Calculation model on scattering acoustic field of
acoustic metasurface unit.

In this paper, an improved PEM is proposed using
the Snell law combined with the virtual source method
and the ray tracing method to calculate the directional
modulation effect of CR with acoustic metasurfaces.
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2.2. Improved planar element method

PEM mainly uses the KA theory, which is called
the physical acoustic method (Fan et al., 2012). This
approximation method has two basic assumptions:

1) the scattering surface can be divided into illumi-
nated areas that has contribution to acoustic scat-
tering and shadow areas that has no contribution
to acoustic scattering;

2) each part of illuminated area can be treated as
a plane and the reflected wave conforms to reflec-
tion rule.

As shown in Fig. 2, S is the entire outer surface of
scattering object; r1 and r2 are the vectors from the
unit surface dS to the incident point M1 and receiving
point M2; θ1 and θ2 are the angles between the surface
normal vector n and r1, r2, respectively.

A1

S

B1

B2 
A2

O

M1

M2

r₂₀

r₂

r₁
r₁₀

θ1
θ2

ndS

Fig. 2. Kirchhoff approximation theoretical model.

Assuming that the incident acoustic potential is φS ,
the scattering acoustic potential satisfies the following
Helmholtz integral equation, which is expressed as:

φS(r2) = 1

4π
∫
S

[φi

∂

∂n
(ejkr2

r2

) − ∂φi

∂n

ejkr2

r2

]dS. (3)

Considering the scattering object as a rigid surface,
the expression of scattering acoustic pressure is

φS(r2) = − jk
4π
∬
S

ejk(r1+r2)

r1r2

(cos θ1 + cos θ2)dS. (4)

In the monostatic case, ∣r1∣ = ∣r2∣ = ∣r∣, ∣r10∣ = ∣r20∣ =∣r0∣, ∆r1 = ∆r2 = ∆r, and θ1 = θ2. Equation (4) be-
comes

φS(r) = − jk
2π

ejk2r0

r
2
0

∬
S

ejk2∆r cos θ1 dS. (5)

The phase variation caused by the grooves array
can be expressed as:

ϕ = 2khi =
⎧⎪⎪⎨⎪⎪⎩
ϕi (i ∈ the grooved region),
0 (i ∈ the non-grooves region), (6)

where hi is the depth of the i-th groove.

When calculating the scattering sound pressure
of the acoustic metasurface, the corresponding phase
variation should be considered. Therefore, the scat-
tering acoustic wave potential function at the i-th
groove is:

φ′S,i = φS,i ⋅ ejϕi . (7)

The target strength (TS) is calculated by summing
the scattered acoustic wave potential functions, which
is expressed as:

TS = 20 log10 (∣
M∑
i=1

φ′S,i∣ r2), (8)

where r is the distance from the incidence point to the
center point of the plate.

2.3. Dihedral CR with acoustic metasurface

The double acoustic scattering phenomenon in the
dihedral CRs makes the solution of the scattering
acoustic field more complicated. It can be simplified
as the double scattering problem between two discrete
rigid plates, as shown in Fig. 3. In the monostatic case,
where T is the incidence and receiving point, T ′ is
the geometric symmetric point of T with respect to
plate 1, M and P are the centers of plates 1 and 2;
n1 and n2 are the outer normal vectors of plate 1 and
plate 2, respectively; r1 is the vector from the incident
point T to M , r2 is the vector from the incident point T
to any point Q on plate 2, and r12 is the vector from
the center of plate 1 to arbitrary point Q on plate 2.

r₁

r₁₂

r₂

n₂

n₁

r₁
Sound source point

x

Virtual source point

Plate 2
O

Plate 1

y

z

T

T′

M

P

′

Q

Fig. 3. Schematic of double scattering diagram
between discrete plates.

In the monostatic case, the acoustic wave from the
incidence point T is scattered by the plate 1 to plate 2,
then reflected by plate 2 and finally comes back to the
receiving point T . The process can be equivalent to
the situation that an acoustic wave comes from the
virtual source point T ′ to the plate 2, and then is scat-
tered to the receiving point T . Furthermore, the mul-
tiple scattering acoustic field between plates can be
calculated by combining PEM with the virtual source
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method, and the double scattering potential function
can be expressed as:

φS(r2) = − jk
4π
∬
S

ejk(r
′

1
+r12+r2)

(r′
1
+ r12)r2 (cos θ1 + cos θ2)dS.

(9)
The dihedral CR with an acoustic metasurface can

be achieved by the grooves array, and the single scat-
tering acoustic field is shown in Fig. 4a. Where θi1,
θi2, θr1, and θr2 are the incident angles and reflection
angles of the acoustic wave of face I and face II, respec-
tively. This paper only considers the monostatic case,
thus the incident angle of the single reflection and the
reflection angle are on the same side of the normal
vector. The single scattering acoustic field consists of
two parts, which is the acoustic pressure reflected by
grooves regions and non-grooves regions, respectively.

The double scattering acoustic field includes the
scattering acoustic wave from face I to II and face II
to I. As shown in Fig. 4b, for symmetry of geometry
and an angle of incidence, only the scattering acoustic
field from face I to II is described.

a)

x

z

y

Ⅰ

Ⅱ

θi2

θi1

θr1

θr2

Incident waves on I

Incident waves on Ⅱ

Reflected waves on I

Reflected waves on Ⅱ

O

b) z

y

Ⅰ

Ⅱ

θi
θr

π/2–θr

π/2–θi
Incident waves on I

Secondary reflected waves
from I to Ⅱ

x

O

Fig. 4. Reflection of a dihedral reflector:
a) single; b) double.

When the acoustic wave is incident on the surface I
and scattered on the surface II, the acoustic pressure
at the grooves is modified by multiplying phase fac-
tors according on Subsec. 2.2, and the double scatter-
ing acoustic field of the dihedral CR is acquired by
utilizing the improved PEM algorithm combined with

the virtual source method and the ray tracing method,
which can be expressed as:

φI−II
S = − jk

4π
(∑M

i=1 Pie
2jk(h1,i+h2,i)) (10)

where M is the number of planar elements in face I
from which an acoustic wave can be scattered to face II,
φI−II
S is the corresponding potential function. Assuming

that the acoustic wave incident to the planar 1 in the
face I and then is scattered to planar 2 in face II, h1

is the depth of the corresponding groove if planar 1
is in the grooves’ region, h1 = 0 if planar 1 is in the
non-grooves’ region. The determination of h2 follows
the similar process by considering situation in face II.
Pi can be expressed as:

Pi = ejk(r
′

q,i+rm,i)

∣r′q,i∣ ∣rm,i∣ [n2 ⋅ (r′q,i + rm,i)] II−IIS,i , (11)

where r
′
q,i is the local coordinates of a virtual source

point of the incident point about planar 1, rm,i is the
local coordinates of receiving point, n2 is the normal
vector of planar 2, the scattering contribution II−IIS,i is
written as:

II−IIS,i = ∬
SI−II

e−jkR⋅[r
′

q0,i+rm0,i] dS, (12)

where r
′
q0,i

and rm0,i are the unit vectors of r
′
q,i and

rm,i, respectively.
A similar process can be used to obtain φII−I

S . The
total scattering acoustic field is the summation of
the potential function of single reflection and double
reflection:

φ = φI

S + φII

S + φI−II
S + φII−I

S , (13)

where φI

S and φII

S are the potential function of single
reflection from face I and II, respectively; φI−II

S and
φII−I
S are the potential functions of double reflection

from face I to II and II to I, respectively.

3. Simulation

The acoustic scattering characteristics of the di-
hedral CR with an acoustic metasurface are studied
to verify the control effectiveness on the scattering
acoustic field of the structure, and the accuracy of
the improved PEM. The schematic of the dihedral
CR with and without acoustic metasurface is shown
in Figs. 5a and 5b. Calculation results of TS of the
dihedral CR with an acoustic metasurface and CR it-
self using the finite element method (FEM) is shown
in Fig. 5c. Comparison of dihedral CRs with acous-
tic metasurfaces calculated with FEM and improved
PEM proposed in Sec. 2 is shown in Fig. 5d. All the
calculation is under monostatic situation, as a result,
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Fig. 5. a) Model of dihedral CR; b) model of dihedral CR with acoustic metasurface; c) calculation results of TS of
dihedral CR with acoustic metasurface and CR itself using FEM; d) comparison of dihedral CRs with acoustic metasurfaces

calculated with FEM and improved PEM proposed in this article.

θ in Figs. 5c and 5d is both an incident angle and a re-
flection angle. The effect of different structural com-
binations and periodic arrangements on the scattering
acoustic field is studied in Subsecs. 3.1 and 3.2.

When frequency is 25 kHz and θ is 0○∼ 90○, the
scattering acoustic field of the dihedral CR (Fig. 5a)
and the dihedral CR with the acoustic metasurface
(Fig. 5b) were analyzed using FEM, respectively, as
shown in Fig. 5c. The TS of the dihedral CR reaches
the peaks values of 14.98, 17.33, and 14.98 dB at θ = 0○,
θ = 45○, and θ = 90○. The TS of the dihedral CR with an
acoustic metasurface reaches peak values of 13.86 dB
at θ = 6○ and θ = 84○. The dihedral CR with an acoustic
metasurface has significantly decreased the TS ampli-
tude θ ranges from 7.5○ to 83.5○. The results show that
the dihedral CR applying an acoustic metasurface can
significantly decrease their TS in most incident angle
ranges and change the directivity.

Figure 5d shows that the TS of the acoustic meta-
surface dihedral CR calculated by the improved PEM
and the FEM fits well, which verifies the accuracy of
the improved PEM, but there are still some errors.
The main reason is that the improved PEM calculation
merely considers the effects of acoustic metasurface
as phase changing, while the multiple reflections be-
tween the bottom and the side walls of the grooves are

not considered, which is taken into account by FEM.
Therefore, that is the reason why two methods have
errors under certain incident angles.

3.1. Grooves array in single-period gradient

Based on the generalized Snell law, the acoustic
reflection angle is not only related to the acoustic inci-
dent frequency, but also to the gradient of the metasur-
face groove array. When the frequency of the incident
acoustic wave is f = 10 kHz and the angle of incidence
ranges θi = 0○∼ 90○, the effect of the gradient magni-
tude and direction of the grooves array gradient on the
scattering acoustic field of the dihedral CR is discussed
and analyzed in this section.

3.1.1. Gradient magnitude

The reflection angle of acoustic waves can be ad-
justed by changing the magnitude of the grooves array
based on the generalized Snell law, thus the grooves
array gradient can be used to modulate the reflection
direction of an acoustic wave. The designed gradients
of the grooves array are g = 0.1, 0.2, 0.3, respectively.
Figures 6a–6c show the dihedral CR models and TS
results of the grooves array in different gradients. As
shown in Figs. 6d–6f, the dihedral CR with different
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Fig. 6. Models and TS calculation results of grooves array in different gradient magnitude: a) g = 0.1; b) g = 0.2; c) g = 0.3;
d)–f) are calculation results for model a)–c), respectively.

gradients of grooves array has different modulation ef-
fects on the scattering acoustic field of the target. The
TS amplitude is modulated at most incident angles,
and increases or decreases with an incident angle. By
comparing dihedral CR with acoustic metasurface and
dihedral CR itself, the results show that the corre-
sponding angles of peaks change significantly.

As shown in Figs. 6d–f, when g = 0.1, the TS of the
dihedral CR with acoustic metasurface is significantly
higher than CR itself at the angle range of 3○∼ 30○ and
60○∼ 87○, and has peak values near the incident angles
of 5○ and 85○. When g = 0.2, the TS of the dihedral CR
with acoustic metasurface is significantly higher than
CR itself at the angle range of 8○∼ 15○ and 75○∼ 82○,
and has peak values at 12○ and 78○. When g = 0.3,
the TS of the dihedral CR with acoustic metasurface
is significantly higher than CR itself at the angle range
of 14○∼ 20○ and 70○∼ 76○, and has peak values at 17.5○

and 72.5○.
Comparing the calculation results in Figs. 6d–6f,

the corresponding angle of the peak varies with the
magnitude of the gradient of the grooves array, which
indicates that magnitude of gradients can change the
main direction of an acoustic scattering field. It can
also be seen that the TS amplitude is reduced most ef-
fectively when g = 0.3. Therefore, it is possible to re-
alize enhancing or reducing the TS of the underwater
simulator within a large range of incident angles.

3.1.2. Gradient direction

Without changing the gradient magnitude of the
grooves array (gradient magnitudes are g = 0.1), the TS
of the dihedral CR of the grooves array with different
gradient direction combinations is calculated and ana-
lyzed. Figure 7 shows schematic of a calculation model
and comparison of calculation results between the di-
hedral CRs and dihedral CRs with an acoustic meta-
surface in different combinations of the gradient direc-
tion. It can be seen that TS of all the dihedral CRs with
an acoustic metasurface in different gradient combina-
tions have been significantly reduced in a certain range
of angles, which proves that all the three structures are
effective in modulation of the scattering acoustic field.

As shown in Fig. 7d, the whole TS curve of the
structure in a positive-negative gradient has a ten-
dency to approach to θ = 0○, which means that the
phase change has occurred in the process of wave prop-
agation of the structure, and the main reflection direc-
tion of acoustic scattering is significantly changed. Fig-
ure 7e shows that the TS amplitude of the structure in
the negative-negative gradient has decreased obviously
in most angles, with valley values of 35.4 dB at θ = 35○
and θ = 55○, respectively. Figure 7f shows the structure
of combination of positive-positive gradient has en-
hanced TS amplitudes at θ = 5○∼ 35○ and θ = 55○∼ 85○,
and the peak values appear at θ = 6○ and θ = 84○.
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From the above results, it is shown that all three
structures have different effects on modulation of
acoustic scattering. The structure in positive-negative
gradient has a more obvious modulation effect on the
directivity of an acoustic wave. And the model of
negative-negative gradient has a more apparent modu-
lation effect on the TS reduction of the target. There-
fore, the application of dihedral with an acoustic meta-
surface is of great value in modulation of the scattering
acoustic field.

3.2. Grooves array in double-period gradient

The dihedral CR with the double-period gradient
acoustic metasurface is composed of the acoustic meta-
surface whose gradient is g = 0.1 as the unit, as shown
in Figs. 8a–8c. The acoustic scattering characteristics
with different combinations are studied, and the results
are shown in Figs. 8d–8f.

As shown in Fig. 8d, the TS directivity curve has
a tendency to approach to θ = 0○, and the TS am-
plitude decreases significantly at θ = 9○∼ 81○, while
increases significantly at θ = 82○∼ 87○. The modula-
tion of the main reflection direction and the TS am-
plitude of an acoustic scattering wave is more obvious
compared with Fig. 7d. Figure 8e shows that the TS
amplitude of the dihedral CR with the double-period

negative-negative gradient is obviously decreased at all
incidence angles, and the decrease effect is more obvi-
ous comparing with Fig. 7e. The TS amplitude of the
double-period positive-positive gradient combination
of dihedral CR decreases between 8○ and 82○, while
increases significantly at the incidence angle of 3○∼ 7○

and 83○∼ 87○, as shown in Fig. 8f. Moreover, the range
of angles at which the TS decreases is larger compared
to the single-period (Fig. 7f).

The results show that the TS amplitude of these
three double-period combinations is significantly re-
duced in most of the incident angle ranges and in-
creases in a small angle range. Compared with the sin-
gle period, the dihedral CR with double-period com-
bination has more complex TS directivity curve and
more peaks, and the modulation effect of acoustic scat-
tering characteristic is more obvious. Therefore, in-
creasing of the periodicity of the grooves array has
a positive effect in reduction of the TS amplitude and
enhancing of the main direction of acoustic scattering.
The modulating effect of the grooves array on the di-
hedral CR acoustic field is the reason of the reduction
effect of TS amplitude. On the one hand, as the grooves
increase the propagation distance of acoustic wave
compared to the flat plate, which causes a decrease in
the sound pressure amplitude. On the other hand, the
phase change caused by the acoustic wave in the groove
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leads to an abnormal relationship between the incident
and reflected angles, creating a change in the acoustic
field.

4. Conclusion

A dihedral CR with an acoustic metasurface is de-
signed by the generalized Snell law, to realize modu-
lation of the underwater scattering acoustic field. An
improved PEM method, taking into account the phase
variation caused by grooves, is proposed to calculate
the TS of the structure. By comparing the simula-
tion results and PEM results, the effectiveness of the
calculation method is verified. The scattering acous-
tic field and the modulation effects of dihedral CR
with an acoustic metasurface in different combina-
tions of the gradient and period is calculated and dis-
cussed. The results show that single-period and double-
period grooves array can be applied to dihedral reflec-
tors to modulate the amplitude and the main direction
of acoustic scattering. In particular, the combination of
positive-negative gradient grooves array is more effec-
tive in modulating the main direction of acoustic scat-
tering, and the combination of negative-negative gradi-
ent grooves array is effective in reducing the TS ampli-
tude of the target. Increasing the periodicity can fur-
ther reduce the TS amplitude and enhance the modu-

lation effect of the main direction of an acoustic field.
As the dihedral CR is the structural basis of underwa-
ter CRs, it is important to study the modulation mech-
anism of the scattering acoustic field from the dihedral
CR, which establishes the foundation of the innovative
design of underwater passive acoustic decoys.
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1. Introduction

When underwater vehicles operate, a sound per-
meable enclosure, which is known as the sonar dome,
is usually configured outside the sonar array to avoid
the impact of water flow on the array and prevent
direct interference from exposure to turbulent self-
noise (Lavender, 1994; Srivastava, 1998). The suit-
able design of a sonar dome ensures sufficient strength
and a favorable linear shape but requires good sound

transmission and turbulent self-noise suppression per-
formance; in particular, the sound transmission loss
(STL) of the external acoustic signal or the transmit-
ting signal of the internal matrix should be reduced
as much as possible. The turbulent self-noise suppres-
sion characteristics require that the acoustic window
can suppress “pseudo-sound”, that is, filter out the
structural vibration noise caused by external turbu-
lence. Early designs of acoustic windows used stainless
steel, but the turbulent self-noise suppression char-
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acteristics were poor. In the 1970s and 1980s, the
subsequent use of rubber material improved the tur-
bulent self-noise reduction, but the stiffness was not
sufficient. Currently, fiber reinforced plastic (FRP) is
mostly used as an acoustic window material with good
sound transmission performance and strong stiffness;
however, its turbulent self-noise reduction needs to be
improved (Hoffmann, 1998; Burton, 1998). Schol-
ars have found that the effect of multilayer composite
plates is better than that of single-layer structures in
terms of both sound transmission and turbulent self-
noise suppression performance. Compared with a sin-
gle material, a composite plate can benefit from the
advantages of different materials (Cremer et al., 2005;
Ham et al., 2018; Lee et al., 2010; Yu et al., 2005) and
thus, can provide more performance improvements.
However, the impedance discontinuities at the inter-
faces of different materials have a certain influence on
the acoustic-vibration characteristics of simple sand-
wich composite plates.

The functionally graded materials (FGMs) (Mor-

tensen, Suresh, 1995; Pompe et al., 2003; Liu

et al., 2004; Prakash, Ganapath, 2006), which are
widely used in the fields of aviation, optics, and en-
ergy, have smooth and continuous material proper-
ties along the thickness direction, can achieve continu-
ous impedance transitions and impedance connection
matching, and can potentially be applied in acous-
tics (Lane, 1981). There have been few studies on
the sound transmission characteristics and turbulent
self-noise suppression characteristics of FGMs; and
most studies have focused on structural acoustic radi-
ation (George et al., 2016; Hosseini-Hashemi et al.,
2010; Zhao et al., 2009; Iqbal et al., 2009; Kumar

et al., 2009). Shang (1965) studied the acoustic re-
flection performance of a gradual absorption layer in
1965, deduced a general expression for acoustic reflec-
tion of a gradual absorption layer, and concluded that
an absorption layer with a linear gradual change in
material parameters provided good acoustic absorp-
tion performance. Chandra et al. (2014; 2015) used
a simple first-order shear deformation theory to in-
vestigate the displacement, velocity, acceleration, ra-
diated sound level, radiated sound pressure level and
radiated efficiency of FGM plates with power-law ex-
ponential changes. The acoustic transmission loss of
FGMs with different incident angles and power-law
exponents was studied in detail. The simulation re-
sults showed that the transmitted sound power level
increased monotonically with an increasing power in-
dex in the low frequency range of 0–500 Hz, with a dif-
ference of more than 10 dB(A). Rabbani et al. (2019)
established a thick-walled FGM cylindrical shell theory
model to solve the deformation and stress in cylindri-
cal shells by using the state space method based on
the three-dimensional elastic theory and the piezoelec-
tric elastic theory and calculated the acoustic trans-

mission loss caused by the piezoelectric effect of thick-
walled piezoelectric composite cylindrical shells un-
der plane wave excitation. The results were verified
through COMSOL. In the area of turbulent self-noise
suppression, Zhou et al. (2020) used FGM to carry
out research on sonar self-noise reduction. The Cor-
cos model, which considered the excitation source of
the sonar structure, was adopted to establish a hydro-
dynamic noise prediction model of a uniformly coated
layer and conduct research on turbulent self-noise re-
ductions. The effect of FGM on the turbulent self-noise
suppression performance was analyzed for four typical
distribution characteristics: linear, parabolic, power-
law, and exponential functions. According to the lit-
erature results, FGMs have good research prospects in
both sound transmission and turbulent self-noise sup-
pression. However, these characteristics have not previ-
ously been considered simultaneously in previous FGM
research.

In this paper, the turbulent self-noise suppression
and sound transmission characteristics of acoustic win-
dows made from FGM are studied simultaneously for
the sonar dome. Through the internal gradient op-
timization design, optimized FGM acoustic windows
with better turbulent self-noise suppression and sound
transmission performance are obtained. The main sec-
tions are arranged as follows. In Sec. 2, based on
the classical elastic theory and the transfer matrix,
a theoretical model on FGM acoustic windows to eval-
uate the turbulent self-noise caused by external tur-
bulent boundary layer (TBL) pulsating pressure and
STL towards an incident plane wave is derived utiliz-
ing the double Fourier transform and the wavenumber-
frequency analysis, and the accuracy is verified by the
finite element results of COMSOL Multiphysics. In
Sec. 3, specific internal changes in the gradient opti-
mization method for FGM acoustic windows are pro-
posed based on the twin consideration of the turbulent
self-noise suppression and sound transmission perfor-
mance, which enables design of an optimized FGM
acoustic window with higher turbulent self-noise re-
duction and lower STL. In the optimization method,
a monotonic gradient is taken as the constraint condi-
tion. Upon combining a genetic algorithm (GA), five
optimization variables in the Bernstein polynomial,
when the optimization objective is minimized, are ob-
tained by iterating optimization variables in the devia-
tion function represented by the Bernstein polynomial
introduced in the gradient function. The optimization
objective is expressed as the STL, the turbulent self-
noise reduction or a twin weighting function of the
STL and turbulent self-noise reduction of FGM acous-
tic windows. In Sec. 4, optimization calculations of the
sound transmission or turbulent self-noise suppression
performances are carried out for an FRP-rubber FGM
based on the proposed gradient optimization method.
In Sec. 5, the mechanism of the sound transmission
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and turbulent self-noise suppression characteristics of
the FRP-rubber FGM acoustic window before and af-
ter optimization are explained based on the spectral
method and a thin-plate model, using the equivalent
model of graded materials. In Sec. 6, the conclusion is
provided.

2. Theory model of turbulent self-noise and STL

for a simplified sonar dome

with FGM acoustic windows

The sonar dome structurally consists of an acoustic
window, a cavity in the dome and a sonar array sur-
face; a simplified two-dimensional sonar dome model
(Yu et al., 2005; Maidanik, 1968; Crighton et al.,
1992) composed of flat plates and parallel cavities can
be adopted. In this model, the acoustic window is a flat
plate made from FGM. Because the material prop-
erties of FGM change with thickness, the most effi-
cient method to calculate the vibro-acoustic perfor-
mance is to use discrete N -layer approximation ma-
terials. Each layer is an infinitely homogeneous and
isotropic medium. The cavity between the sonar ar-
ray and the acoustic window is idealized as a liquid
layer. The sonar array surface is idealized as a plane
with a surface acoustic reflection coefficient of R. Out-
side the sonar dome is a semi-infinite acoustic medium,
which is affected by a stationary random TBL pulsat-
ing pressure and an incident plane wave. The theo-
retical analysis model and the x-z coordinate system
of the sonar dome are shown in Fig. 1. The thickness of
the acoustic window is H, the total number of layers
is N , and the index is numbered from the outer surfa-
ce (z = 0) to the inner surface (z = H) of the dome.
The 1st layer, i.e., the upper interface, is called the
top layer (symbol t). The N -th layer, i.e., the lower
interface, is called the base (symbol b). The external
water layer is the 0 layer. The sonar cavity water layer
is theN+1 layer with height L. The time factor is e−iωt.

1st layer
2nd layer

z

xTBL pulsating pressure F

Sonar array surface R

FGMs acoustic window

Sonar cavity

…

p0

pN+1

pr

pt

L

pin

θ i θr

θ t

N-th layer

Fig. 1. Theoretical analysis model of the simplified two-dimensional sonar dome.

Here, pin is the incident plane wave with an inci-
dent angle θi; pr within a reflection angle θr and pt
with a refraction angle θt are the reflected wave and
the sonar cavity acoustic field caused by the incident
plane wave, respectively; and p0 and pN+1 are the ex-
ternal acoustic field and the sonar cavity acoustic field
caused by the TBL pulsating pressure F , respectively.
According to the principle of linear superposition, the
self-noise caused by the TBL pulsating pressure F and
the transmission acoustic field caused by the external
sound source can be calculated separately.

2.1. Theoretical model of the wavenumber-frequency

response function of the turbulent self-noise excited

by TBL pulsating pressure

Although the TBL pulsating pressure F is ran-
dom in time and space, it is stable and fixed in the
wavenumber-frequency space after statistical analysis.
Therefore, the sonar self-noise caused by the TBL
pulsating pressure F is calculated as the vibration-
acoustic radiation in the wavenumber-frequency space.
The double Fourier transform of the TBL pulsating
pressure F on the acoustic window is:

F (x, z, t) = 1

(2π)2∬
−∞

F̃ (k,ω, z)ei(kx−ωt) dk dω, (1)

where F̃ is the excitation force amplitude in the wave-
number space, k is the wavenumber in the x-direction,
and ω is the angle frequency. For the medium from 0 to
N+1, the velocity potential function must satisfy the
scalar or vector wave equation:

∂2φ

∂x2
+ ∂2φ
∂z2
= 1

c2L

∂2φ

∂t2
,

∂2ψ

∂x2
+ ∂2ψ
∂z2

= 1

c2T

∂2ψ

∂t2
,

(2)
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where cL and cT are the p-wave and s-wave veloci-
ties of the medium, respectively. The 0 layer and the
N+1 layer satisfy only the scalar wave equation, and
any layer of a FGM acoustic window must satisfy the
scalar and vector wave equation. A double Fourier
transform is applied to Eq. (2) to obtain the general
solution form of the velocity potential of each layer in
the wavenumber-frequency space:

⎧⎪⎪⎪⎨⎪⎪⎪⎩
φ̃l(k,ω, z) = Ale

−i
√

k2

Ll
−k2z +Ble

i
√

k2

Ll
−k2z

,

ψ̃l(k,ω, z) = Cle
−i
√

k2

Tl
−k2z +Dle

i
√

k2

Tl
−k2z

,

(3)

where l is any intermediate layer of an FGM acous-
tic window, kLl and kTl are the wavenumbers of the
corresponding longitudinal wave and shear wave, re-
spectively; Al, Bl, Cl, and Dl are the general solution
coefficients. Then, the general solution in layer 0 is

φ̃0(k,ω, z) = A0e
−i
√

k2

L0
−k2z. The general solution in

layer N+1 needs to satisfy the reflection coefficient of
the sonar array surface:

R = AN+1e
−i
√

k2

LN+1
−k2L

BN+1e
i
√

k2

LN+1
−k2L

, (4)

then

φ̃N+1(k, z) = AN+1 (ei
√

k2

LN+1
−k2(z−h)

+Re2i
√

k2

LN+1
−k2L

e
−i
√

k2

LN+1
−k2(z−h))

is the general solution in layer N+1.
Here, kL0 and kLN+1 represent the wavenumbers

of the longitudinal wave in layer 0 and layer N+1,
respectively. According to the transfer matrix idea
(Skelton, James, 1997; Brekhovskikh, 2012), for
any intermediate layer l:

⎡⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

Ṽ l
x

Ṽ l
z

σl
zz

σl
zx

⎤⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦
= I ∣z = zlT

⎡⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

Al +Bl

Al −Bl

Cl −Dl

Cl +Dl

⎤⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦
,

⎡⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

Ṽ l−1
x

Ṽ l−1
z

σl−1
zz

σl−1
zx

⎤⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦
= I ∣z = zlB

⎡⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

Al +Bl

Al −Bl

Cl −Dl

Cl +Dl

⎤⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦
,

(5)

where Ṽ l
x, Ṽ l

z , σl
zz, σ

l
zx and Ṽ l−1

x , Ṽ l−1
z , σl−1

zz , σl−1
zx are

the results of the double Fourier transforms of the
velocity and stress components of the upper inter-
face (z = zlt) and the lower interface (z = zlb) of the
l layer, respectively. The appendix describes the con-
struction of matrix I. The boundary region of the elas-
tic medium satisfies the continuous conditions of the

velocity and stress. Then, the relationship between
the physical quantity of the lower interface of the N -th
layer (z = zN ) and the upper interface of the first layer
(z = 0) is as follows:

⎡⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

Ṽ N
x

Ṽ N
z

σN
zz

σN
zx

⎤⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦
= TNTN−1 . . . T1

⎡⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

Ṽ 0

x
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z

σ0
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σ0

zx
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= F
⎡⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

Ṽ 0

x

Ṽ 0

z

σ0

zz

σ0

zx

⎤⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦
, (6)

where Tl = I ∣z = zlt I
−1 ∣z = zlb and F = TNTN−1 . . . T1.

The conditions of the velocity and stress continuity
are satisfied on the inner and outer boundaries of the
acoustic window. After performing the double Fourier
transform, the following conditions are satisfied:

⎧⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

z = 0 ∶ −iρ0ωφ̃0 + F̃ (k,ω, z) = σ̃0

zz,

− ∂φ̃0
∂z
∣
z=0

= Ṽ 0

z , σ̃0

zx = 0,
z = h ∶ −iρN+1ωφ̃N+1 = σ̃n

zz,

− ∂φ̃N+1
∂z

∣
z=h

= Ṽ N
z , σ̃N

zx = 0.

(7)

Through the six continuous conditions of Eq. (7)
and transfer matrix Eq. (6), the unknown coefficients
A0 and AN+1 of the acoustic field inside and outside
the acoustic window are obtained. The acoustic field
outside and inside the acoustic window can be expres-
sed as:

⎧⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

p̃0 = −iρ0ωφ̃0 = −iρ0ωA0e
−i
√

k2

0
−k2z

,

p̃N+1 = −iρN+1ωφ̃N+1
= −iAN+1ρN+1ωe

i
√

k2

N+1
−k2(z−h)

⋅ (1 +Re2i
√

k2

N+1
−k2[L−2(z−h)]),

(8)

where k0 = ω
c0
, kN+1 = ω

cN+1
and ρ0, c0, ρN+1, and cN+1

are the density and acoustic velocity of the 0-th and
(N+1)-th layers, respectively. Then, A0 and AN+1 are:

A0=i (C23 − PC33)F̃ (k,ω, z)√
k2
0
− k2(C22 − PC32)+ρ0ω(C23 − PC33) ,

AN+1=
√
k2
0
− k2C32A0+C33 (ρ0ωA0 − iF̃ (k,ω, z))

ρn+1ω (1 +Re2i
√

k2

N+1
−k2l) ,

(9)

where
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P = −
√

k2

N+1
−k2
⎛
⎝1−Re

2i

√

k2

N+1
−k2l⎞

⎠
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⎠
,

Cij = Fij − F4jFi1

F41

.

(10)
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According to Eq. (5), the acoustic pressure on the
surface of the sonar array can be obtained at z = h+L.
Then, the spatial filter function of the acoustic window
G(k,ω) can be expressed as:

G(k,ω) = −iρN+1ωφ̃N+1 ∣z = h +L. (11)

Furthermore, the wavenumber-frequency spectrum of
the TBL pulsating pressure needs to be obtained
as the excitation source for evaluating the vibration-
acoustic response of the structure. The Corcos model
(Caiazzo, Desmet, 2016; Tang et al., 2020), the ear-
liest and most widely used model of the TBL pul-
sating pressure, is adopted in this paper. The model
reflects the migration characteristics of the TBL pul-
sating pressure. The cross-spectrum density can be ob-
tained by integrating the Fourier transform:

Φff (k,ω) = Φff (ω)
π2

α1α3ω
2

U2
c

⋅ 1

((k1− ω
Uc
)2+(α1

ω
Uc
)2)(k2

3
+(α3

ω
Uc
)2) , (12)

where α1 = 0.09, α3 = 7α1, and Uc = 0.6U .
Therefore, the wavenumber-frequency spectrum

density function of the sonar array surface under the
TBL pulsating pressure excitation can be obtained as:

Φpp(ω) =
∞

∫
−∞

Φff (k,ω) ∣G(k,ω)∣2 dk, (13)

where Φff (k,ω) is the wavenumber-frequency spec-
trum of the TBL pulsating pressure and G(k,ω) is the
spatial filter function of the sonar dome.

The frequency spectrum density function of the
TBL pulsating pressure in the absence of an acoustic
window is:

Φ0

pp(ω) =
∞

∫
−∞

Φff (k,ω)dk. (14)

The turbulent self-noise reduction of an acoustic
window can be defined as:

NR = 10 log Φpp(ω)
Φ0
pp(ω) . (15)

The turbulent self-noise suppression effect of two
kinds of acoustic windows is defined as the difference
in the turbulent self-noise reduction:

NR′ = NR1 −NR2. (16)

2.2. Theoretical model of the STL for the sonar dome

under plane wave excitation

With the plane wave as the excitation source,
the sound field outside the FGM acoustic window is

the sum of the incident velocity potential function φi
and the reflection potential function φr. The sound
field outside the acoustic window obtained by the dou-
ble Fourier transform is:

φ̃0(k,ω, z) = φ̃i(k,ω, z) + φ̃r(k,ω, z)
= ei√k2

0
−k2z + a0e−i

√
k2

0
−k2z

, (17)

where k0 = ω
c0

and k = k0 sin θ with incident angle θ.

The acoustic field inside the sonar cavity excited by the
incident plane wave is similar to:

φ̃n+1(k,ω, z) = aN+1 (ei
√

k2
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−k2(z−h)

+Re2i
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k2
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−k2l

e
−i
√

k2

N+1
−k2(z−h)). (18)

The general solutions of the scalar potential func-
tion and vector potential function of the intermediate
elastic gradient material are consistent with Eq. (3),
similar to the matrix transfer relation. Combined with
boundary conditions, the following is obtained:
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(19)

With the redundant components eliminated, the
acoustic field inside and outside the acoustic window
can be expressed as:
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(20)

where a0 and aN+1 are given as:

a0 =
√
k2
0
− k2 (C22 − pC32) − ρ0ω (C23 − pC33)√

k2
0
− k2 (C22 − pC32) + ρ0ω (C23 − pC33) ,
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ρn+1ω (1 +Re2i
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The matrix C is consistent with Eq. (10), and

p = −
√
k2N+1 − k2 (1 −Re2i

√
k2

N+1
−k2L)

ρn+1ω (1 +Re2i
√

k2

N+1
−k2L) . (22)
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To evaluate the sound transmission performance
of FGM acoustic windows, the STL (insertion loss)
should be calculated. When acoustic windows do not
exist, the acoustic pressure at the z = h position
should be:

p̃ ′N+1 = −iωρ0 (ei
√

k2

N+1
−k2h +Rei√k2

N+1
−k2(h+2L)). (23)

The STL is:

STL = −20 log(∣ p̃N+1
p̃
′

N+1
∣) . (24)

2.3. Verification of the theoretical model

of the wave-frequency response

function of the turbulent self-noise

and STL for FGM acoustic windows

The turbulent self-noise caused by the TBL pul-
sating pressure can be simplified to the acoustic field
in the sonar cavity with the acoustic window excited
by a point force. The STL of the acoustic window un-
der the plane wave excitation is calculated in the usual
way. A linear FRP-rubber FGM acoustic window with
N = 50 is selected to verify the theoretical results. The
material properties setting of every layer are shown
in Eq. (28). The material parameters of the FRP and
rubber are shown in Table 2.

In Fig. 2, the depth of the sonar cavity is 0.5 m,
and the reflection coefficient of the sonar array surface
is 0.3. The thickness of the perfectly matched layer
(PML) is 0.1 m, and H1, H2, L1, and L2 are 0.5, 0.3,
100, and 0.5 m, respectively. The theoretical and sim-
ulation results of the STL of the linear FRP-rubber
FGM acoustic window are shown in Fig. 3.
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Fig. 3. Comparison results of the STL of the linear FRP-rubber FGM acoustic window:
a) theoretical result; b) simulation result.
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Sonar array surface
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Fig. 2. Calculation setting of the linear FRP-rubber
FGM acoustic window in COMSOL Multiphysics soft-

ware: a) wave-frequency response function; b) STL.

For the acoustic field in the sonar cavity with the
linear FRP-rubber FGM acoustic window excited by
a point force, the wavenumber-frequency spectrum re-
sults of the acoustic pressure on the sonar array surface
are selected for comparison, which is shown in Fig. 4.

The results in Figs. 3 and 4 show that the sim-
ulation and theoretical results are in complete agree-
ment, both in the calculation results of the STL and
in the wavenumber-frequency spectrum results of the
acoustic field in the sonar cavity for the linear FRP-
rubber FGM acoustic window. Therefore, the accuracy
of the theoretical model of the wavenumber frequency
response function of the turbulent self-noise and STL
are verified for the sonar dome.



B. Li et al. – Research on the Performance Optimization of Turbulent Self-Noise. . . 481

a) b)

Fr
eq

ue
nc

y 
[H

z]

k(1/m)

Fr
eq

ue
nc

y 
[H

z]

k(1/m)

Fig. 4. Comparison results of the wavenumber-frequency spectrum of the acoustic pressure on the sonar array surface
in the sonar cavity: a) theoretical result; b) simulation result.

3. Internal gradient optimization design
for FGM acoustic windows based

on turbulent self-noise suppression
and the sound transmission performance

The material properties of FGM are mainly dete-
mined by the substrate, top material and an internal
gradient form. Different forms of the internal gradi-

CORCOS model Incident angle
range

Self-noise
reduction

Optimization
objective

Gradient constraint

Theory calculation of sound
transmission performance

Theory calculation of turbulent
self-noise performance

Minimum
optimization

objective?

No

Yes

Original gradient

Linear function Bernstein polynomial
C₁, C₂, C₃, C₄, C₅ 

Deviation function

New FGM Variable range
constraint

GA

Given frequency
range

Optimized gradient

STL

Fig. 5. Overall flow chart of the gradient optimization design method.

ents result in different material properties. Therefore,
by studying the internal gradient of the FGM, an
optimization method of internal gradients that can
design an optimized FGM acoustic window with
better turbulent self-noise suppression and sound
transmission performance is proposed in this paper
(Fig. 5). The existing gradient design mainly includes
parabolic functions, power-law functions and expo-
nential functions, but none of them offer a favorable
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function change space. Therefore, in the optimization
method, the space layout of the gradient change is
readjusted by introducing a deviation function term
expressed by the Bernstein polynomial on the basis of
the original linear gradient. In addition, upon combin-
ing the GA and taking the monotonic gradient as the
constraint condition, the results of five optimization
variables carried by the Bernstein polynomial when
the optimization objective is minimized are obtained
in the optimization method by iterating the gradient
function. The optimization objective is expressed as
the STL, the turbulent self-noise reduction or a weight-
ing function of the STL and turbulent self-noise reduc-
tion of FGM acoustic windows.

3.1. Internal gradient function design

of FGM acoustic windows

The existing internal gradient change functions of
FGMs mainly include parabolic, power-law and expo-
nential functions. These functions have a small adjust-
ment range for the gradient change space, and only
convex or concave functions can be selected, which lim-
its the gradient change. Therefore, a deviation function
expressed by the Bernstein polynomial is introduced on
the basis of the original linear gradient function. By ad-
justing different parameters in the Bernstein polyno-
mials, the overall coverage of the space range of the
optimized gradient is achieved to seek the overall op-
timal solution (Fig. 6).

Thickness

Density/Young's modulus/Poisson's ratio

Original gradient

Deviation function

Substrate material

Top material

Optimized

Fig. 6. Optimization gradient design schematic.

The deviation function expressed by the Bernstein
polynomial is shown in Eq. (25):

∆z = M∑
i=0

Cis
i ∗ (1 − s)(M−i). (25)

The optimization results often depend on the order
of the Bernstein polynomials. The more orders that
are selected, the finer and better the results that may
be obtained. However, the time required for the op-
timization calculation increases exponentially. More-
over, unsatisfactory optimization results become more
likely. Therefore, M = 5 is selected to obtain better
optimization results. The boundary of i = 0 is omitted,

ensuring that the properties of the substrate material
and the top material remain unchanged in the opti-
mization process. The deviation function is shown in
Eq. (26):

∆E = (Et −Eb) 5∑
i=1

Ci ( h
H
)i (1 − h

H
)(5−i). (26)

The gradient function is shown as:

E = Et −Eb

H
h +Eb +∆E. (27)

The specific gradient functions of the density,
Young’s modulus and Poisson’s ratio are:

⎧⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

ρ = ρt − ρb
H

h + ρb
+ (ρt − ρb) 5∑

i=1

Ci ( h
H
)i (1 − h

H
)(5−i),

E = Et −Eb

H
h +Eb

+ (Et −Eb) 5∑
i=1

Ci ( h
H
)i (1 − h

H
)(5−i),

σ = σt − σb
H

h + σb
+ (σt − σb) 5∑

i=1

Ci ( h
H
)i (1 − h

H
)(5−i).

(28)

3.2. Optimization algorithm, constraints

and variable range

To obtain the global optimal solution, a GA is used
in this paper. The GA is a kind of stochastic global
search and optimization method that simulates the
natural selection and genetic mechanism of Darwin
evolution. The GA is essentially an efficient, parallel,
and global searching method, that can automatically
acquire and accumulate information about the search
space and adaptive control of the search process to ob-
tain the best solution (Fig. 7). When enough initial
random samples are satisfied, the globally unique op-
timal solution can be obtained.

Optimal solution

Random initial 
population

Fitness

Satisfy termination
 condition?

Cross

Mutate

Inherit
Next generation

population

Linear/nonlinear
constraints

Yes

No

Fig. 7. Optimization flow of the GA.
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The termination conditions include population ge-
netic algebra and tolerance. Most of the existing FGMs
meet the monotonic variation trend. Therefore, a non-
linear gradient constraint is applied to the GA:

dE

dh
≥ 0. (29)

According to Eq. (28), the gradient function in the
optimization process is regulated by five optimization
variables. Table 1 shows the initial value and varia-
tion range of each optimization variable.

Table 1. Range setting of the optimization variables

in the gradient function.

Optimization
variables

Initial
value

Minimum
value

Maximum
value

C1 0 −25 25

C2 0 −25 25

C3 0 −25 25

C4 0 −25 25

C5 0 −25 25

3.3. Optimization objective function

The design of FGM acoustic windows should not
only consider the effect of turbulent self-noise suppres-
sion in sonar cavities but also meet the requirement
of sound transmission performance. Therefore, the op-
timization objective function should be designed con-
sidering turbulent self-noise reduction and STL at the
same time. In the engineering design of sonar acoustic
windows, the STL in the incident angle range of 0–75○

should be as small as possible, and the turbulent self-
noise reduction should be as high as possible. There-
fore, the objective function of optimization is shown as:

⎧⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

F1 = 10 log⎛⎝
θj∑

θ=θi

fj∑
f=fi

10TL(f,θ)⎞⎠,
fj∑

f=fi
(NR(f)) = C,

F2 =
fj∑

f=fi
(NR(f)),

10 log
⎛
⎝

θj∑
θ=θi

fj∑
f=fi

10TL(f,θ)⎞⎠ = C,

F3 =
10 log( θj∑

θ=θi

fj∑
f=fi

10TL(f,θ))
fj∑

f=fi
(NR(f))

,

(30)

Table 2. Materials and properties.

Material
Density
[kg/m3]

Young’s modulus
[N/m2]

Poisson’s ratio
Longitudinal wave velocity

[m/s]
Shear wave velocity

[m/s]
Loss factor

FRP 1620 1.74e10 0.2 3455 2116 0.03

Rubber 1030 1.67e9 0.33 1550 781 0.3

where fi is the initial frequency, fj is the termination
frequency, θi is the initial optimization angle, θj is the
end angle, and C is a constant; TL is the transmis-
sion loss in the optimal frequency range (fi − fj) and
angle range (θi − θj); Fi (i = 1,2,3) is the objective
function of the optimization. F1 and F2 can achieve
the optimal sound transmission performance or turbu-
lent self-noise suppression performance for FGM acous-
tic windows, respectively, when the turbulent self-noise
suppression performance or sound transmission perfor-
mance remains unchanged. The minimum optimization
objective function F3 can achieve the effect of the max-
imum turbulent self-noise reduction and minimum the
STL for FGM acoustic windows.

4. Optimization results of the internal gradient

of FGM acoustic windows

According to the designed internal gradient opti-
mization method of FGM acoustic windows, the exist-
ing FRP-rubber FGM acoustic window is optimized.
The materials and properties involved are shown in
Table 2.

Here, the optimization results of the internal gradi-
ent design for the FRP-rubber FGM acoustic window
are presented with H = 3 cm, L = 0.5 m, and R = 0.3.

Moreover, the theoretical model of the turbulent
self-noise suppression and sound transmission char-
acteristics of the sonar dome proposed in this paper
is solved by discretizing the continuous medium into
a layered medium of the acoustic window. Differences
in layering affect the calculation accuracy of the the-
oretical results. Figure 8 shows the layered N conver-
gence calculation results with respect to the turbu-
lent self-noise reduction and STL of the linear FRP-
rubber FGM. With increasing N , these parameters
gradually converge. To ensure the calculation efficiency
and accuracy, the ratio of the corresponding wave-
length to the thickness of a single layer is selected to
be above 250, corresponding to N = 50 at f = 10 kHz.

4.1. Optimization of sound transmission performance

with turbulent self-noise suppression

performance unchanged

According to the optimization method proposed
in this paper, the STL of the FRP-rubber FGM
acoustic window is taken as the optimization objective
function to carry out the calculation when the turbu-
lent self-noise reduction remains unchanged, as shown
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Fig. 9. Comparison results of the FRP-rubber FGM acoustic window before and after the sound transmission performance
optimization: a) density; b) Young’s modulus; c) loss factor; d) Poisson’s ratio.

in Eq. (30)1. The incident angle range of the STL opti-
mization is selected to be 0–75○ with a step size of 1○.
The optimization frequency range of the STL and

turbulent self-noise is selected to be 0.2–10 kHz with
a step of 0.1 kHz. The main frequency of the calcu-
lation computer is 4.5 GHz, the memory is 64 GB,
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and the total optimization computing time is 3.45 days.
The optimized parameters are shown in Table 3.

Table 3. Calculation results of the gradient optimization
variables of the FRP-rubber FGM acoustic window with

sound transmission performance optimization.

Optimization
variables

C1 C2 C3 C4 C5

Optimization
results

0.2345 6.4928 9.8355 −0.8583 0.1961

The comparison results of the density, Young’s mo-
dulus, the loss factor, and Poisson’s ratio of the
FRP-rubber FGM acoustic window before and after
the sound transmission performance optimization are
shown in Fig. 9.

The comparison results of the self-noise suppres-
sion and the sound transmission performance of the
FRP-rubber FGM acoustic window before and after
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Fig. 10. Comparison results of the turbulent self-noise reduction and STL of the FRP-rubber FGM acoustic window
before and after the sound transmission performance optimization: a) STL of the optimized FGM; b) STL at f = 10 kHz;

c) comparison of the turbulent self-noise reduction.

the sound transmission performance optimization are
shown in Fig. 10.

Figure 10 shows that the optimized FGM acous-
tic window is superior to the initial linear FGM
acoustic window in the sound transmission performan-
ce when the turbulent self-noise suppression perfor-
mance remains unchanged. From Fig. 10b, the peak of
the STL of the optimized FGM acoustic window com-
pared to that of the initial linear FGM acoustic win-
dow decreases by approximately 0.8 dB at f = 10 kHz,
which corresponds to an 17% increase in the sound
transmission performance. Moreover, the optimized ef-
fect is not ideal at lower incident angles because the
optimization objective function F1 is the total STL
of the optimization angle range without considering
every angle optimization effect separately. The value
and position changes of the STL peak before and after
optimization, and whether it is benefit for the sound
transmission performance are explained in Sec. 5.
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4.2. Optimization of the turbulent self-noise

suppression performance while maintaining

the sound transmission performance

According to the optimization method proposed in
this paper, the turbulent self-noise reduction of the
FRP-rubber FGM acoustic window is taken as the op-
timization objective function to carry out the calcu-
lation when the STL remains unchanged, as shown in
Eq. (30)2. The angle and frequency range of the sound
transmission performance optimization and the fre-
quency range of the turbulent self-noise suppression
optimization are consistent with the above. The com-
puter parameters are consistent with those above,
and the total optimization computing time is 3.95 days.
The optimized parameters are shown in Table 4.

The comparison results of the density, Young’s mo-
dulus, the loss factor and Poisson’s ratio of the FRP-
rubber FGM acoustic window before and after the tur-
bulent self-noise suppression performance optimization
are shown in Fig. 11.

The comparison results of the turbulent self-noise
suppression and sound transmission performance of
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Fig. 11. Comparison results of the FRP-rubber FGM acoustic window before and after the turbulent self-noise suppression
performance optimization: a) density; b) Young’s modulus; c) loss factor; d) Poisson’s ratio.

Table 4. Calculation results of the gradient optimization
variables of the FRP-rubber FGM acoustic window for tur-
bulent self-noise suppression performance optimization.

Optimization
variables

C1 C2 C3 C4 C5

Optimization
results

0.9679 4.4406 0.9231 −5.1370 −0.9862

the FRP-rubber FGM acoustic window before and af-
ter the turbulent self-noise suppression performance
optimization are shown in Fig. 12.

Figure 12 shows that the optimized FGM acoustic
window is superior to the initial linear FGM acoustic
window in turbulent self-noise suppression performan-
ce when the sound transmission performance remains
unchanged. From Fig. 12c, the turbulent self-noise
reduction of the optimized FGM acoustic window
is significantly higher than that of the initial FGM
acoustic window. Moreover, the self-noise reduction
gradually increases with increasing frequency, and the
highest self-noise reduction is approximately 0.4 dB at
f = 10 kHz, which corresponds to a 25% improvement
in the turbulent self-noise suppression performance.
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Fig. 12. Comparison results of the turbulent self-noise reduction and STL of the FRP-rubber FGM acoustic window
before and after the turbulent self-noise suppression performance optimization: a) STL of the optimized FGM; b) STL at

f = 10 kHz; c) comparison of the turbulent self-noise reduction.

In addition, it can also be seen that there is a cer-
tain difference for the STL in the higher incident angle
range before and after optimization. The reason is that
only the total TL is considered in the optimization ob-
jective function F2, which is basically unchanged be-
fore and after optimization. The STL at higher incident
angles is so small that it makes little contribution to
the total STL, which is ignored by the optimization
method.

4.3. Optimization of turbulent self-noise suppression

and sound transmission performance

According to the optimization method proposed in
this paper, the turbulent self-noise reduction and STL
of the FRP-rubber FGM acoustic window are taken
as the optimization objective function to carry out the
calculation, as shown in Eq. (30)3. The angle and fre-
quency range of the sound transmission performance

optimization and the frequency range of the turbulent
self-noise suppression optimization are consistent with
the above. The computer parameters are consistent
with those above, and the total optimization comput-
ing time is 6.75 days. The optimized parameters are
shown in Table 5.

Table 5. Calculation results of the gradient optimization
variables of the FRP-rubber FGM acoustic window with
turbulent self-noise suppression and sound transmission

performance.

Optimization
variables

C1 C2 C3 C4 C5

Optimization
results

0.8339 5.0562 12.2603 0.4194 −1.0000

The comparison results of the density, Young’s mo-
dulus, the loss factor and Poisson’s ratio of the FRP-
rubber FGM acoustic window before and after opti-
mization are shown in Fig. 13.
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Fig. 13. Comparison results of the FRP-rubber FGM acoustic window before and after the turbulent self-noise suppression
and sound transmission performance optimization: a) density; b) Young’s modulus; c) loss factor; d) Poisson’s ratio.

The comparison results of the self-noise suppres-
sion and sound transmission performance of the FRP-
rubber FGM acoustic window before and after opti-
mization are shown in Fig. 14.

Figure 14 shows that the optimized FGM acoustic
window is superior to the initial linear FGM acous-
tic window in both turbulent self-noise suppression and
sound transmission performance. From Fig. 14b, the
peak value of the STL of the optimized FGM acous-
tic window compared to that of the initial linear FGM
acoustic window decreases by approximately 0.6 dB at
f = 10 kHz, which corresponds to a 12% increase in
the sound transmission performance. Figure 14c shows
that the turbulent self-noise reduction of the optimized
FGM acoustic window is significantly higher than that
of the initial FGM acoustic window. Moreover, the self-
noise reduction gradually increases with increasing fre-
quency, and the highest self-noise reduction is approx-
imately 0.2 dB at f = 10 kHz, which corresponds to
a 13% improvement in the turbulent self-noise sup-
pression performance.

5. Analysis of the sound transmission

and turbulent self-noise suppression

characteristics of FGM acoustic windows

before and after optimization

Section 4 indicates that the sound transmission and
self-noise suppression performances of the optimized
FGM acoustic window is improved. To analyze the rea-
sons, mechanism studies of the sound transmission and
turbulent self-noise suppression characteristics of the
FRP-rubber FGM acoustic window are carried out.

5.1. Sound transmission analysis

of FGM acoustic windows before

and after optimization

To analyze the sound transmission mechanism of
FGM acoustic windows, the dispersion curve of FRP
is calculated based on the spectral method (Karpfin-

ger et al., 2008; 2010). The critical angles of various
elastic waves under Snell’s law are calculated based on
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Fig. 14. Comparison results of the turbulent self-noise reduction and STL of the FRP-rubber FGM acoustic window before
and after the turbulent self-noise suppression and sound transmission performance optimization: a) STL of the optimized

FGM; b) STL at f = 10 kHz; c) comparison of the turbulent self-noise reduction.

the obtained phase velocity dispersion curve, as shown
in Fig. 15.

The vertical narrow fringe with a strong STL ap-
pears near the critical angle (28○) of the total internal
reflection of the longitudinal wave in the FRP. The lon-
gitudinal wave formed by the refraction of the incident
wave propagates along the surface of the plate, and the
critical angle corresponds to the velocity of the longitu-
dinal wave. The curved fringe on the left of the critical
angle is caused by the high-order Lamb surface wave
in the elastic plate, of which the trajectory can be pre-
dicted according to the phase velocity of the high-order
elastic wave. The internal material properties of the
functional gradient materials gradually change along
the plate thickness. The internal material properties
of the functional gradient materials can be approxi-
mated as a single material by gradual changes along
the plate thickness direction (Brekhovskikh, 2012).
The equivalent Young’s modulus Ee is:

Ee = N∑
i=1
Eih/H. (31)

The other equivalent acoustic parameters are also
calculated based on Eq. (31). Then, according to
Eq. (31) and Snell’s law, the equivalent longitudinal
wave velocity c2Le = Ee

(1−σ2
e)ρe

and the estimated critical

angle θ = arcsin ( c
cLe
) of the FGM acoustic windows

before and after the optimization are shown in Table 6.
As shown in Table 6, the critical angle predicted

by the equivalent longitudinal wave velocity is basi-
cally consistent with the actual critical angle, indicat-
ing that the peak value position of STL is derived
from the critical angle of the equivalent longitudi-
nal wave, which can be predicted precisely. To ana-
lyze the peak values of the STL of the FGM acoustic
windows before and after optimization, thin-plate the-
ory ignoring secondary factors is selected for analysis
(Brekhovskikh, 2012). When the acoustic wave is
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Fig. 15. Dispersion characteristics and STL results of the FRP: a) dispersion curve; b) critical angle of elastic waves;
c) angle-frequency spectrum of STL.

Table 6. Equivalent longitudinal wave velocity and the estimated critical angle of the FGM acoustic windows
before and after optimization.

Equivalent longitudinal
wave velocity cLe

[m/s]

Estimated
critical angle θ

[○]

Actual
critical angle

[○]

Origin 2782 32.6 32.7

Sound transmission performance optimization 2969 30.3 30.2

Self-noise reduction performance optimization 2781 32.6 32.9

Sound transmission and self-noise suppression 2971 30.2 30.7

incident at the critical angle of the longitudinal wave,
the mechanical impedance of the longitudinal wave is
Zs = 0, and the transmission coefficient is:

1

∣W ∣2 = ∣
Z

Za

+ 1∣2, (32)

where Za is the mechanical impedance of the shear
wave, which is approximately −iωm/2 at the critical
angle of the longitudinal wave; Z = ρc/ cos θ, where

ρ and c are the density and acoustic velocity, respec-
tively, and θ is the critical incident angle. Then, the
STL is satisfied as:

STL∝ 1 + ( 2ρc

ωm cos θ
)2. (33)

Combined with the results in Figs. 9 and 13, the
optimized FGMs have a larger equivalent mass m and
a lower equivalent Poisson’s ratio compared with the
initial FGMs but also have a higher equivalent Young’s
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modulus. Compared with the magnitude difference of
the equivalent Young’s modulus, the density and Pois-
son’s ratio changes are both minuscule. As a result, the
equivalent longitudinal wave velocity increases, while
the critical angle θ of the longitudinal wave decreases.
Combined with Eq. (32), the peak value of the STL un-
der the longitudinal wave critical angle will decrease.

The change in the STL before and after optimiza-
tion at lower incident angles can be explained using the
thin-plate theory (Morse, Ingard, 1986), as shown
in Eq. (34):

TL = 20 log ∣ iγ
ρN+1

(Dk4

ω2
−m) + 2∣ , (34)

where

γ =√k2N+1 − k2,
the bending stiffness is

D = Eeh
3

12 (1 − σ2
e) ,

and m is the mass per unit length. By combining
Eqs. (32) and (34), although the equivalent mass m
is improved after optimization, the bending stiffness
D is proportional to the equivalent Young’s modulus
and has the order of the fourth power of the wavenum-
ber k. Therefore, the higher equivalent Young’s mod-
ulus of the optimized FGM acoustic windows leads to
an increase of the STL at lower incident angles. So,
when the composition of the FRP in the FRP-rubber
FGM acoustic window is increased, the correspond-
ing equivalent Young’s modulus is higher, which in-
duces a decrease in the peak value of STL because
Young’s modulus of rubber is smaller than that of
the FRP. A higher equivalent Young’s modulus induces
an STL decrease at the critical angle, a shift of the
critical angle towards lower incident angles, and an in-
crease in the STL at lower incident angles, but the total
STL decreases, corresponding to better sound trans-
mission performance.

5.2. Turbulent self-noise suppression characteristics

of FGM acoustic windows before

and after optimization

To analyze the reasons for the increase in the tur-
bulent self-noise reduction of FGMs before and after
optimization, the wavenumber-frequency spectrum re-
sults of the spatial filtering function are calculated at
R = 0.3 and L = 0.5 m. Figure 16 shows the calculation
results of FRP with H = 3 cm.

Three characteristic identification lines are clearly
seen in Fig. 16. A relatively clear dividing line is formed
between the lower left corner and the upper right cor-
ner of the figure, which corresponds to the acoustic
wavenumber k0 in water at each frequency. This is
called the dividing line of the acoustic wavenumber,

Acoustic 
wavenumber

Longitudinal 
wavenumber

Sonar cavity standing 
wave

Fr
eq

ue
nc

y 
[H

z]

k(1/m)

Fig. 16. Wavenumber-frequency spectrum results
of the spatial filter function of FRP.

indicating that the spatial filter composed of the acous-
tic window and sonar cavity has the characteristics of
a low-wavenumber passband and a high-wavenumber
stopband. There is a lighter stripe from the lower left
corner to the upper right corner, which corresponds
to the longitudinal wavenumber of FRP. In addition,
there are prominent periodic ripple lines in the fig-
ure, which are derived from the standing wave field
formed in the sonar cavity by self-noise, and this fea-
ture is also the reason for the periodic fluctuation in
the turbulent self-noise reduction. Figure 17 shows the
wavenumber-frequency spectrum results of the spatial
filtering function of the FGMs acoustic window before
and after turbulent self-noise suppression and sound
transmission performance optimization (STL and NR
optimization).

As shown in Fig. 17, the corresponding equivalent
longitudinal wave velocities of the FRP-rubber FGM
acoustic windows before and after optimization are dif-
ferent according to Eq. (30), which results in differ-
ent slopes of the characteristic lines of the longitudinal
wavenumber. For the original FRP-rubber FGM, the
reason for the small slope is that a small longitudinal
wave velocity corresponds to a large wavenumber. Be-
fore and after optimization, the periodic fringe remains
consistent because the acoustic medium and the height
inside the sonar cavity remain unchanged. The reso-
nance period of the standing wave field formed inside
the sonar cavity meets the following requirements:

f = ncN+1
2L

, (35)

where n is the number of fringe periods. Figures 12d
and 14d show that an increase in the turbulent self-
noise reduction of the FRP-rubber FGM acoustic win-
dow before and after optimization is positively corre-
lated with the frequency. To analyze the reason for the
increase in self-noise reduction, Fig. 18 shows the spa-



492 Archives of Acoustics – Volume 48, Number 4, 2023

a)

Fr
eq

ue
nc

y 
[H

z]

k(1/m)

b)

Fr
eq

ue
nc

y 
[H

z]

k(1/m)

Fig. 17. Wavenumber-frequency spectrum of the spatial filtering function of the FRP-rubber FGM acoustic windows before
and after optimization: a) original FGM; b) optimized FGM for STL and NR’ optimization.
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Fig. 18. Comparison of the spatial filtering functions of various acoustic windows at f = 10 kHz: a) FRP, rubber and FRP-
rubber FGM acoustic window before and after the turbulent self-noise performance optimization (NR’); b) FRP, rubber
and FRP-rubber FGM acoustic window before and after the turbulent self-noise and sound transmission performance

optimization (TL, NR’).

tial filtering function of the FRP-rubber FGM acoustic
window before and after optimization at f = 10 kHz.

As shown in Fig. 18, the characteristic valley value
is caused by the equivalent longitudinal wave of the
various acoustic windows made from the FRP, rubber
and FRP-rubber FGM before and after optimization.
The original FRP-rubber FGM acoustic has a small
equivalent longitudinal wave velocity corresponding to
a large wavenumber of the characteristic value. For
the optimized FRP-rubber FGM acoustic window, the
equivalent longitudinal wave velocity is high, corre-
sponding to a small wavenumber of the characteris-
tic value. In addition, as shown in Figs. 18a and 18b,
the rubber composition is beneficial for improving the
filtering performance of higher wavenumbers, and the
composition of FRP is beneficial for improving the fil-
tering performance of lower wavenumbers in the re-
gion smaller than the acoustic wavenumber. The opti-

mized specific ratio of rubber and FRP components
brings about an FGM acoustic window with better
filtering properties in the higher wavenumber region
(Fig. 18b) and with better filtering properties in the
lower wavenumber region (Fig. 18a), which can effec-
tively suppress and shield the self-noise caused by the
TBL pulsating pressure.

6. Conclusions

Considering the sonar self-noise suppression excited
by the TBL pulsating pressure and sound transmission
performance excited by the incident acoustic source for
FGM acoustic windows, an internal gradient optimiza-
tion method for FGMs is proposed in this paper, which
can be used to design optimized FGM acoustic win-
dows with better turbulent self-noise suppression abil-
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ity and sound transmission performance. The theoreti-
cal modeling for FGM acoustic windows to evaluate the
turbulent self-noise reduction and STL is completed in
the proposed optimization method, in which the accu-
racy is verified by the finite element results of COM-
SOL Multiphysics. Using the optimization method pro-
posed in this paper, the optimization calculations of
the sound transmission performance, and the turbulent
self-noise suppression performance, the sound trans-
mission and turbulent self-noise suppression perfor-
mance for the FRP-rubber FGM acoustic window are
completed, and the results of the five optimization vari-
ables in the gradient function are separately obtained
using the Bernstein polynomial as the deviation func-
tion. Finally, the mechanism of the sound transmis-
sion and turbulent self-noise suppression performance
before and after optimization is explained based on
the gradient material equivalent model and thin-plate
model, respectively. The main conclusions are as fol-
lows.

The optimization results of the sound transmission
performance, the self-noise suppression performance,
and the sound transmission and self-noise suppression
performance for the FRP-rubber FGM acoustic win-
dow show that the sound transmission or self-noise
suppression performance of the optimized FGM acous-
tic window is effectively improved, indicating the effec-
tiveness of the optimization method.

The peak position of the STL originates from the
S0 wave, which corresponds to the longitudinal wave
velocity at the low frequency. The peak STL value
and position and the STL at lower incident angles are
mainly determined by the equivalent Young’s modulus.
Appropriately increasing the composition of the FRP
can improve the equivalent Young’s modulus, which is
beneficial to improve the sound transmission perfor-
mance of the FRP-rubber FGM acoustic window.

The periodicity of the turbulent self-noise reduc-
tion with frequency arises from the standing wave re-
sonance inside the sonar cavity; the slope identification
feature of the spatial filter function arises from the
equivalent longitudinal wavenumber and the acoustic
wavenumber.

A spatial filter consisting of an acoustic window and
sonar cavity has the characteristics of a low wavenum-
ber passband and a high wavenumber stopband. The
spatial filtering performance of the sonar cover can be
improved by optimizing the internal gradient form. In
the lower wavenumber passband (less than the acous-
tic wavenumber), rubber enhances higher wavenumber
filtering, while FRP is good for lower wavenumber fil-
tering. The optimization results show that reasonable
adjustment of the ratio of FRP and rubber can im-
prove not only the sound transmission performance,
but also the overall filtering performance, correspond-
ing to improving the turbulent self-noise suppression
performance.

The research results of this paper provide a refer-
ence value for the future design of FGM acoustic win-
dows for sonar hoods.

Appendix

The matrix I is:

⎡⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

I11 I12 I13 I14

I21 I22 I23 I24

I31 I32 I33 I34

I41 I42 I43 I44

⎤⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦
.

The elements in the matrix I in the layer l are:

I11 = ik cos(√k2Ll
− k2z) ,

I12 = k sin(√k2Ll
− k2z) ,

I13 = i√k2Tl
− k2 cos(√k2

Tl
− k2z) ,

I14 =√k2Tl
− k2 sin(√k2

Tl
− k2z) ,

I21 = −√k2Ll
− k2 sin(√k2

Ll
− k2z) ,

I22 = −i√k2Ll
− k2 cos(√k2

Ll
− k2z) ,

I23 = k sin(√k2Tl
− k2z) ,

I24 = ik cos(√k2Tl
− k2z) ,

I31 = − (λlk2Ll+2µ (k2Ll − k
2)) cos(√k2

Ll
− k2z) i/ω,

I32 = i (λlk2Ll+2µl (k2Ll − k
2)) sin(√k2

Ll
− k2z) i/ω,

I33 = 2µlk
√
k2
Tl
− k2 cos(√k2

Tl
− k2z) i/ω,

I34 = −2iµlk
√
k2
Tl
− k2 sin(√k2

Tl
− k2z) i/ω,

I41 = −2iµlk
√
k2
Ll
− k2 sin(√k2

Ll
− k2z) i/ω,

I42 = 2µlk
√
k2
Ll
− k2 cos(√k2

Ll
− k2z) i/ω,

I43 = −iµl (k2Tl − 2k
2) sin(√k2

Tl
− k2z) i/ω,

I44 = µl (k2Tl − 2k
2) cos(√k2

Tl
− k2z) i/ω,

where λl and µl represent the lame constant in the
layer l.
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and subsequently used in numerical studies, which included the study of resonant frequencies using the Lanczos
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window of a reverberation chamber and determining transmission loss through tests in a semi-anechoic chamber.
Sound wave resonance was obtained for frequencies ranging from 1700 to 6000 Hz. Notably, the experimental
studies were carried out for the same structure for which numerical tests were conducted. The physical models of
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of laboratory tests confirm that the created acoustic metamaterial consisting of multi-ring structures reduces
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1. Introduction

Noise is the most common hazard in the work
environment, accounting for 55.1% of all identified
hazards related to the work environment in Poland
(GUS, 2019). One of the commonly used protections
designed to reduce noise emitted by machines in in-
dustrial conditions are sound-insulating enclosures and
barriers, which are referred to as passive noise pro-
tection (Engel et al., 2009). The use of this type
of protection is a solution, where the threat of noise
is eliminated by preventing its propagation thus pre-
venting further signal transmission. Noise transmission
can also be reduced using active methods (Wrona,

Pawełczyk, 2019; Morzyński, Szczepański, 2018;
Mazur et al., 2018).

The common practice in the case of passive meth-
ods was the use of solid materials with sound insula-

tion or sound absorption properties. The effectiveness
of a given solution depends on the thickness of the layer
and the type of material used (Sikora, 2011). How-
ever, sometimes such solutions are not recommended
or possible to implement, due to, e.g., costs, issues with
heat dissipation or weight. Acoustic metamaterials of-
fer a solution to such challenges, as their sound at-
tenuation properties mainly depend on their internal
structure rather than the material’s type or proper-
ties (Nakayama et al., 2021; Iannace et al., 2021;
Liu et al., 2020; Szytler, Strumiłło, 2022; Zhang

et al., 2020). A metamaterial can take the form, for
example, a flat or spatial structure made from a non-
sound-absorbing material, e.g., one produced using the
3D printing technique (Zieliński et al., 2020). Acous-
tic metamaterial is constructed to absorb sound in
a specific frequency band. In the most frequently stud-
ied and developed metamaterials containing resonant
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structures, these properties are observed notably in
narrow frequency bands, closely aligned with the res-
onance frequencies of the structures used in their con-
struction. For example, acoustic metamaterials based
on Helmholtz resonators ensure high sound absorp-
tion with a small structure thickness compared to
the acoustic wavelength (Duan et al., 2021; Mahesh,

Mini, 2019).
Another type of a metamaterial is a metamaterial

with a maze structure, composed of multiple acoustic
channels with twisted, meandering paths. A metama-
terial can also be made of a porous material in which
resonators are placed, allowing to broaden the sound
absorption band in the medium and low frequency
spectrums (Gao et al., 2022). Structures related to
acoustic metamaterials are sonic crystals. They con-
sist of periodically arranged structures, often in the
form of elongated rings arranged on a grid, dispers-
ing acoustic waves. Similar to acoustic metamateri-
als, sonic crystals exhibit sound attenuation proper-
ties in a narrow frequency band. Adjusting the crys-
tal’s attenuation band is often addressed in research
works (Radosz, 2019). Efforts are frequently made
to manipulate the geometry of sonic crystals, for ex-
ample, by changing the thickness and the material of
the crystal filling (Pennec et al., 2004). So far, single-
ring structures used in metamaterial construction have
been extensively studied and discussed in the litera-
ture. However, the results obtained up to this point
indicate that such structures may exhibit sound atten-
uation properties across multiple frequency bands, in
contrast to single-ring structures (Chen et al., 2018).
Studies on polycyclic-like structures indicate that such
structures are capable of attenuating sounds of lower
frequencies, which is difficult to achieve in the case of
metamaterials (Wang et al., 2012).

In the present article, a barrier model of an acoustic
metamaterial consisting of a multi-ring structure is de-
scribed and subsequently investigated numerically and
experimentally.

2. Investigated metamaterial model

Many workstations are separated from each other
by safety barriers composed of wire mesh applied to
aluminum profiles. Replacing this mesh with an acous-
tic metamaterial featuring an appropriate structural
pattern can reduce noise at adjacent workstations. The
main objective in developing the metamaterial cell is
to obtain a relatively large number of resonant frequen-
cies in the frequency range of 1 to 6.3 kHz. It was as-
sumed that there might be a noise reduction effect near
the resonant frequencies. The metamaterial cell should
be as small as possible and allow to obtain multi-
format barriers by creating a structure based on a large
number of cells. Consequently, it was established that
the cell pattern should conform to a shape of a square

with a side of 25 mm (considering the width of the alu-
minum profiles often used in the construction of work-
station partitions).

The cell of such a size can be used, for example,
in constructing acoustically beneficial thin workstation
partitions or as a sliding industrial curtain. Since the
goal of the study is to create a structure with multiple
resonant frequencies, it is hypothesized that a struc-
ture with multiple chambers (particularly ring-shaped
ones) could achieve this goal, and consequently a ring-
based structure is proposed as the base shape for the
cell. The developed structure consisted of three thin-
walled concentrically placed rings connected to a small
cylinder, also placed concentrically inside the smallest
ring. These rings were connected to each other and
to the side walls via arch-shaped walls with openings.
The rings have cutouts in several places to allow for
airflow. The analyzed model is composed of six struc-
tures (metamaterial cells) arranged in a sequence that
is 150 mm tall and 140 mm wide, and with a thick-
ness of 25 mm. The geometric model of the developed
solid model of a single multi-ring cell and the structure
consisting of several multi-ring cells in cross-section is
shown in Fig. 1.

The model designed in CAD software was used as
the basis for both numerical analysis and construct-
ing three physical models. These physical metamate-
rial models were created using 3D printing in fusion
deposition modeling (FDM) technology, using three
types of materials: PLA (a biodegradable polymer),
PETG (a transparent polymer with glycol addition),
and FLEX (a rubber-like material with a hardness
of 40D). A nozzle with a diameter of 0.4 mm was used
to create the models. The only places where the use
of filling was required (given that the model is thin-
walled) were the cylinders located at the center of the
rings filled in 100%. The models created for laboratory
experiments are shown in Fig. 2.

3. Method

Three types of studies were conducted with the pro-
posed structure: numerical analyses were carried out
on the CAD model, and insertion loss and transmis-
sion loss studies were implemented using physical mod-
els. In numerical analysis, resonant frequencies were
first examined, and then they were used for the ana-
lysis in frequency domain analysis to assess the distri-
bution of the sound pressure level behind the tested
model. In the numerical study, the model was posi-
tioned in such a way that the cutouts in the front of
the model (Fig. 1, side A) faced the excitation source.

In the experimental studies, measurements were
made for two configurations of the metamaterial
model: one with the cutouts facing the excitation
source and the other with the model’s back (Fig. 1,
side B) facing the excitation source. The study focused
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Side A Side B

Fig. 1. View of a single metamaterial cell (top) and a structure composed of several cells (bottom).

Fig. 2. Created models of an acoustic metamaterial with a multi-ring structure made out of three different materials
(from the left): PLA, FLEX, and PETG.

on determining the transmission loss to check whether
the properties of the material used to create the meta-
material influenced its insulating properties. Transmis-
sion loss and insertion loss were measured in different
sound fields (free and diffuse) to simulate different in-
dustrial conditions. Where the replacement of the wire
mesh with an acoustic metamaterial (which does not
attenuate noise) is considered, the results of the in-
sertion loss study may be. Conversely, in the case of
replacing existing barriers, the results of the transmis-
sion loss study are more appropriate.

3.1. Numerical analysis

Two types of numerical analyses were performed on
the developed CAD models. These studies were con-
ducted using the Siemens Simcenter 3D environment

with solvers SOL103 and SOL108. The first numerical
test was aimed to determine the resonant frequencies
for a single cell of an acoustic metamaterial as well
as for a 6-cell structure using the Lanczos method.
The second study was conducted in the frequency do-
main using the finite element method involving a plane
wave excitation with a sound pressure of 2 Pa. The
inlet, outlet and side walls of the CAD model were
defined as acoustic absorbers. Restraints (permanent
constraints) were established for the tunnel’s extremi-
ties. The FEMAO adaptive technique was used in the
calculations.

The performed numerical analyses were of the two-
way coupled type (the interaction of the structure and
fluid domains). Global connection parameters between
the fluid domain and the solid domain were adopted
using the default (recommended) coupling method. Be-



500 Archives of Acoustics – Volume 48, Number 4, 2023

fore starting the tests, the quality of the computational
mesh was checked, which showed no errors. The exci-
tation tests were performed in the frequency domain
in the range from 100 to 6500 Hz in 1/12 octave bands.
The recommended criterion regarding the width of the
computational grid (Howard, Cazzolato, 2017) (di-
mension smaller than 1/6 of the wavelength) was met
in the tests.

3.2. Sound insertion loss study

The insertion loss studies for the physical model
of the acoustic metamaterial barrier made from PLA
were carried out using a measurement window in a re-
verberation chamber. The measurement window took
the form of a rectangle measuring 14 cm by 15 cm and
was created by two walls (14 and 26 cm thick) sepa-
rated by an air gap (3 cm thick). The dimensions of
the samples were adjusted to match the frame so that
no additional mounting elements were needed to at-
tach them. The model was pressed into the mounting
frame attached to the outer wall of the chamber. The
space between the mounting frame and the chamber
wall was sealed with sealing material. The diagram of
the measurement stand is shown in Fig. 3.

Microphone

Air gapWall

Speaker

Sealing material

Mounting frame

Metamaterial

5 cm
50 cm

100 cm

14 cm 3 cm 26 cm

100 cm

Fig. 3. Diagram of the stand for measuring the insertion loss
in the measurement window of the reverberation acoustic

chamber.

The reverberant acoustic chamber was treated as
a transmission room and a sound source in the form
of a loudspeaker was placed in it at a distance of 1 m
from the first opening in the wall. The loudspeaker’s
membrane was facing the central part of the model.
The receiving room was designated as the laboratory
room. Sound pressure level measurements were con-
ducted using the PULSE B&K system (a 3052-A-030
cassette and a 1/2 inch TEDS 4191 microphone). In or-
der to avoid obtaining measurement results for a point
that may be a local attenuation/amplification (espe-
cially close to the structure) the measurements were

performed at three measurement points. The micro-
phone was placed on the side of the receiving room
at distances of 5, 50, and 100 cm from the model be-
ing measured, perpendicular to its surface, and aligned
coaxially with the point of intersection of the diagonals
of the model’s surface. Pink noise was used as the ex-
citation signal. The duration of the measurement was
30 s for each measurement point in the study of each
model and 1 min for the background noise level mea-
surements.

The measurements were carried out in the range
from 100 to 6500 Hz. After the measurements, the in-
sertion loss was determined as the difference in sound
pressure level of the noise emitted by the loudspeaker
with and without the use of a metamaterial model for
each of the measurement points.

3.3. Sound transmission loss

The impulse response method (the Dirac delta
function method) was used as the research method for
determining the transmission loss. The measurements
were carried out in a semi-anechoic chamber. A loud-
speaker positioned in front of the tested model was
used as the sound source. The models were mounted
on an arm in the form of a pipe, aligned with the axis
of symmetry of the loudspeaker membrane, 2 m from
the loudspeaker, and at the same height as the loud-
speaker. The measurement stand scheme is shown in
Fig. 4.

2 
cm

4 cm 4 cm

20
0 

cm

2 
cm

Model of an 
acoustic 

metamaterial

Speaker

Mic 1 Mic 2 Mic 3

Front mic

Side B

Side A

Fig. 4. Measurement stand scheme in the semi-anechoic
acoustic chamber.
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An e-sweep signal (an exponential sweep, where
the frequency increases exponentially over time) was
used as the stimulus signal. In order to minimize the
impact of the microphone on the sound field distri-
bution, a 1/8 inch TEDS 4138-A-015 microphone was
used. Two measurements were conducted at the same
time – in front of and behind the model (both mi-
crophones of the same type). The microphones were
connected to the NEXUS Bruel & Kjaer signal condi-
tioner, through which the signal was sent via the RME
sound card to a computer with Dirac (Bruel & Kjaer)
version 5 software. Due to the small size of the model,
three measurement points were placed (one opposite
the center of the metamaterial and the two at points
3 cm apart from the edges of the sides of the metama-
terial) about 2 cm behind the model, i.e., in the acous-
tic near field area. Because of the unusual geometry
of the model, which could result in a highly hetero-
geneous distribution of acoustic field parameters, es-
pecially in close proximity to the structure, the mea-
surements were conducted at three points. The measu-
rements of the sound pressure level in the range from
100 Hz to 6.5 kHz in 1/12 octave bands were carried out,
and the examined parameter was transmission loss –
defined as the difference between the sound pressure
level of noise emitted by the loudspeaker at a point lo-
cated 2 cm in front of the applied metamaterial model
and the sound pressure level at a point located 2 cm
behind the model.

4. Results

4.1. Numerical study

As part of the conducted research on resonant fre-
quencies, the occurrence of such frequencies was found,
especially in the medium and high frequency range.
Table 1 presents the values of resonant frequencies de-
termined from numerical tests for a single multi-ring

Fig. 5. Pressure distribution in the area of a single cell for the following resonant frequency (from the left): 1718, 2950,
and 3529 Hz; areas of increased pressure are marked in red, and areas of ambient pressure are shown in blue.

Table 1. Values of resonant frequencies for the multi-ring
cell models.

Model Resonant frequencies [Hz]

The single
multi-ring cell

1718, 2950, 3529, 3912, 3965,
5374, 6385

The structure consisting
of six multi-ring cells

1824, 2129, 2217, 2252, 2369,
2435, 2789, 2820, 2850, 2858,
2877, 2948, 3397, 3430, 3471,
3554, 3558, 3580, 3736, 3976,
4075, 4932, 4987, 5033, 5060,
5342, 5404, 5548, 5563, 5618

cell and structure consisting of six multi-ring cells. For
computing resonant frequencies the Lanczos method
was used.

For a single cell, 8 different resonant frequencies
were obtained, and for a structure consisting of 6 cells
30 resonant frequencies were obtained. Examples of
resonant frequencies for a single cell and the structure
with six cells are shown in Figs. 5 and 6.

The presented figures indicate that resonance of
sound wave for particular frequencies occurs at differ-
ent areas of the structure. These frequencies were then
compared with the frequencies at which the most sig-
nificant reduction was noticed in sound pressure levels
behind the barrier in the numerical study with exci-
tation. Exemplar visualizations for selected frequency
bands (with and without the resonant frequency com-
ponent) are shown in Fig. 7.

The presented visualizations show the influence of
the metamaterial with a multi-ring structure on sound
pressure level behind the structure in a simplified
case. As part of the visualization of sound pressure
level distribution for the band with a center frequency
of 218 Hz, a very small effect of the structure (less
than 5 dB) is observed. At the center frequency of the
1/12 octave band equal to 1830 Hz, there is an increase
in the sound pressure level in front of the structure,
affecting at the same time the values of the achieved
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c) d)

a) b)

Fig. 6. Pressure distribution in the area of the six-cell structure for the following resonant frequency: a) 1824 Hz; b) 2948 Hz;
c) 3580 Hz; d) 5033 Hz; areas of increased pressure are shown in red, and areas of ambient pressure in blue.

insertion loss (the insertion loss is around 10 dB). The
positive influence of the structure becomes apparent at
higher resonant frequencies, e.g., 3070, 3250, 3650 or
4100 Hz. The lowest values of the sound pressure level
behind the acoustic metamaterial are obtained for the
1/12 octave-band’s center frequency equal to 3250 Hz.
The most promising results were obtained for the fol-
lowing center frequency bands: 3070, 3250, 3450, 3870,
4100, 4340, 4600, 4870, and 6100 Hz. It can be con-
cluded that the presented structure most effectively
impacts mid-frequency and high-frequency range.

4.2. Sound insertion loss study

The insertion loss was determined for an A-weight-
ed sound pressure level. The research began with back-

Table 2. A-weighted sound pressure level for a given measurement point, without the model placed,
and with the model placed on both sides.

Measurement point
A-weighted sound pressure level [dB]

Without the model Side A facing the loudspeaker Backside of the model side B facing
the loudspeaker

5 cm behind the model 85.9 78.4 76.4
50 cm behind the model 74.9 64.1 64.8
100 cm behind the model 69.8 58.9 57.2

ground noise measurements. The A-weighted sound
pressure level measured was 27.3 dB. Subsequently,
measurements of the noise emitted by the loudspeaker
were conducted without the model for the excitation
signal in the form of pink noise placed in the measure-
ment window. The results are presented in Table 2.

The sound pressure level emitted by the loudspeak-
er exceeds the sound pressure level of the background
noise by more than 40 dB at each measurement point.
The insertion loss calculation results range from 7.5 dB
(worst case) to 12.6 dB (best case). No disparity was
observed between the insertion loss values for both
sides of the model. The results of measurements in the
form of insertion loss are presented for the 1/12 octa-
ve-band’s center frequency from 103 Hz (component is
below 15 dB) to 6500 Hz in Fig. 8.
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a) b)

c) d)

e) f)

Fig. 7. Distribution of the sound pressure level obtained in a numerical test with excitation for the band with the middle
1/12 octave: a) 218 Hz; b) 1830 Hz; c) 3070 Hz; d) 3250 Hz; e) 3650 Hz; f) 4100 Hz.
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Fig. 8. Insertion loss for a distance of 100 cm behind the metamaterial with a multi-ring structure.
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Figure 8 shows relatively large differences between
the insertion loss values for the measurement point
located 5 cm from the model and the measurement
points located 50 cm and 100 cm from the model.
These differences are discernable for frequency bands
with center frequencies of 3250, 3450, 3650, 4100 Hz.
The measurement results for the point located 5 cm
away from the model indicate that the reduction takes
on larger values locally, that would not be represen-
tative to properly evaluate the model. Therefore, the
other two measurement points can be considered more
representative for insertion loss results. In Fig. 8, the
purple dots on the x-axis represent the bands in which
the resonance frequencies in the numerical study were
determined. Resonance frequencies in most cases oc-
cur in bands for which insertion loss was higher than
10 dB. However, the obtained results of insertion loss
do not indicate a narrow-band noise reduction effect for
the structure within the resonance frequencies them-
selves, but have a broadband character. This may be
influenced by the diffusive character of the acoustic
field. Notably, the highest attenuation values occur in
the mid-frequency and high-frequency range.

4.3. Sound transmission loss

The measured acoustic background noise in the
chamber did not exceed 20 dB. Transmission loss was
determined for the A-weighted sound pressure level.
Measurements behind the structure were carried out
with microphones placed very close to the structure.

Frequency [Hz]

TL
 [d

B]

PLA
PETG
FLEX
Resonant frequency

Fig. 9. Transmission loss values for models of acoustic metamaterial with a multi-ring structure made from materials

(PETG, PLA and FLEX) for the Mic 3 measuring point.

Due to the geometry, the distribution of the acous-
tic field parameters behind the metamaterial structure
could be very heterogeneous. Therefore, tests were per-
formed at three measurement points. The aforemen-
tioned terminology was adopted for individual mea-
surement points:

• Mic 1: a point located 2 cm behind the tested
model on its left side (shifted by 4 cm relative to
its center (the axis intersecting its center);

• Mic 2: a point located 2 cm behind the tested
model, coaxially with the center of the model;

• Mic 3: a point located 2 cm behind the tested
model on its right side (shifted by 4 cm relative
to its center (the axis intersecting its center).

The results of the transmission loss for the 1/12

octave-band frequencies are shown for an example
measurement point (Mic 3), for models made from all
three types of materials (for a single side) in Fig. 9.

The presented results show the influence of the
metamaterial on the medium-frequency and high-
frequency ranges. The highest transmission loss was
obtained for the bands 4600, 4870, 5200, 5500, and
1830 Hz (with resonance frequencies obtained for four
out of these five of bands). For bands with center fre-
quencies of 3070, 3250, 3450, and 3650 Hz unexpected
slight amplifications of the sound pressure level were
observed at the Mic 3 measuring point. This is proba-
bly due to the measurements being conducted in the
near-field region or it can be a constructive (amplify-
ing) resonance effect. A similar situation was observed
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for the results of measurements after the models were
rotated and for the remaining measurement points.
Comparison of the transmission attenuation values in
1/12 octave bands for both sides of a single model (on
the example of the Mic 1 measurement point) is shown
in Fig. 10.

No significant discrepancies were observed between
the results obtained in the transmission loss study for
side 1 (Fig. 4, side A) and side 2 (Fig. 4, side B) for each
of the physical models. These differences usually did
not exceed 2 dB, with the maximum difference being
less than 5 dB. These variations may be attributed to
the near field effect. The comparison of transmission
loss obtained for an individual measurement point of
a single model made from PLA on side 2 is shown in
Fig. 11.
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Fig. 10. Transmission loss values for a model of acoustic metamaterial with a multi-ring structure made from FLEX
material at the Mic 1 measurement point for both sides of the model.
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Fig. 11. Transmission loss for the acoustic metamaterial model made out of PLA determined for three measurement points.

During the planning phase of the experiment, there
was no assumption regarding which of the microphones
would be the most representative. Each of the results
is representative for a given point in the field. How-
ever, the experimental findings indicate that the re-
sults for each of the measurement points were similar.
The highest values of transmission loss were obtained
in the bands with center frequencies ranging from 1830
to 2440 Hz (Mic 1 – from 10.3 to 13.4 dB; Mic 2 –
from 7.9 to 12.0 dB; Mic 3 – 7.9 to 11.6 dB) and 3870
to 5500 Hz (Mic 1 – 7.8 to 19.6 dB; Mic 2 – 6.7 to
10.9 dB; Mic 3 – 9.9 to 16.1 dB). For the band with
the center frequency of 3650 Hz, a significant decrease
in attenuation is observed for acoustic metamaterials
made from each type of material (PLA, PETG, and
FLEX).
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5. Conclusions

The conducted numerical analysis with excitation
can simulate the conditions similar to those in the ex-
perimental transmission loss study. However, due to
the different sound pressure levels of the applied excita-
tion and the type of the excitation signal itself (analysis
using the pink noise), the values of the sound pressure
level in the distributions obtained through numerical
research should not be directly compared with the val-
ues obtained through experimental research. Addition-
ally, other simplifications used in the numerical study,
such as the plane wave assumption, absence of reflec-
tions, and no wave propagation on the sides of the
structure cause that such results may differ signifi-
cantly from the results of laboratory tests. For this
reason, they were only a reference illustrating the ho-
mogeneity of the sound pressure level distribution be-
hind the tested structure.

In most cases, the frequency band in which the
highest attenuation was observed coincided with the re-
sonant frequencies obtained through numerical research.
Due to the short distance of the microphones from
the tested acoustic metamaterial, the results of the
transmission loss study were performed in the near
field, which could have affected the obtained results.
Nonetheless, their purpose was to determine the in-
fluence of the material used in the construction of
the acoustic metamaterial on the attenuation results.
The results prove that the material from which the
acoustic metamaterial with a multi-ring structure is
made from is of little importance, but the model of
such a structure itself must be made with high preci-
sion. This precision requirement may pose challenges
when using flexible materials in such constructions.
Furthermore, the use of 3D printing technique in the
production of metamaterials offers a wide range of pos-
sible modifications of such structures by affecting their
resonant frequencies. The use of various types of ma-
terials commonly used in 3D printing for their pro-
duction, such as rigid materials with special properties
(e.g., resistant to high temperatures or weather condi-
tions) can potentially be highly beneficial as well. The
presented results for the multi-ring structure demon-
strate relatively good values of insertion loss, especially
in the medium-frequency and high-frequency ranges,
while maintaining small gaps to allow airflow. These
attributes make such structures suitable for practi-
cal application in sound-absorbing and insulating so-
lutions.
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This study used experimental measurements and the finite-element method (FEM) simulations to inves-
tigate transient underwater radiated noise induced by the impulse excitation of water surrounding a water-
tight steel-structured circular cylindrical shell submerged in the 176× 8× 4 m towing tank. The excitation was
caused by dropping an iron block onto a structural bracket in the shell to generate structural vibration. The
experimental results were found to be consistent with the FEM results, with the difference between the ex-
perimental and simulated sound pressure levels being less than 3 dB. Moreover, it was determined that the
structural vibration also generated airborne noise in the cylindrical shell, but this contributed much less than
the impulse excitation to the induction of underwater radiated noise. Finally, analysis of the sound field of the
underwater noise radiation showed that it was influenced by the wall thickness of the watertight steel cylindri-
cal shell and that of the reinforced bracket seat structure. In particular, the structural reinforcement position
proved to be the diffusion breakpoint of the underwater sound radiation. This demonstrates that compared
with the studied structure, a thicker and more complex reinforced structure will transmit less or incomplete
sound radiation into water.
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1. Introduction

Understanding the characteristics of noise radiated
from underwater vehicles is a key research challenge.
As underwater noise radiation is influenced by the
structure of underwater vehicles, vehicle-induced un-
derwater noise can be predicted by model simulation,
and underwater noise and structure-borne noise caused
by vibrating structures can be determined by test-
ing experimental models. In this study, hydrophones
were used to measure the underwater noise-radiation
sound field caused by an impulse-induced vibration in
a model underwater vehicle. In addition, the underwa-
ter noise-radiation sound field was numerically simu-
lated using the finite-element method (FEM).

The underwater radiated noise was generated by
dropping an iron block onto a section of a model under-
water vehicle inside a watertight steel circular cylindri-
cal shell submerged in water in the 176× 8× 4 m tow-
ing tank. The experimental setup was remotely con-

trolled and a hydrophone line array was used to mea-
sure radiating noise in the towing tank. In addition,
FEM was used to simulate underwater radiated noise
induced by the impulse vibration of a submerged and
watertight steel circular cylindrical shell. The effects of
the cylindrical shell’s structural configuration and the
wall thickness on the sound radiation field were inves-
tigated. Previous experimental and FEM simulation
studies in this area are reviewed below.

In (Wawrzynowicz et al., 2014), the acoustic
sound insulation performances of cement and foamed
composite materials were studied via FEM simulation
to analyze the transient and steady states of two-
dimensional and three-dimensional models. In addi-
tion, experimental measurements were made to com-
pare sound absorption rates. The results generated
by the both models for both transient and steady
states agreed with the experimental curve. In (Rawat

et al., 2015), the vibration response of a three-di-
mensional cylindrical liquid tank subjected to three-
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dimensional transient seismic waves was studied by an
acoustic-structural FEM. This was used to explore how
the force induced by liquid shock water pressure cou-
pled with the vertical force of the seismic wave to dy-
namically affect the tank bottom.

In (Junger, Feit, 1986), two thin-shelled cylindri-
cal shells with different aspect ratios were subjected to
an excitation force, and an analytical solution was ob-
tained for the sound pressure level (SPL) in the far
field. In (Wu, Too, 2021), underwater steady-state
noise was generated and measured in a watertight steel
circular cylindrical shell submerged in a towing tank,
and the simulation results of the towing tank were con-
sistent with the experimental results. This verified that
FEM is feasible for the analysis of underwater sound
radiation induced by continuous machine vibration in
a towing tank. Thus, experimental measurements and
FEM simulation can be used to analyze the radiated
sound field generated by an underwater vehicle con-
taining an operating machine. In an earlier study (Wu

et al., 2022), the characteristics of the boundary was an
important factor to the accuracy of measurements and
simulations for underwater radiation in a towing tank.
The experiment was conducted to vibrate the water-
tight cylinder and to measure the underwater sound
field, which was significantly impacted by reflections
from the tank walls. The experimental measurements
and underwater sound field simulations were consistent
with each other at 45 and 250 Hz. The simulation and
experiment were slightly larger in the 500 Hz case. The
result was the simulations investigated the factors af-
fecting the towing tank’s boundary effects. In (Leader

et al., 2013), the sound and vibration of a torpedo-
shaped structure under axial force excitation were ex-
perimentally investigated, and in (Wang et al., 2000),
machine vibration-induced underwater acoustic radia-
tion was studied. The simulation theories in the present
study and the FEM for fluid-structure interaction have
also been applied in (Wu, 1989; Wu, Chen, 2017; Et-

ter, 2018).
Several studies have conducted underwater struc-

ture-borne radiated noise experiments and acoustic-
structural coupling simulations (Yoshikawa, 1993; Ru-

gonyi, Bathe, 2001; Matthew, 2004; Tong et al.,
2007; Qian et al., 2012; Zhang et al., 2016). These stud-
ies have used the FEM or the boundary element method
to analyze underwater noise and study the fluid-struc-
ture coupling vibration performance of a submerged
double-cylindrical shell of a ship. The vibroacoustic re-
sponse of a shaft-hull system was also numerically and
experimentally investigated (Lin et al., 2016).

In a boundary study (Sacks et al., 1995), the per-
fectly matched layer approach (PML) was devised –
in which the acoustic pressure on a peripheral bound-
ary is set to 0 – to indicate that the acoustic pres-
sure on a radiation boundary was completely absorbed.
This means that an appropriate increase in the ab-

sorption coefficient of the main control equation en-
ables the control equation of the absorption layer to be
transformed. In (Alvarez-Aramberri et al., 2014),
a method for performing calculations for the automati-
cally matched layer (AML) approach, an advanced ver-
sion of the PML technology, was devised. PML calcu-
lation accuracy is affected by absorbing layer parame-
ters, which are determined by researchers. In contrast,
the AML approach does not require the manual defi-
nition of the absorption layer grid. Instead, the absorp-
tion layer parameters are automatically defined based
on a model, such that they meet the infinite domain
boundary.

2. Basic methodology

Theoretically, the wave equation can obtain the tran-
sient and steady-state solutions of acoustic-fluid cou-
pling, and the Helmholtz equation is only suitable
for solving steady-state solutions. In this study, the
steel block dropped onto the steel cylindrical shell is
the transient solution to solve the fluid-solid coupling.
Therefore, the ABAQUS software uses the wave equa-
tion to derive the transient acoustic-fluid coupling so-
lution first, and then derives the fluid-solid coupling
solution.

The response of underwater noise generated from
transient structural vibration can be directly derived
from the wave equation. That is, the response is dis-
cretized from the sound domain, and thus the coupled
transient acoustic-structural equation can be derived.
The structure is regarded as an elastic body sur-
rounded by fluid, such that structural vibration gener-
ates a fluid load at the fluid-solid interface and sound
pressure generates an additional force on the struc-
ture. Therefore, the structural dynamic equation and
the wave equation in the fluid domain must be cal-
culated. The displacement and sound pressure on the
fluid-structure interface are obtained via model dis-
cretization and from the wave and motion equations,
as in (ABAQUS, 2014). Then, based on the assump-
tion that the fluid is an ideal acoustic medium, the
wave equation of sound pressure in a three-dimensional
space is expressed as:

∇2P − 1

c2
∂2P

∂t2
= 0, (1)

where P is the instantaneous sound pressure, t is a time
variable, and c is the velocity of sound in the medium,
and

∇2
= ( ∂2

∂x2
+ ∂2

∂y2
+ ∂2

∂z2
). (2)

The law of finite elements is used as an approxi-
mation method to calculate and obtain the solution of
the wave equation. Equation (1) is thus rewritten as:

∇ ⋅ (∇P ) − 1

c2
∂2P

∂t2
= 0. (3)
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By applying the Galerkin approximation method,
multiplying a sound pressure function of a boundary
condition Φ, and integrating on the sound domain Ω,
Eq. (4) is obtained:

∫
Ω

Φ [∇ ⋅ (∇P )]dΩ −∫
Ω

Φ [ 1
c2

∂2P

∂t2
]dΩ = 0. (4)

From the chain rules of gradients:

u (∇ ⋅ v) = ∇ ⋅ (uv) − (∇u) ⋅ v, (5)

where v is the vector notation and u is a unit direction
vector, therefore Eq. (4) can be written as:

∫
Ω

∇ ⋅ (Φ∇P )dΩ − ∫
Ω

∇Φ ⋅ ∇P dΩ

− ∫
Ω

Φ [ 1
c2

∂2P

∂t2
]dΩ = 0. (6)

From the divergence theorem:

∫
Ω

∇ ⋅AdΩ = ∫
Γ

A ⋅ ndΓ, (7)

where Γ is the boundary, A is an arbitrary vector, and
n is the vector perpendicular to the boundary. In the
fluid-structure interaction problem, Γ represents the
water-structure contact surface; accordingly, Eq. (6)
can be written as follows:

∫
Γ

Φ∇P ⋅ ndΓ − ∫
Ω

∇Φ ⋅ ∇P dΩ

− ∫
Ω

Φ [ 1
c2

∂2P

∂t2
]dΩ = 0. (8)

By considering the water and the structure in the
normal direction of the contact surface, the relation-
ship between the water pressure gradient and structure
is expressed as:

n ⋅ ∇P = −ρn(∂2
u

∂t2
), (9)

where u is the displacement vector of the structure on
the boundary surface. Equation (9) can also be writ-
ten as:

∫
Γ

Φ∇P ⋅ ndΓ = ∫
Γ

Φ(−ρn∂2
u

∂t2
)dΓ. (10)

Substituting Eq. (10) into Eq. (8) gives the follow-
ing sound fluid equation:

∫
Ω

Φ [ 1
c2

∂2P

∂t2
]dΩ + ∫

Ω

∇Φ ⋅ ∇P dΩ

= −∫
Γ

Φρn(∂2
u

∂t2
)dΓ. (11)

The known structural motion equation is:

[Ms] {Ü} + [Cs] {U̇} + [Ks] {U} = {Fs} . (12)

The sound fluid equation (Eq. (11)) is discretized
and divided into several finite elements. Any point in
the sound pressure elements and the displacement
of the mass point are discretized with respect to time.
This discretization can be performed through the inter-
polation of the corresponding value at the node of the
element, and the sound pressure boundary condition
function Φ can be eliminated. Equations (11) and (12)
are thus combined into an acoustic-structural coupling
equation as:

⎡⎢⎢⎢⎣
[Ms] [0]
ρ [R]T [Mf ]

⎤⎥⎥⎥⎦
⎡⎢⎢⎢⎣
{Ü}
{P̈}
⎤⎥⎥⎥⎦ + [

[Cs] [0]
[0] [Cf ]]

⎡⎢⎢⎢⎣
{U̇}
{Ṗ}
⎤⎥⎥⎥⎦

+ [[Ks] [0]
[0] [Kf ]] [

{U}
{P}] = [

{Fs}
[0] ], (13)

where [Ms] is the mass matrix of the structure; [Mf ]
is the mass matrix of the fluid; [R] is the coupling
factors; [Cs] is the damping matrix of the structure;[Cf ] is the damping matrix of the fluid; [Ks] is the
stiffness matrix of the structure; [Kf ] is the stiffness
matrix of the fluid; and {Fs} is the structural load
vectors.

The explicit dynamic-solver-analysis method is used
with an extremely small time-step increment, as the set-
ting of the time-step increment directly affects the
simulation result in dynamic analysis. The central dif-
ference integration algorithm is used in the dynamic
analysis to solve the overall balance equation for the
entire operational process. Then, the dynamic equa-
tion is used to calculate the dynamic state of the next
time-step increment. The dynamic balance equation
for a single-degree-of-freedom system is expressed as:

mü + cu̇ + ku = p (t) . (14)

From the central difference theorem:

u̇i =
ui+1 − ui−1

2∆t
, (15)

üi =
ui+1 − 2ui + ui−1

(∆t)2 . (16)

Substituting Eqs. (15) and (16) into Eq. (14) yields:

m
ui+1 − 2ui + ui−1

(∆t)2 + cui+1 − ui−1
2∆t

+ kui = pi. (17)

Equation (17) can be rewritten as:

[ m

(∆t)2 +
c

2∆t
]ui+1 = pi − [ m

(∆t)2 −
c

2∆t
]ui−1

− [k − 2m

(∆t)2 ]ui. (18)
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According to Eq. (18), the displacement at a moment
is related to that at the previous moment. The dis-
placement, velocity, and acceleration of the model
nodes are related to the incremental learning at each
step. Therefore, ABAQUS/Explicit uses a very small
initial time increment and many increment steps to
complete the central difference method.

Equation (19) shows that in the time integration,
the time increment directly affects the solution accu-
racy. The upper limit of the time increment is there-
fore used to obtain the stable value. In the absence of
damping, the stable value of the time increment can
be expressed as:

∆tstable =
2

ωmax

. (19)

However, several factors affect the frequency of
a system, and sometimes its highest frequency cannot
be accurately calculated. Therefore, another method is
adopted to obtain a stable value, as shown in Eq. (20):

∆tstable =
Lε

Cd

, (20)

where Lε is the minimum length of the grid element,
and Cd is the material wave velocity. Therefore, as the
size of grid elements reduces, the time increment de-
creases accordingly, consistent with the time-stable in-
cremental value.

In the FEM calculation, Eq. (13) is solved via the
explicit integration method, and the derivatives of ac-
celeration and velocity are replaced by central differ-
ence using the central difference method. Then, the
state variable equation for the time before the small
increment time is solved, and the effective load ma-
trix and the effective load vector are calculated. This
method can be used to calculate the dynamic in-
stantaneous displacement condition of the next time
increment within each tiny time increment, as in
(ABAQUS, 2014).

In the ABAQUS software to perform transient
micro-time step calculations, the software itself must
have a high number of cores. This study only used
a high-performance notebook computer CPU using
8 GB of RAM and one core calculations. Using the
explicit dynamic solver, and setting the time period to
0.05 s, and each increment to 0.0001 s, the total calcu-
lation of 0.05 s took about 3 to 4 days. The operation
time depends on the complexity of the structure and
the length of the operation time. To speed up the com-
puting speed, that can increase the computing cores of
the software and increase the computing cores of the
hardware.

3. Experimental measurement

and analysis procedure

In this study, impulse excitation measurements
were conducted to obtain the underwater radiation

sound field. The architecture of the entire process was
established via several experiments and simulation.
The experimental measurement and analysis of the
impulse-induced structural noise are described below.
The procedure of the impulse-induced structural noise
experiment is shown in Fig. 1.

Towing tank 
environment survey

Measurement equipment 
and experimental design

Pre-test calibration

Background noise 
measurement

Measurement of inner 
airbone noise of the steel 

circular cylinder

Hydrophone underwater 
noise measurement

Reading of real-time data

Data post-processing analysis

Simulation calculation
and experiment comparison

Conclusion and discussion

Fig. 1. Procedure of watertight steel circular cylindrical
shell underwater measurement, and comparison with sim-

ulation results.

First, the towing tank was surveyed to confirm that
it was sufficient to contain the watertight steel circu-
lar cylindrical shell. To ensure the feasibility of the
experiment, the detailed experimental conditions were
considered, such as the depth, environment, and back-
ground noise of the towing tank, and the capability of
the tank to be hoisted on an experimental vehicle.

Second, the measuring vehicle was assembled and
prepared. The 1 kg iron block was magnetically at-
tached to the inside roof of the submerged watertight
steel circular cylindrical shell and could be dropped
by remote control to generate a vibration and noise
that simulated an impulse-induced vibration noise ra-
diated from an actual submerged vehicle (Fig. 2).
The watertight steel circular cylindrical shell was de-
signed (Fig. 3) so that it could be operated underwater
and in air. The measuring instruments (a hydrophone,
a sound level meter, and a microphone) were calibrated
before measurement.

At the beginning of the underwater measurement,
the background noise of the towing tank was measu-
red. The sound level meter was used to measure the
SPL of the airborne noise generated by the impulse
excitation, and the underwater sound field of the hy-
drophone was measured. All measured values were con-
verted via the fast Fourier transform (FFT) to obtain
the frequency spectrum, and the values of repeated
measurements were assessed to evaluate stability.

Many data were post-processed and analyzed to
obtain the SPL of the underwater sound field. These
data were compared with the FEM simulation data
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a) b)

h = 500 mm

Iron block

Inner 
bracket

Fig. 2. Photograph of iron block magnetically attached to the roof inside a watertight steel circular cylindrical shell (a)
and diagram of the full setup (b).

a) b)

Fig. 3. Photograph of the watertight steel circular cylindrical shell being loaded into the towing tank (a)
and the B&K 8104 hydrophone used to measure underwater noise (b).

for the water course direction of the towing tank. Fi-
nally, the characteristics of underwater sound radiation
and the structural configuration of the vehicle were ex-
plored.

To obtain the radiation underwater sound field, the
actual structural vibration of a fluid-structure interac-
tion sound field was simulated using a numerical model
and generated in an experimental model, with both
models being of the same size and configuration. The
underwater noise level was measured, and the results
were compared with the FEM simulation results. The
experimental measurement was conducted in the tow-
ing tank with a length of 176 m, width of 8 m, and
depth of 4 m. The center of the watertight steel circular
cylindrical shell was 1.5 m beneath the water surface.

Hydrophone 

Water surface 

Steel circular
cylinder

Towing tank length = 176 m

1.5 m

4 m

8 m
0.5 m 0.5 m 0.5 m 0.5 m

3.
5 

m

Fig. 4. Underwater configuration of hydrophone line array and the watertight steel circular cylindrical shell.

The B&K 8104 hydrophone (Fig. 3b) with a mea-
suring frequency of 0.1 Hz – 120 kHz was used for the
underwater noise measurement. The frequency range and
dynamic range of the microphone were 5–20 000 Hz
and 182 dB re 20 µPa, respectively. The SPL and fre-
quency ranges of the sound-level meter were 28–141 dB
and 20 Hz – 8 kHz, respectively. In the experimental
measurement, a four-by-one hydrophone line array was
installed in the watercourse direction at 0.5, 1, 1.5, and
2 m in the towing tank (Fig. 4).

The hydrophones were connected to the signal ex-
tractor through an analog-digital converter. The data
were collected at a sampling frequency of 100 kHz, the
frequency spectrum was obtained via FFT, and data
were transmitted to a computer for storage. In addi-
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tion, the SPL of the inner airborne noise in the wa-
tertight steel circular cylindrical shell was measured
using a sound level meter and was used to estimate
the airborne source noise power induced by structural
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Fig. 5. Towing tank background noise measurement in the frequency domain.

a) b)

M
ag

ni
tu

de
 [P

a]

Time [s]

0.001

0.0005

0

– 0.0005

– 0.001

– 0.0015

– 0.002

0 0.005 0.010 0.015 0.020 0.025 0.030 0.035 0.040
Time [s]

M
ag

ni
tu

de
 [P

a]

0.001

0.0015

0.0005

0

– 0.0005

– 0.001

– 0.0015

– 0.002

0 0.005 0.010 0.015 0.020 0.025 0.030 0.035 0.040

c) d)

Time [s]

M
ag

ni
tu

de
 [P

a]

0.001

0.0005

0

– 0.0005

– 0.001

0 0.005 0.010 0.015 0.020 0.025 0.030 0.035 0.040
Time [s]

M
ag

ni
tu

de
 [P

a]

0.001

0.0005

0

– 0.0005

– 0.001

0 0.005 0.010 0.015 0.020 0.025 0.030 0.035 0.040

Fig. 6. Measured time series data of underwater acoustic pressure at 0.5 m (a), 1.0 m (b), 1.5 m (c), and 2.0 m (d)
from the steel circular cylindrical shell.

vibration. The iron block had an initial velocity V0

of 0 mm/s and was positioned at a height of 500 mm
above the bottom of the inner bracket surface of the
watertight steel circular cylindrical shell. The velocity



C.-I. Wu et al. – Impulse Excitation in a Watertight Steel Circular Cylindrical Shell. . . 515

of the iron block immediately before its impact with
the bracket was calculated according to the conserva-
tion of energy from the roof to the impact point. The
airborne noise power and the velocity of the block be-
fore impact were used as inputs of the FEM model.

The experimental results revealed that the airborne
source noise contributed much less than the impulse-
induced vibration generated by the impact of the iron
block to the underwater radiated noise. Hence, the
contribution of airborne noise was ignored and only
the velocity of the iron block before its impact with the
bracket (i.e., before the impulse excitation) was used
as an input for the simulation. Previous studies (Wu,
Too, 2021) have indicated that the background noise
of this towing tank is low-frequency noise (<20 Hz) as
shown in Fig. 5; as this is much lower in frequency
than the impulse-induced vibration noise, the towing
tank background noise was ignored in the simulation
process.

The watertight steel circular cylindrical shell was
designed with the following specifications: a ring thin
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Fig. 7. Measured frequency spectrum of underwater acoustic pressure at 0.5 m (a) and 1.0 m (b) from the steel circular
cylindrical shell.
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Fig. 8. Nature frequencies of steel circular cylinder cylindrical shell in the water and 374 Hz
was the larger amplitude frequency.

shell of 8 mm, a two-sided thick shell of 12 mm, and
an inner bracket of 8 mm. It was also fitted with
watertight adapters and electromagnet device control
lines. The steel circular cylindrical shell (Fig. 3a) has
a weight of 284 kg, a diameter of 0.803 m, and a length
of 1 m. The loading balance block and iron block were
212 and 1 kg, respectively. The steel circular cylindri-
cal shell was suspended in the towing tank with remote
controlled cables and a hydrophone array.

Figure 6 shows the time series data measured from
the hydrophone line array in the watercourse direction
at 0.5, 1.0, 1.5, and 2 m. This indicates the magnitude
of the underwater impulse-induced vibration noise and
decay within 0.4 s. The measured time series data were
converted via FFT to obtain the frequency spectra at
0.5 and 1.0 m (Fig. 7). The transient vibration caused
by impulse excitation produced a broadband frequency
spectrum. This broadband frequency spectrum was
the nature frequencies of steel circular cylinder cylin-
drical shell in the water and the 374 Hz was the larger
amplitude frequency as shown in Fig. 8. Therefore, the
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peak magnitude of time series data was used for SPL
calculation. The experimental results were compared
with the FEM results, as presented in the next section.

4. Comparison of FEM simulation results

with experimental results

The impulse-induced vibration noise radiated from
the submerged steel circular cylindrical shell was also
simulated via FEM, and the simulation results were
compared with the experimental results.

The simulation results of the towing tank are in rea-
sonable agreement with the experiment results, which
demonstrates that FEM is a feasible method for ana-
lyzing underwater radiated noise. The simulation pro-
cess is shown in Fig. 9.

Build all elements 
into the model

Set material parameters 
(e.g., density, Young's modulus)

Assemble the elements

Set the explicit 
dynamic analysis steps

Set the element contact 
conditions

Set the acceleration loading
and boundary condition

Build the mesh and perform 
convergence analysis

Perform model analysis 
and post-process data

Extract the underwater acoustic 
and visualization results

Fig. 9. Set the steps for the explicit dynamic analysis for
the underwater vibration noise of impulse-excited struc-

ture.

A simulated model of the steel circular cylindrical
shell was generated based on the experimental model
and is presented in Figs. 10a and 10b, and Table 1,
and the steel circular cylindrical shell payload was set
to ensure that its weight and buoyancy in water were
balanced, as shown in Table 2. The towing tank wa-
ter model was established under loading and boundary
conditions. The boundary condition of the water tank
set the acoustic impedance at the bottom and both
sides of the tank to approximately 4.3× 106 kg/m2s.
The towing tank front and real walls were far away
from the steel cylindrical shell and set non-reflection
boundaries. The water surface boundary represents the
pressure-release surface. The water surface was located
above the steel circular cylinder, which was set in the
center of the towing tank (Wu, Too, 2021). The tow-
ing tank model and boundaries were shown in Fig. 11
and the parameters were listed in Tables 3 and 4.

In the simulation, a dropped iron block modeled
on the top of the bracket (Fig. 10b), as in the experi-
ment. The impulse excitation caused a bracket vibra-
tion that was transmitted to the underwater radiated
sound field. The parameters of the simulation of the
iron block impulse excitation are listed in Table 5.

a)

b)

Fig. 10. Diagrams of the steel circular cylindrical shell
model (a) and steel circular cylindrical shell inner configu-

ration (b).

Table 1. Dimensions of steel circular cylindrical shell model.

Steel circular cylinder weight 284 kg

Thick round end-plate radius (a) 0.4015 m

Thick round end-plate thickness (t1) 0.012 m

Thin shell cylindrical length (b) 1 m

Thin shell thickness (t2) 0.008 m

Table 2. Dimensions of steel circular cylindrical
shell payload model.

Payload weight 212 kg

Payload thickness (t3) 0.01 m

Table 3. Properties of elements of the steel circular cylindri-
cal shell materials in the model.

Elements
Steel circular, cylindrical

shell, inner bracket, payload
block and iron block

Material Low-carbon steel

Young’s coefficient (E) [GPa] 205

Poisson’s ratio (υ) 0.3

Density (ρ) [kg/m3] 7 850

Table 4. Dimensions of the towing tank model.

Towing tank dimension 176× 8× 4 m

Water density 1.0× 109 tonne/mm3

Water bulk modulus 0.139 MPa
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a)

Front and rear boundaries = non-reflection

b)
water-free surface impedance = pressure-release surface

Steel circular cylinder 
and inner bracklet

Boundary impedance of the three walls 
= 4.3 × 10⁶ kg/m²s

Fig. 11. Diagram of towing tank water model (a)
and boundary conditions (b).

Table 5. Parameters of the simulation of the iron block
impulse excitation.

Iron block weight 0.001 ton

Iron block dropping height (h) 500 mm

Gravitational acceleration (g) 9 800 mm/s2

Initial speed (V0) 0 mm/s

Final speed (V1) 3 130.5 mm/s

Seed edges and gird types were set for the mesh grid
geometry. Three-dimensional solid elements were used
for analysis during the simulation. The mesh elements
and grid quantities are shown in Table 6.

Table 6. Types of mesh and grid quantities for elements.

Element
Mesh grid

type
Grid

quantity

Towing tank AC3D4 8 744 042

Steel circular cylindrical shell C3D4 9 190

Inner bracket C3D8R 1 872

Payload block C3D4 1 477

Iron block C3D8R 156

To confirm the correctness of the analysis results,
the FEM was used for the convergence analysis. The
grid quantity of a mesh directly affects simulation
accuracy: a smaller mesh division yields more accurate
analysis results than an larger mesh division. However,
a mesh grid that is too small may generate too many
nodes in a model, which may result in too many de-
grees of freedom and thereby make the model unstable
and increase computational costs.

For the simulation of the sound pressure magni-
tude, the first hydrophone was placed at a certain dis-

tance from the steel circular cylindrical shell in the
water tank. The comparison objects of grid quantity
were analyzed. The grid dimension sizes and quanti-
ties are shown in Table 7.

Table 7. Mesh grid types and quantity.

Grid dimension ∆x [mm] Grid quantity

mesh125 14 289 405

mesh150 8 744 042

mesh175 5 681 363

mesh200 4 221 977

mesh225 3 561 442

mesh250 3 015 747

The grid analysis comparison was based on the
sound pressure magnitude at 0.0008 s, and a conver-
gence analysis of the water grid was performed. Grid
dimensions ∆x of 250 to 125 mm were used in the con-
vergence analysis. The grid dimension was as shown
in Fig. 12a. At a grid size of 150 mm and a quan-
tity of 8 744 042, the sound pressure was 0.0017617 Pa.
At a finer grid size (125 mm) and a higher quantity
(14 289 405), the sound pressure magnitude did not
change significantly (Fig. 12b). Therefore, a water tank
grid size of 150 mm was chosen for further simulation
analyses.

a)

�x

b)

M
ag

ni
tu

de
 [P

a]

Mesh type

Fig. 12. Diagram of towing tank grid dimension ∆x (a) and
the convergence analysis of mesh types (b).

In the simulation study, four hydrophones revealed
that the main energy occurred at 0–0.01 s. The energy
gradually dissipated after 0.05 s and finally tended to
be static and stable. The analog data from 0 to 0.001 s
show that hydrophones at an interval of 0.5 m ex-
hibited a difference in the vibration start time ∆t.
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The first hydrophone firstly starts to vibrate, and the
second started to vibrate ∼0.0003 s later, and this trend
continued for the third and fourth hydrophones; ∆t

(0.0003 s) was exactly the time it took for the sound
to travel 0.5 m in the water, as shown in Fig. 13.

The simulation analysis time was 0.05 s, and each
increment was 0.0001 s. The underwater noise was
transmitted through the bracket to the bottom of the
steel circular cylindrical shell. The results show that
the energy was concentrated within 0–0.01 s, and the
energy gradually dissipated after 0.05 s (Fig. 14).
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tu

de
 [P

a]

Time [s]
�t = 

Hydrophone (0.5 m) Hydrophone (1 m) Hydrophone (1.5 m) Hydrophone (2 m)

0.0025

0.0015
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– 0.0005

– 0.0015

0.002

0.001

0

0 0.002

0.5 [m]
1463 [m/s]

0.004 0.006 0.008 0.01 0.012

– 0.001

– 0.002
– 0.0025

Fig. 13. Simulation of four hydrophones at 0.5, 1, 1.5, and 2 m with time delay ∆t

versus energy magnitude during t = 0.01 s.
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Fig. 14. Simulated underwater acoustic pressure time series data at 0.5, 1, 1.5, and 2 m
from the steel circular cylindrical shell.
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Fig. 15. Peak SPL in the towing tank watercourse direction.

The transient vibration caused by impulse ex-
citation produced a broadband frequency spectrum.
Therefore, the peak magnitude of time series data was
used for SPL calculation. The peak SPL results of the
simulation were compared with the experimental re-
sults for each position of the underwater sound field.
The peak magnitude of time series data was used for
SPL calculation. The difference between the experi-
mental and the simulated SPL was within 3 dB (Fig. 15
and Table 8), which demonstrated the high accuracy
of the simulation.
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Table 8. Comparisons of the simulated and experimental
data of peak SPL in the towing tank watercourse direction.

Hydrophone location [m] 0.5 1.0 1.5 2.0

Experiment peak SPL [dB] 184.5 183.0 181.3 179.4

Simulation peak SPL [dB] 186.3 182.1 180.1 176.5

Discrepancy peak SPL [dB] +1.8 −0.9 −1.2 −2.9

5. Influence of structural configuration

on underwater sound radiation

In this section, the effects of structural configura-
tion on sound propagation in the steel circular cylin-
drical shell and its radiation into water are discussed.
The effects of the thickness, configuration, and shape
of the steel cylindrical shell structure on the sound
field are also discussed. The findings can be used as
a design reference for the structural configuration of
underwater vehicles. The effects are explored:

1) The dropping of the iron block to impact the base
caused the structure below the circular cylindrical
shell to vibrate and generate noise in water, which
was followed by propagation of a sound wave in
water (Figs. 16a–16c). A comparison of the thin

a) T = 0.0006 s b) T = 0.0010 s c) T = 0.0013 s

d) T = 0.006 s e) T = 0.0010 s f) T = 0.0013 s

Fig. 16. Simulation diagrams of underwater noise transmitted from the arc surface of the thin shell to the water,
where they form sound wave radiation.

a) T = 0.0004 s b) T = 0.0007 s c) T = 0.0010 s

d) T = 0.0014 s e) T = 0.0018 s f) T = 0.0023 s

Fig. 17. Reinforced position of the bracket base structure and the truncation point of sound radiation in water.

shell with the thick end cap shows that the wave
mostly came from the thin shell; that is, the main
underwater sound was radiated into the water via
the arc surface of the thin shell (Fig. 16).

2) After the impact of the iron block, the first acous-
tic sound wave radiated from the circular cylin-
drical shell bottom. The second sound wave was
circularly diffused by the top arc surface of the
thin shell of the cylindrical shell. The reinforced
position of the bracket base structure acted as
a truncation point for sound radiation in water
(Figs. 17a–17c). The underwater sound was radi-
ated from the perimeter of the unreinforced shell
of the thin shell arc. This noise radiation behav-
ior shows that the reinforcement position affected
the propagation of structural vibration and could
block the sound radiation integrity in water. The
time series in Fig. 17 shows the sound radiation
truncation, as indicated by the red arrows.

3) The underwater noise was radiated from the vi-
brating circular cylindrical shell to the bottom of
the towing tank. The noise was diffused and re-
flected on both sides of the bottom (as indicated
by the red circle in Figs. 18c and 18f).
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a) T = 0.0014 s b) T = 0.0016 s c) T = 0.0019 s

d) T = 0.0014 s e) T = 0.0016 s f) T = 0.0019 s

Fig. 18. Noise radiation patterns: noise diffusion and reflection on both sides of the bottom.

a) T = 0.0027 s b) T = 0.0048 s c) T = 0.0129 s

d) T = 0.0249 s e) T = 0.0455 s f) T = 0.0711 s

Fig. 19. Transmission of underwater noise from a structure with a gradually declining vibration energy.

4) When the vibration energy of the structure in the
circular cylindrical shell was large, the vibration
alternated from up to down and left to right. The
acoustic sound was transmitted by the arc surface
of the thin shell and the edges of both sides of the
thick end caps (Figs. 17a–17c). With increasing
reverberation time, the vibration energy gradu-
ally reduced and was transmitted only from the
arc surface of the thin shell (Figs. 19c and 19d).
Then, with decreasing vibration energy, the acous-
tic sound reverberated only in the circular cylin-
drical shell and ultimately disappeared (Figs. 19e
and 19f).

6. Conclusions

In this study, impulse-induced structural vibration
noise radiated by a watertight steel circular cylindrical
shell in a towing tank was measured. Then, this ex-
periment was simulated using the FEM. The accuracy
of the simulation results was improved by adding an
impulse speed to the loading conditions; as such, the
simulation results were consistent with the experimen-
tal results. This demonstrates that it is a reliable sim-

ulation method for predicting the radiation of an un-
derwater vehicle sound field caused by transient struc-
tural vibration. During the vehicle design process, the
underwater noise and observed noise radiation can be
predicted and analyzed via the finite-element method.

This study also explored the influence of structural
configuration on sound propagation in a circular cylin-
drical shell and the radiation of this sound into the
water. The thickness of the watertight steel cylindrical
shell and the reinforced bracket base affected the un-
derwater noise radiation. The thin shell of the struc-
ture was the main area from which sound was radi-
ated, while the structural reinforcement position was
the diffusion breakpoint of the underwater sound ra-
diation. Therefore, a thicker and more complex rein-
forced structure will radiate less and incomplete sound
into water.

According to the results of this study, although
large underwater vehicles have complex structures,
usually the main complex and large structures are in-
stalled at the bottom of the equipment. Therefore, re-
gardless of the shock vibration of the equipment or the
impact of the tool falling, the simpler structure of
the upper part of the underwater vehicle is the easi-
est to radiate noise. The sound-absorbing material can
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be covered in the appropriate position of the upper
structure. Future research should be able to use the
results of this study to conduct more in-depth research
and investigate the noise characteristics, structural ar-
rangement and sound-absorbing material performance
of specific underwater vehicles.
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This article presents a comparison of test results from two models of anti-vibration systems (I and II)
made employing MJF 3D printing technology and two different materials. The research included laboratory
tests and numerical simulations, assuming a linear nature of the mechanical properties for the materials and
models of structures. The aim of this research was to assess the consistency between laboratory test and nume-
rical simulation results. In addition, evaluation of the suitability of using MJF technology to produce anti-
vibration systems was conducted. During the laboratory tests, the response of the two models of structures
to vibrations generated by an exciter was recorded using a high-speed camera. Subsequent image analysis was
performed using the MOVIAS Neo software. The obtained values of vibration displacements and resonant
frequencies were used to validate the numerical model created in the Simcenter Femap software. Relative
differences between the values of resonant frequencies obtained experimentally and through simulations were
determined. In the case of the structural model I, creating its numerical model without considering the non-
linearity of mechanical parameters was found to be unjustified. The comparison of the displacements determined
during numerical simulations showed relative differences of less than 16% for both models in relation to the
laboratory test results. This comparison result indicates a satisfactory accuracy in simulating this parameter.
An assessment of the quality and accuracy of MJF technology-produced prints, led to the conclusion that due
to the formation of internal stresses during the print creation, the use of “soft” materials in this technology is
problematic.
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1. Introduction

In numerous research centers around the world, de-
velopmental research on new materials and systems
designed to limit mechanical vibrations generated by
machinery and devices is currently underway. Vibra-
tions constitute a potentially harmful factor both for
mechanical devices, causing their faster damage or fail-
ure, as well as for people, by reducing work comfort or
leading to adverse health effects.

An innovative approach to advancing the concept of
anti-vibration systems involves the use of 3D printing
technology as a quick, precise and easily accessible way
to create structures with consistent mechanical prop-
erties. The advancement of various 3D printing tech-
nologies opens up the possibility of using a wide range
of materials with different physical properties that can

be selected based on the expected properties of the
prints. For instance, some studies explored the possi-
bility of using a material with shape memory (shape
memory polymer, SMP) in 3D printing (Yang et al.,
2016). Many studies also attempted to use 3D printing
to test new solutions in the field of body protection
(Park, Lee, 2019), metamaterials (Zolfagharian

et al., 2022) or shock absorbers (Sathyapriya et al.,
2022). Confirming the usefulness of 3D printing for the
production of anti-vibration systems could reduce both
the time and cost of developmental work in this field.

The rising popularity of developing numerical
methods together with the increasing computing ca-
pabilities of computer systems creates more and more
opportunities for testing anti-vibration systems by
means of computational simulations. Such an approach
is a significantly faster and lower in cost than carrying

https://orcid.org/0000-0003-4066-9967
https://orcid.org/0000-0003-1147-2516
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out traditional laboratory tests of subsequent physi-
cal models subjected to modifications. The potential of
using the finite element method (FEM) to study anti-
vibration systems is presented in many scientific papers
(Burlayenko et al., 2019; Sari et al., 2022; David

Müzel et al., 2020; Kamel et al., 2019; Shi et al.,
1997). Various researches employ the FEM in studies
related to limiting the effects of mechanical vibrations,
predicting their impact on the environment, as well as
analyzing the properties of 3D prints (Abbot et al.,
2019; Jindal et al., 2020; Żur et al., 2019). Verify-
ing compliance between numerical models created us-
ing the FEM and laboratory results obtained for real
models could accelerate the development of new solu-
tions aimed to reduce mechanical vibrations.

2. Anti-vibration systems

– the object of research

In order to assess the possibility of using FEM sim-
ulations for the to design of 3D anti-vibration struc-
tures, comparative tests of two anti-vibration structures
produced using the multi jet fusion (MJF) method in-
volving the thermal, selective sintering of powders were
carried out. The MJF technology was chosen because
of its capacity to employ large printing areas, enabling
the printing of over 30 elements in one printing process
while maintaining a short printing time. Two materi-
als were used for the prints: nylon PA12 and Ultrasint
TPU01, and their parameters are presented in Table 1.

Table 1. Basic mechanical parameters of materials
used for 3D printing.

Material PA 12 TPU01

Young’s modulus [MPa] 1700 56

Density [kg/m3] 907.2 1206.6

Tensile strength [MPa] 48 8

Comparative studies were carried out on structur-
ally distinct models of structures: I and II, as shown
in Fig. 1.

Fig. 1. Developed models of anti-vibration systems with
external dimensions: model I – 24× 77× 29.6 mm (top);

model II – 60× 60× 25.3 mm (bottom).

3. Research method

3.1. Laboratory tests

The results of numerical simulations were verified
through comparison with measurement data obtained
during the tests of real anti-vibration structures sub-
jected to mechanical vibrations. This validation was
based on the registered vibration displacements, e.g.,
the values of the resonance frequencies of both mod-
els and the values of displacements of the upper planes
of the structures during resonance. The models of anti-
vibration systems were tested on the test stand appa-
ratus shown in Fig. 2. The models were excited to
oscillate with a tunable sinusoidal signal with a fre-
quency range of 5–100 Hz. During the tests, the mod-
els were loaded with masses whose values were selected
experimentally. Displacements of elements in the sys-
tem models were recorded using a high-speed camera.
Subsequent image analysis was performed using the
MOVIAS Neo software.

Fig. 2. Laboratory measurement stand consisting
of a mechanical vibration exciter and a high-speed camera.

In this way, vibration displacement profiles over
time at specific points across the tested system models
were obtained. An example of the markers’ arrange-
ment at measurement points on the tested models is
shown in Fig. 3.

Fig. 3. Arrangement of measurement markers on model II.

The following loading masses were used: 9, 18, and
27 g for structure I, and 60, 120, and 180 g for struc-
ture II. The selected loading masses enabled the ob-
servation of system resonances without causing any
damage to the elements of the tested models. For both
models and each applied load, resonant frequencies and
their corresponding displacement values were deter-
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Fig. 4. Diagram of the displacement profile of measurement point 1 for model II loaded
with a 60 g mass along the y-direction (vertical to the exciter table).

mined. For further analyses, the displacement values
of the measuring point 1 along the y-axis were used.
A representative graph of the displacement variation
of point 1 over time is shown in Fig. 4.

The data obtained in this process, including res-
onance frequencies and displacements of individual
points in the system models, were used to validate the
numerical simulations.

3.2. Numerical simulations

The numerical simulations were performed using
the Siemens Simcenter Femap software, a platform de-
signed to conduct engineering analyzes using the FEM.
The system models presented in Fig. 1 were subjected
to discretization, leading to the generation of a finite
number of elements. Next, meshes were generated from
the obtained elements for both models. They are pre-
sented in Fig. 5.

Fig. 5. Grids of the anti-vibration structures generated after
the discretization of the continuous 3D models.

In the case of the system model I, a structural
element-the central guide, was removed. This removal
did not affect the simulation results and increased the
number of mesh elements, which ultimately influenced
the speed of calculations.

The main assumption of the simulations was the
premise of linear characteristics of the material used.
The loading of the structures was carried out with the
use of RBE2 elements, connecting the upper surface
of the models with a designated point that was as-
signed a mass condition. The same elements were used
in the bases of the models to constrain their mobility,
by effectively connecting them to the vibration exciter
table during laboratory tests. An additional boundary
condition used in the frequency analysis involved con-
sidering acceleration corresponding to the acceleration
of gravity.

In order to determine the resonance frequencies
of the system models and their displacements, two
numerical analyzes were carried out: modal and fre-
quency.

Modal analysis yields a set of vibration modes of
the tested system model together with resonant fre-
quencies. The shape of the modes makes it possible to
evaluate the behavior of the model during vibrations
of a specific frequency.

On the other hand, frequency analysis makes it pos-
sible to determine the actual displacements of individ-
ual nodes of the mesh of elements in addition to show-
ing the prevalent stresses and forces. In order to de-
termine the appropriate damping coefficient during the
simulation for a given model structure, a number of
test simulations were carried out. They involved select-
ing the damping value for the lowest applied load in
such a way that the displacements obtained for the si-
mulation closely matched the values obtained during
the experimental tests.
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Then, the selected damping coefficient value was
used in simulations featuring a different load.

4. Comparison results

The values of resonant frequencies obtained dur-
ing the laboratory tests and through numerical simu-
lations are presented in Table 2. Comparison of dis-
placements obtained using a high-speed camera and
numerical simulations is shown in Table 3. Symbols
used in the tables:

– Flab – resonant frequency obtained from labora-
tory tests [Hz];

– Fsym – resonant frequency obtained from numeri-
cal simulations [Hz];

– ∆F – relative difference between resonant fre-
quencies from laboratory tests and numerical sim-
ulations [%];

– Dlab – displacement of measuring point 1 obtained
from laboratory tests [mm];

– Dsym – displacement of the node coincident with
the location of measurement point 1 obtained from
numerical simulations [mm];

– ∆D – relative difference between the displace-
ments obtained in the laboratory and from nu-
merical simulations [%].

Table 2. List of resonance frequencies obtained on a labora-
tory stand and with the use of numerical simulations along

with the relative difference of the obtained values.

Model I Model II

Load 9 g 18 g 27 g 60 g 120 g 180 g

Flab [Hz] 25.6 20.8 18.9 22.2 16.4 11.4

Fsym [Hz] 45.3 36.1 30 23.4 17.2 14.3

∆F 77.0% 73.6% 58.7% 5.4% 4.9% 25.4%

Table 3. Summary of the maximum displacements obtained
for measuring point 1 using a laboratory stand and numer-
ical simulations along with the relative difference of the

obtained values.

Model I Model II

load 9 g 18 g 27 g 60 g 120 g 180 g

Dlab [mm] 5.4 7.2 9.9 4.0 8.5 11.7

Dsym [mm] 5.3 8.35 11.3 4.02 7.25 10.5

∆D 2.1% 16.0% 13.7% 0.2% 15.0% 10.3%

By analyzing the obtained relative differences of
resonance frequencies ∆F for system I, one can notice
large differences between the results of laboratory tests
and the ones from simulations. The differences exceed
58% for all loads used. In the case of structure II, the
differences for loads of 60 g and 120 g do not exceed
5.5%, while for the highest load of 180 g the difference
increases significantly and exceeds 25%. However, in
the case of system II, despite a large relative differ-
ence expressed in percentage, the difference between
the resonance frequency values is only 3 Hz.

For both models of anti-vibration systems, the rel-
ative differences in the obtained displacements did not
exceed 16%, which can be considered a satisfactory re-
sult. The obtained relative differences correspond to
the real displacement differences of about 1.4 mm.

5. Conclusions

The presented research showed the potential of us-
ing numerical methods to predict resonance frequen-
cies and displacements of 3D-printed anti-vibration
structures made. The tests of the two presented models
showed that obtaining reliable results through numer-
ical simulations strongly depends on the construction
of the anti-vibration system model.

The uncomplicated construction of models, such
as tested model II, in which the vibration energy is
dissipated only in the structure of the material, al-
lows the use of a linear model to a limited extent.
However, this approach is associated with low accu-
racy of the obtained simulation results. This is confir-
med by the obtained increased differences in the de-
termined values of the resonance frequency (labora-
tory and FEM simulation) for model II under a load
of 180 g, at which the model of the structure probably
behaves non-linearly.

In the case of models with more complex structures,
such as model I, the correct determination of resonant
frequencies may require taking into account not only
the material property non-linearities, but also non-
linearities resulting from the structure of the system.

The relative differences in displacements obtained
experimentally and through simulation can be con-
sidered acceptable. However, due to large differences
in the obtained resonant frequencies, the reliability of
displacement values determined for model I might be
questionable.

The obtained differences in results could be influ-
enced not only by non-linearities in the mechanical
parameters of the structures and the materials used,
but also by inaccuracies in workmanship and inter-
nal stresses generated during the printing of the model
structures.

When analyzing the applicability of MJF technol-
ogy based on powder sintering at high temperatures for
producing 3D anti-vibration structures (model made
of TPU01 material), an uneven distribution of the gen-
erated thermal energy was noticed during the printing
process. This indicates that different elements of the
same structure may have significantly different temper-
atures during printing. A high temperature gradient in
the structure itself can cause high internal stresses that
affect both the accuracy and quality of prints (defor-
mations) and their mechanical properties.

Numerical modeling of models produced in this way
may pose significant challenges and lead to unreliable
simulation results.
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In this paper, we propose a multi-layer micro-perforated panel structure based on a curled space for
broadband sound absorption at low frequencies, which increases the number of perforated panel layers in a li-
mited space using a curled space. The absorption coefficients of the structure under plane wave conditions were
calculated using the transfer matrix method and the finite element method. It is demonstrated that the multi-
layer micro-perforated panel structure can ensure high absorption (consistently over 90%) in the frequency
range of 400∼5000 Hz. The sound absorption mechanism of the multi-layer micro-perforated panel structure
is investigated by using the acoustic impedance along with the reflection coefficient of the complex frequency
surface. In addition, we also discuss the effects of the micro-perforated panel parameters on the structural sound
absorption coefficient. The results show that the proposed multi-layer micro-perforated panel structure provides
an excellent solution for sound absorption in a limited space.
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1. Introduction

The micro-perforated plate (MPP) has an excellent
broadband sound absorption ability, as well as high-
temperature resistance, corrosion resistance, and non-
pollution, which is regarded as one of the most promis-
ing next-generation sound absorption materials. Maa

(1983) first proposed the concept of the MPP absorber
by reducing the diameter of perforations in conven-
tional perforated plates to less than one millimeter,
thus obtaining the MPP structure with high acous-
tic resistance and low acoustic impedance. Since then,
MPP absorbers have received widespread attention in
various acoustic applications.

Currently, the theory of MPP has been widely stud-
ied (Cheng, 2018; Rafique et al., 2021; Li, 2018).
Maa (1984, 1994) provided the MPP theoretical anal-
ysis and design principles. In addition, the double-layer
MPP structure was developed to expand further the
sound absorption band (Maa, Liu, 2000). As com-
pared to the narrower absorption band of the single-
layer MPP structure, the double-layer MPP produces
two different absorption peaks, thus obtaining a wider
absorption band. Mosa et al. (2020b) introduced in-
homogeneous perforations on top of the double-layered
MPP, which further increased the absorption band. At
the same time as introducing inhomogeneous perfo-
rations, Mosa et al. (2020a) set up multiple cavities
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with different depths to produce a wider absorption
band. Due to the mutual coupling of multiple absorp-
tion peaks, the MPP can form a wide band of sound
absorption, therefore, there are several studies based
on a multi-layer MPP. For example, Cobo et al. (2019)
designed a three-layer MPP and optimized the MPP
parameters by a simulated annealing method. Buc-

ciarelli et al. (2019) established an analytical model
for the design of multi-layer MPP absorbers and found
that adding more MPP leads to resonant coupling,
which is beneficial to improve the absorption band.
In addition, it obtained the 5-layer MPP structure. By
optimizing the parameters of the MPP structure, the
absorption coefficient of this structure at 400∼2000 Hz
is all over 0.9. Using the transmission matrix method is
more convenient than the equivalent circuit analysis
method to study a multi-layer MPP (Lee, Kwon,
2004). Carbajo et al. (2020) proposed the multi-layer
MPP absorber with inclined perforations and investi-
gated its acoustic properties using the transfer matrix
method, which promotes the application of a multi-
layer MPP in the field of noise reduction.

A multi-layer MPP has broad-frequency sound ab-
sorption characteristics, however, a large cavity is of-
ten required for low-frequency sound absorption, which
significantly limits its application (Zhao, Lin, 2022).
Many studies have proposed solutions to this prob-
lem. Firstly, in response to the crisis of excessive cav-
ity volume, Li and Assouar (2016) significantly re-
duced the structural volume by converting the cav-
ity into a coiled coplanar air chamber, which absorbed
sound perfectly at 125 Hz. Similarly, Prasetiyo et al.
(2021) introduced a coiled structure in the cavity to re-
duce the cavity volume, and the absorption coefficients
exceeded 0.8 from 250 to 1000 Hz. Cui et al. (2022)
also obtained a composite spatially folded metamate-
rial structure by a curled space and achieved a large
broadband absorption above 200 Hz. It is a simple and
practical way to reduce the cavity volume by spatially
coiled structures, and there are many similar stud-
ies (Liu et al., 2019; 2020; Wu et al., 2019). Sec-
ondly, MPP structures are often used together with
other structures to improve low-frequency sound ab-
sorption further to obtain new acoustic metamaterials
(Cheng et al., 2022; Gao et al., 2017; Rafique et al.,
2022). Xiaoqi and Cheng (2021) achieved broadband
and low-frequency sound absorption by setting MPP
boundaries in an acoustic black hole structure. Shao

et al. (2022) designed a tunable multi-layer compos-
ite structure by combining the Helmholtz structure,
MPP, and porous material, which has absorption coef-
ficients exceeding 0.9 at 400∼3000 Hz. Xie et al. (2022)
combined the MPP structure with a conchoidal cav-
ity structure. The structural absorption band can be
changed by adjusting the structural parameters.

A multi-layer MPP has broad frequency sound ab-
sorption characteristics and the coiled structure can

reduce the volume of the structure. Based on these
two characteristics, this paper investigates the acous-
tic performance of the multi-layer MPP with a coiled
structure. Moreover, we study the sound absorption
mechanism using the complex frequency surface acous-
tic impedance and the reflection coefficient. In addi-
tion, we discuss the effect of perforated panel param-
eters on the sound absorption coefficient of the struc-
ture. Finally, it is shown that sound absorption can be
achieved at different frequency bands by changing the
perforated panel parameters and structure dimensions.

2. Theoretical analysis

2.1. Basic formulations

According to Maa’s approximation formula (Maa,
1998), the single-layer MPP relative acoustic impe-
dance can be written as:

zMPP = r + jωm, (1)

where j is the imaginary number, ω is the angular fre-
quency, r is the relative acoustic resistance, and m is
the relative acoustic mass, which are defined as:

r = 32ηt

ρcσd2

⎡⎢⎢⎢⎢⎣(1 +
x2

32
)

1

2 + √2
8

xd

t

⎤⎥⎥⎥⎥⎦, (2)

m = t

σc

⎡⎢⎢⎢⎢⎣1 + (9 +
x2

2
)−

1

2 + 0.85d
t

⎤⎥⎥⎥⎥⎦, (3)

where η = 1.8× 10−5 Pa ⋅ s, ρ = 1.25 kg/m3, c = 343 m/s
are the dynamic viscosity coefficient, the density, and
sound speed of the air, t is the panel thickness, σ is
the perforation ratio, and d is the diameter of the per-
foration hole, x is the perforation constant, and it is
given by:

x = d

2

√
ωρ

η
. (4)

At the vertical incidence of plane waves, the sound
absorption coefficient of a single-layer MPP can be ex-
pressed as:

α = 4r

(1 + r)2 + (ωm − cot (ωD/c))2 , (5)

where D is the depth of the dorsal cavity of the MPP.
Further, we can simplify it to the following equa-

tion:

α = 4r

(1 + r)2 +m′2
. (6)

By analyzing Eq. (6), we can discover that per-
fect sound absorption can only be achieved if r = 1

and m′ = 0. In general, achieving an ideal acous-
tic impedance match for a wide frequency absorption
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is not easy. However, in most practical applications,
achieving perfect sound absorption is unnecessary, and
absorbing most of the sound energy can also achieve
the purpose. Therefore, this gives a larger range of
acoustic impedance matches. As shown in Fig. 1, the
sound absorption coefficients are shown for different
relative sound impedances and sound masses. When
the relative acoustic impedance is within the blue el-
liptical region in Fig. 1b, the sound absorption coeffi-
cient is above 0.8. At this time, the relative acoustic
impedance region is significantly larger, dramatically
reducing the structure requirements. For example, the
MPP achieves the maximum absorption coefficient of
0.99 at 125 Hz when d, t, D, and σ are taken as 3.5,
0.2, 734 mm, and 0.096%, respectively. At this time, r
and m′ are 0.99 and −0.06, respectively, which are very
close to the parameters at the theoretical maximum
absorption coefficient. However, the sound absorption
frequency band of a MPP is very narrow under this
parameter. Moreover, the depth of the back cavity is
too large. When D changed to 200 mm, the absorp-
tion coefficient of a MPP would reach 0.88 at 551 Hz
(r = 2.06, m′ = 0.05), and almost no absorption effect
at 125 Hz (r = 0.99, m′ = 148.5).
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Fig. 1. MPP absorption coefficients at different relative
acoustic impedances: a) the red and black dashed lines and
intersection points represent r = 1, m′ = 0, and α = 1, re-
spectively; b) most of the region with α ≥ 0.8 is in the
region bounded by 2.4 ≥ r ≥ 0.6 and −0.8 ≥ r ≥ 0.8 (except

for the purple region), which we refer to as region A.

2.2. Transfer matrix method

The transfer matrix method (TMM) is a simple
method for the study of a multi-layer MPP. According
to (Lee, Kwon, 2004), we can initially write the MPP
and cavity transfer matrix, respectively:

[P] = ⎡⎢⎢⎢⎢⎣
1 ρczMPP

0 1

⎤⎥⎥⎥⎥⎦, (7)

[S] = ⎡⎢⎢⎢⎢⎣
cos (kh) (jρc) sin (kh)

(j/ρc) sin (kh) cos (kh)
⎤⎥⎥⎥⎥⎦, (8)

where k = ω/c is the wave number, and h is the air ca-
vity depth.

For a multi-layer MPP shown in Fig. 2, we can
multiply the transfer matrix Pi of each MPP with the
transfer matrix Si of the air cavity sequentially, thus
obtaining the total transfer matrix:

[T] = [P]1 [S]1 ⋅ ⋅ ⋅ [P]n [S]n =
⎡⎢⎢⎢⎢⎣
T11 T12

T21 T22

⎤⎥⎥⎥⎥⎦. (9)

Fig. 2. Schematic diagram of the multi-layer MPP
structure.

At the vertical incidence of plane waves, the reflec-
tion and absorption coefficients of a multi-layer MPP
can be expressed as:

γ = T11 − ρcT21

T11 + ρcT21

, (10)

α = 4Re (T11/T21

ρc
)

[1 +Re (T11/T21

ρc
)]2 + [Im (T11/T21

ρc
)]2 . (11)

The equivalent relative acoustic impedance and
equivalent relative sound mass of a multi-layer MPP
can also be calculated as:

z0 = T11/T21

ρc
, (12)

r0 = Re(T11/T21

ρc
), (13)

m0 = Re(T11/T21

ρc
). (14)

2.3. Finite element method

The 3D model of the structure is shown in Fig. 3a,
where L = 121 mm and W = 48 mm are the length
and width of the structure, respectively. As a result
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a)

b)

L1

c)

Fig. 3. Diagram of multi-layer MPP structure based on curl space: a) schematic diagram of the 3D model of the structure;
b) finite element boundary conditions; c) finite element meshing.

of the symmetry of the 3D model, we reduce the 3D
model to a 2D planar model when performing the finite
element simulation, as shown in Fig. 3b. The physical
field under study is the Pressure Acoustic Frequency
Domain and the entire study domain is the air domain,
moreover the entire air domain length L1 = 190 mm.
The aero-domain and internal MPPs are modeled with
a linear elastic fluid model and a thin-plate MPP model
from COMSOL, respectively. In addition, the mesh is
divided into free triangular meshes, and the maximum
mesh is 1/12 of the minimum wavelength to ensure the
accuracy of the calculation. The sound incident field is
a plane wave incident vertically, as shown by the blue
line in Fig. 3b, and it is:

pb = p0e−jkx, (15)

where p0 = 1 Pa is the pressure amplitude.
The red line represents the interior perforated pla-

te, whose diameter, thickness, and perforation rate are
d = 0.2 mm, t = 0.1 mm, and σ = 0.03, respectively, and
whose relative acoustic impedance can be expressed as:

z = jω (t + 8dfint/3π) /cσCD

J2 (d√−ik/2) /J0 (d√−ik/2) , (16)

where CD = 1 and fint represent the flow coefficient
and the hole-hole interaction function, respectively;
J2 and J0 are Bessel functions of the first kind of the
second and first order.

The other boundaries of the model are the sound
hard boundary, which means that the normal deriva-
tive of the pressure is zero at the boundary and they
are:

∂pt

∂n
= 0. (17)

2.4. Sound absorption coefficient

According to (Zhao, Lin, 2022), the double-layer
MPP can be flipped and thus reduce the back cavity
space, as shown in Figs. 4a and 4b. Among them, the
main parameters of the MPP structures include the
plate thickness t1 = 0.4 mm, hole diameter d1 =
0.3 mm, the perforation rate σ1 = 0.01, and the back
cavity depth D1 = D2 = 75 mm. The research results
show that the sound absorption coefficients of both are
almost the same (Zhao, Lin, 2022). Therefore, we can
approximate the equivalence of the two in our study,
thus simplifying the calculation. The simplified model
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a) b)

D1

D1 D2

D2

c)

Fig. 4. Schematic diagram of two double-layer MPP structures and simplified model structure diagram: a) a conventional
double-layer MPP; b) a turned double-layer MPP; c) a simplified model structure diagram.

structure is shown in Fig. 4c. The structure can be
divided into 5 units, each of which is a multi-layered
MPP structure and the number of layers increases from
4 to 8 layers sequentially. Furthermore, we number the
units sequentially according to the number of layers of
the MPP. Further, each unit can again be understood
as a concrete example of the structure of Fig. 2.

Since the parameters of a MPP (d = 0.2 mm, t =
0.1 mm, σ = 0.03, and the spacing between adjacent
MPPs is 20 mm) are consistent across the layers stud-
ied, Eq. (9) can be simplified and the transfer matrix of
each unit can be expressed as:

[T]m = {[P] [S]}n {m = 1,2, ...,5,n = 4,5, ...,8.
(18)

The equivalent relative acoustic impedance of each
unit can be obtained by Eq. (12), and then the relative
acoustic impedance of the structure as a whole can be
obtained by the following equation:

S

zeq
=

1

5∑
m=1

Sm

zm

, (19)

where S and Sm represent the acoustic incident area
and the unit acoustic incident area, respectively, and
S = 5Sm.

Eventually, at the vertical incidence of plane waves,
the sound absorption coefficient of the structure can be
expressed as:

α =
4Re (zeq)

[1 +Re (zeq)]2 + [Im (zeq)]2 . (20)

The sound absorption coefficients calculated by
FEM and TMM are shown in Fig. 5a, and the results
of both calculations match satisfactorily. The reason
for the slight error is that the FEM modeling consid-
ers the structure thickness. However, the effect of this
on the analytical study is not significant. The absorp-
tion coefficient of the structure at 400∼5000 Hz consis-
tently exceeds 0.9, which has a wide absorption band.
The equivalent acoustic impedance of the structure

a)

b)

Fig. 5. Diagram of: a) the structural sound absorption coef-
ficient; b) the relative acoustic impedance of the structure.
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that will be derived according to Eq. (19) is shown in
Fig. 5b. It can be seen from the figure that the relative
acoustic impedance is not perfectly matched, but most
of them are in region A (the region shown in Fig. 1b).
Therefore, the absorption coefficient is more extensive
than 0.8 in these frequency bands, which is an excel-
lent verification of the sound absorption effect of the
structure.

3. Parametric study

To better understand the effects of different design
parameters on the sound absorption performance of
the structure, a series of parametric studies are con-
ducted in this section by varying parameters such as
perforated plate thickness, perforation hole diameter,
and perforation rate by using FEM simulations. In ad-
dition, the number of perforated plate layers, the unit
distribution, and the size of the structure are also ana-
lyzed.

3.1. Effects of the perforation hole diameter

In order to better find out the effect of a perforation
hole diameter on the sound absorption performance
of the multi-layer MPP structure based on a curl
space, we only change the value of the hole diameter d
and keep other parameters constant. The results are
shown in Fig. 6a, and it can be seen that choosing the
proper aperture size is necessary to get the effect of
broadband-efficient sound absorption. As the aperture

a) b)

d = 0.05 mm

d = 0.2 mm
d = 0.5 mm
d = 1 mm

d = 0.1 mm
t = 0.05 mm

t = 0.2 mm
t = 0.5 mm
t = 1 mm

t = 0.1 mm

c) d)

σ = 0.02 
σ = 0.03 
σ = 0.1 

σ = 0.01

ζ = 0.1

ζ = 1 
ζ = 2 
ζ = 5 

ζ = 0.5σ = 0.005

Fig. 6. Effect of different design parameters on the sound absorption coefficient of multi-layer MPP structure based on
curl space: a) effects of the perforation hole diameter, t = 0.1 mm, σ = 0.03, h = 20 mm; b) effects of the panel thickness,
d = 0.2 mm, σ = 0.03, h = 20 mm; c) effects of the perforation ratio, d = 0.2 mm, t = 0.1 mm, h = 20 mm; d) sound

absorption coefficients of the structure with a different scale size, d = 0.2 mm, t = 0.1 mm, σ = 0.03, h = 20 mm.

diameter gradually increases, the peak absorption co-
efficient moves toward lower frequencies and more ab-
sorption lows appear. In the latter case, it is caused by
an acoustic impedance mismatch. For the former, we
analyzed the single small hole of the MPP and the air
back cavity, which would be the Helmholtz resonator.
Furthermore, it can be reduced to a spring oscillator
and its resonant frequency is proportional to

√
K/M .

As the hole diameter increases, the stiffness factor of
the equivalent air spring K decreases. These are be-
cause at the constant perforation rate σ, an increase
in the hole diameter causes a decrease in the number
of holes and thus an increase in the volume of the air
back cavity corresponding to each small hole. There is
also an increase in the oscillator mass M due to the
increase in the aperture diameter. Therefore, the peak
absorption coefficient will be shifted towards the lower
frequencies.

3.2. Effects of the panel thickness

As shown in Fig. 6b, the effect of the thickness of
the MPP on the absorption coefficient of the multi-
layer MPP structure based on a curl space is shown.
It can be seen from the figure that as the thickness
of the MPP increases, the sound absorption coeffi-
cient decreases. According to Eq. (16), the acoustic
impedance of the MPP increases when t rises, which
leads to a decrease in the absorption coefficient. More-
over, this parameter has a significant influence on the
sound absorption coefficient, thus, it must be chosen
reasonably.
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3.3. Effects of the perforation ratio

In this subsection, we investigate the effect of the
perforation rate σ on the structural absorption coef-
ficient. The results are shown in Fig. 6c, the absorp-
tion coefficient increases, and the peak shifts to high
frequencies when the perforation rate σ is increased.
According to Eqs. (2), (3), and (16), we can know that
the relative acoustic impedance of the MPP decreases
as σ increases, which leads to an increase in the absorp-
tion coefficient. Similarly, by analogy with the spring
oscillator model, we can find the reason for the peak
shift to high frequencies. As σ increases, the equivalent
air spring stiffness factor K increases, and M is con-
stant, therefore the peak absorption coefficient moves
to higher frequencies.

3.4. Effects of the structure with different scale sizes

In this subsection, the effect of the structure size on
the absorption coefficient is studied, with ζ being the
scaling ratio of the structure. The results are shown in
Fig. 6d, the absorption coefficient peak will be moved
to high frequencies when scaling down the structure as
a whole. When scaled down to 0.5 times the structure,
the sound absorption band will be in the middle and
high frequencies (above 1000 Hz). When the structure
is reduced to 0.1 times the structure, the absorption
band will be at a high frequency (above 2400 Hz). On
the contrary, the low-frequency sound absorption effect
is enhanced by enlarging the structure. This is mainly

a) b) c)

d) e) f)

Fig. 7. Relative acoustic impedance of multi-layer MPP structures and their structural units based on curled space:
a) unit 1 (4-layer MPP); b) unit 2 (5-layer MPP); c) unit 3 (6-layer MPP); d) unit 4 (7-layer MPP); e) unit 5 (8-layer MPP);

f) the overall structure.

caused by the change of cavity in the structure, the
large cavity is more suitable for low-frequency sound
absorption, but the larger structure size will also be
detrimental to the actual use. Therefore, we can choose
the corresponding structure size according to the real
situation.

4. Sound absorption mechanism

4.1. Acoustic impedance analysis

In order to explain the principle of efficient sound
absorption by MPP broadband, the relative acoustic
impedance of the overall structure and each unit is
analyzed in this subsection, and the calculation re-
sults are shown in Fig. 7. Also, all MPP parameters
studied are the identical, d = 0.2 mm, t = 0.1 mm,
σ = 0.03. In Fig. 7, the thick black solid line and the
thick blue dashed line indicate the relative sound
resistance and the relative sound mass, respectively.
The critical values in Fig. 1b are shown as thin
dashed lines in Fig. 7, where the blue shading is the
frequency band when the absorption coefficient is
more significant than 0.8. From Figs. 7a–7e, it can be
seen that as the number of MPP layers increases, the
peak of the relative acoustic impedance increases
and moves toward the lower frequencies. In addition,
the sound absorption band becomes gradually wider.
This indicates that the multi-layer MPP structure
favors low-frequency broadband sound absorption.
For the multi-layer MPP structure based on a curl space,
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the parallel coupling of five units dramatically redu-
ces the peak of the relative acoustic impedance, making
the relative acoustic resistance and the relative sound
mass closer to 1 and 0, respectively. Therefore, this also
ensures the sound absorption effect at low frequencies
and broadband sound absorption.

4.2. Complex frequency plane analysis

To further understand the absorption mechanism,
we use a graphic approach to evaluate the reflection
coefficient r in the complex plane (Jiménez et al.,
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Fig. 8. a) and b) are the sound absorption coefficients of the five units and the overall structure, respectively; c)–h) are the
representation of the 20 log10 ∣γ∣ in the complex frequency plane for the multi-layer MPP structures and their structural
units based on curled space; c) unit 1 (4-layer MPP); d) unit 2 (5-layer MPP); e) unit 3 (6-layer MPP); f) unit 4 (7-layer

MPP); g) unit 5 (8-layer MPP); h) the overall structure.

2017a; 2017b; Romero-García et al., 2016). In gene-
ral, in the lossless case, the reflection coefficient has
a complex conjugate zero and a conjugate pole. When
the loss balances the energy leakage, the zero falls
exactly on the real frequency axis, meaning that the
critical coupling condition is satisfied. In addition,
the leakage rate between the zero point and the pole
can determine the absorption bandwidth (Romero-

García et al., 2016). For example, as shown in Fig. 8c,
there are three zeros and three poles, respectively. The
zero point at 4000 Hz is very close to the real frequency
axis, thus it will tend to perfect sound absorption.
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In addition, there is a large leakage rate between the
zero and pole points that extends the absorption band.
However, the absorption valley will be lower because
of fewer resonance peaks. These can be seen from
the absorption curves in Fig. 8a. As can be seen in
Figs. 8c–8g, further increasing the number of layers of
MPP can obtain more resonance peaks, yet it is not
effective in reducing the leakage rate. Therefore, there
are still many sound absorption valleys in multi-layer
MPP structures.

The zero point is almost always below the real fre-
quency axis for the multi-layer MPP with a coiled
structure, as shown in Fig. 8h. Although the critical
coupling condition is not fully satisfied, a high absorp-
tion is still obtained at the resonant frequency. In ad-
dition, the leakage rate between zero and the pole is
small and the number of resonance peaks is large. With
the combined effect of these two reasons, both lower
absorption valleys are eliminated and broadband ab-
sorption is achieved. As shown in Fig. 8b, the absorp-
tion curve consistently exceeds 0.9 in the 400∼5000 Hz
frequency range, and half absorption is achieved at
230 Hz.

5. Conclusions

This paper proposes a multi-layer micro-perforated
panel structure based on a curled space for broadband
sound absorption at low frequencies. The structure is
approximated as a parallel composition of five multi-
layer MPPs with different layers. The absorption coeffi-
cients of the structure have been computed under plane
wave conditions using the TMM and the FEM meth-
ods, and the numerical results are matched perfectly.
The results show that the multi-layer MPP structure
can guarantee a high absorption rate (consistently
over 90%) in the frequency range of 400∼5000 Hz.
The sound absorption mechanism of the multi-layer
MPP structure was investigated using the acoustic
impedance and the reflection coefficient of the complex
frequency surface. In addition, the proposed structure
is a subwavelength absorber because the low-frequency
wavelengths in the air are 12 times larger in magnitude
than the overall length of the structure and 31 times
larger in volume than the width of the prototype.
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Water is widely used in the mining industry, particularly in mineral enrichment processes. In the process of
magnetic separation or flotation of crushed ore, a concentrate (an enriched product), and tailings (a product
with a low content of a useful component) are obtained. One of the main tasks of enrichment processes is
the efficient use of water resources. This is achieved by reclaiming and subsequent reusing water contained in
ore beneficiation products by extracting it in industrial thickeners. Optimizing this process makes it possible
to reduce water usage in the mining industry, reduce costs of mineral enrichment processes, and address
extremely urgent environmental protection problems. To evaluate the process of sedimentation of the solid
phase in the pulp within the thickener, measurements of parameters of longitudinal ultrasonic oscillations and
Lamb waves that have traveled a fixed distance in the pulp and along the measuring surface in contact with it
are used. The proposed approach allows for the consideration of pulp density, particle size of the solid phase
in the ore material and the dynamics of changes in these parameters in the thickener at the initial stage of
the sedimentation process. Based on the obtained values, adjustments can be made to the characteristics of its
initial product, leading to reduced water usage and minimized loss of a useful component.
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1. Introduction

In ore enrichment processes thickeners are used to
separate, under the gravity action, a mixture of solid
and liquid pulp phases into two products: a clarified
aqueous solution in the overflow stream and a concen-
trated thick suspension in the underflow stream. Floc-
culants are also supplied to the system to increase the
rate of solid particle sedimentation. As shown in sev-
eral papers (Bürger et al., 2013; Segovia et al., 2011;
Smith, n.d.), during the sedimentation process of par-
ticles of the solid phase in the pulp, several zones can
be categorized (Fig. 1): 1 – particle sedimentation at
a constant rate, 2 – variable rate of particle sedimen-
tation, 3 – formation and compaction of the sediment.

The thickening process is controlled by changing
the sedimentation parameters of crushed ore particles,
which leads to increasing the transparency of the over-

Clear layer

Interface layer

Mud layer

Feedwell

Underflow

Overflow
Flocculant

Rake

Fig. 1. Layers of the solid phase sedimentation in thickener.

flow (in order to achieve the minimum content of solid
particles in the overflow) and increasing the density of
the underflow product (in order to extract the maxi-
mum amount of solid particles). Control of the thick-
ening process is usually achieved by adjusting the rate
of release of the condensed product and adding a floc-
culant.
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In the paper (Sinonine Tech, n.d.), it was demon-
strated that the mechanism governing the solid phase
particle sedimentation in the thickener is extremely
complex. Different types of ore, particles size and vari-
ations in pulp concentration lead to diverse sedimenta-
tion characteristics. A higher rate of the sedimentation
rate results in a shorter time for the pulp to remain in
the thickener, otherwise the rate of the sediment layer
growth turns out to be fast. This leads to the need to
increase in the torque the thickener’s rake drive motor,
and, in extreme cases, to its overload and the shutdown
of the thickener by the protection device. Conversely,
a slow sedimentation rate requires that the pulp resi-
dence time in the thickener should be increased, oth-
erwise the concentration of the solid phase in the un-
loaded material decreases, which leads to low dehydra-
tion efficiency and increases energy consumption for
this process. It is concluded that the control of the
performance of the thickener unloading slurry pump
and the operational speed control of its drive motor in
accordance with the current characteristics of the sedi-
mentation process is of critical importance and central
to optimizing the sedimentation process in thickeners.

In another work (Metso, 2017), the control of
a thickener is considered from the perspective of mea-
suring process characteristics and simple reaction to
their changes. In the thickener, it is rather difficult
to see or measure what is happening, and there-
fore the reaction time from the beginning of the devia-
tion of any parameter to corresponding adjustments
in process productivity and efficiency can be quite
long. At the same time, the control of the thickener
should take into account fluctuations in technologi-
cal flow characteristics. This is achieved by regulating
both the amount of flocculant supplied to the process
and the speed of pumping out the thickener unloading
product. Figure shows (in accordance with ISO 14617-
6:2012) the proposed thickener control circuits: dosing
of flocculant (MF – device for the flow measuring) de-
pending on the mass flow rate of the initial material
with feedback from the level of the sediment layer (LT
– device for the level measuring) or the pressure of the
sedimented material layer (PT – device for the pressure
measuring), and the performance of the thickener dis-
charge pump depending on either the concentration of
the solid phase (DT – device for the density measuring)
or the overflow turbidity. The torque of the rake drive
motor (M) is also controlled to prevent overloading. In
practice, thickened product pumps and flocculant dos-
ing pumps must be controlled based on the measured
parameters of the sedimentation process to achieve the
thickener’s desired operating point under various pro-
duction scenarios and meet target quality indicators.

However, as noted in the paper by Ojeda et al.
(2014), conventional feedback control is ineffective for
stabilizing the process when the properties of the raw
material fluctuate significantly over time, primarily be-
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Fig. 2. General contours of the thickener control.

cause the dynamics of the process demonstrates high
nonlinearity. This paper presents innovative approach
based on an expert system for an industrial thickener
with a diameter of 125 m and processing 13 000 m3/h
of concentrate containing 27% solids. It is noted that
the proposed expert system should be based on an in-
formation base encompassing all possible operating
scenarios and real-time measurements of the main
technological variables.

Thus, the control of sedimentation process vari-
ables is crucial for the effective operation of a thick-
ener. In the study conducted by Zuzunaga et al.
(2018), attention is paid to three important control
parameters within the thickening technological pro-
cess: pulp flow speed at the thickener inlet, thickened
product flow speed at its outlet, and clarified water
flow into the overflow. These measurements have cer-
tain problems that can potentially affect the ability
to accurately determine the flow rate: pipe size, the
medium density in the flow, pump type, the involved
air, access to the pipe, etc. Taking these factors into
consideration is important for obtaining reliable mea-
surement results that can serve as an indirect indica-
tors of the efficiency of the thickening process.

Currently, the evaluation of the sedimentation pro-
cess of crushed ore particles entering the thickener
relies on the recognition of sediment level and the
boundary between different media (Morkun et al.,
2014b; 2014c; 2015b; KANSAI Automation Co., n.d.;
Smith, n.d.). This assessment characterizes the dy-
namics of particles with specific concentration and
sizes in the pulp. Since these estimates are used to re-
gulate the density of the discharge product and the
flow of flocculant, inaccurate measurement of these pa-
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rameters can lead to water entering into the thickener
discharge, solid particles entering the overflow or prob-
lems with flocculation. All these problems, in turn, lead
to additional costs associated with increased flocculant
consumption or the need for reprocessing of ore pulp.

There are several methods of measuring sediment
levels and media interfaces in thickeners: manual core
sampling (manual core sampling), measurement of
hydrostatic pressure, buoyancy-based system, ultra-
sonic measurements with fixed position ultrasound,
mechanical lowering sample analyzers – mud diver
(Smith, n.d.).

Taking core samples manually is a complex, risky,
and time-consuming test. When used in combina-
tion with a thickener rake torque measurement, this
method can actually be used to estimate the sediment
level. However, it does not yield high accuracy of es-
timation. Depending on the rheology of the sediment,
the torque and reservoir pressure do not always align.
Moreover, this method also requires frequent mainte-
nance.

The float method can incur high operational costs.
Floats also often leak and fill with substances they
are meant to float in, and as a result they sink. It is
not easy to maintain their operational filling with the
required liquid density. The boundary of media sep-
aration is difficult to detect using this method, espe-
cially when the difference in density between the lay-
ers can be very small (Markland Specialty Engineering
Ltd., n.d.).

Ultrasonic devices based on the measurement of the
signal’s transit time to reflective surfaces capture
the sediment level effectively, provided the medium
does not weaken the probing signal’s energy before it
reaches the sediment layer. However, when using this
method, it is difficult to detect the layer of interest, es-
pecially if its boundary is not clearly defined (Morkun

et al., 2014b; 2014c; KANSAI Automation Co., n.d.).
A mud diver is an automated device that mechan-

ically lowers a probe into a thickener. This probe can
use various measurement methods (for example, opti-
cal, ultrasonic, etc.) to determine the depth of layers
in the reservoir in real-time (PLA Process Analysers,
n.d.). The dives of the mud diver are synchronized with
the rotation of the thickener’s rake, which prevents
entanglement of the probe in the rake arms. Addi-
tionally, mud divers are usually equipped with a wash-
ing station that cleans the probe after each dive, pre-
venting its contamination. However, this method can-
not ensure the efficiency and continuous data acquisi-
tion necessary for the operation of automatic thickener
control systems. Moreover, like all mechanical devices,
mud divers require high maintenance costs.

Therefore, for effective thickener control, it is essen-
tial to obtain operational information about the pro-
cess of sedimentation of particles of the solid phase in
the pulp. Having such an estimate applied to its ini-

tial stage allows one to predict the characteristics of
final product. The assessment of this process should
be based on measurements of the dynamics of changes
in the concentration of the solid phase within the pulp
and the size of its particles at a certain depth of the
thickener.

The objective of this research is to develop methods
for gathering information about the ore pulp thicken-
ing process in an industrial thickener. This informa-
tion allows to improve the quality of control, ensuring
the desired concentration of the solid phase in the final
product, and ultimately reducing production costs. Ex-
isting automatic control systems for industrial thicken-
ers are characterized by prolonged response dynamics
to disturbing influences and extended transient pro-
cesses. In contrast, the proposed method of ultrasonic
control of the process of sedimentation of crushed ore
particles in the thickener is based on measuring the
concentration of solid-phase particles and their size in
the initial stage of sedimentation. This enables obtain-
ing highly accurate forecast of final product character-
istics.

2. Proposed methodology

In the mining industry, water is widely used in
hydrometallurgical and mineral enrichment processes
(Golik et al, 2015a; 2015b; Morkun et al., 2017).
In the beneficiation based on the magnetic separation
method, ore particles are ground to a size that is ap-
proximately equal to that of the useful component size,
which consequently allows the magnetic separator to
extract the valuable component from the ore pulp. Be-
fore entering the crushing unit, the ore is mixed with
water and brought to the optimal size in several stages
before being fed into the magnetic separator. Each of
these stages includes the following essential technolog-
ical operations: grinding, classification, and magnetic
separation (Morkun et al., 2015a; Shukla, 2021).

In the process of magnetic separation, two products
are obtained: concentrate and tails, which are then sent
to dehydration systems (Arjmand et al, 2019; Garm-

siri, Unesi, 2018; Tripathy et al., 2021).
Figure 3 presents a technological diagram of the

beneficiation process at the Northern Mining and Ben-
eficiation Plant in Kryvyi Rih, Ukraine (Morkun et
al., 2015a). In this figure, the following symbols are
used: mill denotes the ball mill (a technological appa-
ratus for reducing the size of ore particles) and num-
bers denote the stages of ore particle separation (1 –
first stage, 2 – second stage, 3 – third stage, 4 – fourth
stage); MS denotes the magnetic separator (a techno-
logical apparatus for separating ore particles accord-
ing to their magnetic properties), while sizer (classi-
fier), H/c (hydrocyclone) and T-r (thickener) are tech-
nological apparatus for separating ore particles based
on their size.
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Fig. 3. Technological scheme of the iron ore beneficiation
process.

The main internal control influences in the benefici-
ation line, presented in Fig. 3, are water flows into tech-
nological units. In Figs. 4 and 5, examples of obtained
qualitative-quantitative dependencies that character-
ize the influence of this parameter on the technological
process are presented.
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Fig. 4. Output of the grain size class –0.044 mm depending on the water flow to the technological units: the solid line
represents a distributed function; the dashed lines are projections on coordinate planes.

The dependence of the output of the −0.044 mm
grain size class on the flow of water to technological
units distributed along the enrichment line is presented
in Fig. 4. Here, L denotes the measuring point num-
bers after the technological devices (1 – mill 1; 2 –
sizer, etc.).

The dependence of the mass fraction of iron in the
industrial product on the water flow to the technolog-
ical units is presented in Fig. 5.

The slurry enters the dirt separators at the first
stage (point 8), where the solid phase is crushed to
a fineness of 91% in the −0.074 mm class. In the dirt
separators at the second stage (point 13) the fineness
reaches 98% in the −0.074 mm class. Under these con-
ditions, the measurement error for the concentration
of the solid phase in the pulp at a level of 0.5–1.5 m
from the surface of the pulp in the desludger is 1.8–
2.1%, and the concentration of the control size class−0.074 mm showed a deviation in the range of 1.5–
1.7% compared to the results of laboratory analysis.

The technological process of ore beneficiation
(Fig. 4) involves the pulp entering the thickener, where
the solid phase is crushed to expose the ore joints
(Morkun et al., 2014a).

According to the proposed method, a measuring
module is placed in the thickener, which enabling for
conducting ultrasonic measurements using longitudi-
nal ultrasonic oscillations and Lamb waves. The mea-
suring module placed in the upper part of the thickener
vertically along the depth of the thickener. It can func-
tion as either a stationary or mobile unit.

First, a reference liquid, in this case, water, is sup-
plied to the measuring module. In the measuring mod-
ule, high-frequency ultrasonic vibrations are formed
and travel a fixed distance in it. The obtained results
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Fig. 5. The mass fraction of iron in the industrial product depending on the water flow to the technological units: the solid
line is a distributed function; the dashed lines are projections on coordinate planes.

measure the attenuation of the intensity of high-fre-
quency ultrasonic vibrations serving as reference (ba-
sic). In the operational state, an ore suspension flow
is formed in the measuring chamber of the thick-
ener. This flow generates high-frequency ultrasonic vi-
brations that travel a fixed distance when there is
a flow of ore suspension in the measuring chamber. For
high-frequency ultrasonic vibrations that have traveled
a fixed distance throughout the flow of water and ore
suspension, the ratio of ultrasound intensities S1 is de-
termined:

S1 = ln IvolB1⟨Iv1(z)⟩ , (1)

where IvolB1
is the intensity of high-frequency bulk ul-

trasonic waves that have traveled a fixed distance z

throughout the water flow, z is a fixed distance of the
ultrasonic waves travelling throughout the water flow,
and ⟨Iv1(z)⟩ is the intensity of high-frequency bulk ul-
trasonic waves that have traveled a fixed distance z
throughout the flow of ore suspension.

The equation for ⟨Iv1(z)⟩ = IvolB1
is:

⟨Iv1(z)⟩ = IvolB1 exp
⎛⎝−W ⋅ zℵ

rm∫
0

σ(v1, r)F (r)dr⎞⎠, (2)

where ℵ = rm∫
0

4πr3

3
F (r)dr, F (r) is the distribution

function of solid-phase particles in the ore suspension
based on their size r, rm is the maximum size of solid-
phase particles in the ore suspension, and σ(v1, r) is
the attenuation cross-section of high-frequency bulk ul-
trasonic waves with frequency v on a particle of size r.

The size σ(v, r) for any frequency bulk ultrasonic
waves is determined by the sum of absorption cross-

sections σs(v, r) and scattering σc(v, r) ultrasound
(Morkun et al., 2014b; 2019):

σ(v, r) = σc(v, r) + σs (v, r) (3)

In the high-frequency region (v1 ≥ 5⋅106 Hz), the atten-
uation of ultrasound is primarily caused by the scat-
tering of ultrasonic waves on the solid-phase particles:
σ(v1, r) ≈ σc(v1, r). Therefore, the attenuation formed
in the frequency region v1 ≥ 5 ⋅106 Hz is determined by
the size and concentration of the solid phase particles
in the ore suspension.

In (Morkun et al., 2019) it was concluded that
Lamb waves can be used to obtain a value propor-
tional only to the concentration of the solid phase. In
the metal plate, which is a component of the measur-
ing module, Lamb waves are formed, which propagate
along its entire length. In this case, the attenuation co-
efficient of ultrasonic Lamb waves that have traveled
a fixed distance along the metal plate is determined by
the expression:

α = [(1 −W ) ρw
ρ
+W ρs

ρ
]Cv, (4)

where W is the mass concentration of the solid phase
in the suspension, while ρw, ρS , ρ are the specific den-
sities of water, solid phase particles, and the material
of the metal plate. In Eq. (4), the value Cv does not
depend on the parameters of the surrounding environ-
ment whose parameters are controlled, and is a func-
tion of the wave numbers of ultrasonic Lamb waves,
including both longitudinal and transverse waves of
the metal plate material.

The intensity of Lamb waves is measured after they
travel a certain distance along a metal plate. The in-
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tensity of Lamb waves that have traveled a fixed dis-
tance through a metal plate ln (n = 1,2,3, ...,m) can
be determined by the expression:

InL = I0L exp(− [(1 −W ) ρw
ρ
+W ρs

ρ
]Cvln), (5)

where I0L and InL are the intensity of Lamb ultraso-
nic waves emitted and the intensity of Lamb ultrasonic
waves after they have traveled the distance ln (n =
1,2,3, ...,m), respectively.

If the metal plate is in contact with pure water,
then the intensity of ultrasonic Lamb waves in this
case is:

InBL = I0L exp(−ρw
ρ
Cvln). (6)

It follows from Eqs. (5) and (6):

InL = InBL exp(−WCvln

ρ
(ρs − ρw)), (7)

that is, the intensity of the received signal is deter-
mined by the concentration of the solid phase of the
ore suspension and the length of the measurement sec-
tion ln (n = 1,2,3, ...,m) – the length of the segment
of the metal plate along which the Lamb waves have
travelled.

According to the proposed method, the value S2 is
calculated as:

S2 = ln InBL

InL
=Wn

(ρs − ρw)
ρ

Cvln. (8)

Thus, the value S2 is determined exclusively by
the solid-phase concentration of the ore suspension at
a certain depth of the thickener and uniquely char-
acterizes its changes during the sedimentation process.
The schematic for measuring changes in the solid-phase
concentration of the ore suspension during its sedimen-
tation in the thickener is shown in Fig. 6. To gen-
erate and shape ultrasonic waves, as well as to re-
ceive, amplify, filter, and select their frequency and
timing, we use the corresponding sub-units of our self-
designed “Pulsar” ultrasonic granulometer. All other
components are standard units of computerized auto-
mated process control systems employed in ore benefi-
ciation plants.

The ratio of values S1 and S2 characterizes the
granulometric composition of the controlled medium:

S = S1

S2

= z ⋅ ρ
lCνℵ(ρs − ρw)

rm∫
0

σ(v, r)F (r)dr. (9)

The size S depends only on the size distribution
of solid particles, which means that it unambiguously
determines the concentration of the controlled particle
size class of the solid phase in the thickener’s controlled
zone.

2
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8

Fig. 6. Scheme for measuring changes in the solid-phase
concentration of the ore suspension during its sedimenta-
tion in the thickener: 1, 3, 5, 7 – prisms that form an ul-
trasonic signal; 2, 4, 6, 8 – piezo transducers; 9 – control

unit; 10 – measuring module; 11 – measuring surface.

Therefore, the proposed method makes it possible
to determine the concentration of the solid-phase con-
centration and the content of crushed material parti-
cles in the control size class, enabling an assessment
of the sedimentation process of the solid-phase pulp
particles in the thickener.

3. Results

Tests of the measuring system, implementing the
proposed method, were carried out at the ore bene-
ficiation factory to verify its metrological and opera-
tional characteristics under real industrial conditions.
The tests were conducted in two stages. During the
first stage, the installation, adjustment, and calibration
of the measuring system was carried out in relation to
the technological process of the beneficiation factory.
In the second stage, the metrological and operational-
technical characteristics of the measuring system were
determined. To record the metrological characteristics,
measurements were taken of the solid-phase concen-
tration and the content of the controlled size class
(−0.074 mm) in the precipitated product, with simulta-
neous sampling for sieve analysis. Measurements were
carried out at the minimum, nominal, and maximum
consumption of the thickener’s input product. The es-
timation of the measurement error for both the solids
content in the pulp and the content of the controlled
size class was made by comparing the readings of the
measuring system with the results of a carefully perfor-
med sieve analysis of the samples.
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The analysis of the obtained results is of interest
concerning the ratio of the values between equipment
error and the error in the measurement method itself.
As it was shown above, the operation of the measur-
ing system relies on determining the characteristics of
ultrasonic vibrations propagating in the controlled vol-
ume of the pulp and in the plate in contact with it. This
device generates two main signals S and S2, which
characterize the measured technological parameters.
Due to the fact that pulp is a randomly inhomoge-
neous medium in which there are fluctuations in both
the number and size of crushed ore particles, along
with density variations in the controlled volume of the
pulp, the signals generated by the measuring system
are also subject to fluctuations. These factors are the
primary causes of the inaccuracy in the ultrasonic mea-
surement method used to determine pulp parameters.

Let η be the value characterizing the granulomet-
ric composition of the pulp, i.e., the mass fraction
of solid particles whose sizes are smaller (or larger)
than a given value, for example, 0.074 mm. Fluctua-
tions in the above-mentioned physical quantities lead
to scattered values η by size ∆η, which, as the analysis
showed, can be determined by the expression:

∆η = K
1

S2

([exp{WV1ℵ (1 − λ)2} − 1]

+S2 [exp{WV2ℵ (1 − θ)2} − 1]

+S2θ2 ( ∆ρs

ρs − ρw )
2⎞
⎠

1

2

. (10)

Here, the magnitude

K = ∣ dη
dS
∣

characterizes the sensitivity of the measurement
method. The size η can be represented as a linear or
quadratic dependence on the signal S generated by the
device based on the measurements results. As the tests
showed, this dependence in the working range is linear
and can be presented in the form:

η = a0 + a1S,
where the coefficients a0 and a1 are determined by the
method of least squares based on the results of the sieve
analysis of the samples and the readings of the device.

In this case, the sensitivity of the measurement
method is given by:

K = ∣ dη
dS
∣ = ∣a1∣ .

Taking into account Eq. (9), the signal S generated
by the measuring system is determined by the expres-
sion:

S = V1(1 − λ)
V2(1 − θ) , (11)

where

λ = ∞

∫
0

Fη(r)dr exp [−σ(v, r)z
V

] ,
and σ(v, r) is the full frequency ultrasound scattering
cross-section v on a particle of radius r, and V1, V2,
z are the values characterizing the geometric parame-
ters of the measurements.

The signal S1 generated by the measuring system
is determined by the equation:

S2 = WV2ℵ (1 − θ), (12)

where W is the mean value of the volume fraction (con-
centration) of the solid in the controlled volume V of

the pulp; θ = exp{− ℵ
V2

(ρs − ρw)Cvl}; Fη(r) is the size

distribution function of particles at a certain mass frac-
tion of the size class η; ρs is the average pulp density;
Cv is the constant value; l is the length of the mea-
suring plate; ℵ is the distribution function of particles
of the solid phase in the ore suspension by size.

Using some approximations and transformations,
Eq. (10) can be reduced to a simpler form:

∆η =KS

¿ÁÁÀ ℵ
W
( 1

V1

+ 1

V2

) + θ∆ρ2s(ρs − ρw)2 . (13)

It should be noted that complete a priori information
for calculating the value ∆η according to Eq. (13) is
not available, but these data can be obtained indi-
rectly.

Let us first focus on the determination of the mea-
surement error of the mass fraction of the solid in the
pulp β:

β = bS2, (14)

where b is the coefficient determined by experimental
data. Equation (14) describes the dependence of the
results of evaluation measurements with specific val-
ues of the concentration of the solid phase of the pulp,
obtained as a result of laboratory analysis of selected
pulp samples, i.e., it actually scales the measurement
results and converts them into a commonly used con-
centration scale.

The error of this magnitude ∆β in general, it can
be presented in the form:

∆β = β
¿ÁÁÀ ℵ

ηWV2

+ θ∆ρ2s(ρs − ρw)2 . (15)

It follows from Eqs. (13) and (15) that the error in
measuring the granulometric composition ∆η can be
expressed due to the measurement error of the mass
fraction of the solid ∆β:

∆η =KS

¿ÁÁÀ(∆β

β
)2 + ℵ

WV
. (16)
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The analysis showed that

ℵ
WV

≪ (∆β

β
)2 ,

therefore, it is possible to obtain an even simpler ex-
pression for estimating the error value ∆η:

∆η ≈KS
∆β

β
= ∣η − a0∣ ∆β

β
. (17)

In the process of experimental studies, pulp sam-
ples were taken at fixed points along the depth of
the thickener. Samples were collected into a measur-
ing container and then processed using proven labora-
tory methods. The volume and mass concentration of
the solid phase of the pulp, its density, as well as the
content of the control size class −0.074 mm were deter-
mined. The determination of the granulometric com-
position of crushed ore in the pulp was carried out by
the dry sieve method, i.e., by sieving through a set of
standard sieves with holes of normalized sizes: +3, 3+1,
1+0.5, 0.5+0.25, 0.25+0.125, 0.125+0.074, 0.074+0.056,
0.056+0.044, 0.044+0. The density of the crushed mate-
rial was determined by the pycnometer method. Sam-
ples were analyzed with a density ranging from 1050
to 1550 kg/m3, with a fineness class of −0.074 mm
ranging from 30 to 98% and a crushed ore density rang-
ing from 1900 to 4500 kg/m3. The results of industrial
tests testify to the fact that the uncertainty in deter-
mining the mass fraction of solids ∆β makes up ∼2%.
This value is used as the initial value for calculating
the value ∆η according to Eq. (17), and the results are
given in Table 1.

Table 1. Calculation results ∆η.

η−0.074 [%] 50 55 60 65 70

∆η [%] 1.6 1.4 1.2 1.0 0.7

Therefore, the accuracy of measuring the granulo-
metric composition of the pulp at the thickener’s depth
depends on the size range of the measurements. With
a high mass fraction of the controlled size class (65% or
more), the uncertainty of the measurement method
is approximately 1%. However, as the mass fraction
of the controlled size class decreases to 50% and be-
low, the method’s uncertainty doubles.

Based on the results of the conducted tests, it can
be concluded that the error values associated with the
measurement method and the instrument’s error in
the measuring system itself are practically compara-
ble. In the actual operational conditions of the pro-
cessing plant, it is possible to ensure the measurement
of the controlled technological parameters with an un-
certainty ranging from 1 to 2%.

The proposed method for estimating pulp density
and particle size of its solid phase in the initial stage of

the sedimentation process allows to implement thick-
ener control based on the MPC (model-predictive con-
trol) algorithm and, for example, a widespread phe-
nomenological model (Barth et al., 2016; Betan-

court et al., 2014; Bürger et al., 2019). It is also pos-
sible to use expert control systems based on fuzzy rules,
and other algorithms for optimal control of a thickener
(Chai et al., 2014; Tan et al., 2015; Xu et al., 2015;
Zhang et al., 2016).

According to the industrial test results of the auto-
matic control system of the thickener using ultrasonic
control means, it was determined that its use as part
of the automatic control system of the processes of
iron ore enrichment oat the Northern Iron Ore Benefi-
ciation Works can lead to a reduction in water con-
sumption by 3.5% and a decrease in iron-magnetite
losses by 0.6–0.7%.

4. Conclusion

To evaluate the sedimentation process of the solid
phase of the pulp in the thickener, measurements of
longitudinal ultrasonic oscillations and Lamb waves
that have traveled a fixed distance in the pulp and
on the measuring surface in contact with it were used.

As a result of industrial tests of the measuring
system, the following was established: the proposed
method ensures stable measurement of the content of
solid and the controlled size class of crushed materials,
with measurement errors not exceeding the specified
technological parameters ±2%.

Since all calculations in the proposed automatic
control method are carried out based on measurements
relative to the characteristics of water, which serves as
the reference substance, the results obtained are re-
silient against various disturbing factors that reduce
the accuracy of measurements of the solid-phase pa-
rameters in the ore suspension.

The proposed approach allows to take into account
pulp density, particle size of the solid phase in the ore
material and the dynamics of changes in these param-
eters in the thickener at the initial stage of the sed-
imentation process. Based on these obtained values,
adjustments can be made to the characteristics of the
initial product, leading to a reduction in water con-
sumption by 3.5% and a decrease in the loss of the
useful component by 0.6–0.7%.
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1. Introduction

The speed of sound (SoS) in tissues reflects their
mechanical properties and depends on many aspects.
Various soft tissue types can be characterized by an
SoS ranging approximately from 1440 m/s in fat to
1620 m/s in skin (Cobbold, 2007; Foundation for Re-
search on Information Technologies in Society, n.d.).
Moreover, the SoS can vary with tissue composition.
For example, excess fat content leads to a decreased
SoS, as in fatty liver (Ghoshal et al., 2012). It can
also be altered due to pathological changes in the ex-
tracellular matrix, specifically the excessive accumula-
tion of collagen and the development of fibrosis, which
often accompany inflammatory diseases and tumors.

The SoS can therefore provide information on tis-
sue type and condition. It has already proven usable
in the assessment of breast tumor malignancy in ultra-
sound computed tomography (UCT) (Andre et al.,
2012). This technique, however, requires that the ex-
amined tissue is accessible from all sides in the imag-

ing plane, and preferably contains no bones. As a re-
sult, UCT has a very narrow field of application,
limited mainly to breast imaging. Implementing the
SoS modality into conventional ultrasound sonography
(US) could allow for utilizing the SoS information on
a much larger scale and in the context of many other
organs and diseases.

The existing solutions for SoS imaging in conven-
tional US are relatively new. Jaeger et al. (2014;
2015) introduced a mathematical model and an al-
gorithm for SoS reconstruction, which they called
the computed ultrasound tomography in echo mode
(CUTE). It utilized phase differences between complex
images obtained for a number of plane wave transmis-
sions at different angles. The authors proposed a model
describing these phase differences as a function of SoS
local errors made in image reconstruction. To solve the
inverse problem, they proposed the use of the pseu-
doinverse of the transformation matrix based on their
model. At first, the processing was conducted in the
frequency domain, which made the algorithm compu-
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tationally efficient. However, it also made it impossible
to consider imaging dead zones, which in turn led to
bias in the resulting SoS estimates. To address this
problem, a spatial domain version of CUTE process-
ing was proposed (Jaeger, Frenz, 2015; Sanabria

et al., 2018). This led to an improvement in the qual-
ity of resulting SoS images to the point where CUTE
could be referred to as a quantitative method. This im-
provement, however, was accompanied by a significant
increase in computational complexity. In another pa-
per (Stähli et al., 2020), the authors indicated that
certain assumptions made in the CUTE method are
wrong. As a solution, they proposed a new algorithm
and a modification in the input data to ensure the
same transmit-receive mid-angle in the compared im-
ages. In exchange for more complex preprocessing and
a reduced resolution, this method offers more accurate
SoS estimates.

Another group of methods for SoS imaging uses
convolutional neural networks (CNNs). In some studies
(Feigin et al., 2020; Young et al., 2022), CNNs were
trained using raw echo data obtained through numer-
ous simulations with the k-Wave toolbox (Treeby,

Cox, 2010) for Matlab. SoS imaging using CNNs does
not require the initial image reconstruction. More-
over, the reported models demonstrated good perfor-
mance with data from just three transmissions, a no-
tably smaller number to what is reported in the case
of CUTE methods. Finally, CNNs are fast enough to
be implemented in real-time imaging systems. On the
other hand, analyzing and understanding the CNN’s
way of interpreting the signal in order to find a corre-
lation with some physical model poses challenges for
researchers.

In (Karwat, 2019), the author proposed a modi-
fication to the CUTE mathematical model and intro-
duced a corresponding SoS reconstruction algorithm
based on it. This modification made it possible to solve
the inverse problem at low computational cost and was
therefore called Quick-CUTE (Q-CUTE). The algo-
rithm was validated using simulation data.

In this study, the input signal of the CUTE method
is analyzed with respect to its compliance with the
modified mathematical model. Moreover, the algo-
rithm is described in more detail, including an analysis
of the signal at individual stages of the processing. Fi-
nally, the results of the measurement-based validation
are presented.

2. Methodology

2.1. General CUTE model

The general idea behind the spatial domain CUTE
method is presented in (Jaeger, Frenz, 2015; Sana-

bria et al., 2018), but for clarity, it will also be ex-
plained here. Reconstruction of images in conventional

US is usually performed according to the delay-and-
sum (DAS) algorithm that includes, inter alia, compen-
sation for the ultrasound pulse propagation delays t.
The calculation of these delays requires knowledge of
the SoS value c along the pulse propagation path r

from the probe to the pixel of interest and back to the
probe:

t = ∫
r

dr

c
. (1)

However, the value of c is not known precisely,
therefore its approximation is used. Typically, an aver-
age SoS value for soft tissues is used for this purpose.
Any discrepancies between the SoS value cR adopted
for reconstruction and the actual SoS spatial distribu-
tion c result in calculated propagation delays tr being
different from the actual delays t. Consequently, these
discrepancies lead to time delay errors τ :

τ = t − tr = ∫
r

dr

c
−∫

r

dr

cR

= ∫
r

σ dr −∫
r

σR dr = ∫
r

∆σ dr. (2)

For notation simplicity, σ, σR, and ∆σ terms are
introduced in the aforementioned equation. The first
two represent actual and approximated values of sound
slowness (inverse of SoS), respectively. The last one
stands for the error in sound slowness:

∆σ (z, x) = σ (z, x) − σR =
1

c (z, x) −
1

cR
. (3)

Coming back to the time delay errors τ , they lead
to phase aberrations ϕ in the reconstructed complex
radio-frequency (CRF) images. These phase aberra-
tions cannot be measured directly for an individual
CRF image but can be estimated as local phase dif-
ferences ∆ϕ with respect to another CRF image ac-
quired for different propagation paths r. Based on the
∆ϕ, however, only relative values of τ can be obtained.
Therefore, instead of τ , time delay error differences ∆τ

will be further considered:

∆τm,n = τn − τm = ∫
rn

∆σ dr −∫
rm

∆σ dr, (4)

where m and n subscripts identify the m-th and n-th
images being compared. The above equation describes
the forward problem, i.e., it defines the observed ∆τ

as a function of the error in sound slowness ∆σ. The
CUTE algorithms are designed to solve the inverse
problem, that is to estimate the SoS corrections based
on the observed ∆τ . To make this feasible, some as-
sumptions are made. First, similarly to the classical
DAS reconstruction algorithm, the concept of rays
known from geometrical optics is used to describe the
propagation of ultrasound. Given that relative SoS
variations in soft tissues are relatively low (up to ap-
proximately ±6% from the SoS mean value), it is also
assumed that the ultrasound rays do not refract.
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Furthermore, if the receive aperture and apodiza-
tion used for reconstructing each pixel remain the same
for the images being compared, the parts of time de-
lay errors τm and τn associated with the return paths
(from pixel to probe) are assumed to be equal. The
time delay error differences ∆τm,n are therefore a con-
sequence of the errors committed on the transmit paths
(from probe to pixel) only, as the return paths errors
cancel each other out. With the above assumptions,
and bearing in mind that CUTE methods typically use
images obtained for plane wave emissions at various
angles θ, r represents a rectilinear transmit propaga-
tion path taken at angle θ from a probe to a pixel of
interest P .

The formulation of the forward problem in Eq. (4)
can be further modified. Its frequency domain ver-
sion is utilized in the first reported version of CUTE
(Jaeger et al., 2014; 2015). Its original form is the
foundation for the spatial domain CUTE algorithm
(Jaeger, Frenz, 2015; Sanabria et al., 2018). Fi-
nally, it can be linearly approximated to obtain a com-
mon integration path, as in Q-CUTE (Karwat, 2019).
Depending on the formulation of the forward prob-
lem, solving the inverse problem can be conducted in
various ways. This, in turn, leads to multiple CUTE
versions differing in terms of SoS imaging quality and
computational complexity.

2.2. Spatial domain CUTE processing

The model described in Eq. (4) is the basis for the
spatial domain CUTE algorithm. It is used for the de-
termination of the forward problem (calculation of
∆τ based on ∆σ) transformation matrix. Next, its
pseudo-inverse is computed for subsequent use in solv-
ing the inverse problem (calculation of ∆σ based
on ∆τ). Due to the ill-conditioning of the inverse prob-
lem, spatial gradient regularization is used.

Having the pre-calculated inverse transformation
matrix, it only takes ∆τ to compute ∆σ. The time
delay errors ∆τm,n are estimated from the local phase
differences ∆ϕm,n between CRFm and CRFn complex
images as well as the signal frequency f :

∆τm,n =
∆ϕm,n

2πf
. (5)

Due to the interference nature of the CRF images,
to obtain a usable signal, the local phase differences
∆ϕm,n are estimated according to the equation:

∆ϕm,n = arg [filt (CRFn ○CRF∗m)] , (6)

where ∗ and ○ operators are the complex conjugate
and Hadamard (element-wise) product, respectively.
The term “filt” denotes spatial smoothing filtration,
and “arg” returns the arguments of complex numbers.

The ∆τ maps obtained using the above methodol-
ogy are of poor lateral resolution due to the absence

of transmit focusing in the CRF images. In order to
enhance the resolution, the input CRF images can be
obtained through coherent compounding for a number
of closely spaced transmit angles θ. Another issue is
the aliasing and decoherence, which may occur if the
difference between θm and θn angles is substantial. On
the other hand, if the difference between θm and θn is
small, the amplitude of the useful part of ∆τ is low
compared to the interference part, adversely affecting
the sensitivity of the method. To avoid the aliasing and
limit the decoherence while maintaining the sensitivity,
∆τm,n is estimated using a number of closely spaced θ

angles that cover the angular space between the target
pair of θm and θn angles.

To illustrate it, let us consider the objective of
obtaining ∆τm,n map for transmit angles [θm, θn] =[0○, 8○]. To avoid the aliasing and preserve the
coherence of the paired CRF images, one would re-
duce the difference in θ from 8○ to 2○, and this
involves using a set of CRF images for transmit an-
gles θ = {0○, 2○, 4○, 6○, 8○}. For each pair of consec-
utive θ angles, ∆τ is calculated. The final ∆τm,n

is the sum of the ∆τ maps obtained for θ pairs{[0○, 2○], [2○, 4○], [4○, 6○], [6○, 8○]}. Furthermore, in
order to enhance the ∆τ lateral resolution, each CRF
image would be obtained through coherent compound-
ing for angles, e.g., being {−1○, −0.5○, 0○, 0.5○,1○}
around the base angle θ. This means that a single
∆τm,n map would require plane wave transmissions at
angles in the range [−1○, 9○] with a step of 0.5○, which
amounts to 21 transmissions.

More details on the spatial domain CUTE algo-
rithm can be found in the presentation by Jaeger

et al. (2015) and the paper by Sanabria et al. (2018).
For simplicity, in the remaining sections of this paper,
the term CUTE will be used to refer to the spatial
domain version of the CUTE method.

2.3. Q-CUTE model

The method being the subject of this article is
the Q-CUTE technique, presented briefly in (Karwat,
2019). It is based on a model that is a modified version
of the general CUTE model described by Eq. (4). The
aim of the modification is to obtain a common integra-
tion path. This, in turn, enables a different approach
to the input signal ∆τ and opens new ways of solving
the inverse problem. Let us start from the beginning,
though.

Because dr = dz′/ cos θ, Eq. (4) can be rewritten as:

∆τm,n(z, x) = 1

cos θn

z

∫
0

∆σ (rn) dz′

− 1

cos θm

z

∫
0

∆σ (rm) dz′. (7)
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Let us approximate linearly ∆σ along rm and rn
paths using ∆σ and its x-derivative ∆σx along a path
rm,n that is horizontally equidistant from rm and rn,
as shown in Fig. 1.

P(z,x) 

θ
n
 θ

m,n
 θ

m
 

θ 

x 

z 

Probe 

Fig. 1. Sketch of the linear approximation approach used in
the Q-CUTE model. The approximation is done horizon-

tally as indicated by gray arrows.

The corresponding angle θm,n equals:

θm,n = tan
−1 ( tan θm + tan θn

2
), (8)

and the linear approximations of ∆σ along the rm and
rn paths are:

∆σ(rm) ≈∆σ(rm,n)
+∆σx(rm,n)(z − z′) ( tan θn − tan θm

2
),

∆σ(rn) ≈∆σ(rm,n)
−∆σx(rm,n)(z − z′) ( tan θn − tan θm

2
).

(9)

With this modification, the rm,n becomes the new,
common integration path, and Eq. (7) takes the form:

∆τm,n(z, x) = am,n

z

∫
0

∆σ (rm,n) dz′

+ bm,n

z

∫
0

(z′ − z)∆σx (rm,n) dz′. (10)

Terms am,n and bm,n in Eq. (10) are functions of θm
and θn:

am,n = ( 1

cos θn
− 1

cos θm
),

bm,n = ( 1

cos θn
+ 1

cos θm
)( tan θn − tan θm

2
),

(11)

and are shown in Fig. 2.
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Fig. 2. Graphs of am,n and bm,n terms as functions of θm,n.

Integration by parts of the second integral in Eq. (10),
after some rearrangements, yields:

∆τm,n(z, x) = am,n

z

∫
0

∆σ(rm,n)dz′

− bm,n

z

∬
0

∆σx(rm,n)dz′2. (12)

The aforementioned forward problem model is the
basis for the Q-CUTE method.

2.4. Q-CUTE processing

The estimation of ∆τ in the Q-CUTE method is
conducted in the same way as in CUTE, i.e., according
to Eqs. (5) and (6). Solving the inverse problem, in
turn, is done in two steps.

First, by using the properties of am,n and bm,n, i.e.,
parity and amplitude ratio, especially for θm,n close to
zero (Fig. 2), Eq. (12) is simplified by neglecting the
first integral on the right side of the equation:

∆τm,n(z, x) ≈ − bm,n

z

∬
0

∆σx(rm,n)dz′2. (13)

This allows a direct calculation of ∆σx for each
[m,n] pair:

∆σx (z, x, [m,n]) ≈ −1
bm,n

[ d2

dz′2
∆τm,n(rm,n)]

z′=z

. (14)

The ∆σx is next averaged over [m,n] pairs, yielding
∆σx. This, in turn, is integrated with respect to x to
obtain the estimate of ∆σ:

∆σ(z, x) =
x

∫
−∞

∆σx (z, x′) dx′ +C(z), (15)

where C is the constant of integration (it is constant
along the x-direction, but may vary with z).

In the second step of the Q-CUTE algorithm, the
missing C(z) is determined. The formula for C can be
derived using the unmodified form of Eq. (12). Substi-
tuting ∆σx for ∆σx, and expanding ∆σ according to



P. Karwat – Algorithm for Computationally Efficient Imaging of Sound Speed. . . 553

Eq. (15), after rearrangements, yields the C estimates
based on individual [m,n] pairs:

Cm,n(z, x) = 1

am,n

[ d

dz′
∆τm,n (rm,n)]

z′=z

−
x

∫
−∞

∆σx (z, x′) dx′

+ bm,n

am,n

z

∫
0

∆σx (rm,n) dz′. (16)

To obtain the final estimate for C, the values cal-
culated using the above formula need to be averaged
over [m,n] pairs and the x-dimension. However, for
θm,n close to zero, am,n is close to zero as well. This
means that ∆τm,n for small ∣θm,n∣ does not provide
much information on C, and dividing by am,n, in this
case, would only amplify distortions in d

dz
∆τm,n. To

prevent this, the averaging over [m,n] pairs uses a2m,n

as weights, which leads to inverse variance weighting.
Finally, knowing the ∆σ (including the constant of

integration C), one can calculate the speed of sound c

using a reorganized version of Eq. (3):

c(z, x) = c0

1 + c0∆σ(z, x) . (17)

2.5. Regularized derivative operator

As in the case of the CUTE algorithm, Q-CUTE
needs regularization to prevent amplification of inter-
ference present in the ∆τ data. In the Q-CUTE al-
gorithm, this is realized by replacing the derivative
operators that act on ∆τ with regularized ones. As
a matrix model Dreg of the regularized derivative op-
erator, a pseudo-inverse of integration operator ma-
trix J (Fig. 3a) with gradient regularization (gradient
operator D shown in Fig. 3b) was adopted:

Dreg = (JT
J + λDT

D)−1 JT , (18)

where λ denotes the regularization factor. Figure 3c
shows an exemplary Dreg matrix, while Fig. 3d pres-
ents selected impulse responses from Dreg.
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Fig. 3. Examples of a) integration operator matrix J;
b) gradient operator matrix D; c) regularized derivative op-
erator matrix Dreg; d) selected impulse responses of Dreg.

The first quarter of matrices is shown in a)–c).

These types of impulse responses can be precisely
approximated using pairs of computationally efficient
infinite impulse response (IIR) filters (Lyons, 2004)
operating one in forward and the other backward di-
rection. Implementation of the regularized derivative
operator depicted in Figs. 3c and 3d requires the use
of second-order IIR filters. The IIR filter coefficients
were precomputed to approximate the central, anti-
symmetric impulse response of Dreg for a chosen value
of λ. However, as shown in Figs. 3c and 3d, impulse re-
sponses close to signal boundaries are more complex.
To reflect the changes in the Dreg impulse responses
and thus ensure proper derivative operation when ap-
proaching signal boundaries, the output of each fil-
ter is multiplied by a precalculated correction vector.
The vector compensates for two effects resulting from
clipping the forward or backward impulse responses.
Firstly, it equalizes the areas under both impulse re-
sponses so that the derivative of a constant signal is al-
ways 0. Secondly, it corrects the change in the distance
between the centers of mass of the impulse responses
so that the derivative of a linear signal is always con-
stant.

2.6. Computational complexity

The implementation of preprocessing, i.e., the esti-
mation of ∆τ based on a set of CRF images, can be
done in a variety of ways. They can differ in terms
of optional CRF images compounding, pairing strat-
egy, or type and order of the smoothing filter used in
Eq. (6). As a result, the discussion of the computa-
tional complexity of the preprocessing becomes hin-
dered. However, the preprocessing for the Q-CUTE al-
gorithm is the same as in other CUTE methods based
on the model presented in Eq. (4). Hence, it does not
introduce computational differences between the com-
pared SoS imaging algorithms. Therefore, the descrip-
tion of computational complexity is limited to the sub-
sequent processing.

Let us define nPIX as the number of pixels in a sin-
gle ∆τ map, and n∆τ as the number of ∆τ maps.
Then the size of the ∆τ to ∆σ transformation ma-
trix in the CUTE algorithm is nPIX × (nPIX ⋅ n∆τ).
Although the forward problem transformation matrix
is sparse, the inverse problem transformation matrix is
not. The CUTE computational complexity, expressed
as a number of multiply-add operations, is therefore
equal n∆τ ⋅ n2

PIX
.

In the case of Q-CUTE algorithms, the computa-
tional complexity is a sum of the complexities of their
components. Apart from the operations directly repre-
sented in the equations (derivatives, integrations, and
weighted sums), they also include 1-D linear interpola-
tion every time some operation is performed along a di-
rection that is not aligned with rows or columns of the
data array. The computational cost of each operation
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and their total cost in the Q-CUTE algorithms are pre-
sented in Table 1. The total computational complexity
of the Q-CUTE algorithm is equal to 35 ⋅ n∆τ ⋅ nPIX.

Table 1. List of the operations, their computational cost
per pixel of the ∆τ map, and the number of calls per single

∆τ map in the Q-CUTE algorithm.

Operation name Unit cost # of calls Cost

1-D linear interpolation 2 3 6

Derivative (regularized)
(two 2nd order IIR filters)

12 2 24

Integration 1 1 1

Weighted sum 1 4 4

Total 35

2.7. Validation/input data

The Q-CUTE algorithm was tested and validated
based on data obtained from phantom measurements
as well as from numerical simulations.

Measurements were carried out with the use of the
us4R-lite system (us4us, Warsaw, Poland) (Cacko,

Lewandowski, 2022) and a linear array probe SL1543
(Esaote, Genoa, Italy) with 192 elements, a pitch of
0.245 mm, and a center frequency of 8 MHz. The data
were acquired from a phantom model 1438 (Dansk Fan-
tom Service, Frederikssund, Denmark). The main ma-
terial of this phantom is characterized by an SoS of
1540 m/s. The phantom also contains four cylindrical
targets, 10 mm in diameter, with SoS values equal to
1480, 1510, 1570, and 1600 m/s.

Numerical simulations were performed with probe
parameters identical to those for SL1543, using
a custom-developed MATLAB-based simulator tool.
The simulator follows a similar principle to the Field
software (Jensen, 1996), i.e., it is based on linear
acoustics and uses the concept of scattering points.
Unlike Field, however, it can simulate any SoS maps
(refraction is still omitted). Furthermore, it makes pos-
sible to simulate a medium in which the SoS map is dif-
ferent for the transmit and receive paths, which also
distinguishes it from the k-Wave toolbox (Treeby,

Cox, 2010). This feature proves useful in the separa-
tion of ∆τ signal components presented in the Results
section.

In both cases, i.e., measurements and simulations,
the raw echo data were acquired using the single-ele-
ment synthetic transmit aperture (SSTA) technique,
elsewhere referred to as full matrix capture (FMC).
It involves the separate transmission through each in-
dividual probe element and receiving the echoes each
time with the entire probe. This strategy was used in
the case of changing the transmission angles θ or SoS
value cR, because it does not require repeating mea-
surements or simulations, just the FMC data need to
be properly converted into a form corresponding to the
plane wave imaging.

The obtained raw echo data underwent processing
through a digital down converter (DDC), i.e., they
were quadrature demodulated, low-pass filtered and
decimated. The resulting complex echo signal was next
reconstructed into CRF images using the delay-and-
sum (DAS) algorithm with phase-error-free quadrature
sampling (Chang et al., 1993).

The CRF images were reconstructed for diverging
waves, so they had to be converted into a form corre-
sponding to plane waves. This was done through the
proper recombination of the CRF images. This con-
version was done for transmit angles θ ranging from−17○ to +17○ in a step of 0.25○, resulting in a set of
137 CRF images. In the next step, a subset of CRF
images with θ in a ±2○ range around a selected θ was
coherently summed. The selected θ were in the range
from −15○ to +15○ in a step of 2○, resulting in a set of
16 compounded CRF images. Then, based on pairs of
compounded CRF images with consecutive θ values,
∆τ maps were estimated using Eqs. (5) and (6). Next,
the ∆τ maps were summed in groups so that θn – θm
equaled 6○, which resulted in a set of five ∆τ maps
further processed to obtain a single SoS output image.
A diagram of this procedure for a single ∆τ map is
presented in Fig. 4.

Δτ detection

CRF
–17°

CRF
–15° ± 2°

Δτ
[–15°, –13°]

Δτ
[–15°, –9°]

CRF coherent
compounding

Δτ accumulation

Fig. 4. Diagram of processing a set of CRF images to obtain
a single ∆τ map.

The SoS spatial distributions used in this study in-
cluded uniform cases, horizontal layer cases, and circu-
lar inclusion cases. The layers and circular inclusions
in measurement data were obtained through position-
ing the probe along and across cylindrical objects in
the phantom, respectively.

In order to assess the SoS imaging quality, the
results of the Q-CUTE method were compared with
those obtained from the spatial domain CUTE algo-
rithm considered as a reference at this stage of the
research.

The appearance of the resulting SoS images de-
pends on the regularization factors (CUTE) and the
corresponding filters in the regularized derivative op-
erators (Q-CUTE). Increasing the regularization factor
results in smoother SoS images. The level of regular-
ization was therefore a compromise between reducing
the variance and maintaining the details of the SoS
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images. It was also adjusted so that the average image
of a simulated circular inclusion was reproduced with
similar amplitudes and slopes by both algorithms.

All the raw echo data simulations and conversions,
CRF image reconstructions, CUTE processing, and
preparation of the results were executed using MAT-
LAB 2021b (Mathworks, Inc., Natick, Massachusetts).

3. Results

The SoS images reconstructed using the CUTE and
Q-CUTE algorithms are depicted in Figs. 5–8. Figure 5
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Fig. 5. Images of the homogeneous 1540 m/s part of the
phantom: b-mode (left), SoS images obtained with the use

of CUTE (middle), and with Q-CUTE (right).
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Fig. 6. Images of layers: b-mode (left), SoS images obtained
with the use of CUTE (middle), and with Q-CUTE (right).
SoS in the layers is: a) 1480 m/s; b) 1510 m/s; c) 1570 m/s;

d) 1600 m/s.
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Fig. 8. Images of circular objects: b-mode (left), SoS
images obtained with the use of CUTE (middle), and
with Q-CUTE (right). SoS in the objects is: a) 1480 m/s;

b) 1510 m/s; c) 1570 m/s; d) 1600 m/s.

presents the case of a homogeneous SoS spatial dis-
tribution, while layer cases are shown in Fig. 6, and
circular object cases are presented in Fig. 8. For a bet-
ter assessment of the layer images, Fig. 7 shows the
averaged z-profiles of the SoS maps shown in Fig. 6.

In the cases shown in Fig. 8, both SoS imaging al-
gorithms fail to reveal the presence of circular objects.
To better understand the reasons behind these results,
let us analyze the ∆τ signal. Each row in Fig. 9 con-
tains ∆τ maps for a few angle pairs [θm, θn]. The first
row (Fig. 9a) shows the same measurement case for
which the results in Fig. 8 were computed. The fol-
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Fig. 9. Images of ∆τ for a circular object with an SoS of
1570 m/s for a) measurement data, and for simulated data
with the object present in: b) both transmit and receive

paths; c) transmit path only; d) receive path only.

lowing rows (Figs. 9b–9d) present ∆τ maps for the
simulated data. In the second row (Fig. 9b), the sim-
ulated SoS map was the same as in the measurement
case, i.e., it contained a circular object with an SoS of
1570 m/s. Subsequently, the presence of the object was
limited to the transmit propagation paths only, which
led to ∆τ maps shown in the third row (Fig. 9c). Ana-
logously, the fourth row (Fig. 9d) illustrates the case
with the object being present along the receive propa-
gation paths only.

There is a similarity between the ∆τ maps obtained
for the measurement (Fig. 9a) and simulation (Fig. 9b).
In both cases, they contain a strong component that
changes its orientation and a weaker, stationary com-
ponent in the background. These components are well
separated in Figs. 9c and 9d.

The ∆τ maps obtained through the simulations
(Figs. 9b–9d) were subjected to further processing, re-
sulting in the final SoS images shown in Fig. 10. The
signal at intermediate processing steps in the Q-CUTE
algorithm for the ∆τ data as in Fig. 9c is presented
in Fig. 11.
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Fig. 10. Images of SoS obtained with the use of CUTE (left)
and Q-CUTE (right) algorithms from simulation data. The
SoS map used in simulations contained a circular object
with an SoS of 1570 m/s present in: a) both transmit and
receive paths; b) transmit path only; c) receive path only.

The object position is marked with a dashed line.
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Fig. 11. Images of the signal at selected stages of Q-CUTE
processing: a) ∆τ (−3○, 3○); b) ∆σx (−3○, 3○); c) ∆σx;
d) ∆σ without C correction; e) ∆σ with C correction;

f) final SoS estimate.

4. Discussion

The presented results allow an evaluation and com-
parison of the Q-CUTE algorithm with the spatial do-
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main CUTE method in terms of SoS imaging quality.
As shown in the homogeneous medium case (Fig. 5),
both algorithms produce similar artifacts in the shal-
low area (up to approximately 15 mm depth). More-
over, both methods tend to underestimate the global
SoS. Moving on to the layer cases (Figs. 6, 7), the imag-
ing of horizontal objects shows similar dynamics, and
the overall underestimation is visible here as well. Fur-
ther problems appear when a non-layered SoS case is
considered. The circular inclusion was not exposed by
any of the algorithms (Fig. 8).

The reason for this is the fact that in the ∆τ sig-
nal, there is a component (Fig. 9d) related to the re-
ceive propagation paths passing through the circular
object. This component was assumed to be zero and
was therefore neglected in the mathematical model.
However, as shown through simulations (Fig. 9), it
significantly contributes to the ∆τ signal. Unfortu-
nately, this contribution is opposite to the useful
part of the signal related to the circular object. As
a result, imaging of local, non-layered inclusions with
CUTE algorithms based on Eq. (4) becomes difficult
(Fig. 10).

This problem was already identified in (Stähli

et al., 2020). The authors proposed to abandon the as-
sumption of canceling the return path influence. They
introduced a new version of the CUTE algorithm that
takes into account the receive paths. In the computa-
tion of the ∆τ signal, the algorithm requires that the
transmit-receive mid-angle in the compared CRF im-
ages remains the same.

The Q-CUTE algorithm cannot be easily adapted
to this new approach. Representing four propagation
paths (transmit and receive paths for two acquisitions)
with a single common integration path would impose
narrow limits on transmit and receive angles. More-
over, at least a quadratic approximation would be re-
quired in place of Eq. (9), which could cause further
complications.

A more promising way might be to separate or fil-
ter out the unwanted receive component. One of the
options is to replace the ∆τ with differences between
∆τ obtained for different sets of θ angles. This ap-
proach would eliminate the stationary receive compo-
nent. This, of course, would require major modifica-
tions to the algorithm to account for the change in the
∆τ signal definition.

Having discussed the quality of the SoS imaging, it
is also worth mentioning other features of the Q-CUTE
algorithm. One of its advantages is the modular struc-
ture. It makes it possible to control the data at each
stage of the processing (Fig. 11), helping to understand
the signal and allowing for easy optimization of the al-
gorithm. By contrast, in the case of the CUTE method,
a deeper analysis of the signal and its processing is
difficult as the algorithm is not modular and is pre-
determined by the matrix inversion process. One can

analyze the impulse responses included in the inverse
transformation matrix, but without descriptions like in
Eq. (12) it is hard to understand them. There are also
other approaches to SoS imaging that hold promise
but provide little in terms of understanding the sig-
nal. This especially applies to deep learning methods,
which have become popular in many areas and have
also been used in SoS imaging (Feigin et al., 2020;
Young et al., 2022). Their cognitive value, however,
is limited to the so-called maps of attention.

Another aspect is the computational complexity.
As described in the Methods section, the computa-
tional complexity of Q-CUTE is O(n) and, in most
cases, it will be significantly lower than the complexity
of the spatial domain CUTE which is O(n2). In prac-
tice, it translates into shorter execution times, which
was observed when generating the images presented in
the Results section. The algorithms were run in MAT-
LAB on a PC with an Intel Core i7-6900K CPU. The
common preprocessing took 340 ms, while the remain-
ing parts of the algorithms took 30 ms and 310 ms
for Q-CUTE and CUTE, respectively. Consequently,
Q-CUTE ran nearly twice as fast as CUTE (2.7 fps
versus 1.5 fps). This was the case with the common
preprocessing designed with a focus on high-quality
∆τ signal. A more balanced quality/performance ratio
would lead to overall higher frame rates with a larger
difference between Q-CUTE and CUTE. Obviously,
single frames per second cannot be considered a satis-
factory result in the target applications, but this can
be improved for both algorithms through balanced pre-
processing, optimized implementations, and of course,
the usage of more powerful hardware. In the case of
large US devices with high computing power, the com-
putational complexity of the algorithms may not be
a decisive factor. However, there is an emerging mar-
ket of portable medical devices with their limitations.
They are battery-powered and are enclosed in tight
housing, impeding heat dissipation. For these reasons,
power consumption has to be kept at relatively low
level. This, in turn, puts constraints on the hardware,
limiting its computing power. In this type of US de-
vices, the algorithms such as Q-CUTE can find their
use.

5. Conclusions

In this paper, an algorithm for SoS imaging in con-
ventional ultrasound sonography was presented. The
algorithm, called Q-CUTE, is characterized by low
computational complexity, which allows implementing
it on US devices with hardware limitations, e.g., on
portable US devices. Its modular structure makes it
possible to analyze the data at each stage, helping to
understand the signal and optimize the processing.

The Q-CUTE algorithm performs on a similar level
as the reference CUTE algorithm. It allows for imaging
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the horizontally layered structures, a frequent case in
US. These structures include tissues such as skin, fat,
muscles, etc., forming layers of different SoS. There-
fore, the Q-CUTE algorithm might be used for deter-
mining SoS profiles for aberration correction in con-
ventional US.

However, problems arise when revealing non-
layered structures, such as circular inclusions. To over-
come them, a new approach to the ∆τ computation
will be analyzed in the future research. This will re-
quire further modifications to the mathematical model
and the implementation of the Q-CUTE algorithm.
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Portable, hand-held ultrasound devices capable of 3D imaging in real time are the next generation of the
medical imaging apparatus adapted not only for professional medical stuff but for a wide group of less advanced
users. Limited power supply capacity and the relatively small number of channels used for the ultrasound data
acquisition are the most important limitations that should be taken into account when designing such devices
and when developing the corresponding image reconstruction algorithms.

The aim of this study was to develop a new 3D ultrasound imaging method which would take into account
the above-mentioned features of the new generation of ultrasonic devices – low-cost portable general access
scanners.

It was based on the synthetic transmit aperture (STA) method combined with the Fourier spectrum domain
(SD) acoustic data processing. The STA using a limited number of elements in transmit and receive modes for
ultrasound data acquisition allowed both aforementioned constraints to be obeyed simultaneously. Moreover, the
computational speed of the fast Fourier transform (FFT) algorithm utilized for the ultrasound image synthesis
in the spectrum domain makes the proposed method to be more competitive compared to the conventional
time domain (TD) STA method based on the delay-and-sum (DAS) technique, especially in the case of 3D
imaging in real time mode.

Performance of the proposed method was verified using numerical 3D acoustic data simulated in the Field II
program for MATLAB and using experimental data from the custom design 3D scattering phantom collected by
means of the Verasonics Vantage 256™ research ultrasound system equipped with the dedicated 1024-element
2D matrix transducer.

The method proposed in this paper was about 80 times faster than its counterpart based on the time
domain synthetic transmit aperture (TD-STA) approach in the numerical example of a single 3D ultrasound
image synthesized from 4 partial images each containing 64× 64× 512 pixels.

It was also shown that the acceleration of the image reconstruction was achieved at the cost of a slight
deterioration in the image quality assessed by the contrast and contrast-to-noise ratio (CNR).

Keywords: ultrasound imaging; matrix transducer; delay-and-sum; Fourier transform; synthetic aperture.
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1. Introduction

Medical ultrasonography is the most used imag-
ing modality for its speed, flexibility, cost-effectiveness
and non-invasive nature. These features make the ul-
trasound imaging more competitive than the other
imaging techniques, especially for preliminary diagno-
sis. Recently, the 3D or volumetric ultrasound imag-
ing technology has been rapidly developed as the re-
searchers started exploring innovative and new appli-
cations (Fenster et al., 2001; Ji et al., 2011). The
volumetric imaging provides the physicians with much

deeper and realistic insight into the examined part of
the human body (Campbell et al., 2005; Landry

et al., 2005). For instance, 3D ultrasound provides the
capabilities of surface characterization of the fetus of-
fering a better view of fetal defects like a cleft lip
or clubfoot. Also, reduction in breast examination
time with 3D ultrasound is currently under inves-
tigation (Kotsianos-Hermle et al., 2009; Padilla

et al., 2013).
The most recent advances in ultrasound technol-

ogy are enabling the rapid development of 3D imag-
ing in real-time allowing for volumetric visualization



560 Archives of Acoustics – Volume 48, Number 4, 2023

and tracking the movements of imaged organs, like the
motion of the human heart wall or valves, blood flows
in various vessels and so on. Moreover, the real-time
3D ultrasound can be potentially integrated into dif-
ferent portable small-size devices suitable for diagnos-
tic and therapeutic procedures (due to small probe size
and safety) in the near future.

There are a number of constraints that should be
considered when designing such devises, like the lim-
ited power consumption due to the limited capacity of
the power supply battery or a huge amount of acoustic
data that have to be acquired using a limited number
of signal channels and processed on-the-fly during vol-
umetric data acquisition with 2D matrix transducers
consisting of thousands of elements and so on.

To mitigate this problem the sub-array architec-
tures were considered in the literature based on the
sub-aperture design (Savord, Solomon, 2003) or
a separable beamforming design wherein a conven-
tional 2D array beamforming is decomposed into a se-
ries of 1D beamforming problems at the cost of some
reduction in image quality (Yang et al., 2013). An-
other strategy to reduce the number of active ele-
ments is by using the sparse 2D arrays. For exam-
ple, Austeng and Holm (2002) proposed a method
based on the principle of grating lobes suppression
to form the optimal symmetric and non-symmetric
regular sparse periodic and radially periodic designs.
Sparsely sampled aperture patterns like the minimal-
redundant arrays were proposed in (Karaman et al.,
2009). To reduce redundancy the authors developed
a sparse array design procedure based on the spa-
tial convolution of the transmit and receive patterns
by using different combinations of linear sub-arrays
of the 2D matrix transducer. Several non-rectangular
2D sparse array layouts have also been proposed, such
as the concentric circular arrays (Wang et al., 2002;
Ullate et al., 2006) and spiral arrays (Martínez-

Graullera et al., 2010; Yoon, Song, 2019). A more
detailed literature review on the 2D sparse arrays de-
sign can be found for example in (Ramalli et al.,
2022).

Recently, the spectrum domain (SD) ultrasound
imaging methods have been attracting growing atten-
tion due to their high computational speed. This is
a significant advantage over the conventional time do-
main (TD) methods based on the classical delay-and-
sum (DAS) technique (Thomenius, 1996). This makes
them promising for the 3D ultrasound imaging in the
real-time mode. Several SD methods have been re-
ported in the literature (Busse, 1992; Skjelvareid,
2012; Cheng, Lu, 2006). In (Cheng, Lu, 2006), the-
oretical development of the so-called phase migration
method was presented. The data collected using 2D
aperture were first transformed for each axial depth to
the spectrum domain. Then the frequency-dependent
propagator function was applied to each cross-sectional

spectrum followed by the frequency averaging within
the considered frequency band. The magnitude of the
inverse Fourier transform of the averaged spectra ob-
tained for each axial depth independently, yielded
the 3D ultrasound image. The numerical complexity
of the phase migration method was comparable to the
conventional 3D TD imaging methods at the same time
this yielded the synthesized images of poor quality,
therefore remaining a purely theoretical interest. In
(Skjelvareid, 2012), the well-known ω − k migration
algorithm previously adopted for the 2D B-mode ul-
trasound (Skjelvareid et al., 2011) was generalized
for the 3D imaging. The ultrasound data were first
transformed to the spectrum domain. Next, the ω − k
migration was applied to transform the temporal spec-
tral variable ω to the spatial spectrum variable related
to the axial spatial coordinate. Then the inverse 3D
Fourier transform was computed to obtain the final
3D ultrasound image. In (Cheng, Lu, 2006) yet an-
other approach for 3D SD ultrasound image synthesis
was proposed. It was based on the assumption of the
plane acoustic wave insonification (Montaldo et al.,
2009) by an infinite 2D aperture array. The acous-
tic signals detected by the same 2D array were rep-
resented as the superposition of harmonic waves re-
flected from the scatterers distribution in the examined
volume. Each harmonic component within the limited
frequency band was first transformed to the spectrum
domain with respect to the lateral coordinates. Next,
the mapping between the wave-vector components
of the detected echoes and the back-scattered field re-
lated to the reflectivity function describing the scatter-
ing properties of the examined medium was applied in
the spectrum domain. Finally, the inverse 3D Fourier
transform yielded the final 3D ultrasound image.

The main objective of this research was to pro-
pose a new spectrum domain synthetic transmit aper-
ture (SD-STA) 3D image reconstruction method. It of-
fers a promising solution to the aforementioned con-
straints, suitable for low-cost portable devices which
should operate with a limited number of signal chan-
nels and limited power consumption. Specifically, the
SD-STA method is based on a novel approach which
combines the non-overlapping sub-aperture data ac-
quisition of the back-scattered ultrasound echoes by
analogy with the TD-STA methods (Gammelmark

et al., 2003; Jensen et al., 2006; Nikolov et al., 2008;
Trots et al., 2009; Tasinkevych et al., 2012) and
the ultrasound data processing in the Fourier spec-
trum domain. Using a limited number of elements in
the transmit (TX) and receive (RX) modes allowed the
amount of acoustic data collected and transferred dur-
ing a single TX/RX event to be reduced by utilizing
a limited number of signal channels (64 and 256 consid-
ered in this study). Moreover, the computational speed
of the fast Fourier transform (FFT) algorithm used for
the ultrasound image synthesis in the spectrum domain
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makes the SD-STA method promising for the real-time
ultrasound imaging.

The validation of the proposed method was carried
out in two stages. First, the method was tested using nu-
merical acoustic data simulated in MATLAB using
Field II software (Jensen, 1996; Jensen, Svendsen,
1992). Next, the method was validated using experi-
mental acoustic data acquired in a custom made 3D
scattering phantom by means of the Verasonics Van-
tage 256™ research ultrasound system equipped with
the dedicated 1024-element 2D array transducer op-
erating at 3.47 MHz center frequency. The compar-
ative analysis of the proposed SD-STA method with
the conventional TD-STA method (Tasinkevych

et al., 2013) generalized for the case of 3D imag-
ing (Tasinkevych, 2017), was conducted. It was ev-
idenced both in simulations and measurements that
the proposed SD-STA method provides high computa-
tional speed and imaging quality comparable to state-
of-the-art TD-STA methods.

The rest of the paper is organized as follows. In
the next section theoretical background of the pro-
posed SD-STA method is given. Then, the method is
described in Sec. 3. The results of 3D imaging using nu-
merically simulated and experimentally obtained data
are presented in Sec. 4. The discussion of the results
obtained is given in Sec. 5. Finally, in Sec. 6 the sum-
mary of the work is presented.

2. Theory

Theoretical backgrounds of the SD-STA methods
are briefly presented in what follows. Let one consider
an N ×N -element flat matrix transducer placed in the
plane z = 0. The origin of the Cartesian coordinate sys-
tem is in the center of the transducer aperture and its
sides are parallel to the x- and y-axes. During a single
TX/RX event the i-th M ×M -element sub-aperture is
excited with a short pulse (one sine cycle of the nomi-
nal frequency) and transmits an unfocused wave in the

z-axis direction, where i = 1, ..., I, I = (N/M)2. With-
out loss of generality the back-scattered echoes can be
assumed to be detected by the same M ×M -element
sub-aperture and the i-th LRI is then synthesized us-
ing the RF echoes detected during this single TX/RX
event only (this case is referred to as the reduced ma-
trix of M ×M RF echoes in the Subsec. 3.1). A more
general case of using several TX/RX events for the syn-
thesis of a single LRI is discussed in the next section
(this case is referred to as the full-size matrix of N ×N
RF echoes in Subsec. 3.1). The received echoes repre-
sent the spatially sampled back-scattered acoustic field
s (r�, t) in the plane z = 0 within the 2D sub-aperture;
r� ≡ (exx + eyy + ez0) is a position vector defining
a location of individual element of the transducer in
the plane z = 0; s (r, t) is the back-scattered acoustic

field in the volume of interest V ; r ≡ (exx + eyy + ezz)
is a position vector in V . The spatial spectrum of
the back-scattered filed detected by the i-th RX sub-
aperture can be represented as a linear combination
of harmonic components propagating form randomly
distributed point scatterers in the volume V (Cheng,

Lu, 2006):

S (k�, t)i = ∫ K(ω)⎧⎪⎪⎨⎪⎪⎩∫V
f(r)eik′r dr

⎫⎪⎪⎬⎪⎪⎭ e
−jωt dω,

i = 1, ..., I, I = (N/M)2, (1)

where f (r) denotes an object function describing the
scattering intensity of the random distribution of scat-
terers in the volume V . In Eq. (1) k

′ = k + k
I,

k
I = exkIx+eykIy +ezkIz is the wave-vector of the trans-

mitted acoustic wave. In the case of SD-STA con-
sidered in this paper k

I = ezk
I
z ; also, in Eq. (1)

k = exkx + eyky + ezkz is the wave-vector of the back-

scattered wave; k� = exkIx+eykIy and K(ω) is a transfer
function that accounts for the influence of the trans-
mit and receive circuitry. From Eq. (1) the relationship
between the temporal-spatial spectrum of the back-
scattered acoustic field S (k�, ω) and the spatial spec-
trum of the object function F (k′) in V can be ob-
tained:

S (k�, ω)i =K(ω)F (k′) ≅ F ′ (k′)i , (2)

where F ′ (k′)i is the so-called band-limited spatial
spectrum of f (r) obtained as a result of trans-
mission and detection of the acoustic wave by i-th
M ×M -element sub-aperture. It defines the 3D spa-
tial spectrum of the partial LRI reconstructed using
the RF echoes detected by the i-th M ×M -element
sub-aperture:

F ′ (k′)i ≡ I (k′)i . (3)

The spatial spectrum defined in Eq. (3) can be ob-
tained from the temporal-spatial spectrum of the de-
tected back-scattered echoes as:

I (k′(ω))i = S (k′(ω))i , (4)

where the spatial spectrum S (k′(ω))i of the back-
scattered signals is obtained from S (k�, ω)i after the
variable transform:

k′x = kx, k′y = ky,
k′z(ω) = ω

c
+
√
(ω
c
)2 − k2x − k2y.

(5)

To obtain the final 3D HRI of the examined volume of
interest its 3D spatial spectrum has to be synthesized
first as a sum of the spatial spectra of all LRIs:

I (k′(ω)) = I∑
i=1

I (k′(ω))i , (6)
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followed by the inverse 3D Fourier transform applied
to I (k′(ω)):
I (r)= c

4π2∭ B (k′(ω)) I (k′(ω)) ejk′(ω)r dk′(ω). (7)

In Eq. (7) the term B (k′(ω)) was introduced which
is the Jacobian of the variable transformation in the
spectrum domain defined in Eq. (5):

B (k′(ω)) ≡ (
√
k
′2
z (ω) − k′2x − k′2y )

k′z(ω) . (8)

3. Methods

The SD-STA method proposed in this paper was
tested using numerical data simulated in MATLAB
using Field II software. Moreover, experimental mea-
surements were conducted and acoustic data from the
custom design 3D scattering phantom were collected
using Verasonics Vantage™ research ultrasound system
equipped with a 2D matrix transducer utilizing 1024
elements in a 32× 32 grid and operating at 3.47 MHz
center frequency.

3.1. Numerical simulation in Field II

First, the method was tested using numerical data
simulated in Field II. For this purpose the 32× 32-
element matrix array transducer operating at f0 =
3.47 MHz frequency was modeled. The transducer el-
ement pitch was 0.3 mm and the element width was
0.275 mm. The sampling frequency was 13.87 MHz
which corresponded to 4 time samples per acoustic
wavelength of the recorded signal. There were Nt =
1122 time samples simulated in each RF echo (for the
60 mm depth assumed, see further discussion). The
speed of sound c = 1540 m/s and the frequency de-
pendent attenuation α = 0.5 dB/[MHz ⋅ cm] around the
center frequency f0 (Jensen, 2021) were applied which
is typical for the soft tissue (Hill et al., 2004). The
parameters applied in the numerical simulations were
chosen to mimic the 2D matrix transducer used in the

16 16 32

32

16 16[TX1]1

[TX1]4

.... [RX1]1

[RX1]3

[RX1]2

[RX1]4

[RX1]

Fig. 1. Example of TX16/RX32 STA data acquisition utilizing 16× 16-element TX/RX
sub-apertures and full-size matrix [RX1] of 32× 32 back-scattered RF echoes simulated
during 4 TX/RX events. This matrix was then used to synthesize the LRI #1 corre-

sponding the TX sub-aperture #1.

experimental measurements (see discussion in the next
section). The transducer was excited with a short pulse
burst (one cycle of the nominal frequency). The sets
of 5 anechoic spheres (cysts) and 5 scattering spheres
located in the volume z ×x× y = 10× 10× 60 mm filled
with randomly distributed point-like scatters were sim-
ulated separately. The diameter of spheres was 5 mm.
The spheres were spaced 10 mm axially and located
on the z-axis normal to the 2D aperture. The num-
ber of point scatterers was 30 per mm3 (in accordance
with the Rayleigh scattering conditions), yielding the
total number of 1.8e5 point-like scatterers in the volu-
me under consideration. In the case of cysts the uni-
form scattering amplitude was assumed for the scat-
terers distributed outside the cysts and the scattering
amplitude for the scatterers inside the cysts was set
to zero (anechoic spheres). In the case of scattering
spheres the ratio of the scattering amplitudes for the
inner and outer scatterers was assumed 10:1.

Numerical simulations were conducted for non-
overlapping TX/RX sub-apertures arranged in 16× 16
and 8× 8-element grids. Two different data acquisition
schemes were examined. They differed in the number of
RF echoes collected for a given TX sub-aperture which
were then used for a single LRI synthesis.

First, to synthesize a single LRI corresponding to
a given TX sub-aperture the RF echoes were simula-
ted for all elements of the 2D matrix transducer, as
illustrated in Fig. 1 for the particular case of 16× 16-
element TX/RX sub-aperture.

Specifically, to synthesize the LRI #1 the interro-
gating pulse was transmitted four times by the TX
sub-aperture #1 for each of the four RX sub-apertures
used successively in the RX mode which yielded the
full-size matrix of 32× 32 RF signals denoted by [RX1]
in Fig. 1. This procedure was then repeated for each of
the four TX sub-apertures. All the LRIs synthesized
using the full-size matrices [RX1] through [RX4] of the
RF signals collected this way were then summed in the
spectrum domain yielding the final HRI. Therefore, to
obtain the final image there were 16 TX/RX events re-
quired for the case of the 16× 16-element sub-aperture
data acquisition and 64 TX/RX events for the case
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16 16

16 16[TX1]

[TX3]

[TX2]

[TX4]

[RX1] [RX2]

[RX3] [RX4]

Fig. 2. Example of TX16/RX16 STA data acquisition utilizing 16 ×16-element
TX/RX sub-apertures and reduced matrices [RX1] through [RX4] of 16× 16
back-scattered RF echoes simulated during 4 TX/RX events. This matrices
were then used to synthesize the LRIs #1 through #4 corresponding the TX

sub-aperture #1 through #4.

of the 8× 8-element one, respectively. These cases were
denoted as TX16/RX32 and TX8/RX32 in Sec. 4, cor-
respondingly.

Next, to obtain a single LRI corresponding to
a given TX sub-aperture the so-called reduced matri-
ces of the RF signals were simulated. In particular, for
the case of 16× 16-element TX/RX sub-apertures to
synthesize the LRI #1 corresponding to the TX sub-
aperture #1 the interrogating pulse was transmitted
only once and the RF echoes were then collected using
the same grid of elements switched to the RX mode
as depicted in Fig. 2. This yielded a reduced matrix
[RX1] of 16× 16 RF signals (see Fig. 2).

The rest of the full-size 32× 32 matrix correspond-
ing to inactive elements of the 2D array transducer
was filled with zeros (as discussed later in this section)
and the LRI #1 was synthesized then in the spectrum
domain. This procedure was repeated for each of the

For j-th M ×M -element TX sub-aperture, j = 1, ..., J , J = (N/M)2:
Reduced RF matrix Full-size RF matrix

1) Transmit interrogating pulse with j-th M ×M -
element TX sub-aperture and acquire ultra-
sound echoes using the j-th M ×M -element RX
sub-aperture.

2) Fill the rest of N ×N RF matrix with zeros
(empty RFs).

1) Transmit interrogating pulse with j-th M ×M -
element TX sub-aperture and acquire ultra-
sound echoes using the i-th M ×M -element RX
sub-aperture, i = 1, ..., I, I = (N/M)2.

2) Fill full N ×N RF matrix with acquired echoes.

3) Compute the 3D temporal-spatial spectrum S (k�, ω)j of the echoes with respect to the spatial
variables x, y and the time t using the FFT algorithm.

4) Transform the variables (kx, ky, ω) → (k′x, k′y, k′z(ω)) (see Eqs. (4) and (5)) to obtain the spatial
spectrum I (k′)j of the j-th LRI.

5) Accumulate the spatial spectrum of the HRI: I (k′) = I (k′) + I (k′)j (see Eq. (6)).

four TX sub-apertures and the final HRI was obtained
in the same way as in the case of the full-size RF ma-
trix data acquisition discussed earlier. Hence, to ob-
tain the HRI in the case of the reduced RF matrix
approach shown in Fig. 2 there were only 4 TX/RX
events required for the 16× 16-element TX/RX sub-
aperture data acquisition and 16 TX/RX events for
the 8× 8-element one, respectively. These cases were
denoted as TX16/RX16 and TX8/RX8 in Sec. 4, cor-
respondingly.

Finally, for comparison the simulations were also
conducted for the full-size 32× 32-element TX/RX
aperture. In this case a single interrogating pulse was
transmitted and the full-size matrix of 32× 32 RF
echoes was collected at once. These echoes were then
used to synthesize the final HRI in the spectrum do-
main. This case was denoted as TX32/RX32 in Sec. 4.

The data-flow of a single LRI synthesis is sketched:
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The ultrasound data needed to synthesize a sin-
gle LRI were acquired first yielding the full-size or re-
duced matrix of RF echoes (step 1 and 2). Specifically,
in the former case the data acquisition for the j-th
M ×M -element TX sub-aperture yielded a 3D matrix
of N ×N ×Nt time samples, where Nt is the number
of time samples in a single RF echo (Nt = 1122), and
N ×N is the 2D matrix transducer size (N = 32). In
the case of the reduced RF matrix approach only an
M ×M ×Nt sub-matrix of time samples was acquired
during the j-th TX/RX event. The rest of the trans-
ducer elements remained inactive. To synthesize the
partial LRI in this case the rest of the 3D matrix of
N ×N ×Nt time samples was filled with zeros which
corresponded to empty RF echoes (Nt zero samples in
each of them). This allowed the spectrum domain data
processing to be more versatile and suitable for differ-
ent TX/RX sub-aperture size and position within the
2D transducer array which greatly simplified the HRI
spatial spectrum synthesis (step 5). The 3D matrix of
time samples was then used to compute the spatial-
temporal spectrum S (kbot, ω) with respect to the lat-
eral spatial variables x and y and the time variable t

(step 3). For this purpose the fft.m routine from the
MATLAB Signal Processing Toolbox was used. The
variable transformation in the spectrum domain in the
step 4 was implemented as a 1D interpolation proce-
dure. Concretely, the temporal spectrum S (∶, ω)j was
interpolated to the spatial spectrum I (∶, kz(ω))j using
Eq. (5). For this purpose the routine interp1.m from
MATLAB was used. In the final step 5 the spatial spec-

Acquire acoustic data: 끫룀끫뢮(끫룂) ≡ 끫룀끫뢮 끫뢂,끫뢂,끫뢂끫룂 matrix of RF echoes, 끫뢮 = 1,… , 끫롺
Synthesize the j-th LRI spectrum: 끫롸 끫롈′ 끫뢮, 끫뢮 = 1,… , 끫롺

Accumulate the HRI spectrum:끫롸 끫롈′ = 끫롸 끫롈′ 끫뢮 + 끫롸 끫롈′

D Fourier transform of 끫롸 to obtain the HRI 끫롸 끫뤦Compute the magnitude of the HRI: 끫롸 끫롖

Synthesize the j-th LRI: 끫롸 끫룂, 끫롖⊥ 끫뢮, 끫뢮 = 1,… , 끫롺
Compute the HRI: 끫롸 끫룂, 끫롖⊥ = 끫롸 끫룂, 끫롖⊥ + 끫롸 끫룂, 끫롖⊥ 끫뢮
Compute inverse 3D Fourier transform of 끫롸 끫뤘′ to obtain the HRI

Compute the envelope of the HRI: 끫롸 끫롖
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20 log10 끫롸 끫롖 /max( 끫롸 끫롖 )

Display the B-mode image in log scale

T
D

-S
T

A
 i

m
ag

in
g

m
et

h
o

d

S
D

-S
T

A
 i

m
ag

in
g

m
et

h
o

d

Fig. 3. Flow diagram showing the successive steps of the acoustic data processing in the considered SD-STA
and TD-STA imaging methods.

trum I (k′)j of the j-th LRI was added (accumulated)
to the spatial spectrum I (k′) of the final HRI. Once all
I (k′)j were synthesized the inverse 3D Fourier trans-
form of I (k′) yielded the final 3D ultrasound image
I (r) (see Eq. (7)).

Figure 3 depicts the comparison of ultrasound im-
age formation for the SD and TD methods considered
in this paper.

It should be noted that in the case of the TD-
STA method the synthesized HRI is represented by the
properly delayed and summed RF echoes collected dur-
ing consecutive TX/RX events (Tasinkevych et al.,
2013). Therefore, the envelopes of the synthesized RFs
must be computed first as shown in the diagram in
Fig. 3. For this purpose the routine envelope.m from
the MATLAB Signal Processing Toolbox was used.
Furthermore, for consistency the images obtained us-
ing the TD-STA method were displayed as a function
of spatial variables as in the case of the SD-STA one.
For this purpose the relation between the axial spatial
variable z and the time t was used: z = ct/2, c being
the acoustic wave speed.

In the numerical simulations the 3D ultrasound im-
ages comprised of Nx ×Ny ×Nz = 64 ×64 ×512 spatial
samples were synthesized using the SD-STA method
proposed. Also, the same acoustic data were processed
using the TD-STA method (Tasinkevych et al., 2013;
2017) and the corresponding results were compared.

The cysts arrangement considered in the numerical
simulations enabled the comparison of the image
contrast and contrast-to-noise ratio (CNR) obtained
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for different data acquisition schemes considered. The
contrast and CNR were defined as:

C =
∣µc − µr ∣

µr

, CNR =
∣µc − µr ∣√
σ2
c + σ2

r

(9)

where µc, µr are the mean intensities of cyst and ref-
erence regions; σc, σr are the standard deviations for
the cyst and reference regions, respectively. The corre-
sponding values of the contrast and CNR were assessed
from the 2D B-mode images of the cross-sectional
views of the cysts arrangement (the plane Y = 0). The
cyst region in Eq. (9) was defined as a circle area of the
diameter Dc = 0.75D centered within the correspond-
ing cross-section of the cyst, whereas the reference re-
gion was defined as an area between the circles of di-
ameters 1.5D and 1.25D surrounding the cyst cross-
section. Finally, the 3D imaging capability of the pro-
posed method was demonstrated using acoustic data
simulated for the set of scattering spheres arrangement
discussed above. The isosurfaces at the fixed intensity
level of the corresponding 3D reconstructed spheres
were obtained using the sliceomatic visualization pack-
age for MATLAB.

3.2. Experimental measurements

Next, the SD-STA method was verified using measu-
rement data. The experimental setup is shown sche-
matically in Fig. 4.

L

Verasonics 
Vantage 

research system

Ultrasound 
image

PC

Matrix 
array 

transducer

Fig. 4. Block diagram of the experimental set-up. Right
panels show the real view of the scattering plastic sphere

used in experimental measurements.

The ultrasound data for the scattering sphere with
a diameter of 5 mm (shown on the right in Fig. 4) were
acquired using the Verasonics Vantage 256™ research
system (Kirkland, WA) equipped with the dedicated
matrix transducer utilizing 1024 elements arranged
in a 32× 32 grid and operating at 3.47 MHz center
frequency. The examined sphere had a through hole
with a diameter of about 1 mm. It was suspended in

the water tank using a thin nylon wire with a diame-
ter of 0.2 mm at a distance of 25 mm from the 2D ar-
ray transducer face. The speed of sound c = 1490 m/s
in water at the room temperature was applied in the
image reconstruction (Hill et al., 2004). The exci-
tation voltage was 10 V with 12 dB amplification of
the received signals. The scanner was preprogramed to
scan the phantom according to the 5 data acquisition
schemes described in Subsec. 3.1. It should be noted
that in the case of the full-size 32× 32-element TX/RX
aperture the acoustic data were acquired using the ded-
icated software provided by the Verasonics Vantage
256™ research system manufacturer. It allowed a single
flash transmit over all 1024 elements to be obtained,
with each of the four 256-element RX sub-apertures
used in the RX mode. Therefore, to collect the full-
size matrix of 32× 32 back-scattered RF echoes in this
case four consecutive TX/RX events were required.

4. Results

4.1. Numerical simulations

The B-mode images of the numerical acoustics data
simulated in Field II for the set of cysts (anechoic
spheres) of 5 mm in diameter arranged axially in front
of the 2D matrix transducer are shown in Figs. 5 and 6.

X [mm]

Z 
[m

m
]

Fig. 5. B-mode images of the numerical data simulated in
Field II for the set of anechoic cysts. The cross-sectional
view (plane Y = 0) of the 3D reconstruction obtained using
the FD-STA method for different data acquisition schemes
is demonstrated. The images are plotted in logarithmic

scale over 30 dB dynamic range.

The images in Figs. 5 and 6 present the cross-
sectional views of the 3D reconstructed data obtained
using the SD-STA method proposed in this work
(Fig. 5) and the conventional TD-STA method general-
ized for 3D imaging (Fig. 6). All B-mode images were
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Fig. 6. B-mode images of the numerical data simulated in
Field II for the set of anechoic cysts. The cross-sectional
view (plane Y = 0) of the 3D reconstruction obtained us-
ing the time TD-STA method for different data acquisition
schemes is demonstrated. The images are plotted in loga-

rithmic scale over 30 dB dynamic range.
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Fig. 7. Dependence of the CNR versus axial distance (z-coordinate) for the set of cysts assessed from the B-mode images
shown in Figs. 5 and 6 and obtained using (a) SD-STA method and (b) TD-STA method (for both plane Y = 0). Different

data acquisition schemes discussed in Subsec. 3.1 were considered.
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Fig. 8. Dependence of the contrast versus axial distance (z-coordinate) for the set of cysts assessed from the B-mode
images shown in Figs. 5 and 6 and obtained using (a) SD-STA method and (b) TD-STA method (for both plane Y = 0).

Different data acquisition schemes discussed in Subsec. 3.1 were considered

normalized with respect to their maximum value in
the corresponding cross-sections and visualized in log-
arithmic scale over 30 dB dynamic range. The images
in Figs. 5 and 6 correspond to different data acquisi-
tion schemes discussed in Subsec. 3.1. Specifically, the
leftmost panel corresponds to the TX32/RX32 data ac-
quisition when a single interrogating pulse was trans-
mitted and the full-size matrix of 32× 32 RF echoes
was collected at once.

The images depicted in the panels TX16/RX32
and TX8/RX32 correspond to the 16× 16-element and
8× 8-element TX sub-apertures, respectively. The LRIs
were synthesized from the full-size matrices of 32× 32
RF echoes acquired for each TX sub-aperture as
shown in Fig. 1 in the Subsec. 3.1. Finally, the im-
ages in the panels TX16/RX16 and TX8/RX8 cor-
respond to the 16× 16-element and 8× 8-element TX
sub-apertures, but in these cases the LRIs were syn-
thesized from the reduced matrices of RF echoes, re-
spectively.

In Figs. 7 and 8 the plots of the CNR and contrast
assessed from the B-mode images depicted in Figs. 5
and 6, are shown, respectively.
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Fig. 9. 3D images of the set of 5 scattering spheres reconstructed using proposed SD-STA method for different TX/RX
data acquisition schemes. The images are visualized using sliceomatic visualization package for MATLAB in logarithmic

scale. Isosurfaces corresponding to the −30 dB level are shown.

In Fig. 9 the 3D images of the numerical acous-
tics data simulated in Field II for the set of scattering
spheres arranged axially in front of 2D matrix trans-
ducer are shown (see Subsec. 3.1). The results were
obtained using the SD-STA method for different data
acquisition schemes. The images in Fig. 9 present the
isosurfaces of the normalized 3D reconstructed data
in logarithmic scale generated using sliceomatic visu-
alization package for MATLAB and their arrangement
is similar to that in Fig. 5.

4.2. Measurements

In Fig. 10 the 3D images of the experimental acous-
tics data acquired from the custom design scattering

X [mm] X [mm] X [mm] X [mm] X [mm]Y [mm] Y [mm] Y [mm] Y [mm] Y [mm]

TX32/RX32 TX16/RX32 TX8/RX32 TX16/RX16 TX8/RX8

Z 
[m

m
]

Fig. 10. 3D images of the experimental data acquired from the custom design scattering phantom reconstructed using
the proposed SD-STA method for different TX/RX data acquisition schemes. The images are visualized using sliceomatic

visualization package for MATLAB in logarithmic scale. Isosurfaces corresponding to the −30 dB level are shown.

phantom (see Subsec. 3.2) are shown. The results were
obtained using the SD-STA method for different data
acquisition schemes. The images present the isosur-
faces of the normalized 3D reconstructed data in loga-
rithmic scale generated using sliceomatic visualization
package for Matlab. They are arranged in the same
order as in Fig. 5.

The B-mode images of the cross-sectional views
corresponding to the X = 0 and Y = 0 planes of the
experimental acoustics data acquired from the custom
design scattering phantom are presented in Figs. 11
and 12, respectively. All B-mode images were normal-
ized with respect to their maximum value in the corre-
sponding cross-sections and visualized in logarithmic
scale over 30 dB dynamic range.
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Fig. 11. B-mode images of the experimental acoustic data corresponding to the cross-
sectional views (plane X = 0) of the 3D reconstruction obtained using the FD-STA
method for different data acquisition schemes (see Fig. 10). The images are plotted in

logarithmic scale over 30 dB dynamic range.
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Fig. 12. B-mode images of the experimental acoustic data corresponding to the cross-
sectional view (plane Y = 0) of the 3D reconstruction obtained using the FD-STA
method for different data acquisition schemes (see Fig. 10). The images are plotted in

logarithmic scale over 30 dB dynamic range.

5. Discussion

The results presented in this work confirmed ef-
fectiveness of the SD-STA 3D imaging method. Dif-
ferent data acquisition schemes based on the non-
overlapping sub-apertures used in the TX/RX modes
were studied and compared. For this purpose the nu-
merical acoustic data simulated in Field II program
and experimental data collected with the Verason-
ics Vantage 256™ research ultrasound system from the
custom-design 3D scattering phantom were used. It
was evidenced in this research both by numerical simu-
lations and experimental data imaging that the trade-
off exists between the frame-rate defined primarily
by the number of acoustic data frames (volumes) ac-
quired, and the imaging quality, assessed by the con-
trast and the CNR. Specifically, the B-mode cross-
sectional views (see Fig. 5 in Subsec. 4.1) of the 3D
numerical acoustic data simulated in Field II pro-
gram for different data acquisition schemes and recon-
structed using the SD-STA method were analyzed and
compared. Only an insignificant change in the con-
trast and CNR for the depth below 40 mm was ob-
served, provided the full-size matrices of 32× 32 RF
echoes was used for the synthesis of partial LRIs as
evidenced further in this section. These cases were de-

noted as TX16/RX32, TX8/RX32, and TX32/RX32
in Figs. 7a and 8a, respectively. At the larger depths
a slight increase in the contrast and CNR was ob-
served for the TX16/RX32 and TX8/RX32 data ac-
quisition schemes in comparison to the TX32/RX32
one. Specifically, about 9 dB and 5 dB increase in the
contrast and 10 dB and 6 dB increase in the CNR was
obtained for the TX16/RX32 and TX8/RX32 cases
over the TX32/RX32 case, respectively. In the case
of the TX16/RX32 data acquisition scheme, the final
HRI was obtained by summing 4 LRIs which required
16 TX/RX events, while in the case of the TX8/RX32
one 16 LRIs and 64 TX/RX events were needed. Ob-
viously, the time needed to acquire the acoustic data
and synthesize the HRI determines the frame rate of
the imaging method which is one of the most important
parameters especially in the real-time 3D ultrasonogra-
phy. Therefore, to reduce the number of TX/RX events
required for the synthesis of the HRI the data acqui-
sition schemes TX16/RX16 and TX8/RX8 were im-
plemented and tested (see Subsec. 3.1). Specifically,
a single TX/RX event was needed to acquire the re-
duced matrices of 16× 16 and 8× 8 RF signals with
non-overlapping TX/RX sub-apertures comprised of
16× 16 and 8× 8 elements, respectively. These reduced
matrices were then used for the LRIs synthesis. The
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number of the LRIs needed to obtain the HRI did
not change, but the data acquisition time was short-
ened 4 times for the TX16/RX16 and 16 times for
the TX8/RX8 data acquisition schemes in comparison
to the TX16/RX32 and TX8/RX32 ones, respectively.
However, this increase in the data acquisition rate was
achieved by the cost of the synthesized image qual-
ity deterioration, as evidenced by examples shown in
Fig. 5, panels 4 and 5 denoted as the TX16/RX16 and
TX8/RX8, respectively. This degradation of the im-
age quality was quantified by the contrast and CNR,
shown in Figs. 7a and 8a. Specifically, the decrease in
the contrast was 3–5 dB at the depths below 40 mm up
to 14 dB at the maximum simulation depth of 50 mm
and the decrease in the CNR was 4–7 dB at the depths
below 40 mm up to 18 dB at the 50 mm depth for the
TX16/RX16 data acquisition scheme in comparison to
the TX16/RX32 one, respectively. The corresponding
values of the contrast and CNR decrease for the case of
the TX8/RX8 data acquisition scheme in comparison
to the TX8/RX32 one were 3–7 dB (contrast, Fig. 8a)
and 6–8 dB (CNR, Fig. 7a) at the depths below 40 mm
and up to 13 dB (contrast, Fig. 8a) and 14 dB (CNR,
Fig. 7a) at the depth of 50 mm, respectively.

Similar dependence of the image quality on the
number of TX/RX events based on the visual assess-
ment was also observed in the case of the experimental
data reconstruction. The corresponding examples are
shown in Figs. 11 and 12, where the B-mode cross-
sectional views in the planes X = 0 and Y = 0 of the
3D reconstructed data of the custom design scattering
phantom (see Fig. 10) are depicted.

Furthermore, the performance of the SD-STA
method was compared with the conventional TD-STA
ultrasound imaging method. The same TX/RX data
acquisition schemes were implemented and the image
quality was assessed for both methods using the con-
trast and CNR parameters. In the case of the TD-STA
method similar dependencies of the contrast and CNR
parameters versus depth for different TX/RX data ac-
quisition schemes were obtained as in the case of the
SD-STA method. For instance, for the TX16/RX16
data acquisition scheme the decrease in the contrast
was 2–8 dB at the depths below 40 mm up to 20 dB at
the maximum simulation depth of 50 mm in compari-
son to the TX16/RX32 one, respectively (see Fig. 8b).
The corresponding decrease in the CNR was 2–11 dB
at the depths below 40 mm up to 22 dB at the 50 mm
depth (see Fig. 7b). In the case of the TX8/RX8 data
acquisition scheme the observed decrease in the con-
trast and CNR in comparison to the TX8/RX32 one
were 1–5 dB (contrast, Fig. 8b) and 1–7 dB (CNR,
Fig. 7b) at the depths below 40 mm and up to 11 dB
(contrast, Fig. 9b) and 9 dB (CNR, Fig. 8b) at the
depth of 50 mm, respectively.

Although the qualitative dependencies of the con-
trast and CNR vs. depth for the SD-STA and TD-STA

methods were similar, the quantitative changes in the
values of corresponding parameters differed slightly
for the data acquisition schemes considered. For ex-
ample, comparison of the images reconstructed using
both methods from the full-size matrices of 32×32 RF
echoes confirmed that for the TX16/RX32 data acqui-
sition scheme the contrast decreased approximately by
7 dB (from −2 to −9 dB, Fig. 8a) in the case of the
SD-STA method and by approximately 4 dB (from −3
to −7 dB, Fig. 8b) in the case of the TD-STA method
in the considered range of depths. For the TX8/RX32
data acquisition scheme the corresponding decrease in
the contrast was approximately 11 dB (from −2 to−13 dB, Fig. 8a) in the case of the SD-STA method
and approximately 5 dB (from −6 to −11 dB, Fig. 8b)
in the case of the TD-STA, respectively. Also, slightly
slower decrease of the CNR with growing depth was ob-
served for images reconstructed using the conventional
TD-STA as compared to the SD-STA. Specifically,
the CNR decreased approximately by 9 dB (from 5 to−4 dB, Fig. 7a) in the case the SD-STA method and by
approximately 3 dB (from 2 to −1 dB, Fig. 7b) in the
case of the TD-STA method for the TX16/RX32 data
acquisition scheme in the considered range of depths.
The corresponding values for the TX8/RX32 data ac-
quisition scheme were approximately 13 dB (from 5 to−8 dB, Fig. 7a) in the case of the SD-STA method and
approximately 8 dB (from 0 to −8 dB, Fig. 7b) in the
case of the TD-STA, respectively.

Comparing by visual assessment the B-mode cross-
sectional views (see Figs. 5 and 6 in Subsec. 4.1) of the
3D numerical acoustic data simulated in Field II one
can observe that the TD-STA method provided slightly
better depth of visualization than the proposed SD-
STA method especially for the cases of TX16/RX16
and TX8/RX8 data acquisition (see panels 4 and 5
in the Figs. 5 and 6). However, the SD-STA method
provided better image resolution which can be visually
assessed as image sharpness for the cysts over the entire
range of depths considered.

Moreover, the proposed method allowed the time
of the HRI synthesis to be reduced significantly due
to the properties of the FFT algorithm (Brigham,
1988) utilized in the SD data processing. Specifically,
the numerical complexity of the single LRI recon-
struction was as large as O (NxNyNt log(NxNyNt))
(Tasinkevych, 2017) for the case of the SD-STA
method, where Nx and Ny are the number of samples
in the synthesized image in the lateral plane and Nt –
is the number of time samples recorded in a single RF
acoustic echo. In the case of the conventional TD-STA
method the corresponding value was O (NxNyNzN

2),
where Nz is the number of samples in the synthesized
image in the axial direction, and N2 is the number
of RF signals used for the LRI synthesis. The corre-
sponding reduction of the LRI reconstruction time was
therefore (Tasinkevych, 2017):
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TSD−STA
TTD−STA

= Nt log (NxNyNt)
NzN2

.

In the case of the TX16/RX32 data acquisition
scheme (N = 32) and for the reconstructed images of
64× 64× 512 (Nx ×Ny × Nz) samples where each RF
had 1122 time samples (Nt) the corresponding value
was: TSD−STA/TTD−STA ∼ 1/20. This yielded about 80
times faster synthesis of the final HRI image comprised
of 4 LRIs.

It is worth noting that to conduct a reliable com-
parative analysis of the results obtained using differ-
ent methods (SD-STA and TD-STA) no data process-
ing was applied to enhance the imaging quality, like
dynamic apodization (Guenther, Walker, 2007;
Mehdizadeh et al., 2012; Tasinkevych et al., 2013)
or the time gain compensation taking into account the
attenuation in the medium (Szabo, 2004), etc. This
resulted among others in the relatively weak overall
quality of the B-mode images obtained with the SD-
STA and TD-STA methods, especially for the cases of
TX16/RX16 and TX8/RX8 data acquisition schemes
corresponding to the LRIs synthesis from the reduced
matrices of RF echoes (see for instance Figs. 5 and 6
were the images obtained using the numerical data
simulated for the set of anechoic cysts are shown). This
examples clearly show the extent of final image quality
deterioration due to acceleration of the acoustic data
acquisition and processing. Therefore, further research
is necessary in order to improve the quality of 3D ul-
trasound imaging with the use of the reduced RF ma-
trices data acquisition schemes. Their development is
especially important for the low-cost portable devices
which should operate with a limited power consump-
tion and will be the subject for future research.

6. Conclusions

In this work the SD-STA 3D image reconstruc-
tion method based on the non-overlapping TX/RX
sub-aperture data acquisition combined with the spec-
trum domain data processing was proposed. For
transmission of the interrogation signal and detec-
tion of the back-scattered echoes the limited number
of signal channels (64 or 256) was used which de-
termined the number of active elements utilized in
the TX/RX events (8× 8 and 16× 16-element non-
overlapping TX/RX sub-apertures). Such a configura-
tion of the ultrasound data acquisition schemes is con-
sistent with the requirements of the low-cost portable
devices usually operating within low power consump-
tion limitation and using small number signal channels
for transferring the acoustic data from the probe to the
host.

The results obtained in this paper confirmed that
a trade-off between the TX/RX sub-aperture size
which determines the number of TX/RX events re-

quired for the synthesis of the final image and its qual-
ity exists. Specifically, in this research the optimal sub-
aperture size was 16× 16-element one which required
as much as 16 TX/RX events to reconstruct the HRI
consisted of 4 LRIs, provided the full-size matrices of
RF signals were used for their synthesis (TX16/RX32
data acquisition scheme). Applying the reduced RF
matrix approach (TX16/RX16 data acquisition) the
corresponding number of TX/RX events was reduced
four times. However in the latter case the image quality
deterioration was observed.

Moreover, the SD-STA method allowed a signifi-
cant increase in the image reconstruction rate com-
pared to the conventional TD-STA method. This ac-
celeration was obtained at the cost of a slight deteri-
oration in the image quality assessed by the contrast
and CNR parameters which usually can be considered
as tolerable in the case of the low-cost portable devices.

Further research will focus on improving the imag-
ing quality. For this purpose the SD-STA method will
be generalized for the case of overlapping sub-aper-
tures. This however will inevitably lead to the frame
rate decrease which is a crucial parameter in the real-
time 3D ultrasonography. Therefore, optimization of
the number and size of the TX/RX sub-apertures as
well as their stride will be necessary to achieve the
best possible quality maintaining the acceptable frame
rate at the same time. Another possible way to im-
prove the imaging quality is to generalize the SD-STA
method for the case of the coherent compounding of
ultrasound waves transmitted at different angles. In
this case the numerical complexity of the SD data pro-
cessing will increase significantly because one will have
to deal with 3D interpolation of the spatial-temporal
spectrum instead of the 1D interpolation which is re-
quired in the SD-STA method proposed in this paper.
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The research concerning the future of sound in towns and cities is focused on two main issues: studies
are conducted separately on the comfort, i.e., assessment of visual scenery and sound levels in a cityscape and
separately, on the health protection issues. The policy of the acoustic environment control with regard to the
health of its inhabitants is traditionally connected with measurements of noise levels presented with the help
of the coefficients Lden and Lnight noise indicators, while the models based on tranquillity rating (TR) with the
help of the coefficients LAmax, LAmin, LAeq, LA10. None of these coefficients refers to the soundscape. In this
paper, we present a justification of the necessity to enter into discussion on the need to combine these research
areas. The authorities managing towns and cities of the future should be provided with tools enabling them
to assess modernisation projects from the point of view of both health and comfort of inhabitants. We present
our ideas treating them as an invitation to a scientific discourse, in the form of analysis of actual projects
concerning modification of existing cityscapes. The modifications are aimed at returning some unfavourably
developed spaces to the inhabitants. When analysing the changes proposed in the projects, we take into account
two models of the revitalised area quality assessment. The first model is used to assess the effect of noise on
health. The second model, based on the indicator known as the TR, serves simultaneous assessment of an
area from both visual and acoustical aspects. The models used contemporarily by scientists show multiple
flaws, therefore, for the TR indicator we propose a modification taking the sound structure into account.
The modification embodies the idea of masking unpleasant sounds with friendly ones. The changes to the
model are presented, in this paper, in the context of two projects which were worked out in the framework
of 12th edition of the intercollegiate workshop cycle The New Cityscapes. In the course of each workshop of
the cycle, we combined art, science, and technology in order to seek solutions creating a better future. In view
of the importance of this issue and the need to introduce a certain level of universalism, the authors offer an
invitation to join a discussion on the future of sound in urban agglomerations.
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1. Introduction

Along with development of urban agglomerations,
the effect of noise on health of residents becomes more
and more noticeable. According to World Health Orga-
nization [WHO] (2018) document one European out of
five is regularly exposed at night to sound levels posing
a significant risk to health. For many years now, initia-
tives have been undertaken to enforce noise reduction
through legislation. An example of such a legislative

initiative is Directive 2002/49/EC (Commission of the
European Communities, 2002) in which main sources
of noise were identified (road, railway, and air trans-
port, industry), regular measurements of related noise
levels were made obligatory together with the require-
ment to draw up noise maps and noise action plans for
agglomerations with more than 100 000 inhabitants.
The aforementioned WHO document contains a sys-
tematised survey of proofs evidencing relationship be-
tween exposure to noise, both in the daytime and at
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night-time, and risk of adverse health effects in hu-
mans.

The mentioned documents are focused mainly on the
issue of noise levels. In many cases, however, in view
of necessary financial outlays (construction of screens,
replacement of windows, road surface refurbishment)
or time-scale (conversion to electric drive in vehicles),
achieving required results is impracticable. It is, how-
ever, still possible, especially in cases of minor ex-
ceedances of the recommended levels, to reduce the dis-
comfort of living in urban environments by modifica-
tion of nature and contents of sounds (by sound mask-
ing) and provision of quiet places available, for instance,
within public transport routes (bus/tram stops). Such
activities exceed the scope of the acoustics alone
and become an inherent part of interdisciplinary ur-
ban studies (Kang, 2006; Raimbault, Dubois, 2005;
Chojnacki et al., 2018). This approach to the sci-
ence, characterised by seeking universalism, repre-
sents an attempt to define the presence of a human
both in a cityscape and in a specific location (Ozga,
2017), where the research work is joined by sociol-
ogists (Bukowski et al., 2018; Giddens, 1987), ar-
chitects (Kapecki, 2020), artists (Gibała-Kapecka,
Kapecki, 2014; 2016; Koolhas, Mau, 1998), acous-
ticians (Kukulski et al., 2018), and geographers
(Murzyn-Kupisz, Działek, 2017; Redaelli, 2019).
This paper presents the point of view of acousticians
hammered out after discussions held with artists, ar-
chitects, and sociologists on the occasion of intercolle-
giate workshop Alternative Cityscapes which was held
in Cracow in 2018 (Gibała-Kapecka et al., 2019).
Discussions with representatives of other disciplines of
science have indicated clearly that the research con-
cerning the future of sound in the cityscape was carried
out in two different directions: separately on comfort of
living among local residents and separately on health
protection issues.

This paper presents two models allowing to assess
urban space modernisation projects worked out in the
course of the mentioned 2018’ workshop. In the first
model, sound levels only are taken into account (and
therefore it concerns only the health of people present
in the area of interest), while the second model is an
extension of the first one with the sound structure ana-
lysis (and thus concerns the comfort of residents). The
work on cityscape acoustic assessment models and co-
operation of various disciplines of science was initiated
in order to create cityscapes in which the visual scenery
and the audio landscape scenery (soundscape) are fully
adequate. On the acoustic side of the problem, we com-
bine the two trends in research on the acoustics of ur-
ban agglomerations to make achieving the set goals
more realistic.

The analysis carried out in the scope of the health
protection issue was performed with the use of Sound-
PLAN software implementing unified measurement

and calculation methods known as CNOSSOS-EU (Eu-
ropean Commission, 2012), the application of which
became mandatory to all European Union Member
States from January 1, 2019. The method includes
algorithms used for predicting levels of road, rail-
way, and air transport noise as well as the industry-
generated sounds. In the present paper, the method
is used to determine changes that would occur in the
soundscape after implementing solutions proposed in
cityscape modification projects. The second model de-
fines the cityscape in terms of architecture, nature-
related elements integrated into the architecture, and
the soundscape. The model is a proposal concerning
assessment of urban space designs based on the analy-
sis of the visual scenery and the soundscape by means
of the quantity known as the tranquillity rating (RT).

We are aware of difficulties involved in comparison
of results obtained with the use of the above-presented
models (based on Lden, LAeq) but we still hope that
this paper will draw attention to the necessity to take
into account not only the health but also the comfort
of life in towns and cities and the need to work out
new methods of assessing the latter.

2. Methods used to achieve acoustically

alternative cityscapes

2.1. Health – protecting cityscape users from noise

Problems in contemporary urban agglomerations
are growing much faster than our ability to solve them.
Air pollution, ubiquitous noise, and climate warming
require a change in our thinking about the cities and
towns of the future. In our case, new ideas were first
formulated in connection with a workshop named The
New Cityscape. This intercollegiate event, combining
art, science, and technology, was carried out from 26 to
29 November, 2018 in Cracow as the 12th subsequent
edition of the workshop cycle known as Alternative
Public Spaces. The challenge posed to the participants
was to develop a proposal to modify a piece of urban
space without taking into account the constraints of
current legislations or economics. Students from four
universities in Cracow were involved in the projects:
Academy of Fine Arts (Faculty of Interior Design);
Cracow University of Technology (Faculty of Architec-
ture); Jagiellonian University (Institute of Sociology);
and AGH University of Krakow (Faculty of Mechani-
cal Engineering and Robotics, Field of Acoustic Engi-
neering). The students were offered support from their
lecturers and tutors as well as doctoral students and
representatives of the Urban Greenery Management in
Cracow.

In the urban area dealt with in the workshop frame-
work, the main noise source is the sound generated by
road traffic. There are also a tram route and a rail-
way line running along the street; however, the noise
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generated by them is definitely lower than the motor
vehicle traffic. Additionally, the space is characterised
by small share of green areas and very dense build-
ing development. Between buildings and the roadway,
a footpath and tram routes are situated. The overall
picture is typical of many cityscapes worldwide where
people live and function.

The acceptable levels of noise in the environment,
as applied in the long-term policy regarding protection
from noise and while drawing acoustic maps, are de-
termined by yearly indicators Lden and Lnight. WHO
recommends (2018) reducing noise levels produced by
road traffic below 53 dB Lden, because noise above this
level is associated with adverse health effects including
ischemic heart disease (IHD), high annoyance (HA).
For night noise exposure they recommend reducing
the noise below 45 dB Lnight, as night-time road traf-
fic noise above this level is associated with adverse ef-
fects on sleep including high sleep disturbance (HSD).
Below these levels, none of the listed negative effects
will occur. However, the values set by the WHO are
only recommendations, but in the case of road traffic
noise they are strong recommendations, that accord-
ing to WHO can be adopted as policy in most situa-
tions. Regardless, each European country has its own
policies to control noise, including road traffic noise.
This also involves self-determination of permissible en-
vironmental noise levels, which in each European coun-
try are higher than those recommended by the WHO.
In Poland, since 2012 the acceptable noise levels have
been determined by the Regulation of the Minister of
Environment (2014). It has turned out, however, that
the levels for “A” spa resorts and hospital areas beyond
towns are the only ones that satisfy the WHO crite-
ria. The acceptable noise level is higher in all the re-
maining areas referred to in the Regulation. In the
case of the land considered in this work, the areas
situated to the west of the Zakopianka motorway are
subject to acoustic protection (as residential quarters),
and the norms are respectively 68 dB (Lden) and 59 dB
(Lnight). The area east of the motorway is the home for
workshops and stores for which no noise limits have
been specified.

In the area of interest, measurements of noise lev-
els were taken together with records concerning traf-
fic intensity and structure. The obtained results were
then used to develop and verify a calculation model in
SoundPLAN 8.2 software environment. The model
used to calculate noise levels in road traffic imple-
mented in the software performs calculations according
to the CNOSSOS-EU methodology.

Results of calculation for the current state are pre-
sented in Figs. 1 and 2.

Measurements taken in the current state indicate
that thresholds recommended by WHO are exceeded
both in the daytime and at night-time. The objective
set for each of the projects developed in the workshop

Fig. 1. Day-evening-night noise level (Lden) for the current
state, calculated in the SoundPLAN 8.2 software.

Fig. 2. Night noise level (Lnight) for the current state, cal-
culated in the SoundPLAN 8.2 software.

entitled Alternative Cityscapes was to reduce traffic
noise along the examined road section down to the level
Lden recommended by WHO. Several project teams de-
cided to transfer the mainstream traffic to an under-
ground tunnel – that was the first of innovative changes
necessary to return the area to the residents. Results
of sound level calculations indicate that with:

– reduction of the traffic on the road segment under
consideration to 20 vehicles per hour guarantee-
ing the inhabitants the access to their property or
apartments;

– reducing the permitted speed to 30 km/h;

– introduction of quiet means of public transport;
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one obtains reduction of Lden down to the value of
55–62 dB and Lnight to 50–55 dB (Figs. 3 and 4 – the
day-evening-night noise level and the night noise level,
respectively).

Fig. 3. Day-evening-night noise level (Lden) after traffic vol-
ume reduction to 20 passenger cars per hour, calculated in

the SoundPLAN 8.2 software.

Fig. 4. Night noise level (Lnight) after traffic volume re-
duction to 20 passenger cars per hour, calculated in the

SoundPLAN 8.2 software.

Without using acoustic models of the space under
consideration we would hardly know that the deployed
measures were insufficient to solve the problem. To
make such drastic limitations in vehicle traffic credible
and possibly able to bring notable benefits in the form
of noise level reduction over the whole street segment
under consideration, it was necessary to introduce the
means of acoustic protection aimed at reduction of
the possibility of penetration of noise from neighbour-
ing arterial traffic routes on which no such restrictions

will be introduced in the examined area. Therefore,
5-metres-high acoustic screens were provided in the
project. Such a solution results in noise level reduction,
especially in the direct vicinity of the screens. It should
be indicated that the proposed acoustic screens are not
situated directly in the area under consideration, but
at its borders, in order to block the noise from reaching
the main city roads. Moreover, the design includes the
“green wall” type of screen, which is to be covered by
climbing plants, thus becoming a biologically active el-
ement that will not decrease the aesthetic values of the
surroundings. The results of noise level calculations are
presented in Figs. 5 and 6, for the day-evening-night
level and the night level, respectively.

Fig. 5. Day-evening-night noise level (Lden) after traffic vol-
ume reduction to 20 passenger cars per hour and installing
acoustic screens, calculated in the SoundPLAN 8.2 soft-

ware.

Fig. 6. Night noise level (Lnight) after traffic volume reduc-
tion to 20 passenger cars per hour and installing acoustic

screens, calculated in the SoundPLAN 8.2 software.
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For the purpose of quantitative comparison of the
effect induced by the introduced changes, sound level
calculations were carried out for measurement points
P1, P2, and P3. The situation of the points is shown
in Fig. 1 and calculation results in Tables 1 and 2.

Table 1. Calculation results for the day-evening-night noise
level (Lden).

Current
state
[dB]

Traffic volume
reduction

[dB]

Traffic volume
reduction + acoustic

screen
[dB]

Point 1 73.5 61.6 58.7

Point 2 74.2 58.0 57.5

Point 3 72.5 56.7 54.6

Table 2. Calculation results for the night noise level
(Lnight).

Current
state
[dB]

Traffic volume
reduction

[dB]

Traffic volume
reduction + acoustic

screen
[dB]

Point 1 66.8 54.7 51.8

Point 2 67.5 51.2 50.6

Point 3 65.8 50.0 47.9

The existing models for predicting noise levels in an
environment may be used to determine changes which
must be implemented in towns and cities to protect
their inhabitants from harmful effects of noise. On the
other hand, proper development of a cityscape aimed
at “giving it back” to local residents involves further in-
troduction of some changes in the visual sphere which
can also be verified with the use of mathematical mod-
els. These noise reduction methods are applied in the
so-called Action Plan when cities are modernised as
a result of an analysis of noise maps.

2.2. Comfort – an application of the tranquillity
rating to assessment of urban space

modernisation projects

Studies carried out in various research centres show
interdependence between tranquil urban areas and
stress reduction (Ulrich et al., 1991; Takano et al.,
2002). These works are focused only on the assessment
of sound stimuli or the impact of visual and audial
stimuli on a given space (Preis et al., 2015; Nilsson

et al., 2007). Several attempts have been made to de-
scribe the interdependence between the assessment of
acoustic and visual quality of a space with the help
of mathematical models. However, in the aspect of the
evaluation of city space modernization projects, tran-
quility rating seems the most promising tool to be used.

Assessment of usefulness of the area determined
with the use of the tranquillity rating is defined by
means of the equation:

TR =X ± α ⋅A1 ± β ⋅A2 ± ... ± ω ⋅An, (1)

where X is a constant which, like other quantities ap-
pearing in the formula, is determined based on psy-
choacoustic tests. To determine the actual form of the
function, the regression analysis is used. A1,A2, ...,An

represent sociologically conditioned elements shaping
the perception of tranquillity, whereas α,β, ..., ω are
weights characterising the effect of each of the above
elements.

The tranquillity rating may comprise a number
of indicators, whereas positively perceived visual and
sound elements increase, and negative ones decrease
the parameter value.

A number of models for TR are discussed in the
literature of the subject.

The tranquillity rating prediction tool (TRAPT) pro-
vides that the formula for TR value may take a number
of forms determined with the use of the regression
analysis, two of which are (Pheasant et al., 2009):

TR = 13.93 − 0.165 [LAmax] + 0.024 NCF, (2)

TR = 8.57 − 0.11 [LAeq] + 0.036 NCF, (3)

where LAmax is the maximum sound pressure level
and LAeq is the equivalent continuous sound pressure
level expressed in dB. The square brackets denote
the numerical value of a given quantity, so for, e.g.,
LAmax = 50 dB, [LAmax] = 50. The quantity NCF
(natural and contextual features) ranges from 0 to 100
and corresponds with the share p (expressed in per-
cent) of natural features, i.e., flora, water, etc., in the
environment, so NCF = [p].

In each of the quoted forms, the TR can assume
values from the minimum equalling 0 to the maximum
of 10. If TR > 10 or TR < 0, its values of 10 and 0
are adopted, respectively. Assessment of the examined
area is verbalised according to the scale: below 5 – un-
acceptable; [5, 6) – just acceptable; [6, 7) – fairly good;
[7, 8) – good; 8 and above – excellent. The Eq. (3)
was proposed for both urban and rural areas, which
was a fundamental impediment to application of the
model for the purposes of assessment of typically urban
space modernisation projects. That gave rise to fur-
ther research (Watts, 2017; Watts, Marafa, 2017)
as a result of which a new model was developed ex-
pressed by means of the equation:

TR = 10.55 − 0.146 [LAeq] + 0.041 NCF +MF, (4)

where MF is a moderating factor offering the option of
taking into account various factors having either pos-
itive or negative effect on perception of the space in
question. Its effect is estimated to be ±1 scale points.
The approach in which researchers break down MF
into factors characteristic for the location of interest
and specific for users of the space in question, cannot
be generalised to cover other spots. The research is
of local nature. Additionally, impressions of subjects
taking part in the research depend on such factors as
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gender, age, or physical and mental state, therefore
any change of one variable in the regression analy-
sis (Pheasant et al., 2009) is explained by means of
changes in the second variable at the determination
level of R2

= 0.59 (in the audio experimental condi-
tions) and R2

= 0.5 (for purely visual stimuli). Any
psychoacoustic assessment obtained on the grounds of
laboratory tests instead of on-site examination is also
biased with a certain error resulting at least from the
fact that the subjects are immersed in an environment
illuminated with artificial lighting (and not the natu-
ral light). The sound reaching a user of a specific city
spot and the view of the location make up a multi-
dimensional spatial and sound scenery. In a labora-
tory, the perception is in a way reduced to two dimen-
sions regardless of whether the subjects are presented
a video or still photos of the location in question.

From the first portion of this paper we have learned
that the sound level would fluctuate around 50 dB
which means that for the model (3), the obtained TR
value will be unacceptable, whereas for the model (4),
it will be acceptable at 50% NCF. The research con-
cerning the model (4) improves the presented situa-
tion significantly by reflecting perception of cityscapes
more accurately, although it is far from solving all the
involved problems. In urban conditions, it is difficult
to obtain TR values better than the acceptable ones
(TR < 7), which seems to be in contradiction with the
reality. If a zone comfortable for people was charac-
terised with TR values above 7, then according to the
model (4), it would be necessary to introduce at least
92% of natural elements and nature-harmonised archi-
tectural features into the scene. In case of city mod-
ernisation projects taking into account the masking of
unfriendly soundscape with sounds which can be con-
sidered friendly or neutral by the users of the space
in question, none of the above-discussed models seems
to be applicable. That is why in the next section, we
propose a change to the TR model.

3. Modification of the tranquillity rating carried

out for the purpose of assessing urban space

modernisation projects

Cooperation with artists, sociologists, and archi-
tects in the framework of intercollegiate workshops has
made us aware that there was a lack of tools for objec-
tive assessment of urban space modernisation projects.
The problems have been identified:

1) Health (Lden and Lnight) and tranquillity (Phea-

sant et al., 2008), as well as comfort or wildness,
are described with the use of different acoustic in-
dicators. The health is defined in terms of Lden,
whereas the tranquillity is determined based on
LAmax, LAmin, LAeq, and LA10. In a method de-
veloped in England (Kephalopoulos, Paviotti,
2008; DEFRA, 2006) and used to determine the

road traffic noise, formulae for converting individ-
ual indicators into other ones obtained by estima-
tion result in differences of the order of 2%, which
gives an insignificant change for sound levels in
the range 50–55 dB compared to the uncertainty
taken into account when predicting sound levels
in SoundPLAN software environment.

2) In case of modernising a cityscape, it is equally
important what the appearance of the space in
question is both in daytime and at night-time and
what the related soundscape is at each time of the
day.

3) The following can be noted about the TR in the
currently used form:

– the TR concerns perception of a space on
a sunny day and only during the daytime;

– the coefficients estimated in the course of
the regression analysis suggest that any zone
comfortable for people characterised with
values of TR indicator above 7 is very diffi-
cult to obtain in city conditions, which seems
to contradict the reality. Additionally, in the
available literature, only point estimators of
the regression line are used, suggesting that
interval estimation analysis of the indicators
is of no significance whatsoever. Such an ap-
proach to the topic seems to be erroneous;

– the basic model is hardly universal – it ap-
plies to specific locations only and addition-
ally, the coefficient of determination shows
significant dispersion in reception of a given
space by individual volunteers;

– the model is designed for application to both
urban and rural areas and is likely to upset
perception of urban spaces in which the users
seek tranquillity rather than silence which
exists in the nature;

– the structure of sound is not taken into ac-
count, so it is impossible to extend the re-
search towards the use of sound masking.

We invite other scientific centres to join the work
on putting forward and solving individual problems.
Years of intensive work and discussion are still before
us. In this article, we start with putting forward a pro-
posal of changing the TR model through taking the
structure of sound into account. We search for a solu-
tion universal enough to be suitable for application in
different cultural environments on different continents.

3.1. Theory of complexity for the analysis
of acoustic quality

Studies on soundscape indicate a far less dominat-
ing role of physical parameters of sound and a much
more significant role of individuals and their percep-
tion (Brown, 2010). It is not only the ability to iden-
tify sources of sounds that is important, but also the
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proportion of time when the sound is perceptible. De-
signing of a coefficient model univocally describing
the soundscape is still an open problem. We suggest
that this model should include the SCF indicator (pro-
posed by authors, first time introduced in this work,
short for sound and contextual features) that repre-
sents a friendly soundscape taking into account the role
of human perception included in the theory of complex-
ity for the analysis of acoustic quality.

Now, let us refer to the theory of complexity for the
analysis of acoustic quality (Ipsen, 2002; Elmqvist,
Pontén, 2013) based on differentiation of the sound-
scape. There is a relationship between the perception
quality and complexity of the perceived sound. The
interest in the soundscape decreases for a low level of
sound complexity. The same occurs when complexity
of a soundscape is very high as in such a case legi-
bility of each sonic component making out the sound-
scape deteriorates. Low and high sound levels of com-
plexity have never been clearly defined by the authors
of the theory. As the authors of this paper understand
it, a low sound level of complexity is a single acous-
tic event. The opposite of this phenomenon is the high
level of complexity, that is, multiple events occurring
frequently.

We propose that sound complexity is described us-
ing a second-order polynomial obtained by interpola-
tion. Zeros of the function are assumed to fall at 30
and 70 dB. Bearing in mind that a normal conversa-
tion of two people corresponds to sounds with the level
of 55–60 dB and thus not always contributes to friendly
soundscape for other users of the same space, the max-
imum value of the function was assumed to be 50 dB.
Masking the sounds with levels below 30 or exceeding
70 dB is pointless; the lower-limit values are possible
to register only in parks late at night (Wiciak et al.,
2015), whereas upper limit levels are perceived as dis-

LAeq

–
(

–
0.

14
6 
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eq
 

 L
*) – 0.146 (LAeq – L*) = – 6.08

SCF = 0%, model (4) for MF = 0
SCF = 25%
SCF = 50%
SCF = 75%
SCF = 100%

– 0.146 LAeq = – 7.15

Fig. 7. Modification of tranquillity rating proposed specifically for the purpose of assessment of cityscape modernisation
projects. Equation (6), calculated with interpolation for the 100% favourable soundscape, between 45 and 55 dB does not
increase the TR by more than 1 point, which is in accordance with the studies presented with the help of the model (4).

turbing in the context of seeking tranquillity, regard-
less of the sound structure:

TR = 10.55 − 0.146 [LAeq −L∗] + 0.041 NCF, (5)

where L∗ is the quantity corresponding to the theory
of complexity for the analysis of acoustic quality ex-
pressed in the form of a second-degree polynomial and
assumes values from 0 to 1.08 dB,

L∗ = SCF(−0.000186 [LAeq]2
+0.018571 [LAeq] − 0.39) dB, (6)

where SCF is the indicator assuming values from the
range (0, 100) corresponding to the percentage share
of friendly sounds in the soundscape.

Referring to the theory of complexity for the ana-
lysis of acoustic quality we assume that for 30 dB the
complexity of sounds in the soundscape is probably
minor, and therefore the soundscape is dull. When the
soundscape includes friendly sound sources (actual or
disguising sounds of nature, like the sound of running
or falling water), the complexity increasing the attrac-
tion of the soundscape will increase, reaching the maxi-
mum at 50 dB. At higher levels of noise, the attractive-
ness of the soundscape will slowly decrease. Taking into
account that the soundscape might include unfriendly
or neutral sound sources (a tram passing by or cyclists
riding), the equation includes SCF index describing the
proportion of friendly sounds in the soundscape. Since
the model has been adjusted to urban space modifica-
tion projects, SCF index is determined on the basis of
a prognosis.

As for the proposed changes, the effect of friendly
soundscape equalling approximately ±1 scale point
(Fig. 7) was assumed, which corresponds to the factor
MF (4). In our model, the factor has been integrated
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NCF = 70%, model before modification
NCF = 100%, model before modification

NCF = 70%, SCF = 70%
NCF = 100%, SCF = 100%

LAeq

TR

Fig. 8. TR before and after modification taking into account the sound structure and the theory of complexity
for the analysis of acoustic quality.

into LAeq. The proposed change introduces some uni-
versalism to the model – there is no need to carry
out any research on the issue which sounds and in
what way contribute to increase of TR in a given lo-
cation. This depends on the community members who
use the space in question. We rely on a model assess-
ing the comfort only provisionally, until new models
based on the indicator Lden are developed taking into
account the analysis of both point and interval estima-
tors with a significantly higher coefficient of determi-
nation. At the moment, we would like to reliably assess
the projects developed in the course of intercollegiate
workshops. The proposed modification pertains only
to city modernisation projects and does not affect con-
clusions drawn from the research carried out in other
scientific centres.

By introducing the factor following from the acous-
tic theory of complexity for the analysis of acoustic qual-
ity (6), we have reproduced the perception of a city-
scape more realistically – the concept of a comfort zone

Fig. 9. The Alsos Avenue project. Authors: Karolina Motak, Paulina Habura, Marta Bil, Sanara Słojewska, Julia Idczak,
Karol Piotrowski. Original pictures of the designs are accessible in (Ozga et al., 2019).

now includes also provision of sound levels in the range
of 55–58 dB which are normally observed in an office
space or a coffee shop (Fig. 8) and which have no neg-
ative impact on human health.

3.2. Projects developed in the course of the workshop
and their assessment with the use

of the modified model

In the following, two projects out of the total
number of nine which were worked out in the course of
the Alternative Public Spaces workshop are presented
and assessed. They are projects of modernization of
the space presented in Sec. 2. The selected projects
are those within the framework of which their authors
predicted values of the indicators SCF and NCF. In
the first project named the Alsos Avenue (where Alsos
is a Greek word meaning Grove), bicycle lanes and
pedestrian pavements were designed along the whole
section of its route through the area (Fig. 9). Between
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these bicycle and pedestrian paths, green areas are
planned to be created and – as a reference to the his-
tory of the location and the Mateczny Spa – construc-
tion of a ditch is being designed to form a channel for
the creek. A ribbon-shaped metal structure filled up
with a membrane was integrated into the cityscape.
The function of the ribbon feature included the roof-
ing of shelters, public transport stops or rest spots. An
additional benefit of the ribbon was the possibility of
using it as a mounting frame for sound shower type
loudspeakers which enabled introduction of masking
sounds to the soundscape. By assumption, the whole
area was meant as a space encouraging inhabitants to
arrange meetings in the open air and having a benefi-
cial effect on physical and mental state of the people
present. The NCF value predicted for the space is 70%,
SCF is also forecasted to be on the level of 70%.

In the case of designs, it is impossible to calculate
NCF – the percentage value of each natural element
of the landscape in accordance with the rules given in
(Pheasant et al., 2010). The authors of the project
are obliged to create a space that is 70% biologically ac-
tive, and on this basis NCF is accepted. It is far more
difficult to forecast the SCF coefficient for the space
in which quiet trams and car passage to the owner’s
property at the speed limit of 30 kmph have been al-
lowed. Parking spaces for properties at Alsos Avenue
were designed beyond the discussed area, pedestrian
and bicycle lanes are lined up with specially designed
pavements. A tram passage at the rush hour is fore-
casted at every ten minutes. The soundscape in such
a space is like patchwork – filled with humans talk-
ing, sounds of water flowing in a stream and sounds
of nature – which are either actual or meant to dis-
guise something else. It cannot be precisely calculated
since in spite of a finite number of sound sources that
are forecasted, the number of combinations of acoustic
events and their duration is infinite. The risk analysis
shows that the most difficult situation will occur when
the inhabitants commute to and from work. For these
rush hours, the acoustic restrictions presented above
allow a forecast of no less than 70% level. Most fre-

Fig. 10. The Zakopianka Avenue project. Authors: Dominika Kuczera, Kinga Duda,
Aleksandra Rogowiec, Janusz Rożdżyński.

quently, a person staying at Alsos Avenue will hear the
sounds of nature, water and conversations. The dura-
tion of unfriendly events will be short, like the passage
of a quiet tram, departures or arrivals of individual
cars at distant parking sites.

The function assumed for the second project named
Zakopane Road Spa (Zakopianka Zdrój, Fig. 10) was
the promotion of health. The project assumed creation
of enclaves of silence. Revitalisation of the public space
was aimed at reconstruction of identity of the existing
location called Mateczny Roundabout, a site with some
spa traditions. In 1898, drillings carried out by a town
councillor Antoni Mateczny led to discovery of a source
of sulphur mineral water with unusual healthful prop-
erties. The layout ended near the Shrine of the Divine
Mercy, a religious cult centre, where water symbolises
revival and exculpation. The curative water will be of-
fered for tasting and purchase in the quiet areas. The
NCF predicted for this space is 100%, with SCF also
forecasted to be at the level of 100%. In the case of Za-
kopane Road Spa, space management and sound are
100% connected with water, which, according to the
propagator of the concept of soundscape (Schafer,
1993) is the most beneficial of the attainable environ-
ments.

According to the model (4), for sound levels in
the range 48–52 dB, the Alsos Avenue project would
be assessed on the “fairly good/just acceptable” level
(Fig. 8), whereas the presented solution after appli-
cation of the proposed modification, was assessed as
“good”. This makes assessment of perception of the
space in question more realistic. The Zakopane Road
Spa project, which was developed to protect health and
promote a healthy way of life; without modification of
the model, could be assessed as only “good”, whereas
its perception and the modified indicator TR result in
the assessment on the “excellent” level.

The presented alternative cityscape projects prove
that it is possible to establish a reliable assessment
system in which the visual scenery and soundscape
are fully adequate both in the daytime and at night-
time.
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4. Summary

The projects created in the framework of Alterna-
tive Public Spaces workshops cycle’s 2018’ edition were
supposed to be free from either political or economic
barriers which, in many cases, hinder the necessary
changes. The students were made aware of the fact
that although the information about the environment
is perceived, first of all, via the sense of sight, and their
projects would be assessed, as a rule, from the visual
point of view in the first place, they should nevertheless
draw their attention also to other stimuli. The existing
strong interdependence between senses by which the
environment is perceived (sight, hearing, smell, touch)
is defined as the perception ecology.

The presented research results indicate that in
many cases, it is virtually impracticable to achieve
compliance with the required permissible sound levels
in a cityscape. However, it is still possible to change
the character of noise (by masking) which may result
in an increase of the comfort of life. In view of the
aforementioned, a modification of the TR indicator was
proposed consisting in making it dependent on both
sound nature and level. The proposal should be con-
sidered an idea aimed at extending the currently used
environment status assessment coefficients rather than
an alternative for the presently applied ones.

In view of conclusions from the research carried out
by WHO, according to which one European out of five
is regularly exposed at night-time to sound levels pos-
ing a significant risk to health, it is necessary to make
out noise maps and use them for the purpose of noise
reduction. In the daytime, on the other hand, despite
technical impracticability to lower the sound level in
large urban areas, attempts should be made to change
the character of the sound and create acoustically al-
ternative cityscapes, the so-called enclaves of silence
or quiet areas. It is also necessary to work out meth-
ods and indicators for assessing their effect on people –
the presently used set of sound-level-based indicators
seems to be insufficient.
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In order to design a stable and reliable voice communication system, it is essential to know how many
resources are necessary for conveying quality content. These parameters may include objective quality of ser-
vice (QoS) metrics, such as: available bandwidth, bit error rate (BER), delay, latency as well as subjective
quality of experience (QoE) related to user expectations. QoE is expressed as clarity of speech and the ability
to interpret voice commands with adequate mean opinion score (MOS) grades. This paper describes a quality
evaluation study of a two-way speech transmission system via bandwidth over power line – power line commu-
nication (BPL-PLC) technology in an operating underground mine. We investigate how different features of
the available wired medium can affect end-user quality. The results of the described study include: two types
of coupling (capacitive and inductive), two transmission modes (mode 1 and 11), and four language sets of
speech samples (American English, British English, German, and Polish) encoded at three different bit rates
(8, 16, and 24 kbps). Our findings can aid both researchers working on low-bit rate coding and compression,
signal processing and speech perception, as well as professionals active in the mining and oil industry.

Keywords: coding; communication applications; compression; signal processing; speech processing; quality of
service.
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1. Introduction

The applicability of electric power networks for
efficient data transmission has gained interest from
both designers and users. This applies especially to all
kinds of local area networks (LANs) employed in gen-
eral plant communication systems. However, it should
be emphasized that power line communication (PLC)
technology does not provide such high-quality services
as traditional wired and wireless transmission, includ-
ing copper and optic fibers, or ZigBee. Nevertheless, in
many applications, PLC technology is quite sufficient.
Evidence of this fact may be found in the increasing
development of the so-called smart grids and industrial

automation (Morello et al., 2017; Ding et al., 2021;
Hao, Zhang, 2021).

One has to know that the main drawback of PLC
transmission is its sensitivity to both conducted and in-
duced electromagnetic interference (EMI) (Bernacki

et al., 2019). This problem is of great importance,
particularly in low-voltage networks. In this case,
a bridging of the transmitted signals can occur due
to impedances close in frequency to the range and val-
ues of PLC signals of randomly connected electrical
receivers (Held, 2016).

The main advantage of this technology is its abil-
ity of utilizing existing power grids, both low and high
voltage. This approach does not incur additional in-
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vestment costs or operator fees. Authors who are ex-
perienced with the challenges of creating secure and
reliable communication systems, including mine oper-
ation, have identified the positive effects of using band-
width over power line – power line communication
(BPL-PLC) technology for data transmission. How-
ever, this requires a careful selection of many technical
factors, including: signal frequency, type of coupling,
and matching the characteristic impedance of the
transmission medium (usually medium voltage cables).

The use of high frequency, in the range from 2 to
32 MHz, offers the opportunity to increase the speed
of information transfer up to about 200 Mbps. This
bit rate is about 1000 times faster compared to nar-
rowband transmission (Debita et al., 2019). Satisfac-
tory field test results, under real-time mine operational
conditions, encouraged the authors to utilize the BPL-
PLC technology in middle voltage cable lines for voice
transmission purposes.

It should be emphasized that safe working condi-
tions, present in the mining and oil industry, particu-
larly in underground environments, require an appro-
priate and reliable communication system. Such an ex-
emplary environment is shown in Fig. 1.

Fig. 1. Exemplary underground mine environment.

Therefore, various wired and wireless loudspeaker
and emergency communication systems are widely
used. For example, a plant-wide telephone system can
be connected to a radio communication system using
the so-called radiating cable (Miśkiewicz, Woja-

czek, 2016). The voice over Internet protocol (VoIP)
telephony, which is becoming increasingly popular
in mines, uses packet commutation network just
like PLC.

The packet header contains data for both source
and destination addresses. Thus, voice packets, in a di-
gital form, are sent to the target device without using
telephone exchanges with a switching field. It is obvi-
ous that the mine’s technical environment significantly
affects the efficiency of data transmission. Damage to

pavements during mine failures usually results in in-
terruptions of any wired system and significant degra-
dation of wireless communication (Miśkiewicz, Wo-

jaczek, 2010).
In medium-voltage BPL-PLC technology, the trans-

mission medium is the armored power cable itself. This
theoretically makes it the most resistant to mechanical
damage, ensuring continuity of transmission through
both phase conductors as well as shields and armor.
Therefore, in the case of pavement backfilling, BPL-
PLC transmission, with battery powered modems, can
serve as a last resort, significantly improving rescue op-
erations. Considering the above, the authors conducted
a series of simulations and field-test experiments. The
obtained results enabled for both objective and subjec-
tive evaluation of a custom-build two-way voice trans-
mission system via medium-voltage cable lines using
BPL-PLC technology.

2. Related work

Počta and Beerends (2015) investigated a set
of audio codecs, including Ogg Vorbis, with bit rates
ranging from 24 to 320 kbps. Their tests included sub-
jective and objective metrics, with perceptual evalua-
tion of audio quality (PEAQ) and perceptual objective
listening quality assessment (POLQA) methods. Their
paper is a valuable source of information concerning
various commercial services available in terrestrial and
online networks. Since modern-day users prefer mo-
bile devices, particularly when consuming content via
online streaming services (Falkowski-Gilski, 2020),
with Spotify using the Ogg Vorbis format, Počta and
Beerends’ research becomes a major feedback for our
upcoming studies.

Another study (Fuchs et al., 2019) focused on
improving the quality of speech coders by expanding
the frequency range (from narrowband to wideband).
The authors evaluated their model using both subjec-
tive and objective methods, on a set of signal samples
including male and female speakers in three languages:
French, German, and English. The speech samples
were processed at 24 kbps, with sampling frequency set
at 32 kHz. The subjective study, in a 100-step multiple
stimuli with hidden reference and anchor (MUSHRA)
scale, involved a group of 10 listeners. Whereas, the
objective part was carried out utilizing the POLQA
metric.

The topic of speech recognition, including end-to-
end automatic solutions, as well as numerous simul-
taneous speakers, is discussed in (Meng et al., 2019;
Dubey et al., 2019; Delcroix et al., 2019). Whereas,
more information on annotating speech data, includ-
ing massive big data sets, may be found in (Fallgren

et al., 2019; Kostek, 2019). Matters related to audio
signal processing, including low bit rate and percep-
tual coding, is available in (Helmrich et al., 2014).
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Similar solutions, together with noise classification and
mapping applications (Kotus et al., 2012; Szczo-

drak et al., 2014; Marciniuk, Kostek, 2015), may
be of great importance and aid for any voice communi-
cation system, particularly in the mining and oil in-
dustry.

It is evident that the topic of digital signal cod-
ing and compression, quality evaluation including both
QoS and QoE aspects, as well as the design and
maintenance of stable and reliable multimedia content
distribution and communication services, continue to
be extensively discussed topic (Gibson et al., 1998;
Möller, Raake, 2014; Hoßfeld et al., 2014; Boz

et al., 2019; Falkowski-Gilski, Uhl, 2020).

3. Tested BPL-PLC system

In order to conduct research on the effectiveness of
voice transmission via a BPL-PLC system, the authors
selected a segment of a medium-voltage 6 kV cable line,
about 300 m long, located in a tunnel in one of the op-
erating mines in Southern Poland. The entire transmis-
sion channel was composed of a radial line (over 2 km
long), connecting the switchgear at the top of the shaft
with the switchgear at the bottom of the shaft.

Thanks to accessible busbars in the switchgears,
it was possible to examine both inductive and capac-
itive coupling of modems with the cable. The digital
transmitter and receiver, designed and developed by
the authors, were first simulated in the Matlab-Octave
environment. The block diagram of the evaluated sys-
tem is shown in Fig. 2.

Input dataConvolution
encoderMapper

Cable 6 kV, type: YKGYFtZmyn      3 × 185 mm² 300 m

Output data Viterbi
decoder Demapper

OFDM
demodulator

DDC

Digital domain

Analog domain

Analog to digital converter 
Frequency demodulation 

Clipping and equalizer

Coupler

BA

OFDM
modulator

DUC

Coupler

Digital domain

Analog domain

Digital to analog converter and frequency modulation

Fig. 2. Block diagram of the tested PLC-BPL speech com-
munication system.

Next, the possibilities and limitations associated
with the tested wired medium were examined in an
objective QoS and subjective QoE studies.

4. QoS evaluation

According to the 3rd Generation Partnership Pro-
ject (2011), digital communication services can be di-
vided into two groups, namely: guaranteed bit rate
(GBR) and non-guaranteed bit rate (Non-GBR), each
with different QoS class identifier (QCI) requirements.
Table 1 describes the main communication services
with their requirements, including delay and error rate.

Table 1. Main communication services
with their QoS requirements.

QCI Type
Delay
[ms]

Error
rate

Service

1

GBR

100 10−2
Conversational voice

(real-time)

2 150 10−3
Conversational video

(live streaming)

3 50 10−3
Online gaming

(real-time)

4 300 10−6
Non-conversational

voice
(buffered streaming)

5

Non-GBR

100 10−6 IMS signaling

6 300 10−6

Video
(buffered streaming),

TCP-based
(e-mail, chat)

7 100 10−3
Voice, video

(live streaming),
Interactive gaming

8–9 300 10−6

Video
(buffered streaming),

TCP-based
(e-mail, chat)

As shown, the GBR variant is linked with QCI from
1–4, whereas Non-GBR is related with QCI from 5–9.
Our study focuses on voice (speech) communication. In
the GBR variant, such services require delays ranging
from approximately 100 ms (conversational voice) to
300 ms (non-conversational voice). For the Non-GBR
variant, the required delay should be smaller than
100 ms. Regarding error rate, it should oscillate around
10−2 or 10−3 up to 10−6. The results of our analysis, con-
sidering the tested wired medium, are shown in Fig. 3.

When examining obtained results for both trans-
mission modes (mode 1: 3–7.5 MHz and mode 11:
2–7 MHz), IC refers to inductive coupling, whereas CC
represents capacitive coupling. It was found that the
error rate ranges from 10−2 to 10−3, which is adequate
for voice communication services. The results for jitter
(time delay between packets) at various data packet
sizes, during a 10 min interval, along with available



588 Archives of Acoustics – Volume 48, Number 4, 2023

Fig. 3. Simulated BER for inductive coupling (IC) and capacitive coupling (CC) in both transmission modes (1 and 11).

bandwidth and as well as the number of retransmitted
packets, are described in Table 2.

Table 2. Simulation results for both inductive
and capacitive coupling.

Data packet
size [B]

Jitter
[ms]

Bandwidth
[Mbps]

No. of retransmitted
packets

187 0.011 9.85 585

375 0.085 14.8 545

750 0.367 18.0 787

1500 0.857 18.9 1696

As observed, the jitter is very low, and less than
1 ms, regardless of the size of the utilized data packet,
which proves it suitable for speech communication ser-
vices. When it comes to available bandwidth, the range
of approximately 10–19 Mbps is more than sufficient
for implementing a simultaneous two-way voice trans-
mission system. However, the number of retransmitted
packets tends to increase with the larger data packet
sizes. Based on obtained results and aiming for the
best balance between factors such as size of a data
packet, jitter, bandwidth and the number of retrans-
mitted packets, the subjective QoE evaluation part,
considering a fully-deployed custom-build system, was
carried out for a data packet size of 375 B.

5. QoE evaluation

In order to evaluate QoE requirements for the de-
signed solution, we transmitted a set of speech sig-
nal samples. These samples were sourced from ITU-T
P.501 (International Telecommunication Union [ITU],
2017) and included sentences spoken by two female and
two male individuals, in different languages. Bearing
in mind the international profile of the oil and mining
industry, four language sets were selected, namely: En-
glish in both American (AE) and British (EN) dialects,
as well as German (GE) and Polish (PL).

The original samples were available in WAV format
(16-bit PCM), with a sampling frequency of 32 kHz.

Next, each sample was processed using the Ogg Vorbis
codec and was then transmitted through the BPL-PLC
wired medium at different bit rates: 8, 16, and 24 kbps.
A sampling frequency was set to 44.1 kHz. Previous
studies (Debita et al., 2020; Falkowski-Gilski et al.
2020; Zamłynska et al., 2022) have shown that a bit
rate of 24 kbps was sufficient to deliver quality voice
commands using this codec.

The transmission system was established in both
directions (from point A to B and vice versa) using
a set of custom Linux-based modems designed for the
purpose of this test. We selected the Ogg Vorbis for-
mat (King et al., 2012; Korycki, 2012) in order to
have as much control as possible. This format offers
full-compatibility with the Linux operating system,
which powered both our transmitters and receivers.
The transmitted signal samples were recorded at both
ends for further processing purposes, namely for a sub-
jective quality evaluation study.

The subjective study was carried out on a group of
16 participants, all of whom were native Polish speak-
ers aged between 25–35 years old. As pointed out in
a preliminary questionnaire, each person declared hav-
ing advanced language skills in both English and Ger-
man. This involved either possessing an appropriate
certificate or being engaged in works with interna-
tional client-related work. None of the participating
individuals had hearing impairments. Each participant
assessed the audio quality individually, following the
ITU (2003) recommendation in turns (one by one), us-
ing Beyerdynamic Custom One headphones. Partici-
pants were asked to provide ratings on a 5-step mean
opinion score (MOS) scale, with no reference signal
available, with options ranging from 1 (poor quality)
to 5 (excellent quality). The results of this test, aver-
aged for both directions (from point A to point B and
vice versa), including two transmission modes (mode 1
and 11), three bit rates (8, 16, and 24 kbps), as well
as two types of coupling (inductive or capacitive), are
shown in Figs. 4–9.
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Fig. 4. IC – signal samples processed at 8 kbps.

Fig. 5. IC – signal samples processed at 16 kbps.

Fig. 6. IC – signal samples processed at 24 kbps.

All the obtained results were processed using the
analysis of variance (ANOVA) statistical method, with
confidence intervals set at 95% (α = 0.05). The disper-
sion was less than 10%. Results related with inductive
coupling (IC) are shown in Figs. 4–6, while those for
capacitive coupling (CC) are presented in Figs. 7–9.

A single session took approximately 25 minutes,
with a short break in the middle of the study. Before
starting the main test, each person underwent a train-
ing phase to adjust the volume and become familiar

with the listening equipment. Further information on
loudness and related topics may be found in (Kostek

et al., 2016; Maijala et al., 2018; Une, Miyazaki,
2020).

The obtained results have shown whether theoreti-
cal objective simulations, as well as field-test measure-
ments, can be used to adequately predict and evalu-
ate the subjective quality of this speech communica-
tion system during both the design and maintenance
phases.
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Fig. 7. CC – signal samples processed at 8 kbps.

Fig. 8. CC – signal samples processed at 16 kbps.

Fig. 9. CC – signal samples processed at 24 kbps.

As shown, the type of coupling, as well as trans-
mission mode, has an observable effect on the end user
quality. According to the obtained results, the lowest
bit rate (8 kbps) proved to be insufficient to the extent
that some individuals perceived these signals as sim-
ply annoying. On the other hand, the medium bit rate
(16 kbps) was clearly ranked higher. However, not all
samples were considered as acceptable. For the high-
est bit rate (24 kbps), all voice messages, regardless of

the speaker, delivered clear and easily understandable
commands.

6. Conclusions

As shown, the BPL-PLC wired system can be ef-
fectively used for various data transmission purposes,
especially additional and/or supplementary voice com-
munication. This fact becomes crucial in case of emer-
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gency situations, such as mine disasters. Since wired
cable networks are very resistant to mechanical dam-
age, the BPL-PLC technology, speech signal processing
devices and voice communication terminals, together
with battery-powered modems, could be implemented,
regardless of electrical operating conditions.

This analysis has demonstrated that speech signals
transmitted at 24 kbps are sufficient from a practical
point of view. Lower bit rates, namely 8 and 16 kbps,
did not provide clear and unambiguous statements.
Generally speaking, regardless of the evaluated lan-
guage and/or dialect (AE, EN, GE, PL) as well as the
lector’s gender (male or female), the level of 24 kbps
may be considered as a break point necessary for con-
veying high-quality speech signal content. Similar re-
sults were obtained when changing the type of coupling
and/or mode.

Furthermore, the displayed results clearly show the
superiority of transmission mode 11 (2–7 MHz) over
mode 1 (3–7.5 MHz). Additionally, CC most often pro-
vided higher MOS grades than IC. These remarks, ob-
served regardless of the utilized bit rate, are particu-
larly important for engineers responsible for designing
and maintaining energy grids and related wired infras-
tructure.

The outcomes of this work provide practical in-
sights for stakeholders in the mining and oil indus-
try, not to mention researchers and professionals ac-
tive in related fields. The obtained results may be of
particular aid to researchers involved in the design and
maintenance of a supplementary voice communication
services in harsh environments, such as underground
mines. They may be an interesting source of inspira-
tion for engineers in other parts of the world as well.
Future studies should consider, e.g., different types of
dedicated wired media, a broader range of signal sam-
ples, and test scenarios involving listeners from various
age groups and backgrounds.
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Fouling is inevitable on the surfaces of industrial equipment, especially on heat-exchanging surfaces in
contact with fluids, which causes water pollution and destroys the ecological environment. In this paper,
a novel fouling-removal methodology for plate structure based on cavitation by multi-frequency ultrasonic
guided waves is proposed, which can remove fouling on stainless steel plates. A numerical simulation method
has been developed to study the acoustic pressure distribution on a steel plate. According to the simulation
results, the distribution of sound pressure on the plate under triple-frequency excitation is denser and more
prone to cavitation than in single-frequency cases and dual-frequency cases, which improves fouling removal
rate. The stainless steel plate is immersed in water for the descaling experiment, and the results show that the
fouling removal rates of three water-loaded stainless steel plates under different single-frequency excitation seem
unsatisfactory. However, the multi-frequency excitation improves the descaling performance and the removal
rate of fouling reaches 80%. This new method can be applied to the surface descaling of large equipment plates,
which is of great significance for purifying water quality and protecting the ecological environment.
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1. Introduction

Fouling is easy to deposit on the inner surfaces of
industrial equipment due to long-term contact with the
liquid medium. The industrial equipment includes boil-
ers, chillers, and membrane filtration systems in which
the heat exchanger part easily produces fouling, espe-
cially calcium carbonate (Somerscales, 1990). Foul-
ing reduces thermal conductivity leading to a decrease
in production capacity and an increase in energy con-

sumption. Furthermore, some unexpected mechanical
breakdowns may be incurred due to fouling, conse-
quently causing financial loss and even severe indus-
trial accidents (Abu-Zaid, 2000).

Traditional methods of descaling on the surface
of industrial equipment mainly include a mechanical
method, hydro-blasting method, chemical method, and
ultrasonic method (Kudryashova et al., 2019; Gho-

livand et al., 2010; Krzyzanowski et al., 2013; Ma-

son, 2016). The ultrasonic method, dating from the
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middle of the 20th century, has become a mainstream
approach for cleaning, which is capable of removing
surface fouling based on the acoustic cavitation effect
(Legay et al., 2013; Deptuła et al., 2016; Mason,
2016). In traditional ultrasonic cleaning methods, the
transducers are attached to the bottom of the wa-
ter tank with cleaning fluid, generating high-frequency
mechanical vibrations to clean the objects immersed
in the fluid through ultrasound cavitation (Kim et al.,
1999; Wu, Chao, 2011).

Ultrasonic guided waves (UGWs) technique has been
widely used in structural health monitoring (SHM).
In recent years, UGWs techniques have also been
used to remove fouling on structures (Habibi et al.,
2016). In our previous study, a new approach to pipe-
line descaling based on leaky-guided ultrasonic wave
cavitation was proposed, and the experiment results
showed that the new approach had high efficiency in
removing fouling in the water-filled pipe (Qu et al.,
2019). According to these findings, the UGWs have
the potential for long-distance fouling removal because
they can propagate a longer distance than traditional
ultrasound. At the same time, this technique allows
for non-stop operation, enabling continuous fouling re-
moval. Additionally, the use of UGWs for fouling remo-
val can significantly reduce maintenance costs.

Cavitation is an essential principle used in descal-
ing. When UGWs propagate along a structure with
a liquid load, a part of the energy will leak into the
liquid through the solid-liquid boundary, which can
cause liquid cavitation. The cavitation induced by ul-
trasonic waves can be used to clean solid surfaces and
remove scale (Pečnik et al., 2016; Shchukin et al.,
2011). In recent years, multi-frequency ultrasound has
been reported to improve the ultrasonic cavitation ef-
fect (Feng et al., 2002; Suo et al., 2018; Avvaru,

Pandit, 2008). Twenty-kilohertz ultrasound was ap-
plied to a cross-flow ultrafiltration system with alu-
mina membranes. The ultrasonic control of membrane
fouling caused by silica particles was investigated un-
der various solution conditions (Chen et al., 2006).

This paper mainly discusses the effect of the descal-
ing on stainless steel plates using multi-frequency
UGWs. The descaling effect on stainless steel plate
under the same power and different frequency com-
bination excitation is studied and analyzed. Mean-

Transducer

Guided wave

Energy leakage

Steel plate

Fouling

Bubbles

Liquid

Cavitation

Fig. 1. Propagation direction of UGWs and the descaling principle of leakage UGWs on the steel plate.

while, a curve graph of the descaling rate with the
corresponding descaling time is shown.

2. Theory

When the wave propagates in a bounded medium,
solid boundaries can guide the propagation of waves
in the form of reflection and refraction. The guided
waves in the plate can be regarded as a superposition
of waves led by bulk wave reflection and refraction at
the upper and lower boundary of a plate (Zhu et al.,
2011). As the waves propagate along a plate with liq-
uid loading, part of the energy leaks into liquid. A new
descaling method based on UGWs for plates is pro-
posed, as shown in Fig. 1.

For any isotropic medium, the displacement vector
U of UGW in the plate satisfies the Navier displace-
ment equation of motion (Rizzo, Shippy, 1971; Ko-

varik, 1995; Mazzotti et al., 2014), which can be
expressed as Eq. (1). Using Helmholtz decomposition,
the displacement vector field can be expressed as the
gradient of a scalar Φ and the curl of a vector ψ, as
Eq. (2):

(λ + µ)∇∇ ⋅U + µ∇2
U = ρ ⋅ (∂2

U/∂t2) , (1)

U = ∇Φ +∇ ×ψ, (2)

where λ and U are Lame’s constants of an elastic
isotropic solid, and ρ is the density.

When the plate surface is loaded with water, it pro-
vides a path for UGWs energy leakage. If the phase ve-
locity of the UGWs in the plate is greater than in the
fluid, energy will leak into the fluid (Inoue, Hayashi,
2015). So the waves attenuate as they propagate in the
plate, and the displacement is

U = Aae
i(krx−ωt)e−αx, (3)

where Aa is the amplitude of the wave in the plate,
k is the wave number, and α is the decay factor.

Because shear stress cannot propagate in the
liquid, vector potential is equal to zero. When longi-
tudinal waves propagate in the water, the potential
function Φ should be considered together with an addi-
tional displacement field equation (Sato et al., 2007).
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The displacement U in water by leaky UGWs can be
expressed as the gradient of a scalar Φ:

U = ∇Φ, (4)

Φ = Ale
−iklyei(kx−ωt), (5)

kl = √(ω/cl)2 − k2, (6)

where Al is the amplitude of wave in the liquid, k is the
wave number, and cl is the longitudinal wave velocity
in the liquid.

UGWs leaking into the liquid cause a cavitation
effect. If the amplitude of acoustic pressure is higher
than the cavitation threshold, the bubbles in liquid
will expand under negative pressure and absorb a lot
of energy from the sound field, compress and collapse
sharply under positive pressure, resulting in high tem-
perature and high pressure (Suslick et al., 1999),
which will effectively remove the fouling on the plate.
The cavitation threshold is defined as the minimum
amplitude of sound pressure required to initiate acous-
tic cavitation (Nguyen et al., 2017), which can be ex-
pressed as:

Pb = P0−PV + 2

3
√
3
[( 2σ

R0

)3/(P0 − PV + 2σ

R0

)]1/2 , (7)

where Pb is the cavitation threshold, P0 is the hydro-
static pressure, PV is the saturated vapor pressure, R0

is the initial radius of a bubble, and σ is the tension
coefficient of the liquid.

When the external driving sound pressure exceeds
the cavitation threshold, not all bubbles will collapse.
The cavitation effect occurs only when the ultra-
sonic frequency is less than the resonant frequency
of the bubble or the initial radius of the bubble is
smaller than the resonant radius. Otherwise, the cav-
itation bubble has nonlinear vibration. The resonant
frequency of the bubble (Shima et al., 1971) can be
expressed as:

fr = 1

2πR0

√
[γ
ρ
(p0 + 2σ

R0

) − 2σ

ρR0

], (8)

where γ is the specific heat ratio, ρ is the liquid density,
and fr is the resonant frequency.

3. Simulation

Based on the theory presented in Sec. 2, leaky
acoustic pressure is a critical factor in determining

Table 1. PZT parameter of the transducer.

Radial
resonant
frequency

(fs)

Radial
anti-resonant

frequency
(fp)

Transverse
electromechanical

coupling
coefficient (k)

Equivalent
capacitance

(C)

Elastic
modulus

(e)

Longitudinal
wave velocity

(Vl)

Transverse
wave velocity

(Vt)

Dielectric
constant

(ε)

Parameter 35 528 Hz 38 200 Hz 0.367 3050 pf 61 Gpa 4500 m/s 2200 m/s 380

whether cavitation occurs on the surface of the plate
during the descaling process. To study the character-
istics of the sound field at different frequencies, finite
element simulation is used to understand the acoustic
pressure distribution on the plate.

3.1. Model set-up

The model set-up is shown in Fig. 2a, wherein
the plate is made of 304 steel material. The plate
has a length of 500 mm, a width of 100 mm, and
a thickness of 2 mm. On one side of the plate there
is layer of CaCO3 that spans a length of 180 mm.
The plate is subjected to a water load. Most com-
monly used ultrasonic testing (UT) angle transducers
use methyl polymethacrylate as the body wedge mate-
rial. In this case and when emitting ultrasound waves
to steel, it is possible to operate within the specified
incidence angle range of 27.6–57.7○ (Krautkrämer,

Krautkrämer, 2013). The wedge-shaped transducer
consists of PZT-5H piezoelectric material and a square
aluminum base. The dimensions of the aluminum base
are 85× 48× 50 mm, and the dimensions of the piezo-
electric sheet are 50 mm outer diameter, 17 mm inner
diameter, and 5 mm thickness.

a)

z
xy

b)

z
xy

Fig. 2. a) FEM model; b) mesh of the model.

The performance parameters of the transducer-
sensitive element PZT as shown in Table 1.
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The incident angle of the transducer is set at 45○,
following the principle of oblique incidence and gen-
erating the UGW in the F mode. The transducer is
coupled at one end of the plate to ensure that the
UGWs energy excited by the transducer can be effec-
tively transmitted. The mesh of the model is presented
in Fig. 2b. The region covered with fouling on the plate
is the main calculation domain, in which the largest
cell size should be less than or equal to the 1/8 mini-
mum wavelength criterion. In Fig. 2b, the mesh of the
main calculation domain (region covered with CaCO3

fouling on the plate) is denser than the other parts to
ensure calculation accuracy.
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Fig. 3. Absolute acoustic pressure under different frequencies.
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Fig. 4. Absolute sound pressure distribution under different frequency combinations: a) single-frequency 24.767 kHz;
b) dual-frequency 24.767 and 35.144 kHz; c) triple-frequency 24.767, 35.144, and 42.498 kHz.

3.2. Simulation result

The absolute acoustic pressure results in the re-
gion covered with fouling under different frequencies
are shown in Fig. 3. The three frequencies with peak
acoustic pressure are 24.767, 35.144, and 42.498 kHz,
under which the distribution of acoustic pressure on
the plate is studied in the simulation.

The absolute acoustic pressure distribution results
on the plate under different frequency combinations are
shown in Fig. 4.

According to Fig. 4, under single-frequency ex-
citation, the peak distribution of sound pressure on the
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plate is scattered and the overall sound pressure value
is relatively low. When the peak value reaches the
cavitation threshold, cavitation for descaling occurs.
In another way, cavitation for descaling cannot oc-
cur in areas where there are low acoustic pressure val-
ues. Hence the descaling on the plate under single-
frequency excitation is not uniform. Compared with
single-frequency excitation, the sound pressure on the
plate under dual-frequency and triple-frequency exci-
tation is more densely divided, and the sound pressu-
re value increases. The uniformity of the sound pres-
sure distribution in the triple-frequency mode is simi-
lar to that of the dual-frequency mode. However, the
sound pressure values are an order of magnitude higher
in the triple-frequency mode.

4. Experiments and results

4.1. Transducer testing

A single 45○ beam angle transducer is used in this
work, as shown in Fig. 5a, which consists of a square
base and piezoelectric material. Electric energy is con-
verted to mechanical vibration by a transducer based
on the piezoelectric effect and generates UGWs prop-
agation in the plate based on Snell’s law.

a) b)

c)

Frequency [kHz]

M
ag

ni
tu

de
 [m

]

Fig. 5. a) Transducer used in this work; b) transducer test-
ing set-up; c) displacement-frequency characteristic curve

of the transducer.

To test the mechanical vibration performance of
the transducer at each frequency, the transducer test-
ing system is set up, as shown in Fig. 5b. A pulse signal
is generated by the signal generator and input to the

transducer. The vibration characteristics of the trans-
ducer are obtained by using and reading a laser vi-
brometer, and the displacement-frequency characteris-
tic curve of the transducer is shown in Fig. 5c.

The calibration results show that the displace-
ment of the transducer reaches three peak values
when the frequency is 22.480, 36.093, and 41.289 kHz,
where the transducer has a good electrical-acoustic
conversion efficiency. To improve the effect of cavita-
tion for descaling, the above three frequencies are se-
lected for the descaling experiments.

4.2. Electrochemical reaction

Calcium carbonate fouling is an intractable topic in
industrial fields. Calcium carbonate fouling is easy to
generate on the surface of heat-exchange equipment,
boiler, and other industrial equipment (MacAdam,

Parsons, 2004), and this study mainly focuses on the
removal of calcium carbonate fouling on plate surfaces.
The system shown in Fig. 5a is designed to generate
calcium carbonate fouling on the steel plate.

The output voltage of the power supply is 30 V.
The experimental plate is set as the working electrode
and connected to the negative electrode of the power
supply. The other plate is set as a reference electrode
and connected to the positive electrode. Two plates are
both dipped in water-nanosized calcium carbonate col-
loid. The calcium carbonate fouling layer is formed by
an electrochemical reaction on the working electrode
plate.

Electrochemical reaction experiments are carried
out on seven stainless steel plates of the same size:
a length of 500 mm, a width of 100 mm, and a thick-
ness of 2 mm. The electrochemical fouling preparation
system is shown in Fig. 6. The reaction lasted 36 hours,
and the steel plates were covered with a calcium car-
bonate fouling layer, as shown in Fig. 7.

Power supply

Stainless steel plate 
working electrode

Water tank

Reference electrode

Nano calcium 
carbonate solution

Fig. 6. Electrochemical fouling preparation system.

4.3. Descaling experiment

The descaling experiments are carried out on the
steel plate covered with a fouling layer, and the system
of the descaling experiment is presented in Fig. 8.
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Fig. 7. Seven steel plates with calcium carbonate fouling before the descaling experiment.

Power amplifier

Osciloscope

Water tank

DAQ

Steel plate

Transducer
PC

Fig. 8. System of the descaling experiment.

The digital signal is programmed by LabVIEW on
a personal computer (PC) and converted into a voltage
signal by a digital acquisition card (NI USB-6366). The
amplitude of the voltage signal is increased to 400 Vp−p
by the power amplifier (HFVP-83A) to drive the trans-
ducer, which converts an electrical signal into mechan-
ical vibration based on the piezoelectric effect. In the
water tank, one end of the plate covered with fouling is
dipped into the water, and the transducer is attached
to the other end of the plate. A single 45○ beam angle
transducer is used to generate UGWs in the plate.

Pressure waveforms at different frequency combina-
tions are shown in Fig. 9. In the case of the same input
amplitude, the output peak negative pressure of a dual-
frequency signal is

√
2 times the single-frequency sig-

nal, and the output peak value of the tri-frequency signal
is
√
3 times the single-frequency signal (Suo et al.,

2015).
In the following experiment, A0 =√2A1 =√3A2 is

used to ensure equal power generated between single-
frequency, dual-frequency, and triple-frequency excita-
tions. In the single-frequency descaling experiment, the
input signal is a sinusoidal continuous signal:

s(t) = A0 sin (2πft) , (9)

where f is the sinusoidal signal frequency: 22.480 or
36.093 or 4.437 kHz, and A0 is the amplified amplitude
of the voltage signal.
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Fig. 9. Pressure waveforms at different frequency combina-
tions: a) 22.480 kHz; b) 22.480 + 36.093 kHz; c) 22.480 +

36.093 + 41.289 kHz.

In the dual-frequency descaling experiment, the in-
put signal is a sinusoidal dual-frequency continuous
signal:
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s(t) = A1 sin (2πf1t) +A1 sin (2πf2t), (10)

where
f1 = 22.480 kHz, f2 = 36.093 kHz or f1 = 36.093 kHz,
f2 = 41.289 kHz or f1 = 22.480 kHz, f2 = 41.289 kHz,
and A1 is the amplified amplitude of the voltage signal.

In the triple-frequency descaling experiment, the
input signal is a sinusoidal triple-frequency continuous
signal:

s(t) = A2 sin (2πf1t) +A2 sin (2πf2t)
+A2 sin (2πf3t), (11)

where
f1 = 22.480 kHz, f2 = 36.093 kHz, f3 = 41.289 kHz, and
A2 is the amplified amplitude of the voltage signal.

There are seven different incentive modes in this
experiment. To express the incentive modes of expe-
riments more clearly and conveniently, different experi-
ments are numbered, as shown in Table. 2.

Table 2. Corresponding number of different
incentive modes.

Frequency [kHz] Serial number

22.480 S1

36.093 S2

41.289 S3

36.09, 41.289 D1

22.48, 36.09 D2

22.48, 41.289 D3

22.480, 36.093, and 41.289 T1

Seven descaling results after 40 minutes of the ex-
periment are shown in Fig. 10. Among them, the stain-
less steel plates numbered 1–3 show the experimen-
tal results under the excitation modes S1–S3, and the
plates 4–6 show the experimental results under the ex-
citation modes D1-D3, the case numbered 7 shows the
experimental result under the excitation mode T1.

It can be seen that descaling regions show different
results. Under the single-frequency excitation mode,
the removed fouling area is relatively low, which in-
dicates that the descaling effect is poor. Compared

Fig. 10. Descaling results under different excitation modes: a)–c) single-frequency; d)–f) dual-frequency; g) triple-frequency.

with the above single-frequency excitation mode, in
the dual-frequency excitation mode, the removed foul-
ing area accounted for a higher proportion, which
shows that the descaling effect is improved. Under
the three-frequency excitation mode, CaCO3 fouling
is eliminated, and the removed fouling area accounted
for the highest proportion and the descaling effect was
the best.

To quantitatively analyze the descaling result, the
removal rate is introduced as:

Removal rate = Wr

Wt

, (12)

where Wr is the weight of fouling on a plate, which
is removed in the descaling experiment, and Wt is the
total weight of fouling in the plate before the descaling
experiment.

The removal rate against time in seven descaling
experiments is shown in Fig. 11.

Time [m]

Re
m

ov
al

 ra
te

Fig. 11. Removal rate changes with time in the descaling
experiment.

The removal rate in the seven experiments in-
creased with time. However, the growth rates of descal-
ing are different under different excitation conditions,
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resulting in the aliasing of the curves of the descal-
ing rate. However, the final descaling rate showed an
increasing trend from S1 to T1. Detailed data in the
descaling experiments are listed in Table 3.

Table 3. Removal rate of descaling experiments.

Excitation mode
Wt

[g]
Wr

[g]
Removal rate

[%]

S1 1.6 0.7 43.75

S2 1.6 0.8 50.00

S3 1.4 0.8 57.14

D1 1.7 1.0 58.82

D2 1.3 0.8 61.54

D3 1.4 0.9 64.29

T1 1.5 1.2 80.00

According to Table 3, the final removal rate in the
triple-frequency experiment is higher than that of dual-
frequency and single-frequency modes. The descaling
rate of dual-frequency is higher than that of single-
frequency. It can be concluded that multi-frequency
excitation may improve the efficiency of descaling.

5. Discussion

This paper focuses on plate descaling methodology
under multi-frequency UGWs by simulation and ex-
periments. A numerical simulation method was used
to determine the distribution of acoustic pressure on
the plate under different frequency combinations. Ac-
cording to the simulation results, the distribution of
sound pressure on the plate under triple-frequency ex-
citation is denser and more prone to cavitation than
in single-frequency and dual-frequency cases, which is
beneficial for the descaling process. In the descaling ex-
periments, the stainless steel plate is immersed in wa-
ter and the UGWs propagate along the surface of the
stainless steel plate. The leakage energy causes the cav-
itation effect on the surface of the steel plate. The ex-
perimental results show that the descaling rate under
triple-frequency UGWs excitation is higher than dual-
frequency, and that under dual-frequency UGWs exci-
tation is higher than that under single-frequency. With
the increase in frequency number of UGWs, the foul-
ing removal rate on stainless steel plates is gradually
improved with 40 mins removal time, and the fouling
removal is more uniform. Therefore, multi-frequency
UGWs excitation can improve the descaling effect.

6. Conclusion

A new descaling methodology for plate structure
based on UGWs was proposed in this paper. A 45○

angle beam transducer was used for descaling, and
the working frequencies of the transducer under three
peak values were obtained by pulse calibration. They

are 22.480, 36.093, and 41.289 kHz. The descaling ex-
periment using UGWs with single-frequency excita-
tion showed a low descaling rate and uneven descaling.
With the introduction of the second and third frequen-
cies, the final descaling rate was higher than that of any
single-frequency in the combination and the descal-
ing rate of the triple-frequency was higher than that
of the dual-frequency. Multi-frequency UGWs improve
the descaling rate. This technology can be used to re-
move the surface dirt of steel plates in water, which
is of great significance for industrial production and
environmental protection.

Acknowledgments

This work was funded by the National Natural
Science Foundation of China (grants no. 61873187,
62173246, and 61901299).

References

1. Abu-Zaid M. (2000), A fouling evaluation system for
industrial heat transfer equipment subject to foul-
ing, International Communications in Heat and Mass

Transfer, 27(6): 815–824, doi: 10.1016/S0735-1933(00)
00162-7.

2. Avvaru B., Pandit A.B. (2008), Experimental inves-
tigation of cavitational bubble dynamics under multi-
frequency system, Ultrasonics Sonochemistry, 15(4):
578–589, doi: 10.1016/j.ultsonch.2007.06.012.

3. Chen D., Weavers L.K., Walker H.W., Len-

hart J.J. (2006), Ultrasonic control of ceramic mem-
brane fouling caused by natural organic matter and si-
lica particles, Journal of Membrane Science, 276(1–2):
135–144, doi: 10.1016/j.memsci.2005.09.039.

4. Deptuła A., Kunderman D., Osiński P., Radziwa-

nowska U., Włostowski R. (2016), Acoustic diag-
nostics applications in the study of the technical con-
dition of the combustion engine, Archives of Acoustics,
41(2): 345–350, doi: 10.1515/aoa-2016-0036.

5. Feng R., Zhao Y., Zhu C., Mason T.J. (2002),
Enhancement of ultrasonic cavitation yield by multi-
frequency sonication, Ultrasonics Sonochemistry, 9(5):
231–236, doi: 10.1016/S1350-4177(02)00083-4.

6. Gholivand Kh., Khosravi M., Hosseini S.G.,
Fathollahi M. (2010), A novel surface cleaning
method for chemical removal of fouling lead layer from
chromium surfaces, Applied Surface Science, 256(24):
7457–7461, doi: 10.1016/j.apsusc.2010.05.090.

7. Habibi H. et al. (2016), Modelling and empirical de-
velopment of an anti/de-icing approach for wind tur-
bine blades through superposition of different types of
vibration, Cold Regions Science and Technology, 128:
1–12, doi: 10.1016/j.coldregions.2016.04.012.

8. Inoue D., Hayashi T. (2015), Transient analysis of
leaky Lamb waves with a semi-analytical finite ele-
ment method, Ultrasonics, 62: 80–88, doi: 10.1016/
j.ultras.2015.05.004.

https://doi.org/10.1016/S0735-1933(00)00162-7
https://doi.org/10.1016/S0735-1933(00)00162-7
https://doi.org/10.1016/j.ultsonch.2007.06.012
https://doi.org/10.1016/j.memsci.2005.09.039
https://doi.org/10.1515/aoa-2016-0036
https://doi.org/10.1016/S1350-4177(02)00083-4
https://doi.org/10.1016/j.apsusc.2010.05.090
https://doi.org/10.1016/j.coldregions.2016.04.012
https://doi.org/10.1016/j.ultras.2015.05.004
https://doi.org/10.1016/j.ultras.2015.05.004


M. Huang et al. – Removal of Fouling from Steel Plate Surfaces Based. . . 601

9. Kim J.O., Kim J.H., Choi S. (1999), Vibroacoustic
characteristics of ultrasonic cleaners, Applied Acous-

tics, 58(2): 211–228, doi: 10.1016/S0003-682X(98)
00039-5.

10. Kovarik V. (1995), Distributional concept of the
elastic-viscoelastic correspondence principle, Journal

of Applied Mechanics, 62(4): 847–852, doi: 10.1115/
1.2896010.

11. Krautkrämer J., Krautkrämer H. (2013), Ultra-

sonic Testing of Materials, 4th ed., Springer Science &
Business Media, Berlin, Heidelberg.

12. Krzyzanowski M., Yang W., Sellars C.M., Bey-

non J.H. (2013), Analysis of mechanical descaling:
and modelling approach experimental, Metal Science

Journal, 19(1): 109–116, doi: 10.1179/02670830322
5008545.

13. Kudryashova O.B., Vorozhtsov A., Danilov P.
(2019), Deagglomeration and coagulation of particles
in liquid metal under ultrasonic treatment, Archives of

Acoustics, 44(3): 543–549, doi: 10.24425/aoa.2019.12
9269.

14. Legay M., Allibert Y., Gondrexon N., Boldo P.,
Le Person S. (2013), Experimental investigations of
fouling reduction in an ultrasonically-assisted heat ex-
changer, Experimental Thermal and Fluid Science, 46:
111–119, doi: 10.1016/j.expthermflusci.2012.12.001.

15. MacAdam J., Parsons S.A. (2004), Calcium carbon-
ate scale formation and control, Review in Environ-

mental Science & Bio/Technology, 3: 159–169, doi:
10.1007/s11157-004-3849-1.

16. Mason T.J. (2016), Ultrasonic cleaning: An historical
perspective, Ultrasonics Sonochemistry, 29: 519–523,
doi: 10.1016/j.ultsonch.2015.05.004.

17. Mazzotti M., Marzani A., Bartoli I. (2014), Dis-
persion analysis of leaky guided waves in fluid-loaded
waveguides of generic shape, Ultrasonics, 54(1): 408–
418, doi: 10.1016/j.ultras.2013.06.011.

18. Nguyen T.T., Asakura Y., Koda S., Yasuda K.
(2017), Dependence of cavitation, chemical effect, and
mechanical effect thresholds on ultrasonic frequency,
Ultrasonics Sonochemistry, 39: 301–306, doi: 10.1016/
j.ultsonch.2017.04.037.

19. Pečnik B., Hočevar M., Širok B., Bizjan B. (2016),
Scale deposit removal by means of ultrasonic cavita-
tion, Wear, 356: 45–52, doi: 10.1016/j.wear.2016.03.012.

20. Qu Z. et al. (2019), A descaling methodology for a wa-
ter-filled pipe based on leaky guided ultrasonic waves
cavitation, Chemical Engineering Research and Design,
146: 470–477, doi: 10.1016/j.cherd.2019.04.027.

21. Rizzo F.J., Shippy D.J. (1971), An application of the
correspondence principle of linear viscoelasticity theory,
SIAM Journal on Applied Mathematics, 21(2): 321–
330, doi: 10.1137/0121034.

22. Sato H., Lebedev M., Akedo J. (2007), Theoret-
ical investigation of guide wave flowmeter, Japanese

Journal of Applied Physics, 46(7S): 4521, doi: 10.1143/
JJAP.46.4521.

23. Shchukin D.G., Skorb E., Belova V., Moehwald H.
(2011), Ultrasonic cavitation at solid surfaces, Advan-

ced Materials, 23: 1922–1934, doi: 10.1002/adma.20
1004494.

24. Shima A. (1971), The natural frequencies of two spher-
ical bubbles oscillating in water, Journal of Fluids En-

gineering, 93(3): 426–431, doi: 10.1115/1.3425268.

25. Somerscales E.F.C. (1990), Fouling of heat transfer
surfaces: An historical review, Heat Transfer Engineer-

ing, 11(1): 19–36, doi: 10.1080/01457639008939720.

26. Suo D., Govind B., Zhang S., Jing Y. (2018), Nu-
merical investigation of the inertial cavitation thresh-
old under multi-frequency ultrasound, Ultrasonics So-

nochemistry, 41: 419–426, doi: 10.1016/j.ultsonch.
2017.10.004.

27. Suo D., Guo S., Lin W., Jiang X., Jing Y. (2015),
Thrombolysis using multi-frequency high intensity fo-
cused ultrasound at MHz range: An in vitro study,
Physics in Medicine & Biology, 60(18): 7403–7418, doi:
10.1088/0031-9155/60/18/7403.

28. Suslick K.S. et al. (1999), Acoustic cavitation and its
chemical consequences, Philosophical Transactions of

the Royal Society of London. Series A: Mathematical,

Physical and Engineering Sciences, 357(1751): 335–
353, doi: 10.1098/rsta.1999.0330.

29. Wu J.-H., Chao L. (2011), Effects of entrained air
manner on cavitation damage, Journal of Hydrodynam-

ics, 23(3): 333–338, doi: 10.1016/S1001-6058(10)60
120-5.

30. Zhu R., Huang G.L., Huang H.H., Sun C.T. (2011),
Experimental and numerical study of guided wave
propagation in a thin metamaterial plate, Physics Let-

ters A, 375(30–31): 2863–2867, doi: 10.1016/j.physle
ta.2011.06.006.

https://doi.org/10.1016/S0003-682X(98)00039-5
https://doi.org/10.1016/S0003-682X(98)00039-5
https://doi.org/10.1115/1.2896010
https://doi.org/10.1115/1.2896010
https://doi.org/10.1179/026708303225008545
https://doi.org/10.1179/026708303225008545
https://doi.org/10.24425/aoa.2019.129269
https://doi.org/10.24425/aoa.2019.129269
https://doi.org/10.1016/j.expthermflusci.2012.12.001
https://doi.org/10.1007/s11157-004-3849-1
https://doi.org/10.1016/j.ultsonch.2015.05.004
https://doi.org/10.1016/j.ultras.2013.06.011
https://doi.org/10.1016/j.ultsonch.2017.04.037
https://doi.org/10.1016/j.ultsonch.2017.04.037
https://doi.org/10.1016/j.wear.2016.03.012
https://doi.org/10.1016/j.cherd.2019.04.027
https://doi.org/10.1137/0121034
https://doi.org/10.1143/JJAP.46.4521
https://doi.org/10.1143/JJAP.46.4521
https://doi.org/10.1002/adma.201004494
https://doi.org/10.1002/adma.201004494
https://doi.org/10.1115/1.3425268
https://doi.org/10.1080/01457639008939720
https://doi.org/10.1016/j.ultsonch.2017.10.004
https://doi.org/10.1016/j.ultsonch.2017.10.004
https://doi.org/10.1088/0031-9155/60/18/7403
https://doi.org/10.1098/rsta.1999.0330
https://doi.org/10.1016/S1001-6058(10)60120-5
https://doi.org/10.1016/S1001-6058(10)60120-5
https://doi.org/10.1016/j.physleta.2011.06.006
https://doi.org/10.1016/j.physleta.2011.06.006




Archives of Acoustics Vol. 48, No. 4, pp. 603–627 (2023), doi: 10.24425/aoa.2023.146822

Chronicle

LXIX Open Seminar on Acoustics
Karpacz, Poland, September 25 – 29, 2023

On September 25–29, 2023, the LXIX Open Sem-
inar on Acoustics OSA2023 was held in Karpacz.
The conference was organized by the Wroclaw Branch
of the Polish Acoustical Society (PTA). Simultane-
ously with the OSA2023 conference two accompa-
nying events were held: Signal Processing Sympo-
sium SPSympo23 and 5th Polish-German Structured
Conference on Acoustics PGSCA2023. 240 specialists
from Poland and abroad took part in the OSA2023,
SPSympo23, and PGSCA23 conferences delivering 96
papers and 6 plenary presentations.

Abstracts

Acoustic insulation tests of a multi-layer composite
modified with rubber recyclate

Norbert Abramczyk1 (n.abramczyk@wm.umg.edu.pl),
Daria Żuk1, Piotr PJ Jakubowski2

1 Gdynia Maritime University
Gdynia, Poland
2 Maritime Advanced Research Centre
Gdańsk, Poland

The paper presents acoustic studies of a multilayer com-
posite made on the basis of Synolite 1967-G-1 polyester
resin and glass fabric with a three-way arrangement of
±45○, Triaxial type and a weight of 860 g/m2. As an ad-
dition, rubber recyclate created in the process of disposal
of car tires was used. The material was made using the
vacuum infusion method. By vacuum lamination, compos-
ite materials were produced in the form of plates with
the addition of rubber recyclate in four variants of the
amount of recyclate used in the produced composite –
20%, 30%, 40% and 50%. Each variant contained 6 lay-
ers of fabric and five layers of rubber recyclate. The sam-
ples were tested in the vibroacoustic laboratory on a ded-
icated measuring station of the reverberation chamber as-
sembly without lateral transmission, in which the specific
acoustic insulation R was determined in accordance with
PN-EN ISO 10140-2 and related standards, i.e. PN-EN
ISO 10140-1, PN-EN ISO 10140-4, PN-EN ISO 10140-5
and PN-EN ISO 717-1. All manufactured variants of the
composite material with the addition of rubber recyclate
were characterized by acoustic insulation in the range of
Rw = (32.5 ÷ 39.5) dB. High sound insulation parameters

for tested panels up to 12 mm thick constitute a barrier
to counteracting the spread of unwanted airborne noise.
Combined with good mechanical properties such as tensile
strength, toughness and hardness, they form the basis for
the easy design of all shields in many industries. The use
of rubber recyclate obtained in the process of disposal of
car tires has a positive impact on improving environmental
protection.

⋆ ⋆ ⋆
Sound propagation experiments
in the western baltic sea

Jan Abshagen (janabshagen@bundeswehr.org),
Christian Haak

Bundeswehr Technical Center for Ships and Naval Weapons
Maritime Technology and Research (WTD 71)
Schleswig-Holstein, Deutschland

Sound propagation in the Baltic Sea exhibits special
characteristics due to complex oceanographic conditions in
this area. In the last two decades experiments on sound
propagation in the Baltic sea have been predominately
performed east of the Darss Sill. Compared to the cen-
tral Baltic Sea, the coastal areas of the western Baltic Sea,
like the Kiel bay, are much shallower and display differing
oceanographic conditions, mainly due to the salinity distri-
bution. The oceanography of the western Baltic Sea gives
rise to specific sound propagation conditions. Experiments
on the transmission loss, as well as on spatial and tem-
poral variability in the shallow water area of the Kiel bay
are presented. In order to examine the sound field prop-
erties within the water column, distributed receiver buoys
and a vertical hydrophone array were utilized. A stationary,
as well as a towed sound source were employed as sound
projectors. The sound propagation experiments were con-
ducted with RV ELISABETH MANN BORGESE (Insti-
tute for Baltic Sea Research, IOW).

⋆ ⋆ ⋆
Diagnosis of acoustic hazards of the environment
and its identification problems

Wojciech Michał Batko (batko@agh.edu.pl)

Academy of Applied Sciences in Krosno
Krosno, Poland

The problems of control and control of the state of
acoustic hazards of the environment have a certain unrecog-
nized scientific and application potential. This is because its
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identification research dimension has a number of specific
properties. They shape the performance peculiarities of the
model process, describing the recognized mechanisms: noise
generation and propagation, classification of noise hazard
states and their forecasts.

Failure to comply with the methodological require-
ments inherent in identification tasks aimed at: the genesis
classification and prognosis of the state of environmental
noise hazards – in a manner consistent with their percep-
tion by humans – is currently the source of a number of
paradoxes and related errors of interpretation.

The speech will review them. The correctness of the
decibel algebra will be analyzed, and its corrections will be
proposed, opening up new fields of research for the diag-
nosis of the state of acoustic hazards. The role of proper
selection of metrics for decibel comparisons of measurement
results, in the process of classifying the state of noise haz-
ards, is outlined. It was found that the currently used Eu-
clidean distance measures in such a process can raise signif-
icant objections. Related: methodological, interpretive and
application implications are outlined.

The need for new measures for the analysis of compar-
isons and exceedances of permissible sound levels, free from
the limitations of current control practice, was pointed out.

The issues analyzed in the paper were supplemented by
an analysis of the problems present in the estimation of the
uncertainty of research diagnoses, present in the practice of
controlling the state of acoustic hazards of the environment,
and the presentation of paths leading to their solution.

⋆ ⋆ ⋆
A new, bio-inspired microphone design

Daniel Beer1 (daniel.beer@idmt.fraunhofer.de),
Andreas Männchen1, Claudia Lenk2,
Martin Ziegler2, Tzvetan Ivanov2

1 Fraunhofer IDMT
Ilmenau, Germany
2 TU Ilmenau
Ilmenau, Germany

Diverse trending technologies such as the voice control
of machines or automatic acoustic condition monitoring are
creating an ever-increasing demand for a microphone tech-
nology that is well-suited to as many different sound situa-
tions as possible. This article presents a novel bio-inspired
microphone and uses measurements to estimate its poten-
tial, compared to conventional microphones, as an acoustic
sensor in future applications.

⋆ ⋆ ⋆
The potential of liquid marbles and Pickering
droplets as templates for colloidal capsules

Rafał Bielas (rafal.bielas@amu.edu.pl),
Tomasz Kubiak, Arkadiusz Józefczak

Adam Mickiewicz University
Poznań, Poland

One of the challenges in biomedical applications is
the efficient protection of active substances (e.g., drug
molecules) and precise delivery to the site of interest when
a patient is under treatment or medical diagnostics. Cap-
sules of rigid and dense shells can efficiently preserve the

active substances. They can be fabricated from droplets
coated with solid particles suspended in a carrier liquid
(known as Pickering droplets). Another potential strategy
is using so-called liquid marbles, which are droplets covered
with particles but suspended in the air.

In the presentation, I will discuss the production of
Pickering droplets and liquid marbles based on magnetic
fluids. When exposed to a high-frequency alternating mag-
netic field, these droplets provide the basis for capsule for-
mation. In the tested systems, polymer micro-particles con-
stituting a shell around the droplets change their properties
when influenced by generated heat in magnetic hyperther-
mia. Then, droplets formed in this way can be manipulated
using a constant (DC) magnetic field and filled with an
active substance, such as an antibiotic suspension. The re-
sults from our research will be supplemented with examples
from the literature demonstrating the potential of droplets
in the transport and release of active substances triggered
by, among others, high-intensity ultrasound.

The presentation will also provide further possibilities
in this area, including the control of droplet manipulation
processes using ultrasound techniques and the active sub-
stance release from the droplets by ultrasound and con-
trolled by electron paramagnetic resonance (EPR) tech-
niques.

⋆ ⋆ ⋆
Comparison of the acoustic parameters
of the commercial ceiling swirl diffusers
with the prototype model

Grzegorz Bogusławski (grzegorz.boguslawski@p.lodz.pl),
Joanna Maria Kopania, Patryk Gaj, Kamil Wójciak
1 Lodz University of Technology
Lodz, Poland
2 Instytut Energetyki
Łódź, Poland

Understanding the behaviour of the airflow in venti-
lated rooms is essential for architects in order to provide
the most efficient ventilation system and also for users
of the rooms. In mechanical ventilation, it is necessary to
control air quality in the human-occupied zone and this can
be achieved by air diffusers of different kinds also called
ATD’s (air terminal devices) – a general term used to
describe supply, exhaust or transfer diffusers and grilles.
These units in ventilation systems are important because
they create a swirl to supply air to rooms where people
are and allow mixing flow ventilation in the comfort zone.
But inside buildings fitted with air-conditioning systems,
the majority of the noise comes from the air, i.e. caused
by the movement and distribution of air between ducts
and from the ducts into different areas through vents, dif-
fusers and return grilles. In this work, an aeroacoustic study
of four commercial adjustable-blade ceiling swirl diffusers
and compare with prototype one was performed. Two po-
sitions of adjustable-blade, fully opened and by 45 angles,
were performed. The objects were installed on the stan-
dard plenum box with a side entry without the regula-
tion damper. The prototype blade was printed by the 3D
printer. The aeroacoustics parameters were set out accord-
ing to ISO 5135 in the reverberation room.

⋆ ⋆ ⋆
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Evaluation of the impact of a leak on the sound
transmission loss of a building partition
using sound intensity measurements

Romuald Bolejko (romuald.bolejko@pwr.edu.pl),
Wrocław University of Technology
Wrocław, Poland

Leaks in building partitions, e.g. at the point of their
connection or in the form of poorly filled joints, can sig-
nificantly affect the resultant sound transmission loss. For
partitions in existing buildings with potential leaks, a leak
identification method and, above all, a way of assessing the
impact of such a leak on their parameters are needed. In
this paper, a new method of evaluating the impact of leak-
age on the resultant sound transmission loss of the partition
based on sound intensity distribution measurements was
proposed. The tested building element is represented by
two-element partition: a tight element and a leak of a cer-
tain area and sound insulation. The relationship between
the sound transmission loss of a tight partition and the leak
is determined on the basis of the measurement of the sound
intensity distribution on the surface of the tested element
with a leak. Once the relationship is defined, it is possible
to predict the recovery of sound transmission loss of the
partition as a result of removing the leak.

The paper presents the developed methodology and
the results of its verification based on the measurement
of sound insulation of a homogeneous partition, with and
without leak, using the sound pressure method and the
sound intensity method. Measurements were carried out in
downscaled reverberation chambers with scale 1:4. A homo-
geneous MDF board was used with the leakage in the form
of holes of a specific diameter. The measurement results
were also compared to the values obtained by calculation
using well-known Gomperts model of sound transmission
loss of the partition with a leak. The measurements and
calculations confirmed the possibility of determining the
impact of leakage on the resultant sound insulation based
only on the measurement of the sound intensity distribu-
tion on the surface of the tested partition.

⋆ ⋆ ⋆
Objective assessment of the speech signal quality
broadcasted by local digital radio in selected
locations in Wroclaw

Stefan Brachmański1 (stefan.brachmanski@pwr.edu.pl),
Maurycy J. Kin1, Natalia Rurzyńska2

1 Wrocław Univesity of Science and Technology
Wrocław, Poland
2 KFB Acoustics
Wrocław, Poland

The development of digital radio, observed in recent
years, and the advantages offered by this medium are re-
sulting in the expansion of the audience. In order to ensure
the proper quality of broadcasting, it is necessary to mon-
itor this quality. The assessment based on listening tests
is very expensive and organizationally inconvenient. The
development of methods for objective evaluation of sig-
nals makes it possible to monitor the quality of transmit-
ted content, without the need for troublesome procedures
associated with subjective evaluation. The good correla-

tion of subjective evaluation results and objective measure-
ments in the transmission of perceptually encoded signals,
reported in the literature, may allow for random quality
monitoring. The authors decided to test the feasibility of
using two objective evaluation methods to assess the qual-
ity of the speech signal transmitted on digital radio by
comparing the results obtained with the result of subjective
evaluation.The paper presents the results of objective mea-
surements of speech quality transmitted via Digital Audio
Broadcasting+ in Wroclaw agglomeration. Measurements
have been done in various city sites in order to determine
the influence of the location on speech quality. The ob-
tained results of the assessment performed by the use of
two methods of testing: PESQ and POLQA, allowed to find
a correlation between the objective and subjective results
of quality evaluations. The method of objective testing may
be used for monitoring the quality of signals in Digital Au-
dio Broadcasting networks especially spoken broadcasts.

⋆ ⋆ ⋆
Residual convolutional neural network
for continuous identification of aircraft noise

Michal J. Bukala1 (michal.bukala@polsl.pl),
Artur Nowoświat1, Andrzej Chyla2

1 Silesian University of Technology
Gliwice, Poland
2 SVANTEK
Warsaw, Poland

Continuous aircraft noise monitoring systems are the key
to a strategic approach to noise management in the vicinity
of airports and helipads. They support shaping the spatial
distribution of the emitted noise, e.g. by providing data to
optimize the use of approach and departure paths, the dis-
tribution of aircraft types during the day etc. in the annual
perspective, taking into account alterations in the airport
operating patterns and the fleet served.

In the single-operation scope noise monitoring systems
allow for indicating anomalous aircraft movements which
often become an issue from the perspective of a local com-
munity, and thus are of interest to airport authorities.

The latter class of problems requires a system to
quickly, automatically and accurately identify whether the
limit-exceeding noise event is caused by the aircraft oper-
ation. Due to the often delayed access to airport opera-
tion logs, the system should operate with minimal or no
non-acoustic data. The paper proposes the architecture of
a noise detection method, meeting the above requirements
and attempts to assess its effectiveness.

Proposed approach involves using the residual convo-
lutional neural network for solving the task. The network
operates on 1/3 octave noise input data, returning the sim-
ilarity of the input sound to the aircraft noise.

The accuracy of the proposed method determined for
a single data frame using mixture of real-life measurements
exceeds 95% for a frame length of at least 30 seconds.

The proposed method gives promising enough results
that it can be implemented in a test environment on
a larger scale. In parallel, further work is progressing, fo-
cusing mainly on improving the quality of training data
and fine-tuning the hyperparameters of the network.

⋆ ⋆ ⋆
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Research in the use of metamaterial
sound-absorbing structures in electroacoustics

Bartłomiej Chojnacki (bchojnacki@agh.edu.pl),
Aleksandra Chojak, Jan Pawlik,
Wojciech Binek, Julia Idczak

AGH University of Krakow
Kraków, Poland

The metamaterial structures in sound absorbers’ role
have increased in popularity in many acoustic applica-
tions. However, electroacoustics’s most popular absorber
type is still porous material such as polyester fibers or
acoustic foam. This paper will present the recent finding
on the possibility of application for metamaterial acoustic
absorbers dedicated to selected features in loudspeaker en-
closures, such as standing wave attenuation or absorption
of diaphragm backpropagation. The selected applications of
metamaterial optimized structure will be demonstrated
through numerical simulation and experimental measure-
ments. The optimized structures for the selected appli-
cation were modeled using COMSOL Multiphysics FEM
modeling and Transfer Matrix Method calculation. The se-
lected aspects of sample preparation produced in the 3D
printing technique with different technologies of printing
will be discussed, as well as the required postprocessing for
this type of prototyping technique. We have used the most
common rapid prototyping methods, such as FDM, DLP,
and SLS, with different mechanical modifications and post-
processing to best match the modeling results in measure-
ments on the impedance tube. The summary will provide
feedback on the current stage of metamaterial structures
applications in electroacoustics and difficulties in this re-
search topic.

The project was funded and supported by the Polish Gov-
ernment, National Centre of Research and Development,
agreement no. LIDER/11/0065/L-12/20/NCBR/2021.
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The simulation of the influence of the Doppler
effect on wideband hydroacoustic signals

Zuzanna Cymerman (zuzannacymerman1@gmail.com),
Iwona Kochańska

Gdańsk University of Technology
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In Underwater Acoustic Communications (UAC) the
Doppler effect, that results from the mutual motion of
the system’s transmitter and receiver, as well as the sig-
nal’s reflection from the waves forming on the water sur-
face, causes significant distortions of the signal reaching the
receiver and reduces the achievable Bit Error Rate (BER)
of the data transmission.

The article presents the design and implementation of
the simulator of the Doppler effect influence on wideband
hydroacoustic signals. The simulator implements two meth-
ods of modeling the influence of the Doppler effect. First
of which consists of shifting the spectral components of
the signal, the second – the compression or expansion of the
signal in the time domain. Differences in simulation results
obtained with both methods for wideband signals used in
UAC systems are presented.

⋆ ⋆ ⋆

Sound power level as a means of effectiveness
of distributed mode loudspeakers

Karol Czesak (charles35.41@gmail.com),
Piotr Kleczkowski

AGH University of Krakow
Kraków, Poland

Distributed Mode Loudspeakers (DMLs) are character-
ized by properties, which make them significantly different
from – commonly used – conventional electrodynamic loud-
speaker with a pistonic diaphragm. Such differences occur
due to the design assumptions of the DML, which are to-
tally differing from design principles of conventional loud-
speakers. The vibrations of DML consist of bending waves
traveling across the rectangular surface of the loudspeaker.
That is the cause, why transducers of this type present fre-
quency characteristics with sharp local minima occurring
at various frequencies, depending on the angle between the
loudspeaker’s surface and a measurement microphone. Be-
cause of such a property DML produce an acoustic field
which is diffusive in the proximity of the loudspeaker. Also,
the directivity characteristics of the DML are differing from
those related to pistonic loudspeakers. The previous works
of these authors have shown that the strongest radiation
did not occur at the axis of the transducer, which leads to
a conclusion that the Sound Pressure Level measured on
the axis of the loudspeaker ought not be conceived as the
reference level when normalizing measurement results and
calculating directivity specifications.

In this work, a series of sound pressure level measure-
ments of DML in a reverberation chamber has been carried
out, which were compared with analogous ones, carried out
for a conventional electrodynamic loudspeaker. In further
steps – sound power level, according to ISO 3741:2010 stan-
dard was determined from the results of conducted mea-
surements for both types of transducers. The sound power
level was calculated in 1/3 octave bands, for the filtered
pink noise excitation of constant amplitude. It may be con-
cluded, that the sound power level obtained with these two
different types of loudspeakers is not significantly differing
between each other, despite of various operating principles
of transducers.

⋆ ⋆ ⋆
Molecular structure and thermophysical properties
of ionanofluids

Marzena H. Dzida (marzena.dzida@us.edu.pl)

University of Silesia in Katowice
Katowice, Poland

Investigated ionanofluids are hybrid systems composed
of multi-walled carbon nanotubes dispersed in ionic liquids
by ultrasonication method. They exhibit a range of desir-
able properties, including improved thermal conductivity,
nonflammability as well as high chemical and thermal sta-
bility, making them efficient and safe heat transfer media.
In particular, a remarkable increase in thermal conductiv-
ity was observed for ionanofluids based on C-sp2 rich, long,
crystalline multi-walled carbon nanotubes. The structural,
cryo-transmission electron microscopic studies revealed the
existence of subzipping effect of long multi-walled carbon
nanotube networks in ionic liquids as a result of interactions
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between two neighboring nanotubes which fragmentarily
coalescent by the ionic liquid nanolayers, i.e. intertube zip-
ping together with locally unzipped individual pairs of nan-
otubes and/or longitudinally unzipped nanotubes. The en-
ergy of interactions between the carbon nanotube walls and
ionic liquids, obtained from the molecular dynamics simu-
lations, indicated that the formation of carbon nanotube
networks, separated by a layer of ions, was thermodynam-
ically favorable. Additionally, the correlation between the
ID/IG and ID/I2D integrated intensity ratios in the Ra-
man spectra suggested the formation of new covalent bonds
between the ultrasonically induced broken nanotubes and
the most likely cation. Consequently, the molecular perfec-
tion of the multi-walled carbon nanotube structure, along
with its supramolecular arrangement and interactions with
ionic liquid, significantly contribute to the extraordinary
enhancement in thermal conductivity and optimal rheolog-
ical characteristics.

This work was financially supported by the National
Science Centre (Poland) Grant No. 2017/27/B/ST4/02748.

⋆ ⋆ ⋆
Crowd noise spectra for the calculation
of the speech transmission index
for public address systems

Paweł Dziechciński (pawel.dziechcinski@pwr.edu.pl)

Wrocław Univesity of Science and Technology
Wrocław, Poland

Knowledge about interfering noise in the area of cov-
erage is necessary for the correct design of a public ad-
dress system. Acquiring this knowledge for existing build-
ings is possible, for example, by measurements. In the case
of a non-existing or non-operating building, it is possible to
obtain data on the basis of similar buildings. In practice,
knowledge about interfering noise for design purposes is
obtained from the literature, calculated, or using in-house
experience. The sound levels of interfering noise can be
obtained, for example, from BS 5389-1. It is more diffi-
cult to acquire knowledge of the interfering noise spectra,
and as presented in the paper, the spectrum is also impor-
tant for speech intelligibility. For example, for interfering
noise with a sound level of 60 dB, in the free field, for
large distances from the source, the value of the Speech
Transmission Index for Public Address Systems (STIPA)
for noise with a male speech spectrum can be as much as
0.15 greater than for noise with a pink noise spectrum. The
paper attempts to systematise interference spectra occur-
ring in public buildings where public address systems are
most commonly used. As shown in the paper, the error in
determining STIPA for appropriately selected normalised
interfering noise spectra (speech for adequate vocal effort
and white, pink and brown noise), relative to STIPA values
for measurement-acquired noise spectra is relatively small.
The main focus was on crowd noise, in buildings such as
sports arenas and stadiums, waiting rooms, offices, restau-
rants, stores, airport terminals, etc., and interference on
railway platforms. In the study, these analyses were per-
formed by computer simulations using the STIPA statisti-
cal model.

⋆ ⋆ ⋆

Influence of the laboratory measurement method
of the reduction of transmitted impact noise
by covering floors on a heavyweight standard floor
on the result

Leszek Dulak (leszek.dulak@polsl.pl),
Rafał Żuchowski

Silesian University of Technology
Gliwice, Poland

The article presents the results of laboratory measure-
ments of the reduction of transmitted impact noise ∆L by
floor coverings on a heavyweight standard floor. The tests
were carried out for a floating floor with EPS T insulation
in two thicknesses: 43/40 mm and 22/20 mm. Each test was
carried out for two types of screed: cement and anhydrite.
The tests were repeated for an additional screed load sim-
ulating furniture load and without load. An attempt was
made to determine the impact of the lack of load on the test
result and to check whether a small difference in the weight
of the screed significantly affects the result.

⋆ ⋆ ⋆
Reconstruction of source components
from hydroacoustic time series

Andreas Galka (andreasgalka@bundeswehr.org)

Bundeswehr Technical Center for Ships and Naval Weapons
Maritime Technology and Research (WTD 71)
Schleswig-Holstein, Deutschland

Hydroacoustic time series may contain mixtures of
source components originating from natural or artificial
sources. We demonstrate that reconstruction of these com-
ponents can be accomplished by employing the methodol-
ogy of parametric time series analysis. The core element of
the proposed approach is the estimation of models for the
prediction of the given time series, such as autoregressive
moving-average models or state space models. These mod-
els can be generalised for non-stationary situations, such
as gradual fading of sources or time-dependent frequen-
cies, e.g., due to Doppler effects. Estimation of states and
model parameters is implemented by Kalman filtering and
numerical maximisation of the innovation likelihood. As
a result of the proposed approach, source components can
be detected and reconstructed, also in presence of strong
background noise; this is important for the analysis of the
hydroacoustic signature of ships. In some cases, additional
information regarding the sources can be obtained, such as
velocity and distance, or rotation rate of the propeller. As
an additional benefit, parametric estimates of the power
spectrum can be computed, which have attractive proper-
ties, as compared to classical methods for spectral analysis.

⋆ ⋆ ⋆
Comparison of the transitional states
of singing voice registers depending
on the presence of the singer’s formant

Mateusz Gawlik (mateogawel@gmail.com)

AGH University of Krakow
Kraków, Poland

This paper provides an in-depth comparison of the tran-
sitional states of singing voice registers, specifically focusing
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on the influence of the singer’s formant. The singer’s for-
mant, a spectral characteristic usually found in profession-
ally trained singers, is considered crucial in the projection
and resonance of the singing voice. This study examines
how the presence or absence of this formant affects the
transitions between vocal registers, a critical aspect of vo-
cal performance. By presenting a comprehensive analysis,
the paper seeks to broaden understanding of vocal mechan-
ics, potentially informing better training and performance
strategies for singers.

⋆ ⋆ ⋆
Reducing the impact of fundamental frequency
on the HFCC parameters of the speech signal

Stanislaw Gmyrek (stanislaw.gmyrek@pwr.edu.pl),
Robert Hossa, Ryszard Makowski

Wrocław University of Science and Technology
Wrocław, Poland

The voiced parts of the speech signal are shaped by
glottal pulse excitation, the vocal tract, and the speaker’s
lips. Semantic information contained in speech is shaped
mainly by the vocal tract. Unfortunately, the quasiperi-
odicity of the glottal excitation, in the case of HFCC pa-
rameterization, is one of the factors affecting the signif-
icant scatter of the feature vector values by introducing
ripples into the amplitude spectrum. This paper proposes
a method to reduce the effect of the quasiperiodicity of the
excitation on the feature vector. For this purpose, blind
deconvolution was used to determine the vocal tract trans-
fer function estimator and the corrective function of the
amplitude spectrum. Then, based on the obtained HFCC
parameters, statistical models of individual Polish speech
phonemes were developed in the form of mixtures of Gaus-
sian distributions, and the influence of the correction on the
quality of classification of speech frames containing Polish
vowels was investigated.

⋆ ⋆ ⋆
Investigation of tribological interactions influance
on dynamics of optimal surgical robot with DC mo-
tor and PID controller taking into account inputs
from in vitro experiments on cardiovascular tissue

Grzegorz Ilewicz (grzegorz.ilewicz@pw.edu.pl)

Warsaw University of Technology
Warsaw, Poland

Tribological interactions are one of the basic reactions
affecting the course of the drive torque in surgical robot
joints. It is interesting to test out what is the impact of fric-
tion on its dynamics because it gives the possibility to effec-
tive control. Inputs from two in vitro experiments on car-
diovascular tissue were added to optimization model which
include such important physical phenomena as: natural vi-
brations, linear buckling and history of the deformation. It
was assumed that the accuracy of positioning and repeata-
bility of a surgical robot with a serial chain is influenced
by such criteria as: first natural frequency, buckling coeffi-
cient, mass, dynamic safety factor during transient states
and displacement of an end of the effector under the impact
of emerging loads. A vector objective function for these

four criteria was determined and its optimum with the us-
age of finite element method, Pareto fronts and the genetic
algorithm NSGA-II was specified too. For the optimal ob-
tained geometry, a model of dynamics of driving torques
was constructed by using the block diagram method, tak-
ing into the account the inertia tensors and the locations
of masses centers. The electromechanical DC motor model
was added to each joint. PID regulator models were also
added to them and step responses with optimal indicators
of the regulation quality was received using gradient de-
scent method. For a specific mechatronic system of the sur-
gical robot, dynamic friction model was formulated based
on the Lund-Grenoble model equation including the defor-
mation of the cooperating plastic and elastic surfaces, and
including the Stribeck effect.

⋆ ⋆ ⋆
Magnetic Pickering emulsions characterization
by ultrasound attenuation spectroscopy

Bassam M. Jameel (bassam.mufeed.jameel@gmail.com),
Rafał Bielas, Arkadiusz Józefczak

Adam Mickiewicz University in Poznań
Poznań, Poland

A magnetic Pickering emulsion is an emulsion stabilized
by magnetic nanoparticles, that accumulate at the droplet
interface. However, it is crucial to characterize the stabil-
ity of Pickering droplets and determine the shell thickness
from an application perspective. In this research, the ul-
trasound attenuation was measured experimentally, and an
ultrasound scattering theory based on core–shell model was
implemented to analyze the measurement data. The imple-
mented model takes into account the contribution of the
shell on the droplet’s core during ultrasound wave propa-
gation.

The first part of the results focused on the theoret-
ical calculation of ultrasound attenuation for core–shell
model. The change in the ultrasound attenuation values
was observed for different core radii, shell sizes, concen-
trations, and ultrasound frequencies. In the second part of
the results, the core–shell model was used to analyze ultra-
sound attenuation spectra to determine the size of Picker-
ing droplets and shell sizes. We found that the shell thick-
ness varied with various volume concentrations of magnetic
particles in the system. Additionally, we investigated the
formation of Pickering emulsion under the application of
an electric field. The data showed that the thickness of the
shell increased compared to samples before electric field
treatment.

This work was supported by project no. 2019/35/O/
ST3/00503 (PRELUDIUM BIS) of the Polish National Sci-
ence Centre.

⋆ ⋆ ⋆
Contrast-enhanced magneto-motive ultrasound
imaging of sentinel lymph nodes

Katarzyna Kaczmarek1 (katarzyna.kaczmarek@us.edu.pl),
Sandra Sjöstrand2, Marion Bacou3, Adrian Thomson4,
Tomas Jansen5, Susan Moug6, Susan M. Farrington3,
Carmel M. Moran4, Helen Mulvana2

1 Institute of Chemistry, University of Silesia in Katowice
Katowice, Poland
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2 Department of Biomedical Engineering,
University of Strathclyde
Glasgow, UK
3 Institute of Genetics and Cancer, University of Edinburgh
Edinburgh, UK
4 Centre for Cardiovascular Science, University of Edinburgh
Edinburgh, UK
5 Department of Clinical Sciences Biomedical Engineering,
Lund University
Lund, Sweden
6 Department of Surgery, Royal Alexandra Hospital
Scotland, UK

A very crucial step in cancer staging is the process
of identification of cancerous lymph nodes. The absence of
metastases in the sentinel node determines the lower prob-
ability of metastasis in other draining nodes and distant
organs. Commonly used in clinical practice methods, such
as blue dye-, isotope-, and green fluorescence-staining, are
lacking accuracy.

As an alternative to generally used sentinel lymph
node identification methods, Contrast-Enhanced Magneto-
Motive Ultrasound (CE-MMUS) has been proposed. CE-
MMUS uses magnetic microbubbles (microbubbles with
attached magnetic nanoparticles) as contrast agents. Sub-
sequently, a low-frequency alternating magnetic field in-
duces oscillations of magnetic microbubbles to generate
tissue-laden movement. The tissue-laden movement caused
by magnetic microbubbles is tracked and recorded with
a phase and frequency tracking algorithm.

Results showed that the functionalization of microbub-
bles with magnetic nanoparticles does not negatively affect
their applicability as contrast agents, and their presence in
the sentinel lymph node visibly increased its echogenicity.
Derived with the tracking algorithm tissue displacement in-
creased after the addition of magnetic microbubbles com-
pared to displacement caused by magnetic nanoparticles
only. Therefore, the CE-MMUS improved lymph node iden-
tification. Experiments were conducted on mice models in
vivo.

This work was supported by CRUK-grant numbers
A23333/24730.

⋆ ⋆ ⋆
The impact of infrasound on the level of activation

Cezary Kasprzak (cekasp@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

The present study provides a comprehensive analysis of
research data elucidating the impact of infrasound on hu-
man activation levels. The levels of activation were quanti-
fied using the Activation-Deactivation Adjective Check List
a widely recognized self-assessment questionnaire. Experi-
mental studies were conducted in two independent research
scenarios: the experimental study and the control study.
The research procedures were uniform, differing only in
the acoustic stimulus applied. In the experimental study,
an acoustic stimulus with a frequency of f = 13 Hz and
a sound pressure level of SPL = 105 dB (Lin) was employed.
Statistically significant changes in activation level were ob-
tained.

⋆ ⋆ ⋆

Acoustic aspects of the modernization project
of the Pomeranian Philharmonic in Bydgoszcz

Tadeusz Kamisiński (kamisins@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

The comprehensive modernization of the Pomeranian
Philharmonic, planned by the city of Bydgoszcz Ignacy Jan
Paderewski will cover the existing part of the building with
the well-known concert hall with recognized acoustics and
the extension of the building with new rooms. The paper
discusses selected acoustic and functional aspects of rooms
in the context of acoustic parameters of interiors, construc-
tion and testing of acoustic structures and noise protection
of rooms. These solutions fit into a very interesting and
bold architectural design.

⋆ ⋆ ⋆
Acoustic metamaterial design for levelling
the impact of double-wall resonance
on sound insulation

Aleksandra Klimek (aleksandra.klimek@pwr.edu.pl),
Andrzej B. Dobrucki

Wrocław University of Science and Technology
Wrocław, Poland

This paper presents two solutions employing locally res-
onant metamaterial to level the mass-air-mass resonance
impact on the sound insulation. The first operates on the
cantilever beam resonance, and the second uses masses vi-
brating in flexural mode cut out from the additional panel.
Both structures are mounted between two lightweight, hon-
eycomb cardboard panels with a double-wall resonance of
420 Hz. Solutions were analysed numerically for their vi-
bration and acoustic properties and measured in the re-
verberation chamber, resulting in information about the
dispersion curve, effective dynamic mass, and sound insu-
lation. The analytical results of Sound Transmission Loss
(STL) and the experimental measurements of diffused-
field Sound Reduction Index (SRI) proved the existence
of sound-insulation enhancement. The local rise in SRI re-
sulted in an increase of broadband Weighted SRI up to
5 dB.

⋆ ⋆ ⋆
Prediction of effects of impact pile driving noise
on marine fauna in the PEEZ: A comparison
of different scenarios

Zygmunt Klusek (klusek@iopan.gda.pl)
1 IO PAN Sopot
Sopot, Poland

The construction of wind power plants in offshore areas
is usually associated with the generation of high energy and
high sound pressure.

In the Polish Exclusive Economic Zone (PEEZ), the
construction of a complete network of wind power generator
fields is planned, which will result in an increase in the level
of underwater acoustic field both during the construction
phase and during the operation of the generators.

The negative and sometimes destructive impact of high
amplitude and high energy sounds on marine organisms is
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relatively well recognised, at least for some types of animals
such as mammals and some fish species.

Hence, the estimation of the values and extent ranges of
basic metrics of underwater sound associated with piling is
undergoing constant attention from administrative bodies
and is an interesting research topic.

This paper presents the results of modelling studies car-
ried out to predict the ranges of impact of sound associated
with piling on marine organisms.

Numerical modelling of acoustic wave propagation was
carried out using an approximation of the wave equation
in the form of the parabolic equation of acoustics.

The sound sources were located in several planned wind
power plant areas, mainly located north of Słupsk Bank.

Various scenarios were considered to simulate the range
of noise impacts, such as seasonal variations in sound prop-
agation in the basin, pile diameter and/or application of
different sound mitigation methods.

⋆ ⋆ ⋆
The nature of the variability
of the underwater noise field
on the Słupsk Bank

Zygmunt Klusek1 (klusek@iopan.gda.pl),
Aliaksandr Lisimenka
1 IO PAN Sopot
Sopot, Poland
2 Gdynia Maritime Univerity
Gdynia, Poland

Analysis of underwater noise long term measurements
was performed in shallow waters of the Southern Baltic
Sea. Measurements were conducted in the course of sea-
sonal changes of sound propagation conditions from typical
for winter to early summer (from February to beginning of
July). Investigation of similarity between basic noise met-
rics at two points was aimed to establish proper inference
about noise levels in the area. At both sites, broadband
(31.5–16 000 Hz) noise spectra and noise level revealed their
dependency on ship traffic.

The analysis of the dependence of noise level on wind
speed indicated different forms of this dependence in
the two frequency ranges. For frequencies above 800 Hz,
the spectrum level increases with wind speed, while in the
lower frequency range it decreases.

Despite of relatively shallow site of observations occur-
rence of seasonal trends in the level noise in both anthro-
pogenic and natural sources was established, what confirm
and extend earlier reports regarding seasonal changes of
the wind driven noise in the Baltic Sea Deeps.

Thought-provoking short-term periodicities in the noise
level independent of meteorological conditions, but hypo-
thetically dependent on vertical diel fish migrations, has
been identified in some frequency bands.

⋆ ⋆ ⋆
Analysis of asthma patients’ auscultatory sounds

Jędrzej Kociński1 (jedrzej.kocinski@amu.edu.pl),
Honorata Hafke-Dys1,2, Tomasz Grzywalski3,2,
Anna Pastusiak1,2, Adam Biniakowski2,
Krzysztof Szarzyński2

1 Department of Acoustics, Faculty of Physics
Adam Mickiewicz University
Poznań, Poland
2 StethoMe Sp. z o.o.
Poznań, Poland
3 WAVES Research Group
Department of Information Technology
Ghent University
Ghent, Belgium

Asthma is a global chronic disease that poses a signif-
icant burden on public health. The World Health Orga-
nization estimates that approximately 300 million people
worldwide suffer from asthma, and this number is projected
to increase by 100 million by 2025. Childhood asthma is the
most prevalent chronic disease, affecting 10–12% of chil-
dren worldwide and accounting for a significant portion
of the childhood health burden. Despite its high prevalence,
the current treatment outcomes for childhood asthma re-
main inadequate, and preventable deaths occur each year.
Furthermore, diagnostic challenges contribute to both over-
diagnosis and underdiagnosis of childhood asthma.

The current asthma diagnosis is primarily based on the
subjective measurement of respiratory symptoms, which
are reported by patients or their caregivers during routine
clinical visits over an extended period of up to one year.
However, this subjective measurement approach introduces
a high degree of uncertainty into the input data, making
accurate diagnosis challenging.

Objective analysis of respiratory sounds presents a so-
lution for obtaining more precise and reliable diagnostic
data. This study proposes an approach for the objective
analysis of auscultatory signals in asthma patients. By im-
plementing this approach, physicians can obtain more ob-
jective data for asthma diagnosis and improve treatment
outcomes, ultimately reducing the burden of asthma on
public health.

⋆ ⋆ ⋆
The use of psychoacoustic tests
and objective methods of hearing examination
in the study of Alzheimer’s disease patients

Jędrzej Kociński1 (jedrzej.kocinski@amu.edu.pl),
Andrzej Wiecher1, Anna Pastusiak1,
Magdalena Puchalska1, Natalia Sudaj1,
Marcin Górniak2

1 Adam Mickiewicz University
Poznań, Poland
2 Specialist Medical Practice
Poznań, Poland

Background: The prodromal phase of Alzheimer’s dis-
ease (AD) is characterized by the emergence of mild cogni-
tive impairment that falls short of the diagnostic criteria for
dementia. During this phase, individuals commonly exhibit
subtle memory deficits, word-finding difficulties, challenges
in problem-solving, and overall cognitive decline, which of-
ten progress to the development of full-blown Alzheimer’s
dementia. Early identification and intervention during the
prodromal phase are crucial for implementing appropriate
treatment and support strategies that may potentially slow
down disease progression.
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Materials and methods: This study employed a com-
prehensive set of psychoacoustic and objective methods of
hearing examination, ie.: temporal gap detection, ampli-
tude modulation detection, interaural time/level difference
discrimination thresholds, speech reception threshold in
noise, distortion product otoacoustic emissions (DPOAEs),
auditory brainstem responses (ABRs), and auditory evoked
potentials (P300). A small group of patients in different
stages of AD were tested and compared to individuals with
normal hearing.

Results: Considering the fact that only a small group of
patients have been tested so far, case study analyzes were
performed. Overall, when compared to the reference val-
ues, the majority of individuals with AD showed elevated
speech reception thresholds. Moreover, there were notable
elevations observed in temporal gap detection thresholds
and binaural parameters, concomitant with a significant
prolongation of the P300 wave latency, as indicated by ob-
jective measurements.

Conclusions: Although the data collected in this study
did not yield conclusive statistical findings regarding
changes in the measured psychoacoustical parameters in
AD patients, the results are promising. Further research,
incorporating speech, visual, and memory tests, will be con-
ducted to deepen our understanding of the auditory pre-
ception changes associated with AD.

⋆ ⋆ ⋆
Aeroacoustic parameters
of the ceiling swirl diffuser
with prototype adjustable-blades

Joanna Maria Kopania1 (joanna.kopania@p.lodz.pl),
Grzegorz Bogusławski1, Patryk Gaj2, Kamil Wójciak2

1 Lodz University of Technology
Łódź, Poland
2 Instytut Energetyki
Łódź, Poland

For the major part of our lives we are in the indoor air
spend time in artificial climates such as work/home envi-
ronments and transport vehicles. So, clean air in a room is
an essential component for a healthy indoor environment.
Ventilation systems are responsible for exchanging air in
rooms. Devices controlling the room ventilation are called
ATD’s (air terminal devices) – a general term used to de-
scribe supply, exhaust or transfer diffusers and grilles. The
ceiling swirl air diffusers are mechanical devices designed
to control the characteristics of fluid at the entrance to
a thermodynamic open system. These units in HVAC sys-
tems are important because they create a swirl to supply
air to rooms where people are and allow mixing flow ven-
tilation in the comfort zone, but also they are the source
of the noise. In this work, an aeroacoustic study of ceiling
swirl diffusers with prototype manually adjustable air con-
trol blades in two positions, fully opened and by 45 angles,
was performed. The objects were installed on the plenum
box with a side entry without the damper. The prototype
blades using the 3D printer were used to find the one with
lower noise parameters which are set out by measuring ac-
cording to ISO 5135.

⋆ ⋆ ⋆

Design and practical realization of an amplifier
constructed on the basis of Nuvistors
used in the preamplifier circuit

Tomasz Kopciński (253179@student.pwr.edu.pl),
Maurycy J. Kin

Wrocław University of Science and Technology
Wrocław, Poland

The work aims to show the method of designing, practi-
cal realization and measurement of an electroacoustic am-
plifier constructed on the basis of electron tubes, especially
Nuvistors used in the preamplifier circuit. Nuvistor tubes
6N52S were used in the input stage and phase inverter sys-
tem in the self-symmetry system. The single channel of
power amplifier uses a pair of EL84 power pentodes work-
ing in a Push-Pull system. The amplifier also uses a passive
tone control system in the Baxhandall system.

The paper presents the complete stages of designing,
construction and measurements. The realized device and
the measurements as well as the subjective tests confirmed
the possibility of using Nuvistor lamps in devices work-
ing with an acoustic signal. The use of Nuvistors allowed
to reduce the anode voltages compared to the tradition-
ally used ECC83 triodes. Also, the reduction of the dimen-
sions of the device and achieving a frequency bandwidth of
−2.6 dB/+0.0 dB from 20 Hz to 20 kHz, are available.

⋆ ⋆ ⋆
Test stand for study of reverberating plates
with adjustable features

Adam Korytowski (adamkor@agh.edu.pl),
Wojciech Wronka

AGH University of Krakow
Kraków, Poland

Vibrations of plates can be used for synthesis of ar-
tificial reverberation, which is one of the most important
signal processors in audio engineering. This paper describes
a process of creating a test stand for measurements of re-
verberating plates. The stand was assumed to have possi-
bilities to modify the output reverberation signal in percep-
tually significant way by affecting the plate vibrations. The
paper contains description of mechanical and signal parts
of the stand and their way of working as well as how they
can be used in order to achieve differences in the output
reverberation signal. The test stand will allow to examine
how exactly affecting the vibrating plate will affect features
of the reverberation signal.

⋆ ⋆ ⋆
Sound insulation performance
of cube-shaped enclosures

Krzysztof Kosała (kosala@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

The subject of the research described in the article are
the sound insulating properties of a cube-shaped enclo-
sures, the walls of which are made of plates of homogeneous
materials and double-layer baffles. As an enclosure for an
omnidirectional sound source imitating a noisy machine
or device, a prototype test stand for testing the acoustic
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properties of materials and enclosures was used. The three
tested variants were enclosures with walls made of plas-
tic plates, such as polyethylene, solid polycarbonate, and
plates in the form of rigid polyethylene foam. The fourth
variant was an enclosure with walls made of sandwich baf-
fles in the form of a steel plate with a rubber layer glued
on. Calculations of the effectiveness of the enclosure were
carried out using the previously developed theoretical cal-
culation model for Insertion loss (IL). The obtained results
were related to the IL obtained in the course of experimen-
tal tests. The research showed slight discrepancies between
the calculations and the measurement results for almost
all tested materials in the entire frequency range (100–
5000 Hz), with the exception of rigid polyethylene foam,
for which the discrepancies were relatively the largest in
the lower frequency range, i.e. below 400 Hz.

⋆ ⋆ ⋆
Lossy coding and bitrate effects
on changes in formant frequencies
in Japanese and English speech signals

Mateusz A. Kucharski
(mateusz.kucharski@pwr.edu.pl)

Wrocław University of Science and Technology
Wrocław, Poland

Since speaker recognition and verification became heav-
ily used technology, both in professional applications like
forensics and more everyday ones, the question arose: what
factors can impact results of those processes? One thing
that may be important with respect to this subject is lossy
coding, as some of the information contained in an original
file is lost in the coding process. In the era of globaliza-
tion, not only native languages or languages of neighboring
countries are of interest to researchers, but also those quite
far, especially from Asia – the biggest exporter of goods
and services to Europe. Those economic relationships are
usually connected with the interchange of personnel, which
further shortens geographical distance. The article presents
the results that are a continuation of research on the behav-
ior of Japanese language formants. Earlier research looked
at changes to the trajectories of the first and second for-
mants. This article presents the results of research on the
third and fourth formants. The knowledge of these changes
is indicated in the process of speaker identification in foren-
sics using the spectrographic method. At the Department of
Acoustics and Multimedia, Wrocław University of Science
and Technology and in many centers around the world, the
auditory-spectrographic method is used, which is a com-
bination of the aural and spectrographic methods. In the
spectrographic part, a person is identified on the basis of
a comparison of the formants’ trajectory.

⋆ ⋆ ⋆
Experimental validation of the asymmetric PZT
optimal shape in the active vibration reduction
of triangular plates

Romuald Kuras (r.kuras@prz.edu.pl),
Sebastian Hajder

Rzeszow University of Technology
Rzeszów, Poland

In the active vibration reduction of two-dimensional
structures, piezoelectric actuators of regular shapes, e.g.
rectangular, circular, are commonly used. However, the
shape of the transducers can be irregular, asymmetric
(a-PZT), and its geometry can be an object for optimiza-
tion. The paper presents an experimental validation of the
application of optimal shaped a-PZT in the active reduc-
tion of triangular plate vibrations. Optimization was based
on the criterion of the maximum bending moment. This
means that the center of a-PZT is located at the point
where the bending moment of the plate has reached its ab-
solute maximum. The isosceles right triangular plate with
simply supported edges was chosen as the research object.
The research confirms the validity of the criterion used for
optimization and may be an introduction to considering the
use of optimal a-PZT in the active reduction of vibrations
for more complex structures.

⋆ ⋆ ⋆
Contextual localization bias
for a wide range of azimuth
and frequency conditions

Bernhard Laback (Bernhard.Laback@oeaw.ac.at)

Austrian Academy of Sciences
Vienna, Austria

The perceived azimuth of a sound source is biased by
a preceding source (precursor), typically, towards midline
(medial) by a lateral and towards the side (lateral) by a cen-
tral precursor. Little is known about effects of intermedi-
ate precursor azimuths and the contribution of low and
high frequency regions. We tested the hypothesis that for
a certain intermediate precursor azimuth, lateral and cen-
tral biases cancel each other out. Ten normal-hearing lis-
teners localized 300-ms targets following 600-ms precursors
using a head-pointing task in a virtual audio-visual envi-
ronment. Both target and precursor azimuths were system-
atically varied across the azimuth range from left (−90○)
to right (+90○). Stimuli were white noises, filtered with
listener-specific head-related transfer functions. Low-pass
(0.5–2 kHz), high-pass (2.8–16 kHz), and broadband (0.5–
16 kHz) conditions were tested to investigate the role of fre-
quency regions dominated by different localization cues: in-
teraural time differences in low-pass, interaural level differ-
ences and spectral shape in high-pass, and all three cues in
broadband stimuli. Precursor effects were overall strongest
for target azimuths of ±70○. Cancellation of lateral and cen-
tral biases was found only for ±70○-targets, for a mean pre-
cursor azimuth of 58.3○. Importantly, the data showed se-
lective spatial contrast enhancement for targets preceded
by azimuthally matched Ps. Patterns of precursor effects
were relatively similar across frequency regions.

⋆ ⋆ ⋆
Infinitesimal volume area of physical space-time
in acoustics and electromagnetics

Henryk Lasota (henlasot@pg.edu.pl)

Gdańsk University of Technology
Gdańsk, Poland

In practical communication engineering, the mathe-
matics of waves, both acoustic and electromagnetic, deals
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usually with vast areas of physical space. The author ex-
perience in time-domain analysis of two-aspect fields in
amorphous media – fluids and dielectrics has shown a far-
reaching affinity of transients in acoustics, on the one hand,
and wideband signals in UWB wireless communications, on
the other hand.

It is worth noting that the wave relationships and equa-
tions themselves are derived by means of formal transfor-
mations relating to local interactions taking place “here and
now” – in an infinitely small volume, in an infinitely small
period of time. In this infinitesimal “space-time” there is
an immediate interaction between phenomena. At the same
time, the mechanism of this interaction can be very differ-
ent depending on the physical scale of the space and time
involved.

Analysis of phenomena performed in infinitesimal ar-
eas of fluids and dielectrics leads to significant results of
general importance: A – it indicates the existence in both
cases of a space-time with two-aspect physical dynamic
properties, B – it gives a practical, engineering insight
into the philosophical-practical problem of the “reality” of
time/space, C – it gives a tool for determining time (fre-
quency) ranges and linear sizes for the main classes of
medium models and phenomena occurring in it – classic
(continuous), statistic (granular), and quantum mechanic.

The current physics of the universe struggles with the
imbalance of matter and energy. The mass-energy gap
problem still needs to be addressed. A return to Lorentz’s
concept of ether seems potentially useful, perhaps modified
by adding a trace energy-mechanical mass content to the
space otherwise “endowed with only electric and magnetic
properties” (original Lorentz’s definition of ether accepted
in 1922 by Einstein).

⋆ ⋆ ⋆
Selected problems of active plate vibration
suppression

Lucyna Leniowska (lleniowska@ur.edu.pl)

University of Rzeszów
Rzeszów, Poland

The main aim of the control systems designed for planar
flexible structures is to cancel their vibrations and related
acoustic radiation as much as possible. This problem is of-
ten solved by the application of active methods. This paper
presents the derivation of the models for planar structures
with surface mounted piezoelectric actuators. The first ap-
proach consists in modelling the structural dynamics in
the form of the partial differential equations (PDE) de-
rived from physical principles such as the balance of forces
and moments. In the second approach, a parametric system
identification procedure is employed to establish a mathe-
matical model of the considered system on a basis of the
data collected from the measurements. The main objective
is to estimate the control-oriented models that are suitable
for designing controllers. On the basis of the models de-
rived, the adaptive control algorithms based on solution of
Diophantine equation are used to suppress circular plate
vibrations. The results of performed simulations and tests
are included and discussed.

⋆ ⋆ ⋆

First-order ambisonics microphone
with MEMS and condenser capsules

Marcin Lewandowski (marcin.lewandowski@pw.edu.pl),
Aleksander Augustyniak

Warsaw University of Technology
Warsaw, Poland

Technologies that produce and deliver immersive VR
content are still growing. Ambisonic microphones are avail-
able in various types, from the FOA (first-order ambison-
ics, e.g., Sennheiser AMBEO VR Mic) to HOA (up to
fourth-order ambisonics, e.g., MH Acoustics Eigenmike).
They are designed with different capsules, from low-cost
electret transducers, MEMS (Zylia ZM-1) to high-grade
condenser capsules (NEVATON VR). This paper presents
two designs of a low-cost FOA microphone based on low-
noise MEMS (Infineon IM69D130) and electret capsules
(JLI-2590A) in an identical tetrahedral arrangement. This
paper details the design, fabrication, and testing of two
FOA microphones, including their frequency and directiv-
ity response and subjective evaluation compared to com-
mercially available solutions. This study aims to indicate
whether the microphone capsule’s type affects the recorded
sound field’s quality and its significance.

⋆ ⋆ ⋆
A design of an acoustic coupler for calibration
of pressure sensors at ultra low frequencies

Karol Jakub Listewnik (k.listewnik@we.umg.edu.pl)

Gdynia Maritime University
Gdynia, Poland

The article aims to present a coupler developed for the
calibration of alternating pressure of the pressure sensors
at ultra-low frequencies up to 0.1 Hz for the Central Of-
fice of Measures (GUM). This study is part of the project
“Concept for the construction of metrological infrastruc-
ture in the area of underwater acoustics at GUM”, which
is part of the Polish Metrology program. The growing de-
mand for research of marine objects in the field of infra-
sonic underwater noise and research of the hydrodynamic
field of ships requires ensuring the reliability and repeata-
bility of recorded data and it starts with reliable calibra-
tion of pressure sensors. The choice of calibration method
was based on a detailed and extensive analysis of calibra-
tion methods and similar solutions. The proposed solution
is based on an eccentric mechanism driven by a stepper
motor. The article contains an analysis of the literature
of similar solutions and presents the theoretical basis, de-
scribes the designed coupler structure, configuration of the
measurement system and a summary.

⋆ ⋆ ⋆
Experimental aeroacoustic studies of selected
three types of helicoidal resonators

Wojciech Łapka1,
Piotr PJ Jakubowski2 (piotr.jakubowski@cto.gda.pl)
1 Poznań University of Technology
Poznań, Poland
2 Maritime Advanced Research Centre
Gdańsk, Poland
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The paper presents experimental studies of selected
three types of helicoidal resonators carried out on an aeroa-
coustic laboratory stand with the use of pink noise and
a duct terminated with a reverberation chamber. The same
ratio s/d = 1.976 is considered for three numbers of heli-
coidal turns n = 0.671, n = 0.695 and n = 1.0. The results of
the acoustic attenuation performance depending on the air
flow velocity were compared in relation to the numerical
test carried out, with resulted in a decrease in resonance
frequencies with an increase in the air flow velocity. The
measurements were carried out with a high resolution of
the FFT spectrum in order to illustrate the changes in the
acoustic attenuation performance as accurately as possi-
ble. One-third octave bands of flow noise studies were also
carried out.

⋆ ⋆ ⋆
Investigation of flow features and acoustic
radiation of a set of rectangular cavities
in a channel

Paweł Łojek (lojek@agh.edu.pl),
Katarzyna Suder-Dębska

AGH University of Krakow
Kraków, Poland

Due to the widespread use of ventilation and air-con-
ditioning systems in modern buildings, the issue of the ge-
neration and propagation of noise generated during the op-
eration of these systems is becoming very important. The
source of undesirable sounds have various origins – both
directly related to the devices used and related to the flow
of the air through the devices, ducts and other elements
that are part of these systems.

This article focuses on noise of aerodynamic origin. The
paper presents the results of numerical simulations of
the air flow in a channel with a set of rectangular cav-
ities. Then, the aeroacoustic wave equation was used to
determine the acoustic pressure generated by the flow. Var-
ious configurations of the cavities made it possible to study
the influence of their reciprocal location on the generated
sound.

⋆ ⋆ ⋆
Preliminary study: Mobile phone
as a phonocardiographic signal recorder

Michał Łuczyński (michal.luczynski@pwr.edu.pl)

Wrocław Univesity of Science and Technology
Wrocław, Poland

The aim of this work is to analyze the possibility of
using a mobile phone with a voice recorder function as
a phonocardiographic signal recorder. Test measurements
were carried out by placing the phone at various points on
the chest. For one selected point, measurements were car-
ried out for a group of about 100 people, using different
models of mobile phones. Data on weight, height and age
were collected through a survey. Participants of the study
were also asked about potential problems related to the
measurement.

Signal quality was assessed using qualitative parame-
ters. It was checked how the selected methods of signal
pre-processing (editing of recordings, filtering, noise reduc-

tion) affect the values of quality parameters. The obtained
recordings were subjected to automatic signal classification.

The result of this work is an extended analysis of the use
of mobile phones as electronic stethoscopes and an analysis
of the usefulness of signals obtained using this measurement
method.

The results of these studies are important for the field
of medical diagnostics, especially in situations where ac-
cess to traditional stethoscopes is limited. If mobile phones
prove to be effective recorders of phonocardiographic sig-
nals, it will open new possibilities in the field of remote
heart monitoring and telemedicine.

However, it should be noted that further research, in-
cluding validation and comparison of results obtained with
mobile phones with those obtained with traditional stetho-
scopes, is needed before this technology is introduced into
clinical practice.

⋆ ⋆ ⋆
Modeling human sound-source localization:
Current state and future directions

Piotr Majdak (piotr.majdak@oeaw.ac.at)

Austrian Academy of Sciences
Vienna, Austria

Spatial hearing allows us to orient ourselves and nav-
igate in a 3D environment. The acoustic basis for 3D
spatial hearing is described by the listener-specific head-
related transfer functions (HRTFs). While much attention
has been put on the aspects along the left/right dimen-
sion, spatial hearing goes beyond the lateral dimension,
and such investigations often require novel modeling ap-
proaches. In this talk, we will focus on the dimensions of
sound localization that are particularly sensitive to listener-
specific HRTFs, that are, near distances (sound exter-
nalization/internalization) and sagittal planes (top/down,
front/back). We will discuss recent psychoacoustic findings
and computational models aiming at simulating mecha-
nisms underlying the process of sound localization. Further,
we will explore the possibility of employing Bayesian infer-
ence as a quantitative method to predict 3D human sound
localization in dynamic auditory scenes and including self-
motion. As outlook, we will describe a unified probabilistic
framework potentially able to integrate outcomes from var-
ious perceptual experiments to develop functional models
of space perception, discussing its advantages and its limits
and future directions.

⋆ ⋆ ⋆
Infrasound and well-being:
A study of wind turbine impact

Paweł Małecki1 (pawel.malecki@agh.edu.pl),
Małgorzata Pawlaczyk-Łuszczyńska2,
Tadeusz Wszołek1, Bohdan Drzymala3

1 AGH University of Krakow
Kraków, Poland
2 Instytut Medycyny Pracy im. prof. J. Nofera
Łódź, Poland
3 SourceTech Business Process Outsourcing
Przemyśl, Poland

Wind turbines serve as a distinctive source of noise,
possessing unique attributes such as amplitude modulation,
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tonality, and components of infrasound and low frequency.
This study explored how these sounds affect human well-
being. A total of 129 subjects participated in the study,
carrying out attention-focused tests and filling out surveys
under three different conditions: normal background noise,
artificially created low-frequency noise, and wind turbine-
originated infrasound. The test results and the number of
discomforts reported post-experiment did not significantly
differ among the various conditions for both males and
females. However, it was noted that the well-being be-
fore the study had a bearing on the complaints reported
after the study.

⋆ ⋆ ⋆
Analysis of dynamic mechanical properties
of composite materials for electric guitar
construction

Paweł Małecki1,2,3 (pawel.malecki2.dokt@pw.edu.pl),
Paula Pietrzak1, Rafał Perz1,2,3,
Filip Zakrzewski1,2,3, Marek Matyjewski1

1 Warsaw University of Technology
Warsaw, Poland
2 Sieć Badawcza Rafał Perz
Mysiadło, Poland
3 RUF Guitars
Mysiadło, Poland

In recent years, composites have been presented widely
as an alternative to traditional materials in many tech-
nological applications. Composite materials can be used
for manufacturing musical instruments. In the case of an
electric guitar, the guitars body, neck and fretboard can
be made out of the composite structures. The mechanical
properties of composite and epoxy-based materials may de-
termine the final timbre of the instrument. Therefore, ana-
lysis of the dynamic response of those materials should be
made, to ensure the optimal structural composition. In this
paper, three different composite and epoxy-based materi-
als were examined in terms of their dynamic mechanical
properties. Firstly, samples of different composite materials
were prepared and measured to obtain accurate geometry
and mass data. Next, the samples underwent experimental
modal impact hammer testing and then obtained output
data was analyzed. As preliminary state of research storage
modulus was calculated to observe differences in dynamic
properties of the evaluated variants of composite materials.
Obtained results indicate the possibility of differentiating
the variants of composite materials to obtain the best fit
for manufacturing the body of an electric guitar.

⋆ ⋆ ⋆
Analytical modeling of the harmonic distortion
caused by squeeze film damping
in MEMS-based acoustic transducers

Anton Melnikov1 (anton.melnikov@bosch-sensortec.com),
Hermann A.G. Schenk1, Franziska Wall2

1 Bosch Sensortec
Reutlingen, Germany
2 Fraunhofer IPMS
Dresden, Germany

Miniaturized microelectromechanical system (MEMS)
microspeakers are currently trending in the development

of acoustic transducers. When a transducer is scaled down
to fit on a microelectronic chip, its physics differ from
the macroscopic world, and some common modeling as-
sumptions become invalid. One of the effects observed in
MEMS microspeakers is nonlinear squeeze film damping.
Understanding this effect is crucial as non-linearities in
the speaker can result in harmonic distortion, which is
highly regulated in audio applications. In this study, we
analyze the influence of squeeze film damping on harmonic
distortion using a lumped parameter model of a MEMS
microspeaker. This leads to a non-linear ordinary differen-
tial equation, and an approximate analytical solution for
moderate non-linearities is obtained using homotopy. We
present our solution strategy, including the resulting closed-
form expression, and verify our findings against numerical
solutions.

⋆ ⋆ ⋆
The influence of diffusing elements arrangement
in a reverberation room on the results
of airborne sound insulation measurements

Dominik Mleczko (dmleczko@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

The primary issue in evaluating airborne sound insu-
lation lies in quantifying the sound energy emitted by the
barrier. This is typically accomplished by measuring sound
pressure levels and acoustic absorption within the receiving
chamber. When significant fluctuations in sound pressure
levels occur within a reverberation room, it indicates the
presence of standing waves, necessitating the incorporation
of diffusing elements. ISO 10140 has established specific
thresholds that dictate the inclusion of reverberation time
for frequencies equal to or surpassing 100 Hz. Nevertheless,
there are instances, particularly in spacious rooms, where
acquiring the requisite parameters becomes arduous and,
at times, unfeasible. Under such circumstances, it becomes
imperative to ascertain whether the measured sound insu-
lation is contingent upon the reverberation time.

The presentation presents the measurement results of
various diffusing elements configurations in a reverberation
room. These diffusers aim to improve the uniformity of the
acoustic field in terms of acoustic pressure and reverbera-
tion time. Therefore, the focus was on these two parame-
ters. The ultimate goal was to assess the impact of changes
in the arrangement of diffusers on the results of sound in-
sulation measurements.

⋆ ⋆ ⋆
Investigating the restorative properties
of natural soundscapes

Dorota Młynarczyk (dorotam@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

With the increasing levels of stress and the challenges
associated with psychological restoration, natural sound-
scapes have gained attention for their therapeutic quali-
ties. However, there is a need for an objective classification
system to facilitate psychoacoustical research in this area.
This paper focuses on analyzing the restorative properties
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of diverse natural soundscapes. By examining acoustic, eco-
acoustic, and psychoacoustic parameters, as well as con-
ducting psychoacoustic tests utilizing virtual reality tools,
this study aims to provide a comprehensive understand-
ing of the factors that contribute to the restorative effects
of these soundscapes. The research results and their anal-
ysis have led to the creation of a classification of sound-
scape parameters that significantly affect the ratings of
their restorative properties. In the future, further analy-
ses will allow for the development of a guide that describes
which soundscape parameters and their values are crucial
for their positive restorative evaluation.

⋆ ⋆ ⋆
Acoustic classification with the descriptor
of the weighted standardized level difference DnT,w

and of the weighted apparent sound reduction
index R′w. Are the classes the same?

Reinhard O. Neubauer (dr.neubauer@ibn.de)

IBN Bauphysik GmbH & Co. KG
Ingolstadt, Germany

Building regulations specifies technical requirements to
sound insulation performance. This will be often done by
using a single number rating like the weighted apparent
sound reduction index R′w or the weighted standardized
level difference DnT,w. A better description of the qual-
ity of sound insulation would be the formation of classes.
If acoustic classes are provided, the question arises to what
extent are R′w and DnT,w the same. Can a sound insulation
class be equal with both descriptors R′w and DnT,w? This
paper compares the two parameters and presents the class
formation of both descriptors.

⋆ ⋆ ⋆
Micro-perforated stretched ceilings
for acoustic, lighting and climate design

Christian Nocke (nocke@akustikbuero-oldenburg.de)

Akustikbüro Oldenburg
Oldenburg, Germany

Stretched foils used as ceilings, wall coverings and other
set-ups have been applied for more than 30 years. By
introducing a nearly invisible micro-perforation into the
stretched material the foil becomes highly sound absorp-
tive. The classical set-up of a micro-perforated sound ab-
sorber consists of a micro-perforated panel in front of an
air cavity. The sound absorption coefficient of these set-
ups can easily calculated with a high accuracy accord-
ing to the well-known approximation of D.-Y. Maa if all
defining geometrical parameters (diameter of microperfo-
ration, distance between orifices, panel thickness and air
cavity depth) are known. Measurements in the reverbera-
tion chamber are presented for several set-ups.

These materials are applied in architectural design.
Here the combination of acoustic absorption, lighting de-
sign and climatization is most interesting – three functions
in one ceiling set-up. Furthermore optically transparent
sound absorbers are available to cover glass surfaces.

Different applications in rooms will be presented from
various projects.

⋆ ⋆ ⋆

New draft DEGA guideline 103-1
in sound protection classes

Christian Nocke (nocke@akustikbuero-oldenburg.de)

Akustikbüro Oldenburg
Oldenburg, Germany

The DEGA recommendation 103 (DEGA-Empfehlung
– Schallschutz im Wohnungsbau und Schallschutzausweis)
has been introduced in the year 2009 and includes a clas-
sification scheme for dwellings. Seven classes are defined.
The classification is based on different criteria for air borne
noise, impact noise and other quantities. In 2018 a revised
version has been published. Both version relied on classical
quantities such as air born sound insulation R′w and impact
sound insulation L′n,w.

A new version has recently published as a draft DEGA
guideline 103-1 (Entwurf zur DEGA-Richtlinie 103-1 “Schal-
lschutz im Wohnungsbau, Teil 1”). In this new draft the
idea of seven classes have been taken over. The classifica-
tion is based on traditional values such as R′w and L′n,w but
also offers the use of the weighed sound level differences
DnT,w and weighed standardizes impact sound pressure
level L′nT,w. It is suggested to use the later quantities. This
dual track approach allows a better design and will lead to
a higher acceptance among acousticians and other users.

The new draft is presented and will be discussed in rela-
tion to other approaches for sound protection in dwellings.

⋆ ⋆ ⋆
Simulation of acoustic lens influence
on wavefront shaping

Tomasz Nowak (t.nowak@pwr.edu.pl),
Andrzej B. Dobrucki

Wrocław University of Science and Technology
Wrocław, Poland

The main objective of presented study is to examine
the influence of an acoustic lens on shape of the wavefront.
To conveniently illustrate the difference between acoustic
pressure wave propagation with and without the lens,
an isodynamic transducer was chosen as a source. This
kind of loudspeaker generates flat wavefront as a result
of approximately uniform distribution of speed and phase
on the entire diaphragm. The designed lens consisted
of a matrix of individual waveguides. Manipulation of
size and position of output matrix in relation to input
matrix allowed for achieving the desired waveguide length
distribution. Differences in lengths of lens’s channels
resulted in wavefront delay distribution at the output
matrix. A numerical model of transducer and waveguide
matrix was created to evaluate the behaviour of acoustic
pressure wave propagation trough the designed lens.
With stationary study, a spatial pressure distribution was
calculated, in the near field and far field, in hemisphere
in front of the lens as well as in hemisphere in front of
just the transducer. The differences in wavefront shapes
between the two cases were clearly visible in comparisons,
confirming the expected pressure wave delay distribution
of the lens. The resulting wavefront curvature was com-
pared to the assumed one in theoretical design. Results
of those comparisons proved the possibility of influencing
the wavefront shape, by manipulating the output matrix
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with some caveats discussed in the paper. The data from
numerical calculation of pressure propagation allowed for
visualizing calculated sound pressure level distribution,
adding the directivity evaluation to the comparisons.

⋆ ⋆ ⋆
Assessment of acoustic quality
of residential buildings in Poland – case study

Elżbieta Nowicka (e.nowicka@itb.pl)

Instytut Techniki Budowlanej
Warsaw, Poland

The requirements of people in relation acoustic comfort
are very diverse. They depend on many factors. With re-
gard to residential buildings notion of “satisfactory acous-
tic conditions” must take into account the need to pro-
vide a sense of intimacy, peace and security. Taking care of
the appropriate acoustic quality of buildings, should result
from compliance with applicable laws and be the responsi-
bility of all participants in the construction process.

The article discusses the acoustic classification of resi-
dential buildings with a better acoustic quality, introduced
in Poland in 2017. Also the overall legislative problem will
be discussed.

⋆ ⋆ ⋆
Acoustic adaptation of ventilation system
prototypes dedicated to individual classrooms

Artur Nowoświat (artur.nowoswiat@polsl.pl),
Rafał Żuchowski, Michał Marchacz,
Marcelina Olechowska

Silesian University of Technology
Gliwice, Poland

The prototypes of innovative ventilation systems dedi-
cated to individual classrooms are designed to solve the
problem of poor air quality in schools while reducing
the need for the energy necessary for heating. At the same
time, the working ventilation system must meet the acous-
tic requirements. These requirements specify the permis-
sible value of the LAeq of the sound level = 40 dB as the
average value of six measurement points. For this purpose,
several studies have been carried out. First, a room was
prepared that mimics a real-scale classroom with equip-
ment and models of students. Calibration of such a room
model was carried out by means of reverberation time mea-
surements in octave dogs of the frequencies 125 Hz, 250 Hz,
500 Hz, 1000 Hz, 2000 Hz, 4000 Hz. In the calibrated room,
The prototypes of innovative ventilation prototypes were
successively installed and the noise level in the room was
tested. In the event of failure to meet the requirements,
acoustic adaptations were made, and measurements were
made again. The task was successful when the sound level
at each measurement point and the average sound level did
not exceed 40 dB.

⋆ ⋆ ⋆
Estimation of the improvement
of the impact sound insulation of a carpet floor
covering on a wooden floor based on the results
of tests carried out on a massive floor

Łukasz Nowotny (l.nowotny@itb.pl), Jacek Nurzyński

Instytut Techniki Budowlanej
Warsaw, Poland

This paper presents the relationship between the sound
insulation properties of carpet floor coverings on the mas-
sive and lightweight reference floor structures. Most floor
covering impact sound insulation tests are performed on
a massive reference floor. There is actually no data
on lightweight floor, which means that the possibilities of
damping the impact sounds of floors on such structures are
unknown. It turns out that it is achievable to estimate the
parameters of impact sound insulation of carpet coverings
installed on a wooden floor on the basis of tests performed
on a massive reference floor. The proposed method uses the
mobility parameters of the elements involved in the acous-
tic test. The use of this method allows to reduce the num-
ber of tests necessary to select the appropriate solution for
damping the impact sound energy in the lightweight floor
structures.

⋆ ⋆ ⋆
Validation of Adaptive Categorical Listening Effort
Scaling (ACALES) for Polish language

Anna Pastusiak1 (anna.pastusiak@amu.edu.pl),
Jędrzej Kociński1, Anna Warzybok-Oetjen2

1 Adam Mickiewicz University
Poznań, Poland
2 Carl von Ossietzky Universität Oldenburg
Oldenburg, Germany

Introduction: Considering the complexity of perceiving
and properly processing speech signals, it is important in
audiological diagnostics to assess not only intelligibility it-
self but also the so-called auditory effort, understood as
a mental load needed to understand acoustic information
in speech signals.

Purpose: The aim of the study was to prepare and val-
idate in terms of the accuracy and repeatability of results
(test-retest) the Polish version of the Adaptive Categor-
ical Listening Effort Scaling (ACALES) test. The speech
material used was the Polish Matrix Sentence Test. 60 lis-
teners participated in the measurements – 20 younger and
20 older individuals with normal hearing, as well as 20 in-
dividuals with sensorineural or mixed hearing loss of vary-
ing degrees. Using the Oldenburg Measurement Applica-
tion (OMA) software listening effort was assessed using
a 13-point scale in various acoustic conditions including
stationary, modulated, and cafeteria noises. In addition,
speech recognition thresholds (SRT) and slope were deter-
mined adaptively under the same masking conditions.

Results: Similar to speech intelligibility, the influence
of the masker type on the measured listening effort was
observed – it was usually greater in the case of stationary
noise compared to modulated signals. Listening effort de-
creased as the signal-to-noise ratio (SNR) value increased.
At unfavourable SNR values, listening effort ratings de-
pended on measured intelligibility to a greater extent than
at higher SNR values. Older, normal-hearing listeners and
people with hearing loss rated their listening effort higher
compared to young, normal-hearing listeners.

Conclusion: It has been shown that the Polish version of
the ACALES is a reliable, repeatable, and simple tool char-
acterized by a small variability between test/re-test values
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and can provide complementary information to the value
of speech intelligibility, supporting the multi-faceted assess-
ment of the patient’s ability to effectively hear in the con-
text of communication situations.

⋆ ⋆ ⋆
Identification of errors
in the digital transmission paths of radio stations

Marcin Pater (marcin.pater000@gmail.com),
Marcin A. Grochowina

University of Rzeszów
Rzeszów, Poland

Radio stations currently use a hybrid method of broad-
casting. The transmission between the studio and the trans-
mitter is digital. In the transmitter, the digital signal is
converted to analog form and transmitted using AM or
FM modulation.

The identified problem are transmission errors in the
digital path. Single cases of transmission errors are not un-
common and happen in most systems. However, repeated
errors occurring in clusters are usually a sign of damage to
the transmission path and require intervention.

The article presents an exemplary solution that allows
automatic detection of some errors that manifest them-
selves in the identified way. In order to identify transmission
errors, basic statistical methods were used that allowed the
creation of a reference data set on the basis of which it is
possible to identify the fact of an error based on patterns
and algorithms from the machine learning area.

People associated with the radio industry are keenly
interested in studying this phenomenon because there are
currently no reliable solutions that would allow automatic
detection and identification of such problems.

⋆ ⋆ ⋆
Practical aspects of diffuse reflection and sound
diffraction modeling in room acoustics simulations

Piotr Pękala1,2 (p.pekala@akustix.pl)
1 AkustiX
Przeźmierowo, Poland
2 Adam Mickiewicz University
Poznań, Poland

Most modern programs for modeling room acoustics
contain implementations of algorithms that enable mod-
eling of diffuse reflection and diffraction of sound inside
rooms. However, these algorithms are often based on dif-
ferent mathematical models, require different sets of input
data, and also differ significantly in computational com-
plexity and precision of the calculation results. The use of
these capabilities of simulation programs is possible pro-
vided access to data on the characteristics of the sound
scattering coefficients of the materials used. The most com-
monly used coefficients are these obtained in a diffuse field.

The presented paper discusses the implementation of
diffuse reflection and sound diffraction modeling algorithms
in the most popular simulation programs.

In addition, the influence of modeling these phenomena
on the accuracy of the obtained results was analyzed on
exemplary room models.

⋆ ⋆ ⋆

Acoustic screen as a practical anti-noise protection

Janusz Piechowicz (piechowi@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

Acoustic screens are commonly used in Poland and in
many countries as the only protection of noise-prone areas.
They are used both in the outdoor environment and in
the working environment in industrial rooms and offices.
The history of the use of acoustic screens dates back to
the second half of the 20th century. Since then, they have
been used to reduce noise from roads, railways, airports,
manufacturing plants, and municipal noise, as well as for
many other noise sources. The effectiveness of an acoustic
screen is a function of many factors that must be considered
in the design process. The article presents the multi-variant
application of acoustic screens, discusses the methods of
testing acoustic parameters of screens in laboratory and in
situ conditions.

⋆ ⋆ ⋆
Azimuth and elevation errors
in binaural reproduction of ambisonic sound

Agnieszka Pietrzak (A.Pietrzak@ire.pw.edu.pl)

Warsaw University of Technology
Warsaw, Poland

Binaural decoding of an ambisonic sound is reproduc-
ing the information about a soundfield over headphones.
It is done based on the spherical harmonics representa-
tion of the spatial sound and on the use of Head Related
Transfer Function (HRTF). Inaccuracies in the decoding
process, which can be caused for example by using non-
personalized HRTF, may lead to difficulties in localizing
the sound source by the listener. Especially in the eleva-
tion plane, localization errors can be significant. In this
study, listening tests were conducted in order compare az-
imuth and elevation errors for different binaural decoders.
It is discussed how azimuth and elevation errors vary de-
pending on the type of the binaural decoder used, for 1st
and 3rd order ambisonic recordings of pink noise bursts.

⋆ ⋆ ⋆
Optimisation of the model
for the numerical determination of the HRTF

Przemysław Plaskota (przemyslaw.plaskota@pwr.edu.pl)

Wrocław Univesity of Science and Technology
Wrocław, Poland

Recently, the issue of numerically determining the Head
Related Transfer Function has been still considered. The
HRFT is the basis for creating individualised sound expe-
riences in metaverse solutions.

This paper presents an analysis of different variants of
the numerical model of an artificial head. Optimisation was
carried out considering the upper limit frequency of the
model, the size of the elements and their size distribution,
the size and the enclosure properties of the head model.

The numerical model obtained as a result of the work
is characterised by a short computation time with a suf-
ficiently high upper limit frequency. The results obtained
were compared with measurements of the real object, which
confirmed the correctness of the designed model.

⋆ ⋆ ⋆
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Control of spectral components
in additive resynthesis as a means
to alter sensation of consonance in chords

Marek Janusz Pluta (pluta@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

A prior study presented a possibility to impact the sen-
sation of consonance by controlling spectral components of
simultaneous pitches consisting a chord in sound synthesis
using the additive method. It involves considering spectral
components in all simultaneously sounding pitches consist-
ing a chord. Components within the range of beating and
roughness are modified to gradually strengthen or weaken
both phenomena. So far, the idea and method had been im-
plemented in a basic additive synthesizer producing simple,
abstract, time-invariant timbres. The current study carries
out the research further, and discusses problems of imple-
menting aforementioned consonance-altering mechanism in
a more complex additive synthesizer, applied to resynthe-
size sound of selected acoustic instruments. The study deals
with natural independent evolution of spectral components,
where consonance gradually varies with time. Moreover, it
presents a solution to mitigate impact of the mechanism
on a total signal level, caused by attenuation of selected
components.

⋆ ⋆ ⋆
Acoustic model for the classification
of Polish vowels

Karolina Maria Pondel-Sycz
(karolina.pondel.dokt@pw.edu.pl)

Warsaw University of Technology
Warsaw, Poland

The study explored the performance of vowel recog-
nition using an acoustic model built on Audio Finger-
print techniques. The research compares the performance
of Support Vector Machines (SVMs), Hidden Markov
Models (HMMs), Artificial Neural Networks (ANNs) and
K-Nearest Neighbors (k-NN) classifiers in the recognition
of isolated and within-word vowels and investigates the im-
portance of different types of acoustic speech features in
this process. Temporal, spectral, cepstral, formant, LPC
and perceptual features of speech were examined. Impor-
tance of features was tested using a random forest clas-
sifier. Vowel classification was tested at three confidence
levels for feature importance: 90%, 95% and 99%. Two au-
thor databases consisting of a total of 1,200 samples from
20 speakers, recorded under household conditions, were
used. The classifiers were evaluated by confusion matrix,
accuracy, precision, sensitivity and F1 score. A segmen-
tation of words into speech sounds was carried out using
a tool based on BiLSTM recurrent neural networks and the
BIC criterion. Three most important features were deter-
mined: power spectral density, spectral cut-off and Power-
Normalised Cepstral Coefficients. In the isolated vowel
recognition task, the SVM classifier was the most effective
with a feature significance confidence level of 95% obtain-
ing accuracy = 81%, precision = 81%, sensitivity = 81%,
F1 score = 80%. In the task of recognising a vowel within
a word, it was verified if the algorithm detected the pres-
ence of vowels in the correct segment and if it recognised

the correct vowel within it. The best results were obtained
by the k-NN classifier (statistical confidence level of feature
importance of 99.9%). However, these results were low, cor-
rect recognition of the vowel in the word: A, E, U: 20%, I, O:
7%, Y: 23%. This indicates strong influence of the neigh-
bourhood of other speech sounds in speech on the acoustic
model of vowels and their recognition.

⋆ ⋆ ⋆
The effect of ultrasonic noise on a worker’s ability
to perform their basic tasks

Jan Radosz (jarad@ciop.pl)

Central Institute for Labour Protection
– National Research Institute
Warsaw, Poland

Noise, defined as the presence of undesirable sound, has
been extensively documented in the context of its impact
on human health. Exposure to elevated levels of acous-
tic pressure can result in adverse health outcomes such as
hearing impairment, the perception of tinnitus, and various
other health-related issues. In recent times, there has been
a growing concern surrounding the potential health ramifi-
cations of exposure to ultrasonic noise. A number of coun-
tries have officially recognized ultrasonic noise as a health
hazard within occupational settings. Despite ongoing in-
vestigations into the frequency range above 20 kHz, there
remains a deficiency in comprehensive data pertaining to its
effects on the human organism. Furthermore, there is a no-
table absence of internationally accepted standards for the
assessment of ultrasonic noise within workplace environ-
ments. While recent research endeavors have contributed
to the expansion of our understanding in this domain, there
remains a substantial gap in knowledge. This deficiency en-
compasses inquiries into potential health consequences and
the development of enhanced dosimetry methods. More-
over, this knowledge gap is particularly significant within
the context of workplaces and the welfare of employees,
underscoring the critical need to establish comprehensive
measures that safeguard them against potential adverse
health effects.

⋆ ⋆ ⋆
Electrodynamic pick-up
for electric string instruments

Edward R. Reszke1 (ertec@wp.pl),
Andrzej B. Dobrucki2
1 Ertec-Poland Edward Reszke
Wrocław, Poland
2 Wrocław University of Science and Technology
Wrocław, Poland

The most important elements in electric musical string
instruments are pick-ups. They convert vibration of strings
into electric signal. Usually, two types of pick-ups are used:
electromagnetic and piezoelectric. Electromagnetic pick-
up, called also a pick-up with moving armature, converts
vibration of string into an electric signal using change of
magnetic flux in the magnetic circuit by the vibration of the
string made of magnetic material. Vibrating string causes
change of the air gap between the string (which is a mov-
ing armature) and rest of magnetic circuit. A variable elec-
tromotive force is generated in the stationary winding. In
order for it to be proportional to the speed of vibration,
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polarization is needed, which is achieved by using a per-
manent magnet in the magnetic circuit. In a piezoelectric
transducer, an electric current is generated due to the de-
formation of the piezoelectric material under the influence
of a vibrating string. The subject of this paper is a stringed
instrument with a electrodynamic transducer, which con-
verts mechanical vibration of strings into an electromotive
force which is produced between the ends of moving wire
placed in the permanent magnetic field. This transducer is
also called a transducer with moving wire. A wire (string)
is made of a conductive material, but not necessarily a mag-
netic material. The principle of operation is similar to that
of a ribbon microphone. The electromotive force induced
at the ends of the string is very small and must be strongly
amplified. It’s a novel technique which is applicable in elec-
tric stringed instruments such as guitar, violin, viola, cello,
double bass, and others. It has already been described in
form of the patent application registered by Polish Patent
Office and it is now designated to the further patent actions
abroad based upon this priority document.

⋆ ⋆ ⋆
A tool for designing water tanks
for measuring hydroacoustic transducers

Roman Salamon,
Jacek Marszal (jacek.marszal@eti.pg.edu.pl),
Iwona Kochańska

Faculty of Electronics, Telecommunications
and Informatics
Department of Sonar Systems
Gdańsk University of Technology
Gdańsk, Poland

Special water tanks are commonly used to measure
the parameters of underwater acoustic systems. They must
meet specific requirements, the fulfilment of which ensures
very small but acceptable measurement errors. These re-
quirements define the size of the tank and its shape as well
as the strong damping of reflected waves. At the design
stage, it is necessary to determine the impact of the tank
structure on the measurement errors and to adapt it to the
expected measurement methodology. The article presents
a mathematical tool for designing such water tanks using
the impulse response method. Contrary to the use of this
method in architectural design, the presented method is
here used to determine the measurement signals emitted by
ultrasonic transmitting transducers and received by receiv-
ing transducers (hydrophones). The relationships are given
between the parameters of the pulse response and the de-
sign parameters of the tank and the measurement system,
as well as its transfer functions and sample measurement
signals.

⋆ ⋆ ⋆
Thermodynamic properties
of 1-allyl-3-methylimidazolium dicyanamide
and 1-vinyl-3-methylimidazolium
bis(trifluoromethylsulfonyl)imide

Lukasz Scheller (lukasz.scheller@us.edu.pl),
Krzysztof Cwynar, Marzena H. Dzida

University of Silesia in Katowice
Katowice, Poland

Ionic liquids (ILs) have emerged as promising alterna-
tives to traditional organic solvents due to their unique
properties, such as low volatility, high thermal stabil-
ity, and remarkable tunability. Understanding the ther-
modynamic properties of ILs is crucial for their appli-
cation in various fields, including energy storage, sep-
aration processes, and catalysis. In this study, we ex-
perimentally investigate the thermodynamic properties of
two ILs, namely 1-allyl-3-methylimidazolium dicyanamide
([AMim][DCA]) and 1-vinyl-3-methylimidazolium bis(tri-
fluoromethylsulfonyl)imide ([VMim][NTf2]), which have
not been previously studied.

The speed of sound and isobaric heat capacity were
measured in the temperature range from 293.15 to 323.15 K
at atmospheric pressure. The density was measured in the
temperature range from 278.15 to 363.15 K at ambient
pressure. From the experimental data the related ther-
modynamic properties were calculated, i.e. isentropic and
isothermal compressibility coefficients as well as the iso-
baric thermal expansion coefficients.

The results reveal that [AMim][DCA] exhibits higher
values of speed of sound and isobaric heat capacity com-
pared to [VMim][NTf2]. On the other hand, [VMim][NTf2]
demonstrates higher density values and calculated coeffi-
cients compared to [AMim][DCA]. It was found that for
that for [AMim][DCA] the temperature dependence of the
isobaric coefficient of thermal expansion is stronger and
negative – contrary to [VMim][NTf2], where this depen-
dence is smaller and positive.

The data obtained in this study contribute to the de-
velopment of reliable thermodynamic databases for ILs and
a comprehensive understanding of their thermodynamic
properties. The acquired knowledge enhances our under-
standing of IL behavior and facilitates the advancement of
IL-based technologies.

This work was financially supported by the National
Science Centre (Poland) Grant No. 2021/41/B/ST5/00892
in the framework of OPUS program.

⋆ ⋆ ⋆
Experimental tests of selected sound-absorbing
materials dedicated for a hydroacoustic
measuring basin

Aleksander M. Schmidt (aleksander.schmidt@pg.edu.pl),
Lech Kilian, Jacek Marszal

Faculty of Electronics, Telecommunications
and Informatics
Department of Sonar Systems
Gdańsk University of Technology
Gdańsk, Poland

Several scientific institutions from the Gdańsk commu-
nity participate in the implementation of the grant from
the Ministry of Education and Science “Concept of build-
ing metrological infrastructure in the area of underwater
acoustics at the Central Office of Measures”. In practice,
the concept includes, among other things, the design of two
measurement basins: a large-size one for measurements in
the range of possibly low ultrasound frequencies (from sev-
eral dozen kHz) and a small-size one (from several hundred
kHz). One of the basic conditions for the proper implemen-
tation of measurements is to obtain minimum sound reflec-
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tions from the water surface, walls and bottom in basins.
This is possible by covering these surfaces with sound-
dispersing materials or so-called acoustic absorbers. The
frequency characteristics of these properties are decisive
here, but also the price, ease of assembly, cleaning and slow
aging. The article presents the results of the measurements
of the signal attenuation after passing through the tested
materials, the values of the levels of attenuated echoes and
the calculated of the absorption coefficients of currently
available and promising layers of “synthetic grass” with dif-
ferent lengths of blades, plates made of various plastics
and, for comparison, curtains made of dispersing brushes,
damping the measuring basin of the Department of Sonar
Systems for several decades. The obtained characteristics
were compared with those presented by the manufacturer
of commercial absorbent panels.

⋆ ⋆ ⋆
Low-power underwater modem
for shallow water communications

Jan H. Schmidt,
Iwona Kochańska (iwona.kochanska@pg.edu.pl),
Aleksander M. Schmidt

Faculty of Electronics, Telecommunications
and Informatics
Department of Sonar Systems
Gdańsk University of Technology
Gdańsk, Poland

The low-power underwater acoustic modem is usually
an important component of the Underwater Wireless Sen-
sor Network (UWSN). Network nodes have predetermined
energy resources that will not be replenished during the
life of the node. In shallow waters, multipath propagation is
constantly occurring and for the modem to work effectively,
solutions to overcome them must be used, which will also
meet the important criterion of energy efficiency. The arti-
cle presents the concept of a low-power underwater modem
using BFSK modulation and the fast frequency-hopping
spread spectrum (FFHSS) technique. The results of sim-
ulation and experimental tests, which were carried out to
determine the performance of the modem, are included.
Simulation tests were performed using a Watermark simu-
lator, and experimental tests in a model pool.

⋆ ⋆ ⋆
Experimental setup design to evaluate acoustical
privacy protection in small enclosed compartments

Alois Sontacchi1 (sontacchi@iem.at),
Christian Blöcher1, Thomas Hatheier2

1 Institute of Electronic Music and Acoustics
Graz, Austria
2 AUDIO MOBIL Elektronik GmbH
Ranshofen, Austria

Privacy protection is an upcoming topic in our so-
ciety caused by increased individual mobility and forced
availability by telephone. Acoustic communication in small,
closed compartments exhibits a challenge to establish a pri-
vate sphere for a single user without heavily affecting the
acoustical surrounding, e.g. in a quiet environment, for

other persons. For a specific use-case in car compartments
a recently developed approach will be examined within
a listening test. To ensure control over several conditions of
the experimental setting while still providing the listeners
a comfortable situation mimicking real conditions a specific
real-time capable setup in an anechoic room is used.

Within the experiment different positions for both
speaker and would-be listener are examined under multiple
driving conditions. Psychoacoustic principles like spectral
and spatial auditory masking of signal-dependent broad-
band noise as well as signal-dependent temporal distrac-
tors are evident and adjustable components of the eval-
uated approach. Therefore, in the proposed experimental
setup the listening subjects initially have to adjust the
level of the broadband component individually to the point
of perfect masking of presented speech signals. However,
while these levels should guarantee complete unintelligibil-
ity, they will cause the most affecting loudness increase in
the car cabin potentially causing increased passenger an-
noyance. Therefore, these levels will provide the anchors to
start an individual adaptive adjustment procedure. Sub-
jects presented with masked spoken sentences will echo the
recognized parts immediately. Their responses will be eval-
uated by an automatic speech recognition system in real-
time to guarantee sufficient masking. Within this procedure
the broadband noise levels will be readjusted by addition-
ally applying temporal compact distractors. Thus, the over-
all loudness will be reduced while preventing listening in.

⋆ ⋆ ⋆
Validation of the measurement data
for different heights of a microphone position
in outdoor environment

Andrzej C. Staniek (astaniek@gig.eu)

National Research Institute
Katowice, Poland

One of the major problems when performing measure-
ments of noise generated in outdoor environment is assess-
ment of the influence of the microphone position (height).
For measurement of noise generated by wind turbines it is
important as in EN 61400 standard the measurement tech-
nique specifies mounting of the microphone on a mounting
board on the ground level. So for the other microphone po-
sitions, practically demanded especially for long term moni-
toring, it should be carefully analysed and transfer function
should be evaluated. Other problem which is under inves-
tigations is the influence of wind and the correction due to
wind speed ought to be estimated.

⋆ ⋆ ⋆
Subjective tests of speaker recognition
for selected voice disguise techniques

Piotr Staroniewicz (piotr.staroniewicz@pwr.edu.pl)

Wrocław University of Science and Technology
Wrocław, Poland

Research work on the effectiveness of voice disguise
techniques is important for the development of biomet-
ric systems (surveillance) as well as phonoscopic research
(forensics). A speaker recognition system or a listener can
be deliberately or non-deliberately misled by technical or
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natural methods. It is important to determine the impact
of these techniques on both automatic systems and live
listeners. This paper presents the results of listening tests
conducted on a group of 40 people. The effectiveness of
speaker recognition was investigated using selected natu-
ral (chosen from four groups of deliberate natural tech-
niques: phonation, phonemic, prosodic and deformation)
and technical (pitch shifting, GSM coding) voice desguise
techniques. The results were related to the previously ob-
tained outcomes for the automatic method of verification
carried out using a classical speaker recognition system
based on MFCC (Mel Frequency Cepstral Coefficients) pa-
rameterisation and GMM (Gaussian Mixture Models) clas-
sification.

⋆ ⋆ ⋆
Acoustic aspects of the Goseck Circle area

Katarzyna Suder-Dębska (suder@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

Goseck Circle is an example of monumental buildings
from the Neolithic period called rondels. The object was
discovered in the 1990s, then archaeologically reconstructed
and opened to the public in 2005. Currently, it is considered
to be the oldest known object of this type, and its creation
is estimated at around 4900 BC. The object is roughly cir-
cular in shape. It has one ditch and two palisade rings.
There are three entrances leading to the interior of these
structure, two of which are located on the south side and
coincide with the places of sunrise and sunset during the
winter solstice. Therefore, the Goseck Circle is considered
as the oldest solar observatory, as a worship or ritual place.

A number of studies on both contemporary and archae-
ological objects indicate that the objects display the char-
acteristic features depending on their intended use. There-
fore, it can be assumed that if the Goseck Circle structure
was to be a place of worship, then in terms of acoustics it
should be characterized by such values of acoustic param-
eters that will also prove this. This concept was the reason
for carrying out a series of numerical calculations that al-
lowed for the determining of the selected parameters char-
acterizing the acoustic field inside the analyzed object. The
article presents and discusses the results of these numerical
analyses.

⋆ ⋆ ⋆
Cloning the voice and speech of Piotr Fronczewski
for Polish speech synthesis

Krzysztof Szklanny (kszklanny@pjwstk.edu.pl)

Polish-Japanese Academy of Information Technology
Warsaw, Poland

The quality of synthetically generated speech has im-
proved significantly in recent years, largely due to the tech-
nological development of speech synthesis systems, in par-
ticular those based on deep neural networks (DNN). How-
ever, the problem of emotion in speech synthesis still re-
mains a challenge. Most of the existing speech synthesis
systems do not convey the pervasive emotional contexts in
human-human interaction. The lack of expression limits the
emotional intelligence of current speech synthesis systems.

This work aimed to develop a recording method for prepar-
ing a balanced corpus of emotional recordings in the Polish
language for use in speech synthesis based on artificial in-
telligence (AI) algorithms. An essential aspect of the work
was the selection of a voice-over artist who would allow the
recording of the spectrum of an actor’s voice, emphasizing
the actor’s interpretations and emotions derived from the
content. Outstanding actor Piotr Fronczewski was chosen
for the role.

⋆ ⋆ ⋆
Wind turbine noise annoyance prediction
in the low-frequency range

Bartłomiej Stępień (Bartlomiej.Stepien@agh.edu.pl),
Tadeusz Wszołek, Dominik Mleczko, Paweł Małecki,
Paweł Pawlik, Maciej Kłaczyński, Marcjanna Czapla

AGH University of Krakow
Kraków, Poland

Currently, wind turbine noise is modelled using com-
monly used calculation methods such as ISO 9613-2,
CNOSSOS-EU, and NORD 2000. The ISO 9613-2 and
CNOSSOS-EU methods allow calculations in octave bands
from 63 Hz to 8 kHz, while NORD 2000 allows calcula-
tions in one-third octave bands from 25 Hz to 10 kHz.
Neither of these computational models takes into account
the additional physical phenomena occurring in the low-
frequency range (tonality, frequency modulation) that in-
crease the annoyance of the noise generated by these de-
vices. This paper presents the results of calculations using
the aforementioned computational methods for modelling
low-frequency noise generated by wind turbines, taking into
account tonality and signal modulation determined exper-
imentally. The suitability of the presented approach was
verified by comparing the obtained calculation results with
measurements taken around the wind farm.

This research has been founded by the National Centre
for Research and Development – project No. NOR/POL
NOR/Hetman/0073/2019.

⋆ ⋆ ⋆
Effect on imaging quality of ultrasound probe
parameters in Doppler tomography method

Tomasz Świetlik (tomasz.swietlik@pwr.edu.pl)

Faculty of Electronics, Department of Acoustics,
Multimedia and Signal Processing
Wrocław University of Science and Technology
Wrocław, Poland

Doppler tomography (DT) is a method that allows the
reconstruction of 2D or 3D images of the interior of the exa-
mined object. For this purpose, a two-transducer ultra-
sound probe is used. In this method, the Doppler phe-
nomenon and the so-called Doppler signal are used to ob-
tain an image. Therefore, the probe is one of the most
important components of the measurement system of this
method.

It should be noted that Doppler tomography differs sig-
nificantly from the well-known Doppler method of measur-
ing blood flow in blood vessels. In the DT method, station-
ary cross-sectional images of the object under examination
are obtained. In order to produce the Doppler effect in this
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case, the probe can move around or along the object being
imaged.

This paper will present a simulation of the effect of the
frequency of the ultrasound probe on the imaging quality
of a single inclusion.

⋆ ⋆ ⋆
Selected acoustic structures for effective sound
absorption at low frequencies

Patrycja Świrk (pswirk@ur.edu.pl),
Lucyna Leniowska

University of Rzeszów
Rzeszów, Poland

The article presents a summary of the results of absorp-
tion tests for selected sound-absorbing-insulating materials:
commonly used acoustical systems and composite materials
of specially composed composition. In addition, we propose
a new type of metamaterial in the form of a multi-layered
acoustic system, which consists of an insulating material
and a core in the form of a profiled steel plate loaded with
a point mass, vibrating in an air gap environment. The re-
search aims to evaluate the sound absorption performance
of selected materials in the low frequency range. The re-
sults confirmed the very good absorption properties of the
developed composite materials. In addition, promising ab-
sorption coefficient values were also obtained for the acous-
tic metamaterial in the case of matching the point mass to
the local resonance.

⋆ ⋆ ⋆
Impact of changes in the shape of sensor part
of sensor-actuator hybrid on its effectiveness
in plates’ vibroacoustic reduction

Roman Trojanowski, Jerzy Wiciak (wiciak@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

This work is a continuation of authors previous works
on modelling a piezo electric sensor-actuator hybrid. For
these models a change in sensor shape will be introduced
to determine how it impacts the results. In order to preserve
continuity with previous and future work a steel plate with
2 piezo elements and a half sphere of air was modelled using
ANSYS software. One was used to excite plate’s vibration,
the other one for the purpose of vibration reduction. The
first piezo element is a standard square based piezoactua-
tor which will be used to excite the plates’ vibrations. The
second one can be either a standard square based piezoactu-
ator or a sensor-actuator hybrid with a square based actua-
tor part and either disc or square based sensor part with dif-
ferent sizes. Harmonic analyses were performed for the 1st,
2nd, 4th and 5th mode shapes using internal ANSYS opti-
mization functions with the goal function being the mini-
mization of displacement vector sum of a number of nodes
with 3 possible cases. 1st case – all nodes making the back of
the plate used as sensor, 2nd case – “virtual” sensor placed
on diagonal of the plate, 3rd case – sensor placed where
the sensor part of a hybrid is placed. Results presented ob-
tained reduction for the plate and the differences between
standard actuators and proposed sensor-actuator hybrids.

⋆ ⋆ ⋆

Annoyance of noise penetrating partitions
in multi-family and multi-function buildings

Hanna Turkowska (h.turkowska@itb.pl)

Instytut Techniki Budowlanej
Warsaw, Poland

Multi-family residential buildings often combine resi-
dential and commercial functions. At the same time, the
amount of time spent in the home is increasing, partly due
to the increasing prevalence of remote working. In such
a situation, the problem of providing suitable acoustic con-
ditions for work and rest becomes particularly important.
Many works indicate that standard – single – number meth-
ods for assessing the acoustics of partitions are insufficient
to determine whether occupants are adequately protected
from noise. The main purpose of this study is to assess
the annoyance of noise penetrating different types of par-
titions. The spectral waveforms of exemplary noises pen-
etrating into living spaces were analysed, and the results
obtained were related to indices for assessing noise annoy-
ance. This indicates the need for further work on methods
for assessing the building envelope in residential and com-
mercial buildings.

⋆ ⋆ ⋆
Sound insulation – comparison of standard
vs. real world situations

Michael Vorlaender (mvo@akustik.rwth-aachen.de)

RWTH Aachen University
Aachen, Germany

Standardized sound insulation metrics are essential for
testing of building elements and for field measurements in
order to ensure comparability of data. When it comes to a
real-world situation, however, the source and receiver posi-
tions and the source directivities might differ from those in
the standard setting. An auralization framework based on
ISO 12354-1 is briefly described. In an application of the
framework, a study on the impact of specific source posi-
tions and orientations on the effective sound level difference
is discussed in a few examples.

⋆ ⋆ ⋆
The influence of the use of a system of resonators
in the structure of a sonic crystal on its effectiveness

Julia Wesołowska (julia.wesolowska@silencions.com)

Silencions
Wrocław, Poland

This paper concerns the topic of layered structures
of sonic crystals. Sonic crystals are periodic systems of
acoustic scatterers placed in a homogeneous medium. They
achieve effectiveness through the impedance difference be-
tween the medium and the scatterer. These structures are
characterized by the ability to tune the system to the se-
lected frequency band, as well as the possibility of free air
flow. The paper discusses the impact of replacing the scat-
terers in the sonic crystal structure with a system of res-
onators (by making holes in the cylinders) on their effec-
tiveness in the selected frequency band. The transmission
drop was calculated analytically and then verified by mea-
surements performed in free field conditions. The analysis
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of the effectiveness of the solution was confirmed by mea-
surements using a directional loudspeaker as a sound source
and two configurations of sonic crystals. The first one, made
of scatterers, and the second one, made of Helmholtz res-
onators, obtained by making holes in the cylinders building
the crystal.

⋆ ⋆ ⋆
Comparative analysis of selected voice parameters
of patients with obstructive pulmonary disease
and dysphonia

Karolina Węglarz1 (karolinaw.roz@gmail.com),
Wiesław Wszołek2, Elżbieta Szczygieł3,
Daria Hemmerling2

1 Andrzej Frycz Modrzewski Krakow University
Kraków, Poland
2 AGH University of Krakow
Kraków, Poland
3 Akademia Wychowania Fizycznego
im. Bronisława Czecha w Krakowie
Kraków, Poland

A quality of voice is an important matter in commu-
nication, and can determine self-esteem and relationship
quality. Speech pathologies can be a serious disability of
the accusation, leading in extreme cases to social exclu-
sion. Voice problems are similar both among people work-
ing with professional voice and patients with respiratory
disease, including chronic obstructive pulmonary disease.

The purpose of the work was a comparative analysis
of selected voice parameters of patients with obstructive
pulmonary disease and dysphonia.

Research material: Research tests were taken on a group
of 61 people: 30 healthy people (mean age 25.1 years), 16
patients with COPD (mean age 67.4 years) and 15 patients
with dysphonia (56.4 years).

In order to obtain changes in the acoustic signal, char-
acteristic for dysphonia and obstructive pulmonary disease,
it was necessary to verify according to: body position and
selected voice parameters.

Body position was assessed using the photogrammetric
method. The three-plane position of the body in space was
established. In order to study the acoustic signal of speech,
an analysis was carried out in the time and frequency do-
main of the collected voice recordings. In contrast to the
“classical” methods of speech signal assessment and analy-
sis, the directions of research mentioned and conducted by
many authors bring little when it comes to speech patholo-
gies. The acoustic signal of pathological speech should be
justified from the three-point source of this signal: the pro-
cess of articulation – the process of origin – the stage of
deformation of one and the other process by determination.

As a result of the research, the parameters of the speech
acoustic signal were obtained, which provide additional in-
formation about changes in the sound source, which man-
ifest themselves in the form of deformation of the sound
signal.

The research method presented in the article will pro-
vide the patient with comprehensive and necessary diagnos-
tics, as well as the process of treatment and rehabilitation.

⋆ ⋆ ⋆

Questionnaires and acoustic measurements
in Longyearbyen Area, Svalbard

Jerzy Wiciak (wiciak@agh.edu.pl), Dorota Młynarczyk,
Paweł Małecki, Janusz Piechowicz

AGH University of Krakow
Kraków, Poland

Svalbard is a Norwegian province in the Arctic, cover-
ing the Svalbard archipelago and islands within 71○–81○N
and 10○–35○E. The largest town on the island of Spitsber-
gen is Longyearbyen, with a population of around 2 100.
It is the main centre of administration with the governor’s
office, and there are many public buildings, a housing es-
tate, a harbour and an airport. This paper presents selected
results from a survey on the quality of environment and
soundscape of Spitsbergen. The results of acoustic mea-
surements of selected sites near Longyearbyen are also pre-
sented. Based on the responses, three groups of tourist ac-
tivity were identified: (1) Longyearbyen activity: a round
trip of town, visit to the museum, mine no, 3 and UNIS vis-
its, (2) Snowmobile trips: to Barenstburg, East Cost and
Elveneset, (3) Nature hikes: trips to the summits of the
Sarkofagen and Trollsteinen peak, hiking on the Larsbreen,
Longyearbreen and Tellbreen glaciers and visits to glacier
caves. Of these sites, acoustic analyses (SPL – time and
frequency characteristics) were conducted at the following
locations: Longyeardalen: Unis area and city centre, Ad-
ventalen: dog sleds and snowmobiles rides, Nature hike: to
Sarkofagen peak and caves in Larsbreen and Longyearbreen
glaciers.

⋆ ⋆ ⋆
Beamforming in nearfield – metaheuristic approach
and speech intelligibility tests

Agnieszka Wielgus (agnieszka.wielgus@pwr.edu.pl),
Bogusław Szlachetko, Michał Łuczyński

Wrocław University of Science and Technology
Wrocław, Poland

A set of microphones spatially arranged in space in
a specific pattern is called a microphone array. Such an
array has many applications, inter alia: sonars, radars, or
speech processing. It can be used to extract and enhance
the signal of interest from its observation corrupted by
other interfering signals, such as noise or to estimate the
direction of arrival of a source. Since the microphones are
in different places in space, the phase of the signal compo-
nents that arrive to each of the microphone can be different
and some frequencies can be attenuated. Therefore, the ar-
ray can be perceived as a spatial filter that consolidates
the acoustic signals received by individual microphones to
form a bean. Such process is called beamforming.

In this paper we focus on a problem in which the de-
sired signal (speech signal) is interfered by other signal with
partially overlapping band but with different localization.
Our goal is to attenuate the interfering signal. We exper-
imentally study the method in which microphones do not
have to be equally spaced and all information regarding
signal phase is hidden in a transfer function of the micro-
phone. We focus on determining the microphones positions
to minimize and FIR filter coefficients so that the actual
output the beamformer is as close as possible to the de-
sired one in the sense of l2 norm. To solve this problem, we
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use a metaheuristic algorithm. Since the interfering signals,
i.e. background noise reduce speech intelligibility (SI), we
study how the proposed microphone matrix influences this
parameter (SI) – a variable, being an index of the compre-
hensibility of speech signals. SI is defined as the average
percentage of words or phonetic units that human listeners
can recognize.

⋆ ⋆ ⋆
Noise testing of multi-disc fan

Kamil Wójciak (kamil.wojciak@itc.edu.pl),
Patryk Gaj, Joanna Kopania

Instytut Energetyki
Łódź, Poland

The impeller of a multi-disc fan was made of rotating
smooth discs spaced close together. The concept of such
machine came from Nikola Tesla in 1909. The fluid, based
on the principle of friction against the rotating surfaces of
the discs, flows outwards from the disc pack into an outlet.
According to the literature, such a design is characterized
by low noise emissions. Based on calculations, a prototype
of a multi-disc fan was designed and then manufactured.
Tests were carried out for the sound power level emitted
from the fan’s outlet. The examination was performed in
a reverberation chamber according to ISO 3741:2010 stan-
dard. The noise source was visualized using an acoustic
camera. The aerodynamic characteristics were also deter-
mined experimentally according to ISO 5801:2017 stan-
dard. The acoustic and aerodynamic characteristics of the
multi-disc fan were determined.

⋆ ⋆ ⋆
Algorithm for detection of wave packets
in a circular waveguide

Piotr Wrzeciono1 (piotr_wrzeciono@sggw.edu.pl),
Michał Szymański1, Hydayatullah Bayat2

1 Institute of Information Technology
Warsaw University of Life Sciences
Warsaw, Poland
2 Institute of Civil Engineering
Warsaw University of Life Sciences
Warsaw, Poland

This paper presents an algorithm for detecting wave
packets in a circular waveguide. The waveguide terminated
with a concrete plug was used to test the method. The con-
crete was made in accordance with the Eurocode standard.
During the tests, a significant difference was observed be-
tween the behavior of the speaker and the concrete plug.
The pulse reflected from the plug maintained its shape re-
gardless of the sound level. The reflection of the pulse from
the speaker’s diaphragm resulted in a significant change in
the form and duration of the wave packet. These changes
were dependent on the sound level of the wave packet. As
a result of these modifications was a significant difference
between the measurement uncertainty of detecting a pulse
reflected from the concrete and the speaker. In the case of
reflection from the concrete plug, an uncertainty of 0.036%
was obtained. The smallest measurement error value for
the pulse reflected from the speaker was 2.5%.

⋆ ⋆ ⋆

Measurement verification of model calculations
results of noise distribution around large
industrial plants

Tadeusz Wszołek (twszolek@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

Noise mapping of large industrial plants is typically
carried out in preparing Integrated Pollution Preven-
tion and Control (IPPC), environmental impact assess-
ments and as part of strategic noise mapping. The con-
struction of an acoustic model of a large plant at the de-
velopment stage is similar to the modelling of other fa-
cilities. Essential differences arise at the calibration and
verification stage of such a model. In an industrial plant,
noise sources are distributed over a large area and noise
emissions are usually measured at the plant boundary, at
varying distances from the noise sources. Noise sources in
large cities are distributed over an even larger area, but the
calculations can be verified directly in their surroundings
(e.g. next to a road), with the influence from other sources
eliminated. In addition, the layout of the sources is repeat-
able (roads, railways, etc.). These are features that increase
the accuracy of the modelling. In the case of an industrial
plant, which is often seen as a black box, the points for cal-
ibrating the model are outside. Then the calibrated (mea-
sured) level is not the emission from an individual source
but the summed emission level from all sources on the site.
The noise emission from noise sources at the measurement
point strongly depends on the attenuation along the prop-
agation path. The magnitude of this attenuation for each
source is different, as it depends on the location of the
source relative to the measurement point and the obsta-
cles between the source and the measurement point. As
the EU recommended computational models (ISO 9613-2
and CNOSSOS) allow calculations to be performed under
specific weather conditions, the problem of measurement
verification of the model becomes even more important.

The paper focuses on the consistency of weather condi-
tions and measurement verification and their influence on
the result of noise prediction in the surroundings of a large
industrial plant. The results of control point calculations
using ISO 9613-2, CNOSSOS algorithms and the Nord
2000 model, which allows calculations under practically any
weather conditions, are shown. The results of the analyses
were compared with the measured results at the control
points under “real” weather conditions.

⋆ ⋆ ⋆
Tests of windshields
for wind turbines noise measurements

Tadeusz Wszołek,
Maciej Kłaczyński (maciej.klaczynski@agh.edu.pl),
Paweł Pawlik, Bartłomiej Stępień,
Paweł Małecki, Dominik Mleczko

AGH University of Krakow
Kraków, Poland

Measuring noise from wind turbines is a problematic
metrological task due to the significant interference caused
by the wind, especially in the low-frequency range. In the
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audible band, especially A-weighted, the impact of inter-
ference from wind is significantly less than in the low-
frequency and infrasound bands. For this reason, methods
are still being sought to reduce interference from wind in
the lowest frequency bands effectively. Experimental tests
within the scope of the work were carried out using sev-
eral windshields: with a single standard spherical wind-
screen (90 mm diameter) at 1.5 m and 4 m height above
ground level; with an additional microphone’s shield (tent);
with a set of the double-shell type consisting of a stan-
dard spherical windscreen made of polyurethane foam and
a second shield covered with a double thin fabric (included
90% nylon with 10% admixture of polyurethane/cotton,
which is often used in pop-filters) with high flexibility and
a 300 mm diameter placed at the height of 1.5 m above
ground level; on the board with a double windscreen at
a ground level according to IEC 61400-11. An effective-
ness analysis of the proposed measurement methods was
carried out on the wind farm in various wind condition.
Performed research indicates that the best of the tested
variants, when measuring wind turbine noise especially in
the low-frequency range, is to place the microphone on the
board with a double windscreen according to IEC 61400-11.
It is also acceptable to use a double spherical cover.

⋆ ⋆ ⋆
Effect of phase modification
of sound components on spatial impression
in 2 and 3-component signals

Kamil Zimny (kzimny@agh.edu.pl)

AGH University of Krakow
Kraków, Poland

Spatial perception of sounds is one of the fundamen-
tal properties of the auditory system, allowing for the lo-
calization of sound sources in space or the evaluation of
room size. However, the mechanisms responsible for this
phenomenon have not been fully understood and described
yet. Research in this area indicates the existence of mech-
anisms in the higher levels of the auditory system that are
responsible for creating the impression of spatiality. On the
other hand, other studies have shown that the auditory sys-
tem is sensitive to phase coherence between the components
of complex signals, suggesting a relationship between these
phenomena. Preliminary informal listening tests suggested
that continuous phase shifts introduced into components of
complex sounds evoke an impression of spatiality of these
sounds.

The subject of this paper is the investigation of the in-
fluence of phase modifications on the perception of sound
spatiality and the presentation of its results. Harmonic sig-
nals composed of 2 or 3 pure tones at specific fundamen-
tal frequencies were used in the study. The signal com-
ponents were then phase-modified using specially designed
algorithms and various parameters of phase change. The lis-
tening test involved a dozen participants, mostly students
without specialized listening training, who were asked to
compare the spatial impressions of sounds with phase mod-
ifications to those without them. The research was con-
ducted in an audiometric cabin using headphones.

⋆ ⋆ ⋆

Evaluation of hydroacoustic channel stationarity
for reciprocal movement of transmitter
and receiver

Andrzej Żak1 (a.zak@amw.gdynia.pl),
Ryszard Studański2, Agnieszka Czapiewska3,
Łukasz Wojewódka2, Andrzej Łuksza2

1 Polish Naval Academy
Gdynia, Poland
2 Gdynia Maritime University
Gdynia, Poland
3 Gdańsk University of Technology
Gdańsk, Poland

For shallow water areas, the hydroacoustic channel is
characterized by strong multipath and at the same time
long memory times. In the case of reciprocal movement
of the transmitter relative to the receiver, coherence times
should be expected to be extremely short. Classical meth-
ods of assessing the stationarity of a channel, for example,
proposed on the recommendations of ITU-R P.1407-7, in
the case of hydroacoustic channels do not allow the de-
termination of coherence times primarily due to the long
memory time of the channel. In view of this, the paper
proposes a method for assessing channel stationarity based
on simultaneously transmitted chirp signals of increasing
and decreasing frequency. The study was carried out in
a laboratory pool for different rates of movement of the
transmitter relative to the receiver. In the pool there was
strong multipath i.e. very difficult propagation conditions
for data transmission. The paper evaluates the stationarity
of the channel as a function of the speed of movement of the
transmitter, the bandwidth occupied by the measurement
signal and its duration. The study shows that the hydroa-
coustic channel is not always stationary for the duration of
the symbol and this assumption is often made in simulation
studies of data transmission in the hydroacoustic channel.

⋆ ⋆ ⋆
Profile analysis: A framework for the study
of auditory sound spectrum analysis

Jan Żera (jan.zera@pw.edu.pl)

Warsaw University of Technology
Warsaw, Poland

Profile Analysis (PA) is a research approach in mea-
suring the listeners’ ability to discern the changes in the
spectral envelope shape of complex tones. PA is based on
a specific experimental design in which the listener is forced
to perform across-frequency spectral comparisons. This is
achieved by using a procedure of signal level roving to pre-
vent the subjects from responding on the basis of their
ability of detecting the change of level in a single frequency
channel. The studies, initiated by D.M. Green and his co-
workers in 1980s, explored the topic of PA in a thorough,
systematic way. The experiments concerned the detection
of amplitude increment (or decrement) of a single compo-
nent in a multicomponent logarithmic complex, detection
of multicomponent spectral changes, tilted spectra, or us-
ing a pedestal. The use of logarithmically spaced compo-
nents accounted for the auditory filter bandwidths (ERBs)
as in such spectra the same number of components fall in
each and every auditory filter along a wide frequency range.
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Later experiments included harmonic spectra more typical
of music. A novel approach in PA was to separate across-
frequency spectral envelope shape comparisons in a com-
plex tone and across-time level comparisons in given par-
ticular frequency channel. This procedure has brought new
insight into timbre perception explorations in real-life con-
ditions of sound perception, such as differentiating timbre
changes in musical sounds during which both across fre-
quency and along time comparisons are made. PA offered
a new approach to the study of auditory sound spectrum
analysis but was followed by only few researchers. The pa-
per recalls results of the PA studies and provides discussion
of some links between the PA and the results of listen-
ing tests conducted during a course aimed at the develop-
ment of timbre evaluation skills among the students at the
Chopin University of Music in Warsaw.

⋆ ⋆ ⋆
Assessment of the impact
of road traffic noise based
on post-realization analysis of a project

Rafał Żuchowski (rafal.zuchowski@polsl.pl),
Artur Nowoświat

Silesian University of Technology
Gliwice, Poland

The article presents the issue of post-implementation
analysis of the road in terms of noise generated by road
traffic, which affects the quality of life of residents and re-
quires effective remedial actions. The post-implementation
analysis allows for the assessment of the actual effects of
road noise, the identification of areas requiring protection
against noise and the monitoring of the effectiveness of the
applied noise solutions based on field studies. It presents
factors influencing the acoustic climate, such as traffic in-
tensity, type of vehicles, road surface and applied acoustic
protection. Presented is the current land development,
such as the location of the road, its infrastructure and sur-
roundings in the form of data obtained on the basis of the
conducted terrain scanning. The conducted analysis of
the measurement results was the basis for additional tests
of the acoustic parameters of the existing acoustic
screens. In addition, computer simulations were carried
out, which allowed the assessment of the current acoustic

climate along the entire length of the road and were the ba-
sis for developing a repair program to the extent required.

⋆ ⋆ ⋆
The influence of composite material manufacturing
technology on the change of insulation
from impact sounds

Daria Żuk1 (d.zuk@wm.umg.edu.pl),
Norbert Abramczyk1, Piotr PJ Jakubowski2

1 Gdynia Maritime University
Gdynia, Poland
2 Maritime Advanced Research Centre
Gdańsk, Poland

The paper shows the influence of the composite ma-
terial manufacturing technology on the change of the in-
sulation parameter from impact sounds and the ability to
dampen structural vibrations by modifying the structure of
the composite material with the addition of rubber recy-
clate. Tests of acoustic insulation from impact sounds were
carried out on a sandwich composite made on the basis of
Synolite 1967-G-1 polyester resin and glass mat with a ran-
dom arrangement of fibers and a weight of 350 g/m2. As an
additive modifying improving damping efficiency, rubber
recyclate created in the process of disposal of car tires was
used. The material was made using the vacuum infusion
method. Composite materials were tested in three variants
of the arrangement of recyclate in the produced compos-
ite in the form of 1, 2 and 3 sandwich layers. In the field
of “in-situ” field tests, the reduction of the impact sound
level by the ceiling with the tested plate made of compos-
ite material in relation to the ceiling without ∆L′ plate
was determined in accordance with PN-EN ISO 16283-2
and PN-EN ISO 717-2. The best insulation from impact
sounds was obtained for a board made of material with
3 sandwich layers, which is ∆L′ = 20.6 dB. A decrease in
the impact sound level of the board with 3 sandwich layers
in relation to the composite board without the addition of
recyclate was also determined, demonstrating the effect of
rubber recyclate additives on the attenuation of structural
sounds in the tested material. The use of rubber recyclate
obtained in the process of disposal of car tires has an im-
pact on improving environmental protection.

⋆ ⋆ ⋆
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