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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.

⋆ ⋆ ⋆
The simulation of the influence of the Doppler
effect on wideband hydroacoustic signals

Zuzanna Cymerman (zuzannacymerman1@gmail.com),
Iwona Kochańska

Gdańsk University of Technology
Gdańsk, Poland

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
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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
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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.

⋆ ⋆ ⋆
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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
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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.
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Assessment of the impact
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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.
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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.

⋆ ⋆ ⋆


