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Abstract: - Environmental noise impacts the quality of life and psychological well-being of people with hearing
sensitivity or autism spectrum disorder due to the lack of effective noise control strategies. People with this
disorder have auditory hypersensitivity and, in many cases, hyperacusis, which increases their vulnerability to
loud noises. Previous research describes the use of active noise cancellation algorithms or noise regulatory
measures to protect the health and quality of life of people with the disorder. Therefore, we propose the
implementation of an active domestic noise cancellation technique based on the adaptive FXLMS algorithm and
implemented in in-ear headphones, aimed at reducing sounds such as fireworks, blenders, door slamming, and
barking, to protect the hearing health of people with the syndrome. The project consisted of modeling the
Primary Path and Secondary Path propagation routes from a database and adapting the system to the Bose
QC20 in-ear headphones. The results demonstrated that the adaptive FXLMS algorithm managed to attenuate
domestic noise in low and medium frequencies (<4000 Hz), confirming its adaptation capacity, although with
critical dependence on the convergence coefficient and limitations associated with the type of noise and
database used.
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1 Introduction control strategies contributes to the deterioration of
Nowadays, environmental noise significantly affects the hearing health of people with this condition, [8].
the quality of life and can generate psychological People with ASD have intense sensory
discomfort in people exposed continuously, [1], [2]. experiences that can hurt the ears of those who
For this reason, active noise cancellation (ANC) suffer from it, [9], [10]. One of the main problems is
systems are essential for individuals with hearing related to the presence of hyperacusis, generating
sensitivity [3] generated in some cases by the human greater sensitivity _tc_J sc_)und with a onver tol_erance
voice [4]. In addition, there is a problem related to threshold [11], facilitating the perception of intense
noise pollution, with noise being a significant source noises, [12]. Likewise, according to the
of health problems. This particularly affects people Classification of severity of the disorder in the
with Autism Spectrum Disorder (ASD), who, for the Peruvian popqlatlon, a record of 16 thousand people
most part, have a marked auditory hypersensitivity diagnosed with ASD was observed who were
[5], [6], increasing their sensitivity to noise. entered into the National Registry of People with
Although noise exposure at home can be reduced, Disabilities, [13]. _

there are still sources of domestic noise that cause From the reviewed research, a large impact of
discomfort, affecting the tranquility of people with auditory hypersensmwty_ is observed in stochas_tlc
ASD, [7]. Furthermore, the lack of effective noise and poorly controlled noises, [14]. Previous studies

on noise show that there are few implementations of
systems that mitigate noise levels for individuals
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with ASD or focus on active noise control, [15],
[16].

Based on the above, the objective is to design a
home noise cancellation system using the FXLMS
cancellation algorithm for individuals with ASD in
three phases: Determine the noise characteristics;
model the noise cancellation technique using the
FXLMS algorithm in in-ear headphones; and
simulate home noise cancellation. To achieve these
objectives, an active noise control system is
designed for four types of noise: fireworks, a
blender motor, a door slamming, and dog barking.

2 Literature Review
Previous research agrees in demonstrating the
effectiveness of the FXLMS algorithm compared to
the LMS to improve active noise cancellation,
highlighting its ability to handle multiple frequency
bands and optimize the system response in real time,
[17], [18].

While systems can focus on FPGA
implementation for in-ear headphones with a focus

on low power consumption [19], [20], another
approach addresses industrial applications in
motors, achieving attenuation under operating

conditions [21], [22]. Together, these contributions
show that the FXLMS is an adaptable solution in
industrial contexts, which allows considering its
potential for sensitive environments such as those
for people with ASD.

On the other hand, it has been shown that there
is an impact of noise on people, through FXLMS
improving its stability in different auditory
environments [23], or with passive architectural
isolation solutions in educational centers for people
with ASD, [24]. Although they differ in the type of
approach  (technological, architectural, and
regulatory), all approaches show that noise
mitigation is important for protecting the health and
quality of life of people with ASD, suggesting that
an integration of active, passive, and legal solutions
can generate a more effective impact.

On the other hand, research has found that
fireworks and other intense noises generate extreme
responses such as fear, anxiety, pain, and even risk
situations in people with ASD, making it necessary
to have controlled and safe environments, [25], [26].
In addition, regulatory measures such as the
restriction or prohibition of fireworks have been
proposed to reduce stress and injuries to people,
[27]. Likewise, quantitative studies in urban
populations have shown that noise pollution from
sources such as household appliances, construction,
and fireworks significantly affects children with
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ASD, recommending the implementation of public
policies to address this problem, [28].

3 Methodology
The cancellation system consists of a stage for
acquiring the domestic noise signal, processing it in
Matlab software, analyzing its characteristics based
on time and frequency, evaluating its behavior, and
determining the predominant noise characteristics.
To model the system, the impulse response of
the acoustic paths of an in-ear headphone system
(primary and secondary propagation paths) was used
to describe the acoustic behavior of the sound
propagation paths. Once the acoustic model was
defined, the control strategy was selected, and the
adaptive FXLMS algorithm was designed. Finally,
its performance was evaluated by adjusting the
control parameters and the convergence coefficient
to improve the system's response, validating the
results with noise attenuation measurements (Figure
1).
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Fig. 1: Stages of development
Source: Created by the authors

3.1 Features of the Noise Cancellation Stage
This section describes the acquisition and analysis
of domestic noise signals. The Behringer ECM 8000
transducer was used for noise acquisition. A script
was then developed using MATLAB software to
evaluate its behavior over time and frequency by
analyzing the noise characteristics, determining its
type and frequency peaks (Figure 2).

During the noise signal acquisition process, four
household noises that affect people with ASD were
captured to analyze their characteristics and use
them in the design of the cancellation system
(Figure 3). These signals were acquired using an
analog-to-digital conversion stage with a sampling
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frequency (fs) of 44.1 kHz, 24 bits, and using
Ableton Live Lite software for audio capture.
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Fig. 2: Acquisition of signal characteristics
Source: Created by the authors
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Fig. 3: Domestic noise recording process
Source: Created by the authors
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The Matlab script recorded the signals
corresponding to the sounds of fireworks, a blender,
a door slam, and barking. Temporal characteristics
related to signal amplitude, duration, and energy
distribution were then considered. Based on the
previous characteristics, the noise attributes were
defined: Type, maximum frequency amplitude,
frequency cancellation, and degree of sensitivity.

3.2 Modeling the Noise Cancellation Stage
Figure 4 presents the flow diagram that describes
the ideal cancellation process, based on the
characteristics of the previously analyzed noises,
and oriented to its application in Bose QC20 in-ear
headphones by incorporating the physical and
acoustic properties of the hearing aid.

For the selection of the active noise cancellation
system, two architectures were considered:
Feedforward and Feedback. The choice of these
architectures depended on the location of the
microphones, the type of noise to be canceled, and
the processing hardware capabilities. Furthermore,
the cancellation stage was modeled based on the
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analysis of sound propagation paths in in-ear
headphones, as these offer passive and active
attenuation that optimizes noise reduction.
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Fig. 4. Flowchart of noise cancellation stage
modeling
Source: Created by the authors

The justification for wusing a direct feed
architecture instead of feedback is based on an
assessment of the acoustic characteristics of noise
and the limitations of in-ear headphones. In homes,
broadband impulsive noises are unpredictable over
time, which affects feedback. Furthermore, direct
feed allows the algorithm to detect the disturbance
with the microphone, improving convergence speed.
Additionally, the processing requirements of the
FXLMS algorithm are lower in direct feed
implementations.

The modeling input used was the database by
[29], which provided measurements and simulations
on Bose QC20 headphones. The acoustic behavior
of the database was measured by generating a
logarithmic frequency sweep with a sampling rate of
48 kHz and a duration of 4.05 seconds, which
allowed obtaining the impulse responses of the
propagation paths.

In addition, the secondary propagation path of
the cancellation stage was estimated, considering
that any modification experienced by the
cancellation signal affects the performance. An
estimate of the secondary path S'(z) was
incorporated, considering the real response of the
secondary propagation path S(z) (Figure 5), since an
incorrect estimate can generate noise amplification.

The acoustic trajectories were measured
indirectly using the database in [29], which provides
impulse responses acquired through Bose QC20
headphones. The trajectories were characterized
using a logarithmic sweep signal (20 Hz—20 kHz)
through the loudspeaker, and a microphone captured
the response at the ear canal entrance. This
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information allowed for the description of the
propagation delay, reflection components, and
frequency attenuation of the acoustic trajectories.
x(n) is the reference signal of the noise source; P(z)
represents the acoustic path between the noise and
the error microphone; d(n) is the desired signal;
W(z) is the adaptive filter that generates the anti-
noise signal y(n); S(z) is the secondary path; y'(n) is
the filtered anti-noise signal; S'(z) is the estimated
model of the secondary path; LMS represents the
least squares adaptation block; and e(n) is the

residual error signal obtained after noise
cancellation.
Noise x(n) d(n) e(n)

source

¥y (n)

]

Fig. 5: Block diagram of the FXLMS algorithm with

secondary estimation
Source: Created by the authors

3.3 Design and Simulation of the Noise
Cancellation System

3.3.1 System Design

The following elements were considered for the
design of the noise cancellation system: a)
Reference signal of the signal x(k); b) Primary
propagation path; c¢) Estimation of the secondary
propagation path; d) Convergence coefficient
adjustment.

To do this, it was necessary to initialize the
FxLMS algorithm vectors and store the input, error,
and adaptive filter coefficient signals. These vectors
were updated within a for loop, where equation (1)
of the FXLMS algorithm is applied at each iteration
to update the filter coefficients and improve noise
cancellation. In equation (1), x[I(k) represents the
reference signal filtered through the secondary path
S'(z), which is used to compensate for delay and
frequency response. The subscript "s" indicates the
compensation of the secondary path on the reference
input.

w(k+1)=w(k)+tue(k)xs(k) 1)
where:
o x(k): Secondary path that filters the noise
signal to model the response from the speaker to
the error microphone.
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o W(k+1): Represents the vector of adaptive filter
coefficients at each iteration k.

o ¢(K): Error signal obtained as the difference
between the signal filtered by the primary path
d(k) and the generated anti-noise signal y(k)

This cancellation process runs throughout all
iterations, continuously updating the filter
coefficients based on the error obtained. This
procedure is shown in the flowchart in Figure 6.

3.3.2 Simulation of the Cancellation System
A 1 kHz signal frequency was used for the
validation process. This frequency was selected
because it falls within the auditory system's most
sensitive band. The literature indicates that
frequencies between 1 kHz and 4 kHz represent the
range of greatest auditory sensitivity. Therefore, 1
kHz was used as the test tone to evaluate attenuation
in the frequency domain, based on validation
research reported, [19], [20]. For system validation
with FXLMS in in-ear headphones, the following
topics were considered:

e Evolution of adaptive filter coefficients

e Mean square error (MSE)

e Attenuation as a function of time and frequency
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Fig. 6: Active noise cancellation process flowchart.
Source: Created by the authors

O,

The total system latency must be significantly
less than the period of the highest frequency to be
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eliminated. For frequencies up to 4 kHz, this
corresponds to a maximum permissible latency of
approximately 0.3 ms, as indicated in the scientific
literature. In the simulation, the processing includes
filtering and adjustment of the FXLM coefficient,
both of which were designed to avoid exceeding the
permissible latency.

4 Results and Discussion

4.1 Feature Analysis

Using the ECM 8000 recording microphone, the
Arturia Minifuse audio interface, and the Ableton
Live Lite program, the four noise signals were
processed and captured using the MATLAB script
for their time-frequency analysis, obtaining the
attributes of maximum amplitude, duration, and
energy (Figure 7). In the case of the blender noise, it
was the only one characterized by a constant and
stable signal over time, with a maximum amplitude
of 0.8 for 12.2 seconds, while the other signals can
be unpredictable (Table 1).
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Fig. 7: Noise signals: (a) pyrotechnic, (b) blender,
(c) door slam, (d) barking
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0 2

After that, the temporal and frequency
characteristics of the four collected noises were
analyzed to determine the level of expected
frequency  cancellation, maximum frequency
amplitude, and annoyance in people with ASD
according to the isophonic curves and the sensitivity
of the human ear in the frequency range of 1 kHz to
5 kHz. For example, in the case of pyrotechnic
noise, it is observed that the signal presents highly
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variable temporal characteristics, especially in the
highest peaks, which are unpredictable and non-
stationary in time. In the frequency domain, it was
obtained that during prolonged bursts, low-
frequency energy is prevalent, with a maximum

peak at 187 Hz (Figure 8).

Table 1. Comparison of noise signals over time

Noise Maximum | Duration Signal energy
amplitude | (seconds)
Pyrotechnic 0.65 14.7 Non-uniform and
unpredictable
amplitude
Blender 0.8 12.2 Continuous and
periodic amplitude
slamming 1 4.9 Single amplitude
noise
barking 0.9 122 Non-uniform and
unpredictable
amplitude

Source: Created by the authors

Frequency analysis showed that the four
household noises exhibit a higher concentration of
energy in low and mid-frequencies, although with
differences in their characteristic ranges and peaks.
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Fig. 8: Visual characteristics of pyrotechnic noise
(a) in time and (b) in frequency
Source: Created by the authors

The fireworks noise and the slamming door
stand out for their strong presence in the low
frequencies, with peaks around 200 Hz and 70 Hz,
respectively, while the blender and the barking
concentrate their energy between 150 and 1600 Hz.
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Overall, it is evident that these noises primarily
affected the low and mid-frequency bands, which
explains their impact in sensitive environments.
Table 2 shows noise values that may affect
individuals with  ASD, possible frequency
cancellation, maximum frequency amplitude, and
noise type.

4.2 Modeling Results

As part of the cancellation system design, the
secondary propagation path was modeled. This
model allowed for the implementation of the
FXLMS algorithm using an adaptive NLMS filter
for secondary path estimation. To achieve this, the
coefficients of the estimated impulse response were
adjusted, modeled as S'(z), which were subsequently
integrated into the FXLMS algorithm. Furthermore,
the length of the coefficients of the adaptive filter
S'(z) was defined using equation 2.

Filter Length > Ti*Fs 2)

where:

e Ti is the duration of the secondary path
impulse response (s)

e Fsisthe sampling frequency (Hz)

Table 2. Comparison of noise signals according to
feature analysis

Noise Type Xr?]?li tude Output Discomfort
Pyrotechnic Very high
Broadband | 187 Hz limited (1 KHz -2
KHz)
Blender I;r:r;wlted Half 1
. 1248 Hz expected KHz-1.6
continuous KH2)
bandwidth
slamming Limited
noise and Low 0
impulsive 69 Hz acceptable Hz-500Hg)
bandwidth
barking High (1
Broadband | 808 Hz limited KHz-
1.5KHz)

Source: Created by the authors

It was determined that a size of L=960 values
was adequate for the length of the adaptive filter.
Likewise, the value of the convergence coefficient
"n" is defined, which was found within the range of
values between 0 and 1, guaranteeing the stability of
the algorithm. Figure 9 presents the comparison
between the original signal of the secondary path
S(2), the estimated signal of the secondary path, and
the adaptation error. It is observed that the algorithm
achieves a convergence adjustment in the first 1000
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iterations, which demonstrates that the adaptive
model is capable of estimating the response of the
original secondary path.

The system was not compared to ANC
headphones, as the focus of this research was on
algorithmic modeling and attenuation simulation.
Comparisons with commercial ANC devices require
additional configurations and identical hardware
architectures, which exceed the available resources.
However, it can be inferred that the attenuation
obtained (14.8-20.0 dB) is close to that of
commercial devices (20-25 dB).

4.3 Simulation Results

The results of the FXLMS feedforward cancellation
stage tests are shown in Table 3, obtained by using
an adaptive filter with a length of 960 coefficients
and varying the convergence coefficient of the
FXLMS algorithm. This variation in the
convergence rate was applied to the four noise types
to identify the optimal coefficient value that
provides an efficient response.

The results showed that the selection of the
adaptation coefficient of p=0.007, being optimal to
cancel a greater amount of broadband random noise,
without compromising the stability of the system
due to accelerated convergence.

25

—— Desired signal
2 - Outputsignal
Error signal

o 2 4 6 8 10 12 14 16 18
Number of iterations <104

Fig. 9: Iterative estimation of secondary path
Source: Created by the authors

Table 3. Comparison of the stability of the
coefficient of convergence

Noise p=0.0 | p=0.0 | p=0.0 | n=0.01 | p=0.1
001 01 07

Pyrotech | Stable Stable Stable Unstable | Unstable

nic

Blender Stable Stable Stable Stable Unstable
and fast

slammin Stable Stable Stable Stable Unstable

g and fast

barking Stable Stable Stable Unstable | Unstable

Source: Created by the authors
The cancellation system was evaluated

considering the adaptive filter coefficients, the time-
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dependent attenuation, and the mean squared error
(MSE). Although the results in Table 3 show
convergence with different p coefficients, the MSE
was used as a metric in the validation process. The
simulation demonstrated that adapting the FXLMS
algorithm coefficients reduced noise energy.

During the simulation and validation tests, 4
results were obtained based on the types of noise
described below:

a) Pyrotechnic noise. Figure 10 shows the
attenuation in low-frequency regions continuously
adapting to the irregular and chaotic variations in
the signal. The reduction in maximum amplitude at
187 Hz is notable, demonstrating that when the
noise does not maintain periodicity or has a high
energy load in low frequencies.
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Fig. 10: Cancellation in time (a) and frequency (b)

of pyrotechnic noise signal
Source: Created by the authors

b) Blender noise. Significant attenuation is
observed in low and mid-frequency regions.
Furthermore, the maximum amplitude peak of 1248
Hz is considerably attenuated, as shown in Figure
11. The system exhibits remarkable adaptive
capacity over time, achieving an even greater
amplitude reduction than that of pyrotechnic noise.
Although the algorithm adapts more slowly than
that of stochastic noise, the system achieves greater
attenuation for noise from household appliance
motors such as blender motors.
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¢) Door slamming noise. A significant decrease
in low frequencies was obtained. In particular, the
maximum amplitude located at 69 Hz showed a
considerable reduction in amplitude, from a
maximum peak value of 49 x 10 4 to a value of 4 x
10-4, denoting that the noise level is reduced at low
frequencies and with a non-periodic impulsive
characteristic (Figure 12). This system response
demonstrated its effectiveness against noises caused
by short-duration impulsive blows, but with high
energy, such as hammer blows, falling objects, or
any other sound that concentrated the energy for a
brief moment in time.
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Fig. 12: Cancellation in time (a) and frequency (b)
of slamming noise signal. Source: Created by the
authors

d) Barking noise. Attenuation was achieved in
the low frequencies of the signal. In particular, a
decrease in the maximum amplitude recorded at 808
Hz was observed, which initially had an amplitude
value of 39 x 10 4, reducing its amplitude to a value
of 2 x 10-4 (Figure 13). The effectiveness of the
system not only covered low frequencies below 500
Hz, but also encompassed mid and low frequencies
for aperiodic and stochastic signals.
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To complement the qualitative graphical results,
guantitative attenuation metrics were calculated for
each noise type in both the time and frequency
domains (Table 4). The average sound pressure
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level (SPL) reduction within the frequency bands
ranged from 14.8 dB for fireworks to 19.3 dB for
sources such as the blender, measured between 100
Hz and 1600 Hz. Overall, the system achieved an
average noise reduction of 18 + 2.2 dB.
Furthermore, the signal-to-noise ratio (SNR)
improved after cancellation, demonstrating that the
adaptive filter effectively minimizes low-frequency
interference.

Table 4. Results of cancellation behavior

oise Type Dominant Mean SNR
Frequency Attenuation Improvement
(Hz) (dB) (dB)

Pyrotechnic | 187 14.8 9.6

Blender 1248 19.3 12.4

Door slam | 69 20.0 11.1

Barking 808 16.7 12.9

Source: Created by the authors

The evaluation focused on simulations under
controlled conditions, assuming ideal propagation
trajectories. Real-world environments introduce
errors related to microphone usage and time-varying
trajectories, which affect system stability. These
factors were not evaluated, but they are important
for future work. Implementing adaptive estimation
with a secondary trajectory can compensate for
discrepancies in non-stationary acoustic
environments. Although the FXLMS system has not
been tested with untrained noise sources, it can
adapt to different sounds by adjusting the
coefficients in real time, which depends on the
convergence rate of the algorithm.

5 Conclusion

The system adaptation process using FXLM allowed
attenuation of noise signals from pyrotechnics,
blenders, door slams, and barking in the low
frequencies below 4000 Hz. Additionally, the
primary propagation paths and the secondary path
were estimated from the headset database, which
allowed accurate modeling of its behavior.

The generalizability of the results is limited by
the methodology, which focused specifically on
adapting the system to Bose QC20 headphones. The
propagation path modeling was based on a database
specifically designed for the model simulations. The
results demonstrate the adaptability of the FXLMS
algorithm under the acoustic conditions of this
device, but its application to other headphone
models was not the design objective.

The cancellation technique is critically
dependent on the value of the convergence
coefficient "u," since this parameter presents a
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critical limit for each type of noise. However, high
values of the convergence coefficient can
compromise the stability of the algorithm, rendering
the system unstable. Furthermore, the results show
that the highest amplitude frequencies were
attenuated because these peaks were located in the
frequency range below 4000 Hz.

The use of pre-recorded impulse responses
entails a trade-off for reproducibility and accuracy.
Because the use of pre-measured trajectories allows
for repeatability in the evaluation of the FXLMS
algorithm, controlled acoustic conditions are
assumed. However, this does not capture time-
dependent effects that alter the transfer function in
real environments.

The limitation is the lack of a comparison with
other cancellation methods or ANC systems, where
the literature review showed that the FXLMS
algorithm is superior to the LMS algorithm for
cancellation. The system's limitation to frequencies
below 4 kHz is due to physical factors, as ANC
systems are efficient at certain frequencies.
Furthermore, the operating range coincides with the
most sensitive hearing band for individuals with
ASD, up to 4 kHz. The system does not dynamically
adapt to variations in the geometry of each user's ear
canal, but in future implementations, personalized
trajectory estimation could be integrated. This
research is original in the aspect of applying the
FXLMS algorithm to noisy environments for people
with ASD, integrating context-sensitive
psychoacoustic and health criteria, adaptable to
assistive devices.

Future research could focus on optimizing the
placement and power of transducers, combining
active cancellation with passive materials to extend
attenuation across the entire frequency range.
Furthermore, the real-time response of the FXLMS
algorithm could be implemented for further latency
testing and evaluation. Another important aspect is
the system's energy consumption, since continuous
adaptive  processing can increase  current
consumption; therefore, future improvements should
analyze the computational cost for use on battery-
powered platforms. Although no experimental
measurement of energy consumption  was
performed, its execution is viable on portable
platforms due to the reduced processing evaluated in
the simulations.

References:

[1] C. Kawai, F. Georgiou, R. Pieren, S. Tobias,
P. Mavros, and B. Schéffer, “Investigating
effect chains from cognitive and noise-

E-ISSN: 2224-2902

233

[2]

3]

[4]

[5]

[6]

[7]

[8]

[9]

Diego Solano, Ricardo Yauri

induced short-term stress build-up to
restoration in an urban or nature setting using
360° VR,” J. Environ. Psychol., vol. 100, no.

1, p. 102466, Dec. 2024, doi:
10.1016/j.jenvp.2024.102466.
D. Tsimpida and A. Tsakiridi, “The

Relationship between Noise Pollution and
Depression and Implications for Healthy
Aging: A Spatial Analysis Using Routinely
Collected Primary Care Data,” J. Urban
Heal., vol. 102, no. 1, pp. 101-112, Feb.
2025, doi: 10.1007/s11524-024-00945-w.

S. R. Shrivastava, P. S. Bobhate, and A. M.
Marar, ‘“Noise-cancelling headphones and
quality of life,” Hear. Balanc. Commun., vol.
23, no. 1, pp. 40-42, Jan. 2025, doi:
10.4103/HBC.HBC_31_24.

J. S. Jakati and S. S. Kuntoji, “A Noise
Reduction Method Based on Modified LMS
Algorithm of Real time Speech Signals,”
WSEAS Trans. Syst. Control, vol. 16, no. 1,

pp. 162-170, Mar. 2021, doi:
10.37394/23203.2021.16.13.
S. Shajith Ahamed, J. Jabez, and M.

Prithiviraj, “Emotion Detection using Speech
and Face in Deep Learning,” in 2023
International Conference on Sustainable
Computing and Smart Systems (ICSCSS),
IEEE, Jun. 2023, pp. 317-324. doi:
10.1109/ICSCSS57650.2023.10169784.

A. Veseli, M. Gjocaj, S. Mrasori, E. Veseli,
E. Behluli, and K. Veseli, “Oral-Health
Considerations in Children with Autism
Spectrum Disorder: A Narrative Review,”
Int. J. Biomed., vol. 15, no. 3, pp. 441-445,
Sep. 2025, doi: 10.21103/Article15(3)_RA1L.
J. Klein, C. Kerns, K. Hills, A. Hogan, S.
Matherly, and J. Roberts, “Brief Report:
Prevalence and Predictors of DSM-Specific
and Distinct Anxiety in Cognitively Impaired
Autistic Preschool Children,” J. Autism Dev.
Disord., vol. 55, no. 5, pp. 1923-1931, May
2025, doi: 10.1007/s10803-023-05978-9.

B. D. Yerkes, C. M. Vanden Bosch der
Nederlanden, J. F. Beasley, E. E. Hannon,
and J. S. Snyder, “Acoustic and Semantic
Processing of Auditory Scenes in Children
with Autism Spectrum Disorders,” J. Autism
Dev. Disord., vol. 54, no. 7, pp. 2536-2551,
Jul. 2024, doi: 10.1007/S10803-023-05924-
9.

P. Dwyer, S. Vukusic, Z. J. Williams, C. D.
Saron, and S. M. Rivera, “‘Neural Noise’ in
Auditory Responses in Young Autistic and
Neurotypical Children,” J. Autism Dev.

Volume 23, 2026



[10]

[11]

[12]

[13]

[14]

[15]

[16]

[17]

[18]

WSEAS TRANSACTIONS on BIOLOGY and BIOMEDICINE
DOI: 10.37394/23208.2026.23.21

Disord., vol. 54, no. 2, pp. 642-661, Feb.
2024, doi: 10.1007/s10803-022-05797-4.

P. Chevalier, D. Ghiglino, F. Floris, T.
Priolo, and A. Wykowska, “Visual and
Hearing Sensitivity Affect Robot-Based
Training for Children Diagnosed With
Autism Spectrum Disorder,” Front. Robot.
Al, vol. 8, Jan. 2022, doi:
10.3389/frobt.2021.748853.

A. A. Danesh, S. Howery, H. Aazh, W. Kaf,
and A. A. Eshraghi, “Hyperacusis in Autism
Spectrum Disorders,” Audiol. Res., vol. 11,
no. 4, pp. 547-556, Oct. 2021, doi:
10.3390/audiolres11040049.

J. Zeidan, E. Fombonne, J. Scorah, A.
Ibrahim, M. S. Durkin, S. Saxena, A. Yusuf,
A. Shih, and M. Elsabbagh, “Global
prevalence of autism: A systematic review
update,” Autism Res., vol. 15, no. 5, pp. 778-
790, May 2022, doi: 10.1002/aur.2696.
CONADIS, Plan Nacional para las
Personas con Trastorno del Espectro
Autista, 1st ed. Lima, Peri: Ministerio de la
Mujer y Poblaciones Vulnerables, 2019.

B. Pfeiffer, L. Stein Duker, A. Murphy, and
C. Shui, “Effectiveness of Noise-Attenuating
Headphones on Physiological Responses for
Children With Autism Spectrum Disorders,”
Front. Integr. Neurosci., vol. 13, Nov. 2019,
doi: 10.3389/fnint.2019.00065.

H. Fujihira, C. Itoi, S. Furukawa, N. Kato,
and M. Kashino, “Sensitivity to interaural
level and time differences in individuals with
autism spectrum disorder,” Sci. Rep., vol. 12,
no. 1, p. 19142, Nov. 2022, doi:
10.1038/541598-022-23346-y.

H. Kawai, M. Kishimoto, Y. Okahisa, S.
Sakamoto, S. Terada, and M. Takaki, “Initial
Outcomes of the Safe and Sound Protocol on
Patients with Adult Autism Spectrum
Disorder: Exploratory Pilot Study,” Int. J.
Environ. Res. Public Health, vol. 20, no. 6,
p. 4862, Mar. 2023, doi:
10.3390/ijerph20064862.

H. A. Khan, A. Mirza, A. Wakeel, M. Y.
Umair, F. Jabeen, and F. Afzal, “Robust and
Least Complex Online Secondary Path
Estimation in Broadband Feed-Forward
Active Control of Impulsive Noise Using
FxLMAT Family,” IEEE Access, vol. 10, no.
1, pp. 58667-58676, 2022, doi:
10.1109/ACCESS.2022.3178598.

A. Kar, S. Burra, S. Shoba, Vasundhara, V.
Mladenovic, P. Goel, S. Kumar, and P.
Sooraksa,  “Improved  Active  Noise

E-ISSN: 2224-2902

234

[19]

[20]

[21]

[22]

[23]

[24]

[25]

Diego Solano, Ricardo Yauri

Cancellation Using Variable Step-Size
Combined Fx-LMS Algorithm,” Circuits,
Syst. Signal Process., vol. 44, no. 1, pp. 447—
461, Jan. 2025, doi: 10.1007/s00034-024-
02848-2.

Y.-J. Jang, J. Park, W.-C. Lee, and H.-J.
Park, “A  Convolution-Neural-Network
Feedforward Active-Noise-Cancellation
System on FPGA for In-Ear Headphone,”
Appl. Sci., vol. 12, no. 11, p. 5300, May
2022, doi: 10.3390/app12115300.

Y. Luo and L. Pu, “EC-ANC: Edge Case-
Enhanced Active Noise Cancellation for
True Wireless Stereo Earbuds,” IEEE/ACM
Trans. Audio, Speech, Lang. Process., vol.
30, no. 1, pp. 1436-1447, 2022, doi:
10.1109/TASLP.2022.3164211.

O. Gedik Toker, N. Tas Elibol, E. Kuru, Z.
Gormezoglu, A. Gorener, and K. Toker,
“Industrial noise: impacts on workers’ health
and performance below permissible limits,”
BMC Public Health, vol. 25, no. 1, p. 1615,
May 2025, doi: 10.1186/s12889-025-22732-
1.

W. Xu, J. He, G. Li, C. Wu, J. Lv, and C.
Qian, ‘“Progressive orthogonal matching
pursuit and adaptive modal screening for

fault diagnosis of rotating machinery
components using acoustic  signals,”
Measurement, vol. 252, no. 1, p. 117345,
Aug. 2025, doi:

10.1016/j.measurement.2025.117345.

A. Kar and P. K. Shill, “An Adaptive
Momentum Driven Variable Step-Size
Filtered-X Weight Accumulated LMS for
Improved HNANC,” in 2024 IEEE
International Smart Cities Conference
(ISC2), IEEE, Oct. 2024, pp. 1-5. doi:
10.1109/1SC260477.2024.11004273.

M. del C. Rodriguez-Jiménez, I. Puerta-
Arafa, A. I. Gonzalez-Herrera, and M. C.
Gonzalez-Afonso, “Analysis of Quality of
Life of Autistic Students on the Canary
Islands during the COVID-19 Pandemic and
the Educational Response Offered,” Educ.
Sci., vol. 14, no. 1, p. 111, Jan. 2024, doi:
10.3390/educsci14010111.

K. M. Cook, J. De Asis-Cruz, J.-H. Kim, S.
K. Basu, N. Andescavage, J. Murnick, E.
Spoehr, M. Liggett, A. J. du Plessis, and C.
Limperopoulos, “Experience of early-life
pain in premature infants is associated with
atypical cerebellar development and later
neurodevelopmental deficits,” BMC Med.,
vol. 21, no. 1, p. 435, Nov. 2023, doi:

Volume 23, 2026



[26]

[27]

[28]

[29]

WSEAS TRANSACTIONS on BIOLOGY and BIOMEDICINE
DOI: 10.37394/23208.2026.23.21

10.1186/512916-023-03141-w.

B. Al-Jabri, S. Alnuwaiser, H. Abdulghaffar,
R. Almuhanna, S. Salaam, R. Brika, A.
Addas, and H. Bedaiwi, ‘“Healthcare
Experience of Pediatric Patients with Autism
Spectrum Disorders in Saudi Arabia: A
Cross-Sectional Study,” Pediatr. Rep., vol.
15, no. 3, pp. 452-461, Aug. 2023, doi:
10.3390/pediatric15030042.

H. Wegmann, S. Mayer, N. Blankenburg, P.
Zimmermann, T. Schulz, M. Lacher, C.
Kleber, and G. Osterhoff, “Firework injuries
around New Year’s Eve - epidemiology,
injury patterns and risk factors,” Eur. J.
Trauma Emerg. Surg., vol. 51, no. 1, p. 106,
Dec. 2025, doi: 10.1007/s00068-025-02785-
y.

Y. Li, T. Xie, R. D. Cardoso Melo, M. de
Vries, J. Lakerveld, W. Zijlema, and C. A.
Hartman, “Longitudinal effects of
environmental noise and air pollution
exposure on autism spectrum disorder and
attention-deficit/hyperactivity disorder
during adolescence and early adulthood: The
TRAILS study,” Environ. Res., vol. 227, no.
1, p. 115704, Jun. 2023, doi:
10.1016/j.envres.2023.115704.

S. Liebich, J. Fabry, P. Jax, and P. Vary,
“Acoustic path database for ANC in-ear
headphone development,” Proc. Int. Congr.
Acoust.,, 2019, doi: 10.18154/RWTH-
CONV-239404.

E-ISSN: 2224-2902

235

Diego Solano, Ricardo Yauri

Contribution of Individual Authors to the
Creation of a Scientific Article (Ghostwriting
Policy)

The authors equally contributed to the present
research, at all stages from the formulation of the
problem to the final findings and solution.

Sources of Funding for Research Presented in a
Scientific Article or the Scientific Article Itself
No funding was received for conducting this study.

Conflict of Interest
The authors have no conflicts of interest to declare.

Creative Commons Attribution License 4.0

(Attribution 4.0 International, CC BY 4.0)

This article is published under the terms of the

Creative Commons Attribution License 4.0

https://creativecommons.org/licenses/by/4.0/deed.en
us

Volume 23, 2026


https://creativecommons.org/licenses/by/4.0/deed.en_US
https://creativecommons.org/licenses/by/4.0/deed.en_US



