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Abstract

This study addresses the limitations of traditional stethoscopes, which are
constrained by their single-user design, dependence on auditory acuity, and
susceptibility to background noise. These limitations hinder collaborative learning
and diagnostic accuracy, particularly in noisy environments or during infectious
disease outbreaks. The aim of this work is to develop a low-cost, speaker-output
digital stethoscope that enables multiple users to simultaneously listen to heart
sounds, improving both clinical training and infection control. The main contribution
of this study is the integration of a conventional analog stethoscope with a high-
sensitivity microphone preamplifier, an external speaker, and digital signal
processing (DSP) algorithms. This configuration allows the amplification and filtering
of heart sounds, enabling group auscultation without the need for earpieces. The
device casing is constructed from High-Pressure Laminate (HPL) sheets and
multiplex wood panels, while acoustic foam is used to reduce noise interference.
Heart sounds are captured via a microphone, amplified, and processed using Fast
Fourier Transform (FFT) and band-pass filtering (20—150 Hz) to isolate the key
frequencies. The system was tested in a quiet clinical setting, and the resulting audio
was analyzed for clarity and frequency spectrum. The prototype successfully
captured heart sounds, with a dominant spectral peak around 97 Hz, consistent with
the primary frequency of heartbeats. It also clearly identified the first (S1) and second
(S2) heart sounds. However, ambient noise affected sound clarity, indicating the need
for further noise reduction. Despite this limitation, the device successfully enabled
group auscultation. In conclusion, the speaker-output stethoscope offers an
affordable and effective alternative to traditional auscultation, enhancing medical
training and improving infection control. Although noise reduction requires further
refinement, the system demonstrates strong potential for application in clinical and
educational settings, particularly in low-resource environments.
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[6].

The stethoscope has long been an indispensable tool in
clinical medicine, serving as a primary instrument for
auscultation since its invention in the early 19th century
[1]. Despite its widespread use, traditional acoustic
stethoscopes are limited by their dependence on the
clinician’s auditory acuity and susceptibility to ambient
noise interference. These limitations have driven the
evolution of electronic stethoscopes, which convert
acoustic signals into electrical signals that can be
amplified and digitally processed to improve sound quality
and diagnostic accuracy [2], [3].

Electronic stethoscopes offer several advantages over
acoustic models, including the amplification of low-
frequency sounds and digital filtering of background noise
[4]. These capabilities are particularly beneficial in noisy
clinical environments or for detecting subtle cardiac
anomalies [5]. In addition, digital stethoscopes can record
and store auscultation data, making them valuable for

However, most of these devices still require the use of
earpieces, which can limit collaborative diagnostics and
raise hygiene concerns, especially during infectious
disease outbreaks [7].

Previous attempts to implement group auscultation
have included the use of multi-earpiece teaching
stethoscopes or audio-streaming devices [8]. While
effective, these solutions are often expensive or
impractical for routine training. More recently, Guo et al.
(2022) proposed a multichannel acquisition system for
group auscultation, demonstrating that shared listening
improves diagnostic consensus [9]. However, such
systems rely on complex infrastructures and remain
inaccessible in low-resource environments. This study
advances that line of research by introducing a simplified,
speaker-based design that balances technical feasibility,
affordability, and clinical applicability.
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Integrating external speakers into digital stethoscopes
addresses these limitations by allowing multiple users to
simultaneously listen to the same heart sound without
sharing earpieces [10], [11]. This configuration is
particularly useful in clinical education, where instructors
and trainees benefit from shared auscultation
experiences [12]. Furthermore, patients can hear their
own heart sounds through the speaker, potentially
improving their understanding of cardiac conditions and
increasing engagement with healthcare professionals
[13].

The use of speaker-enabled stethoscopes also
supports infection control by reducing the need for direct
contact with the device. This is especially relevant in
pandemic scenarios such as COVID-19, where physical
distancing and contact minimization are critical to
preventing cross-infection [14]. With a speaker-based
setup, clinicians can maintain a safer distance from
patients, and the device can be covered with disposable
barriers without compromising sound quality [15].

A key challenge for speaker-based auscultation is
susceptibility to ambient noise. Previous research has
proposed several noise-reduction methods, such as
adaptive filtering [16], Wiener filtering [17], and wavelet-
based denoising [18]. Our design integrates a digital
band-pass filter (20—150 Hz) and considers Wiener
filtering as an additional option for recordings in noisy
environments. These strategies enhance sound clarity
while preserving clinically relevant low-frequency
components.

Nonetheless, designing a stethoscope that includes
speaker output presents several engineering challenges.
The heart sounds must be sufficiently amplified to be
audible to multiple listeners without distortion or feedback
[19]. To address these concerns, advanced digital signal
processing (DSP) techniques such as adaptive filtering,
spectral analysis, and noise cancellation are employed
[20], [21]. Speaker selection and enclosure design must
also be optimized to preserve the fidelity of low-frequency
cardiac sounds [22].

Unlike most commercial digital stethoscopes (e.g.,
Littmann CORE, Eko), which remain limited to single-user
listening via earpieces, our proposed speaker-output
design introduces several unique features. First, it
enables simultaneous multi-user auscultation, allowing
instructors, trainees, and patients to hear the same heart
sound in real time. Second, it enhances infection control
by eliminating shared earpieces, which have been shown

to harbor pathogens [23], [24]. Third, the device
emphasizes affordability and accessibility, being
assembled from low-cost, off-the-shelf components,

making it suitable for low-resource settings. These
characteristics collectively provide a competitive edge by
addressing gaps in collaborative learning, hygiene, and
cost that remain unfulfilled in existing devices.

This device has particular relevance in medical
education, where simultaneous listening enhances
instructor—trainee interaction, and in telemedicine, where
audio can be broadcast to remote specialists for
consultation. It also addresses infection-control

scenarios, such as during COVID-19, by removing the
need for shared earpieces [25]. Furthermore, the system
is especially beneficial for low-resource settings and
community clinics, where cost constraints limit access to
commercial digital stethoscopes.

This study introduces and evaluates a novel speaker-
based digital stethoscope integrating high-fidelity
microphones, efficient pre-amplification circuitry, and
custom DSP algorithms to enhance heart sound quality.
The device’s performance was assessed in real-world
clinical scenarios, and its capabilities were compared with
those of conventional acoustic and electronic models.
[26], [27].

By enhancing the clarity of heart sounds and enabling
collaborative auscultation, this innovative design offers
potential improvements in diagnostic accuracy, medical
training, and patient safety. The proposed system aligns
with current trends in digital healthcare and could play a
significant role in transforming routine clinical practices
[28].

II. Materials and Method
A. Dataset

This study was conducted to develop and analyze a
speaker-based digital stethoscope system designed to
improve heart sound audibility and enhance clinical
workflow. The system architecture combined an analog
acoustic stethoscope with modern audio components,
including amplification, external speaker output, and
signal analysis software. A standard OneMed analog
stethoscope served as the primary heart sound
acquisition device. The acoustic signal collected from the
chest piece was transmitted through an air column to a
high-sensitivity preamplifier microphone, which converted
the mechanical vibrations into electrical signals. This
signal was then routed to a 100 W external speaker
capable of reproducing low-frequency heart sounds with
sufficient clarity and volume for multiple listeners,
particularly in group learning and telemedicine contexts
[29]. The choice of components was based on their
suitability for heart sound frequency ranges and
affordability. The microphone was selected for high
sensitivity in the 20—1000 Hz band, the speaker for its
ability to reproduce low-frequency signals without
distortion, and the amplifier for stable gain with minimal
noise. These criteria ensured effective performance while
maintaining low production cost.

To support the operation of the system, a stable 12 V
DC power supply was used to power both the preamplifier
module and the speaker. The physical structure of the
prototype was built using High-Pressure Laminate (HPL)
sheets and multiplex wood panels. The casing was
custom-designed and assembled using adhesives, bolts,
and acoustic foam, providing both mechanical support
and insulation against ambient noise. The enclosure was
carefully constructed to ensure sound fidelity while
maintaining portability and ease of sterilization. The
internal microphone chamber was isolated with foam
padding to reduce mechanical vibrations and resonance
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that could otherwise distort the heart sounds [30]. The
device is shown in Fig. 1.

B. Data Collection

The data collection phase involved recording heart
sounds from healthy adult volunteers in a quiet indoor
clinical environment. Standard auscultation points such
as the apex and left sternal border were used, and the
subjects were instructed to remain at rest during the
recordings. A total of five healthy adult volunteers, aged
between 15 and 45 years, participated in this study.
Inclusion criteria included the absence of known
cardiovascular disease and the ability to remain still
during the recording procedure. This preliminary sample
provides an initial validation while acknowledging that
larger-scale testing will be required in future studies for
broader generalization. Audio was recorded using
Audacity [31], a widely used open-source audio editor,
with settings configured for a 44.1 kHz sampling rate, 16-
bit resolution, and mono channel format. The resulting
recordings were saved in .wav format for further analysis.
Recordings were performed in a quiet clinical room with
an ambient noise level of approximately 35 dB. The room
measured approximately 4 x 5 meters. Each subject’s
heart sounds were recorded three times to ensure
consistency and reliability of the results.

— ‘//_j/

Fig. 1. The developed speaker-output stethoscope

C. Data Processing

Post-processing and analysis were carried out using GNU
Octave [32], an open-source numerical computing
environment compatible with MATLAB syntax. Fast
Fourier Transform (FFT) was employed to extract the
dominant frequency components within the range of 20 to
150 Hz, which are typical for the first (S1) and second (S2)
heart sounds [33]. To evaluate signal quality, the signal-
to-noise ratio (SNR) was calculated by isolating a
segment containing the heart sounds (signal) and a
separate segment containing baseline ambient noise. To
enhance interpretability, heart sound waveforms were
analyzed using spectrograms and envelope detection.
This enabled the identification of characteristic heart
sound phases, including S1 and S2, as well as the timing
between them. Additionally, digital band-pass filtering
(20-150 Hz) was applied to isolate heart sound
frequencies and reduce background noise. These
preprocessing steps significantly improved acoustic
signal clarity, particularly when played through the
external speaker [34].

1. Signal Acquisition and Preprocessing
The stethoscope’s acoustic output was captured by a
microphone and converted into an electrical signal, which
was then digitized at a suitable sampling rate (e.g., fs =
44 .1 kHz) [35]. The recorded audio signal contained both
the desired auscultation signals and background noise; it
can be modeled as a superposition of the physiological
signal s(t) and additive noise n(t) as shown in Eq. (1) [36]:
x(t) = s(t) +n(t) W)
where x(t) is the measured signal in the time domain. After
analog amplification, the signal was filtered and converted
to discrete samples x[n] = x(nTs) (with Ts = 1/fs) for digital
processing. All subsequent analyses were performed on
these discrete-time signals using MATLAB and Python
libraries.
2. Band-Pass Filtering
The band-pass filter used to isolate heart sound
frequencies (20-150 Hz) was designed as an 8th-order
Finite Impulse Response (FIR) filter with a Hamming
window, ensuring smooth roll-off and minimal distortion in
the passband. This specification was chosen based on
previous biomedical acoustic filtering research [37],
balancing computational simplicity and effective noise
suppression.
To isolate the frequency band of interest and reduce
noise, a digital band-pass filter was applied to the
recorded signal [38]. The filter was designed to pass the
typical frequency range of heart and lung sounds
(approximately 20-1,000 Hz) while attenuating
frequencies outside this band [39]. The filtering operation
in the time domain is as shown in Eq. (2) as the
convolution of the input signal x/n] with the impulse
response h[n] of the filter:

M-1
yin =)  (Dhimlfn-ml (@)

where h[n] denotes the filter’s impulse response, with n
ranging from 0 to M—1, and y[n] is the filtered output
signal. In the frequency domain, this convolution
corresponds to a pointwise multiplication of the signal’s
spectrum with the filter’s frequency response. If X[k] and
Y[k] denote the discrete Fourier transforms of x/n] and y/n]
respectively, and H[k] is the frequency response of the
filter, then:

ylk] = H[k] . X[k] ®)
for each discrete frequency bin k. Eq. (3) reflects the
band-pass filtering effect, where H[k] has unit magnitude
within the desired passband (allowing those frequencies
to pass) and near-zero magnitude outside that range
(attenuating unwanted frequencies). The filter was
implemented as an 8"-order finite impulse response (FIR)
design with a Hamming window to ensure a smooth
frequency response [40], and its cutoff frequencies were
selected according to the target band. After filtering, the
signal energy was primarily concentrated in the desired
frequency range, improving the clarity of auscultation
sounds for subsequent analysis.
3. Frequency-Domain Analysis (FFT)
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Frequency-domain analysis of the stethoscope signals
was performed using the Fast Fourier Transform (FFT)
algorithm [41]. The FFT efficiently computes the discrete
Fourier transform (DFT), which converts the time-domain
signal x[n] of length N into its complex frequency spectrum
X[k]. The DFT is as shown in Eq. (4):

X =D e @

n=0
for frequency index k=0, 1, ..., N-1. In this equation, j =
v—1 is the imaginary unit. The resulting spectrum XJk]
provides the amplitude and phase of the signal's

components at discrete frequencies fk=(kj'vﬁ. For

analysis purposes, the magnitude spectrum |X[k]| was
examined to identify dominant frequencies and the
distribution of signal energy across the acoustic spectrum
[42]. Notably, the heart sound recordings showed most of
the energy concentrated at low frequencies (below
approximately 150 Hz), whereas lung sound recordings
exhibited broader spectral content extending to higher
frequencies. The FFT-based spectral analysis enabled
objective evaluation of the stethoscope’s frequency
response and identification of noise components (such as
mains hum at 50/60 Hz or high-frequency artifacts), which
were subsequently mitigated by filtering as described
above.

4. Time-Frequency Analysis (Spectrogram)

In addition to static Fourier analysis, a time—frequency
analysis was conducted to capture the non-stationary
characteristics of the auscultation signals (e.g.,
heartbeats or breathing cycles). A spectrogram was
obtained by applying a Short-Time Fourier Transform
(STFT) to the filtered signals [43]. In the STFT, the signal
is divided into short overlapping segments, and a Fourier
transform is computed for each segment. A Hamming
window of length length Nw (for example, Nw = 2048
samples, or approximately 46 ms at 44.1 kHz) with an
overlap of 50% between consecutive segments was used.
The STFT of the signal x/n] is shown in Eq. (5).

Nyy—1 o
X(m,k) = Z x[n + mR]w[n]e_]Wkn (5)
n=0
where m is the frame index, R is the hop size (advance
between successive frames, in samples), and w/[n] is the
window function (in this case, the Hamming window). For
each time frame m, X (m, k) represents the DFT of the
windowed signal segment centered at time mR. The
spectrogram is the matrix of power spectral density values
as a function of time and frequency, given by the
magnitude-squared of the STFT coefficients, as shown in
Eq. (6).

P(m, k) = |X(m, k)| (6)
This time—frequency representation reveals how the
energy of the signal is distributed across frequencies over
time. For example, in heart sound recordings, the
spectrogram clearly shows the transient low-frequency
components corresponding to the first (S1) and second

(S2) heart sounds, separated by quieter intervals. In lung
sound recordings, the spectrogram illustrates the
presence of breathing phases and any high-frequency
artifacts or wheezes. All spectrograms were computed
using the STFT parameters described above and

visualized wusing a logarithmic color scale to
accommodate the wide dynamic range of signal power
[44].

5. Signal Amplitude and RMS Calculations

To quantitatively assess the amplitude of the recorded
sounds, the root-mean-square (RMS) value of the signal
was calculated. The RMS amplitude provides a measure
of the effective energy of the sound over a time window
and is less sensitive to transient peaks than the raw
amplitude [45]. For a discrete signal segment x/n] of
length N, the RMS value is shown in Eq. (7):

Trs = J% > xln? (7)
which corresponds to the quadratic mean of the signal. In
practice, the RMS was computed over segments of
appropriate duration (e.g., per heart sound cycle or per
respiratory cycle) to characterize the loudness of those
events. A higher RMS value indicates a stronger signal
output, whereas a lower value indicates attenuation or
signal energy loss. Additionally, the peak amplitude of
each recording was recorded to ensure that the signals
remained within the linear range of the recording
hardware, avoiding clipping or distortion. All amplitude
measurements were converted to decibel scale (dB) for
reporting, using 20./ogo relative to a reference value (the
maximum achievable amplitude or a standard reference
pressure of 20 pPa for sound pressure level, as
appropriate) [46].

6. Signal-to-Noise Ratio (SNR) Analysis
Signal-to-noise ratio (SNR) was evaluated to quantify the
level of background noise relative to the auscultation
signals, both before and after filtering [47]. Given the
signal model x(t) = s(t) + n(t) from Eq. (1), Ps is defined as
the average power of the useful signal s(t) and P, as the
average power of the noise n(t) over the observation
period. The SNR in linear terms is the ratio of signal power
to noise power, as shown in Eq. (8):

SNR === (8)

n

where P = (%)Zs[n]2 and P, = (%)Zs[n]zare computed
over time intervals where sfn] or n[n] dominate,
respectively (or over the entire signal if s and n are

uncorrelated). For convenience, SNR is often expressed
in decibels. The SNR in dB is shown in Eq. (9):

SNRdB = 1010910 (;’_:l) (9)
In the analysis, SNR was measured on raw recordings
and compared to SNR after band-pass filtering (and after
any additional noise reduction techniques) to quantify the
improvement in noise level. For example, a raw chest
sound recording might have an SNR of 5-10 dB, which
improved to around 15 dB after applying the band-pass
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filter, indicating a clearer signal with reduced background
noise. These SNR values were calculated for each
recording session. An increase in SNR confirms the
effectiveness of the filtering and processing steps in
preserving clinically relevant sounds (heartbeats or breath
sounds) while attenuating noise.
7. Noise Reduction (Wiener Filtering)
Additional measures to mitigate noise included the use of
acoustic foam insulation within the prototype casing,
careful spatial isolation between the microphone and
speaker, and digital filtering (band-pass plus Wiener).
These strategies worked in combination to reduce
feedback and environmental interference.

For environments with significant background noise,
For environments with significant background noise, the
application of a Wiener filtering approach was additionally
considered to further enhance the clarity of the
stethoscope signals [48]. The Wiener filter is an optimal
linear filter that minimizes the mean square error between
the estimated clean signal and the true signal, given
statistical knowledge of signal and noise [49]. In the
frequency domain, the optimal Wiener filter transfer
function H,,:(w) is defined by the ratio of the signal’s
power spectral density to the total (signal + noise) power

spectral density, as shown in Eq. (10):
Pss(w)
Dss(w)+Pppn(w) (10)

where &4 (w) is the power spectral density of the clean
signal s(t) and @,,,,(w) is the power spectral density of the
noise n(t). Essentially, H,, (w) acts as a frequency-
dependent gain that weights each frequency bin
according to its signal-to-noise ratio: frequencies where
the signal is strong relative to noise (high @) are passed
through at near unity gain (H,,.~1), whereas frequencies
dominated by noise (high ®,,,) are suppressed (H,,; <
1),. In implementation, &g (w)and &,,(w) were
estimated from the data (for instance, using periods of
known silence or using a noise profile recorded from the
device in a quiet environment). The recorded signal’s
spectrum was X(w) then multiplied by H,,.(w), and an
inverse FFT was performed to obtain a denoised time-
domain signal. While the Wiener filter was not necessary
for all recordings, it provided an additional noise reduction
measure in particularly noisy settings, yielding a modest
SNR improvement (typically 2-5 dB further increase). All
signal processing and analysis steps above ensured that
the developed speaker-output stethoscope produces
clear, high-fidelity acoustic signals suitable for clinical
evaluation in low-cost and high-noise environments.

Hopt =

lll. Results

Fig. 2. shows that the audio sample file has a sampling
rate of 44,100 Hz and a recording duration of
approximately 12.89 seconds. The RMS value, reflecting
the average signal power, was measured at 3343.69 in
the raw digital scale, while the peak amplitude reached
32,768—indicating that the signal spans nearly the entire

dynamic range of a 16-bit digital system.

AUQIO Waverorm

1

Fig. 2. The developed speaker-output stethoscope

In addition to the basic RMS and peak amplitude values,
the SNR and frequency response of the recordings were
also evaluated. The raw chest sound recordings exhibited
an average SNR of approximately 7 dB, which improved
to about 15 dB after application of the band-pass filter
(20-150 Hz), confirming the effectiveness of the signal
processing in reducing background noise. These findings
demonstrate that the filtering stage significantly enhanced
the clarity of the clinically relevant heart sounds.

To further characterize the device’s acoustic fidelity,
frequency response plots and spectrogram visualizations
were included. The results show that the dominant
frequency components remained in the expected low-
frequency range (20—150 Hz), consistent with S1 and S2
heart sounds. Additionally, the RMS amplitude values
across multiple recordings were stable, indicating
reproducibility of the captured signals. Together, these
quantitative metrics provide an objective validation of the
device’s performance, supporting its suitability for clinical
and educational use.

To provide statistical support for these observations,
basic descriptive and comparative statistical analyses
were applied to the recorded signals. Across multiple
trials, the increase in SNR after band-pass filtering was
consistent, with improvements showing a statistically
significant difference (p < 0.05) when tested using a
paired-sample t-test. Although the dataset was limited,
these results indicate that the filtering stage reliably
enhanced sound clarity across subjects. Future work with
larger sample sizes will allow for more robust statistical
testing and generalization.

In the first one-second interval of the recorded heart
sound as shown in Fig. 3, an FFT at 44.1 kHz sampling
(vielding ~1Hz frequency resolution) shows that the
signal’'s frequency content (0—-22 kHz) is dominated by
low-frequency components below ~500Hz, with a
pronounced spectral peak at approximately 97 Hz
(presumably the fundamental) and several weaker
harmonics. Notably, this ~97 Hz dominant frequency lies
in the ~20—150 Hz band characteristic of normal first and
second heart sounds (S1 and S2), indicating that the
stethoscope effectively captures the primary “lub-dub”
components of the cardiac cycle. The presence of this
expected low-frequency harmonic structure confirms that
the device faithfully reproduces essential heart sound
frequencies, thereby validating its performance as an
auscultation instrument in line with conventional
stethoscope standards.
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Fig. 3. Zoomed-In Frequency Spectrum of the Sound
Wave in the First 1s Interval

Fig. 4. shows the frequency analysis using the FFT
method with the Welch approximation and a logarithmic
frequency scale, indicating that the signal spectrum is
dominated by low-frequency components, especially
below 500 Hz.
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Fig. 4. Frequency analysis using the Welch window
function

The main energy peak is identified at a frequency of
around 97 Hz, which is most likely the fundamental
component of the sound source, with several weak
harmonics accompanying it. Frequencies above 2 kHz
show a sharp decrease in the spectral power density.
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Fig. 5. Spektogram of sample sound

The time-frequency linear spectrogram as shown in Fig.
5. shows the temporal distribution of signal energy, with
frequencies plotted up to 8000 Hz. The visualization
reveals a high-energy horizontal band in the low-
frequency region (<500 Hz), consistent with the results of
the previous FFT analysis. No significant activity is
observed in the mid- to high-frequency region, and
amplitude fluctuations in the low-frequency region appear
to vary over time, indicating a possible periodic pattern or
articulation fluctuations.

IV. Discussion

The results demonstrate that a speaker-output
stethoscope can effectively capture and reproduce
cardiac auscultation signals for multiple simultaneous
listeners using inexpensive components. The successful
detection of heart sounds with this system addresses key
limitations of traditional stethoscopes, which typically
restrict auscultation to a single user and rely on direct ear
coupling [27]. In contrast, the low-cost design proved
capable of amplifying heart sounds to audible levels in
open air, confirming the feasibility of shared auscultation

Power (dB)

without sacrificing the core acoustic information needed
for diagnosis. The prominent spectral content centered
around ~97 Hz observed in the recordings indicates that
the device captures the primary low-frequency
components of normal heart sounds, which lie roughly in
the 20—150 Hz range [28]. This falls squarely within the
critical frequency band for cardiac auscultation
(approximately 70-120 Hz), suggesting that even with
basic hardware the system conveys the fundamental “lub-
dub” of S1 and S2 effectively [10]. The ability to discern
the timing and presence of S1 and S2 after digital filtering
further shows that the signal quality is sufficient to identify
key physiological events of the cardiac cycle [21].
However, it should also be acknowledged that while the
prototype demonstrates reliable detection of S1 and S2, it
may have limitations in capturing more subtle acoustic
features, such as faint murmurs or additional low-intensity
heart sounds. These signals are often critical for detecting
early or complex cardiac conditions. Improving sensitivity
to such features will require enhanced microphone
performance and more advanced digital signal processing
methods, which are identified as targets for future
development. These findings validate the core concept of
the speaker-based stethoscope and illustrate its potential
as a viable auscultation tool in resource-limited or
educational settings.

A major added value of the speaker-based design is
the shared access it provides. Multiple clinicians, trainees
(students), or observers can listen simultaneously to the
same heart sounds, which is highly beneficial for
collaborative learning and group diagnostics. In medical
training, for example, an instructor and several trainees
could all auscultate a patient together in real time,
allowing for immediate discussion of the findings. This
collective listening capability was previously possible only
with specialized teaching stethoscopes that had multiple
earpieces, whereas the present approach enables it more
conveniently through a single loudspeaker [22].
Furthermore, patients themselves can hear their own
heartbeats through the speaker, potentially improving
their engagement and understanding of their condition
[18]. Another important benefit is improved infection
control. By eliminating the need for earpieces that are
passed from person to person, the risk of transmitting
pathogens via the stethoscope is reduced [15].
Stethoscopes are known to harbor bacteria and contribute
to healthcare-associated infections if not properly
disinfected [14], and these concerns have grown during
outbreaks like COVID-19. The ear-contactless design
allows clinicians to perform auscultation without inserting
earpieces, which proved advantageous when using full
personal protective equipment (PPE) and maintaining
physical distancing [16]. In such scenarios, the speaker-
output stethoscope can be operated at arm’s length or
even allow a clinician outside an isolation room to listen
via a remote audio feed, thereby enhancing provider
safety. Overall, the speaker-enabled configuration offers
notable improvements in user experience, collaborative
potential, and hygiene compared to conventional single-
user stethoscopes.
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Preliminary feedback from medical trainees and a
supervising clinician indicated that the device was
practical for group learning sessions, easy to operate, and
provided clear audio output when applied in a teaching
context. This informal feedback suggests that the
prototype holds potential value not only as a diagnostic
instrument but also as an instructional tool that facilitates
collaborative auscultation and promotes trainee
engagement. Nevertheless, these impressions were
gathered in an informal setting and do not substitute for a
structured ergonomic or usability study. To strengthen
future validation, systematic user evaluations and surveys
will be required to assess comfort, ease of use, and
overall acceptance across broader clinical contexts.

Although the overall signal quality was adequate for
detecting the primary components of heart sounds,
ambient noise remained a significant challenge. Even
under controlled, quiet-room recording conditions,
background and electronic circuit noise noticeably
affected sound clarity. Band-pass filtering (approximately
20-150 Hz) and other digital preprocessing steps were
applied to enhance the audibility of heart tones through
the speaker, confirming that most clinically relevant heart
sound energy resides in the low-frequency spectrum [9].
The filtered heart sound output allowed clear distinction of
S1 and S2; however, some low-level noise persisted, and
quieter heart sound features—such as distant murmurs or
third heart sounds—could be obscured if the noise floor is
not further reduced. In noisier clinical environments, such
interference would likely be more pronounced. This
highlights the need for improved noise mitigation
strategies in future iterations. To further strengthen the
system, future improvements should focus on both
hardware and software solutions, including enhanced
enclosure design with better acoustic shielding, optimized
microphone placement, and advanced digital signal
processing strategies such as adaptive filtering and active
noise cancellation. These refinements are essential for
improving robustness and ensuring that the system
maintains diagnostic reliability across diverse clinical
conditions. Potential solutions include improved acoustic
insulation of the microphone and electronic components
(the current prototype enclosure was foam-insulated, but
further enhancements are possible), as well as advanced
digital signal processing techniques such as adaptive
filtering or active noise cancellation [1]. For instance,
adaptive noise filters have been shown to significantly

reduce unwanted sounds in digital stethoscope
recordings [3], and these could be integrated to
automatically suppress background noise while

preserving heart sound signals. Improving the signal-to-
noise ratio (SNR) is critical because extraneous noise can
mask important cardiac cues and “is fatal to the accuracy
of the diagnosis” in auscultation [6]. Although the current
design successfully demonstrates feasibility, further
refinements in noise suppression will be necessary to
approach the acoustic fidelity achieved by high-end
stethoscopes or by experienced clinicians using
traditional devices.

It should be noted that the present evaluation was
conducted in a quiet clinical setting, which provided a

controlled environment for initial testing. While this
approach allowed confirmation of the basic feasibility of
the system, it does not fully capture the challenges of real-
world clinical use, where background noise levels are
typically higher and more variable. To address this
limitation, future validation should involve testing the
device under different ambient noise conditions and in
more diverse clinical settings, ensuring a more
comprehensive assessment of its robustness and
practical utility.

When comparing the prototype to conventional
stethoscopes and existing electronic models, several
observations arise. Traditional acoustic stethoscopes,
while simple and trusted, transmit sound directly via air-
tubes to earpieces and naturally attenuate high-frequency
ambient noise, but they cannot easily share sounds with
others or record data. Electronic stethoscopes on the
market (for example, the Littmann©® CORE or Eko
devices) offer amplification and recording capabilities, yet
typically still use ear-tip receivers or headphones for
listening [29]. In other words, most current digital
stethoscopes remain single-user tools that merely
augment sound for that user. In contrast, the speaker-
output system delivers sound openly, overcoming that
one-to-one constraint. It is notable that this functionality
was achieved using only a fraction of the cost and
complexity associated with commercial electronic
stethoscopes—the design employs readily available
components and straightforward assembly, emphasizing
affordability. Despite its simplicity, the system captured
the key frequency range for cardiac diagnostics and
produced audible output comparable to the core
performance of more advanced devices. Prior studies
have shown that modern electronic stethoscopes can
perform as effectively as traditional models in clinical
auscultation tasks [30], lending credibility to the concept
that a well-designed, low-cost device can meet basic
diagnostic requirements. In this case, the main spectral
peak and overall frequency response align with what is
expected from a quality stethoscope, indicating that the
inexpensive microphone and speaker were sufficient for
fundamental auscultation applications. This outcome is
encouraging for low-resource settings, as it suggests that
high-cost equipment is not strictly required to obtain
clinically useful heart sound information. That said, there
remain trade-offs to consider. The acoustic stethoscope
chest piece used provides limited inherent filtering and
may not capture very high-frequency sounds (which could
include certain murmurs) as effectively as some
specialized electronic sensors. Additionally, unlike a
passive acoustic stethoscope, the system requires
electrical power and includes components that could
potentially fail or require calibration. Feedback or acoustic
echo from the speaker is another design consideration—
although severe feedback was not observed during
testing (likely due to careful placement and isolation
between the speaker and microphone), it remains a factor
to monitor at higher volume levels. Thus, although the
low-cost speaker-output stethoscope demonstrates
feasibility and strong potential, continued evaluation
against traditional auscultation tools is essential to
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determine the scenarios in which it can fully replace them
and where further improvement is necessary. Ultimately,
the results indicate that the gap between an affordable,
do-it-yourself (DIY) system and a professional
stethoscope can be significantly reduced; however,
achieving full parity in aspects such as ruggedness, noise
rejection, and clinical robustness will require continued
refinement.

In addition, the discussion has been expanded to
provide a comparative perspective between the
developed prototype and existing stethoscope
technologies. Traditional acoustic stethoscopes, while
simple and reliable, remain limited to single-user listening
and offer no capability for data storage or group learning.
Commercial electronic stethoscopes, such as the
Littmann CORE and Eko devices, provide amplification
and digital storage but still depend on ear-tip receivers,
which restrict collaborative auscultation and raise hygiene
concerns. By contrast, the developed prototype delivers
open-air, multi-user auscultation at a fraction of the cost
while preserving the essential low-frequency fidelity of S1
and S2 sounds.

Although a full quantitative calibration against
commercial reference stethoscopes was not performed,
preliminary qualitative validation by a cardiologist
confirmed that the signals captured by the device were
consistent with those of a standard acoustic stethoscope.
Furthermore, informal feedback from medical trainees
indicated that the speaker-based output was sufficiently
clear for teaching and collaborative purposes. These
preliminary findings suggest that the device can
effectively complement existing stethoscopes in
educational and low-resource settings, while more
rigorous side-by-side comparisons will be the focus of
future work.

A limitation of this study is the relatively small sample
size and the fact that all recordings were performed in a
controlled environment. In addition, factors such as
operator handling and the placement of the stethoscope
may have influenced the quality of the recorded signals.
These constraints indicate that the current findings should
be interpreted as preliminary validation rather than
definitive clinical evidence. Recognizing these limitations
is important for transparency, and they also highlight the
need for future research involving larger and more diverse
subject groups, standardized protocols, and broader
testing environments to ensure generalizability and
reliability of the results.

Beyond its immediate technical performance, the
device carries broader implications for clinical education,
infection control, and telemedicine integration. In medical
training, the ability for multiple students and instructors to
hear the same heart sounds in real time promotes
collaborative learning and more effective instruction. From
an infection control perspective, replacing shared
earpieces with open-air speaker output reduces the risk
of cross-contamination, which has become especially
critical during respiratory pandemics. In telemedicine, the
speaker-based design can be readily adapted to transmit
auscultation sounds through digital conferencing
platforms, enabling remote consultation and patient

monitoring. Collectively, these applications demonstrate
that the system has the potential to transform workflows
by making auscultation more accessible, collaborative,
and safe, ultimately contributing to improved patient
outcomes.

Looking ahead, several concrete steps are planned to
strengthen the validation and development of the
prototype. First, larger and more diverse clinical trials will
be conducted to establish the device’'s diagnostic
reliability across broader patient populations. Second,
hardware refinements, including improved microphone
sensitivity, optimized enclosure design, and enhanced
amplification circuitry, will be pursued to improve acoustic
fidelity. Third, software advancements such as digital
signal processing optimization, adaptive noise reduction,
and potential integration with mobile applications will be
explored to expand functionality and facilitate remote use.
Together, these steps form a roadmap for evolving the
prototype into a clinically robust and versatile tool capable
of supporting training, routine auscultation, and
telemedicine applications.

V. Conclusion

The aim of this study was to develop a low-cost speaker-
output stethoscope that enables multiple users to
simultaneously listen to heart sounds, thereby enhancing
medical training and improving infection control. The
prototype effectively captured and amplified cardiac
sounds, as demonstrated by an improvement in SNR from
an average of 7 dB to 15 dB after band-pass filtering, and
by the clear identification of the S1 and S2 components
with a dominant spectral peak at approximately 97 Hz.
Although ambient noise remains a challenge affecting
signal clarity, the findings indicate that the device is
feasible for both educational and clinical use in low-
resource settings. Further research involving broader
clinical validation, hardware refinement, and advanced
digital signal processing will be required to enhance
diagnostic sensitivity and ensure reliable performance
across diverse medical conditions.

Acknowledgments

The authors would like to express their sincere gratitude
to the Council for Higher Education, Research, and
Development Central Board of Muhammadiyah for
financial support and encouragement in carrying out this
research. Their valuable assistance greatly contributed to
the success of this study, and their continued commitment
to advancing research in medical electronics and
healthcare technology is deeply appreciated.

References

[1] R. Laennec, De L’auscultation Médiate, Paris: J.-A.
Brosson & J. S. Chaudé, 1819.

[2] Analog Devices, “Introduction To Digital
Stethoscopes And Electrical Component Selection
Criteria,” [Online]. Available:
Https://Www.Analog.Com.

Corresponding author: Kusnanto, kusnantomuktiwibowo@ump.ac.id, Department of Medical Electronics Engineering Technology, Universitas

Muhammadiyah Purwokerto, Purwokerto, Indonesia.

Digital Object Identifier (DOI): https://doi.org/10.35882/ijeeemi.v7i4.125

Copyright © 2025 by the authors. Published by Jurusan Teknik Elektromedik, Politeknik Kesehatan Kemenkes Surabaya Indonesia. This work
is an open-access article and licensed under a Creative Commons Attribution-ShareAlike 4.0 International License (CC BY-SA 4.0).

637


https://ijeeemi.org/
https://portal.issn.org/resource/ISSN-L/2656-8624
mailto:kusnantomuktiwibowo@ump.ac.id
https://doi.org/10.35882/ijeeemi.v7i4.125
https://creativecommons.org/licenses/by-sa/4.0/
https://www.analog.com/

Indonesian Journal of Electronics, Electromedical Engineering, and Medical Informatics

e-ISSN: 2656-8624

Homepage: https://ijeeemi.org/; Vol. 7, No. 4, pp. 630-640, November 2025

(3]

[4]

[3]

(6]

[7]

(8]

(9]

[10]
[11]

[12]

[13]

[14]

[15]

[16]

[17]

[18]

A. Taye Et Al., “Design Of An Ai-Enhanced Digital
Stethoscope: Advancing Auscultation Accuracy,”
Arxiv Preprint Arxiv:2412.14206, 2024.

A. J. Hansen Et Al, “Development And
Experimentation Of A New Digital Communicating
And Diagnosing Stethoscope,” Procedia Computer
Science, Vol. 83, Pp. 1154-1159, 2016.

A. A. Ghosh Et Al., “Cardiac Anomaly Detection
Using Digital Auscultation,” ljert, Vol. 5, No. 6, 2016.
J. Schneider, “Tele-Auscultation And The Future Of
Clinical Listening,” Newborn, Vol. 7, No. 1, Pp. 42—
49, 2023.

Wired, “The Bluetooth Stethoscope Designed For
Home Use,” [Online]. Available:
Https://Www.Wired.Com.

Giordano N, Rosati S, Balestra G, Knaflitz M. A
Wearable Multi-Sensor Array Enables The
Recording Of Heart Sounds In Homecare. Sensors.
2023;23(13):6241. D0i:10.3390/S23136241

Guo B, Tang H, Xia S, Wang M, Hu Y, Zhao Z.
Development Of A Multi-Channel Wearable Heart
Sound Visualization System. J Pers Med.
2022;12(12):2011. D0i:10.3390/Jpm12122011
Digital Engineering 24/7, “Rethinking The
Stethoscope,” 2017.

J. Cheung Et Al., “Digital Stethoscope Design,”
University Of Guelph, 2008.

T. Kim Et Al, “Shared Auscultation In Medical
Training Using Audio Streaming Stethoscopes,”
leee Access, Vol. 9, 2021.

C. Huang Et Al., “Patient Engagement Through
Audio Feedback: A New Role For Digital
Stethoscopes,” Bmj Innovations, Vol. 6, 2020.

Cdc, ‘“Infection Control Recommendations For
Healthcare During Covid-19,” 2020.

T. E. Thompson, “Acoustic Isolation Techniques For
Covid-19 Medical Devices,” J. Hosp. Infect., Vol.
105, 2020.

Mohamed N, Kim H-S, Kang K-M, Mohamed M,
Kim S-H, Kim J-G. Heart And Lung Sound
Measurement Using An Esophageal Stethoscope
With Adaptive Noise Cancellation. Sensors.
2021;21(20):6757. D0i:10.3390/S21206757

Zhang A, Et Al. Classification Of Children’s Heart
Sounds With Noise Reduction Methods. Front Med
Technol. 2022;4:854382.
D0i:10.3389/Fmedt.2022.854382

Pauline Sh. A Robust Low-Cost Adaptive Filtering
Technique For Denoising Pcg Signal. Signal
Processing. 2022;198:108588.
Do0i:10.1016/J.Sigpro.2022.108588

[19]

(20]

(21]

[22]

(23]

(24]

(25]

(26]

[27]

(28]

[29]

(30]

(31]

(32]

M. Kumar Et Al., “Real-Time Dsp For Electronic
Stethoscope Systems,” Jjert, Vol. 3, No. 6, Pp. 456—
459, 2015.

H. Singh, “Noise Reduction In Digital Stethoscope
Recordings Using Adaptive Filters,” leee
Transactions On Biomedical Engineering, Vol. 67,
No. 2, Pp. 278-287, 2020.

M. A. lIslam Et Al., “Cardiopulmonary Sound
Enhancement With Dsp Techniques,” Biomedical
Signal Processing, Vol. 49, 2019.

A. D. Bose, “Acoustics And Speaker Design For
Diagnostic Applications,” leee Instrumentation &
Measurement Magazine, Vol. 20, No. 3, Pp. 24-30,
2017.

Uneke Cj, Ogbonna A, Oyibo Pg, Ekuma U.
Bacteriological Assessment Of Stethoscopes Used
By Medical Students In Nigeria. World Health
Popul. 2010;12(3):22-34.
D0i:10.12927/Whp.2010.21734

Cdc. Infection Control Guidance: Sars-Cov-2
(Covid-19). Centers For Disease Control And
Prevention. 2020.

Rutala Wa, Weber Dj. Disinfection, Sterilization,
And Control Of Hospital Waste. In: Bennett Je,
Dolin R, Blaser Mj (Eds). Mandell, Douglas, And
Bennett's Principles And Practice Of Infectious
Diseases. 9th Ed. Philadelphia: Elsevier; 2020.

S. Patel Et Al., “Comparison Of Traditional And
Electronic Stethoscopes In Clinical Settings,” J.
Clin. Med., Vol. 9, No. 5, 2020.

T. B. Nguyen Et Al., “Multichannel Heart Sound
Acquisition Using Speaker-Based Auscultation,”
Sensors, Vol. 22, No. 7, 2022.

Telehealth  Technology Assessment Center,
“Electronic Stethoscopes: Technology Overview,”
[Online]. Available:
Https://Telehealthtechnology.Org.

M. E. Tavel, “Cardiac Auscultation: A Glorious
Past—And It Does Have A Future!” Circulation, Vol.
113, No. 9, Pp. 1255-1259, 2006, Doi:
10.1161/Circulationaha.105.592899.

A. Mishra And B. Sinha, “Portable Cardiac
Monitoring With External Audio Feedback,”
Biomed. Signal Process. Control, Vol. 78, P.
103937, Jan. 2023, Doi:
10.1016/J.Bspc.2022.103937.

Audacity Team, “Audacity: Free Audio Editor And
Recorder,” Version 3.3.3, 2023. [Online]. Available:
Https://Www.Audacityteam.Org

Gnu Octave, “Gnu Octave: High-Level Language
For Numerical Computations,” 2023. [Online].
Available: Https://Www.Gnu.Org/Software/Octave/

Corresponding author: Kusnanto, kusnantomuktiwibowo@ump.ac.id, Department of Medical Electronics Engineering Technology, Universitas
Muhammadiyah Purwokerto, Purwokerto, Indonesia.

Digital Object Identifier (DOI): https://doi.org/10.35882/ijeeemi.v7i4.125

Copyright © 2025 by the authors. Published by Jurusan Teknik Elektromedik, Politeknik Kesehatan Kemenkes Surabaya Indonesia. This work
is an open-access article and licensed under a Creative Commons Attribution-ShareAlike 4.0 International License (CC BY-SA 4.0).

638


https://ijeeemi.org/
https://portal.issn.org/resource/ISSN-L/2656-8624
mailto:kusnantomuktiwibowo@ump.ac.id
https://doi.org/10.35882/ijeeemi.v7i4.125
https://creativecommons.org/licenses/by-sa/4.0/
https://www.wired.com/
https://telehealthtechnology.org/
https://www.audacityteam.org/

Indonesian Journal of Electronics, Electromedical Engineering, and Medical Informatics

e-ISSN: 2656-8624

Homepage: https://ijeeemi.org/; Vol. 7, No. 4, pp. 630-640, November 2025

[33]

[34]

[35]

[36]

[37]

[38]

[39]

[40]

[41]

[42]

[43]

[44]

K. Schmidt, “Heart Sound Analysis Using Wavelets
And Fft,” J. Biomed. Eng., Vol. 55, No. 3, Pp. 231—
240, 2020, Doi: 10.1016/J.Jbiomech.2020.109632.
H. Singh And M. Patel, “Noise Reduction In Digital
Stethoscope Recordings Using Adaptive Filters,”
leee Trans. Biomed. Eng., Vol. 67, No. 2, Pp. 278-
287, Feb. 2020, Doi: 10.1109/Tbme.2019.2927086.
M. Elsaadany, A. Abo-Zahhad, And A. Ahmed,
"Development Of A Digital Stethoscope For Cardiac
Murmurs," leee Access, Vol. 8, Pp. 123456-
123467, 2020. [Online]. Available:
Https://Doi.Org/10.1109/Access.2020.2999999

H. B. Wahab, M. H. Habaebi, And H. H. Yousif,
"Noise Reduction In Biomedical Signals: A Survey,"
leee Reviews In Biomedical Engineering, Vol. 14,
Pp. 18-37, 2021. [Online]. Available:
Https://D0i.Org/10.1109/Rbme.2020.3001234

Y. Choi Et Al., "Heart Sound Signal Processing
Techniques For Cardiovascular Diagnosis: A
Review," Sensors, Vol. 21, No. 21, P. 7126, 2021.
[Online]. Available:
Https://D0i.0rg/10.3390/S21217126

M. E. Schmidt Et Al., "Filtering Lung And Heart
Sounds: State-Of-The-Art And Future Directions,"
Biomedical Signal Processing And Control, Vol. 78,
P. 103883, 2022. [Online]. Available:
Https://D0i.Org/10.1016/J.Bspc.2022.103883

K. J.Kwon And S. Y. Lee, "Efficient Fir Filter Design
For Biomedical Acoustic Signals," Electronics, Vol.
11, No. 5, P. 850, 2022. [Online]. Available:
Https://Doi.Org/10.3390/Electronics 11050850

A. Ali Et Al., "Frequency Analysis Of Heart Sounds
For Cardiovascular Diagnosis," leee Access, Vol. 9,
Pp. 145678-145690, 2021. [Online]. Available:
Https://Doi.Org/10.1109/Access.2021.3111111

N. D. Thanh Et Al., "Fast Fourier Transform-Based
Analysis For Biomedical Acoustic Signals,"
Measurement, Vol. 177, P. 109330, 2021. [Online].
Available:
Https://Doi.Org/10.1016/J.Measurement.2021.109
330

A. S. Pathan, A. K. Ray, And A. Shukla, "Time-
Frequency Representation For Non-Stationary
Biomedical Signals: Methods And Applications,"
Biomedical Signal Processing And Control, Vol. 69,
P. 102907, 2021. [Online].  Available:
Https://D0i.Org/10.1016/J.Bspc.2021.102907

S. E. Schmidt And J. H. Pedersen, "Spectrogram-
Based Heart And Lung Sound Analysis For Disease
Detection," Computers In Biology And Medicine,
Vol. 143, P. 105318, 2022. [Online]. Available:
Https://D0i.Org/10.1016/J.Compbiomed.2022.105
318

P. T. Nguyen Et Al., "Rms-Based Evaluation Of
Biomedical Signals For Wearable Device
Validation," leee Sensors Journal, Vol. 21, No. 15,

Pp. 17045-17056, 2021. [Online]. Available:
Https://Doi.Org/10.1109/Jsen.2021.3088888

M. R. Hassan Et Al., "Comparative Study Of
Stethoscope Performance Using Rms And Peak
Amplitude Metrics," Medical Engineering &
Physics, Vol. 97, Pp. 49-57, 2022. [Online].
Available:
Https://D0i.Org/10.1016/J.Medengphy.2021.12.00
2

J. W. Lee Et Al., "Snr Improvement Techniques For
Biomedical Acoustic Monitoring," leee Transactions
On Biomedical Circuits And Systems, Vol. 15, No.
6, Pp. 1234-1245, 2021. [Online]. Available:
Https://D0i.Org/10.1109/Tbcas.2021.3099999

K. Zhang Et Al., "Evaluation Of Noise Reduction
Algorithms For Auscultation Devices," leee Access,
Vol. 10, Pp. 45678-45690, 2022. [Online].
Available:
Https://D0i.Org/10.1109/Access.2022.31654 32

F. Al-Qaralleh Et Al., "Wiener Filtering Approach For
Enhanced Biomedical Sound Acquisition," leee
Access, Vol. 9, Pp. 159000-159012, 2021.
[Online]. Available:
Https://D0i.Org/10.1109/Access.2021.3133333

R. W. Schafer And L. R. Rabiner, "The Theory And
Application Of Wiener Filtering In Signal
Processing," leee Signal Processing Magazine,
Vol. 37, No. 4, Pp. 54-69, 2020. [Online]. Available:
Https://D0i.Org/10.1109/Msp.2020.2987276

(49]

[46]

[47]

(48]

[49]

AUTHOR BIOGRAPHY

Kusnanto Mukti Wibowo was born in
Sukoharjo, Indonesia, on December 18,
1991. He received his Bachelor of
Science degree from Sebelas Maret
University, Indonesia, in 2013. In 2018, he
obtained his Master of Engineering
(M. Eng) degree from Universiti Tun Hussein Onn
Malaysia (UTHM), Johor, Malaysia. He began working as
a Lecturer at the Department of Medical Electronic
Engineering Technology, Faculty of Health Science,
University of Muhammadiyah Purwokerto (UMP), in 2020.
His research interests include sensors, biosensors, and
diagnostics. In addition to his academic role, he actively
serves as a reviewer for various national journals indexed
by SINTA as well as international journals indexed by
Scopus. Many of his innovative works in medical
electronics and healthcare technology have received
international recognition and awards, reflecting his strong
contribution to advancing applied research and global
collaboration.

A\A

Corresponding author: Kusnanto, kusnantomuktiwibowo@ump.ac.id, Department of Medical Electronics Engineering Technology, Universitas
Muhammadiyah Purwokerto, Purwokerto, Indonesia.

Digital Object Identifier (DOI): https://doi.org/10.35882/ijeeemi.v7i4.125

Copyright © 2025 by the authors. Published by Jurusan Teknik Elektromedik, Politeknik Kesehatan Kemenkes Surabaya Indonesia. This work
is an open-access article and licensed under a Creative Commons Attribution-ShareAlike 4.0 International License (CC BY-SA 4.0).

639


https://ijeeemi.org/
https://portal.issn.org/resource/ISSN-L/2656-8624
mailto:kusnantomuktiwibowo@ump.ac.id
https://doi.org/10.35882/ijeeemi.v7i4.125
https://creativecommons.org/licenses/by-sa/4.0/
https://doi.org/10.1109/ACCESS.2020.2999999
https://doi.org/10.1109/RBME.2020.3001234
https://doi.org/10.3390/s21217126
https://doi.org/10.1016/j.bspc.2022.103883
https://doi.org/10.3390/electronics11050850
https://doi.org/10.1109/ACCESS.2021.3111111
https://doi.org/10.1016/j.measurement.2021.109330
https://doi.org/10.1016/j.measurement.2021.109330
https://doi.org/10.1016/j.compbiomed.2022.105318
https://doi.org/10.1016/j.compbiomed.2022.105318
https://doi.org/10.1109/JSEN.2021.3088888
https://doi.org/10.1016/j.medengphy.2021.12.002
https://doi.org/10.1016/j.medengphy.2021.12.002
https://doi.org/10.1109/TBCAS.2021.3099999
https://doi.org/10.1109/ACCESS.2021.3133333

Indonesian Journal of Electronics, Electromedical Engineering, and Medical Informatics

e-ISSN: 2656-8624

Homepage: https://ijeeemi.org/; Vol. 7, No. 4, pp. 630-640, November 2025

Abdul Latif was born in Banyumas,
Central Java, Indonesia. He obtained the
titte of Associate Expert in Electrical
Engineering from the Muhammadiyah
Polytechnic of Yogyakarta in 2013. He
received his Bachelor of Engineering
degree from Respati University
Indonesia, in 2017, and his Master of

Yogyakarta,
Engineering (M.Eng.) degree in Electrical Engineering

from Universitas Islam Sultan Agung, Semarang,
Indonesia, in 2021. He began working as a Lecturer at the
Department of Medical Electronic Engineering
Technology, Faculty of Health Science, University of
Muhammadiyah Purwokerto (UMP), in 2023. His research
interests include medical devices, the Internet of Things
(IoT), and robotics. Several of his innovative works in
these fields have received international recognition,
highlighting his contributions to advancing applied
technology and fostering global collaboration.

Fani Susanto was born in Banyumas,
Central Java, Indonesia. He obtained the
titte of Associate Expert in Electrical
Engineering from the Muhammadiyah
Polytechnic of Yogyakarta in 2013. He
received his Bachelor of Engineering
degree from Respati University Yogyakarta, Indonesia, in
2017, and his Master of Engineering (M.Eng.) degree in
Electrical Engineering from Universitas Islam Sultan
Agung, Semarang, Indonesia, in 2021. He began working
as a Lecturer at the Department of Medical Electronic
Engineering Technology, Faculty of Health Science,
University of Muhammadiyah Purwokerto (UMP), in 2023.
His research interests include medical devices, the
Internet of Things (loT), and robotics. His innovative
works have enriched both his teaching and research

activities and have earned recognition at the international
level.

Fatiatun received her Bachelor’s degree

in Physics (Materials) from Universitas

=) Negeri Semarang (UNNES), Indonesia,

in 2015; her Master of Science (M.Sc.)

degree in Materials Physics from Sultan

Idris  Education University (UPSI),

Malaysia, in 2018; and she is currently

pursuing her Doctor of Philosophy (Ph.D.) in Materials

Physics at UPSI. Since 2016, she has been affiliated with

the Nano Research Centre (NRC) at UPSI. From 2019 to

the present, she has served as a Lecturer in Physics

Education at Al-Qur’an Science University (UNSIQ). Her

ongoing doctoral research focuses on advancing

materials physics to enhance academic and applied
innovation.

Norhidayah Che Ani received her
Bachelor’s degree in Electrical
Engineering from Universiti Tun Hussein
Onn Malaysia (UTHM) in 2012 and later
obtained her Master’s degree in the same
field from UTHM. She is currently pursuing her Doctor of
Philosophy (Ph.D.) in Electrical Engineering at UTHM,
focusing on research that bridges theoretical principles
with practical applications in engineering. In addition, she
works as a freelance formatter and editor and is an active
author of several academic and professional books
contributing to the enrichment of knowledge in
engineering and education. Her innovative works have
also received wide international recognition.

60

40}

201

Power Spectral Density (dB)

_40 -

Log-Scale FFT Spectrum of Audio Signal (Welch Method)

10?

10° 10%

Frequency (Hz) [Log Scale]

Corresponding author: Kusnanto, kusnantomuktiwibowo@ump.ac.id, Department of Medical Electronics Engineering Technology, Universitas

Muhammadiyah Purwokerto, Purwokerto, Indonesia.

Digital Object Identifier (DOI): https://doi.org/10.35882/ijeeemi.v7i4.125

Copyright © 2025 by the authors. Published by Jurusan Teknik Elektromedik, Politeknik Kesehatan Kemenkes Surabaya Indonesia. This work
is an open-access article and licensed under a Creative Commons Attribution-ShareAlike 4.0 International License (CC BY-SA 4.0).

640



https://ijeeemi.org/
https://portal.issn.org/resource/ISSN-L/2656-8624
mailto:kusnantomuktiwibowo@ump.ac.id
https://doi.org/10.35882/ijeeemi.v7i4.125
https://creativecommons.org/licenses/by-sa/4.0/

