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Abstract: Amid the COVID-19 pandemic, people have adopted various face masks and face shields as protective
measures against infection. While these measures have been instrumental in saving countless lives, they pose
significant challenges to interpersonal communication, especially in scenarios requiring clear verbal interaction. This
study utilizes a microphone to capture speech signals in different scenarios involving face masks, with and without
face shields. Participants read vowels and the Grandfather Passage across ten experimental conditions, including
surgical masks, cloth masks, double masks (surgical and cloth combination), and N95 masks, both with and without
face shields. The obtained speech signals, often distorted by noise and reverberation, undergo enhancement through
the wavelet denoising approach using discrete wavelet transform with soft thresholding. The quality of the enhanced
signals was compared to the original acquired signals using a subjective comparison test involving 30 listeners who
rated the signals based on comparison mean opinion scores (CMOS). Multiple research findings indicate that the
signal improvement achieved through wavelet denoising consistently exceeds the quality of the initial signal, even
under challenging conditions such as double masks with face shields. This study highlights the practical efficacy of
wavelet denoising in addressing speech clarity challenges caused by protective face coverings, offering a valuable
solution for improved communication in masked environments.

Keywords: Face masks, Speech Enhancement, Wavelet Transform, Subjective comparison test, Wavelet
Denoising, Process Innovation

In their study, Balamurali et al. [8] examined the impact
of design and material selection on the frequency
response of different face masks. They also explored
how these masks could affect the production and
transmission of speech sounds at the speaker's lips.
Their findings suggested that material selection has a
greater influence on transmission than mask geometry
and design would imply.

1. Introduction

Face masks and shields play an important role
in preventing the spread of the Coronavirus outbreak [1,
2]. Millions of individuals have been protected as a
result. During the pandemic, it is unavoidable for people
to wear face masks in everyday communication
situations. Consequently, these face masks and shields
have hindered people's conversations [3-6]. Some
individuals experience difficulties understanding others' The process of speech signal enhancement

words when wearing masks and face shields. Speech ~ @ms to enrich the clarity, intelligibility, —and
enhancement processing can assist in resolving this ~ Understanding of acquired speech signals. There are

issue. One of the classic signal processing problems is
speech enhancement. Palmiero et al. [3] and
Radonovich et al. [7] investigated the impact of speech
intelligibility while using respiratory masks.

Corey, et al. [5] discovered from various
experiments that face masks attenuate high-frequency.

various methods for enhancing speech signals, which
can be categorized as single and multi-channel [9, 10].
Single-channel systems are well-suited for real-time
applications such as individual hearing aids and smart
classroom audio setups. Conversely, multi-channel
audio enhancement is employed in systems that handle
multiple speech signal inputs. The spectral subtraction

Int. Res. ]J. Multidiscip. Technovation, 7(2) (2025) 13-23| 13

N
N
n
N
p)
£
B
=
S~
N
(=)}
o
<
n
(=]
-
—t
o
a



mailto:prof.bmrbharathi@gmail.com
https://doi.org/10.54392/irjmt2522
https://crossmark.crossref.org/dialog/?doi=10.54392/irjmt2522&domain=pdf&date_stamp=2025-02-24

Vol 7 Iss 2 Year 2025

B. Marxim Rahula Bharathi et.al, /2025

method involves using the Fourier converts to convert
the time domain speech signal into the frequency
domain speech signal. This method was proposed by
Nelson to eliminate background noise [11].

Different techniques, including removing
recurring noise, and interfering acoustic speech
techniques, can be applied to remove noise from speech
signals [12]. F. Qu et al. improved speech signals using
an adaptive smoothing factor-based spectral subtraction
method [13], while Paliwal K et al. proposed a method
based on short-time modulation to minimize musical
noise [14]. Hu et al. significantly improved speech signal
quality using a special subtraction method with spectral
smoothing and comb filtering [15]. Additionally, the
adaptive spectral subtraction method for noise
cancellation, which requires more than one microphone,
was also proposed [16].

Wavelet analysis and wavelet denoising have
become significant research aspects in various fields,
including object localization and tracking [17-19], noise
reduction in hearing aids [20], bio-acoustics [21, 22],
rotating machinery fault diagnosis [23], and image
processing [24] including image splicing forgery
detection [25]. Over the last two decades, wavelet
denoising-based speech enhancement has become a
significant process in improving speech signal quality.
Bahoura and Rouat proposed wavelet transform as an
alternative to Short Time Fourier Transform (STFT) for
representing localized events [26]. The scale and
translation function similarly to STFT. Bhowmick and
Chandra established a speech enhancement system
using wavelet decomposition based on voiced speech
probability (VSP) [27]. Ghanbari et al. proposed an
adaptive threshold speech enhancement method for
wavelet packets [28]. The technique was tested on
various speakers and noise situations, showing
significant enhancement in both signal-to-noise ratio
(SNR) and automatic speech recognition (ASR) results.
Marxim et al. aimed to enhance speech signal quality
degraded by face masks using the Empirical Mode
Decomposition (EMD) denoising method. This approach
decomposes speech signals into intrinsic mode
functions, isolates noise, and enhances the acoustic
signal. Their results demonstrated that the EMD method
outperformed the traditional spectral subtraction
technique in improving speech clarity under mask-
induced conditions, highlighting its effectiveness in
challenging acoustic environments [29, 30].

Senthamizh Selvi R et al proposed a novel
approach to speech enhancement merges the Discrete
Wavelet Transform (DWT) and Long Short-Term
Memory (LSTM) algorithms. DWT decomposes noisy
speech signals into frequency components, while LSTM
networks enhance the denoised signals, thereby
elevating speech quality. This methodology employs
DWT to decompose noisy speech signals into frequency
components, followed by LSTM networks for denoising.

The resulting speech quality and intelligibility are notably
enhanced, attaining an output Signal-to-Noise Ratio
(SNR) of 30.6dB at an input noise level of 15dB [31]. ZT
Wu et al. proposed a speech enhancement approach
using FullSubNet+ and adaptive-FSN, neural network
models that integrate full-band and sub-band fusion. By
replacing the traditional complex spectrogram with
discrete wavelet transform (DWT) features, they
improved phase information representation. This
enhancement led to higher speech quality and
intelligibility compared to the original adaptive-FSN,
showcasing the effectiveness of combining wavelet
transforms  with  neural networks for speech
enhancement [32].

The highlights of the research work are listed
below:

e Application of Wavelet Denoising Speech
Enhancement Technique: The research
effectively applies the Wavelet Denoising
Speech Enhancement to improve single-
channel speech input signal across various
scenarios, including different face masks and
face shield conditions.

e Verification Using Comparison Mean Opinion
Scores (CMOS): The efficiency of Wavelet-
Denoising  speech signal enhancement
undergoes thorough validation. A
comprehensive subjective assessment was
carried out utilizihng CMOS 30 participants.
These assessments provide valuable insights
into the enhanced speech quality achieved
through the proposed technique.

The wavelet denoising method is employed in
this study to enhance the speech signal in various face
masks and face shield circumstances. Section 2
describes the experimental setup and execution, while
Section 3 explains the wavelet denoising speech
enhancement. Section 4 discusses the experiments,
presents the findings, and includes the assessment of
speech quality. Section 5 summarizes the findings.

2. Methods

Figure 1 shows the schematic representation of
the research methods used in this research work.
Speech signals were obtained from four participants, all
of whom, despite having English as their medium of
instruction, are non-native English speakers. The
investigation incorporates various face mask conditions,
including those with and without a face shield. The
conditions include no mask, surgical mask, cloth mask,
double masks (a combination of surgical and cloth
masks), and N95 mask, as detailed in Table 1. The
experimental setup is depicted in Figure 2, illustrating
the different face mask and face shield conditions during
the experiments.
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As outlined in Table 1, all participants were
instructed to read vowels and the grandfather passage
(GFP) [33] under varied mask conditions, both with and
without face protection. The methodology involved
repeating the process five times for vowels and three

[ Participants 583] =

Four non-native speakers - -’

Face Mask Conditions
with/ without Face =\

times for GFP. Speech signals were acquired by a
microphone at a sampling rate of 44 kHz and a resolution
of 16-bit. The recorded data was stored in WAV format
on a personal computer.

i [Ejg Data Storagej

T

'~- Personal computer

[Q Experimental Setup J

Shield E B<X E | ' -
No mask--ui \ i{g}; N £e Microphone recording
Surgical mask - - . — I :r- 44 kHz sampling rate
xperimenta
Cloth mask --4: Methods E—- 16-bit resolution
Double masks --': : , - WAV format
N95 mask - : : '+ Mask configurations
((T‘l_) Repetition Protocol J
L T
Vowels --E - Vowels: 5 times

Grandfather Passage ,
(GFP)

\

~- GFP: 3 times

Figure 1. Schematic Diagram of Experimental Methods

(g) Case 7

(h) Case 8

(i) Case 9 (j) Case 10

Figure 2. Face mask and face shield conditions
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Table 1. Face Mask Conditions for Experiments
CASE NUMBER CONDITION

Case-1 Without face shield and without mask

Case -2 Without face shield and Surgical mask

Case -3 Without face shield and Cloth mask

Case -4 Without face shield and Double mask

Case -5 Without face shield and N95 mask

Case -6 Face shield and without mask

Case -7 Face shield and Surgical mask

Case -8 Face shield and Cloth mask

Case -9 Face shield and Double mask

Case - 10 Face shield and N95 mask
3. Wavelet Denoising - Speech Signal e (dgpln]) is the scaled and translated version of
Enhancement the window function (¢[n]).

The wavelet transform (WT) is one of the key
methods used in digital signal processing for time-
frequency analysis. Its effective time-frequency analysis
features make wavelets and wavelet denoising valuable
tools in diverse research areas. Wavelets work by
breaking down a signal into a linear combination of
wavelet coefficient products and the mother wavelet
[18]. The generalised formula for discrete wavelet
transform (DWT) is given as [18],

| \ D2
Al
A2

D1

Figure 3. DWT decomposition
X[a,b] = Y3 —wx[n] Bopln] 1)

Here, the input signal (x[n]) is to be
transformed into the wavelet domain. The function
¢[n] represents a finite-length window, with (a) and (b)
serving as the parameters for scaling (either dilation or
contraction) and shifting (translation), respectively. The
function (¢, ;[n]) is defined as:

Paplnl = =0 [=] ®)

In this expression:

e (a) is the dilation or contraction parameter,
affecting the width of the window.

e (b)) is the translation parameter, determining
the position of the window

e The sum is taken over all values of (n) in the
range (—1) to (4+«) . This mathematical
formulation is a common representation of the
continuous wavelet transform (CWT), where the
x[n] is analyzed at different scales and positions
using the window function (¢, ,[n]).

Any function can be broken down into different
scales and resolutions using the wavelet transform
(WT), as shown in Figure 3. The low pass filter (L) is
utilized to obtain the scaling function, while the high pass
filter (H) is used to derive the wavelet function. Initially,
the input signal is decomposed into D1 and Al, where
D1 represents the detail component and Al represents
the approximation component at level one. Once D1 and
Al undergo processing through highpass and lowpass
filters, they generate second-level components D2 and
A2. This iterative process continues until the desired
level of decomposition is achieved.

4. Results and Discussions

The microphone captures the speech signal
under various testing conditions as specified in Section
2. In certain experimental scenarios involving the use of
a face shield, the spoken signal may include echoes.
Consequently, these temporal domain signals comprise
both noise and reverberation. The reverberation time
was measured across a frequency range of 250 Hz to
8000 Hz, revealing a trend of decreasing reverberation
time with increasing frequency.
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Specifically, the measured values were 0.952
seconds at 250 Hz, 0.878 seconds at 500 Hz, 0.821
seconds at 1000 Hz, 0.776 seconds at 2000 Hz, and
0.642 seconds at 4000 Hz [29]. The analysis of a speech
signal becomes challenging when it incorporates such
unwanted elements. Participants were instructed to read
both vowels and the grandfather passage (GFP) in all
ten experimental conditions, as outlined in Section 2.
The microphone picks up these acoustic waves, and the
signals are subsequently recorded in the computer.

Figure 2 shows the time-domain representation
of the speech signal recorded during vowel articulation
under case 9 conditions, where two face masks and a
face shield were used.The double mask, comprising a
surgical mask and a cloth mask, leads to notable signal
attenuation. The acquired signal undergoes
decomposition into various levels using discrete wavelet
transform. For both male and female speakers, the soft
threshold and mother wavelet Db10 are selected [28]. In
Figure 3 (a), the wavelet denoising-enhanced speech
signal for case 9 during vowel reading is presented,
while Figure 3 (b) shows the corresponding noise signal.
Similarly, Figure 4 (a) displays the wavelet denoising-
enhanced speech signal for case 9 during reading GFP,
and Figure 4 (b) presents the noise signal for the same
case. Quantifying the speech signal enhancement in the
time domain based on Figure 3 (a) and Figure 4 (a) is
challenging. Therefore, a subjective listening test is
employed to evaluate wavelet denoising-based speech

enhancement.  Thirty listeners assessed the
enhancement of speech quality using CMOS [34]. Out of
the thirty listeners, 77% are male and 23% are female.
In terms of age, 37% of the listeners are between 21 and
30, 23% are over 50, 20% are under 20, 13% are
between 31 and 40, and 7% are between 41 and 50.

The acquired raw signal and the wavelet-
enhanced vowel signal are played for the listeners. They
are instructed to evaluate the second signal by
comparing it to the first signal and assigning a rating on
a scale from 3 to -3. Table 2 outlines seven phases of
the comparative category rating used in this evaluation.
The identical procedure is followed for the GFP recorded
speech signal. The acquired speech signal that was
obtained and the speech signal that has been improved
through wavelet denoising are referred to as signal one
and signal two, respectively. The subjective comparison
test results for the original raw signal and the wavelet-
denoised speech-enhanced signal are shown in Figure
5, focusing on vowels. According to Figure 5, in case one
(without face mask and face shield), 16 listeners rate
signal two as better than signal one, and six listeners
rate signal two as much better. Additionally, eight
listeners perceive signal two as similar to signal one.
Overall, all listeners concur that the enhanced signal is
an improvement over the acquired signal. In cases two
to five, the majority of listeners expect signal two to be
superior to signal one.

Amplitude

I 1 | 1 +

40 50 60 70 80

Time (s)

Noise
T

Amplitude

40 50 60 70 80
Time (s)

Figure 6. Case 9: Wavelet Denoising Speech Enhancement for GFP (a) Enhanced Signal (b) Noise
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Similarly, according to Figure 5, in case six, 18
listeners rate signal two as better than signal one, and
six listeners rate signal two as much better. Furthermore,
four listeners rate signal two as slightly better, and two
listeners perceive signal two as similar to signal one.
Overall, all listeners agree that the enhanced signal is an

improvement over the acquired signal. Except for case
eight, where the majority of listeners anticipate signal
two to be better than signal one in cases seven to ten. In
case eight (double face mask and face shield condition),
the acquired speech signal exhibits high noise and
reverberation compared to other conditions. Despite
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this, more than 73 percent of listeners affirm that the
wavelet denoising speech enhancement process is
effective.

The subjective comparison test results for the
acquired raw signal and the wavelet denoised speech-
enhanced signal are depicted in Figure 6 specifically for
GFP. According to Figure 6, in case one (without face
mask and face shield), 19 listeners rate signal two as
better than signal one, and four listeners rate signal two
as much better. Additionally, six listeners perceive signal
two as slightly better, and one listener agrees that signal
two is similar to signal one. Overall, all listeners assert
that the enhanced signal is an improvement over the
acquired signal. In cases two to five, the majority of
listeners expect signal two to be superior to signal one.
Similarly, according to Figure 6, in case six, 19 listeners
rate signal two as better than signal one, and four
listeners rate signal two as much better. Furthermore, six
listeners rate signal two as slightly better, and one
listener agrees that signal two is similar to signal one.

The Segmental Signal-to-Noise Ratio,
commonly referred to as Segmental SNR (SSNR), is a
method used to evaluate speech quality by calculating
the average SNR over brief, fixed-length segments of
the signal, typically spanning 15-20 milliseconds. Unlike
traditional SNR calculations that assess the entire
signal, this localized approach enables a more detailed
analysis of variations in signal clarity across different
temporal frames. The Segmental SNR is derived using
the equation [35, 36].

12

SNRuoy (dB) = — y 101 ( iz X2 (1) > 3
19NRues(48) = 57 ), 1010810 (g ) @
where x(n) represents the clean speech
signal, x;(n) is the enhanced or processed signal,
M denotes the total number of frames in the signal,
and L is the frame length. This metric captures the
energy of the clean speech signal relative to the error
introduced by the enhancement process, averaged
across all frames. By focusing on individual segments
rather than the entire signal, Segmental SNR provides a
rigorous and precise evaluation of the performance of
speech enhancement techniques, highlighting their
impact on noise suppression and speech intelligibility.

The SSNR method was employed as an
objective evaluation framework to quantify speech
quality across various face mask and face shield
conditions, as shown in Figure 9. The analysis revealed
that cases 10, 9, and 6 performed optimally for vowels,
indicating substantial suppression of noise and
enhancement of speech clarity in these scenarios.
Similarly, for GFP, cases 1, 6, and 10 demonstrated the
highest Segmental SNR values, signifying improved
intelligibility under these conditions. Comparative
analysis with the subjective evaluation based
on CMOS revealed a notable alignment in key cases,
particularly for case 6 and case 10, both of which
consistently performed well in both frameworks.

_____ == - - - - -Q~~~\ ,,,
o= = o= > = == - = ~~~ .
8 PO —— o o o .
6
L]
-
-
-
\\ -« _.-—___.———_.
&3 P R % I I = A
4 R P i T R Serit=tl D bl b b =l e P
R Sl ‘._-.rt_—_-& ----- . P
$= === L
N - -

SNR (Seg) (dB)

Case 1 Case 2 Case 3 Case 4 Case 5

=%=S§S - Vowels - Speaker 1

SS - Vowels - Speaker 2

Case 6 Case 7 Case 8 Case 9 Case 10

SS- Vowels - Speaker 3 SS - Vowels - Speaker 4

«®=+SS- GFP-Speaker 1 =@ +SS-GFP-Speaker2 «= «SS-GFP-Speaker3 == «SS-GFP - Speaker4

Figure 9. Results of Segmental SNR for Vowels and GFP
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This concurrence underscores the reliability of
the enhancement technique in mitigating speech
degradation caused by noise and reverberation.
However, discrepancies were observed in specific
scenarios, such as GFP case 1, where the objective
SSNR indicated strong performance, but subjective
CMOS ratings reflected more variability. Such
differences may stem from the perceptual nuances of
human evaluators, emphasizing the necessity of
integrating both objective and subjective analyses to
achieve a holistic assessment of speech quality. This
comparative study validates the robustness of wavelet
denoising in diverse acoustic environments while
highlighting areas for further investigation.

Overall, all listeners concur that the enhanced
signal is an improvement over the acquired signal.
Except for case eight, where the majority of listeners
anticipate signal two to be better than signal one in cases
seven to ten. In case eight (double face mask and face
shield condition), the acquired speech signal exhibits
high noise and reverberation compared to other
conditions. Despite this, more than 83 percent of
listeners agree that the wavelet denoising speech
enhancement process is effective. These results
demonstrate that wavelet denoising-based speech
enhancement is beneficial for improving speech signals
in various face masks and face shield conditions.

5. Conclusions

The vowels and the Grandfather Passage (GFP)
were read by participants while wearing various face
masks and face shields, and the corresponding speech
signals were recorded using a microphone. These
signals, often distorted by noise and reverberation, were
decomposed at different resolutions using the wavelet
transform, followed by wavelet denoising to enhance the
speech quality. A comparison of the raw signal and the
wavelet-denoised signal was conducted with the
participation of thirty individuals. The results
demonstrated that the wavelet denoising method
consistently improved the clarity and quality of speech
across a wide range of face mask conditions, including
those with and without face shields. More than 73% of
listeners rated the enhanced signal as better than the
raw signal in challenging scenarios, such as double
masks with face shields. Future research could
incorporate  wavelet denoising into  real-time
communication systems, which could offer significant
advantages in environments such as healthcare,
education, telecommunication, and customer service,
where clear communication is critical.
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