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Abstract: In hands-free communication systems, acoustic echo considerably reduces speech quality and intelligibility, especially
in reverberant environments. A hybrid acoustic echo cancellation system that combines modulation-domain speech
augmentation, Normalized Least Mean Square (NLMS) adaptive filtering, and Room Impulse Response (RIR) simulation is
presented in this research. The Image Source Method is used to create realistic acoustic environments and produce RIRs for
three different reverberation situations. While STFT-based Wiener filtering minimizes residual echo and background noise
while maintaining the intended speech signal, the NLMS adaptive filter suppresses the dominating acoustic echo. Using ERLE,
SNRout, SI-SDR, and STOI, the suggested framework is assessed under six typical background noise circumstances with input
SNR levels ranging from —10 dB to 20 dB. Echo suppression, voice quality, and intelligibility all consistently increase in various
acoustic situations, according to experimental data.

Keywords: Modulation-Domain Speech Enhancement, Room Impulse Response, Acoustic Echo Cancellation, NLMS Adaptive
Filter, and Speech Enhancement.

I.  INTRODUCTION

Voice assistants, smart speakers, and video conferencing platforms are examples of hands-free communication tools that have
become essential to contemporary communication. These systems produce acoustic echo, which deteriorates speech quality and
intelligibility, especially in reverberant environments, as the loudspeaker output is reflected by the surrounding environment and
picked up by the microphone [5].

Because of its low computational complexity, consistent convergence, and suitability for real-time implementation, the Normalized
Least Mean Square (NLMS) algorithm is frequently used for adaptive filtering in Acoustic Echo Cancellation (AEC) [3]- [5].
However, following adaptive filtering, background noise and residual echo frequently persist, reducing the overall effectiveness of
speech improvement.The suggested system combines modulation-domain speech enhancement, NLMS adaptive filtering, and Room
Impulse Response (RIR) simulation to get over this restriction. After NLMS-based echo cancellation, residual echo and background
noise are further suppressed by modulation-domain processing [1], [2], [6]- [10]. The Image Source Method simulates realistic
acoustic environments. Six realistic background noise situations, three simulated room environments (RT60 = 0.3 s, 0.6 s, and 0.9 s),
and input SNR levels ranging from —10 dB to 20 dB are used to evaluate the framework. ERLE, Output SNR (SNRout), SI-SDR,
and STOI are used to evaluate performance, showing steady gains in intelligibility, speech quality, and acoustic echo suppression.

II. LITERATURE REVIEW
In order to enhance speech quality and comprehensibility in hands-free communication devices, acoustic echo cancellation has been
extensively studied. For acoustic echo estimation, adaptive filtering methods like LMS, NLMS, and RLS are frequently employed.
NLMS is particularly popular due to its low computational complexity, consistent convergence, and applicability for real-time
applications [3]- [5]. Furthermore, in order to evaluate acoustic echo cancellation algorithms, realistic reverberant settings are
simulated using Room Impulse Response (RIR) modeling based on the Image Source Method [2].
Under reverberant situations, residual echo and background noise frequently persist even while adaptive filtering successfully
reduces the primary acoustic echo. Therefore, to further reduce residual echo while maintaining voice quality, modulation-domain
speech augmentation based on STFT and Wiener filtering has been used [1], [6]—[10].
Despite these advancements, the majority of current research assesses modulation-domain enhancement and adaptive filtering
independently or in restricted acoustic environments. In order to assess its resilience under various room contexts and representative
background noise situations, this work combines RIR-based acoustic modeling, NLMS adaptive filtering, and modulation-domain
speech augmentation into a single framework.
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III. PROPOSED METHODOLOGY
A two-stage acoustic echo cancellation technique is used in the suggested framework. In order to replicate realistic acoustic settings,
Room Impulse Responses (RIRs) are first created using the Image Source Method. The microphone signal is created by combining
the near-end voice, background noise, and generated acoustic echo. After estimating the dominating acoustic echo using the
Normalized Least Mean Square (NLMS) adaptive filter, residual echo and background noise are suppressed while the target speech
signal is preserved using modulation-domain speech augmentation.
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Figure 1: Block diagram of the proposed acoustic echo cancellation framework.

RIRs for acoustic echo modeling are produced using the Image Source Method. To simulate a hands-free conversation situation, the
generated echo is mixed with the near-end speech and background noise. Using the far-end speech as the reference signal, the
NLMS adaptive filter estimates and suppresses the dominant echo, resulting in the residual signal [2]- [5].

To reduce residual echo and background noise, the residual signal is handled in the modulation domain utilizing STFT, Noise PSD
estimation, Wiener gain computation, and ISTFT reconstruction [1], [6]—[10].

Six realistic background noise circumstances, three simulated room environments (RT60 = 0.3 s, 0.6 s, and 0.9 s), and input SNR
levels ranging from —10 dB to 20 dB are used to assess the proposed framework. ERLE, Output SNR, SI-SDR, and STOI are used
to evaluate performance.

A. Acoustic Echo Generation
The microphone signal consists of the desired near-end speech, acoustic echo, and background noise, and is expressed as

vin) = d(n) + s(n) + v(n) (1)

where y(n)is the microphone signal, d{n) is the near-end speech, s(n) is the acoustic echo, and v(n)is the background noise.
The acoustic echo is generated by convolving the far-end speech with the room impulse response,

s(n) = x(n) » hin) (2)

where x(n) denotes the far-end speech, h{n) is the Room Impulse Response, and * represents the convolution operation. The
acoustic environment is modeled using the Image Source Method to generate realistic Room Impulse Responses for echo simulation

(2].

B.  NLMS Adaptive Filtering
The NLMS adaptive filter estimates the acoustic echo using the far-end speech as the reference signal. The estimated echo is given
by

§(n) = wT(n)x(n) (3)
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Where 3(n) is the estimated echo, w{n) represents the adaptive filter coefficient vector and x{n)is the reference signal vector.
The residual signal is obtained by subtracting the estimated echo from the microphone signal,

eln) =yvin) —&n) (4
Where e(n) is the Residual signal after NLMS
The adaptive filter coefficients are updated using the NLMS algorithm as

H ) _ _
8+ x(n) I12 e(n)x(n)  (5)

win+1) =wln) +
where pis the step size and & is the regularization parameter. The NLMS algorithm provides stable convergence with low
computational complexity, making it suitable for real-time acoustic echo cancellation [3]-[5].

C. Modulation-Domain Residual Echo and Noise Suppression
The residual signal is transformed into the time—frequency domain using the Short-Time Fourier Transform,

E(k,m) = STFT{e(n)} (&)
The Wiener gain is computed as
E(k, m)
14+ &(k,m)
where &(k’m)denotes the estimated a priori Signal-to-Noise Ratio.

G(k,m) = (7)

The gain is estimated from the a priori Signal-to-Noise Ratio and applied to attenuate residual echo and background noise while
preserving the desired speech components.

The enhanced spectrum is obtained by
D(k,m) = G(k.m)E(k,m)  (8)
Finally, the enhanced speech signal is reconstructed using the Inverse Short-Time Fourier Transform,

d(n) = ISTFT{D (k,m)} (9)

The modulation-domain enhancement stage combines STFT analysis, Noise PSD estimation, a priori SNR estimation, Wiener gain
computation, and ISTFT reconstruction to suppress residual echo and background noise while preserving speech quality [1], [6]—
[10].

Iv. EXPERIMENTAL SETUP AND PERFORMANCE EVALUATION
A. Experimental Setup
MATLAB R2025b was used to develop the suggested acoustic echo cancellation framework, which was then assessed in simulated
acoustic settings created with the Image Source Method [2]. Six realistic background noise circumstances and input SNR levels
ranging from —10 dB to 20 dB were used to assess performance in three room contexts (RT60 = 0.3 s, 0.6 s, and 0.9 s). ERLE,
Output SNR (SNRout), SI-SDR, and STOI were used for objective evaluation [5], [6].

B. Implementation Parameters

16 kHz far-end and near-end speech signals were used to build the suggested framework in MATLAB R2025b. Room Impulse
Responses (RIRs) produced by the Image Source Method were used to imitate acoustic echo [2]. NLMS adaptive filtering [3]— [5]
was used to process the microphone signal, and then modulation-domain speech augmentation [1], [6]— [10] was applied.

C. Performance Evaluation Metrics

Echo suppression, speech quality, distortion reduction, and speech intelligibility were assessed using objective metrics such as Echo
Return Loss Enhancement (ERLE), Output Signal-to-Noise Ratio (SNRout), Scale-Invariant Signal-to-Distortion Ratio (SI-SDR),
and Short-Time Objective Intelligibility (STOI) [5], [6].
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1) Echo Return Loss Enhancement (ERLE)
By comparing the microphone signal's power before and after echo suppression, Echo Return Loss Enhancement (ERLE) assesses
how well acoustic echo cancellation works. More efficient acoustic echo cancellation is indicated by higher ERLE values [5].

ERLE(dB) = 10logy, (%) (10)

where v (n)is the microphone signal and & (n) is the residual signal after echo cancellation.

2) Output Signal-to-Noise Ratio (SNRout)
After acoustic echo cancellation and residual noise suppression, the output signal-to-noise ratio (SNRout) assesses the quality of the
improved speech signal. Better speech enhancement performance is indicated by higher SNRout values [6].

> d?(n)
Z [d (n)— &(11)]:

where d(n)is the clean (desired near-end) speech signal and d(n)is the enhanced speech signal.

SNR,,. = 10logy, (11)

3) Scale-Invariant Signal-to-Distortion Ratio (SI-SDR)

The distortion between the clean reference signal and the increased speech signal is measured by the Scale-Invariant Signal-to-
Distortion Ratio (SI-SDR), which is insensitive to signal scaling. Better speech reconstruction quality is indicated by higher SI-SDR
values [12].

I erd 12 ) dTd

51 — 5DR = 10log, _— 12 where o =——=
g“’(n ad —d I 12) d I

4) Short-Time Objective Intelligibility (STOI)

Following speech augmentation and acoustic echo cancellation, Short-Time Objective Intelligibility (STOI) offers an objective
assessment of speech intelligibility. STOI values vary from 0 to 1, with values nearer 1 denoting higher speech intelligibility
preservation [11].

V.  RESULTS AND DISCUSSION
Three simulated room environments (RT60 = 0.3 s, 0.6 s, and 0.9 s), six representative background noise circumstances, and input
SNR values ranging from —10 dB to 20 dB were used to test the suggested framework, which was implemented in MATLAB
R2025b. To evaluate its efficacy in voice enhancement and acoustic echo cancellation, both qualitative and quantitative assessments
were conducted.

A.  Representative Waveform and Spectrogram Analysis
Small Room (RT60 = 0.3 s)
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Figure 2. Waveform analysis for the Small Room under Factory Noise at an input SNR of 10 dB.

©IJRASET: All Rights are Reserved | SJ Impact Factor 7.538 | ISRA Journal Impact Factor 7.894 | 2179




International Journal for Research in Applied Science & Engineering Technology (IJRASET)
ISSN: 2321-9653; IC Value: 45.98; SJ Impact Factor: 7.538
Volume 14 Issue VII July 2026- Available at www.ijraset.com

Near-End Speech

(dBHz)

N
S

=

Frequency (kHz)
o

15 2 25 3
Time (s)

Microphone Signal - factory

N
[SR=]

Frequency (kHz)
o 3 8
B B )
(

Frequency (kHz)

o

Time (s)
Proposed AEC Output

Hz)

(dBH:

25
Time (s)

Figure 3. Spectrogram analysis for the Small Room under Factory Noise at an input SNR of 10 dB.

There are fewer reflections and a shorter echo path in the Small Room since it is the least reverberant acoustic environment. With
well-preserved speech harmonics in the spectrogram, the suggested framework successfully suppresses the dominant acoustic echo,
resulting in a crisper waveform and less residual echo.
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Figure 4. Waveform analysis for the Medium Room under Factory Noise at an input SNR of 10 dB.
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Figure 5. Spectrogram analysis for the Medium Room under Factory Noise at an input SNR of 10 dB.
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A more intricate acoustic echo path is produced by the medium room's moderate reverberation. The suggested framework produces
a cleaner waveform and better-preserved speech components in the spectrogram by efficiently suppressing acoustic echo and
residual interference.

Large Room (RT60 = 0.9 s)
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Figure 6. Waveform analysis for the Large Room under Factory Noise at an input SNR of 10 dB.
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Figure 7. Spectrogram analysis for the Medium Room under Factory Noise at an input SNR of 10 dB.

Because of its longer reverberation period and more reflections, the Large Room is the most difficult acoustic environment. The
suggested framework successfully reduces residual interference and acoustic echo, producing a spectrogram with a cleaner
waveform and better-preserved voice harmonics.

B.  Quantitative Performance Evaluation

The objective performance of the suggested framework under various room environments and background noise situations at an
input SNR of 10 dB is summarized in Table 1. Efficient suppression of residual echo and background noise is indicated by higher
SNRout, SI-SDR, and STOI values. Since background noise largely influences the modulation-domain enhancement stage and
ERLE is mostly dependent on the acoustic echo path and the NLMS adaptive filtering step, the virtually constant ERLE values are
expected. In general, the suggested framework preserves strong voice enhancement and echo cancellation in all room settings.
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Table I Performance of the Proposed Acoustic Echo Cancellation Framework at an Input SNR of 10 dB

Room Environment Noise Type ERLE (dB) SNRout (dB) SI-SDR (dB) STOI
Small (RT60 = 0.3 s) White 13.26 10.67 10.41 0.667
Babble 13.26 9.39 8.92 0.698

Factory 13.26 10.53 10.16 0.713

Cockpit 13.26 10.84 10.57 0.851

Street 13.26 10.63 10.33 0.542

Car 13.26 10.76 10.48 0.833

Medium (RT60 = 0.6 s) White 17.97 10.50 10.22 0.660
Babble 17.97 8.97 8.43 0.682

Factory 17.97 10.16 9.76 0.700

Cockpit 17.97 10.57 10.28 0.861

Street 17.97 10.36 10.04 0.531

Car 17.97 10.53 10.23 0.838

Large (RT60 = 0.9 s) White 16.25 10.16 9.85 0.652
Babble 16.25 8.71 8.13 0.677

Factory 16.25 9.92 9.50 0.697

Cockpit 16.25 10.23 9.92 0.847

Street 16.25 10.13 9.79 0.525

Car 16.25 10.17 9.85 0.828

C. Performance Comparison

As the input SNR goes from —10 dB to 20 dB, the performance graphs show that the suggested framework continuously improves
speech quality and intelligibility; output SNR, SI-SDR, and STOI increase steadily, and the practically constant ERLE values show
reliable acoustic echo cancellation. The robustness of the suggested framework under various reverberation circumstances is further

confirmed by the slight variance between the three-room scenarios.
Output SNR vs Input SNR
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Figure 8. Output SNR versus Input SNR

For the three-room settings, Figure 8 shows how the output SNR changes as the input SNR increases. The output SNR steadily rises
from —10 dB to 20 dB, demonstrating successful background noise and acoustic echo suppression. While the Small and Large
Rooms function similarly, the Medium Room attains somewhat higher values at greater input SNRs. These findings show that the
suggested architecture successfully maintains speech quality in a variety of reverberation scenarios.
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Figure 9. SI-SDR versus Input SNR

The SI-SDR variance for the three-room settings is shown in Figure 9. SI-SDR shows decreased residual echo and voice distortion
following processing, increasing consistently with input SNR. The three-room settings show stable speech reconstruction under

various reverberation situations, with comparable performance over the assessed SNR range.
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Figure 10. STOI versus Input SNR

For the three-room settings, Figure 10 illustrates how STOI varies as input SNR increases. Following acoustic echo cancellation,
speech intelligibility steadily increases from roughly 0.32 at —10 dB to 0.87 at 20 dB, indicating successful preservation of speech
quality. The Medium and Large Rooms perform similarly, showing robust functioning under various reverberation circumstances,
whereas the Small Room obtains slightly higher STOI values.

D. Discussion

The outcomes shown in Table I and Figures 8—10 show that the suggested framework consistently enhances speech and cancels
acoustic echo in a variety of room settings and background noise situations. As input SNR increases, output SNR, SI-SDR, and
STOI all gradually improve, demonstrating efficient suppression of background noise and acoustic echo while maintaining speech
intelligibility and quality. The resilience of the suggested framework under realistic reverberant settings is further confirmed by the
minimal performance variance between the three-room scenarios.

VL CONCLUSION
For hands-free communication systems, this work introduced a hybrid acoustic echo cancellation architecture that combines
modulation-domain voice enhancement, NLMS adaptive filtering, and Room Impulse Response (RIR) simulation. Consistent
increases in ERLE, output SNR, SI-SDR, and STOI were shown by experimental evaluation under three room environments, six
representative background noise circumstances, and input SNR levels ranging from —10 dB to 20 dB. Effective acoustic echo
reduction and enhanced speech quality in various acoustic settings are confirmed by the results.
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VII. FUTURE WORK
Even if the suggested framework shows good acoustic echo cancellation in simulated acoustic situations, more advancements could
be investigated. To enhance performance in dynamic acoustic environments, future research will concentrate on integrating adaptive
residual echo suppression and double-talk detection. Furthermore, real-time implementation for useful hands-free communication
systems and measured Room Impulse Responses (RIRs) will be used to validate the suggested framework.
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