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ABSTRACT

Environmental noise can harm people’s health, leading to
issues such as hearing loss, increased stress levels, and re-
duced overall well-being. This noise pollution is a grow-
ing concern in urban environments, where constant expo-
sure to sounds from traffic, construction, and other sources
can create an uncomfortable living situation. We can im-
plement active sound control techniques to address these
challenges, which offer a promising solution to reduce un-
wanted noise. This method uses loudspeakers to change
the sound in an area and create a specific sound field.
However, real-time active sound control is challenging.
There are limitations based on where we place micro-
phones and loudspeakers and how we select sound sources
to create a comfortable environment for users. This paper
presents a user-selective active sound seat that addresses
these design challenges. This seating solution combines
the principles of active sound control with advanced tech-
niques derived from the Auditory Scene Analysis frame-
work. These techniques help separate individual sound
sources from a mix by analyzing the position and charac-
teristics of different sounds in a room. As a result, users
of the active sound seat can selectively mask unwanted
sounds in their vicinity.
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1. INTRODUCTION

Active Sound Control (ASC) is an acoustic technology
that manipulates sound waves using secondary sources
(loudspeakers) to shape the acoustic environment. A key
application of ASC is Active Noise Control (ANC), where
the system generates a sound field that destructively inter-
feres with unwanted noise, effectively reducing it. Be-
yond noise reduction, ASC can also enhance auditory ex-
periences, such as through spatial audio reproduction and
zonal sound control [1,2]. These capabilities allow ASC
to suppress noise and selectively amplify or modify spe-
cific sound fields, improving sound quality in complex en-
vironments. In automotive applications, ASC technolo-
gies are increasingly used to reduce in-cabin noise and
enrich the driving experience through powertrain sound
enhancement or infotainment features [3].

A key enabler of such user-focused ASC systems is
Auditory Scene Analysis (ASA), a perceptual process by
which the human auditory system separates and identifies
individual sound sources in a complex acoustic environ-
ment [4]. ASA helps us understand and focus on specific
sounds even in noisy surroundings [5] but selectively lis-
tening to different sounds in an acoustic mixture remains
a challenge in machine hearing [6]. Spatial cues, such as
interaural time and level differences, play a crucial role in
localizing sound sources—analogous to how microphone
arrays can be used in machines to separate overlapping
sources based on spatial filtering [7].

Spatial filtering techniques like beamforming are
widely used for sound source separation. Traditional
beamformers focus on sounds from a specific direction,
but modern implementations must address more complex
environments with reverberation and multiple sources. In
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this broader context, beamformers are viewed as multiple-
input single-output systems that combine spatially filtered
microphone signals to enhance desired sources and sup-
press interference [8]. Recent advancements incorporate
neural networks (NNs) to estimate beamforming param-
eters or directly predict filter coefficients [9-11]. Some
architectures combine NNs with traditional spatial fil-
ters [12—-14], followed by post-filtering stages for further
enhancement [15, 16].

After separating sound sources using ASA-inspired
techniques, ANC is applied to suppress unwanted noise
and maintain an ambient acoustic environment around the
listener. Among various ANC algorithms, the Filtered-X
Least Mean Square (FXLMS) algorithm is favored for its
simplicity and real-time adaptability [17-19]. Most real-
time ANC systems use the FXLMS algorithm or its mod-
ifications [20-24] due to its proven effectiveness. In re-
cent years, many researchers and engineers have chosen
the Speedgoat platform to implement and test different
acoustic models. Speedgoat supports machine-in-the-loop
experiments, real-time simulation, and control validation
under dynamic conditions [25,26].

This work presents a real-time implementation of a
user-selective Active Sound Control (ASC) seat that in-
tegrates Auditory Scene Analysis (ASA) principles. An
NN-based spatial filtering system separates sound sources
captured via a microphone array. After sound separation,
a multi-channel FXLMS ANC system actively cancels un-
wanted noise around a selected user. The system is imple-
mented and tested on the Speedgoat platform to validate
performance under real-time conditions and ensure a tar-
geted acoustic response around the seat.

2. METHODOLOGY
2.1 Multi-channel Active Noise Control System

The proposed system is based on a generic multi-channel
Active Noise Control (ANC) framework consisting of
reference signals, J secondary sources, and K error sen-
sors. The adaptive filtering approach used in this system
follows the MultiChannel Filtered-X Least Mean Squares
(MFXLMS) algorithm [27], which is detailed as follows.

The adaptive filter output at the j-th secondary source
is expressed as:

(n)x;(n) . )

T
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The adaptive filter coefficient vector is given by:

T

wji(n) = [wjio(n), wjii(n),...,win-1(n)]" , (2)
where N is the number of filter coefficients.
The input tap vector is defined as:

x;(n) = [xi(n),x;(n—1),...,x;(n — N + 1)]T . 3

The update equation for the adaptive filter coefficients
is given by:

N

wji(n) = wii(n—1)+u Y _ ex(n)(Sk;(n)sxi(n)) . (4)

k=1

Here, S, j(n) represents the estimated secondary path be-
tween the kth error sensor and the jth secondary source.

For example, a 2x2 MFXLMS system block diagram
is shown in Figure 1. The proposed control system con-
sists of two main modules: an ASA Module and an ANC
Module. Both modules work together to create a per-
sonalized acoustic environment by suppressing unwanted
noise while preserving desirable sounds such as music,
alarms, and voice alerts.

The ANC module implements real-time noise cancel-
lation using the MFXLMS algorithm. It operates on a
sample-by-sample basis to minimize the error signal at the
error microphones, thereby ensuring an ambient acoustic
zone around the user.

2.2 Auditory Scene Analysis and Source Separation

The system must first isolate desired and undesired sound
sources to enable user-selective noise cancellation. This
separation is accomplished using a Filter-and-Sum Beam-
former (FASB) [28], which enhances signals originating
from a particular direction while suppressing others.

The FASB beamformer processes the signals captured
by an array of microphones as follows:

e The beamformer individually filters each micro-
phone signal.

» The filtered signals are then summed to generate
a reference signal representing the selected noise
source.

This reference signal is fed into the ANC system to cancel
user-specified noises selectively.
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Figure 1. A block diagram illustrating an example of ASA with multichannel ANC system.

2.3 Neural Network-Based Beamformer
Optimization

The beamformer filters are designed using an NN to op-
timize spatial filtering performance. The objective is to
extract a single target sound source while suppressing oth-
ers.

Consider an experimental setup with two independent
sound sources located at different positions. The signals
captured by the microphone array can be expressed as:

(&)

Trm[n] = Ing[n] * Py, + Ingn] * Proy, ,

where P,.;,,, represents the acoustic path between the i-th
source and the m-th microphone and In;[n] defines the
primary signals at time instant n.

The signals from all microphones are linearly com-
bined using a set of beamformer filters to extract the target
source:

M
x[n] = Z Trm[n] * hy, ©)
m=1
Here, h,, are the beamformer filter coefficients to be op-
timized.
The ideal objective is to recover only the target signal,
i.e.,

z[n] = Iny[n]. (7N
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However, direct inversion of the acoustic propagation
paths is highly complex. Instead, a relaxed objective is
defined as:

®)

This relaxed objective avoids the need for deconvolution
while still achieving effective separation.

A neural network model is used to optimize the beam-
forming filters. The NN takes as input the raw signals
from multiple microphones and processes them through a
set of 1D convolutional layers. The outputs of these filters
are summed to generate the beamformed signal.

The loss function used for training is the Mean
Squared Error (MSE) between the network’s output and
the desired reference signal:

z[n] = Inin] * Prim, .

T

The neural network learns optimal beamformer filter co-
efficients that maximize target source extraction by mini-
mizing this loss function.

2.4 Real-Time Implementation on Speedgoat

The system, including the ASA-based source separation
and MFXLMS-based ANC, is deployed in real time using
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the Speedgoat rapid control prototyping platform. Speed-
goat allows for hardware-in-the-loop testing and real-time
validation of the proposed algorithm under practical con-
ditions.

The real-time implementation involves:

» Estimating multi-microphone acoustic paths P.;,,
to perform the offline design of beamformers using
the trained neural network.

» Extracting the selected noise source using the de-
signed beamformers and feeding it into the ANC
system.

* Applying the MEXLMS algorithm to generate anti-
noise signals in real time.

» Continuously adapting the ANC system to chang-
ing acoustic conditions to ensure effective noise
suppression.

3. EXPERIMENTAL RESULTS

Primary
source 2

was regarded as an undesired signal. An array of six
microphones served as reference microphones (see Fig-
ure 2). The beamformers filtered the signals from these
microphones to create a reference signal that represented
the chosen noise source. In the control area, two sec-
ondary sources and two error microphones were employed
to achieve user-selective Active Sound Control (ASC) at
the car seat (see Figure 3).

The real-time experiments were conducted in three
stages to assess the performance of the proposed ASA sys-
tem, Only speech playing (Baseline Measurement): This
scenario establishes a reference for clean speech signals
without interference.

* Only speech playing (Baseline Measurement):
This scenario establishes a reference for clean
speech signals without interference.

* Speech and noise playing, ANC off: This repre-
sents a real-world noisy environment where the de-
sired speech signal is masked by background noise.

* Speech and noise playing, ANC on: The ANC sys-
tem is activated to suppress undesired noise while
preserving the speech signal.

Figure 2. An array of six reference microphones for
sound source separation.
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Figure 3. Control Area of the real time implementa-
tion.

This experiment utilized two primary sources to gen-
erate white noise and speech signals, where white noise

Figure 4. Power Spectral Density (PSD) of the signal
at the error position with the ANC system Off, On,
and with only a speech signal.

The measured signals from the error microphone in
these scenarios are visualized in Figure 4. The dashed
line represents when ANC is turned off, showing higher
power spectral density due to noise. The dotted line cor-
responds to the clean speech signal without noise as a
reference for ideal speech quality. The solid line repre-
sents the scenario with ANC enabled, illustrating the noise
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reduction. In the ANC off condition, the noise signif-
icantly raises the power spectral density across the fre-
quency spectrum, confirming that speech intelligibility is
negatively impacted. When ANC is activated, there is a
noticeable reduction in noise levels, as seen by the de-
crease in power spectral density (solid line curve com-
pared to dash line). This demonstrates that the ANC sys-
tem effectively reduces unwanted noise while preserving
the desired speech signal.

4. CONCLUSION

The experimental results confirm that the proposed Ac-
tive Sound Amplification (ASA) system significantly im-
proves the acoustic environment by reducing unwanted
noise while preserving desired sounds. The offline neu-
ral network processing used to obtain beamformer infor-
mation simplifies the ASA, making it less computation-
ally demanding for real-time implementation. This design
makes ASA a promising solution for applications that re-
quire personalized sound zones, such as in-vehicle com-
munication or selective noise control in shared spaces.
However, some residual noise is still present even when
active noise cancellation (ANC) is activated. This sug-
gests that while the ASA-based sound separation performs
well, further refinements in spatial filtering or active noise
cancellation could enhance its effectiveness.
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