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Abstract

Accurate angle of arrival (AoA) estimation is critical for virtual
and augmented reality applications, as it enhances auditory cues
and enables immersive sound-based interactions. However, tradi-
tional receiver beamforming methods for AoA estimation using
fixed microphone arrays struggle to achieve both high spatial reso-
lution and low ambiguity, especially across wide frequency ranges.
In this paper, we propose a novel receiver beamforming system
that employs a dynamically reconfigurable circular microphone
array with an adjustable radius, paired with a frequency-adaptive
ambiguity suppression algorithm. This flexible design allows our
system to maintain high spatial resolution, suppress ambiguity
lobes effectively, and deliver consistent accuracy across a wide fre-
quency range. Experimental evaluations demonstrate that our sys-
tem surpasses traditional approaches, delivering superior accuracy,
robustness, and adaptability in complex acoustic environments.

CCS Concepts

« Human-centered computing — Ubiquitous and mobile com-
puting.
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1 Introduction
Accurate acoustic angle of arrival (AoA) estimation plays a vital role
in enriching multimodal sensory input for virtual reality (VR) and
augmented reality (AR) applications. In immersive environments,
the ability to localize sound sources precisely enhances auditory
cues and interactivity [3, 9, 13, 23]. By improving the spatial res-
olution and reliability of acoustic input, advanced receiver beam-
forming bridges the gap between auditory and visual modalities,
enabling more precise and realistic VR/AR interactions.
Traditional AoA estimation systems typically use fixed micro-
phone arrays [5, 10] and beamforming algorithms, such as the MU-
SIC algorithm [21]. However, the primary challenge lies in achiev-
ing an optimal balance between spatial resolution and ambiguity. To
achieve a high spatial resolution, increasing the distance between
the microphones is necessary. However, an increase in separation
can result in the introduction of grating lobes, which are false peaks
in the spectrum that cause ambiguity in the estimated AoA [14]. In
the case of a fixed-frequency sound source, the distance between
the microphones is typically set to half the wavelength. This is-
sue becomes particularly problematic when the half-wavelength
condition cannot be satisfied, as the dimensions of the microphone
exceed half-wavelength. Moreover, fixed microphone configura-
tions lack the ability to adapt to varying wavelengths, resulting in
a reduction in resolution and an increase in ambiguity at specific
frequencies [11]. Consequently, there is an increasing requirement
for a more flexible and adaptable AoA estimation system that can
maintain high accuracy in a range of VR/AR scenarios.
Our approach: We present a novel acoustic AoA estimation system
that incorporates a dynamically adjustable circular microphone ar-
ray configuration and a proposed ambiguity suppression algorithm.
The system allows for dynamic control of the radius of the micro-
phone array, which enables the fusion of AoA measurements with
varying radius to achieve optimal spatial resolution while resolv-
ing the ambiguity of AoA measurements. Moreover, our approach
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Figure 1: High spatial resolution and low ambiguity wide-
band beamforming for VR/AR applications via adaptive mi-
crophone array and ambiguity suppression.

utilizes a proposed ambiguity suppression algorithm which can be
adapted to a variety of beamforming algorithms. In conclusion, our
system provides a precise AoA estimation of varying sound frequen-
cies, thereby significantly enhancing its applicability in complex
environments. Our main contributions are outlined below:

Elevation angle (°)

¢ Innovative Hardware Design: We propose an adjustable
circular microphone array system with dynamic radius con-
trol, distinguishing it from traditional fixed array systems.
This design provides enhanced spatial resolution and adapt-
ability across various sound frequencies, overcoming limi-
tations of fixed frequency arrays in terms of performance
consistency and applicability in diverse environments.
Ambiguity Suppression Algorithm: We introduce an am-
biguity suppression algorithm tailored to wideband signal
processing, which minimizes grating lobes and ambiguity by
integrating measurements from different microphone radii.
This approach ensures clearer angle estimation and robust
performance, even in complex acoustic environments.
Prototype and Comprehensive Performance Evalua-
tion: We developed a fully functional prototype of the pro-
posed system and conducted extensive experiments that
compare it with other array designs. The results demon-
strate superior spatial resolution, reduced ambiguity, and
overall precision, which confirms the effectiveness of the
system in multiple acoustic scenarios.

2 Related Work
2.1 Design of Microphone Array

Many studies have optimized the design of microphone arrays for
their application scenarios. [2], [26], and [28] use non-uniform ar-
ray design to decrease ambiguity level. [7] increase the number of
microphones and place them in different separations to improve
performance against different sound frequencies. [6] uses a meta-
surface to manipulate sound waves to achieve the desired spatial
properties. [25] places the microphone array on a mobile robot to in-
troduce additional degrees of freedom and achieve more consistent
performance across varying conditions and frequencies.

Our system enables the dynamic control of the microphone array
instead of a fixed microphone configuration to maintain consistent
performance over a wide frequency range.

A (A
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Figure 2: Architecture of our system.

Intersection

(a) Inner Layer Bracket  (b) Outer Layer Bracket (c) Adjust Radius

Figure 3: Brackets design.
2.2 Beamforming Algorithm

Receiver beamforming is a widely used method in sensing applica-
tions, particularly for estimating the AoA. Traditional beamforming
methods [12, 15, 20, 21, 29, 30] for AoA estimation predominantly
rely on array signal processing techniques. To improve the per-
formance of traditional methods, tapering techniques [12, 30] and
Taylor windowing [15] have been used to achieve a trade-off be-
tween main lobe width and ambiguity suppression. In recent years,
unlike traditional methods that rely on mathematical models and
assumptions about the environment, neural networks [1, 6, 18, 27]
can learn directly from data, making them adaptable to different
acoustic environments.

These algorithms estimate AoA based on differences in sound
signals from microphones at different locations. Therefore, these
algorithmic improvements do not conflict with our system. Our
system can be adapted to a variety of beamforming algorithms.

3 System Design

In this section, we propose our adjustable circular microphone
array system to achieve high spatial resolution, low ambiguity, and
wideband signal beamforming. Fig.2 illustrates the architecture.
Our system consists of three parts: 1) a moving system to adjust
the radius of the uniform circular microphone array; 2) a moving
control strategy to decide how to adjust the radius; and 3) a receiver
beamforming for spectrum generation and ambiguity suppression.

3.1

The moving system consists of two primary layers of circular brack-
ets. The inner layer is immovable and has straight guide slots, as
shown in Fig. 3(a). The outer layer can rotate around the center and
has arc-shaped guide slots, as shown in Fig. 3(b). The microphones
are confined simultaneously in the guide slots of the two layers of
brackets at the intersection of the slots, as shown in Fig. 3(c). The
guide slots on the outer layer bracket can be described as:

Moving System

(rmax - rmin)e

x = {rmin + 0 }cos 6 (1)
max — "'min 0 .
Y ={rmin + (Pinax = Tmin) }sin@ (2)
emax

where rp,i, and 1y, are the minimum and maximum radii of the
microphone array, and 6,4, is the maximum rotation angle.
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Figure 4: An example of applying the ambiguity suppression algorithm to combine spectrums. Ambiguity lobes are removed
from spectrums generated at different radii, leaving only the main lobe after this operation.

3.2 Moving Control

3.2.1 Frequency Selection. After recording the incoming sound,
short-time fourier transform (STFT) [8] is performed first to analyze
the frequency component of the sound sources. In this way, we
can decompose the received sound into the sum of the signals of
different frequency bands. Then, a bandpass filter is applied to
target specific signal components.

3.2.2 Radius Variation Strategy. To achieve high spatial resolution,
it is necessary to increase the radius between the microphones.
However, an increase in separation can result in the introduction
of grating lobes. We set the radius to the minimum first. Then
we gradually increase the radius and record the signals. After a
measurement, the radius returns to the minimum.

3.3 Signal Processing

3.3.1 Beamforming. After targeting specific signal components,
we use a beamforming algorithm to generate the spectrums. For
each selected frequency f, we can compute the MUSIC spectrum([21]
over a grid of possible angles (6, §) by

1
Pyusic (6, ¢) = af (6, $)U,UHa(6, )

where a(0, ¢) is the steering vector and U, is the noise subspace
matrix determined by received signals. The location of these peaks
in the (0, ¢) spectrum corresponds to the estimated AoA of the
sound source. Note that the AoA (0, ¢) only influences the propa-
gation path difference between the microphones, and the MUSIC
algorithm can be replaced by other beamforming algorithms.

©)

3.3.2  Ambiguity Suppression. To mitigate the effects of ambigu-
ity lobes, we propose an ambiguity suppression algorithm that
combines the spectrums obtained from different radii. Given the
spectrum P;(6, ¢) obtained from the i-th configuration of radius r;,
the combined spectrum Peompined (6, ¢) is defined as:

Peombined (6, $) = Z wiP;(0, ) )

where w; is the weight of the i-th spectrum estimation P;(6, ¢),
indicating the confidence in that estimation. Inspired by maximum
ratio combining (MRC) in wireless communication [22, 24], we set
w; as the inverse of the estimation variance:

_ P i (0’ ¢)
Wi =S (5)
2;(P;i(6,9))

As shown in Fig. 4, the ambiguity suppression algorithm effec-
tively cancels out grating lobes, which shift with changes in r; while
the main lobe remains fixed. Additionally, some noise-induced am-
biguity lobes are also weakened, as their random positions vary
across multiple measurements, reducing their impact in the com-
bined spectrum.
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(a) Hardware Implementation

Figure 5: System prototype.
4 Implementation & Evaluation
4.1 Implementation

(b) Compatible with VR Headset

As shown in Fig.5(a), our system’s hardware consists of three main
parts: an 8-channel microphone array, circular brackets, and a ro-
tator. All of these parts are connected to a laptop with an Intel I7
processor and 16 GB of memory. The control and processing are
performed using MATLAB [16]. As shown in Fig.5(b), our system
is compatible with a VR headset.

4.1.1  Microphone Array. We use a USB ASIO 8 channel sound card
with a sampling rate of 192kHz to record the sound signal from the
microphones. The microphone (MAX4466 [17]) is a condenser elec-
tret microphone module with an integrated operational amplifier.
The microphones can move along the guide slots on the brackets.
4.1.2  Circular Brackets. The circular brackets are constructed from
3D-printed support bases and laser-cut acrylic skeletons. To en-
hance the reliability of the structure, the system employs two sets
of brackets. The inner layer brackets are fixed to the support bases.
The outer layer brackets are connected to the rotator at the bottom.

4.1.3 Rotator. The rotator is a DS3235 motor servo [4] controlled
by an Arduino mainboard. The Arduino mainboard controls the
motor to rotate at a specified angle by sending pulse width modula-
tion signals. In one measurement, the total time required to adjust
the radius from 2cm to 5cm is less than 0.8s.

4.2 Evaluational Setup

In the experiment, we place our system on the floor of a 7mX7mx3m
indoor room. Ambient noises include a constantly working air
conditioner, people talking and footsteps, and some animals outside.
We place a commercial speaker 2 meters away to play the sound.
The SNR of the received acoustic signal remains consistent across
all experiments by adjusting the speaker volume.

In order to evaluate our system, we design the following main
evaluation indicators: (1) ME: Mean Error between the estimated
AoA and the ground truth. ME is defined as the mean of the square
root of the azimuth and elevation estimation errors. (2) NMP [14]:
The Normalized Maximum ambiguity Peak, defined as the ratio
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Figure 6: Preliminary performance evaluation of our system
across varying azimuth and elevation angles.
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Figure 7: Comparison of AoA performance with other 2D
array designs (Circular, Spiral).

of the highest ambiguity peak magnitude to the main lobe peak
magnitude. A low NMP value indicates minimal ambiguity. (3)
HPBW [19]: The Half-Power BeamWidth of the main lobe. HPBW
is defined as the solid angle corresponding to the region where the
magnitude exceeds half-power. A low HPBW indicates a narrow
main lobe and high spatial resolution.

4.3 Performance

4.3.1 Initial Performance Assessment. To understand the basic per-
formance of the proposed system, we set the sound source fre-
quency to 15kHz and varied the azimuth and elevation angles in
15° increments for each test. As illustrated in Fig. 6, our system
achieved an AoA estimation error below 1.9°, a NMP value under
0.35, and an HPBW below 0.016. These results demonstrate that our
prototype successfully achieves high spatial resolution and effective
ambiguity suppression across a range of angles.

4.3.2  Comparison to Existing Array Designs. To demonstrate the
advantages of our system, we compared it against two established
array designs at four different frequencies (5kHz, 10kHz, 15kHz,
and 20kHz). The first design is a uniform Circular array with a
4cm radius. The effectiveness of a reconfigurable design can be
demonstrated in comparison. The second design is a Spiral array
with radii increasing from 2cm to 5.5cm. This non-uniform design
is often studied for its ability to suppress ambiguity and improve
spatial resolution over a wide frequency range. All arrays used 8
microphones. As shown in Fig. 7, our system achieved estimation
errors that were 34.2% and 53.8% lower than those of the Circular
and Spiral arrays, respectively. Similarly, NMP values in our system
were reduced by 42.9% and 48.7% relative to the Circular and Spiral
designs. Our system’s HPBW was also narrower by 49.6% and 54.8%
compared to these arrays. The results suggest that our system
consistently achieved the lowest AoA estimation error, minimal
ambiguity, and narrowest main lobes across all test frequencies.

4.4 Case Study

To evaluate the performance of our system in complex environ-
ments, we simulated an industrial maintenance scenario. In this
setup, three machines make sounds in the factory: a cutting ma-
chine A generates continuous operational noise centered around
7kHz, a packaging machine B sounds an alarm at 4kHz due to a mal-
function, and a compressor machine C exhibits a high-frequency
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Figure 8: A simulated remote industrial maintenance sce-
nario: A) 7kHz Cutting machine, B) 4kHz Urgent alarm, C)
18kHz Gas leakage, and D-I) Other quiet machines.

gas leakage at 18kHz. The microphone array collects sound sig-
nals, and the camera on the VR headset captures images. After
calculation, a real-time spatialized sound map is generated and
displayed on the engineer’s VR headset. As shown in Fig. 8, the
fixed array cannot effectively remove the ambiguity peaks from the
high-frequency sound spectrum. This results in machine D being
misjudged as gas leakage. The fixed array also has a relatively low
spatial resolution for low-frequency sounds, with a large main lobe
width that covers machines B and G. This will cause engineers to
mistakenly believe that the quiet machine G is also sounding an
alarm. Meanwhile, our system achieves fewer misjudgments due to
higher spatial resolution and lower ambiguity.

5 Applications

This novel acoustic AoA estimation system has significant potential
for use in various VR/AR applications.

Virtual Meeting: Our system has a higher spatial resolution, en-
abling it to more accurately determine the direction of each par-
ticipant’s voice. This enables spatial audio rendering that mimics
real-world conversations.

Visual Assistance for the Hearing Impaired: This system can
provide more accurate real-time visual prompts for users with
hearing impairments because it can effectively eliminate ambiguity.
Industrial Inspection: In AR-assisted industrial settings, this sys-
tem can identify the source of abnormal sounds, such as leaks,
vibrations, and mechanical faults. Factory sound frequency ranges
are very wide, and our system can adapt to wideband signals.

6 Conclusion & Future work

This paper presents a novel receiver beamforming system that lever-
ages a dynamically adjustable microphone array to improve spatial
resolution and suppress ambiguity across a wide frequency range.
By integrating adjustable radius with a novel ambiguity suppression
algorithm, our system achieves consistent accuracy, outperforming
traditional AoA estimation methods. Comprehensive evaluations
demonstrate that our approach effectively addresses the limitations
of fixed-array designs, providing enhanced robustness, adaptability,
and precision in complex acoustic environments. These advance-
ments make our system well-suited for VR/AR applications.

Future work will focus on miniaturizing the system for integra-
tion with VR/AR devices or for use as a portable peripheral. VR/AR
interactions often involve the movement of either the human body
or the devices themselves. Researchers can explore the potential
of sensors that collect additional information during movement to
enable more precise perception.
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