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Featured Application: Development of immersive infotainment and ANC systems in
the automotive industry with Ambisonics audio.

Abstract: Growing interest in microphone array technology has been observed in the
automotive industry and in this work, specifically, for Active Noise Control (ANC) systems.
However, the human presence always limits the usage of microphone arrays in driving
conditions at the driver’s seat. This is often the most important position of the car cabin;
a wearable microphone array is particularly interesting. In this paper, a wearable helmet
microphone array is presented featuring 32 microphones arranged over the surface of
a helmet, which also integrates a specially designed Analog-to-Digital (A /D) converter,
delivering digital signals over the Automotive Audio Bus (A%B). Digital signals are collected
using a control unit located in the passenger compartment. The control unit can either
deliver digital signals to a personal computer or analog signals to an external acquisition
system, by means of Digital-to-Analog (D/A) converters. A prototype was built and
acoustically characterized to calculate the beamforming filter matrix required to convert
the recordings (pressure signals) into Ambisonics signals (a spatial audio format). The
proposed solution was compared to the reference spherical microphone array of the last
decade, demonstrating better performance in sound source localization at low frequencies,
where ANC systems are mostly effective.

Keywords: active noise control (ANC); Ambisonics; Automotive Audio Bus (A%B);
beamforming; immersive audio; microphone array; spatial audio; wearable helmet

1. Introduction

Microphone arrays are more and more employed for several purposes, such as elec-
tronic devices (e.g., dereverberation, speech enhancement and recognition), industries
(e.g., machine condition monitoring), and even civil applications (e.g., structural health
monitoring). Among these applications, the automotive industry particularly benefited
from this technology, which is now used in a variety of problems. In [1], a uniform circular
microphone array featuring seven capsules (of which one in the center) was employed to
localize the speaker in autonomous shared vehicles. In [2,3], a spherical array with 32 cap-
sules was used to auralize the car sound system of a large sedan. The same array was also
employed in [4] to spatially evaluate the sound quality inside a car cabin, while in [5] the
authors did a similar work with the Bruel and Kjaer WA-1565, a rigid spherical microphone
array of 195 mm diameter, equipped with 36 capsules and 12 cameras. In [6], a uniform
planar Micro electro-mechanical system (MEMS) array featuring 150 capsules was used to
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detect pedestrians in an autonomous emergency braking system. Finally, K. Vasudev et al.
attempted to enhance hands-free communication by integrating a microphone array into
the seat belt [7]. The usage of microphone arrays for hands-free communication inside cars
is widely studied and offers a large volume of the literature, among which three relevant
references worth to be cited are [8-10].

Active Noise Control (ANC) is another field where microphone arrays find relevant
practical applications in the automotive industry. In [11], linear and circular arrays with 4,
8, 16, or 32 capsules were employed to enhance noise cancelling inside a car cabin by means
of the virtual sensing technique. A comprehensive review of virtual sensing algorithms for
ANC can be found in [12]. In [13], a head-shaped array with 32 capsules and 8 cameras
was used to spatially assess the effectiveness of an ANC system installed in a segment-D
car. In [14], two linear arrays of 6 microphones were each used to enhance the performance
of an ANC system by means of the noise source separation technique. From the previous
examples, it is evident that geometry plays a crucial role when designing a microphone
array. In fact, it determines the portion of space where the system exhibits optimal accuracy,
such as a line, a plane, a half-space, or the full sphere. As a result, microphone arrays
with a variety of shapes were observed. In [15], S. J. Patel et al. discussed the optimal
design for linear arrays, while in [16] X. Wang et al. did the same for planar arrays and
in [17]]. Trevino et al. for the cylindrical ones. Nevertheless, most of the microphone arrays
are spherical, namely the spherical microphone array (SMA), constituted by a rigid shell;
however, in some applications, open frame SMA are also employed. An in-depth analysis
of the design of open frame SMA is discussed in [18,19], while four of the most relevant
papers discussing design, analysis, and processing of rigid SMA are [20-23].

The dimension of the array is another key factor for the design, since the larger the
array, the lower the minimum frequency where beamforming is effective [24]. Therefore,
large arrays, either real or virtual [25], are required to localize noise sources at low frequency.
This is particularly important when dealing with ANC systems for cars, which are mostly
effective at very low frequencies, e.g., 50 Hz—400 Hz for road noise as referred in [26] and
up to 1 kHz for tonal applications such as engine noise order cancelling, as referred in [27].

Another fundamental feature for microphone array design is the number of capsules,
as the closer the microphones, the higher the maximum beamforming frequency, as demon-
strated in [28] by B. Rafaely. Consequently, a trend toward the continuous appearance on
the market of systems with an ever-increasing number of capsules was observed. The first
microphone array was launched in 1978 by K. Farrar with the name “Soundfield” [29,30]. It
featured four capsules positioned in the vertices of a tetrahedron; several other microphone
arrays featuring four capsules have come to the market in the following decades, the last
of them being the Saramonic Sr-VR in 2024. In 2009, Eingemike32 (also employed in this
work) was launched by G. Elko [31], i.e., a SMA featuring 32 capsules; in 2017, the Octomic
by Core Sound, featuring 8 capsules and the Zylia, another SMA featuring 19 MEMS cap-
sules, were launched; and finally in 2023, the new Eingemike64, featuring 64 capsules was
launched. In 2015, a prototype featuring 252 capsules was presented by Sakamoto et al. [32],
while in 2021, Carsten et al. showed a portable array with 512 MEMS microphones [33].

The layout of the capsules over the surface of the array is at least as important. A
heuristic approach was used for planar arrays in [34], while several mathematical ap-
proaches were developed for SMA, with the aim of optimizing the spatial sampling over
the sphere, as well treated in [35]. In the case of equiangular sampling, the number N of
required microphones is given by (1), while in the case of nearly uniform sampling, it is
given by (2)

N =4(0+1)2 (1)

N =1/2(0+1)* )



Appl. Sci. 2025, 15, 3202

30f17

where O is the Ambisonics order. The Ambisonics theory, consisting of a Spherical Har-
monics (SHs) expansion of the sound field at the recording point, was first presented by
M. Gerzon in 1975 [36,37] and nowadays is widely employed for delivering spatial audio.
More on the SH can be found in [38], while an exhaustive discussion of SH decomposition
with SMA can be found in [39]. In the case of nearly uniform sampling, a mathematical
approach called Spherical Design is commonly employed to optimize the distribution of
the capsules over the surface of a rigid SMA. A spherical design is a finite set of N points
on the d-dimensional unit sphere S; such that the average value of any polynomial f of
degree t or less equals the average value of f on the whole sphere [40—42]. Such a set is often
also called the Spherical T-design. In [43,44], many spherical designs and their properties
are presented. Other interesting distributions of points are based on regular polyhedrons,
such as tetrahedron, dodecahedron, and icosahedron, with N = 4, 12, and 20, respectively.
Eigenmike32, widely recognized as the reference system of the last decade and employed
as a comparative target also in the presented work, features 32 capsules arranged in a
truncated icosahedron over a rigid sphere of 84 mm diameter.

When selecting the type of capsule, the choice is between analog and digital transduc-
ers. Analog transducers can provide high-quality audio signals, but they come with some
drawbacks, such as cumbersome wiring and susceptibility to noise interference, especially
when long cables are used to connect the capsules to the Analog-to-Digital (A /D) con-
verters. Affordable digital MEMS microphones are less affected by electrical interference,
though this often comes at the expense of lower acoustic performance, such as reduced
dynamic range and signal-to-noise ratio. A review of MEMS microphones can be found
in [45].

In this work, a wearable microphone array is presented for the development and
performance assessment of ANC systems installed on vehicles. The array solves a common
limitation encountered in measuring automotive ANC systems with microphone arrays:
the presence of the driver in the front left seat during road tests. The array was built by
using a normal rigid helmet as a frame. The dimension of the helmet, which is larger than
the microphone arrays currently available on the market, allows for shifting the frequency
range of beamforming toward low frequencies, where ANC systems are mostly effective.
With the shape of the helmet being almost spherical, the nearly uniform sampling theory
was applied to optimize the distribution of the capsules over the surface of the array. A
Spherical Design of degree t = 7 with N = 32 points was employed. The proposed solution
features electret capsules connected to a miniaturized A /D converter incorporated in the
helmet. The A/D converter also integrates an A?B transceiver (see Section 2.3), allowing it
to deliver digital signals over an Ethernet cable, thus ensuring immunity to electromagnetic
disturbances, which are always present in a car cabin.

The proposed solution is flexible and can be used in many scenarios, such as internal
combustion engines or electric vehicles, different road conditions (smooth, rough, very
rough asphalt, with/without bumps are common tests performed by car makers), and
speed. The only limitation is encountered with cabriolet and spider cars due to the aero-
dynamic noise and the unavailability of a windshield for the array helmet. If equipped
with internal loudspeakers, the array helmet would find another interesting application in
motor sport for the communication between the pilot and the co-pilot in rally competitions.
Thanks to the beamforming capability, the array helmet can focus on the speaker voice,
rejecting the noise and enhancing the intelligibility of the instructions provided by the
co-pilot. This application is known as Audio Augmented Reality (AAR) or augmented
listening. Despite no previous works being found in motor sports applications, in [46],
several wearable microphone arrays, both rigid and flexible, were built and tested for AAR.
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The paper is arranged as follows: Section 2 describes the development of the helmet
(Section 2.1), the acoustic characterization (Section 2.2), and the architecture of the elec-
tronics (Section 2.3); Section 3 illustrates the main findings obtained within this work; in
Section 4 the results are discussed; and finally, Section 5 summarizes the conclusions, the
limitations, and possible future developments.

2. Materials and Methods
2.1. Array Helmet Design

The first step of the development consisted of the choice of the helmet. It must be
as spherical as possible, with a smooth surface without holes, grids, vents, knobs, and
protruding parts to avoid any practical limitation for capsule mounting. This led to the
choice of the model X3000 by the Italian manufacturer AGV (Vicenza, Italy).

The microphonic capsule chosen to build the array is AOM-5024L-HD-R from PUI
Audio (Fairborn, OH, USA), whose technical specifications are reported in Table 1. It has a
very low self-noise of just 14 dB(A) and more than 90 dB(A) of dynamic range. In Figure 1
(provided by the manufacturer), one can note that the frequency response is almost flat in
the interested frequency range, which is 20 Hz-1 kHz.

Table 1. Microphonic capsule specification (AOM-5024L-HD-R).

Characteristic Value
Diameter 9.7 mm
Height 5 mm
Type Analogue, electret
Directivity Omnidirectional
Freq. range 20 Hz-10 kHz
Self-noise 14 dB (A)
Max SPL 110 dB
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Figure 1. Frequency response of the PUI Audio AOM-5024L-HD-R capsule.

A 3D model of the helmet was acquired with the laser scanning technique by employ-
ing a Shining 3D EinScan H2. The result was stored as a stereolithography file, namely stl
(also referred to as standard triangle language or standard tessellation language). In this
way, it was possible to easily import and manipulate the geometry in MATLAB (R2024b). To
define the optimal distribution of the capsules, the nearly uniform sampling was adopted.
First, the geometrical center of the model was calculated, then 32 straight lines were propa-
gated from the center in the same directions of a spherical design of degree t =7, with N
= 32 points. This configuration, as well as many others up to t = 21 and N = 240, can be
found in [47]. The bundle of lines was rotated to minimize the intersections with the areas
where it was not possible to mount any capsules, namely the visor and the hole for the
neck. The minimum number of unallowed points was six: two on the visor and four on
the neck. These points were manually repositioned. Finally, 10 mm diameters holes were
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drilled by using a computer numerical control (CNC) machine and the capsules were fixed
in positions by using a special adhesive modeling paste.

2.2. Acoustics Characterization of the Array Helmet

Once assembled, the helmet was characterized in the acoustics laboratory at the
University of Parma, Parma (Italy), with the dimensions 5 x 3 x 8 m (W x H x L).
The measurement procedure made use of a two-axis turntable and a loudspeaker (studio
monitor type 8351a, by Genelec, lisalmi, Finland) in a fixed position (Figure 2). Since the
helmet must be used in a small environment, the measurement was performed at a very
short distance, 4 = 0.5 m, to consider the near-field effect provided by the curvature of
the sound waves. In fact, the commonly employed analytical beamformers rely on the
plane wave hypothesis, which is only true in a far field condition, as demonstrated in [48].
This assumption is not true inside a car cockpit, due to its limited size compared to the
wavelengths interested in an ANC system. The near-field beamforming [49,50] allows us
to overcome the far field limitation of analytical beamformers. The test signal employed for
the measurement was an Exponential Sine Sweep (ESS) [51], pre-equalized for flatting the
spectrum and to reduce the time domain impulse response (IR).

Figure 2. Side view of the array helmet after assembling the capsules (left). A view of the array
helmet mounted on the two-axis turntable while performing the acoustic characterization (right).

Since the loudspeaker was positioned in the center of the laboratory, the time of arrival
t; of the first reflections (floor and ceilings) can be easily calculated as

VH? +d?
h=—"— ®)

where H = 3 m is the height of the room, d = 0.5 m is the distance between the microphone
array and the loudspeaker, and ¢ = 343 m/s is the sound celerity in air at 20 °C. Note that
the numerator of (3) is the total travel path of the first reflections, which is about 3.04 m,
and hence #; = 8.9 ms or 427 samples at the standard audio sampling frequency f; = 48 kHz.
As can be seen in Figure 3, the effective number of samples between the direct sound (first
peak of the IR, occurring after 70 samples) and the first reflections (second peak of the IR,
occurring after 491 samples) corresponds almost exactly to the analytically calculated time
of flight. Therefore, the entire direct sound can be isolated before the first reflections occur,
and this technique is referred as a “pseudo-anechoic chamber” [52]. It can also be seen
that the delay of the first peak in samples, s;, perfectly matches the source-microphone

distance, as follows:
d

Sd - f'c
S

withd = 0.5 m, f; = 48 kHz, and ¢ = 343 m/s, it results in s; = 70 samples, as expected.

)
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Figure 3. Pre-equalized loudspeaker IR.

In Figure 4, the spectrum of the IR direct sound is shown in the frequency range of
interest, that is 20 Hz-1 kHz. Taking the lowest IR level in this range as an acceptance
threshold, i.e., 85.6 dB, we can assess that the measurement can be used above 40 Hz (black
dot in Figure 4). However, this can be further improved by measuring the array in a true
anechoic chamber, where the IR can be kept longer thanks to the absence of reflections.
In that case, without the pre-equalization filter, the lower limit would be given by the
frequency response of the loudspeaker (32 Hz according to manufacturer’s datasheet).

100 S

80 1

SPL [dB]
3

40+ |

2 O | H
20 102 10°
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Figure 4. Spectrum of the direct sound of the pre-equalized IR.

At each repetition of the measurement, the helmet is automatically rotated by the
turntable in a specific direction, and the test signal is recorded by the N capsules of the array.
This procedure also addresses the problem of spatial sampling of a sphere, since the choice
of the measurement directions has a strong impact on the quality of the beamforming filters.
This problem was already treated by one of the same authors in [53], where it is shown that
a nearly uniform sampling is again a wise choice. A set of D = 240 directions was used to
characterize the acoustic response of the array helmet, corresponding to a spherical design
of degree t = 21.

The measurement procedure provides the matrix C of Equation (5), which consists
of the regularized Kirkeby inversion [54], a linear processing employed to compute a
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beamforming matrix of Finite Impulse Response (FIR) filters. In the frequency domain, it is
defined as
H=[C"C+p1 " [c* .A-e*f”k} ®)

where C is the frequency response of the array for the N capsules, D directions, and K
frequencies, " is the Hermitian transpose, - is the scalar product, f is a parameter that
varies with frequency for regularized inversion [55], I is the identity matrix, ~1is the
pseudo-inverse, e /7 introduces a delay to guarantee the causality of the filters, and k is the
frequency. Matrix A represents the desired directivity patterns of the virtual microphones
encoded by the beamformer. It does not depend on the frequency and must be defined by
the user for each measured direction of the matrix C and for all the N capsules. In our case,
A must define the first 16 Spherical Harmonics (SHs) employed by the Ambisonics format
at order 3. The 3D polar patterns of these SH are shown in Figure 5, while (6) provides the

relation between Ambisonics order O and the number V of SH, as follows:

V=(0+1) (6)

3 LRP
w%% L ¥ Ran

Figure 5. Ideal 3D directivity of the first v = 16 Spherical Harmonics (Ambisonics 3rd order).

The virtual microphones, i.e., SH, are then obtained by means of convolution, which is
the multiplication in frequency domain, as follows:

A =CH )

Note that only in the ideal case of perfect reconstruction of the SH will A’ = A result at
all frequencies, while in the real case, A’ will always approximate A.

2.3. Electronics Design

The system, whose scheme is depicted in Figure 6, is composed of a helmet and a
digital-to-analog (D/A) box. The helmet houses microphones and the electronic board
to collect the signals, while the D/ A box is connected either to a personal computer (PC)
or an external acquisition system. When a PC is employed, the entire system (after A/D
conversion) is full-digital, while a double A/D and D/ A conversion is introduced when
an external recording system is employed. However, this solution guarantees a robust
signal-to-noise (S/N) ratio even inside a car cockpit, which is always electrically noisy.
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Figure 6. Block scheme of entire system: A /D board installed inside the helmet (left), D/A box (right).

The system was designed to use the A?B bus by Analog Devices [56], which can handle
up to 32 channels on a single Unshielded Twisted Pair (UTP), up to 15 m distance. An
A?B network consists of a main node and up to 10 subordinate nodes arranged in daisy-
chain. Dedicated transceivers handle bus access and data flow, eliminating the need for
extra devices that would increase the cost and complexity of the system. An A2B network
provides a bandwidth of 50 Mbit/s, enabling the transmission of up to 32 channels at the
standard sample rate of 48 kHz with 16-, 24-, or 32-bits resolutions. This digital bus is
particularly suitable for transmitting audio signals in both microphone arrays [57] and
loudspeaker arrays [58], since it guarantees a deterministic latency of just two samples at
48 kHz and the synchronization between all the channels [59].

The electronic board installed in the helmet is provided with eight 4-channels, 16 bits,
audio A/D converters, and type TLV320ADC6140 by Burr-Brown, and it also integrates
the A?B transceiver to acquire and deliver the data via A?B bus. The A/D converters
(specification are reported in Table 2) are connected to the transceiver via two Time-Division
Multiplexing (TDM) 4 digital lines (TDMO0 and TDM1). The signals are transferred from the
helmet to the D/A box unit over an Ethernet cable that also carries the 5 Vdc power supply
for the board installed inside the helmet. The ethernet cable was chosen as the physical
layer of the A%B bus, being cheap and common, with robust connectors that are easy to
insert and remove. Note that a standard Ethernet cable includes four UTP cables, of which
one is used for the AZB bus and one for the power supply.

The D/ A box receives the digital signals from the A?B bus and transmits them to
a PC via Universal Serial Bus (USB) or to an external acquisition system, after the D/A
conversion. This feature is of particular interest for Noise, Vibration, and Harshness (NVH)
applications since standard automotive equipment, like the SCADA by Siemens, are usually
required by car makers. In addition, when such systems are employed, additional sensors
like accelerometers or microphones can be recorded synchronously with the helmet array;,
e.g., opening to the implementation of more advanced ANC algorithms. The D/A box is
made of two boards: an A?B main board and an A%B subordinate board. The A?B main
board generates the A?B network and provides the clock to the A?B subordinate board and
the USB connection to deliver digital data to a PC. The A%B subordinate board features two
16-channels, 16 bits, D/A converters, type ADAU1966 by Analog Devices (specifications
are resumed in Table 2), and it is provided with 32 BNC connectors to connect to external
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acquisition systems. In addition, the D/A box produces all the supply voltages for the
system, starting from the 12 V on-board battery of the vehicle. To isolate the system from
disturbances of the vehicle’s electrical system, usually noise, all the regulators are designed
to ensure full galvanic insulation.

Table 2. A/D (TLV320ADC6140) and D/A (ADAU1966) converter specification.

A/D Characteristics Value
Number and type of input channels 4-channels, analog
Dynamic range 123 dB
Total harmonic distortion + noise (THD + N) —98 dB
Input voltage range 2 Vrms
Sample rate 8 to 768 kHz
Power consumption 9.2 mW/ch @48 kHz
Audio serial data interface TDM or I2S
D/A Characteristics Value
Number of output channels 16-channels, single ended
Resolution 24 bits
Dynamic range 110 dB (A)
Total harmonic distortion + noise (THD + N) —97 dB
Sample rate 32to 192 kHz

3. Results

At first, the beamforming capability of the proposed array helmet was compared to the
Eigenmike32. The comparison was made by using a well-established metric for microphone
array assessment [60], which consists of evaluating the deviation of the directivity A’ with
respect to the ideal directivity defined by A. This can be performed by relying on two
parameters, the Spatial Correlation (SC), which sets the limit of the beamforming at high
frequency and is the defined in (8), and the Level Difference (LD), which sets the limit of
the beamforming at low frequency and is defined in (9) as follows:

NT
5C — La(A) A ®)
&((NFA%%MA)
Ly Ay ©)

ID==-Y "
D?A%NY

The parameters are calculated for each frequency, each direction, and each virtual
microphone; then, the D directions are summed, while the virtual microphones are averaged
among those belonging to the same Ambisonics order. Hence, from 1 to 4 in the first order,
from 5 to 9 in the second order, and from 10 to 16 in the third order. In the ideal case of
perfect reconstruction of the SH, it will be SC =1 and LD = 0 dB. However, a certain amount
of deviation is always present in the real case; hence, the upper and lower frequency limits
of the beamforming are usually defined by considering two thresholds: SC > 0.9 and
LD > —1 dB. The results are shown in Figure 7 for Eigenmike32 and in Figure 8 for the
array helmet.
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Figure 8. SC (left) and LD (right) calculated for the array helmet.

Then, a localization test was performed in the acoustic laboratory at the University of
Parma, Parma (Italy), using the sound color mapping technique [61,62]. The array helmet
was mounted on a microphone stand, in front of the Genelec studio monitor 8351a playing
pink noise. A 30 s signal was recorded and converted into Ambisonics third order. Then,
the array helmet was replaced with a dual lenses camera to take a 360° picture of the
environment, which is used as the background of the sound color maps. The analysis
was performed in the octave bands centered at 31.5 Hz, 63 Hz, 125 Hz, 250 Hz, 500 Hz,
and 1 kHz. The quantity being mapped is the Sound Pressure Level (SPL), calculated
with a resolution of 1 degree. The pseudo-color maps are generated through graphical
interpolation, with a color scale that goes from blue (lowest SPL value) to red (highest SPL
value). The results are shown in Figure 9.

31.5Hz

//
LT 2l

T LS

Figure 9. Cont.



Appl. Sci. 2025, 15, 3202 11 0f 17

125 Hz

90

45

-45

-90 '
-180 -135 -90 -45 0 45 90 135 180 -180 -135 -90 -45 0 45 90 135 180

Figure 9. Sound color map analysis of a pink noise source located in (0°; 0°) at various octave bands.

4. Discussion

The SC and LD charts of Figures 7 and 8 can be used to precisely define the frequency
limits of beamforming at each Ambisonics order. This is obtained by applying the previ-
ously stated thresholds, SC > 0.9 and LD > —1 dB. Each of them intersects the chart for each
Ambisonics order in two points, thus identifying a low and a high acceptable frequency.
These results are shown in Table 3, where it can be seen that the LD is always more restric-
tive at low frequency, while the SC is at high frequency. Therefore, the frequency limits
provided by the two metrics must be combined, taking the most restrictive condition at
low and at high frequency for each Ambisonics order (Table 4).

Table 3. Acceptable low and high frequency limits at various Ambisonics orders for SC and LD metrics.

Eigenmike32 Array Helmet
SC LD SC LD
Ambisonics Low Freq. High Freq. Low Freq. High Freq. Low Freq. High Freq. Low Freq. High Freq.
Order [Hz] [Hz] [Hz] [Hz] [Hz] [Hz] [Hz] [Hz]
1 - 10,000 45 10,100 - 1050 - 1100
2 100 9000 170 9100 35 1050 40 1100
3 380 7950 700 8050 120 1050 220 1100

The maximum beamforming frequency for the array helmet is 1 kHz at all orders.
Despite being lower than the Eigenmike32 (10 kHz at 1st order, 9 kHz at 2nd and 8 kHz
at 3rd), it is still acceptable for ANC applications. As referred to in [28] by R. Boaz, the
maximum theoretical beamforming frequency, fuqx, can be calculated as

c

fm/zx =

(10)

N~

dmin
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where ¢ = 343 m/s is the celerity of the sound wave and d,,;,, is the minimum distance
between the capsules of the array. The results shown in Table 5 are obtained by replacing
the value of d,,;,, in (10) for the Eigenmike32 and for the array helmet.

Table 4. Combined frequency limits at various Ambisonics orders.

Eigenmike32 Array Helmet
Ambisonics Min. Freq. Max. Freq. Min. Freq. Max. Freq.
Order [Hz] [Hz] [Hz] [Hz]
1 45 10,000 20 % 1050
2 170 9000 40 1050
3 700 7950 220 1050

* Theoretical value. The current practical limit is 40 Hz due to the pseudo-anechoic measurement; further
improvement can be made with a true anechoic measurement.

Table 5. Theoretical maximum beamforming frequencies for Eigenmkie32 and the array helmet.

d,in [mm] Theoretical fy,4x [kHz]
Eigenmike32 17 10
Array helmet 170 1

The main advantage offered by the proposed solution consists of a significant shift in
the beamforming capability toward low frequencies, as follows:

e  First order Ambisonics at 20 Hz (array helmet) instead of 45 Hz (Eingemike32);
e  Second order Ambisonics at 40 Hz (array helmet) instead of 170 Hz (Eingemike32);
e  Third order Ambisonics at 220 Hz (array helmet) instead of 700 Hz (Eingemike32).

Usually, the comparison between microphone arrays is also performed in terms of
octave bands. As can be seen in Table 6, the array helmet allowed gaining one Ambisonics
order at the octave bands from one to five. The two solutions have the same performance at
the sixth octave band (centered at 1 kHz), while only the Eigenmike32 operates at the octave
bands centered at 2, 4, and 8 kHz. A particularly useful improvement for ANC applications
is obtained at the first octave band (centered at 31.5 Hz), at which the Eigenmike32 does
not provide any beamforming, while the array helmet offers a first order localization.

Table 6. Ambisonics orders at different octave bands.

Octave Bands Center Highest Available Ambisonics Order
Frequency [Hz] Eigenmike32 Array Helmet

31.5
63
125
250
500
1000
2000
4000
8000
16,000 -

W WWWNN P~

The second laboratory experiment, related to the localization of a noise source through
sound color mapping, is now analyzed. The acoustic center of noise source was positioned
coincident with the optical center of the panoramic camera. Therefore, in polar coordinates
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(azimuth, a, and elevation, ¢) the acoustic center is in a = 0° ;e = 0°. Table 7 shows the
estimated position of the direction of arrival (DoA) of the direct sound, in polar coordinates.
The DoA of the direct sound was estimated in correspondence of the maximum SPL, which
is the center of the red spots in the color maps of Figure 9.

Table 7. Polar coordinates of the DoA of the direct sound at different octave bands for the array
helmet.

Estimated DoA of Direct Sound Located at (0°; 0°)
Azimuth [°]

Octave Bands Center
Frequency [Hz]

Elevation [°]

31.5 0 1
63 -2 3
125 3 4
250 -1 1
500 1 -1
1000 0 -1

As can be seen, an average absolute error of 1.2° is made along the azimuth and 1.8°
along the elevation. The array helmet correctly localized the sound source (Genelec studio
monitor) even at the first octave band, where only the first order Ambisonics is available.
At 125 Hz, when the second order Ambisonics becomes available, some reflections can also
be seen, e.g., the door (135°; 0°) and the desk (—100°; —30°). Above 250 Hz, the third order
Ambisonics provides its own contribution too, and the spot on the noise source becomes
narrower as the frequency increases.

5. Conclusions

A wearable helmet microphone array featuring 32 electret capsules has been devel-
oped, built, and characterized. It integrates a miniaturized 32-channel A/D converter,
which avoids the bulky wiring that would occur with an analog solution and ensures a
high S/N ratio thanks to the usage of the A%B digital bus. In addition, this solution allows
only one Ethernet cable to come out of the helmet, maintaining good comfort and ease of
use. The A?B signal is received by an external D/A box, which can deliver digital data
to the PC via USB or convert the data back to the analog domain by means of two D/A
converters, allowing us to record them with an external acquisition unit.

The array helmet was compared with the Eigenmike32, a spherical microphone array
that widely considered the reference equipment for spatial audio recording during the last
decade. By analyzing two metrics for Ambisonics performance evaluation, namely Spatial
Correlation and Level Difference, it was possible to assess that the proposed system shifted
toward low frequencies, with the Ambisonics orders by one or even two octaves, making it
accurate even at the lowest octave band, centered at 31.5 Hz, where the Eigenmike32 is not
effective at all. These results have been proved with a laboratory test consisting of a noise
source localization problem, making use of the sound color mapping technique. The array
helmet was demonstrated to correctly localize the noise source at all frequencies, with a
trend of increasing accuracy with frequency, as expected. The highest valid frequency for
beamforming has been reduced to 1 kHz, due to the large size of the helmet compared to
the number of capsules. However, such a frequency is still above the maximum frequency
at which Active Noise Control systems for cars are effective. In conclusion, the proposed
solution can be employed for the assessment and the development of road noise cancelling
or engine order cancelling systems at the driver seat in driving condition.

The presented array has two limitations. Most of the rolling noise from the wheels
comes from below; therefore, the highest microphone density would be desired in the
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lower part of the helmet to increase the spatial resolution in the interested portion of space.
However, this is not possible due to the presence of the neck. The second limitation consists
in the movement of the driver’s head, which is naturally unstable when driving a car,
in particular while cornering. Therefore, when the recording is played back, a mismatch
between the orientation of the listener’s head and the orientation of the sound field may
occur. However, this problem will be overcome in a future update of the helmet by installing
a head-tracking system to record the quaternion of spatial rotation synchronously with
the pressure signals. Such a solution will allow compensating the head’s movements in
post-processing, by counter-rotating the sound field after Ambisonics conversion.

6. Patents

A patent request was submitted for the presented work, application number
US 18/519,990.
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Abbreviations

The following abbreviations are used in this manuscript:

A’B Automotive Audio Bus

A/D Analog-to-Digital

AAR Audio Augmented Reality
ANC Active Noise Control

CNC Computer Numerical Control
D/A Digital-to-Analog

DC Direct Current

DoA Direction of Arrival

DSP Digital Signal Processing

ESS Exponential Sine Sweep

IR Impulse Response
FIR Finite Impulse Response
LD Level Difference

MEMS  Micro Electro-mechanical Systems
NVH Noise, Vibration and Harshness
PC Personal Computer
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PWD Plane Wave Decomposition
S/N Signal-to-Noise

SC Spatial Correlation

SH Spherical Harmonics

SMA Spherical Microphone Array
SPL Sound Pressure Level

TDM Time-division multiplexing
USB Universal Serial Bus

UTP Unshielded Twisted Pair
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