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Abstract

Recording a specific sound source in a complex environment is challenging, especially when in-
terfering sources lie between the target and the recording system. This can be avoided by placing
a microphone next to the target so as to get a clear measurement. However, this may interfere
with the events being recorded and lacks flexibility to select and track the desired source. Mi-
crophone arrays are used as adaptable systems to separate specific sounds given the spatial
position of their sources. Arrays can be classified according to their geometry, such as linear or
spherical arrays. In particular, spherical arrays are advantageous due to their compact shape.
The highly symmetric design can also yield an almost constant angular resolution making their
performance predictable. Unfortunately, this symmetry is also the source of their main limitation:
sounds are measured from a single viewpoint. Spherical arrays can separate sounds according
to their direction of arrival using a technique known as beamforming; however, it is difficult to sep-
arate two sounds when their sources and the array are aligned. The present research introduces
a new approach to source separation using an array-of-arrays microphone system. The proposal,
a cooperative variant of beamforming, relies on two or more spherical microphone arrays working
together as a single, unified system. This yields a multiple-viewpoint measurement of the sound
field and allows for sound source separation even when interfering sources are present between
the target and each of the arrays. Such separation would be difficult using conventional beam-
forming. The proposal is evaluated through numerical experiments using both, physical models
and real-world measurements for a system composed of two 64-channel microphone arrays.

Keywords: microphone array, sound source separation, beamforming, array-of-arrays



Sound source separation in complex environments
using an array-of-arrays microphone system

1 Introduction
Recording of complex environments results in acoustic signals where multiple sound sources
are superposed. However, in many situations it is necessary to isolate a specific sound; for
example, the speech of a target speaker, or the acoustic cues that can suggest mechanical
failures in complex machinery. Microphone arrays are a versatile way to approach this task [1];
their recorded signals can be processed digitally to emphasize sounds originating at a given
position while attenuating the rest.

The optimal arrangements of microphones in the array depends on the target application. Sev-
eral geometries have been considered in previous studies [2, 3]. As an example, spherical mi-
crophone arrays are regularly used to record spatial sound; one reason for this is their resem-
blance to a human head [4, 5, 6]. In addition, the symmetry of spherical acoustic baffles makes
it possible to derive an analytic formula for sound scattering around them [7]. Exact models
to calculate the expected recorded signals for a spherical microphone array in the presence of
a point source are available [4]. Spherical arrays with high channel counts are commercially
available, while research prototypes can sometimes use hundreds of microphones [5, 6].

The geometry of spherical microphone arrays allows the use of powerful harmonic analysis
techniques [8], leading to spatial sound source separation methods collectively referred to as
modal beamforming [9]. These methods can isolate sounds arriving from a specific direction of
incidence. This means that the microphone array can be used as if it was a single microphone
with a desired directivity. Spherical geometry further allows the directivity pattern to be oriented
towards any specified direction.

Conventional beamforming methods cannot isolate a sound source when, from the viewpoint
of the microphone array, one or more interfering sound sources are present in the same direc-
tion as the target. The present paper outlines a previously proposed approach to the problem
of isolating a single sound source in a complex environment [10]. The proposal uses multi-
ple spherical microphone arrays working in synchrony as a unified system to isolate sounds
radiating from inside a compact region, as opposed to the extended beams of conventional
methods. It is, thus, capable of separating a target sound source even in the presence of
interfering sources aligned with it.

The present research evaluates the feasibility and real-world performance of the proposed
array-of-arrays sound source separation method. An actual recording system consisting con-
sists of two 64-channel microphone arrays was built and used to record a complex acoustic
environment with three sound sources: a target, and two interferers positioned between the
target and each of the spherical arrays. The actual recordings are then used in a numerical
experiment to determine the spatial selectivity of the proposed method. We find that the pro-
posal is capable of isolating sounds arriving from a target position while limiting the interference
from sources present between the target and the recording equipment.
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Figure 1: The spherical coordinate system. This system is typically used to model spheri-
cal microphone arrays

2 Sound source separation using spherical microphone arrays
The symmetry of spherical microphone arrays [7] makes it easier work using a spherical coordi-
nate system like the one shown in Fig. 1. The microphone array is assumed to be positioned at
the origin; two angles (azimuth θ and elevation ϕ) are used to define a direction, and together
with a distance r specify a single spatial point.

The body of a spherical microphone array can act as an acoustic baffle, thus affecting the
sound pressure measurements and emphasizing their dependency on the direction of arrival
for the recorded sounds. The sound pressure observed by a microphone on a rigid sphere in
the presence of a point source is given by the following equation [4, 8]:

pmic(k, ~rsrc) = psrc(k)
∞

∑
n=0

(2n+1)
hn(krsrc)

h′n(krmic)
Pn

(
~rmic · ~rsrc

| ~rmic|| ~rsrc|

)
. (1)

In this equation, pmic stands for the sound pressure observed at a point ~rmic on the rigid sphere.
A single point source of amplitude psrc is assumed to be located at ~rsrc. Functions hn and Pn

are, respectively, the spherical Hankel functions and the Legendre polynomials, both of order
n. Primed symbols are used to denote function derivatives.

2.1 Beamforming using spherical microphone arrays

Beamforming can be used to separate sounds according to their direction of incidence [1, 2,
3, 7, 8, 9]. Separation along distance is generally not attempted and, therefore, beamforming
can consider a simplified form of Eq. (1) by removing the terms related to the sound source
distance. Alternatively, a reference distance rref can be used as long as this is large compared
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Figure 2: Illustration of conventional beamforming using a compact microphone array (left)
and the proposed sound source separation method using an array-of-arrays (right)

to the sound source wavelength.

A simple approach to beamforming is to consider a desired directivity pattern D(θ ,ϕ). The
target directivity is sampled at a representative set of angles and the sound pressures expected
to be observed at each of the microphones due to a sound source at each of the sampled
directions is calculated. The recordings for all microphones can then be combined into a single
signal approximating the target directivity using the following equation:

pbeam =
[
D1 D2 · · · Da

]


p1→1 p2→1 · · · pa→1
p1→2 p2→2 · · · pa→2

...
...

. . .
...

p1→b p2→b · · · pa→b


+

p1
p2
...

pb

 (2)

In this equation, a total of a sample directions D1, ...,Da are sampled using an array of b micro-
phones. The actual microphone recordings are represented by p1, ..., pb, while the ideal sound
pressure expected at a given microphone i in the presence of a single sound source at direc-
tion j is written as p j→i. This is calculated using Eq. (1) or its plane-wave equivalent. The
symbol | · |+ denotes a matrix inversion, typically a pseudoinverse.

2.2 Sound source separation using an array-of-arrays

Conventional beamforming using a single microphone array can isolate sounds that originate
from a given direction. It, however, cannot separate multiple sources when they are aligned.
The problem is hard to overcome since compact arrays can only sample the sound field from
a single viewpoint. It is possible, however, to use multiple compact arrays, that is, an array-of-
arrays to isolate sounds originating from a specific position in space [11, 12, 13].

Array-of-arrays processing typically considers each of the arrays as an independent beam-
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former; they are used to emulate an array of directional microphones. The resulting signals are
further processed to isolate the target either through statistical methods [14], or by applying a
second beamforming stage designed for complex arrays [15].

Previously, we proposed a new approach to the problem which considers the array-of-arrays
system as a unified system [10]. The proposed method is illustrated and compared with con-
ventional beamforming in Fig. 2. The main difference between the proposed method and other
existing approaches is that it attempts not only to isolate the target, but also takes advantage
of the multiple viewpoints available in the recording system to separate any interfering sound
sources and cancel them out in the final output.

Similar to conventional beamforming, the proposal starts by defining a spatial window W (r,θ ,ϕ)
which corresponds to the desired selectivity pattern. This is analogous to the target directivity
D(θ ,ϕ) used in formulating Eq. (2), however it also includes the radial coordinate. The spatial
window is sampled using an a-point grid, with each point corresponding to a possible sound
source position ~r1, ...,~ra. The grid should cover the entire region where sound sources may be
present, including the target source.

Equation (1) is once again used to calculate the expected signals at each microphone in each
array when a single point source is present at each of the positions sampled by the grid.
However, it is important to consider that Eq. (1) assumes the coordinate system of Fig. 1.
Since the proposal considers all arrays as a unified system, a single coordinate system with a
global origin is required. This leads to the following modification of Eq. (1):

Harray
mic ( ~rsrc,k) =

∞

∑
n=0

(2n+1)
hn
[
k| ~rsrc− ~rarray|

]
h′n(kRarray)

Pn

(
| ~rsrc− ~rarray|2 + | ~rmic− ~rarray|2−| ~rsrc− ~rmic|2

2| ~rsrc− ~rarray|| ~rmic− ~rarray|

)
. (3)

The position of the array as seen from the global origin of coordinates is denoted by ~rarray, while
Rarray stands for its radius. Vectors ~rsrc and ~rmic retain their original definitions, being defined in
the local coordinate systems for each of the arrays.

The proposal can then be summarized by the following equation:

ptarget(k) =
[
W (~r1) W (~r2) · · · W (~ra)

]



H1
1 (~r1,k) H1

1 (~r2,k) · · · H1
1 (~ra,k)

H1
2 (~r1,k) H1

2 (~r2,k) · · · H1
2 (~ra,k)

...
...

. . .
...

H1
b (~r1,k) H1

b (~r2,k) · · · H1
b (~ra,k)

H2
1 (~r1,k) H2

1 (~r2,k) · · · H2
1 (~ra,k)

H2
2 (~r1,k) H2

2 (~r2,k) · · · H2
2 (~ra,k)

...
...

. . .
...

HN
b (~r1,k) HN

b (~r2,k) · · · HN
b (~ra,k)



+

p1
1(k)

p1
2(k)
...

p1
b(k)

p2
1(k)

p2
2(k)
...

pN
b (k)


(4)

Equation (4) assumes a total of N arrays, each composed of b microphones. The recorded
signal for the microphone j in array i is denoted by pi

j(k). All of these signals are, there-
fore, combined into a single output which corresponds to a recording with a spatial selectivity
approximating the target window function.
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Figure 3: Two 64-channel spherical microphone arrays used to evaluate the proposal

3 Evaluation
The proposed array-of-arrays sound source separation method was implemented using two
identical spherical microphone arrays. Each of them consists of 64 microphones distributed
on the surface of a sphere. The arrays have a radius of 8.5 cm and their distributions were
decided according to a relaxation problem for electric charges on the sphere [16]. A photograph
of these arrays is shown in Fig. 3.

A major advantage of the almost-regular angular sampling and the spherical geometry is that
the performance of the arrays should not be significantly affected by their orientation. Fur-
thermore, since two arrays are used to isolate a target sound source, the entire recording
environment can be reduced to the plane defined by these three positions. Any interfering
sound source lying outside this plane will not be aligned with the target and the microphones
and, therefore, can be easily discriminated through conventional beamforming methods. For
these reasons, evaluation conditions will be limited to a 2-dimensional plane.

To consider the worst-case situation, two interfering sources were added, each between one of
the microphone arrays and the target. The configuration of the recording environment is shown
in Fig. 4. Parameters α and d were studied through computer simulations. The performance
of the proposal was found to be stable for all angles between approximatly 40◦ and 150◦. Simi-
larly, no significant changes in the performance were observed once the edge length exceeded
1 meter. For our measurements, we decided to set the angle α to 60◦, thus resulting in an
equilateral triangle. The length of the triangle’s edges d was set to 2 meters. The grid used to
define a target spatial selectivity was limited to a 2-by-2 meters square, with positions sampled
regularly every 10 cm. All sound sources were located inside the grid, with the microphone
arrays located 70 cm away from their closest grid points. Once again, these parameters were
selected through numerical experiments to show the typical performance of the system.

Figure 5 shows the experimental setup in an anechoic chamber. All sources radiated uncor-
related white noise at the same sound pressure level. Therefore, recordings with a single
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Figure 4: The recording environment. Two microphone arrays and one target sound source
as positioned at the corners of an isosceles triangle. Two interferers lie between each of
the arrays and the target, and therefore on the plane of the triangle

Figure 5: The recording environment used in our evaluation. Two 64-channel spherical
microphone arrays and a target sound source are located at the vertices of an equilateral
triangle with an edge length of 2 meters. Interfering sound sources are placed half-way
between each microphone array and the target. The whole system was assembled inside
an anechoic chamber
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Figure 6: Distribution of acoustic energy on the measurement grid, as identified by the
proposed method. The spatial signature of the target is shown on the left panel, with most
of its energy concentrated along a cross centered at its actual position. The right panel
shows the spatial signature of the interfering sources, showing negligible leakage at the
target position

microphone placed at one of the array positions would exhibit a signal-to-noise ratio (SNR) of
−12 dB. Recordings for the interferers and the target were done independently to identify their
spatial signature on the grid.

The proposed algorithm was repeatedly applied to the microphone recordings using a delta
function as target spatial window. The delta was positioned at each of the grid points and
the energy (root-mean-square) for each output was calculated. This data was put together
to construct a spatial signature for the sound sources, as inferred by the proposed method.
Figure 6 shows the spatial signatures obtained for the target sound source, as well as the
interfering sources.

Due to linearity, applying the proposal to recordings done in the presence of all sound sources
would result in the sum of the two distributions shown in Fig. 6. The distinct spatial separation
of all sound sources means that any spatial window covering the deeper part of the grid (be-
yond y = 0.5 m while discarding the rest will be able to separate the target. Simulation results
for this particular case, show the expected SNR to exceed 35 dB, an improvement of almost
50 dB from the SNR present at the input.

4 Conclusions
A method to record specific sound sources in a complex environment using an array-of-arrays
system was reviewed and evaluated. An actual recording system was built using two 64-
channel spherical microphone arrays. The system was used to record target and interfering
sound sources in an anechoic chamber, and the proposed sound source separation method
was applied to these recordings repeatedly. Spatial signatures for all sound sources were in-
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ferred from the array-of-arrays system. These show a distinct separation between the target
and the interferers and, therefore, imply that sound source separation is possible by applying
a simple spatial window. These experimental results confirm those of numerical simulations
which show that the proposed method can effectively improve the signal-to-noise ratio of the
input signals by almost 50 dB in ideal conditions. Future work will include the evaluation of the
SNR in experimental conditions which include noise and microphone positioning errors.
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