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Despite many attractive features and the potential for capturing sound in challenging acoustic environ-
ments, arrays with a large number of microphones have for a long time been discarded as a practical solu-
tion for speech acquisition. This is, among other reasons, due to the high production and computational
costs. Only a few realizations of large microphone array systems have been documented, mainly for
research and instrumentation use. The advent of MEMS microphones and computationally powerful
off-the-shelf hardware has created new possibilities for microphone array development. We investigate
a real life application, specifically the case of live sports broadcast, and the requirements that a such
application imposes on a microphone array system. We present a system architecture of the first large
(300 element circular array with a diameter of 2 m) MEMS microphone array system. In the proposed
system, the latest technological advances are utilized to create a user-friendly array control interface.
The array’s performance is examined in an anechoic chamber and on a crowded basketball field, and
finally compared with existing solutions. The results illustrate the potential of a large MEMS microphone
array as part of the technological development in sound acquisition for entertainment and security
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applications.
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1. Introduction

The problem of remote speech and audio acquisition in noisy
environments is a challenging one when body-worn microphones
are not an option. A representative situation is audio acquisition
in live sports broadcasting. The region of interest is usually a large
field onto which no recording equipment can be placed. The ath-
letes themselves can, for practical reasons, not be equipped with
microphones. Local coverage of certain areas close to the edges
of the field can be achieved by distributing single shotgun micro-
phones, or by using parabolic reflectors. These give, however, only
sporadic coverage. The major restriction is fixed spatial selectivity
in post-processing, meaning that the audio missed in real time due
to misaiming is lost forever. An array of microphones is electroni-
cally steerable, can provide multiple beams from different
directions simultaneously, and in addition offers the same func-
tionality in post processing as in real time. Furthermore, arrays
can be designed with a much better directivity than what is
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attainable with the best shotgun microphones. These features are
very attractive, but still not fully exploited in the field of audio
acquisition. An appreciable amount of research on sensor arrays
has been done over the past decades, and the techniques are well
documented in [1]. Array technology plays a leading part in appli-
cations like telecommunication, sonar, and medical ultrasound
imaging. In speech acquisition applications, small microphone
arrays used at close proximity are predominant. The research
topics that have gained the most interest here are speech enhance-
ment for teleconferencing [2], hands-free telephony in cars [3,4],
speech recognition [5], and hearing aids [6]. A detailed review of
microphone array techniques and applications is given in [7].

A solution for remote sound acquisition in large rooms with a
large number of microphones (distributed around the room) is
described in [8,9], and a research project documenting a large
microphone array (1024 elements) for speech recognition is re-
ported in [10]. Also, in these research projects concerning large
microphone arrays, most of the attention is given to automated
speech recognition, blind source separation and speaker tracking
methods. For a large array with hundreds of microphones, these
methods are computationally demanding and not suitable for the
problem of real time speech acquisition where multiple speakers
are present but only a few are of interest, like in the case of sports
broadcasting.
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The use of microphone arrays in the entertainment industry has
been suggested by Silverman et al. [11], but to our knowledge
there have been no consumer-oriented large microphone array
systems designed for a specific real-life application. Sound acquisi-
tion in real acoustical environments where traditional methods
and equipment fail to perform is an important problem to solve
and we have investigated the feasibility of a large (300 elements),
two-dimensional microphone array as a solution to this problem.
In this paper, we propose a user-friendly microphone array system,
incorporating state-of-the-art MEMS microphones and off-the-
shelf processing technology. We present the premises for the sys-
tem design, its theoretical performance, and measurements per-
formed in an anechoic chamber and at a live sports event. A brief
description of prior work done by the authors on microphone ar-
rays can be found in [12].

In Section 2.1, we explain the basics of the relevant array the-
ory, and Section 2.2 outlines the environment for which the array
is designed and the restrictions that must be considered. Sections
3 and 4 present the design process, and the array prototype with
its theoretical capabilities. The measurements performed on the
array, in ideal and real-life environments are shown in Section 5.
The results are compared to the theoretical expressions, and expla-
nations for the deviations are suggested. A conclusion regarding
the applicability of microphone arrays for the above mentioned
applications based on these results is presented in Section 6.

2. Background
2.1. Sensor arrays and beamforming

The term beamformer is generally reserved for the algorithm
used to combine signals from multiple sensors into one or more
outputs. A simple but robust beamformer is the delay-and-sum
(DS) beamformer. As the name of the beamformer indicates, the
sensor outputs are delayed to be in phase (steered) for a given
direction, and then summed and averaged. The steering direction,
which will be denoted by ps, usually coincides with the direction
of arrival for the sound of interest, e.g. a speaker.

The output y[n] of a DS beamformer at time instant n, applied to
an array comprised of M elements (i.e. microphones) placed at
positions p,, m=0,1,...,M — 1, and steered towards a source lo-
cated at a point ps, can be described as a weighted sum of sensor
outputs:

M-1
VI = 3 W[ — An), (1)
m=0

where x,, is signal at sensor m sampled at rate f; and w,, is the
weight applied to the mth sensor. 4,, is the delay (in number of
samples for microphone sampling rate f;) for the mth microphone
when steering in the direction of ps, and is given as:

where c is the speed of sound, which is assumed to be 340 m/s. Eq.
(2) gives the microphone delays in terms of the number of samples,
which is subsequently rounded to the nearest integer multiple of
the sampling period. This rounding gives a delay error that can
manifest itself as a steering error. For the error to be negligible,
the microphone data should be sampled at a rate f; that is at least
10 times higher than the highest frequency we wish to beamform.
This is just a rule of thumb, more details on the effect of f; on the
beamformer performance are given in e.g. [13]. One way of reducing
delay errors is to increase the sampling rate f; by interpolation prior
to beamforming.

When the signal from element m is delayed by the number of
samples described by Eq. (2), signals coming from the position p
are temporally aligned, and we say that the array (the beam) is
steered towards ps;. By summing across elements, we can enhance
the signal of interest and simultaneously filter out noise from
directions p;=ps with a spatial FIR-filter with a continuous time im-
pulse response:

M-1
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The weights w,, are either set to uniform weighting given by
Wpn =4, m=0,1,...,M -1, or given by some weighting function.
There is a vast amount of weighting functions to choose from, e.g.
Chebyshev, Taylor, Hamming, etc. The choice depends on the de-
sired response, e.g. on the required side-lobe level or the main-lobe
width. Regardless of the choice of weighting function, we will in

further discussion assume that

<
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meaning that weights are normalized and therefore yield a distor-
tionless response. In other words, any signal coming from the steer-
ing direction ps will be unaffected by the array if Eq. (4) is satisfied.

The directivity of the array is often evaluated by investigating
the broadband beampattern. This the array’s response to a sine
wave of frequency f approaching from an angle 0, when the array
is steered to an angle of 0° plotted as a function of f and 0. The
broadband beampattern shows what attenuation can be expected
for a signal of a certain frequency, arriving from a certain angle.
The resolution of the array is often determined from the beampat-
tern by looking at the main lobe width, more specifically the dis-
tance between the angles for which the array yields 3 dB
attenuation. This is commonly referred to as the half-power beam-
width (HPBW). An example beampattern, for a single frequency, is
shown in Fig. 1, where side lobes, main lobe, and half power beam-
width are marked. To avoid strong contributions from directions
away from p;, the array must satisfy the spatial sampling criterion
saying that the distance between elements must be smaller than
half the wavelength of the highest frequency received by the array.
If this is not satisfied, the spatial aliasing will occur and manifest
itself as grating lobes in the beampattern. A grating lobe is a side-
lobe that is equally high as the main lobe.

2.2. Problem analysis

In this section we outline the nature of a selected problem (bas-
ketball court) and the requirements it imposes on the array perfor-
mance. A basketball court scenario is considered to be a
representative of other challenging areas of application (e.g. secu-
rity and surveillance) where we have to deal with multiple speech
sources, some considered as signals and other as noise.

Fig. 2 shows the dimensions of a basketball court and the
approximate distribution of noise and signals. The sound from
the audience will most of the time be considered as noise, while
the players at the court are considered as speech sources of inter-
est. Noise (shouting from the audience, music, and announcements
from a PA system) normally has a higher level than the game. Noise
levels are time varying, and typically highest when important ac-
tion is taking place on the court, but the relative SINR (signal-to-
interference-and-noise ratio) is nearly constant since the players
adjust their vocals to compensate for the increased noise. Based
on the measured sound pressure level (SPL) of 95 dBA during
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