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ABSTRACT hundred elements, the room area is still too large to be covered
with element spacing comparableia;ﬂ. In all cases, spherical
wavefronts must be considered, and there are tradeoffs between a
smooth beampattern function and volume selectivity.

The purpose of this paper is to illustrate some of the proper-
of these large-aperture arrays by comparing volume selectivity
performance through the beampattern function.

The use of arrays of microphones having a large number of ele-
ments (hundreds) is now in place in research laboratories, and will
soon be practical for real applications. In rooms of auditorium
or conference size, a large number of microphones will virtually ties
always imply that the aperture will be large compared to the fo-
cal distance. This requires understanding the volume selectivity
of irregular, widely-distributed sets of microphones. In this paper,
several pictures of the beamforming performance of large-aperture 2. THE BEAMPATTERN FUNCTION
distributions of microphones are presented. The purpose is to il-
lustrate some of the pitfalls in large-aperture microphone-array de- Consider an array ol microphones, each of unity gain and lo-
sign. cated aF,, = {Zm,y:, zm }.2 A point source af; = {xs, ys, zs}
radiates as

1. INTRODUCTION s(r,t) = é ~exp [jw(t —r/c)]. 1)

wherec is the speed of sound, a wave’s temporal frequency, and
r the radial distance from the source. The signal received by the
m" microphone from the source alone is

Microphone-array systems have potential for high-quality audio

reception for many applications. Until recently, however, it has

only been feasible to use a small number of microphones (2 - 21)

in real-data experiments in the research laboratorf@urrently, A

real-time support for arrays having a large number of microphones §(Fm, t) = o= - exp[jw(t —dm/c)]. )

is available in the research laboratory [2, 3] and an important issue "

is how best to use such an array in a particular environment for awhered,,, = |7, — | is the Euclidean distance from the source to

specific application. them*" microphone. The spatial transfer function from the source
There is little experience with these large arrays in a large to them* microphone is,

room or conference room environment, although the properties of

a uniformly-spaced line or two-dimensional grid of microphones Ly 1 .

are well understood[4, 5]. Even more is known when the longest 5(Fm) = dm exp[—jwdm /c]. (3)

linear dimension of that array is much less than the focal distance, o ) )

which implies that the angle subtended by the array at the source ~Delay-and-sum beamforming is the basic tool for the combi-

is much less than one radian. This angle is a traditional measure offation of array signals. In linear-weighted delay-and-sum beam-

aperture size and, in the limit of a small angle, the array spatial res-forming, the signals received at each microphone are multiplied by

olution is usually the wavelength divided by this angle. However, an arbitrary weighti¥..., and shifted in time appropriately for co-

in an interior environment, there is likely some advantage in plac- incident arrivals from a particular source. The beampattern func-

ing microphones throughout the room, spread in three rather thantion is defined for the near-field array as the magnitude (dB) of the

two dimensions. This implies that for any two widely separated el- Weighted delay-and-sum transfer function, with each microphone

ements of the array, the angle subtended by the array may approacfiPecifically delayed by, but evaluated at various points in the

 radians because the array surrounds the source. This order-off@0m7e. This results in the beampattern equation,

magnitude increase in aperture angle is a principal characteristic of o

what we callarge-aperture systems. Another important attribute R .

of such systems is that they are usually sparse, that is, there are B (7e: 7, w) = 10log]| Z

too few sensors to reconstruct the acoustic wavefield within the m=1

array without spatial aliasing. This is because even with several
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exp i (em — dn)] [, (4)

wheree,, = |F, — 7| is the Euclidean distance from the evalua-
. . h oL
This work partially funded by NSF grants MIP-9509505 and Mip- 10N point to therm™ microphone. _
0314625, Two cases for the weightd’,,, are commonly used. The first
LA 408 microphone system was installed at Murray Hill, Bell Labora- Weights all microphones equally with a normalizing constant to
tories in the mid-80’s[1]. This system used hardware for its delays and,
therefore, was fixed in its application. 2This treatment follows that in [4].




make the output at the aiming poii B,

W =1)

The second weighting condition has weights inversely proportional
to their distance to the aiming point, Equation 6. As is shown I
in [4], these weights maximize the array signal-to-noise ratio for

| =

I (5)
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All computations in this paper use this second weighting method,
although the small variation ifd.,, } for the focal point makes the
choice relatively unimportant.

II. Four Random Panels, Split
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3. ROOM AND ARRAY DEFINITIONS B | —— —

A top-view of a 10Mx10M room definiting three different arrays
is shown in Figure 1. A top view is shown because the vertical Figure 1: Top View of Room with Three Array Configurations
direction, Z, is to be treated as somewhat less important; most in-

terfering sources are likely to be side-to-side, rather than one over

another. Each array system has the same number of microphones,

512, the number supported by the HMA system [2, 3, 6]. In fact, a the peak is shown for the array at a frequency of 2kHz. The three-
set of 16 flat panels with 32 microphones each is being built for the dimensional plot is for a room that is also ten meters in height. This
HMA; learning how to distribute the microphones and panels is the height is exaggerated to preserve the aspect ratio of the response.
motivation for this paper. All arrays are assumed to be mounted onWhile the beampattern of the uniform array is very narrow along
walls on flat panels using omnidirectional microphches the X direction, it is very wide in the Y direction. In Figure 4,

Array | consists of a single 4Mx0.5M flat panel in a grid with an X-Y overview of Figure 3, one can see that the -6dB down re-

8 rows of 64 microphones each on 6cm centers. The rows aregion extends for about 5M in the Y direction. This is a significant
oriented along th&X axis. With this spacing, no spatial aliasing is problem when trying to obtain true volume selectivity.
expected for frequencies up to 2850Hz.

Array Il has four panels of size 1.25Mx0.6M, a convenient
size near that of the panels being built for the HMA. Each panel
has 128 microphones distributed randomly on a grid to ensure tha
no separation is less than 3cm. The idea is to have orthogonal,
separated panels similar to the arrangement in [7], with each pane
giving highest resolution in the direction parallel to its major axis.
Placement on the centers of the four walls of a rectangular enclo-
sure also distributes the microphones making coverage of the roo

In[7] widely separated panels were placed on orthogonal walls.
Array Il is a symmetric extension of this idea. The beampattern re-
sponse along a line parallel to the X axis through the focal point
is shown in Figures 5 and 6. Spatial selectivity is poor. These

urves are best understood from the properties of the four individ-
al panels. The magnitude of the response of any panel by itself is
similar to that of Array | but is broader because the subarrays are
smaller. The broad superposition of the subarray magnitudes is ev-
more uniform Mdent in the sidelobe loci of Figure 7. However, within the broad
’ envelope, there is rapid spatial modulation of the response caused

| vA\\/irtrr?w“ enC|r%etsm}henrciﬁmmwn_r:_ﬁr?am of 155|ngfgﬂrg?r: by interference among panels. Within the central region where all
s 0 gaps between them. y-two panels o Cro- four panels contribute to the sum, Figure 5 shows variations with
phones each are used, with a random distribution on each pane

. L ) eriodicity A\ caused by the changing phase differences between
constrained to a 3cm minimum separation. orthogonal pairs of panels. Away from the center, the periodicity
is A/2 because the phase difference between panels parallel to the

4. BEAMPATTERN RESPONSES Y axis is proportional to twice the X distance away from the focal
point. Extended sidelobes and interpanel interference will affect
Figure 2 shows the beampattern along a line parallel to the X axis most arrangements that have a few discrete separated panels.
through the aiming point at (0.0M,5.0M,0.0M) for array I. As ex- . . . o
pected, the response is relatively smooth, the main lobe beamwidth __Array !l addresses this problem with a uniform distribution
changing inversely proportional to frequency. The height of the of microphones in a bi.md around the perimeter of the room. The
main lobe is about 12 dB above that of any side lobes. No spatial begm_pattern aI_ong_ a line parallel to t_he X axis through the focal
aliasing is evident. However, one disadvantage of a single panelP2iNt is shown in Figures 8 and 9. While responses are not as reg-
along the X axis, is its response in the Y direction. This is shown ular as for Array |, the pattern near the chal pointis well b_ehaved.
in Figure 3 in which the locus of the response 6dB down from Moreove_r, the response IS quallt_atlvely circularly symmetric as can
be seen in the 3D view of all points over -12dB at 1kHz shown in
3Work is ongoing to study the use of multiple channels to form directi- Figure 10. Sidelobes of this level only exist very near the walls, a
nal microphones, but this is not a topic for this paper. region normally excluded from the working volume of the array.
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Figure 5. Response for Array Il on 2M Line Parallel to X Axis
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F=2kHz for Array |
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