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ABSTRACT

A nearfield spherical microphone array is presented. The
nearfield criterion of the spherical array is defined in terms
of array order, frequency and location. It is shown that given
a source in the nearfield, significant attenuation of farfield
interference is achieved. Also, nearfield sources may be at-
tenuated relative to farfield sources. Dereverberation of a
nearfield source in a reverberant enclosure is demonstrated
using the nearfield microphone array.

Index Terms — Microphone array, Spherical harmonics,
Beamforming, Dereverberation.

1. INTRODUCTION

In most microphone array processing applications, the wave-
front is assumed planar. The plane wave assumption greatly
simplifies the processing algorithms, but is adequate only
when the source distance is much greater than the maxi-
mal array dimension [1]. In nearfield applications, the plane
wave assumption may not hold, since phase and gain errors
appear in the array beampattern. One possible solution is
to estimate the phase and gain required for nearfield cor-
rections, and design the array beampattern accordingly [2].
The spherical microphone array is an attractive option for
the analysis of spherical wave sound fields in three dimen-
sions, as it directly facilitates 3-D beamforming with rota-
tional symmetry. The spherical microphone array has been
previously studied for farfield spatial beamforming [3][4],
and sound field measurement and analysis [5]. Some of the
advantages of the spherical microphone array in the nearfield
have been implemented in [6]. However, a thorough perfor-
mance analysis of the nearfield spherical array has not yet
been published.

In the current study, formulation for a nearfield spherical
microphone array is developed, based on the radial filter
suggested in [6]. After defining the nearfield criterion, the
nearfield spherical microphone array is analyzed. Given a
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nearfield source, significant attenuation of farfield interfer-
ence is achieved. Furthermore, a radial beampattern may
be designed for attenuating nearfield sources relative to the
farfield. Dereverberation of the response due to a nearfield
source in a reverberant enclosure is presented and compared
to dereverberation by a farfield array.

2. NEARFIELD CRITERION

Consider a unit amplitude point source located at ry, where
rs = (rs,0s,05), and 75, 0, and ¢ are the respective dis-
tance, elevation and azimuth of the spherical coordinate sys-
tem [7]. Using the spherical harmonics expansion, and sup-
pressing the harmonic time dependence throughout, the in-
cident field at r = (7, 0, ¢) assumes the form [8]

2n +1

P, (cos ©)
(M

where k is the wavenumber, P, (-) is the Legendre polyno-
mial of order n, and © is the angle between Q5 = (65, ¢5)
and Q = (6,¢). The farfield mode strength, b, (kr), is
based on the spherical Bessel function, j,, (kr), and is gener-
alized for open or rigid arrays [3],[5]. hy,(krs) is the spher-
ical Hankel function of the second kind.

In [6], the normalized nearfield mode strength is defined as

p(r, Q. k) = dmik Y by (kr)hn (krs)

n=0

by (kr, krs) = kbp (kr)hy (krs) . )

When krs > n, the large argument spherical Hankel func-
tion approximation yields [7]

eik’rs

by (kr krs) =~ (—i)7’+1bn(kr) . 3)

T's

In this case, (1) converges to a plane wave sound field [8].
Figure 1 shows the typical behavior of bS (kr, krs). At low
frequencies (krs < n) and b% (kr, krs) becomes approxi-
mately constant. This constant value decreases with order,
implying a limit on array performance above a certain or-
der. For krs > n, b7 (kr, kry) becomes approximately con-
stant with n, behaving similarly to b,, (kr) [6]. Therefore, a
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Fig. 1. The nearfield mode strength, b7 .

spherical microphone array of order IV will exhibit nearfield
behavior for kry ~ n and lower. It may be stated that at each
mode n, nearfield behavior will be evident for kr, < n, and
for a microphone array of order IV, nearfield behavior will
be evident for

krs < N . 4
The array samples the sound field at discrete locations, ac-
cording to one of several pre-determined sampling schemes
[9]. In this case, spatial aliasing may occur. The maximal
wavenumber that can be processed without significant spa-
tial aliasing is given by

®)

kmaz =
a

where r, is the array radius. Substituting (5) into (4), the
criterion for 74 to be in the nearfield is given by

kmazx
re < rg——

=TNF, (6)
where ry  is the nearfield extent. The significance of nearfield

performance is discussed in section IV.

3. NEARFIELD SPHERICAL ARRAY PROCESSING
The spherical Fourier transform of (1) is given by [8]

Do (kr, kg, Q) = dmikbs (kr, krs) Y, () . (7)
In order to recover the source amplitude, [6] suggested the
ideal compensation filter 1/b? (kr, krs). A more general ra-
dial filter is 1/b% (kr, kro), where rg, the look distance, is

chosen to yield a desired array output. The array output
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based on this filter is:

(k:rs,kro,@) =
Drm (KT, kg, Q)
_ Do \RTs BT, 2o )y )y (8
nz()m;n 4mibs (kr, kro) " () (®)
Z 2n i 1Pn(cos 0) .

where Qg = (6o, ¢o) is the look direction, © is the angle
between () and 29, and d,, are the array beampattern coef-
ficients.

4. NEARFIELD ARRAY ANALYSIS

The behavior of the nearfield spherical array is radially de-
pendent on the ratio between the two Hankel functions. Two
parameters are defined to assist in analysis of the nearfield
array performance. « is defined as the ratio between the
source distance, r,, and the look distance, rq:

T's

a=—. )
To
0 is termed the nearfield margin, and is defined by
N
= ) 10
b= (10)

Following (6),when 3 > 1, the source will be in the nearfield.
The corresponding parameter for the look distance is
N

N k?‘o ’

an

When a3 > 1, the look distance will be in the nearfield.
The array output of (8) is modified to

N
=« Z dy,
n=0 (12)

where multiplication by o normalizes the output by the nat-
ural attenuation of point sources. This provides an exami-
nation of behavior unique to the nearfield.

hon(krs)
hn(kro

2n+1

y(a, krs, kro, © P,(cosO) ,

4.1. Farfield source and look distances

When both r, and rq are in the farfield, 5,08 < 1. In
this case, kr, krg > n, and (12) degenerates to the farfield
array output given by [3]

N
; 2 1
y(a, krg,®) = eik(rs=T0) Z dn%Pn(COS 0).
i

(13)

n=0
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Fig. 2. Nearfield beampattern for N = 4, r, = 0.1 meters,
and k = kpaz /10 = 4.

4.2. Nearfield source and look distances

When both distance parameters are well within the nearfield,
it may be assumed that kry < n and kry < n. The small
argument spherical Hankel function approximation yields

(7]

N
1 2n+1
y(a,@) = E dnafnTPn(COS @) . (14)
n=0

This array output is characterized by an exponential slope
dependent solely on «. As ry and ry move farther from
the array, the slope decreases, converging to some farfield
value.

Figure 2 shows the radially dependent beampattern of an
N = 4 array with radius r, = 0.1 meters, at k = ’“T% =4.
In this figure 8 > 1. The look distance was chosen as ry =
0.2 meters, which is in the nearfield since o =5 > 1.

In the nearfield, a source located at r, > ry would be at-
tenuated relative to a source located at g, and a source lo-
cated at s < ro would be amplified relative to a source
located at ry. The coefficients, d,,, were chosen to yield an
optimal Dolph-Chebyshev beampattern in the farfield [10].
This beampattern is reached for r; = ry. As r, increases,
the beampattern flattens out. Below rq, the desired beam-
pattern is not achieved. The coefficients may be corrected
using the algorithm proposed in [2].

4.3. Farfield Source with nearfield look distance

The next case is when rq in the nearfield and r; is in the
farfield. A farfield source would be attenuated relative to a
source in the nearfield, as is evident from figure 2. When r;
is far enough from the array, the array output depends on rg
only. In this case it may be assumed that « > 1 and § < 1,
or krs > n. Assuming the look distance is well within the
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Fig. 3. Array output for N = 4,--- | 8. rq is in the farfield,
and k£ = 20.

nearfield, the Hankel function approximations yield

y(a, kro,©) = .
N
iakrg an (k’?"o)" o + 1P
e ;dn< i) (2n— 1D 4x ) (cos ©) .

A lower performance limit for the performance of this out-

put may be reached. As krg — 0, the contribution of higher
orders to the array output becomes negligible. At the limit,
only n = 0 is significant to the array output. In this case,
the magnitude of the array output for dg = 1 is

1
|y(0€,k'f’0,@)‘ - E ) (16)

which yields a constant attenuation of -22 dB.

4.4. Nearfield source with farfield look distance

When r; is in the nearfield and rq is in the farfield, 3 > 1
and o < 1. Assuming kry < n and krg > n, the Hankel
approximations yield:

N
a1 L @2n+ 1)
_ ikro n P )
yla, krg,©) = e = ,}ZO dni R n(cos ©)
a7)

The 1/(krs)™ term causes the output to diverge as kr; — 0.
However, as long as the source distance can be limited to
a minimum distance from the array, rs > r,,,,, nearfield
sources may be attenuated relative to farfield sources. Fig-
ure 3 shows the radial behavior in the look direction for
arrays of order N = 4,--- 8 calculated from (17) with
d, = 1. Array outputs show a clear dip at r values which
vary with array order. Therefore, some control over the spa-
tial location of the dip is expected to be achieved by modi-
fying d,,, although this might change the beampattern. The



dip in the beampattern can be used for attenuating sources
near the dip location relative to other farfield and nearfield
sources.

5. DEREVERBERATION GIVEN SOURCES IN THE
NEARFIELD

In order to demonstrate nearfield array capabilities in a mul-
tiple source environment, a reverberant enclosure (8 x 6 x 4
meters) was simulated using the image method [11]. Array
parameters were chosen to be N = 4, r, = 0.1 meters,
rog = rs = 0.2 meters, and d,, = 1 in order to provide
unit response at the source location. The sampling scheme
was arbitrarily chosen to be equiangle, requiring 4(N + 1)?
microphones [9]. Given the source location, the directional
response of (8) may be calculated directly using the inverse
Fourier transform, yielding the directional impulse response
(DIR). Figure 4 shows the first 30 milliseconds of the room
impulse response (IR) and the directional impulse responses
of the nearfield and farfield arrays. The room reverbera-
tion time (RT), calculated directly from the decay curve at
-60 dB [12], was 137 milliseconds. The farfield array RT
was 95 milliseconds, and the near-field array RT was 23
milliseconds, proving the dereverberation capabilities of the
nearfield array. Although reverberation is not significant in
the nearfield, this simulation demonstrates noise source at-
tenuation capabilities of the nearfield array.

6. CONCLUSION

This paper presented an analysis of the nearfield spherical
microphone array. Performance analysis suggests an array
with radial, as well as directional, design capabilities. It was
shown that dereverberation using the nearfield array pro-
vides improved attenuation of reflections compared to the
farfield array.
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