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ABSTRACT

When close enough to a microphone array, the spherical nature
of radiating sources allows for sound field processing in terms
of distance as well as direction. As part of an on-going study on
beamforming given sources close to a spherical microphone ar-
ray, radial filters have been developed for attenuating near-field
and far-field interference in the source direction. This paper dis-
cusses the use of the radial filters for the case of speech. A sim-
ulation is presented to demonstrate the desired results. Estima-
tion of near-field source direction and distance is presented for
speech signals. Finally, experiments are presented demonstrat-
ing radial filtering capabilities given speech signals.

1. INTRODUCTION

Following a growing interest in spatial sound processing, the
spherical microphone array has become the subject of substan-
tial study. The majority of microphone array studies relate to
sources distant enough from the array to be considered plane-
waves. However, when sources are close to the array, such as for
the case of close-talk speech [1], or higher order near-field am-
bisonics [2][3], the far-field assumption may not hold, and could
lead to design or analysis errors. Furthermore, in the near-field,
the spherical wave-front of near-field sources includes important
spatial information which may be utilized for better spatial sepa-
ration and design [4]. Therefore, in the near-field, it is beneficial
to assume point sources, or an integration of point sources.

A recent study discussed the possibility of using a low order
spherical microphone array as a robust close-talk microphone
[1]. Methods for estimating the distance and direction of a near-
field source were proposed. In [4], the behavior of the sound
field due to point sources close to the array was analyzed. It
was shown that near-field processing allows radial, as well as
directional separation. Later, a method was presented for radial
separation of sound sources propagating from the same direction
using radial filters [5]. Several radial filtering techniques have
been developed for processing sources within the near-field of
the spherical array [6]. One radial filtering technique bases the
polynomial design on the Dolph-Chebyshev beampattern. This
beampattern, applied along the radius of the array, attenuates
far-field interference given a desired source close to the array
surface. Another potentially useful filter is the radial notch fil-
ter. This is a simple first order notch. The notch can be applied
for attenuating near-field point-sources with little attenuation of
other near-field or far-field sources propagating from the same
direction. The radial filter has been shown to be robust, even
when the desired source is in the far-field.
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This study demonstrates the performance of the radial filters.
Experimentation was carried out using an mhacoustics em32
(large version), a 32-microphone spherical array with a radius
of 8.4cm. This array is capable of processing the sound field up
to an order of 3 or 4, depending on the signal frequency.

Results demonstrate spherical microphone array radial fil-
tering capabilities given sources in the array near-field, theoret-
ically and for real audio signals. This further indicates the po-
tential of the spherical microphone array as a means for true 3D
recording.

2. NEAR-FIELD SPHERICAL MICROPHONE ARRAY
PROCESSING

Consider a sound field with pressure denoted byp(k, r, θ, φ),
wherek is the wave number,r is the radial distance and(θ, φ) is
the direction in standard spherical coordinates [7]. The spherical
Fourier transform of the pressure is given by [8]:

pnm(k, r) =

Z
Ω∈S2

p(k, r, (θ, φ))Y m∗
n ((θ, φ))d(θ, φ) , (1)

with the inverse transform relation:

p(k, r, (θ, φ)) =

∞X
n=0

nX
m=−n

pnm(k, r)Y m
n (θ, φ) , (2)

whereY m
n (θ, φ) is the spherical harmonic [8] of ordern and

degreem. The sound field due to a point source located atrs =
{rs, θs, φs} and emitting a signals(k) is [8] :

p(rs, θs, φs) = s(k)

∞X
n=0

nX
m=−n

bs
n(kr, krs)Y

m
n
∗(θs, φs)Y

m
n (θ, φ) ,

(3)
wherebs

n(kr, krs) is [1] :

bs
n(kr, krs) = i−(n−1)kbn(kr)hn(krs) , (4)

bn(kr) depends on the sphere boundary and is, for open and
rigid sphere configurations:

bn(kr) = 4πin
(

jn(kr), Open sphere

jn(kr)− j′n(ka)

h′n(ka)
hn(kr), Rigid sphere

(5)
a < r is the sphere radius,jn(kr) is the spherical Bessel func-
tion, andhn(krs) is the spherical Hankel function which ex-
presses the radial decay of the spherical wavefront. The spheri-
cal Fourier transform of (3) is :

pnm(rs, θs, φs) = s(k)bs
n(kr, krs)Y

m∗
n (θs, φs) . (6)
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The array order,N , is limited by the number of microphones,
typically (N + 1)2 ≤ M [9]. Therefore, the array output may
be written as :

y(k) =

NX
n=0

nX
m=−n

w∗nm(k)pnm(k) , (7)

with w∗nm, the complex conjugate of the spherical Fourier trans-
form of the array spatial weighting function,w(θ, φ), controlling
the beam-pattern. Given an array of radiusa and assumingrs is
known, the sound field can be separated from the array parame-
ters by choosing [1] :

w∗nm = dn
1

bs
n(ka, krs)

Y m
n (θl, φl) , (8)

where(θl, φl) is the look direction anddn are the beamforming
coefficients . Applying the spherical harmonics addition theorem
[8], yields,

y = s(k)

NX
n=0

dn
2n + 1

4π
Pn(cosΘ) , (9)

whereΘ is the angle between(θ,φs) and(θl, φl). Whendn = 1
andN → ∞, this yields a directional impulse which signifies
ideal separation.
Assumingrs is not known, a more general weighting function
is:

w∗nm = dn(k)
1

i−(n−1)kbn(ka)
Y m

n (θl, φl) , (10)

which yields :

yN (k, rs, Θ) = s(k)

NX
n=0

dn(k)hn(krs)Pn(cosΘ) . (11)

The frequency-dependent coefficients,dn(k), can be chosen for
design of the directional beampattern. This beampattern has
been studied in [4] and is radially dependent with a decaying
nature. Alternatively, the coefficients may be used to control the
radial behavior of the array output. Focusing on radial design in
the look direction,Θ = 0, the array output, (11), becomes :

yN (k, rs) = s(k)

NX
n=0

dn(k)hn(krs) . (12)

3. RADIAL FILTERING

The radial behavior of the sound field close to the spherical ar-
ray is determined by the spherical Hankel function. Assuming
s(k) = 1, (12) can be written explicitly as a polynomial using
the the spherical Hankel function [7]:

y(x) = h0(x)

NX
n=0

dn(k)

nX
m=0

gn
mx−m , (13)

where

gn
m =

i(m−n)

m!2m

(n + m)!

(n−m)!
, (14)

x = krs andh0(x) = eix

ix
. Note the amplitude ofh0(x) ex-

presses the natural1/rs decay of a point source atrs. By ex-
panding the spherical Hankel function into its polynomial form,
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Figure 1: Radial notch filter for suppressing sourcer0 .

a polynomial-based filter can be designed along the radius of the
array. Given the array order, any polynomial of this order can
be applied to the radial filter. The coefficient vector is calculated
directly:

d = (C−1)T q . (15)

where

C =

26664
c0
0 0 · · · 0

c0
1 c1

1 · · · 0
...

...
. . . 0

c0
N c1

N · · · cN
N

37775 , (16)

cn
m(k) = gn

m · (ka)−m [6]. q = [q0, q1, · · · , qN ]T are the
coefficients of the polynomial

PN
n=0 qnzn and

z =
ka

x
. (17)

Transformation fromx to z was performed to overcome the neg-
ative orders ofx in the Hankel function expansion (13).

3.1. Low order radial notch filter

A simple first order notch filter can be applied for attenuating
near-field point-sources with little attenuation of other near-field
or far-field sources propagating from the same direction. Con-
sider a single notch atrs = r0 . The corresponding value ofz is
z0 = a

r0
yielding the first order polynomial

yN (z) = z − z0 . (18)

Figure 1 shows the radial notch filter given a notch atr0 =
0.1 m.

3.2. Dolph-Chebyshev radial filter

The Dolph-Chebyshev beampattern enables control over the
trade-off between side lobe level and main lobe width. In [4]
the directional beampattern was transformed into a radial design.
Applied along the radius of the array, the Dolph-Chebyshev
beampattern attenuates far-field interference given a desired
source close to the array surface. The radial filter coefficient
vector is:

d =
1

R
(C−1)T X0 t . (19)



Proc. of the 2nd International Symposium on Ambisonics and Spherical Acoustics May 6-7, 2010, Paris, France

10
−1

10
0

10
1

10
2

−100

−80

−60

−40

−20

0

r
s

N
or

m
al

iz
ed

 fi
lte

r 
[d

B
]

Figure 2: Radial Dolph-Chebyshev filter for suppressing far-
field interference.

Figure 3: Speech sources located in the same direction.

where d = [d0, d1, · · · , dN ]T . R, X0 and t are pre-
determined Dolph-Chebyshev design parameters[6]. Figure
2 shows the radial pattern of a second-order radial Dolph-
Chebyshev filter forR = 200.

4. RADIAL FILTERING SIMULATION

A simulation was performed to demonstrate near-field source
suppression using a radial notch filter and far-field source sup-
pression using a radial Dolph-Chebyshev filter. Two speech
sources located in the same direction relative to the array were
simulated (see Figure 3). The first speech source, uttering the
word ’one’, was located atrs1 = 0.1 m. The second speech
source, uttering the word ’two’, was located atrs2 = 1 m.
Given these source distances, source ’two’ is naturally attenu-
ated by a factor of 10 (20 dB). In order to emphasize radial filter
performance, source ’two’ was given a ten-times greater ampli-
tude. Source direction was chosen to be(θ, φ) = (π/2, 0).
Radial separation can be achieved for both signals spoken si-
multaneously. However, for display purposes, the signals are
displayed one after the other. Figure 4 shows the speech signals
as they would be picked up by a single microphone located at the
array center. The source distance is estimated using the method
of [1]. It was shown that, at low frequencies, the source distance
is approximately :

rL =
a

2

bs
0

bs
1

. (20)

0 0.2 0.4 0.6 0.8 1
−1

−0.8

−0.6

−0.4

−0.2

0

0.2

0.4

0.6

0.8

1

Time [sec]

Figure 4: The signals as they would be picked up by a single
microphone at the array center.
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Figure 5: Directional contour plot for source atrs1 = 0.1 m.

In terms of the spherical Fourier transform of the pressure, this
is equal to :

rL =

s
3

4
a2

|p00|2P1
m=−1 |p1m|2

. (21)

Given the theoretical point sources of the simulation, bothrs1

andrs2 were estimated exactly. Source direction was estimated
by applying a directional radial compensation filter [6]. Figure
5 shows a contour plot of the array output for source ’one’. The
equivalent plot for source ’two’ yields the same direction, but is
slightly wider.
In order to attenuate the distant source, ’two’, a Dolph-
Chebyshev filter can be applied. The radial Dolph-Chebyshev
filter appearing above in Figure 2 was used. The array output
appears in Figure 6. Source ’two’ has been significantly attenu-
ated.
In order to attenuate the near-field source ’one’ without compro-
mising source ’two’, a radial notch filter is applied. The radial
notch filter of Figure 1 is used. Figure 7 shows the array output.
This time, source ’one’ has been significantly attenuated.

5. NEAR-FIELD AUDIO ANALYSIS

In order to examine the possibility of applying the radial filters to
real speech, an experiment was carried out in an anechoic cham-
ber. Initially a wide-band chirp signal was played through an
omni-directional loudspeaker at various distances close to the
spherical microphone array (at the array surface, at 20cm, and
at 50cm). In order to separate between the actual signal and the
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Figure 6: Array output signal after radial Dolph-Chebyshev fil-
ter.
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Figure 7: Array output signal after radial notch filter.

spatial source model, the signal was estimated from the zero-
order spherical harmonic coefficient, using (6) and assuming a
point source :

ŝ(k) =
p00

bs
0Y

∗0
0(θs, φs)

. (22)

The radial sound field components,bs
n, were estimated using

b̂s
n(k, a, rs) =

pnm

ŝ(k)Y ∗m
n (θs, φs)

. (23)

In order to realize equation (12) given the source sound
field, the hn(krs) component was replacd by dividinĝbs

n by
i−(n−1)kbn(ka).The estimated sound field components were
compared to the theoretical sound field components of point
sources. Figure 8 shows the amplitude comparison for a source
20 cm from the array surface (rs = 0.284 m). The amplitude
is similar, but a phase shift exists which varies with the order,n,
and withkrs.

6. RADIAL FILTERING OF SPEECH

In the second experiment, a speaker was sampled uttering a se-
ries of digits between3 and90 centimeters from the array, in the
same direction. Due to the non-stationary nature of the speech
signals, Welch-based spectral averaging was used for estimating
the radial sound field components [10]. Assuming the source
distance to be unknown, the following process was performed:
(a) An initial guess of the source signal was taken using one of
the array microphones.
(b) b̂s

n was estimated given this source signal and equation (23),
and assumingrs = a.
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Figure 8: Amplitude of̂hn(krs) (solid) vs. hn(krs) (dashed)
for a source atrs = 0.284 m.

(c) r̂s was estimated from equation (20). Since a low frequency
is required, the fundamental frequency of the estimated signal is
used (in this experiment∼ 180 Hz). This limits the distance of
sources that can be estimated correctly, as can be seen from Fig-
ure 9. This figure shows the estimate of∆r̂s versus∆rs, where
the∆ signifies the distance from the array surface rather than the
distance from the array center.
(d) Estimation of̂bs

n is performed given̂rs.
Figure 10 shows the mode strength amplitude estimateĥn(kr̂s)
compared tohn(kr̂s). The estimate was similar for all sources.
In order to demonstrate radial filtering of speech, a radial notch
filter at the array surface was applied to the speech signals. Phase
was synthesized fromhn(kr̂s). The array output appears in
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Figure 9: Source distance estimation for speech signals between
3 and90 centimeters from the array surface.
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Figure 10: Amplitude of̂hn(kr̂s) (solid) vs. hn(kr̂s) (dashed)
for rs = 0.284 m.

Figure 11. The notch significantly attenuates near-field sources
relative to the far-field. Although this experiment did not fully
re-create the simulation scenario (simultaneous sources), it indi-
cates there is enough information which may be used for radial
separation of real speech signals.

7. CONCLUSION

A simulation and experiments were carried out to examine the
possibilities of using radial filters on real speech. Direction
estimation was performed using a radial compensation filter.
Then, existing methods for point source distance estimation were
adapted for real speech. Finally, radial sound field components
were estimated and used for demonstrating radial filtering. This
paper showed the point source assumption is acceptable for near-
field speech and demonstrated radial filtering on real speech sig-
nals.
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