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Abstract— This paper describes novel methods for diffuse
noise suppression using crystal-shaped microphone arrays. The
two-stage processing of the observed signals by the Minimum
Variance Distortionless Response (MVDR) beamformer and the
subsequent Wiener post-ﬁlter is effective for diffuse noise suppression and gives the Linear Minimum Mean Square Error
(LMMSE) estimator of the target signal. It is essential in this
framework to accurately estimate the power spectrogram and the
steering vectors of the target signal from the noisy observations.
Our methods diagonalize the spatial noise covariance matrix and
utilizes the denoised off-diagonal entries of the spatial covariance
matrix to accurately estimate the power spectrogram and the
steering vectors of the target signal. We employ crystal arrays,
certain classes of crystal-shaped array geometries, which make it
possible to diagonalize the unknown noise covariance matrix by
a constant unitary matrix regardless of its value as long as noise
meets an isotropy condition. It is shown through experiments
with simulated and real environmental noise that the proposed
methods outperform previous methods substantially for real
world noise and in the presence of reverberation.
Index Terms— Diffuse noise, microphone arrays, noise suppression, post-ﬁltering, reverberation.

I. I NTRODUCTION
UCH research has been devoted to microphone array
signal processing for noise suppression. Beamforming
techniques suppress noise mainly based on spatial information by forming directivity. The fundamental delay-and-sum
beamformer requires a aperture large enough compared to
the wavelength in order to form sharp directivity. Adaptive
beamformers such as the MVDR beamformer [1] effectively
suppress noise arriving only from a few point sources regardless of the aperture, by forming zeros in the directivity
pattern in the direction of the noise sources. However, they
do not sufﬁciently suppress diffuse noise arriving from many
directions, encountered, e.g. at cocktail parties or in vehicles.
Recently an approach of post-ﬁltering, i.e. time-frequency
masking at the output of a beamformer, has been studied [2]–
[11]. This framework is suitable for suppression of diffuse
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noise thanks to the time-frequency masking. Among all, it
has been shown by Simmer et al. [5] and Van Trees [12] that
the LMMSE estimate of the target signal is obtained by the
MVDR beamformer followed by a time-frequency mask called
the Wiener post-ﬁlter [5], [7], [11]. In the design of the Wiener
post-ﬁlter, it is essential to accurately estimate the power
spectrogram or equivalently the short-time autocorrelation
function of the target signal from the observed noisy signals
at the microphones.
Zelinski [2] proposed estimating the target autocorrelation
function from the inter-channel observation cross-correlation
functions, which are noise-free under the assumption that
noise components in different channels are uncorrelated. Since
the assumption is valid only when the distances between
microphones are large enough compared to the wavelength,
the method does not work well with a small-aperture array
or at low frequencies. Aiming at effective noise suppression
with a small-aperture array, McCowan et al. [7] proposed
estimating the target power spectrogram assuming that the
inter-channel noise coherences are known. This is the case
for some idealistic noise models such as spherically isotropic
noise model where uncorrelated noise waves with an equal
power spectrogram propagate in all directions and the coherence function is given by a sinc function [13]. However,
noise environments in the real world do not always obey
such idealistic models because of the distribution of the noise
sources, the room shape, the diffraction by a rigid mount,
etc. Consequently, the assumption of explicit values of noise
coherences may cause signiﬁcant errors in the estimation.
In this paper, we present a novel design of the Wiener postﬁlter [14], aiming at effective diffuse noise suppression in
the real world. Our design is based on diagonalization of the
spatial noise covariance matrix, i.e. noise decorrelation, and
estimation of the target power spectrogram using the denoised
off-diagonal entries of the spatial observation covariance matrix. Certain classes of symmetrical array geometries allow
us to diagonalize it in a blind manner by a constant unitary
matrix independent of its value, under an assumption related
to noise isotropy. Taking into account inter-channel noise
correlation and performing noise decorrelation, the proposed
method suppresses diffuse noise well even with small-aperture
arrays unlike Zelinski’s method. Besides, not assuming explicit
noise coherences but only isotropy, our method based on the
blind diagonalization has the potential of being robust against
deviation of noise from the sinc coherence model encountered,
e.g. when microphones are mounted on a symmetical object.
Although these methods for diffuse noise suppression as-
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sume that the steering vectors are known, their accurate
estimation from the observed signals is important for the
effective noise suppression in the real world, especially when
there is a high reverberation. In a general transfer function
generalized sidelobe canceller proposed by Gannot et al. [15],
normalized transfer functions are estimated on the assumption
that noise is stationary for a longer period compared to the
target signal. Methods proposed by Benesty et al. [16] and
Doclo et al. [17] manage to avoid the problem by calculating
a multichannel noise suppression ﬁlter using solely the spatial
covariance matrices of the observed signals and noise in order
to estimate the spatial image(s) of the target signal. In this
paper, we also present a method for the joint estimation of the
steering vectors and the short-time power spectra of the target
signal from the denoised off-diagonal entries of the spatial
observation covariance matrix. This is the main novelty of the
paper compared to our previous conference papers [14], [18],
[19].
We use the following notation throughout the paper. The
superscripts ∗ , T , and H denote complex conjugation, transposition, and Hermitian transposition, respectively. Signals
are represented in the time-frequency domain with τ and
ω representing the frame index and the angular frequency,
respectively. The cross-spectrum of scalar signals α(τ, ω) and
β(τ, ω) is denoted by

II. R EVIEW OF W IENER P OST- FILTERING T ECHNIQUES
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We assume that an array of M microphones receives a target
signal emitted from a point source in the presence of diffuse
noise and reverberation. Let s(τ, ω) be the target signal at a
reference microphone (let it be the ﬁrst microphone without
loss of generality in the following), and xm (τ, ω) and vm (τ, ω)
be the observed signal and the diffuse noise component at the
m-th microphone.
The target source is assumed to be static and the transfer
function from s(τ, ω) to xm (τ, ω) is denoted by hm (ω).
Therefore, our observation model is given by
xm (τ, ω) = s(τ, ω)hm (ω) + vm (τ, ω).

(5)

This equation can be rewritten in a vector form as
x(τ, ω) = s(τ, ω)h(ω) + v(τ, ω),

(6)

where x(τ, ω), h(ω), and v(τ, ω) are deﬁned as the column
vectors with the m-th entry equal to xm (τ, ω), hm (ω), and
vm (τ, ω), respectively.
We assume s(τ, ω) and v(τ, ω) to be uncorrelated zeromean random variables. Therefore, x(τ, ω) is regarded as a
zero-mean random vector whose covariance matrix is
Φxx (τ, ω) = φss (τ, ω)h(ω)hH (ω) + Φvv (τ, ω).

(7)

(1)

and the covariance matrix of a zero-mean random vector
γ(τ, ω) by

where E[·] denotes expectation. We

α1

αk

circ(α1 , α2 , . . . , αk ) ,  .
 ..


A. Observation Model
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ŝLMMSE (τ, ω) , φss (τ, ω)hH (ω)Φ−1
xx (τ, ω)x(τ, ω).
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We can show that the LMMSE estimator (9) is closely
related to the output of the MVDR beamformer given by
y(τ, ω) ,
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Of the linear estimators of s(τ, ω) of the form

the one minimizing the mean square error is given by [5],
[12]:
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B. Wiener Post-ﬁlter

hH (ω)Φ−1
xx (τ, ω)x(τ, ω)
.
hH (ω)Φ−1
xx (τ, ω)h(ω)

(10)

From this equation, the short-time power spectrum of y(τ, ω)
is given by
(4)

ζk

where ζk , ej2π/k .
The rest of the paper is organized as follows. Section II
reviews the Wiener post-ﬁlter and its previous designs. In
Section III, we describe the proposed method for designing
the Wiener post-ﬁlter and also the joint estimation of the
short-time power spectra and the steering vectors of the target
signal. In Section IV, ﬁve classes of array geometries which
enable the diagonalization of the noise covariance matrix
are presented. We show some results of experiments with
simulated and real environmental noise in Section V and
conclude in Section VI.

φyy (τ, ω) =

1

.
hH (ω)Φ−1
xx (τ, ω)h(ω)

(11)

Therefore, (9) is rewritten as follows [5], [12]:
ŝLMMSE (τ, ω) =

φss (τ, ω) hH (ω)Φ−1
xx (τ, ω)x(τ, ω)
· H
. (12)
φyy (τ, ω) h (ω)Φ−1
xx (τ, ω)h(ω)
| {z } |
{z
}
= y(τ, ω)
, p(τ, ω)

This means that ŝLMMSE (τ, ω) is obtained by post-processing
the MVDR beamformer’s output y(τ, ω) with the timefrequency mask p(τ, ω) called the Wiener post-ﬁlter. In the
design of p(τ, ω), it is crucial to accurately estimate the
numerator φss (τ, ω) from the noisy observed signals, whereas
the denominator φyy (τ, ω) can be easily estimated using the
beamformer output y(τ, ω).
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C. Zelinski’s Design of the Wiener Post-ﬁlter
Zelinski’s estimator of φss (τ, ω) is based on the assumption
of uncorrelated noise. Although Zelinski’s method [2] was
originally presented in the time domain, we describe here its
equivalence in the time-frequency domain for simplicity. Under the assumption, the interchannel cross-spectra of observed
signals are noise-free:
φxm xn (τ, ω) = φss (τ, ω)hm (ω)h∗n (ω) (m 6= n).

(13)

Solving Eq. (13) for φss (τ, ω) and averaging the result over
the microphone pairs, we obtain the estimator
X h φx x (τ, ω) i
2
m n
φ̂Zss (τ, ω) =
<
. (14)
M (M − 1) m<n hm (ω)h∗n (ω)
Here, hm (ω) in the denominator is assumed to have been
calculated based on e.g. planewave assumption.
On the other hand, the denominator φyy (τ, ω) of p(τ, ω) is
estimated by the following equation:
φ̂Zyy (τ, ω) ,

M
1 X
φx x (τ, ω).
M m=1 m m

(15)

The power/cross spectra φxm xn (τ, ω) in Eqs. (14) and (15)
can be estimated by, for example, averaging xm (τ, ω)x∗n (τ, ω)
temporally over several adjacent frames.
D. McCowan’s Design of the Wiener Post-ﬁlter
Instead of neglecting inter-channel noise correlation like
Zelinski’s method, McCowan’s estimator of φss (τ, ω) [7] is
based on the assumption that the inter-channel noise coherences are given. Here we present a slightly modiﬁed version
of McCowan’s method, which is more theoretically sound
as explained later. The assumption is based on the fact that
they are known for some ideal noise ﬁelds. For example, the
noise coherence between the m-th and n-th microphones in
spherically isotropic noise ﬁelds is
φvm vn (τ, ω)
p
φvm vm (τ, ω) φvn vn (τ, ω)
µ
¶
rmn ω
= sinc
,
c

γvm vn (τ, ω) , p

(16)
(17)

where rmn is the distance between the microphones, and c the
velocity of sound. It is also assumed that the short-time power
spectrum of noise is identical at all microphones, which is true
for spherically/cylindrically isotropic noise:
φv1 v1 (τ, ω) = · · · = φvM vM (τ, ω) =: φvv (τ, ω).

(18)

In this case, we have
φvm vn (τ, ω) = φvv (τ, ω)γvm vn (τ, ω),

(19)

and therefore
φxm xn = φss hm h∗n + φvv γvm vn .

(20)

Here we abbreviated the arguments τ and ω because of space
limitations. McCowan’s estimator of φss is obtained based on
solving the system of equations (20) for φss and averaging
the result over all microphone pairs, and is given by Eq.

3

(21) on the top of the next page. hm (ω) is assumed to have
been calculated as in Zelinski’s method. Zelinski’s estimator
φ̂Zyy (τ, ω) is used for the denominator of the post-ﬁlter.
Note that Eq. (21) differs slightly from the original version
proposed by McCowan et al., where the difference lies in
2
2
n (ω)|
. In this method, it is assumed
the term |hm (ω)| +|h
2
that the noise signals were aligned with respect to the target
signal, namely vm (τ, ω)/hm (ω), is spherically/cylindrically
isotropic [13], [20], which resulted in

µ
¶
rmn ω


(spherical),
φvv (τ, ω)sinc
φvm vn (τ, ω)
c¶
µ
=
(22)
lmn ω
hm (ω)h∗n (ω) 

(cylindrical).
φvv (τ, ω)J0
c
Here J0 (·) is the zeroth-order Bessel function of the ﬁrst
kind and lmn is the distance between the orthogonal projections onto the xy-plane of the m-th and n-th microphones.
1
However, the factor hm (ω)h
∗ (ω) caused by the alignment
n
changes the phase for the planewave case and both the phase
and the magnitude in general. The slightly modiﬁed version
presented here models the original noise signals vm (τ, ω) as
spherically/cylindrically isotropic, which results in Eq. (19).
Therefore, we have

µ
¶
rmn ω


(spherical),
φvv (τ, ω)sinc
c¶
µ
φvm vn (τ, ω) =
(23)
lmn ω


(cylindrical).
φvv (τ, ω)J0
c
This is theoretically sounder and resulted in much better results
in our experiments.
III. P ROPOSED M ETHOD
A. Our Model of Diffuse Noise
Focusing on the isotropic characteristics of diffuse noise,
we put the following two assumptions [14], [18], [19]:
1) The short-time power spectrum of noise at all microphones as in Eq. (18).
2) The inter-channel noise cross-spectrogram is identical for
all microphone pairs with an equal distance:
rmn = rkl ⇒ φvm vn (τ, ω) = φvk vl (τ, ω).

(24)

Note that McCowan’s method makes a stronger assumption
of 1) and Eq. (23).
B. Proposed Design of the Wiener Post-ﬁlter
Our design of the Wiener post-ﬁlter is based on the diagonalization of the noise covariance matrix. In the following, the
arguments τ and ω are often abbreviated. With U denoting
a unitary diagonalization matrix of Φvv , Eq. (7) can be
transformed into
U H Φxx U = φss U H hhH U + U H Φvv U .

(25)

Since U H Φvv U is diagonal, the off-diagonal entries of
U H Φxx U are noise-free as follows:
H
H
uH
m Φxx un = φss um hh un (m 6= n),

(26)
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·
·
¸
¸
φxm xn (τ, ω)
γvm vn (τ, ω)
φxm xm (τ, ω) + φxn xn (τ, ω)
<
<
−
X
2
hm (ω)h∗n (ω)
2
hm (ω)h∗n (ω)
¸
·
φ̂M
ss (τ, ω) =
2
2
M (M − 1) m<n
|hm (ω)| + |hn (ω)|
γvm vn (τ, ω)
1−
<
2
hm (ω)h∗n (ω)

(21)

where um denotes the m-th column of U . Deﬁning
H
x̃m (τ, ω) , uH
m x(τ, ω) and h̃m (ω) , um h(ω), this is
simpliﬁed to
φx̃m x̃n (τ, ω) = φss (τ, ω)h̃m (ω)h̃∗n (ω).

(27)

Since Eq. (27) is an overdetermined set of equations on
φss (τ, ω), we estimate it by minimizing the square error
X X
|φx̃m x̃n (τ, ω) − φss (τ, ω)h̃m (ω)h̃∗n (ω)|2 ,
J,

Fig. 1. Square array. Since r12 = r23 = r34 = r41 and r13 = r24 , the
spatial covariance matrix of isotropic noise becomes circulant for this array
geometry.

τ,ω m,n,m6=n

(28)
with respect to {φss (τ, ω)}τ,ω . Therefore the estimator is
given by
P
∗
m,n,m6=n <[φx̃m x̃n (τ, ω)h̃m (ω)h̃n (ω)]
P
φ̂ss (τ, ω) =
. (29)
P
2
2
m,n,m6=n |h̃m (ω)| |h̃n (ω)|
On the other hand, the estimate φ̂Pyy (τ, ω) of φyy (τ, ω)
is calculated by averaging |y(τ, ω)|2 temporally over several
adjacent frames. Additionally, based on the knowledge that
p(τ, ω) lies in the range 0 to 1, we restrict its estimate p̂P (τ, ω)
in the range by post-processing it in the following way:
(
p̂P (τ, ω) ← 0, if p̂P (τ, ω) < 0,
(30)
p̂P (τ, ω) ← 1, if p̂P (τ, ω) > 1.
C. Blind Noise Decorrelation
There still remains a problem of obtaining a diagonalization matrix U because Φvv is normally unknown. Spherically isotropic noise, which results from the superposition
of planewaves of an equal power from all directions in free
ﬁeld, can be decorrelated via spherical harmonic decomposition [21]. However noise is not always spherically isotropic,
because of the distribution of the noise sources, the room
shape, the diffraction by a rigid mount, etc.
We take another approach which can decorrelate larger
class of noise satisfying the isotropy assumptions 1) and 2)
in Section III-A. We found out that, under these assumptions, there exist some classes of arrays such that Φvv is
diagonalized by a constant unitary matrix independent of its
value [18], [19]. We refer to such diagonalization as Blind
Noise Decorrelation (BND) because it does not require the
knowledge of the explicit value of Φvv and the diagonalization
of Φvv means the decorrelation of noise. Not assuming
explicit noise coherences but only isotropy, our method has
the potential of being robust against deviation of noise from
the sinc coherence model encountered, e.g. when microphones
are mounted on a symmetical object.
As an example of BND, consider a 4-element array with
its microphones at the vertices of a square (Fig. 1). From

assumption 1), we have
φv1 v1 = φv2 v2 = φv3 v3 = φv4 v4 =: α.

(31)

Furthermore, we have, from assumption 2),
φv1 v2 = φv2 v1 = φv2 v3 = φv3 v2 = · · · = φv1 v4 =: β, (32)
φv1 v3 = φv3 v1 = φv2 v4 = φv4 v2 =: γ,

(33)

because of r12 = r23 = r34 = r41 and r13 = r24 .
Consequently, Φvv has the following structure: Φvv =
circ(α, β, γ, β). Being a circulant matrix, it is diagonalized
by the 4 × 4 DFT matrix F4 for any values of α, β, and γ.
D. Joint Estimation of the Short-time Power Spectra and the
Steering Vectors
Aiming at robust diffuse noise suppression in reverberant
environments, we present here a method for joint estimation
of h(ω) and φss (τ, ω) from the denoised off-diagonal entries
of the observation covariance matrix.
Our idea consists in minimizing J in Eq. (28) with respect to
{h̃m (ω)}m and {φss (τ, ω)}τ,ω . Equating the complex partial
derivatives of J with respect to φss (τ, ω) and hk (ω) (k =
1, 2, . . . , M ) to zero we have Eq. (29) and
P
P
τ φss (τ, ω)
m,m6=k φx̃k x̃m (τ, ω)h̃m (ω)
¸·
¸ . (34)
h̃k (ω) = ·
P
P 2
2
|
h̃
(ω)|
φ
(τ,
ω)
m
m,m6=k
τ ss
Note here that, without any constraint on φss (τ, ω) or
h̃m (ω), there is scale indeterminacy between them, because
replacing {φss (τ, ω)}τ with {Kφss (τ, ω)}τ and {h̃m (ω)}m
with { √1K h̃m (ω)}m (K: arbitrary positive number) does not
change the value of J. Because the signal s(τ, ω) that we
are trying to estimate is the target signal observed at the
ﬁrst microphone, the transfer function h1 (ω) from s(τ, ω) to
x1 (τ, ω) is unity:
h1 (ω) = 1.
(35)
By deﬁnition, h1 (ω) is written as
h1 (ω) =

M
X
m=1

u1m h̃m (ω),

(36)
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where u1m denotes the (1, m)-entry of U . From these equations, we have
M
X
(37)
u1m h̃m (ω) = 1.
m=1

We use this equation to solve the indeterminacy.
Consequently, the joint estimation consists in iterating the
following updates alternately:
P
ˆ∗ ˆ
m,n,m6=n <[φx̃m x̃n (τ )h̃m h̃n ]
φ̂ss (τ ) ←
,
(38)
P
ˆ 2
ˆ 2 h̃
|
h̃
|
|
|
n
m
m,n,m6=n
P
P
ˆ
τ φ̂ss (τ )
m,m6=k φx̃k x̃m (τ )h̃m
ˆ
¸·
¸ , k = 1, 2, . . . , M,
h̃k ← ·
P
P 2
ˆ |2
h̃
φ̂
(τ
)
|
m
m,m6=k
τ ss
(39)
ˆ←
h̃
PM

ˆ
h̃

m=1

ˆ
u1m h̃m

,

(40)

ˆ
where the last updating rule scales h̃ so that it satisﬁes the
ˆ
constraint (37). h̃ can be initialized with e.g. the planewave
model. Here, we omitted the variable ω to save space because
the above update is performed separately in each frequency
ˆ
bin. The estimate of h(ω) is obtained by ĥ(ω) = U h̃(ω).
ĥ(ω) is used to design the MVDR beamformer and φ̂ss (τ, ω)
is used to design the Wiener post-ﬁlter. φyy (τ, ω) is estimated
as explained in Section III-B using the output of the MVDR
beamformer designed using ĥ(ω).
IV. F IVE C LASSES OF A RRAYS FOR BND
In this section, we show that BND is enabled by ﬁve
classes of crystal-shaped arrays comprising 1) regular polygonal arrays, 2) (twisted) rectangular arrays, 3) (twisted) regular
polygonal prism arrays, 4) rectangular solid arrays, and 5)
regular polyhedral arrays (see Fig. 2). We refer to these arrays
as crystal arrays.
We use the property of circulant matrices that
circ(α1 , α2 , . . . , αk ) is diagonalized by Fk , regardless
of the values of α1 , α2 , . . . , αk ∈ C [22].

where C1 and C2 are 2 × 2 circulant matrices. It is diagonalized by
"
#
1 F2 F2
F2 ⊗ F2 = √
,
(43)
2 F2 −F2
where ⊗ denotes the Kronecker product. This can be easily
shown using the following equation:
"
#
"
#
1 0
0 1
Φvv =
⊗ C1 +
⊗ C2 ,
(44)
0 1
1 0
and the following properties of the Kronecker product [22]:

A. Regular Polygonal Arrays
A regular M -gonal array is an array with the microphones at
the vertices of a regular M -gon. If we number the microphones
as in Fig. 2, Φvv has the following structure:
Φvv = circ(α0 , α1 , α2 , . . . , α2 , α1 ).

Fig. 2.
Examples of crystal arrays for blind noise decorrelation: (from
the top-left) a regular pentagonal array (belonging to the regular polygonal
arrays), a regular hexagonal prism array (belonging to the regular polygonal
prism arrays), a twisted square prism array (belonging to the twisted regular
polygonal arrays), a rectangular array, a regular tetrahedral array (belonging
to the regular polyhedral arrays), a regular dodecahedral array (belonging to
the regular polyhedral arrays), a rectangular solid array, a regular icosahedral
array (belonging to the regular polyhedral arrays), and a regular octahedral
array (belonging to the regular polyhedral arrays).

(41)

Therefore, it is diagonalized by FM .

(A ⊗ B)H = AH ⊗ B H ,
(A ⊗ B)(C ⊗ D) = (AC) ⊗ (BD).

(45)
(46)

The above discussion also holds true for a rectangular array
twisted about one of its mirror symmetry axes by any angle
because this deformation does not change the structure of Φvv
in Eq. (42).

B. (Twisted) Rectangular Arrays
A rectangular array is an array with the microphones at the
vertices of a rectangle. If we number the microphones as in
Fig. 2, Φvv has the following structure:
"
#
C1 C2
Φvv =
,
(42)
C2 C1

C. (Twisted) Regular Polygonal Prism Arrays
A regular M/2-gonal prism array (M : even positive integer)
is an array with the microphones at the vertices of a regular
M/2-gonal prism. If we number the microphones as in Fig 2,
Φvv has the same structure as in Eq. (42) with C1 and C2
being in turn M/2 × M/2 circulant matrices of the following
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forms:
C1 , circ(α0 , α1 , α2 , . . . , α2 , α1 ),

(47)

C2 , circ(β0 , β1 , β2 , . . . , β2 , β1 ).

(48)

Hence, Φvv is diagonalized by
"
1 FM/2
F2 ⊗ FM/2 = √
2 FM/2

FM/2

#

−FM/2

,

(49)

just as in the case of the rectangular array.
A regular M/2-gonal prism twisted about its rotation symmetry axis by 2π/M (i.e. regular M/2-gonal antiprism) is also
allowable. In this case, if we number the microphones as in
Fig 2, Φvv has the structure of Eq. (41), and therefore it is
diagonalized by FM .
D. Rectangular Solid Arrays
A rectangular solid array is an array with the microphones
at the vertices of a rectangular solid. If we number the
microphones as in Fig 2, Φvv has the following structure:


C1 C2 C3 C4


C2 C1 C4 C3 
,

(50)
Φvv = 

C3 C4 C1 C2 
C4 C3 C2 C1
with Ck being 2 × 2 circulant matrices.
diagonalized by

F2 F2
F2

1 F2 −F2 F2
F2 ⊗ F2 ⊗ F2 = 
2
F2 F2 −F2
F2 −F2 −F2

Hence, Φvv is
F2




−F2 
,
−F2 

F2

(51)

just as in the case of the rectangular array.
E. Regular Polyhedral Arrays
A regular polyhedral array is an array with the microphones
at the vertices of a regular polyhedron. A regular tetrahedral
array is a twisted rectangular array, a regular octahedral array
a twisted equilateral triangular prism array, and a regular
hexahedral (cubic) array a rectangular solid array. Therefore,
only regular icosahedral and dodecahedral arrays are left to be
discussed in the following.
For an icosahedral array, if we number the microphones as
in Fig. 2, Φvv has the following structure:


C1 C2 C3 C4


C2 C5 C6 C3 

,
Φvv = 
(52)

C3 C6 C5 C2 
C4 C3 C2 C1
with Ck being 3 × 3 circular matrices of the following forms:
C1 = circ(a, b, b),

C2 = circ(c, b, b),

(53)

C3 = circ(b, c, c),
C5 = circ(a, c, c),

C4 = circ(d, c, c),
C6 = circ(d, b, b).

(54)
(55)

We found out that

F3


F
1 3
2
F3
F3

Φvv is diagonalized by
F3

F3 P3+

−F3

−F3 Q3+

−F3

F3 Q3+

F3

−F3 P3+

F3 P3−




−F3 Q3− 
,
F3 Q3− 

−F3 P3−

(56)

where

µ
¶
1
1
1
P3± , diag p
,p
,p
,
4g± + 3
g± /2 + 1
g± /2 + 1
(57)
µ
¶
g±
2g± + 1
g±
,p
Q3± , diag p
,p
,
4g± + 3
g± /2 + 1
g± /2 + 1
(58)
√
1± 5
g± ,
.
(59)
2
On the other hand, for a dodecahedral array, if we number the
microphones as in Fig. 2, Φvv has the same structure as in Eq.
(52) with Ck being 5 × 5 circular matrices of the following
forms:
C1 = circ(a, b, c, c, b),

C2 = circ(b, c, d, d, c),

(60)

C3 = circ(e, d, c, c, d),
C5 = circ(a, c, e, e, c),

C4 = circ(f, e, d, d, e),
C6 = circ(f, d, b, b, d).

(61)
(62)

We found out that Φvv is diagonalized by


F5 P5+
F5 P5−
F5 Q5+
F5 Q5−



1
F5 R5+ −F5 R5− −F5 S5+ −F5 S5−  ,

2 F5 R5+ −F5 R5−
F5 S5+
F5 S5− 

F5 P5+
F5 P5−
−F5 Q5+ −F5 Q5−

(63)

where the matrices P5± , Q5± , R5± , and S5± are deﬁned in
Eqs. (64)–(67) at the top of the next page.
We have neither proved that the ﬁve classes presented here
are the only geometries enabling BND nor found any other
one. A method for judging whether a given array geometry
enables BND was described in [23].
V. E XPERIMENTS AND R ESULTS
We conducted some experiments with simulated and realworld noise in order to demonstrate the effectiveness of
the proposed methods. We examined the performance of
the MVDR beamformer and the proposed, Zelinski’s, and
McCowan’s methods. Each post-ﬁlter was preceded by the
MVDR beamformer. The observed signals were analyzed by
STFT, where the frame length and the frame shift were
512 and 32, respectively, unless otherwise noted, and the
Hamming window was used. We calculated Φxx for the beamformer (10) by averaging x(τ, ω)xH (τ, ω) temporally over all
frames. On the other hand, Φxx (τ, ω) and φxm xn (τ, ω) for
the post-ﬁlters were calculated by averaging x(τ, ω)xH (τ, ω)
and xm (τ, ω)x∗n (τ, ω) temporally over 16 consecutive frames
unless otherwise noted, where we can reasonably assume
signal stationarity.
We used an output Signal-to-Noise Ratio (SNR), Signal
Distortion (SD), and Noise Reduction (NR), to evaluate the

ITO et al.: DIFFUSE NOISE SUPPRESSION USING CRYSTAL-SHAPED MICROPHONE ARRAYS

µ
¶
2
2
2
2
P5± , diag 1, p
,p
,p
,p
6g∓ + 6
6g± + 6
6g± + 6
6g∓ + 6
µ
¶
1
2
2
2
2
Q5± , diag p
,p
,p
,p
,p
4g± + 3
2g± + 4
2g± + 4
2g± + 4
2g± + 4
µ
¶
2
2
2
2
2g
2g
2g
2g
R5± , diag 1, p ∓
,p ±
,p ±
,p ∓
6g∓ + 6
6g± + 6
6g± + 6
6g∓ + 6
µ
¶
2g± + 1
2g±
2g±
2g±
2g±
,p
,p
,p
,p
S5± , diag p
4g± + 3
2g± + 4
2g± + 4
2g± + 4
2g± + 4
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(64)
(65)
(66)
(67)

overall performance, target distortion, and noise reduction,
respectively. Let
h
s , s(0) s(1) · · ·
h
ŝ , ŝ(0) ŝ(1) · · ·

iT
s(N − 1) ,
iT
ŝ(N − 1)

(68)
(69)

be the vectors comprising the samples in the target signal s(t)
and its estimate (the output of a noise suppression algorithm)
ŝ(t), respectively. The output SNR is
20 log10

kŝk k2
,
kŝ⊥ k2

(70)

Fig. 3. The output SNR of the proposed method presented in Section III-B
with various array geometries in simulated diffuse noise ﬁelds. (Input SNR:
0dB.)

where the vectors ŝk and ŝ⊥ are the components of ŝ parallel
and perpendicular to s, respectively:
A. Performance of Different Crystal Array Geometries
ŝT s
s,
ŝk ,
ksk22
ŝ⊥ , ŝ − ŝk .

(71)
(72)

The use of SD and NR is aimed to separately evaluate
target cancellation and noise reduction. The output of a noise
suppression multichannel ﬁlter w(τ, ω) is decomposed into the
signal-originated component s0 (τ, ω) and the noise-originated
component v 0 (τ, ω) as follows:
wH (τ, ω)x(τ, ω) = wH (τ, ω)c(τ, ω) + wH (τ, ω)v(τ, ω), (73)
|
{z
} |
{z
}
0
0
s (τ, ω)
v (τ, ω)
where c(τ, ω) is the column vector whose m-th entry is the
target signal observed at the m-th microphone. Using these
signals s0 and v 0 , SD and NR are deﬁned as follows:
SD , 10 log10

PN −1

0

{s (t) − s(t)}
,
PN −1 2
t=0 s (t)

t=0

PN −1

t=0
NR , 10 log10 PN
−1
t=0

v12 (t)
v 02 (t)

2

,

(74)
(75)

which are basically equivalent to criteria proposed in ref. [24]
except that these are deﬁned for broadband signals in the time
domain. For the output SNR and NR, a higher value means
better performance, whereas a lower value of SD means better
performance.

First we examine the performance of the post-ﬁlter proposed in Section III-B for different crystal array geometries.
The array diameter was assumed to be 5 cm. We simulated
the observed signals at the microphones assuming anechoic
planewave propagation. The target speech arrived from a
known direction (azimuth φ = 60◦ ; zenith angle θ = 90◦ ),
and distinct speech interferences arrived from 64 randomly
chosen directions. The speech ﬁles were taken from the ATR
Japanese speech database [25]. We considered two types of
diffuse noise:
•

•

2D diffuse noise, where the noise directions were chosen randomly from the region (θ, φ) ∈ [70◦ , 110◦ ] ×
[0◦ , 360◦ ].
3D diffuse noise, where the noise directions were chosen
randomly from the region (θ, φ) ∈ [0◦ , 180◦ ]×[0◦ , 360◦ ].

The input SNR at the ﬁrst microphone was adjusted to 0 dB.
The duration of the observed signals was 4 s, and the sampling
frequency was 16 kHz. We assumed the steering vectors to be
given.
Fig. 3 shows the output SNR averaged over two (male
and female) speakers for different crystal array geometries
and different noise types. We can see that all geometries
worked. The output SNR did not increase so much with an
increasing number of microphones. However, the use of more
microphones may be beneﬁcial when, for example, there are
strong directional noise sources because more nulls can be
formed.
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Fig. 4. Average diagonal ratios before and after BND as a function of the
frequency (environment: station square).

B. Comparison between Proposed and Conventional Methods
(Anechoic Case)
Next we compare the performance of the proposed method
presented in Section III-B and the previous methods for realworld noise. We fabricated a square array with a diameter of
5 cm and recorded noise in Tokyo in a station square, in a platform, on a train, in a station building, and at an intersection.
We used electret-type microphones (SONY ECM-C10) and a
multi-channel input board with microphone ampliﬁers (Tokyo
Electron Device TD-BD-8CSUSB). The noise was recorded at
the sampling frequency of 44.1 kHz, and then down-sampled
to 16 kHz. The target components observed at the microphones
were simulated by a spherical wave assumption. The observed
signals were obtained by adding the noise recording and the
simulated target components. The duration of the observed
signals was 10 s. As the model of inter-channel noise coherences for McCowan’s method, the cylindrically isotropic
model was used, which always resulted in a better result than
the spherically isotropic model in our experiments. The other
conditions were the same as those in Section V-A.
To demonstrate the effectiveness of BND for real-world
noise, we deﬁne a diagonal ratio of Φvv (τ, ω) as
PM
m=1 |φvm vm (τ, ω)|
.
(76)
PM PM
m=1
n=1 |φvm vn (τ, ω)|
The diagonal ratio of the noise covariance matrix after BND
U H Φvv (τ, ω)U is deﬁned in the same manner. The diagonal
ratio lies in the range 0 to 1 and equals 1 if and only if the
matrix is perfectly diagonal. The average diagonal ratio is
then deﬁned by the temporal average of the diagonal ratio.
Fig. 4 plots the average diagonal ratio before and after BND
as a function of the frequency for noise in the station square.
The results for the other environments were similar. We can
see that the average diagonal ratio increased through BND,
which shows its effectiveness for real-world noise.
Then we examine the overall performance of the methods.
The output SNRs, NRs, and SDs of the methods for each environment are shown in Fig. V-B. We see that Zelinski’s method
causes little target distortion but does not suppress noise well.
In contrast, McCowan’s method reduced noise signiﬁcantly
but at the cost of much target distortion, likely because of

(b) noise reduction

(c) signal distortion
Fig. 5. Performance comparison of the algorithms using objective measures
for several environments.

mismatch between the assumed and the actual coherences. On
the other hand, the proposed method suppressed noise well
with less target distortion, and consequently gave a highest
overall SNR value among all methods in most cases. The
only exception was that it was outperformed by Zelinski’s
method slightly in terms of the output SNR for the platform
noise, which was not very isotropic because there was a loud
announcement during recording. These results show that the
proposed method suppresses diffuse noise without causing
much distortion.
C. Comparison between Proposed and Conventional Methods
(Echoic Case)
Finally we consider the echoic case. We examined
• The MVDR beamformer, Zelinski’s and McCowan’s
post-ﬁlters, and the proposed post-ﬁlter presented in
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Section III-B. The steering vectors were calculated on
the assumption of spherical wave propagation.
• The MVDR beamformer and post-ﬁltering method using
the short-time power spectra and the steering vectors
estimated jointly by the method in Section III-D.
The target signals at the microphones were simulated
via the image method [26]. (We used a matlab code
”roomsim single.m” written by Vincent [27].) The dimension
of the room was assumed to be 7 × 5 × 3 m, the array to be
situated at the center of the room, and the distance between
the target source to the array centroid to be 1 m (azimuth
φ = 60◦ ; zenith angle θ = 90◦ ). The noise recorded in
the station building was used. The frame length was 1024,
frame shift was 32, and the interchannel cross-spectra of the
observed signals were calculated using consecutive 32 frames.
The joint estimation method was initialized with the steering
vectors based on the spherical wave model. The number of
iterations was 1000. Fig. 6 plots the output SNR as a function
of the reverberation time RT60 . We altered the reverberation
time to desired values by adjusting the absorption coefﬁcients
of the walls. In the presence of reverberation, the methods
using the steering vectors estimated by the method worked
signiﬁcantly better than those with spherical wave steering
vectors. For extremely high reverberation times, the proposed
post-ﬁlter was inferior to the MVDR beamformer. This is
likely because the proposed post-ﬁlter reduces more the transframe reverberation compared to the beamformer. This result
clearly shows the effectiveness of the joint estimation method
for diffuse noise suppression in reverberant environments.
VI. C ONCLUSION
This paper described a new design of the Wiener postﬁlter for diffuse noise suppression using the crystal arrays.
Our design is based on diagonalization of the spatial noise
covariance matrix and estimation of the short-time power
spectra of the target signal using the denoised off-diagonal
entries of the spatial observation covariance matrix. The crystal
arrays make it possible to diagonalize any covariance matrix
of isotropic noise by a constant unitary matrix. The crystal
arrays comprise 1) regular polygonal arrays, 2) (twisted)
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rectangular arrays, 3) (twisted) regular polygonal prism arrays,
4) rectangular solid arrays, and 5) regular polyhedral arrays.
We presented a constant unitary diagonalization matrix for
BND for each class. Through experiments using real-world
noise, it was shown that the proposed method works better
than Zelinski’s and McCowan’s post-ﬁlter.
Furthermore, we presented a method for the joint estimation
of the steering vectors and the short-time power spectra of
the target signal from the denoised off-diagonal entries of
the spatial observation covariance matrix aiming at effective
diffuse noise suppression in reverberant environments. The
experimental result showed that the proposed post-ﬁltering
method and the MVDR beamformer using the estimated
steering vectors worked substantially better than methods
using the spherical wave steering vectors in the presence of
reverberation.
Since the proposed approach assumes that there is only one
directional sound, the performance may degrade when there
are more than two strong directional sounds. Therefore the
future work includes the generalization of the approach to the
case of multiple directional sounds.
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