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Background and Objectives: One major problem in the minimum power
distortionless response (MPDR) beamformer is the signal cancellation
problem, i.e., the desired signal is canceled by the reflected signal, even
though the distortionless response constraint is satisfied. Solving this
problem is the objective of this paper.

Methods: It is well known that the signal cancellation problem can be
avoided by minimizing the cross-spectrum matrix of noise, i.e., using the
minimum variance distortionless response (MVDR) beamformer. But, in the
case of disturbance signals which have correlation with the desired signal,
estimation of this matrix is a challenging problem. In this paper we propose
an approach for estimating the cross-spectrum matrix of noise signal from
which we can solve the signal cancellation problem.

Results: Simulation examples show that using the proposed method we can
bypass the signal cancellation problem completely.

Conclusion: A common belief is that in the case of a disturbance that is a
reflected version of the desired signal, due to cohesive appearance and
disappearance of both the disturbance and the desired signal, the estimation
of cross-spectrum matrix of noise signal is typically not possible in practice.
So, based on this common belief, we can’t use the MVDR beamformer in this
case. In this paper we show that this common belief is a fault. We propose a
general approach for estimating the cross-spectrum matrix of noise signal
that is applicable even in the case of correlated disturbances.

©2021 JECEI. All rights reserved.

Introduction

spatial filter. This filter forms the beam that looks at a
desired direction, so it is called beamformer [1], [2], [3],

Spherical microphone array is a type of microphone
arrays that has a spherical structure in which
microphones are placed on a sphere surface. This kind of
microphone arrays has been an interesting field of study
for the past decade [1], [2], [3], [4], [5], [6]. The
microphone array produces an output signal with some
desired properties from the microphones input signals.
One such desired property is to enhance signal coming
from a particular direction and to weaken signhals coming
from other directions, therefore forming a directional, or

Doi: 10.22061/JECEI.2021.7640.415

[7]. Noise minimization bemformer is one important
type of beamformer in which the beam pattern is
adapted to the actual sound field.

This beamformer discerns the desired signal from the
noise and, therefore achieves better performance in
real, and noisy sound fields. When the noise field is not
perfectly diffuse, the optimality of the beamformers
which are optimal in decreasing noise due to diffuse
sound field, such as maximum directivity beamformer, is
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not maintained any more [1]. In this case an optimum
beam pattern, adapted to the true measured noise,
should be constructed. The minimum power
distortionless response (MPDR) is one such a
construction in which the beam pattern is restricted to
be unity in the look direction, meanwhile the power of
the array output is minimized [1], [2]. The MPDR
beamformer is beneficial especially when the desired
signal propagates with a plane wave coming from the
look direction, and all other signals considered as noise
that to be minimized.

One of the main problems in the MPDR beamformer
is signal cancellation [1], [8], [9], [10], [11], [12], [13].
This problem occurs when the disturbance signals
contain some signals that have correlation with the
desired signal. For example, whenever the desired signal
being reflected from neighboring surfaces such as walls
in a room, signal cancellation may happen. So, these
disturbance signals are the weakened and phase shifted
versions of the desired signal. The signal cancellation
means that, in place of retaining the desired signal
unchanged and weakening the disturbances, the
distortionless response constraint in the look direction is
satisfied by the beamformer, but then it uses the
correlated disturbances to remove the desired signal via
minimizing the cross-spectrum matrix of the overall
signal that involves contributions from both [1].

One approach to overcome the signal cancellation
problem is by introducing nulls at the directions of the
disturbances through additional constraints. The linearly
constrained minimum variance (LCMV) beamformer
employs this approach [14], [15], [16]. Although the null
is obtained irrespective of the characteristic of
disturbance signals, we need to determine the arriving
direction of the disturbances in the LCMV beamformer.
On the other hand, in the MPDR beamformer the nulls in
the direction of disturbances are achieved via minimizing
the cross-spectrum matrix of the overall signal, and as
we have mentioned above, if the disturbance has
correlation with the desired signal, MPDR design is
remarkably degraded, due to signal cancellation [1].

Another approach to avoid the signal cancellation
problem is by minimizing the cross-spectrum matrix of
the noise. This approach is called minimum variance
distortionless response (MVDR) beamforming [1], [17],
[18]. Estimation of this matrix in presence of correlated
disturbance is a challenging problem. For example, a
common belief is that in a situation where a disturbance
is a reflected form of the desired signal, due to cohesive
appearance and disappearance of both the disturbance
and the desired signal, estimation of cross-spectrum
matrix of the noise signal is typically not possible in
practice. So, based on this common belief, we cannot
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use the MVDR beamformer in this case for the purpose
of solving the signal cancellation problem.

In this paper we show that this common belief is a
fault. We propose a general approach for estimating the
cross-spectrum matrix of noise signal that is applicable
even on situation of correlated disturbance. For that, at
first we determine the amplitude densities and arrival
directions of the disturbance signals from which we can
estimate the cross-spectrum matrix of overall noise.
Then, using this matrix we are able to bypass the signal
cancellation  problem  effectively using MVDR
beamformer equipped with this matrix. Note that, it is in
contrast to the classical MVDR beamformer in which we
don’t need to specify the arriving direction of
disturbance signals.

This paper is organized as follows. The second section
reviews the spherical array processing fundamentals.
The third section presents the proposed method for
solving the signal cancellation problem. Simulation
examples are presented in the fourth section, and the
end section concludes the paper.

Spherical Array Processing

This section shortly explains the theory of spherical
microphone array processing [1], [4], [19], [20]. The
formulation provided in this section will be utilized in the
following sections to develop the proposed method.

A. Array processing in Spherical Harmonic Domain

Consider a sound field composed of multiple “single
frequency plane wave” each with amplitude density
denoted by a(k, 6, ¢) arriving from direction (0, ¢;)
with a wave vector k= —k = (k, 8, ¢;) and wave
number k. The sound pressure at r = (1,6, ¢) due to
this sound field can be written as follows [1]

pr6.9)=) D pumnV @) W

n=0m=-n

where p,.,(k,7) are the spherical harmonic coefficients
of the sound pressure, and Y;"(0, ¢) are the spherical
harmonics.

The relation between the amplitude of the plane
waves producing the sound field and the pressure on the
sphere in the spherical harmonic domain is

Prum (k, 1) = by (kr)anm (k), (2)

where a,,,(k) is the spherical Fourier transform of
a(k, 0y, ¢y), i.e.,

o (K)
- f f a(k, 6, LY B 1" sin 6 dB,depy, (3)
0 0

and b, (kr) defines the projection of the sound field
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onto the surface of sphere. The expression for b, (kr)
depends on the array configuration. For example, in the
case of a single open sphere, we have

b, (kr) = 4mi™j, (kr), (4)

where j,(x) is the spherical Bessel function of the first
kind [1].

In the case of order-limited pressure function, we
have p,m(k,7) =0 Vn > N, so we can represent the
function by a limited number of spherical harmonics and

we have
N

n
PT,0,8)= D > punl IV (0, 9). (5
n=0m=-n
Equation (1) is, in fact, the inverse spherical Fourier
transform of the pressure function [5]. So, we have

21 b
D = f f p(0,®)Y" O, )" sin 6d6d, ()
0 0

which is the spherical Fourier transform of p(6,¢). For
simplicity, we omitted the parameters k, r.

According to the Cubature method, it can be possible
to compute the multiple integrations of a specified
function using a summation over samples of that
function [1]. So,

Q

Pam = ) @qp O, O, A" = P, o)

q=1

where @Q is the total number of samples and «, is the
sampling weight whose value depends on the sampling
method. The approximation becomes equality for order-
limited function provided a sufficiently large Q. In this
case, using the inverse spherical Fourier transform,
p(6,®) can be reconstructed perfectly on the sphere.
But, in the case of p,,,, of infinite order, due to aliasing,
perfect reconstruction is not possible [4], [21], [22], [23],
[24].

Several sampling methods, such as Gaussian, equal-
angle, and uniform sampling, have been previously
presented [4], [25], for which the sampling points
(Hq, ¢q) and sampling weight a, have been derived such
that for order-limited functions (7) is maintained with
equality. Due to some constraints, we may want to use
any arbitrary given sampling set. So, Assume that the
samples of the function, p(Hq,¢q), are given, together
with the positions of the samples, (Oq,d)q), for
q =1,...,0Q.Using (5) we have

N n
p(8q, ¢q) = Z Z Prm¥a (05, 04),1<q<Q  (8)

n=0m=-n

Equation (8) may be written in matrix form as

P = YPum, (9)

where vectors p of length Q and py,y, of length (N + 1)2
are defined as

p= [P(gp $1), (62, ¢2), .--,p(QQ, ¢Q) ]T (10)
and
Pom = [Pooi P1(-1), P10, P11, ---'PNN]T' (11)

and the matrix Y of dimensions Q x (N + 1)? is given by
Y =

[ (B d1) Yi'(Bnp) YP(01,01) Yi'(61 1) Y (61,01

(100 KOt B0 KO0 W)
[Y0(6g 60) Y'(Bgdg) Y00 00) ViBpbe) - Yi(6gdo)l
(12)

Equation (9) is called inverse discrete spherical

Fourier transform [26]. Also,

Pom = YTP, (13)

is called discrete spherical Fourier transform, where
Yt = (YPY)~1Y" is the pseudo-inverse of Y. Generally,
the discrete spherical Fourier transform may be written
as

Pum = SP (14)

In the situation of a general sampling, matrix S is
given by S = Y1, in the situation of Gaussian and equal-
angle sampling methods is given by S = Y diag(a),

T . .
aQ] holds the sampling weights,
and for nearly uniform and uniform sampling methods is

where a = [ao, A, ey

givenby S = %IYH .

B. Spherical Array Beamforming

Array equations or beamforming equations is as
follows [1], [4], [25], [27], [28], [29],

21 T
y = J- J- w* (k,0,d)p(k,r,0,d)sin 0dOd¢p
0 0

=i Z Wi ()P ().
n=0m=-n

(15)

where w*(k, 8, ¢) are the beamforming coefficient. The
standard discrete form of beamforming in the space
domain is

y =w'p, (16)

where p is as (10) with a little modification in notation
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p = [p(R), P2 (K), .. Do () | (17)

with p, (k) = p(k,r, Qq,d)q), q=1,..,0, and w is the
Q % 1 weight vector as follows

w = [wy (k), wy (k), ..., wo (k)] (18)

Assuming wp,, =0 ¥Yn > N, the discrete form of
beamforming in spherical harmonic domain is as

Y = WimPom, (19)
where the (N + 1)? X 1 vector Wy, is given by

wnm
= [Woo (), Wy 1y (), Wi (), Wiy () .y wyw (K) |

(20)

and the (N + 1)2 X 1 vector py, is given by

pnm
T
= [Poo(k, ), P1(-1) (k,7),010(k, 7), o, DN (K, T) ]

(21)

In these equations p,,(k) and w,,,(k) are the
spherical Fourier transform of p(k,7,0,¢) and
w(k,8,®) respectively and N is called the effective
order of the array.

The output of the array due to a unit-amplitude
plane-wave, i.e, array beam pattern, is defined as

Y = WamVam, (22)
where v, isa (N + 1)% x 1 column vector as

Vom (23)
T
= [VOO(k! r)! Vl(—l) (k’ r)' VlO(k' r)! ey VNN(kl r) ]

with v,,,, represents the array input owing to the sound
field created by plane wave. Since for unit amplitude
plane wave we have [1],

anm(k) = [Yr‘{n(gk' ¢)k)]*l (24)
According to (2) we have

Vnim (K, ) = by (k) [Y7" (O, pi)]” (25)

where (8, @) is the plane wave arrival direction.

Using a different set of beamforming coefficients,
different beam patterns can be designed. For instance,
axis-symmetric beamformers with Wy (k) =

:”(ik:) Y, (6,, ¢;) of which two famous beamformers are
n
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the maximum directivity (MD) beamformer and the
maximum white noise gain (WNG) beamformer [20].
Note that the beamformer coefficients are function of
look direction which denoted by (6;,¢;) in the above
relation.

C. The MPDR and MVDR Beamformers

Consider a desired signal s(k), arriving from direction
(6, Pr). The corresponding distant source creates a
plane wave at the location of array. Array input may be
written as follows

X=p+n=vs+n (26)

where v is the transfer function from the source to the
microphone array input, also called the steering vector,

p = [P (), p2(K), . oK) | (27)

is the sound pressure at the Q microphones due to the
desired source and,

n = [n,(k), (), .., mg (k) | (28)

is the noise at the microphones [1], [14]. The array
output is as follows

y = whx (29)

The array output variance is

E[lyl?] = E[wfxx"w] = wiS  w (30)
where
S« = E[xx"] (31)

is the spatial spectral matrix of the array input. Each
element in this matrix represents the cross-spectral
density between the signals at two microphones at wave
number k. From (26) and (31) the spatial cross-spectral
density matrix of the array input may be written as

Sxx = Spp + Sun + Spn + Snp (32)
with
Spp = E[pp"] (33)
and
Snn = E[nn"] (34)

With the assumption of independent pressure signal
and the noise signal, (32) is rewritten as
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Sxx = Spp + Sin (35)

So, we can rewrite (30) as follows

E[|y|2] = WHSxxw = WHSppW + WHSlmW

(36)
= |WHV|2E[|5|2] + WHSnnw
We have the following design objective
minimize w/S,w
Y (37)
subjectto wfv=1

Owing to the distortionless response restriction,
wiv =1, in the above optimization problem,
[wfv|2E[|s]?] can not be modified, so, the minimization
of wHS, ,w leads to minimization of w”S,w, i.e., the
noise variance at the array output. The optimal value of
wis

Hg-1
i _ YV Sx (38)

wW = —m—
vHS v

It is the minimum power distortionless response
(MPDR) beamformer [1], [2], [3]. The MVDR beamformer
is the same as in (38) with Sg is replaced by S;1,

minimize  wfS,,w (39)
w
subjectto wfv=1

with a solution
viis 1 (40)

H _ ———
vHS 1y

w

The spherical harmonic domain formulation of MPDR
is as follows. In the spherical harmonic domain, (26) may
be written as
Xnpm = Pom T Dam = VamS + Dy (41)

The MPDR optimization problem can be written as

. . . H

minimize Wy S um¥nm Wnm (42)
bj H =1

subjectto  Wypp," Vpm =

Similar to (38), a solution may be written for
beamforming coefficients in the spherical harmonic
domain as
HS;nlmxnm (43)

HgQ-1
Vnm anmxnmvnm

V,
w. H = nm
nm

For the MVDR beamformer we have

Hg-1
4 Vam' Snpingm (44)
an -

HgQ-1
Vim Snnmnnmvnm

The Proposed Method

In this section we propose a general approach for
estimating the cross-spectrum matrix of noise signal. We
assume that the amplitude of the desired signal is s,
and the disturbance signals satisfy s; = A;sq,i=
1,2,...,k, where A; is a complex constant. We also
assume that the desired signal propagates via a plane
wave arriving from direction (6, ¢,), with variance of
0é = E[|so|?], and the disturbances are other plane
waves with arrival direction (8;, ¢;) with o = |4;|?d&.
Specially uncorrelated sensor noise with variance o7 is
also assumed.

Suppose that the noise at the array input is owing to
the sensor noise. Using the discrete spherical Fourier
transform, as in (14) the sensor noise in the spherical
harmonic domain can be written as

n,, = Sn (45)

where matrix S depends on the sampling method as
mentioned in the second section of the paper. This leads
to

= E[nypmnpm”] = E[Snn” §¥] (46)

NpmNnm
= SE[nn]|S" = ¢28S#

where we have assumed the IID noise. i.e, independent
and identically distributed noise. As seen in (46), the
spatial cross-spectrum of the noise depends on the
sampling method.

The spatial spectrum matrix of the overall noise can
be computed using the following theorem.
Theorem 1: The spatial spectrum matrix of the noise,
including the contributions from the disturbances, is as

NnmBfnm

k
Overall _ 2 H 2 H
S = 0,;S88" + Z 0 Vami Vami
i=1

+ Z(AiA;O-gvnmivnij (47)
i#j
+ A;Ajo-gvnmjvnmiH)

where

T
Vami = [Uoo(k, 7"), Ul(—l) (k, 7"), UlO(kl T), -« UnNn (k! r) ] ’
Vpm (K, 7) = by (k) [Y" (05, )] and (6, ¢p;) is  the
arrival direction of ith disturbance.
Proof: The array input in the spherical harmonic domain
isas

Xnm = Pnmo + Ny, +

k
Pnmi

=t K (48)

= VomoSo + Ny, + VnmiSi
i=1
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where Ppumi;i = 1,2,...,k is the spherical Fourier
transform of pressure due to the ith disturbance, and
Pnmo is the spherical Fourier transform of pressure due
to the desired signal.

Now, the overall noise is Ny, + X5 ; VamiSi, S0 the
spatial spectrum matrix of the noise is

Overall _—
NpmNnm
k k "
E Ny, + Z VnmiSi Nny + Z VimiSi
i=1 =1
= E[nnmnnm ]
k k
+E Hgr
VnmiSi Vomj  Sj (49)
i=1 j=1
k
— 2 H 2 H
=0y SSY + Z 0; VnmiVnmi
i=1
* 2 H
+ Z(AiAj 0o vnmivnmj
i#j

* 2 H
+ AiAjGO vnmjvnmi )

[ |
For computing SQYei - in  the
uncorrelated disturbance, it is adequate to record the
input signal during the time intervals when the
disturbance is active but the desired signal is not active.
However, in the case of correlated disturbance, both the
disturbance and the desired signal appear and disappear
cohesively. So, we need to have a mechanism to extract
information for computing S,?::;Z,‘fﬁl from the array input,
i.e., X. This information includes 4;,i = 1,2, ...,k and s,.
The following theorem can be used for this purpose.
Theorem 2. The amplitude of the disturbance plane
waves can be computed using an axis-symmetric
beamformer with d,, (k) = 1.
Proof: We consider the axis-symmetric beamformers. As
mentioned in the second section, axis-symmertic
beamformers are beamformers with the following
weights [30]

dn (k)
by (k)

situation of

Wam (k) =

Yt (6u é0) (50)

If we set d,, (k) to unity, we have

. _ (51)
an(k) - bn(kT‘) Yn (Hl' ¢l)

So, (15) can be rewritten for this case as
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y= Zomz Wi () (e, 7) o
um Pnm (k1)
= v, e0 s

From (2) we have

% = (k) (53)
So, \ge ha;llve
Y= a0, ¢) (54)
L 0, ) = 4,
| ]

Equation (54) shows that y, as a function of look
direction, gives A,;. Using these values we can compute
Sﬁ:}iz,‘iﬁl, and finally the beamforming weight can be
computed as

Hgoverall ~1
H _ Vhm Snnmnnm
Wim = (55)

HQoverall ~1
Vnm Snnmnnm Vnm

Finally, the beam pattern is computed using wy,,,, and
(22) as

y(0,9) = anHVnm(et ®)

N n (56)
zz Z Wy () by (k) [, )]

n=0m=-n

Simulation Examples

Examples of beam patterns designed using the
proposed method are presented in this section. A
spherical microphone array around a rigid sphere,
operating at kr = N, with N = 4 is assumed. We also
consider Q =36 nearly-uniformly arranged
microphones, with spatially uncorrelated sensor noise
and with variance 62 = 0.1. So, Shymnn, due to sensor
noise can be written as

S

NpmNnm

= o28SH = a,f%”l (57)

A. The First Example

In the first example we assume that the desired signal
propagates with a plane wave coming from direction
(80, ¢o) = (30,45), with variance of oZ=1. A
disturbance signal is included that has correlation with
the desired signal and propagates with another plane
wave coming from direction (84, ¢,) = (30,270), with
o2 = |A;|?0¢ and A, = 0.7e~17/3,
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In the first step we must approximate s, and 4;. For
that we compute y(8;, ¢;) using (54). An equal angle of
60 X 60 points was utilized to create (6, ¢;). Figure 1
shows the normalized magnitude of y(6,, ¢,).

a0

50 ¥ 100
0 (dogree) 00 ¢ (dogree

(a)

10.9

D
o

10.8

rs
o

10.7

N
o

6 (degree)
>
S

® L

0 50 100 150 200 250 300 350
¢ (degree)

(b)

Fig. 1: Normalized magnitude of y(8;, ¢;). (a) surface plot.
(b) contour plot. The arrival directions of the two plane waves
are indicated with white “+”.

The peaks in these plots indicates a(k, 8, ¢,), i.e., the
plane wave amplitude density that is identical to |4;]. In
this example we obtain amplitude density of 10025
and 0.682¢71029  and also arrival directions of
(30.375,45) and (32.625,270) for the desired signal
and disturbance signal respectively. Using these values
as s, Ay, (6y,¢¢) and (04,¢,), we can compute
0é = E[|so|?] and o2 = |A;|%6Z. Finally, according to
(49) we compute Sf,’::;,‘ffifl, and then the spherical
harmonic domain beamforming weights may be
computed from (55). The resulting beam pattern is then
computed using (56). The magnitude of the beam

pattern has been shown in Fig. 2. As we can see in this
figure, the first side lobe has a null in the disturbance
signal arrival direction. So, the proposed method has the
ability to shape the beam pattern to consider the
correlated disturbances in the sound field.

160 09
140 L
120 v

_ 06

£ 100

Z 05

- 80

= 0.4
ol 03
40 , 0.2
20 | 01

0
50 100 150 200 250 300 350

¢ (degree)

(a)

o

?\\ / 0.4
0.2 \/ D&
0.4 0 Yy

T

(b)

Fig. 2: |y(8, ¢)| for MVDR beamformer with the cross-
spectrum matrix of noise obtained by the proposed method.
(a) contour plot, arrival direction of the desired plane wave is
indicated by the white “+” and the arrival direction of the
disturbance plane wave is indicated by the black
“+”. (b) balloon plot. In this plot cyan color represents positive
values of Re{y(8, ¢)}, and magenta color represents negative
values of Re{y (8, ¢)}.

Without the proposed method, s, and A; are not
available. So, we have to use MPDR beamformer as
expressed in (38). For this, we calculate the spatial
spectrum matrix of the overall input signal, i.e., X, using
(35) and then using (38) and (22) we can calculate the
corresponding beam pattern. This beam pattern has
been shown in Fig. 3 in which we can see the signal
cancellation phenomenon clearly.
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15
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140 9
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120 1
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60 05 0.3
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0 100 200 300 itdemss)
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(a) . . :
Fig. 4: Normalized magnitude of y(8y, ¢;). (a) surface plot.
(b) contour plot. The arrival directions of the three plane
waves are indicated by the white “+”.
N
160
©
140
120
% 100
5
< 80
60
(b) w07
. 20
Fig. 3: |y(6, ¢)| for MPDR beamformer. (a) contour plot,
arrival direction of the disturbance plane wave and desired : Son = 2
plane wave are indicated by the white “+”. (b) balloon plot. O (deaie)
(a)

B. The Second Example

In the second example, the first example is further
extended to include another disturbance propagates
with a plane wave with arrival direction (8,,¢,) = 0.8
(80,100), with 6 = |A,|?0Z and A, = 0.8e~"/2_ Fig. 4, -
Fig. 5, and Fig. 6 show the simulation results. We can see “
again the ability of the proposed method in solving the
signal cancellation problem.

0.4

0.2

08 0.7
06~ 406 (b)
04 % Fig. 5: |y(8, ¢)| for MVDR beamformer which use the cross-
g2 e spectrum matrix of noise obtained by the proposed method.
Pk zz (a) contour plot, arrival direction of the disturbance plane
4 i, wave is indicated by the black “+”, and the arrival direction of
i e the desired plane wave is indicated by the white “+”. (b)
i B #/{dowre) balloon plot.
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0 100 200 300
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N

0.8

06+

N

04

0.2

0.

-0.2 - _—
02 .0 200
z 04 0.2
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Fig. 6: |y (8, ¢)| for MPDR beamformer. (a) contour plot,
arrival direction of the disturbance plane wave and desired
plane wave are indicated by the white “+”. (b) balloon plot.

C. Comparison with BF-LCMV method

In this section we compare the proposed method with
the rival method presented in [16] in which the signal
cancellation problem has been solved using direction of
arrival (DOA) estimation and the LCMV beamformer. For
this purpose two performance measures have been
considered: directivity factor (DF) which is the ratio
between the array response in the look direction and the
average response over all directions, and white noise
gain (WNG) which is a general measure for array
robustness and is defined as the improvement in signal-
to-noise ratio (SNR) at the array output relative to the
array input. Experimental results show that two methods
have similar performance in term of these two
performance measures in almost all cases. For example
with simulation setup as in the first example, the two
methods gain DF of 23.97 and WNG of 39.91 dB. But, in
the case of disturbance arriving from direction that is
near the look direction and with amplitude that is a small
fraction of the desired signal, the proposed method is
superior as shown in Fig. 7. The parameters in this
simulation is as in the first example except the

disturbance signal parameters which are (6,,¢,) =
(30,50) and A; = 0.2e~"/3, In this case, the DF and
WNG for the proposed method are 19.19 and 37.5 dB
respectively, and for the BF-LCMV method, these
objective measures are 0.275 and 5.23 dB. This
phenomenon is probably due to the role that the
amplitude density characteristic of the disturbance
signal plays in this specific case. The proposed method
considers this characteristic but the BF-LCMV method
only takes into account the arriving direction of the
disturbance.
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(d)

Fig. 7: (a) and (b), |y(8, ¢)| for MVDR beamformer which use
the cross-spectrum matrix of noise obtained by the proposed
method. (¢) and (d), |y (6, ¢)| for RF-LCMV method.

Results and Discussion

The simulation results show that the proposed
method has the ability to shape the beam pattern to
consider the correlated disturbances in the sound field
and consequently to solve the signal cancellation
problem. The comparisons with the rival method show
that both methods have the same performance in
almost all cases except in the case of disturbance
arriving from direction that is near the look direction and
with amplitude that is a small fraction of the desired
signal, in which the proposed method is superior.

Conclusion

The signal cancellation problem is a major problem in
the MPDR beanformer. It occurs whenever the
disturbance signals include at least one signal that is
correlated with the desired signal.  Using the MVDR
beamformer, we can avoid this problem, but this
approach requires that the cross-spectrum matrix of the
noise signal is available. A common belief is that in the
case of correlated disturbance, the estimation of this
matrix is not possible. In this paper we showed that this
common belief is a fault. We proposed a general
approach for estimating the cross-spectrum matrix of
noise signal that is applicable even in the case of
correlated disturbance. Simulation examples show that
using the proposed method along with the MVDR
beamformer, we can bypass the signal cancellation
problem completely.
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Abbreviations

LCMV Linearly constrained minimum variance
MPDR  Minimum power distortionless response
MVDR Minimum variance distortionless response
SNR Signal-to-noise ratio
WNG White noise gain
ag Sampling weights
a Vector of sampling weights
6 Elevation angle
Azimuth angle
a(*) Plane-wave decomposition in the space
domain
Anm Plane-wave decomposition in the spherical-
harmonics domain
b, (*) Function relating pressure to plane-wave

decomposition
DF Directivity factor

d, Axis-symmetric  beamforming  weighting
function
Jjn () Spherical Bessel function of the first kind
k Wave number
k Wave vector denoting propagation direction
k Wave vector denoting arrival direction
N Order of spherical harmonics
n Noise vector in the space domain
Nym Noise vector in the spherical harmonics
domain
p Sound pressure in the space domain
DPnm Sound pressure in the spherical harmonics
domain
p Sound pressure vector in the space domain
Pum Sound pressure vector in the spherical

harmonics domain

Q Number of samples or microphones

r Vector of spherical coordinates

S Spherical Fourier transform matrix
S« Cross-spectrum matrix in the space domain

I Cross-spectrum matrix in the spherical
nmanm
harmonics domain

Sun Noise cross-spectrum matrix in the space

domain
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S Noise cross-spectrum matrix in the spherical
NpmNpm
harmonics domain
v Steering vector in the space domain
Vom Steering vector in the spherical harmonics

domain

Beamforming weighting function in the space

domain
Wom Beamforming weighting function in the
spherical harmonics domain
w Beamforming weighting vector in the space
domain
Wim Beamforming weighting vector in the
spherical harmonics domain
Y*(-)  Spherical harmonics
Y Matrix of Spherical harmonics
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