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ABSTRACT

We propose a method for achieving sharp directivity by sens-
ing signals in a diffuse acoustic field. Directivity control based on a
beamforming method has been studied to make it possible to extract
the waveform and location of an identified target source even if there
are many noise sources. Sharp directivity can be achieved by mini-
mizing the output noise power of a beamforming filter. However, it is
difficult to minimize the output noise power over a broad frequency
ranges. Our approach for minimizing the output noise power is to
control the spatial properties of the transfer functions and the spatial
correlation matrix, by using a reflector that surrounds a microphone
array. We investigated the relationships between the output noise
power and the structure of the spatial correlation matrix and found
that it was possible to minimize the output noise power by sensing
diffuse acoustic signals and by designing filters taking the diffuse-
ness of the acoustic field into consideration. In experiments, we ob-
served diffusely reflected signals by placing a truncated-octahedral
reflector near a spherical microphone array. We designed filters by
using measured transfer functions and confirmed that the proposed
method was effective for reducing the output noise power and form-
ing a sharp directivity beamforming filter.

Index Terms— Microphone array, Beamforming filter, Spatial
correlation matrix, Transfer function, Diffuse acoustic signal

1. INTRODUCTION

The use of a microphone array to control directivity has been studied
to estimate the waveform and location of an identified target source
[1] [2]. Beamforming methods are useful for facilitating teleconfer-
encing systems [3], speech recognition [4], and natural human-robot
communication [5]. Since these applications are expected to work
well even when there are many noise sources, it is important to gen-
erate sharp directive beamforming in which the width of the main
lobe is narrowed.

Sharp directivity can be achieved by minimizing the output noise
power while constraining the response gain of the target source over
a broad frequency ranges. Many methods for designing beamform-
ing filters have been proposed to minimize the output noise power;
these include the delay-and-sum method [6], the minimum vari-
ance distortionless response (MVDR) method [7], and the maximum
signal-to-noise (S/N) ratio method [8]. In addition, Flanagan pro-
posed the multi-beamforming method [9], which improves the S/N
ratio by forming multiple delay and sum filters for emphasizing di-
rect and reflected sounds. However, it is difficult to minimize the
output noise power since the cross-correlation between observed sig-
nals is strong in some frequencies. Since the output noise power
cannot be minimized then, our goal to form sharp directivity cannot
be achieved.

We therefore propose a “diffused sensing method” to achieve
sharp directivity. The method involves sensing diffuse acoustic sig-
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nals by controlling the spatial properties of the transfer functions
and the spatial correlation matrix [10]. Since the cross-correlation
between signals observed in a diffuse acoustic field weakens [11],
we presume that the output noise power can be reduced by observ-
ing the diffused acoustic signals. We positioned a reflector around
a microphone array in order to observe diffusely reflected signals.
The filters were designed taking the acoustic properties of the reflec-
tor into account. These properties are calculated by using measured
transfer functions. Since the filters and the observed signals can be
optimized to reduce the output noise power, sharp directivity is ex-
pected to be obtainable by using the proposed method.

This paper is organized as follows. The conventional beamform-
ing technique is explained in Section 2. In Section 3, the structure of
the spatial correlation matrix for achieving sharp directivity is dis-
cussed. We propose the diffused sensing method in Section 4, and
a technique for implementing our method is described in Section
5. Experiments that were conducted by using an actual reflector are
discussed in Section 6, and we conclude the paper in Section 7.

2. BEAMFORMING

Let us consider that M microphones receive a target and K — 1
noise sources. Our goal is to achieve sharp directivity to empha-
size the target source arriving from an arbitrary direction even if
K is a large number. The transfer function from the m-th micro-
phone to the target and the k-th noise source at frequency w are de-
noted by As,,(w) and An, m(w), respectively. When the source
signal of the target and the k-th noise in the frequency domain are
respectively described by S(w, t) and Ny (w, t), the observed signals
x(w, t)=[X1(w,1),..., X (w,t)]T are given by

x(w,t) = A(w)s(w,t), (1)
A(w) = [as(w), an; (W), ..., ang_; (W)],

as(w) = [As,1(w), .. ., As,m ()],

any (@) = [Ang 1 (@), -+, Anmr (W)

S(w7t) = [S(“J:t)aNl(w:t)a NK—l(w:t)]T7
where ¢ and T denote a frame time and the transposition, respec-

tively. It is assumed that S(w, t) and Ny (w, t) are temporally uncor-
related with each other as

Efs(w, t)s” (w, 1)} = I, 2
where E{-} and 7 denote the expectation operator and Hermitian
conjugate, respectively. The output signal of beamforming Y (w, t)
is obtained by convolving the observed signals and the filter w(w) =

[Wi(w), ..., WM(w)]T.

Y(w,t) = w (w)x(w,t), 3)
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Here, the spatial correlation matrix denoted by
it is required in designing w(w).

R (w) is defined since

R(w) = E{x(w, t)x" (w, 1)}

%A(w)E{s(w, 1" (w, 1)} A" ()

11([ +ZaNk w)afl, (w )]. )

Our goal can be achieved by minimizing the output noise power
Pou(w) over a broad frequency ranges as in Eq. (5), while the gain
of the target source is subject to Eq. (6).

min (pnm(w) =B{|Y(w, )]’} = wH(w)R(w)w(w)) ;)

subject to w” (w)as(w) = 1, (6)

This filter designing method is known as the MVDR method with a
constraint [12]. Therefore, w(w) is calculated by

R !(w)as(w)
af (w)R!(w)as(w)’

@)

w(w) =

3. BASIC PROPERTY OF OUTPUT NOISE POWER

The value of Py (w) is dependent on the spatial correlation matrix.
Our basic idea for minimizing Pou (w) is to control the spatial prop-
erties of the transfer functions e.g., by placing the reflector near the
microphone array. Then, the spatial correlation matrix R (w) is also
varied from Eq. (4). In this section, we derive the structure of R(w)
for minimizing Pou(w).

3.1. Relationships between output noise power and eigenspace
of spatial correlation matrix

To investigate the relationships between Puy(w) and the structure
of the spatial correlation matrix, R(w) is decomposed by using the
eigenvalue method as

R(w) = V(@)AW)V" (W), ®
where V(w) = [vi(w),...,vi(w)] is organized by M eigen-
vectors Vi (W) = [Vi,1 (@), oy Vi (w)]T. Also, A(w) =
diag{[A}(w), ..., A}s(w)]} is composed of M eigenvalues. If
L(w) (€ M) eigenvalues are greater than O, the eigenvalues are

sorted as Af(w)>...> A7, (w)> 0. Since the eigenvectors are
orthogonal to each other, the inverse matrix of R(w) is calculated by

R }(w) = V(w)A Y(w) VT (w). By substituting Egs. (7) and (8)
into Pow(w), it is expanded as,
—1
Pas(w)= ! S AT )\21
all (w)R~1(w)as(w [m:] J
—1
= LE(W:)QS’”(“) ©
m—lQN’m(w) ,

where Qs,m (w)=|v} (w)as(w)|” is the output power of the target
source through the m-th eigenvector. On the other hand, Qx,m (w)=
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A2, (w) is the output power of K sound sources through v, (w) from
Eq. (10).

Qnom (W) = Afy (w) = Vi (W) R(w) Vi (w)
|Vm(w)a§(w)| + Z|v (w)an, (w)| (10)

Therefore, Qs,m(w)/@xn,m(w) is recognized as the S/N ratio
through v, (w).

3.2. Structure of spatial correlation matrix for minimizing out-
put noise power

We derive the structure of R(w) for minimizing Pou(w) even if the
target source is arriving from an arbitrary direction. When the target
and noise sources are assumed to be propagated as plane waves, the
power of the transfer functions is normalized as,

B{| 45 (@)]*} = Ef [ Any, . (@)} = 1. (n

The sums of Qs ., (w) and @, ,m (w) are constrained as,

L(w) L(w) L(w)

> Qs m(w) Z|vm(w as(w)] —Z|Aqm(w ’=L(w), (12)

L(w) L(w —
2 2
;QNm KZ | As,m (w)] +I;|ANk,m(w) =L(w).
13)
Then, the value range of Pou(w) is limited by
Qx,L(w) (W) Qni(w)
2o L P 14
w) =M@= T “

From Eq. (14), we see that the maximum value of Py (w)
is minimized by increasing L(w) and decreasing Qx,1(w). Those
conditions are obtained when L(w) = M and Qn,1(w) = ... =
Qn,m (w)=1; then Py (w) can be minimized as,

1
Pout(w) = M (]5)
Since Qx,m (w) is the eigenvalue of the spatial correlation matrix, the
structure of R(w) for minimizing Pou(w) is summarized in order to
flatten the eigenvalue distribution as A} (w)=...=A%,(w)= 1.

4. PRINCIPLE OF PROPOSED METHOD

Our strategy for flattening the eigenvalue distribution of R(w) is to
observe diffuse acoustic signals. In a diffuse acoustic field, the cross-
correlation between observed signals [11] is given as

Lonon (w) = sinc <M) , (16)
v

where p,,», and v denote the position vector of the m-th microphone
and the sound velocity, respectively. The sound sources are assumed
to be positioned distantly, and T',,, ,, (w) corresponds to the (m, n)-th
components of R(w) as
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Fig. 1. Generation of diffusely reflected sounds using reflector
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Since I'y,,» (w) approaches asymptotically to 0 by positioning the
microphones distantly, the spatial correlation matrix is approximated
as R(w) = I. Then, the eigenvectors and the eigenvalues of R(w)
are also obtained as V(w) = A(w) = I. Then, Qsm(w) and
QN,m (w) are calculated as

Qs,m (W) =|vi (@)as (@) =|As,m (@) =1 (m=1,..., M), (18)
Qnm(@)=A%(w)=1  (m=1,...,M). (19)

Since the eigenvalue distribution of R (w) is flattened from Eq. (19),
we see that Py (w) can be minimized by sensing signals in a diffuse
acoustic field.

Our diffused sensing method is summarized as follows: i) Sig-
nals are sensed in a diffuse acoustic field to obtain optimum R(w)
for reducing Pou(w). This can be achieved through the use of a
reflector, and the details are discussed in Sec. 5. ii) The w(w) is
designed by taking the diffuseness of the acoustic field into consid-
eration. Hereafter, it is assumed that the transfer functions are known
and w(w) is designed by using them.

5. IMPLEMENTATION OF DIFFUSED SENSING USING
MICROPHONE ARRAY AND REFLECTOR

An implementation of the diffused sensing method is explained. To
control the spatial properties of the transfer functions and observe
the diffuse acoustic signals, we placed a reflector near the micro-
phone array. Figure 1 shows how the location of the reflector affects
the transfer functions. When the microphone is surrounded by a re-
flector, direct and multiple reflected sounds are received, as shown
in Fig. 1 (a). If the reflected sounds are assumed to be modeled
using the image method [13], each reflected sound (image source)
is regarded as the signal observed at the mirror image of the cor-
responding original microphone, as shown in Fig. 1 (b). If the mi-
crophones receive a direct (O-th image source) and D image sources,
the transfer functions are calculated by summing the steering vectors
[10]. When the d-th image source of the target source is denoted by

h{” (W)= [H® (@), ..., B @)]T, as(w) is given by

D
as(w) =Y h{®(w), 20)
d=0
(d) (d)
K w i . — s
B (@) = ey (gl —asll)y )
[[pm’ — asl| v
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Fig. 2. Microphone arrays for measuring transfer functions
where pgff), gs, and £(® (w) respectively denote the position vec-
tor of the mirror microphone of the d-th image source, that of the
target source, and the reflection coefficient of the d-th image source
(x'9(w) = 1). Though the notations are omitted, a, (w) is also
composed of multiple image sources. By increasing D, the diffuse-
ness of the observed signals will be increased. Since the eigenvalue
distribution of R(w) will be then flattened, Pou(w) is reduced.

The use of a reflector whose shape can fill the space, for ex-
ample, a rectangular solid or truncated octahedron, is thought to be
preferable for increasing D since the image sources are generated
efficiently.

6. EXPERIMENTS

Experiments were conducted in an anechoic room to evaluate our
diffused sensing method, which was implemented by placing a re-
flector near the microphone array. We investigated whether mini-
mizing Pou(w) and forming sharp directivity could be achieved us-
ing the proposed method.

6.1. Experimental conditions

We prepared two microphone arrays for the evaluation, as shown in
Fig. 2. The difference between the two arrays was only in whether
the truncated-octahedral reflector was used or not. The array in Fig.
2 (i) was used in the conventional method. There were 24 micro-
phones positioned at the apexes of the truncated octahedron. Since
the omni-directional microphones were supported by wires, few re-
flected sounds were included in the transfer functions. In contrast,
Fig. 2 (ii) shows the array used in our diffused sensing method. The
number, position, and directivity of microphones were the same as
in Fig. 2 (i). The reflector was made of 8.0-mm-thick acryloni-
trile butadiene styrene (ABS). Because the microphones captured
signals inside the reflector, the transfer functions were composed
of diffusely reflected sounds. The transfer functions of each array
were measured by positioning a loudspeaker at 91 points, where the
direction interval was 2.0 degrees. The arrival direction of the tar-
get source is denoted as fs. w(w) was calculated by substituting
measured transfer functions into Eqs. (4) and (7). Table 1 lists the
experimental parameters.



Table 1. Experimental parameters

Sampling frequency 48 kHz
Filter length 4096 taps
Number of microphones, M 24 ch
Number of sound sources, K 91
Direction interval of sound sources 2.0 deg
Minimum distance between microphones 185 mm
Minimum distance between sound sources | 30 mm
6, =50 [deg] _ 6,=90][deg]
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Fig. 3. Output noise power Pou(w)

6.2. Experimental results

Figure 3 shows the value of Pou(w) when s = 50 and 90 degrees.
It is clear that the Py (w) of our diffused sensing method was usu-
ally below that of the conventional method in all frequency ranges.
Although the details have been omitted, the Py (w) of our diffused
sensing method was well below that of the conventional method, es-
pecially when the target source was arriving from fs =45 to 135 de-
grees. We presume that Poy(w) is reduced because the distribution
of Qs,m(w) and @Qn,m(w) are flattened when the diffused sensing
method is used.

Figures 4 and 5 show the directivity of the conventional and the
diffused sensing methods. As shown in Fig. 4, the beam width of
the main lobe is a bit broad in the low frequency range, and spatial
aliasing occurred in some directions in the high frequencies. On
the contrary, sharp directivity to the arrival direction of the target
source was achieved over a broad frequency ranges with the diffused
sensing method, as shown in Fig. 5. We therefore confirmed that
compared to the conventional method, the beam width of the main
lobe was narrowed over a broad frequency ranges, and the spatial
aliasing in the high frequency range was suppressed. We believe that
the spatial aliasing was suppressed with the diffused sensing method
because of the reduced cross-correlation between microphones.

7. CONCLUSION

We proposed the diffused sensing method to achieve sharp directiv-
ity by minimizing the output noise power. We found that the out-
put noise power was minimized by sensing diffuse acoustic signals
and by designing filters taking the transfer functions into account.
To observe diffused signals, we placed a reflector near the micro-
phone array. Through experiments using 24 microphones and the
truncated-octahedral reflector, we confirmed that our diffused sens-
ing method was effective for minimizing the output noise power and
achieving sharp directivity.

Many other issues require further study; for example, we would
like to investigate how well our method works in a reverberant envi-
ronment, and we would like to reduce the number of transfer func-
tions to be measured. Additionally, it is important to investigate the
optimum reflector shape.
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Fig. 4. Directivity of conventional method
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Fig. 5. Directivity of diffused sensing method
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