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(7) ABSTRACT

A microphone array system includes a plurality of micro-
phones and a sound signal processing part. The microphones
are arranged in such a manner that at least three microphones
are arranged in a first direction to form a microphone row,
at least three rows of the microphones are arranged so that
the microphone rows are not crossed each other so as to form
a plane, and at least three layers of the planes are arranged
three-dimensionally so that the planes are not crossed each
other, so that the boundary conditions for the sound estima-
tion at each plane of the planes constituting the three
dimension can be obtained. The sound signal processing part
estimates a sound in each direction of the three-dimensional
space by estimating sound signals in at least three positions
along a direction that crosses the first direction, utilizing the
relationship between the gradient on the time axis of the
sound pressure and the gradient on the spatial axis of the air
particle velocity, and the relationship between the gradient
on the spatial axis of the sound pressure and the gradient on
the time axis of the air particle velocity, and based on a
temporal variation of the sound pressure of the received
sound signals of the arranged microphones in each spatial
axis direction and a spatial variation of the received sound
signals of the arranged microphones.

30 Claims, 14 Drawing Sheets
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Fig. 2
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Fig. 3
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1
MICROPHONE ARRAY SYSTEM

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to a microphone array
system, in particular, a microphone array system including
three-dimensionally arranged microphones that estimates a
sound to be received in an arbitrary position in a space by
received sound signal processing and can estimate sounds in
a large number of positions with a small number of micro-
phones.

2. Description of the Related Art

Hereinafter, a sound estimation processing technique
using a conventional microphone array system will be
described.

A microphone array system includes a plurality of micro-
phones arranged and performs signal processing by utilizing
a sound signal received by each microphone. The object,
configuration, use and effects of the microphone array
system vary depending on how the microphones are
arranged in a sound field, what kind of sounds the micro-
phones receive, or what kind of signal processing is per-
formed. In the case where a plurality of sound sources of a
desired signal and noise are present in a sound field, high
quality enhancement of the desired sound and noise sup-
pression are important issues to be addressed for the pro-
cessing of the sounds received by microphones. In addition,
the detection of the position of the sound source is useful to
various applications such as teleconference systems, guest-
reception systems or the like. In order to realize processing
for enhancing a desired signal, suppressing noise and detect-
ing sound source positions, it is effective to use the micro-
phone array system.

In the prior art, for the purpose of improving the quality
of the enhancement of a desired signal, the suppression of
noise, and the detection of a sound source position, signal
processing has been performed with an increased number of
microphones constituting the array so that more data of
received sound signals can be acquired. FIG. 14 shows a
conventional microphone array system used for desired
signal enhancement processing by synchronous addition.
The microphone array system shown in FIG. 14 includes
real microphones MIC, to MIC,,_,, which are arranged in an
array shown as 141, delay units D, to D,,_, for adjusting the
timing of signals of sounds received by the respective real
microphones 141, and an adder 143 for adding signals of
sounds received by the real microphones 141. In the
enhancement of a desired sound according to this conven-
tional technique, a sound from a specific direction is
enhanced by adding plural received sound signals that are
elements for addition processing. In other words, the number
of sound signals used for synchronous addition signal pro-
cessing is increased by increasing the number of the real
microphones 141 so that the intensity of a desired signal is
raised. In this manner, the desired signal is enhanced so that
a distinct sound is picked out. As for noise suppression,
synchronous subtraction is performed to suppress noise. As
for the detection of the position of a sound source, synchro-
nous addition or the calculation of cross-correlation coeffi-
cients is performed with respect to an assumed direction. In
these cases as well, the quality of the sound signal process-
ing is improved by increasing the number of microphones.

However, this technique for microphone array signal
processing by increasing the number of microphones is
disadvantageous in that a large number of microphones
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should be prepared to realize high quality sound signal
processing, so that the microphone array system results in a
large scale. Moreover, in some cases, it may be difficult to
arrange microphones in number necessary for sound signal
receiving of required quality in a necessary position physi-
cally because of spatial limitation.

In order to solve the above problems, it is desired to
estimate a sound signal that would be received in an
assumed position based on actual sound signals received by
actually arranged microphones, rather than receiving a
sound by microphones that are arranged actually.
Furthermore, using the estimated signals, the enhancement
of a desired signal, noise suppression and the detection of a
sound source position can be performed.

The microphone array system is useful in that it can
estimate a sound signal to be received in an arbitrary
position on an array arrangement, using a small number of
microphones. The microphone array system is preferable, in
that it can estimate a sound signal to be received in an
arbitrary position in a three-dimensional space, because
sounds are propagated actually in the three-dimensional
space. In other words, it is required not only to estimate a
sound signal to be received in an assumed position on the
extended line (one-dimensional) of a straight line on which
a small number of microphones are aligned, but also to
estimate with respect to a signal from a sound source that is
not on the extended line while reducing estimation errors.
Such high quality sound signal estimation is desired.

Furthermore, it is desired to develop an improved signal
processing technique for signal processing procedures that
are applied to the sound signal estimation so as to improve
the quality of the enhancement of a desired sound, the noise
suppression, the sound source position detection.

SUMMARY OF THE INVENTION

Therefore, with the foregoing in mind, it is an object of
the present invention to provide a microphone array system
with a small number of microphones arranged three-
dimensionally that can estimate a sound signal to be
received in an arbitrary position in the three-dimensional
space with the small number of microphones.

Furthermore, it is another object of the present invention
to provide a microphone array system that can perform
sound signal estimation of high quality, for example by
performing interpolation processing for predicting and inter-
polating a sound signal to be received in a position between
a plurality of discretely arranged microphones, even if the
number of microphones or the arrangement location cannot
be ideal.

Furthermore, it is another object of the present invention
to provide a microphone array system that realizes estima-
tion processing that is better in sound signal estimation in an
arbitrary position in the three-dimensional space than sound
signal estimation processing used in the conventional micro-
phone array system, and can perform sound signal estima-
tion of high quality.

A microphone array system of the present invention
includes a plurality of microphones and a sound signal
processing part. As for the microphones, at least three
microphones are arranged on each spatial axis. The sound
signal processing part estimates a sound signal in an arbi-
trary position in a space by estimating a sound signal to be
received at each axis component in the arbitrary position,
utilizing the relationship between the difference, which is a
gradient, between neighborhood points on the time axis of
the sound pressure of a received sound signal of each
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microphone and the difference, which is a gradient, between
neighborhood points on the spatial axis of the air particle
velocity, and the relationship between the difference, which
is a gradient, between neighborhood points on the spatial
axis of the sound pressure and the difference, which is a
gradient, between neighborhood points on the time axis of
the air particle velocity, and based on the temporal variation
of the sound pressure and the spatial variation of the air
particle velocity of the received sound signal of each micro-
phone arranged in each spatial axis direction; and synthe-
sizing the estimated signals three-dimensionally.

This embodiment makes it possible to estimate a sound
signal in an arbitrary position in a space by utilizing the
relationship between the gradient on the time axis of the
sound pressure calculated from the temporal variation of the
sound pressure of a sound signal received by each micro-
phone and the gradient on the spatial axis of the air particle
velocity calculated based on a received signal between the
microphones arranged on each axis.

Furthermore, a microphone array system of the present
invention includes a plurality of microphones and a sound
signal processing part. The microphones are arranged in
such a manner that at least three microphones are arranged
in a first direction to form a microphone row, at least three
rows of the microphones are arranged so that the micro-
phone rows are not crossed each other so as to form a plane,
and at least three layers of the planes are arranged three-
dimensionally so that the planes are not crossed each other,
so that the boundary conditions for the sound estimation at
each plane of the planes constituting the three dimension can
be obtained. The sound signal processing part estimates a
sound in each direction of a three-dimensional space by
estimating sound signals in at least three positions along a
direction that crosses the first direction, utilizing the rela-
tionship between the difference, which is a gradient,
between neighborhood points on the time axis of the sound
pressure of a received sound signal of each microphone and
the difference, which is a gradient, between neighborhood
points on the spatial axis of the air particle velocity, and the
relationship between the difference, which is a gradient,
between neighborhood points on the spatial axis of the
sound pressure and a difference, which is a gradient,
between neighborhood points on a time axis of the air
particle velocity, and based on the temporal variation of the
sound pressure and the spatial variation of the air particle
velocity of received sound signals in at least three positions
aligned along the first direction; and further estimating a
sound signal in the direction that crosses the first direction
based on the estimated signals in the three positions.

This embodiment provides the boundary conditions for
the sound estimation at each plane of the planes constituting
the three dimension, so that a sound signal in an arbitrary
position in the three-dimensional space can be estimated by
utilizing the relationship between the gradient on the time
axis of the sound pressure calculated from the temporal
variation of the sound pressure of a sound signal received by
each microphone and the gradient on the spatial axis of the
air particle velocity calculated based on a received signal
between the microphones arranged on each axis.

Furthermore, a microphone array system of the present
invention includes a plurality of directional microphones
and a sound signal processing part. As for the directional
microphones, at least two directional microphones are
arranged with directivity on each spatial axis. The sound
signal processing part estimates a sound signal in an arbi-
trary position in a space by estimating a sound signal to be
received at each axis component in the arbitrary position

5

10

15

20

25

30

35

40

45

50

55

60

65

4

utilizing the relationship between the difference, which is a
gradient, between neighborhood points on the time axis of
the sound pressure of a received sound signal of each
microphone and the difference, which is a gradient, between
neighborhood points on the spatial axis of the air particle
velocity, and the relationship between the difference, which
is a gradient, between neighborhood points on the spatial
axis of the sound pressure and the difference, which is a
gradient, between neighborhood points on the time axis of
the air particle velocity, and based on the temporal variation
of the sound pressure and the spatial variation of the air
particle velocity of a received sound signal of each of the
directional microphones arranged in each spatial axis direc-
tion; and synthesizing the estimated signals three-
dimensionally.

This embodiment makes it possible to estimate a sound
signal in an arbitrary position in a space by utilizing the
gradient on the time axis of the sound pressure calculated
from the temporal variation of the sound pressure of a sound
signal received by each directional microphone, the gradient
on the spatial axis of the air particle velocity calculated
based on a received signal between the directional micro-
phones arranged so that the directivities thereof are directed
to the respective axes, and the correlation thereof.

Next, a microphone array system of the present invention
includes a plurality of directional microphones and a sound
signal processing part. The directional microphones are
arranged in such a manner that at least two directional
microphones are arranged with directivity to a first direction
to form a microphone row, at least two rows of the direc-
tional microphones are arranged so that the microphone
rows are not crossed each other so as to form a plane, and
at least two layers of the planes are arranged three-
dimensionally so that the planes are not crossed each other,
so that the boundary conditions for the sound estimation at
each plane of the planes constituting the three dimension can
be obtained. The sound signal processing part estimates a
sound in each direction of the three-dimensional space by
estimating sound signals in at least two positions along a
direction that crosses the first direction, utilizing the rela-
tionship between a difference, which is a gradient, between
neighborhood points on the time axis of the sound pressure
of a received sound signal of each microphone and the
difference, which is a gradient, between neighborhood
points on the spatial axis of the air particle velocity, and the
relationship between the difference, which is a gradient,
between neighborhood points on the spatial axis of the
sound pressure and the difference, which is a gradient,
between neighborhood points on the time axis of the air
particle velocity, and based on the temporal variation of the
sound pressure and the spatial variation of the air particle
velocity of received sound signals in at least two positions
aligned along the first direction; and further estimating a
sound signal in the direction that crosses the first direction
based on the estimated signals in the two positions.

This embodiment provides the boundary conditions for
the sound estimation at each plane of the planes constituting
the three dimension, and makes it possible to estimate a
sound signal in an arbitrary position in the three-dimensional
space by utilizing the gradient on the time axis of the sound
pressure calculated from the temporal variation of the sound
pressure of a sound signal received by each directional
microphone, the gradient on the spatial axis of the air
particle velocity calculated based on a received signal
between the directional microphones arranged so that the
directivities thereof are directed to respective axes, and the
correlation thereof.
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In the microphone array system, it is preferable that the
relationship between the gradient on the time axis of the
sound pressure and the gradient on the spatial axis of the air
particle velocity of the received sound signal is expressed by
Equation 2:

(Vx(xi+1>yjazg>tk)_
Vi o2, gatk))"'
(Vy(xiayj+1azg>tk)_
Vy(xiay o2, gatk))"'

(valxpy j:zg+1>tk)_

v, (%, jazgatk)=
b(P(xi+1>y/‘+1>Zg+1>tk+1)_

POi1YirrZerssle) Equation 2

where X, y, and z are spatial axis components, t is a time

component, v is the air particle velocity, p is the sound
pressure, and b is a coefficient.

In the microphone array system, it is preferable that the
sound signal processing part includes a parameter input part
for receiving an input of a parameter that adjusts the signal
processing content. One example of an input parameter is a
sound signal enhancement direction parameter for designat-
ing a specific direction in which sound signal estimation is
enhanced is supplied to the parameter input part, thereby
enhancing a sound signal from a sound source in the specific
direction. Another example of an input parameter is a sound
signal attenuation direction parameter for designating a
specific direction in which sound signal estimation is
reduced is supplied to the parameter input part, thereby
removing a sound signal from a sound source in the specific
direction.

This embodiment makes it possible for a user to adjust
and designate the signal processing content in the micro-
phone array system.

In the microphone array system, it is preferable that the
interval distance between adjacent microphones of the
arranged microphones is within an interval distance that
satisfies the sampling theorem on the spatial axis for the
frequency of a sound signal to be received.

This embodiment makes it possible to perform high
quality signal processing in a necessary frequency range by
satisfying the sampling theorem.

In the microphone array system, it is preferable that the
sound signal processing part includes a band processing part
for performing band division processing and frequency shift
for band synthesis for a received sound signal at the micro-
phones.

This embodiment makes it possible to adjust the apparent
bandwidth of a signal and shift the frequency of the signal
received by the microphones, so that the same effect as that
obtained by adjusting the sampling frequency of the signal
received by the microphones can be obtained.

Furthermore, a microphone array system of the present
invention includes a plurality of microphones and a sound
signal processing part. As for the microphones, a plurality of
microphones are arranged in three orthogonal axis directions
in a predetermined space. The sound signal processing part
connected to the microphones estimates a sound signal in an
arbitrary position in a space other than the space where the
microphones are arranged based on the relationship between
the positions where the microphones are arranged and the
received sound signals.
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6

This embodiment makes it possible to estimate a sound
signal in an arbitrary position in a space other than the space
where the microphones are arranged.

In the microphone array system, it is preferable that the
microphones are mutually coupled and supported on a
predetermined spatial axis.

Preferably, this support member has a thickness of less
than %, preferably less than %, of the wavelength of the
maximum frequency of the received sound signal, and
preferably this support member is solid, and is hardly
oscillated by the influence of the sound.

This embodiment makes it possible to provide a micro-
phone array system where the microphones are arranged
actually in a predetermined position interval distance, and
the oscillation by the sound can be suppressed so as to
reduce noise to the received signal.

These and other advantages of the present invention will
become apparent to those skilled in the art upon reading and
understanding the following detailed description with refer-
ence to the accompanying figures.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a schematic diagram of a basic configuration of
a microphone array system of the present invention.

FIG. 2 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 1 of the present
invention.

FIG. 3 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 2 of the present
invention.

FIGS. 4(a) and 4(b) are schematic diagrams showing the
estimation of a sound signal to be received in a position S
(X515 Ys2» Zs3), utilizing the microphone array system of
Embodiment 2 of the present invention.

FIG. 5 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 3 of the present
invention.

FIG. 6 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 4 of the present
invention.

FIG. 7 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 5 of the present
invention.

FIG. 8 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 6 of the present
invention.

FIG. 9 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 7 of the present
invention.

FIG. 10 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 8 of the present
invention.

FIG. 11 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 9 of the present
invention.

FIG. 12 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 10 of the present
invention.

FIG. 13 is a schematic diagram of a basic configuration of
a microphone array system of Embodiment 10 of the present
invention.

FIG. 14 is a schematic diagram showing desired-signal-
enhancement using a conventional microphone array sys-
tem.
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DESCRIPTION OF THE PREFERRED
EMBODIMENTS

The microphone array system of the present invention
will be described with reference to the accompanying draw-
ings.

First, the basic principle of the sound signal estimation
processing of the microphone array system of the present
invention will be described below.

Sound is an oscillatory wave of air particles, which are a
medium for sound. The following two wave equations
shown in Equation 3 are satisfied between the changed value
of the pressure in the air caused by the sound wave, that is,
“sound pressure p”, and the differential over time of the
changed values (displacement) in the position of the air
particles, that is, “air particle velocity v”.

1 dplx,y, 2.0 Equation 3
-Vv(x, y,2,1) = e
vz, y, 2, 1)

-Vpx, y.5,0=p a1

where t represents time, X, y, and z represent rectangular
coordinate axes that define the three-dimensional
space, K represents the volume elasticity (ratio of
pressure and dilatation), and p represents the density
(per unit volume) of the air medium. The sound pres-
sure p is a scalar, and the particle velocity v is a vector.
V on the left side of Equation 3 represents a partial
differential operation, and is represented by Equation 4,
in the case of rectangular coordinates (X, ¥, z).

V=(8/0x)x,+(8/dy )y +(8/02)z; Equation 4
where x,, y,; and z, represent vectors with a unit length in
the directions of the x-axis, the y-axis and the z-axis,
respectively. The right side of Equation 3 indicates a
partial differential operation over time t.

The two wave equations shown in Equation 3 can be
converted to difference equations, which are the forms used
by actual calculation. Equation 3 can be converted to Equa-
tions (5) to (8).

DXy 1Y 2 t) P X Zeoti )= (VX1 jyZ st s ) Vi

(X0YpZe5t0) Equation 5

DXy 15208 ~P X Zeoti )= (VX1 s Zgsbes )=V,

(X0YpZe5t0) Equation 6

DXy 18 ~P iy Ze )= (VA (XY T b)Y
(x,-,y,-,lg,lk))

Equation 7
(Vi1 Y2 ot~

V(XY pZ i)+

(Vy(xiayj+1azg>tk)_

V(XY pZ et )+

((AENY j:zg+1>tk)—

V(XY Zgiti)=

b(p(xi+1>yj+1>zg+1>tk+1)_

POir1Yir1Zgrnste)) Equation 8

where a and b represent constant coefficients, t, is a
sampling time, X, y; and z, represent positions for
sound estimation on the X axis, y axis, and z axis,

respectively, and are assumed to be spaced away with
an equal interval distance herein. v,, v,, and v, repre-
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8

sent an X axis component, a y axis component, and a z
axis component of the particle velocity, respectively.

An example of the three-dimensional arrangement of
microphones of the microphone array system of the present
invention is as follows. Three microphones are arranged
with an equal interval distance in each of the x, y, and z axis
directions. This microphone array system includes 3x3x3=
27 microphones arranged in total. The arrangement of the
microphones can be indicated by the x coordinates (X, X1,
X,), the y coordinates (¥4, V1, ¥»), and the z coordinates (z,
Z1, Z,). FIG. 1 shows only the microphones that are on the
xy plane and have a z value of z, of the microphone array
system.

In this microphone array system in three-dimensional
arrangement, it is assumed that the direction of a sound
source is only one and known. For simplification, estimation
is performed with respect to the received sound signals on
the x axis. For the estimation of a received sound signal in
the x axis direction in FIG. 1, a method for estimating the
sound pressure and the air particle velocity in the x axis
direction using Equations (5), (6) and (8) is described below.
The estimation with respect to the y axis direction can be
performed in the same manner.

In the microphone array system shown in FIG. 1, the
particle velocity v, in the z axis direction cannot be obtained.
Therefore, Equation 8 cannot be used as it is. Then, Equation
9 is led by eliminating the z axis components of the air
particle velocity from Equation 8.

[UNCRE 20 A

VilXiV pZ g DV i 1,2 ot )=V (Ko 52 ot ))=B (O (X 1Y 115 )
Zastbkr )P Fis1 Ve 15Zgs 150k) Equation 9

where b' is a coefficient that depends on the direction 6 of
the sound source based on the xy plane, as shown in
Equation 10.

b'=b cos © Equation 10

As the above, in the case where the sound source is single,
and the direction of the sound source is known, Equation 9
can be used for sound signal estimation processing, and the
coefficient b' can be changed depending on the direction 6 of
the sound source, as shown in Equation 10. However, in
order to estimate signals from a plurality of sound sources in
unknown directions, a method for estimation that does not
depend on the direction 6 of the sound source is required.
The following is a method for estimation that does not
depend on the direction 0 of the sound source.

Generally, when it is assumed that the direction 6 of the
sound source is not changed significantly, because the sound
source does not move in a large distance for a short time
1/Fs, Equation 11 below is satisfied, where Fs is a sampling
frequency.

alxsy, j:zgatk)_
VilXio 1Y pZesti))
(Vy(xi—lay j+1>zg>tk)_
Vy(xiflayjazytk)):b'(
p(xiayj+1azg+1>tk+1)_
PEoYir1sZ b)) Equation 11

When Equation 12 below is used herein, the right side of
Equation 9 can be estimated from the right side of Equation
11.
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PXiels Yjsls Zgals br1) = P(Xinds Yjrls Zgels k) = Equation 12

1

Z Cq(PXis Yjsls Tgals lrgr1) = P(Xis Yjils Zgrls lirg)) s
g=—1

The coefficient ¢, in Equation 12 is calculated with

Equation 13 below.
10

c_y P(Xis Yjrts Zgets I) = P(Xiy Yjrls Zgels 1) Equation 13

co | =| P&, Yirls Zevts Tm1) = P, Vil Zgels T2)
c1 PXis Vit Zgrts Tk-2) = P(Xis Yjrls Zg+ls l-3)

P(Xis Yjrls Zgets Tevl) = Py Yjrls gl I 15
P(Xis Yjrls Zgets Ik) = P(Xis Yjsls Zgels f-1)

P(Xis Yjels gt T—1) = P(Xis Yjsls Zgels le-2)

Py Yiets Zgrts Tewz) = POty Yjats Zgets leat) T
PXis Vet Zgels Teet) = PO Yirts Zgets k)
P(Xis Yjrls Zgets Ik) = P(Xis Yjsls Zgels f-1)

P(Xivls> Y jrls> Tg+ls Berl) = P(Xis Yjrls Zgels It)
P(Xists Yjals Zgals B) = P(Xivls Yjrls Zgels Tk-1)

PXivls Yjrls Zg+1s 1) = P(Xisls Yjrl» Zgrls Te—2) 25

Similarly, the left side of Equation 9 can be estimated
from the left side of Equation 11 with the coefficient c,, as
shown in Equation 14 below.

Vx(Xiv1s Yo Zgo &) = VaXis V) Zgo B)) + Equation 14

(y(Xis Yjrts g ) = Vy(Xis ¥j» Zg> k) =
1 35
Z CqVa(Xis ¥j» Zgs Tirg) = Va(Xie1»> Yj» Tg» livg)) +
=1

Vy(Xits Yirls Zg» Tirg) = Vy(Xints V) Zg» Ting)))

40

Next, an example of estimation of a received sound signal

at an arbitrary point by processing with the above-described

equations is shown below. Microphones are arranged actu-

ally as shown in FIG. 1, and a received sound signal at a

point where no real microphone is arranged is estimated

based on the received sound signals obtained from the sound

source. (X3, Yo, Z,) is selected as the point where no real

microphone is arranged, and first the sound pressure p (X,
Vo, Z1, L) at a time t, at the point is estimated.

I
&

Equations 5, 6, 13 and 14 are used to estimate the sound
pressure p. Herein, it is assumed that x-x, ;=y,~y; ;=
(sound velocity/sampling frequency). In this case, a=1 in
Equation 4.

First, next air particle velocities, v.(Xo,Yo,Z1te)> V. (X1,¥05 >
21y Vy(XoYorZiole)s Vy(Xos¥1:Zaste)s Vi(X15¥o0sZ1sly), and
v (X1,¥1,Z1,3) are calculated from the sound signals received
by the respective microphones.

Equations 15 and 16 are led from Equations 5 and 6.
Equation 15

Ve(Xis Vj» Zgs Tisl) =

1
V(s Yjs Zgs B) + E(P(Xiﬂ, Vi Zgo ) = PKis V) Zgs I))

where =0, 1, j=0, and g=1.

10

Vy(Xis Yjs Zgo Tks1) = Equation 16

1
Vy(Xis ¥j» Zgo k) + ;(P(X;, Virls Zg> i) = P(Xiy ¥ s Zgs T))

where =0, 1, j=0, 1, and g=1.
Secondly, the coefficients c_;, ¢, and ¢, are calculated.
Equation 17 is led from Equation 13.

c1 pxL, yi, 21, &) — plx, i, 2, k1) Equation 17
co | =| P&, y1, 21, B-1) = X1, Y1, 20, Ik-2)
1 P, Y1, 21, l2) = P31, Yis 21, ie-3)

XL, Yis 21, Beet) = POSL, Y15 21 )
X1, Yo 21, &) — plxr, yis 21, bet)
PxL, Yis 21, Be-t) = P61, Y1, 21 Te-2)

P, Y1, 21, Be2) = POV, 31, 205 )
XL, Yis 21, Beet) = POSL, Y15 21 )
X1, Yo 21, &) — plxr, yis 21, bet)

px2, Y1, 215 Lert) = p(X2, Yis 205 I)
px2, yi, 21, &) — plx2, i, 2, k1)
px2, Y1, 21, 1) = p(X2, Y1, 21, k=)

Thirdly, the air particle velocity v (X,,Yo,Z1,t) i X, is
calculated.
Equation 18 is led from Equation 14.

(vx(x2, Yo, 21, ) = Equation 18

VelX1, Yo, 215 B) = (Vy(X1, Y1 215 &) = vy (X1, Yo, 21 i) +

1

Z Cq(Va(X15 Y05 Z1s evg) = Va(X0»> Y05 Z1» lkrg)) +
=1

(vy (X0, Y15 Z1» lerg) = Vy(X0s Y0» 21» Tirg))

Fourthly and finally, the sound pressure p(Xs, Yo, Z1, 1) i
X5 is calculated.
Equation 19 is led from Equation 4.

P53y 021:t0=D 0.y 0,210 +A(VeXo:Y 0,71 b=V

(taorziste)) Equation 19

The sound pressure p and the air particle velocity v of an
arbitrary point on the x axis can be estimated by repeating
the first to fourth processes with respect to the x axis
direction in the same manner as above.

Next, specific examples of the microphone array system
employing the basic principle of the processing for estimat-
ing a sound signal to be received in an arbitrary position in
the three-dimensional space are shown as Embodiments
below. The arrangement of the microphones, the ingenuity
as to the interval distance between the microphones, and the
ingenuity as to sampling frequency will be also described.

Embodiment 1

FIG. 2 shows a microphone array system where three
microphones are arranged on each axis, which is an illus-
trative arrangement where at least three microphones are
arranged on each spatial axis.

In the microphone array system of this type, for estima-
tion of a sound signal to be received in an arbitrary position
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S (X515 Vs, Zs3), @ sound signal to be received in each
position corresponding to a component on each spatial axis
in the arbitrary position S in a defined three-dimensional
space is estimated, and a vector sum of the three-
dimensional components is calculated.

As shown in FIG. 2, for estimation of a sound signal to be
received in an assumed position S (X, V.2, Z,) in the
defined three-dimensional space, a sound signal to be
received in a position corresponding to a component of each
spatial axis of the assumed position S is estimated. In other
words, first, a sound signal to be received in a position on
each of (x,;, 0, 0) on the x axis, (0, y,,, 0) on the y axis and
(0, 0, z,5) on the z axis is estimated, applying the basic
principle of the processing for estimating a sound signal to
be received as described above. Next, the vector sum of the
estimated sound signals to be received of the axis compo-
nents is synthesized and calculated so that an estimated
sound signal to be received in the assumed position S can be
obtained.

In the embodiment where the components in the spatial
axis directions are synthesized to obtain an estimated sound
signal to be received, the processing for estimating a sound
signal to be received can be performed easily, on the premise
that an influence of the variation in the sound pressure and
the air particle velocity of a sound signal in one spatial axis
direction on the variation in the sound pressure and the air
particle velocity of a sound signal in another spatial axis
direction can be ignored.

As described above, in this embodiment, the basic prin-
ciple for the estimation of a sound signal to be received is
applied to the estimation in each spatial axis direction. The
relationship between the difference, i.e., gradient between
neighborhood points on the time axis of the sound pressure
of a received sound signal of each microphone and the
difference, i.e., gradient between neighborhood points on the
spatial axis of the air particle velocity is utilized. In addition,
the relationship between the difference, i.e., gradient
between neighborhood points on the spatial axis of the
sound pressure and the difference, i.e., gradient between
neighborhood points on the time axis of the air particle
velocity is utilized. Utilizing the above relationships and
based on the temporal variation of the sound pressure and
the spatial variation of the air particle velocity of the
received sound signal of each microphone arranged in each
spatial axis direction, a sound signal to be received in each
axis component in an arbitrary position is estimated. Then,
the estimated signals are synthesized three-dimensionally, so
that a sound signal in the arbitrary position in the space can
be estimated.

Embodiment 2

As shown in FIG. 3, the microphone array system of
Embodiment 2 is an example of the following arrangement.
At least three microphones are arranged in one direction to
form a microphone row. At least three rows of the micro-
phones are arranged so that the microphone rows are not
crossed each other so as to form a plane. At least three layers
of the planes are arranged three-dimensionally so that the
planes are not crossed each other. Thus, the microphones are
arranged so that the boundary conditions for sound estima-
tion at each plane of the planes constituting the three
dimension can be obtained. The microphone array system of
Embodiment 2 includes 27 microphones, which is the small-
est configuration of this arrangement.

In the microphone array system of this type, the estima-
tion of a sound signal to be received in an arbitrary position
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S (%15 Ys2» Zs3) 1s performed as follows. As shown in FIG.
4(a), received sound signals in predetermined positions
(.8 (X1 Yor Z0)s (Xe15 Y15 Zo)s (15 Y25 2Z0)) are obtained
from at least three rows with respect to one direction (e.g.,
the direction parallel to the x axis). The obtained three
estimated sound signals to be received are regarded as
estimated rows for the next stage to obtain a received sound
signal in a predetermined position (e.g., (X,1, V.2, Zo)) in the
next axis component. This process is repeated so as to obtain
sound signals to be received in at least three positions (e.g.,
the remaining (X.1, Y.z, 21)> (X515 V2o Z2)) 10 the next axis
direction, as shown in FIG. 4(b). Then, a final estimated
sound signal to be received (in the arbitrary position S (x4,
V.0, Z.3)) is obtained based on these three estimated sound
signals to be received.

As described above, in the microphone array system of
Embodiment 2, the basic principle for the estimation of a
sound signal to be received is applied to the estimation in
each direction and row. The relationship between the
difference, i.e., gradient between neighborhood points on the
time axis of the sound pressure of a sound signal to be
received of each microphone and the difference, i.e., gradi-
ent between neighborhood points on the spatial axis of the
air particle velocity is utilized. In addition, the relationship
between the difference, i.e., gradient between neighborhood
points on the spatial axis of the sound pressure and the
difference, i.e., gradient between neighborhood points on the
time axis of the air particle velocity is utilized. Utilizing the
above relationships and based on the temporal variation of
the sound pressure and the spatial variation of the air particle
velocity of the received sound signals in at least three
positions aligned along one direction (first direction), sound
signals to be received in at least three positions in a direction
that crosses the first direction are estimated. Then, a sound
signal in the direction that crosses the first direction can be
estimated based on the estimated signals in the three posi-
tions.

Embodiment 3

Embodiment 3 uses directional microphones as the micro-
phones to be used, and each directional microphone is
arranged so that the direction of directionality thereof is
directed to each axis direction. This embodiment provides
the same effect as when the boundary conditions with
respect to one direction are provided from the beginning.

FIG. 5 shows an example of a microphone array system
including a plurality of directional microphones, where at
least two directional microphones are arranged with direc-
tionality onto each spatial axis. The microphone array sys-
tem shown in FIG. 5 has the smallest configuration of two
directional microphones on each axis.

In the microphone array system of this type, the direc-
tionality is directed along a corresponding axis. For estima-
tion of a sound signal to be received in an arbitrary position
S (X, Y.» Zs3), @ sound signal to be received in each
position corresponding to a component on each spatial axis
in the arbitrary position S in a defined three-dimensional
space is estimated from two received sound signals, and a
vector sum of the three-dimensional components is calcu-
lated.

Similarly to Embodiment 1, in this embodiment where the
components in the spatial axis directions are synthesized to
obtain an estimated sound signal to be received, the pro-
cessing for estimating a sound signal to be received can be
performed easily, on the premise that an influence of the
variation in the sound pressure and the air particle velocity
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of a sound signal in one spatial axis direction on the
variation in the sound pressure and the air particle velocity
of a sound signal in another spatial axis direction can be
ignored.

As described above, the microphone array system of
Embodiment 3 uses at least two directional microphones in
each spatial axis direction, and utilizes the following rela-
tionships: the relationship between the difference, i.e., gra-
dient between neighborhood points on the time axis of the
sound pressure of a received sound signal of each micro-
phone; and the difference, i.e., gradient between neighbor-
hood points on the spatial axis of the air particle velocity and
the relationship between the difference, i.e., gradient
between neighborhood points on the spatial axis of the
sound pressure and the difference, i.e., gradient between
neighborhood points on the time axis of the air particle
velocity. Utilizing the above relationships and based on the
temporal variation of the sound pressure and the spatial
variation of the air particle velocity of the received sound
signal of each directional microphone arranged in each
spatial axis direction, a sound signal to be received in each
axis component in an arbitrary position is estimated. Then,
the estimated signals are synthesized three-dimensionally, so
that a sound signal in the arbitrary position in the space can
be estimated.

Embodiment 4

Embodiment 4 uses directional microphones as the micro-
phones to be used. FIG. 6 shows the microphone array
system of Embodiment 4, which is an example of the
following arrangement. At least two directional micro-
phones are arranged in one direction to form a microphone
row. At least two rows of the directional microphones are
arranged so that the microphone rows are not crossed each
other so as to form a plane. At least two layers of the planes
are arranged three-dimensionally so that the planes are not
crossed each other. Thus, the microphones are arranged so
that the boundary conditions for sound estimation at each
plane of the planes constituting the three dimension can be
obtained. The microphone array system of Embodiment 4
includes 8 directional microphones, which is the smallest
configuration of this arrangement. Similarly to Embodiment
3, this embodiment provides the same effect as when the
boundary conditions with respect to one direction to which
the directionality is directed are provided from the begin-
ning. The processing for estimating a sound signal to be
received with respect to an arbitrary position S in the
three-dimensional space is performed in the same manner as
in Embodiment 2, except that the sound signal to be received
can be estimated from two signals with respect to one
direction and row.

Embodiment 5

Embodiment 5 is a microphone array system whose
characteristics are adjusted by optimizing the interval dis-
tance between arranged microphones. The interval distance
between adjacent microphones is within a distance that
satisfies the sampling theorem on the spatial axis for the
frequency of a sound signal to be received.

The probability of the estimation processing in the basic
principle of the sound signal estimation as described above
becomes higher, as the interval distance between the micro-
phones becomes narrower. In this case, the maximum 1, . of
the interval distance between adjacent microphones is
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expressed by Equation 20, in view that it is necessary to
satisfy the sampling theorem.

Lax=(the sound velocity/(the maximum frequency of the sound
signal to be receivedx2) Equation 20

Thus, it is sufficient that the interval distance between
adjacent microphones with respect to the maximum fre-
quency of the sound signal that is assumed to be received is
in the range that satisfies Equation 20.

The microphone array system of Embodiment 5 includes
a microphone interval distance adjusting part 73 for chang-
ing and adjusting the interval distance between arranged
microphones, as shown in FIG. 7. The microphone interval
distance adjusting part 73 changes and adjusts the interval
distance between the microphones by moving the micro-
phones in accordance with the frequency characteristics of a
sound output from a sound source, in response to external
input instructions or autonomous adjustment. The micro-
phone can be moved, for example by a moving device that
may be provided in the support of the microphone.

In the case where the microphone interval distance is
made small so that the Equation 20 is satisfied, it is neces-
sary to adjust the coefficients of Equations 5 to 8 shown in
the sound signal estimation processing. The coefficients at
an interval distance 1 are obtained by Equation 21.

! Equation 21
A= T pgse
Imax
b= ! b,
= lmax ‘base
where 1, . is the maximum value of the microphone

interval distance, and a,,.. and b, are the coefficients
a and b of Equations 5 to 8.

As described above, the configuration of the microphone
array system can be adjusted so that Equation 20 can be
satisfied by changing and adjusting the microphone interval
distance by moving the microphone itself with external input
instructions to the microphone interval distance adjusting
part 73 or autonomous adjustment of the microphone inter-
val distance adjusting part 73.

Embodiment 6

Embodiment 6 is a microphone array system that can be
adjusted so that in the sound signal estimation processing of
the microphone array system of the present invention, the
sampling theorem on the spatial axis as shown in Equation
20 is satisfied with respect to the frequency of a sound output
from a sound source. Embodiment 6 provides the same
effect as Embodiment 5 by interpolation on the spatial axis,
instead of the method for physically changing the interval
distance between the microphones as show in Embodiment
5.

For simplification, in this embodiment, only the interpo-
lation adjustment in the x axis direction will be described,
but the interpolation adjustment in the y axis and z axis
directions can be performed in the same manner.

As shown in FIG. 8, the sound signal processing part of
the microphone array system includes a microphone position
interpolation processing part. The microphone position
interpolation processing part 81 changes and adjusts the
interval distance between the arranged microphones virtu-
ally by performing position-interpolation-processing with
respect to a signal received by each microphone.

When the original microphone interval distance is repre-
sented by 1,,,. and calculation is performed with
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interpolation, as shown in Equation 22, the same sound
signal estimation can be performed as when the interval
distance between adjacent microphones is changed to 1.

p'(xo, y1, 1) = Equation 22

!
E(p(XOa Y1, i) = plxr, yi, i) + plxr, yi, i)
se
P, Y1, 1) =

!
E(p(XZa Y1, i) = plxr, yi, i) + plxr, yi, i)

As described above, the microphone position interpola-
tion processing part 81 performs interpolation processing
with respect to the frequency characteristics of a sound
output from the sound source, so that the microphone array
system of this embodiment can be adjusted to satisfy the
sampling theorem on the spatial axis shown in Equation 20.

Embodiment 7

Embodiment 7 aims at improving the probability of the
sound signal estimation processing in an arbitrary position
by adjusting the sampling frequency in the received sound
processing at the microphones and performing oversampling
with respect to the frequency characteristics of a sound
output from the sound source.

In the microphone array system of Embodiment 7, as
shown in FIG. 9, a sound signal processing part includes a
sampling frequency adjusting part for adjusting the sampling
frequency for the processing of sounds received at the
microphones. The sampling frequency adjusting part 91
changes the sampling frequency so that oversampling is
achieved.

The probability of the estimation processing in the basic
principle of the sound signal estimation as described above
becomes higher, as oversampling is performed to greater
extent. In this case, in order to satisfy the sampling theorem,
the minimum value F_,, of the sampling frequency is
F,,;,=(the maximum frequency of the sound signal to be
receivedx2). The maximum frequency of the sound signal to
be received is determined by the cutoff frequency of an
analog low pass filter in front of an AD (analog-digital)
converter. Therefore, oversampling can be achieved by
raising the sampling frequency of the AD converter while
maintaining the cutoff frequency of the low pass filter
constant.

The coefficients at an sampling frequency Fs are obtained
by Equation 23.

Fs Equation 23
a4 = =—0base
FSmin
b=y
= T Vbase

where a,,., and b, are the coefficients of Equations 5 to
8 at an sampling frequency F_,, ...

As described above, the sampling frequency adjusting
part 91 achieves oversampling of the sampling frequency, so
that the probability of the sound signal estimation processing
in an arbitrary position can be improved

Embodiment 8

Embodiment 8 aims at improving the probability of the
sound signal estimation processing in an arbitrary position

10

15

20

25

30

35

40

45

50

55

60

65

16

by performing band division and frequency shift of each
signal to a lower band in the processing of the sound signals
received by the microphones. Thus, the same effect as
obtained by sampling frequency adjustment can be obtained.

FIG. 10 shows the microphone array system of Embodi-
ment 8. As shown in FIG. 10, a sound signal processing part
72 includes a band processing part 101 for performing band
division processing and downsampling for a received sound
signal at a microphone array 71. A signal that has been
subjected to the band division processing by the band
processing part 101 is subjected to frequency-shift to a low
band in the original band, so that relative sampling fre-
quency adjustment is performed. Thus, the probability of the
sound signal estimation processing in an arbitrary position
can be improved.

A tree structure filter or a polyphase filter bank can be
used for a band division filter 102 of the band processing
part 101. In this embodiment, the band division filter 102
divides into four bands. Next, downsampling to decrease the
sampling rate to 1/4 times is performed by a downsampling
part 103. Next, upsampling to enhance the sampling rate to
4 times is performed by adding 0 sequence by an upsampling
part 104. Finally, the signal passes through a low pass filter
104 having a cutoff frequency of F_=F /8.

The frequency shift processing of the band processing
part 101 provides the same effect as obtained by the sam-
pling frequency adjustment, so that the probability of the
sound signal estimation processing in an arbitrary position
can be improved.

Embodiment 9

In Embodiment 9, only an estimated sound in a specific
direction is enhanced by setting parameters in the sound
signal processing part of the microphone array system so
that a desired sound is enhanced. Moreover, an estimated
sound in a specific direction is attenuated so that noise is
suppressed.

FIG. 11 shows an example of a configuration of the
microphone array system of Embodiment 9.

The microphone array system includes a parameter input
part 111 for receiving an input of a parameter for adjusting
signal processing contents.

A sound signal enhancement direction parameter for
designating a specific direction in which the sound signal
estimation is enhanced is supplied to the parameter input
part 111. In this case, as the sound signal estimation pro-
cessing of the sound signal processing part 72, an estimation
result in a specific direction shown in the basic principle is
subjected to addition processing by an addition and subtrac-
tion processing part 112 so that the sound signal from the
sound source in the specific direction is enhanced.

Furthermore, a sound signal attenuation direction param-
eter for designating a 25 specific direction in which the
sound signal estimation is reduced is supplied to the param-
eter input part 111. In this case, as the sound signal estima-
tion processing of the sound signal processing part 72,
subtraction processing for removing a sound signal from a
sound source in a specific direction is performed by the
addition and subtraction processing part 112 so that the noise
signal from the sound source in the specific direction is
suppressed.

Embodiment 10

Embodiment 10 detects whether or not sound sources are
present in a plurality of arbitrary positions in a sound field.
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The detection of a sound source is performed by utilizing
cross-correlation function between estimated sound signals
based on the estimated sound signals, or checking the power
of a sound signal obtained from the synchronous addition of
estimated signals with respect to a direction so as to deter-
mine whether or not the sound source is present.

In the case where the cross-correlation function between
the estimated sound signals is utilized, as shown in FIG. 12,
for the sound signal estimation of the sound signal process-
ing part 72, the cross-correlation function between estimated
sound signals is calculated, based on the sound signal
estimated with respect to each direction by a cross-
correlation calculating part 121. A position where the cross-
correlation calculated by a sound source position detecting
part 122 is the largest is detected so that the position of the
sound source can be estimated.

Furthermore, in a microphone array system that detects
the existence of the sound source using the sound power of
a synchronous added sound signal, as shown in FIG. 13, the
sound signal processing part 72 of the microphone array
system includes a sound power detecting part 131. The
sound power detecting part 131 checks the power of the
sound signal obtained from the synchronous addition of
estimated signals in an assumed direction. Then, a sound
source detecting part 132 determines that there is a sound
source in the direction when the sound power is above a
certain value.

In this embodiment, as a result of the synchronous addi-
tion in the x axis direction, the sound power pow of p.(t,)
that is a result of synchronous addition is calculated with
Equation 24. It is determined that there is a sound source in
the x axis direction when the result is equal to or more than
a threshold value.

pow = Z Pt Equation 24
X

For a value of the sound power, for example, when the
sound source to be detected is a person, it is appropriate to
use a sound power of a voice that a person speaks. When the
sound source to be detected is a car, it is appropriate to use
a sound power of a sound of a car engine.

The embodiments described above are examples of the
present invention, and therefore, although the number of
microphones constituting the microphone array system, the
arrangement and the interval distance between the micro-
phones in the embodiments are specific in the embodiment,
they are only illustrative and not limiting the present inven-
tion.

The microphone array system of the present invention can
estimate received sound signals in a larger number of
arbitrary positions with a small number of microphones,
thus contributing to space-saving.

The microphone array system of the present invention
estimates a sound signal in an arbitrary position in a space
in the following manner. The relationship between the
gradient on the time axis of the sound pressure and the
gradient on the spatial axis of the air particle velocity of a
received sound signal of each microphone is utilized. In
addition, the relationship between the gradient on the spatial
axis of the sound pressure and the gradient on the time axis
of the air particle velocity is utilized. Utilizing the above
relationships and based on the temporal variation of the
sound pressure and the spatial variation of the air particle
velocity of the received sound signal of each microphone
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arranged in each spatial axis direction, a sound signal to be
received in each axis component in an arbitrary position is
estimated. Then, the estimated signals are synthesized three-
dimensionally, so that a sound signal in the arbitrary position
in the space can be estimated.

Furthermore, according to the microphone array system
of the present invention, the boundary conditions for sound
estimation at each plane of the planes constituting the three
dimension can be obtained from each microphone. The
relationship between the gradient on the time axis of the
sound pressure and the gradient on the spatial axis of the air
particle velocity of a received sound signal of each micro-
phone is utilized. In addition, the relationship between the
gradient on the spatial axis of the sound pressure and the
gradient on the time axis of the air particle velocity is
utilized. Utilizing the above relationships and based on the
temporal variation of the sound pressure and the spatial
variation of the air particle velocity of the received sound
signal of each microphone arranged in each spatial axis
direction, a sound signal to be received in each axis com-
ponent in an arbitrary position is estimated. Then, the
estimated signals are synthesized three-dimensionally, so
that a sound signal in the arbitrary position in the space can
be estimated.

Furthermore, according to the microphone array system
of the present invention, high quality signal processing can
be performed in a necessary frequency range by satisfying
the sampling theorem. In order to satisfy the sampling
theorem, the adjustment of the interval distance between
microphones, the position interpolation processing of a
received sound signal at each microphone for the virtual
adjustment of the interval distance between the
microphones, the adjustment of sampling frequency, and the
shift of the frequency of a signal received at the microphone
can be performed.

Furthermore, according to the microphone array system
of the present invention, addition processing and subtraction
processing are performed by setting parameters to be sup-
plied to a parameter input part, so that a desired sound can
be enhanced, and noise can be suppressed.

Furthermore, according to the microphone array system
of the present invention, the position of a sound source can
be estimated by utilizing the cross-correlation function
between estimated sound signals or detecting the sound
power.

The invention may be embodied in other forms without
departing from the spirit or essential characteristics thereof.
The embodiments disclosed in this application are to be
considered in all respects as illustrative and not limiting. The
scope of the invention is indicated by the appended claims
rather than by the foregoing description, and all changes
which come within the meaning and range of equivalency of
the claims are intended to be embraced therein.

What is claimed is:

1. A microphone array system comprising a plurality of
microphones and a sound signal processing part,

wherein at least three microphones are arranged on each

spatial axis, and

the sound signal processing part estimates a sound signal

in an arbitrary position in a space by estimating a sound
signal to be received at each axis component in the
arbitrary position, utilizing a relationship between a
difference, which is a gradient, between neighborhood
points on a time axis of a sound pressure of a received
sound signal of each microphone and a difference,
which is a gradient, between neighborhood points on a
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spatial axis of an air particle velocity, and a relationship
between a difference, which is a gradient, between
neighborhood points on a spatial axis of the sound
pressure and a difference, which is a gradient, between
neighborhood points on a time axis of the air particle
velocity, and based on a temporal variation of the sound
pressure and a spatial variation of the air particle
velocity of the received sound signal of each micro-
phone arranged in each spatial axis direction; and
synthesizing the estimated signals three-dimensionally.

2. The microphone array system according to claim 1,
wherein in the estimation of a sound signal in an arbitrary
position in a space, the sound signal estimation processing
for each spatial axis direction is performed on a premise that
an influence of a variation in the sound pressure and the air
particle velocity of a sound signal in one spatial axis
direction on a variation in the sound pressure and the air
particle velocity of a sound signal in another spatial axis
direction can be ignored.

3. A microphone array system comprising a plurality of
microphones and a sound signal processing part,

wherein the microphones are arranged in such a manner

that at least three microphones are arranged in a first
direction to form a microphone row, at least three rows
of the microphones are arranged so that the microphone
rows are not crossed each other so as to form a plane,
and at least three layers of the planes are arranged
three-dimensionally so that the planes are not crossed
each other, so that boundary conditions for sound
estimation at each plane of the planes constituting a
three dimension can be obtained, and

the sound signal processing part estimates a sound in each

direction of a three-dimensional space by estimating
sound signals in at least three positions along a direc-
tion that crosses the first direction, utilizing a relation-
ship between a difference, which is a gradient, between
neighborhood points on a time axis of a sound pressure
of a received sound signal of each microphone and a
difference, which is a gradient, between neighborhood
points on a spatial axis of an air particle velocity, and
a relationship between a difference, which is a gradient,
between neighborhood points on a spatial axis of the
sound pressure and a difference, which is a gradient,
between neighborhood points on a time axis of the air
particle velocity, and based on a temporal variation of
the sound pressure and a spatial variation of the air
particle velocity of received sound signals in at least
three positions aligned along the first direction; and
further estimating a sound signal in the direction that
crosses the first direction based on the estimated signals
in the three positions.

4. The microphone array system according to claim 3,
wherein the relationship between a gradient on a time axis
of a sound pressure and a gradient on a spatial axis of an air
particle velocity of a received sound signal is expressed by
Equation 25:

(Vx(xi+1>yjazg>tk)_
Vi o2, gatk))"'
(Vy(xi5yj+15zg5tk)_
Vy(xiay o2, gatk))"'

(v (xpy "2, g+15tk)_

v, (%, jazgatk)=
b(p(xi+1>yj+1>zg+1>tk+1)_

P(x,-+1,y,-+1,lg+1,lk)) Equation 25
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where X, y, and z are spatial axis components, t is a time
component, v is an air particle velocity, p is a sound
pressure, and b is a coefficient.

5. The microphone array system according to claim 3,
wherein the sound signal processing part comprises a param-
eter input part for receiving an input of parameter that
adjusts a signal processing content.

6. The microphone array system according to claim 3,
wherein an interval distance between adjacent microphones
of the arranged microphones is within a distance that satis-
fies a sampling theorem on a spatial axis for a frequency of
a sound signal to be received.

7. The microphone array system according to claim 3,
comprising a microphone interval distance adjusting part for
changing and adjusting an interval distance between the
arranged microphones.

8. The microphone array system according to claim 3,
wherein the sound signal processing part comprises a micro-
phone position interpolation processing part for changing
and adjusting an interval distance between the arranged
microphones virtually by performing position-interpolation-
processing with respect to a signal received by each of the
microphones.

9. The microphone array system according to claim 3,
wherein the sound signal processing part comprises a sam-
pling frequency adjusting part for adjusting a sampling
frequency for the processing of sounds to be received at the
microphones.

10. The microphone array system according to claim 3,
wherein the sound signal processing part comprises a band
processing part for performing band division processing and
frequency shift for band synthesis for a received sound
signal at the microphones.

11. The microphone array system according to claim 3,
wherein a sound signal enhancement direction parameter for
designating a specific direction in which sound signal is
enhanced is supplied to the parameter input part, thereby
enhancing a sound signal from a sound source in the specific
direction.

12. The microphone array system according to claim 3,
wherein a sound signal attenuation direction parameter for
designating a specific direction in which sound signal is
reduced is supplied to the parameter input part, thereby
removing a sound signal from a sound source in the specific
direction.

13. The microphone array system according to claim 3,
which estimates a position of a sound source by detecting a
position having a largest cross-correlation, based on esti-
mated sound signals in a plurality of arbitrary positions in a
sound field and utilizing a cross-correlation function
between the estimated sound signals.

14. The microphone array system according to claim 3,
wherein the sound signal processing part comprises a sound
power detecting part, and checks a power of a synchronous
added sound signal with respect to a direction with the sound
power detecting part, so as to detect whether or not there is
a sound source in the direction.

15. The microphone array system according to claim 3,
wherein the microphones are mutually coupled and sup-
ported on a predetermined spatial axis.

16. A microphone array system comprising a plurality of
directional microphones and a sound signal processing part,

wherein at least two directional microphones are arranged
with directivity on each spatial axis, and

the sound signal processing part estimates a sound signal
in an arbitrary position in a space by estimating a sound
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signal to be received at each axis component in the
arbitrary position utilizing a relationship between a
difference, which is a gradient, between neighborhood
points on a time axis of a sound pressure of a received
sound signal of each microphone and a difference,
which is a gradient, between neighborhood points on a
spatial axis of an air particle velocity, and a relationship
between a difference, which is a gradient, between
neighborhood points on a spatial axis of the sound
pressure and a difference, which is a gradient, between
neighborhood points on a time axis of the air particle
velocity, and based on a temporal variation of the sound
pressure and a spatial variation of the air particle
velocity of a received sound signal of each of the
directional microphones arranged in each spatial axis
direction; and synthesizing the estimated signals three-
dimensionally.
17. A microphone array system comprising a plurality of
directional microphones and a sound signal processing part,
wherein the directional microphones are arranged in such
a manner that at least two directional microphones are
arranged with directivity to a first direction to form a
microphone row, at least two rows of the directional
microphones are arranged so that the microphone rows
are not crossed each other so as to form a plane, and at
least two layers of the planes are arranged three-
dimensionally so that the planes are not crossed each
other, so that boundary conditions for sound estimation
at each plane of the planes constituting a three dimen-
sion can be obtained, and

the sound signal processing part estimates a sound in each
direction of a three-dimensional space by estimating
sound signals in at least two positions along a direction
that crosses the first direction, utilizing a relationship
between a difference, which is a gradient, between
neighborhood points on a time axis of a sound pressure
of a received sound signal of each microphone and a
difference, which is a gradient, between neighborhood
points on a spatial axis of an air particle velocity, and
a relationship between a difference, which is a gradient,
between neighborhood points on a spatial axis of the
sound pressure and a difference, which is a gradient,
between neighborhood points on a time axis of the air
particle velocity, and based on a temporal variation of
the sound pressure and a spatial variation of the air
particle velocity of received sound signals in at least
two positions aligned along the first direction; and
further estimating a sound signal in the direction that
crosses the first direction based on the estimated signals
in the two positions.

18. The microphone array system according to claim 17,
wherein the relationship between a gradient on a time axis
of a sound pressure and a gradient on a spatial axis of an air
particle velocity of a received sound signal is expressed by
Equation 26:

(Vx(xi+1>yjazg>tk)_
V(XY pZ st )+
(Vy(xiayj+1azg>tk)_
V(XY pZesti )+

(X 215t~
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V(X jZobi)=
b(P(xi+1>}’j+1>Zg+1Jk+1)_

p(xi+1>yj+1azg+1>tk)) Equation 26

where X, y, and z are spatial axis components, t is a time

component, v is an air particle velocity, p is a sound
pressure, and b is a coefficient.

19. The microphone array system according to claim 17,
wherein the sound signal processing part comprises a param-
eter input part for receiving an input of parameter that
adjusts a signal processing content.

20. The microphone array system according to claim 17,
wherein an interval distance between adjacent microphones
of the arranged microphones is within a distance that satis-
fies a sampling theorem on a spatial axis for a frequency of
a sound signal to be received.

21. The microphone array system according to claim 17,
comprising a microphone interval distance adjusting part for
changing and adjusting an interval distance between the
arranged microphones.

22. The microphone array system according to claim 17,
wherein the sound signal processing part comprises a micro-
phone position interpolation processing part for changing
and adjusting an interval distance between the arranged
microphones virtually by performing position-interpolation-
processing with respect to a signal received by each of the
microphones.

23. The microphone array system according to claim 17,
wherein the sound signal processing part comprises a sam-
pling frequency adjusting part for adjusting a sampling
frequency for the processing of sounds to be received at the
microphones.

24. The microphone array system according to claim 17,
wherein the sound signal processing part comprises a band
processing part for performing band division processing and
frequency shift for band synthesis for a received sound
signal at the microphones.

25. The microphone array system according to claim 17,
wherein a sound signal enhancement direction parameter for
designating a specific direction in which sound signal is
enhanced is supplied to the parameter input part, thereby
enhancing a sound signal from a sound source in the specific
direction.

26. The microphone array system according to claim 17,
wherein a sound signal attenuation direction parameter for
designating a specific direction in which sound signal is
reduced is supplied to the parameter input part, thereby
removing a sound signal from a sound source in the specific
direction.

27. The microphone array system according to claim 17,
which estimates a position of a sound source by detecting a
position having a largest cross-correlation, based on esti-
mated sound signals in a plurality of arbitrary positions in a
sound field and utilizing a cross-correlation function
between the estimated sound signals.

28. The microphone array system according to claim 17,
wherein the sound signal processing part comprises a sound
power detecting part, and checks a power of a synchronous
added sound signal with respect to a direction with the sound
power detecting part, so as to detect whether or not there is
a sound source in the direction.

29. A microphone array system comprising a plurality of
microphones and a sound signal processing part,

wherein a plurality of microphones are arranged in three
mutually orthogonal axis directions in a predetermined
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space, in which at least three of said microphones are where the microphones are arranged and received
arranged in each of said orthogonal axis directions, and sound signals.

30. The microphone array system according to claim 17,
wherein the microphones are mutually coupled and sup-
5 ported on a predetermined spatial axis.

the sound signal processing part connected to the micro-
phones estimates a sound signal in an arbitrary position
in a space other than the space where the microphones
are arranged based on a relationship between positions L
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