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Description

TECHNICAL FIELD

[0001] The present invention relates to a beamforming
microphone system, a sound pickup (collection) program
and a setting program for the beamforming microphone
system, an information processing device, and an infor-
mation processing method.

BACKGROUND ART

[0002] In recent years, a sound pickup device (sound
pickup system) applying a beamforming technique has
been used as a ceiling microphone to be attached to a
ceiling of a room such as a conference room, a class-
room, or a lecture hall. The sound pickup device includes
a plurality of microphone units and has a function of iden-
tifying a sound source position in a room, based on a
signal from each microphone unit. The sound pickup de-
vice outputs a signal (sound signal corresponding to
sound from the sound source) as if to pick up the sound
by directing a narrow-directivity microphone with sharp
directivity to the sound source (speaking person). At this
time, the sound pickup device operates as if to form the
directivity of a microphone unit group (microphone array)
constituted of the plurality of microphone units by direct-
ing a beam to the sound source. In other words, the sound
pickup device has the directivity following the sound
source and has high sensitivity to the sound source.
Therefore, such a sound pickup device is also referred
to as a beamforming microphone by likening the direc-
tivity following the sound source to the beam.
[0003] Ideally, the beamforming microphone is re-
quired to repeatedly perform an operation (calculation of
directivity) as if to search for and identify a sound source
position throughout a room at all time and direct the di-
rectivity of the microphone to the identified sound source.
However, since the search processing for the sound
source and the calculation of directivity are required at
all times, a processing load caused by such calculation
becomes large. For this reason, not only a high-perform-
ance processing device (such as a processor) is required
for the operation of the sound pickup device, but also the
operation may become unstable due to a malfunction
such as thermal runaway. Further, when a sound signal
from the beamforming microphone is output to a signal
processing device such as a mixer via 1ch output channel
in order to reduce the calculation load, a different sound
signal is input to the signal processing device following
switching of the sound source (speaking person). In this
configuration, when volume of each speaking person’s
voice is different, for example, it is difficult to adjust the
signal according to the switching of the sound source in
such a way as to strengthen a sound signal correspond-
ing to a speaking person with a low voice and weaken a
sound signal corresponding to a speaking person with a
loud voice. Further, when a speaker for outputting a

picked-up sound is installed in the same room as the
sound pickup device such as a lecture hall, the sound
pickup device recognizes and picks up the sound from
the speaker as the sound source, and thus howling may
occur.
[0004] Techniques for solving these problems have
been proposed in a microphone array type sound pickup
device (beamforming microphone system) to which the
beamforming technique is applied (for example, see PTL
1 and PTL 2).
[0005] In a technique disclosed in PTL 1, a pre-desig-
nated sector (area) of a hemispherical search grid (sound
pickup area) is set as an excluded sector where sound
pickup is excluded. The range of the excluded sector is
set by using a polar angle (elevation angle) and an azi-
muth angle (rotation angle). Thus, the technique is able
to set the range of the excluded sector not only in a spe-
cific direction but also in all directions within a predeter-
mined polar angle. Consequently, the technique ex-
cludes sound pickup from a noise source without identi-
fying a position (direction) of the noise source (projector
or speaker) installed on a ceiling or on a wall near the
ceiling.
[0006] However, in this technique, since the excluded
sector is set using the polar angle and the azimuth angle,
a position and a shape of the excluded sector may be
restricted. Further, in the technique capable of setting
the excluded sector, an area where individual sound pick-
up is desired (individual sound pickup area: an area
where the directivity is directed to the sound source) is
indirectly set as an area where the excluded sector is
excluded. That is, this technique is not able to implement
flexible setting for the individual sound pickup area. Fur-
ther, in this technique, the whole area other than the ex-
cluded sector is a target to search for and locate the
sound source. Accordingly, the sound signal correspond-
ing to the picked-up sound by the microphone array sys-
tem applying the same technique is output via only 1ch
output channel. Therefore, this technique is not able to
reduce the above-described processing load nor execute
the above-described signal adjustment processing.
[0007] In a technique disclosed in PTL 2, a sound pick-
up area is divided into a plurality of (for example, four or
eight) areas (lobe areas), and an individual output chan-
nel is set for each divided area. In this technique, an area
where sound is picked up (area where the directivity is
directed to the sound source) and an area where sound
pickup is excluded (excluded area) are settable accord-
ing to setting of sound pickup availability for each area.
However, in this technique, the number and a shape of
the excluded areas depend on the number and a shape
of the divided areas.
[0008] Further, in this technique, the sound picked up
in each of the plurality of areas is output via an individual
output channel corresponding to each area. Thus, the
above-described signal adjustment processing for each
output channel can be performed. However, in this tech-
nique, a combination of the number and the shape of the
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areas to be divided is predetermined in a microphone
array system to which the technique is applied. There-
fore, this technique is not able to set flexible areas such
as a small area within an area, a large area across a
plurality of areas, or a scattered areas composed of a
plurality of physically separated small areas.
[0009] Further, in this technique, a lobe is formed for
each divided area (i.e., the calculation of directivity is
executed). Therefore, in this technique, the processing
load caused by the calculation of directivity described
above is large.

CITATION LIST

PATENT LITERATURE

[0010]

[PTL 1] US 2020/0068297 A1, Description
[PTL 2] US 2021/0051397 A1,

[0011] Some further relevant prior art teaching may be
found in: US 2015/201278 A1, US 2011/093273 A1, EP
2 320 677 A1 and EP 3 644 624 A1.

Description

SUMMARY OF INVENTION

TECHNICAL PROBLEM

[0012] An object of the present invention is to provide
a beamforming microphone system according to claim
1, a sound pickup program according to claim 12 and a
setting program for the beamforming microphone system
according to claim 13, a beamforming microphone setting
device according to claim 14, and a beamforming micro-
phone setting method according to claim 15 that are able
to reduce a processing load caused by calculation of di-
rectivity and flexibly set an area where sound is picked
up (area to which the directivity is directed).

SOLUTION TO PROBLEM

[0013] A beamforming microphone system according
to the present invention includes: a plurality of micro-
phone units; a signal processing unit configured to proc-
ess a sound pickup signal from each of the plurality of
microphone units at each predetermined time; and a stor-
age configured to associate, for each sound pickup area
where the plurality of microphone units is able to pick up
sound as a sound signal, sound pickup area information
indicating a sound pickup area with individual-sound-
pickup-area position information indicating a position of
at least one of individual sound pickup areas freely set
within the sound pickup area, and store the associated
information, and the signal processing unit includes: a
position information identification unit configured to iden-

tify sound source position information indicating a sound
source position of a sound source in the individual sound
pickup area, based on the sound pickup signal from each
of the plurality of microphone units; a signal generation
unit configured to generate the sound signal correspond-
ing to the sound from the sound source position, based
on the sound pickup signal from each of the plurality of
microphone units; and a channel assignment unit con-
figured to assign, to the individual sound pickup area,
one output channel from which the sound signal is output,
from among the plurality of output channels, based on
the individual-sound-pickup-area position information on
the individual sound pickup area to which the sound
source position belongs.

ADVANTAGEOUS EFFECTS OF INVENTION

[0014] A beamforming microphone system according
to the present invention is able to reduce a processing
load caused by calculation of directivity and flexibly set
an area where sound is picked up (area to which the
directivity is directed).

BRIEF DESCRIPTION OF DRAWINGS

[0015]

FIG. 1 is a network configuration diagram illustrating
an embodiment of a beamforming microphone sys-
tem according to the present invention.
FIG. 2 is a schematic diagram illustrating an instal-
lation example of the beamforming microphone sys-
tem in FIG. 1.
FIG. 3 is a functional block diagram of a microphone
device included in the beamforming microphone sys-
tem in FIG. 1.
FIG. 4 is a functional block diagram illustrating an
embodiment of an information processing device ac-
cording to the present invention.
FIG. 5 is a flowchart illustrating an operation of the
beamforming microphone system in FIG. 1.
FIG. 6 is a flowchart of area setting processing in-
cluded in the operation in Fig. 5.
FIG. 7 is a schematic diagram illustrating an example
of information to be displayed on a display unit in-
cluded in the information processing device in FIG.
4 in the area setting processing in FIG. 6.
FIG. 8 is a schematic diagram illustrating an example
of information to be stored in a storage included in
the information processing device in FIG. 4.
FIG. 9 is a flowchart of sound pickup processing in-
cluded in the operation in Fig. 5.
FIG. 10 is a schematic diagram illustrating a first ex-
ample of the beamforming microphone system in
FIG. 1, and FIG. 10A illustrates a state in which a
participant of a conference is speaking, FIG. 10B
illustrates a state in which another participant of the
conference is speaking, and FIG.10C illustrates a
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state in which still another participant of the confer-
ence is speaking.
FIG. 11 is a schematic diagram illustrating a second
example of the beamforming microphone system in
FIG. 1.
FIG. 12 is a schematic diagram illustrating a third
example of the beamforming microphone system in
FIG. 1.
FIG. 13 is a schematic diagram illustrating a fourth
example of the beamforming microphone system in
FIG. 1.
FIG. 14 is a schematic diagram illustrating a fifth ex-
ample of the beamforming microphone system in
FIG. 1.
FIG. 15 is a schematic diagram illustrating a first
modification example of the beamforming micro-
phone system in FIG. 1.
FIG. 16 is a schematic diagram illustrating a second
modification example of the beamforming micro-
phone system in FIG. 1.

DESCRIPTION OF EMBODIMENTS

[0016] Embodiments of a beamforming microphone
system (hereinafter referred to as "present system"), a
sound pickup program of the beamforming microphone
system (hereinafter referred to as "present sound pickup
program) and a setting program of the beamforming mi-
crophone system (hereinafter referred to as "present set-
ting program"), a beamforming microphone setting de-
vice (hereinafter referred to as "present device"), and a
beamforming microphone setting method (hereinafter re-
ferred to as "present method") according to the present
invention are described below with reference to the draw-
ings.
[0017] The present invention sets at least one individ-
ual sound pickup area within a sound pickup area and
identifies a position of a sound source (sound source
position) within the individual sound pickup area by ap-
plying a beamforming technique (beamforming micro-
phone technique). The present invention also generates
a sound signal corresponding to sound from the sound
source and processes the generated sound signal as a
sound signal of an output channel set in the individual
sound pickup area to which the sound source position
belongs. Details of the sound signal is described later.
[0018] The "sound pickup area" is the maximum area
that allows a microphone unit described later to pick up
the sound from the sound source as the sound signal. A
size and a shape of the sound pickup area are previously
set (in the present embodiment, the shape is substantially
conical having a reference point described later as the
apex).
[0019] The "individual sound pickup area" is an area
that covers a part or a whole part of the sound pickup
area and an area where the sound from the sound source
can be picked up as the sound signal when the sound
source position belongs to the area. An output channel

corresponding to the individual sound pickup area is pre-
viously set in the individual sound pickup area. Conse-
quently, the sound signal belonging to the individual
sound pickup area is output as the sound signal of the
output channel set in the individual sound pickup area.
[0020] The "sound source" is a target that emits sound
with the highest volume among targets (people, object)
that emit some sound in each individual sound pickup
area. That is, a plurality of sound sources may exist for
each individual sound pickup area.

Beamforming Microphone System

Configuration of Beamforming Microphone System

[0021] First, an embodiment of the present system is
described.
[0022] FIG. 1 is a network configuration diagram illus-
trating the embodiment of the present system.
[0023] FIG. 2 is a schematic diagram illustrating an in-
stallation example of a present system 1.
[0024] The present system 1 identifies the sound
source position within the individual sound pickup area,
generates the sound signal corresponding to the sound
from the sound source, and processes the generated
sound signal as the sound signal of the output channel
set in the individual sound pickup area to which the sound
source position belongs. The present system 1 includes
a microphone device 10 and an information processing
device 20. Herein, the information processing device 20
is an example of the present device and is described as
the "present device 20" in the following description. The
microphone device 10 and the present device 20 are con-
nected to each other via, for example, a network N, and
transmit and receive information between each other.
[0025] The network N is, for example, a communication
network such as a local area network (LAN), Wi-Fi (reg-
istered trademark), or Bluetooth (registered trademark).
[0026] Note that the network in the present invention
may be a communication network such as the Internet,
a mobile communication network, or a wide area network
(WAN). In this case, the microphone device is remotely
operable, for example, via the communication network.

Configuration of Microphone Device

[0027] FIG. 3 is a functional block diagram of the mi-
crophone device 10.
[0028] The microphone device 10 identifies the sound
source position within the individual sound pickup area,
generates the sound signal corresponding to the sound
from the sound source, and outputs the generated sound
signal as the sound signal of the output channel set in
the individual sound pickup area to which the sound
source position belongs. The microphone device 10 is,
for example, a ceiling microphone device installed on a
ceiling of a room such as a conference room. The micro-
phone device 10 includes a housing (not illustrated, the
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same applies below), a plurality of microphone units 11
(1 to n units: n is an integer.), a signal processing unit
12, a storage 13, and a communication component 14.
In the following description, when there is no need to
distinguish each of the plurality of microphone units 11
(1 to n units), each unit is described as "microphone unit
11". Herein, "n" is, for example, "32".
[0029] The housing accommodates the microphone
unit 11, the signal processing unit 12, the storage 13, and
the communication component 14. The housing has, for
example, a substantially square box shape in a plan view.
[0030] The microphone unit 11 picks up sound within
the sound pickup area and generates an electric signal
(hereinafter referred to as "sound pickup signal") corre-
sponding to the sound. The microphone unit 11 is, for
example, an omnidirectional microphone unit. Each of
the microphone units 11 (1 to n units) constitutes one
beamforming microphone (microphone array). Each of
the microphone units 11 (1 to n units) is arranged, at
predetermined angular intervals, on a plurality of concen-
tric circles centered on the center point of the housing in
the plan view, for example. The microphone unit 11 is
accommodated in the housing.
[0031] The signal processing unit 12 controls operation
of the microphone device 10 and processes the sound
pickup signal from each of the microphone units 11 as
described later. The signal processing unit 12 includes,
for example, at least one processor such as a central
processing unit (CPU), a random access memory (RAM)
that functions as a work area of the CPU, and a read only
memory (ROM) that stores various information such as
the present sound pickup program. In the signal process-
ing unit 12, the processor loads and executes the various
programs stored in the ROM, thereby controlling the op-
eration of the microphone device 10. The signal process-
ing unit 12 is accommodated in the housing. The signal
processing unit 12 includes a position information iden-
tification unit 121, a voice determination unit 122, a signal
generation unit 123, a setting unit 124, and a channel
assignment unit 125.
[0032] In the signal processing unit 12, the present
sound pickup program operates and implements sound
pickup processing (S2) described later. That is, the
present sound pickup program causes the signal
processing unit 12 (processor) to function as the position
information identification unit 121, the voice determina-
tion unit 122, the signal generation unit 123, the setting
unit 124, and the channel assignment unit 125 in the
present invention.
[0033] The position information identification unit 121
identifies sound source position information in the indi-
vidual sound pickup area, based on the sound pickup
signal from each of the microphone units 11. Specific
operation of the position information identification unit
121 is described later.
[0034] The "sound source position information" is in-
formation indicating a position of the sound source
(sound source position) in the individual sound pickup

area. The sound source position information is, for ex-
ample, indicated by using coordinates in a polar coordi-
nate system with the origin at a predetermined reference
point set in the microphone device 10.
[0035] The "reference point" is, for example, the center
point (the center point of the housing in the plan view in
the present embodiment) of the concentric circles on
which the plurality of microphone units 11 are arranged.
[0036] Note that the reference point in the present in-
vention is not limited to the reference point in the present
embodiment. That is, for example, the reference point
may be the center of gravity of the housing, or may be
the center point of a lower surface (or upper surface) of
the housing.
[0037] The "coordinates in the polar coordinate sys-
tem" are indicated by using an elevation angle (polar an-
gle) and a rotation angle (azimuth angle) in the present
embodiment. That is, in the present embodiment, the
sound source position is indicated by using the angle
(direction) from the reference point.
[0038] Note that the coordinates in the polar coordinate
system may be indicated by using the elevation angle
(polar angle), the rotation angle (azimuth angle), and a
distance from the reference point.
[0039] The voice determination unit 122 determines
whether the sound pickup signal from each of the micro-
phone units 11 is a voice signal corresponding to voice
of a speaking person. Specific operation of the voice de-
termination unit 122 is described later.
[0040] The "speaking person" is a person speaking in
the sound pickup area. The speaking person is an ex-
ample of the sound source in the present invention.
[0041] The signal generation unit 123 generates the
sound signal corresponding to the sound from the sound
source position, based on the sound pickup signal from
each of the microphone units 11. The operation of the
signal generation unit 123 is described later.
[0042] The "sound signal" is a signal generated as a
result of executing a predetermined signal processing for
the sound pickup signal, and is an electric signal (audio
signal) corresponding to sound picked up by the micro-
phone device 10 (microphone array constituted of the
plurality of microphone units 11) in a state as if to have
narrow directivity and direct the directivity to the sound
source (speaking person). In other words, the sound sig-
nal is a signal in which sound (voice) from the sound
source is mainly picked up, and sound (voice of a person
other than the speaking person, noise, and the like) from
a position other than the sound source is suppressed.
[0043] The setting unit 124 defines the sound pickup
area of the microphone device 10, based on the sound
pickup area information. Further, the setting unit 124 sets
the individual sound pickup area within the defined sound
pickup area, based on input individual-sound-pickup-ar-
ea position information. Specific operation of the setting
unit 124 is described later.
[0044] The "sound pickup area information" is informa-
tion indicating the sound pickup area. The sound pickup
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area information is, for example, indicated by using the
coordinates in the polar coordinate system with the origin
at the reference point of the microphone device 10.
[0045] The "individual-sound-pickup-area position in-
formation" is information indicating a position of the indi-
vidual sound pickup area in the sound pickup area. The
individual sound pickup area information is, for example,
indicated by using the coordinates in the polar coordinate
system with the origin at the reference point of the mi-
crophone device 10.
[0046] The channel assignment unit 125 assigns, to
the individual sound pickup area, one output channel
from which the sound signal is output from among the
plurality of output channels, based on the individual-
sound-pickup-area position information. Specific opera-
tion of the channel assignment unit 125 is described later.
[0047] The storage 13 stores information (for example,
sound pickup area information, individual-sound-pickup-
area position information, correspondence relation infor-
mation described later, and the like) required for the op-
eration of the microphone device 10. The storage 13 is,
for example, an information storage medium constituted
of a non-volatile memory.
[0048] The communication component 14 transmits
and receives information to and from the present device
20 via the network N. The communication component 14
is, for example, a known communication interface for
transmitting and receiving a packet.

Configuration of Information Processing Device

[0049] FIG. 4 is a functional block diagram illustrating
an embodiment of the present device 20.
[0050] The present device 20 sets the microphone de-
vice 10. The present device 20 is, for example, a personal
computer. The present device 20 is installed, for exam-
ple, in a room such as a conference room where the
microphone device 10 is installed. The present device
20 includes a communication unit 21, a control unit 22,
a storage 23, an operation unit 24, and a display unit 25.
[0051] In the present device 20, the present setting pro-
gram operates, cooperates with a hardware resource of
the present device 20, and implements the present meth-
od described later. That is, the present setting program
causes the computer to function as the present device
20. That is, the present setting program causes the com-
puter to function as a sound pickup area display unit 221,
an area setting unit 222, and a correspondence relation
setting unit 223.
[0052] The communication unit 21 transmits and re-
ceives information to and from the microphone device 10
via the network N, and also outputs the sound signal to
an external device 2 via, for example, a cable CL. The
communication unit 21 includes a first communication
component 211 and a second communication compo-
nent 212. The first communication component 211 is, for
example, a known communication interface for transmit-
ting and receiving a packet. The second communication

component 212 is, for example, a known output terminal
for outputting the sound signal for each output channel
described later to the external device 2. Herein, the ex-
ternal device 2 is, for example, a control device for a
conference, a recorder, or a speaker.
[0053] The control unit 22 controls the operation of the
present device 20. The control unit 22 includes, for ex-
ample, at least one processor such as a CPU, a RAM
that functions as a work area of the CPU, and a ROM
that stores various information such as the present set-
ting program. In the control unit 22, for example, the proc-
essor loads and executes various programs stored in the
ROM, thereby controlling the operation of the present
device 20. The control unit 22 includes the sound pickup
area display unit 221, the area setting unit 222, the cor-
respondence relation setting unit 223, and a mixer unit
224.
[0054] The sound pickup area display unit 221 over-
lappingly displays, on the display unit 25, a layout of a
location where the microphone device 10 is installed
(hereinafter referred to as "installation location") and the
sound pickup area with each other. Specific operation of
the sound pickup area display unit 221 is described later.
[0055] The "layout" is a drawing that visually repre-
sents the installation location (conference room in the
present embodiment) in the plan view. The layout is, for
example, a design drawing or a schematic diagram of
the installation location, or an image of the installation
location captured from a ceiling side. The layout is stored
in the storage 23 as layout information indicating the lay-
out.
[0056] Note that the layout information may include not
only planar information (such as information indicating a
length and a width of a floor) but also three-dimensional
information (such as information indicating a height from
the floor surface to the ceiling) of the installation location.
[0057] The area setting unit 222 sets the individual
sound pickup area within the sound pickup area, based
on operation of the operation unit 24. The area setting
unit 222 functions as a candidate area information display
unit and a position information setting unit in the present
invention. Specific operation of the area setting unit 222
is described later.
[0058] The correspondence relation setting unit 223
sets correspondence relation between individual area
position information and output channel information,
based on the operation of the operation unit 24. Specific
operation of the correspondence relation setting unit 223
is described later.
[0059] The "output channel information" is information
indicating the output channel set (assigned) to the indi-
vidual sound pickup area among the plurality of output
channels.
[0060] The mixer unit 224 executes signal processing
of amplification, attenuation, mixing, and the like, for the
sound signal from the microphone device 10. The signal
processing is executed for each output channel. That is,
the mixer unit 224 functions as a mixer device for the
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audio signal. That is, the present device 20 also has a
function as the mixer device for the audio signal.
[0061] The storage 23 stores information required for
the operation of the present device 20 (e.g., the layout
information, etc.,), information to be transmitted to the
microphone device 10 (e.g., the sound pickup area infor-
mation, the individual-sound-pickup-area position infor-
mation, the correspondence relation information, etc.,
generated by the present method described later), and
information to be received from the microphone device
10 (e.g., the sound signal, etc.,). The storage 23 is, for
example, an information storage medium such as an
HDD.
[0062] The "correspondence relation information" is in-
formation indicating the correspondence relation be-
tween the individual area position information and the
output channel information. The correspondence relation
information is set and stored for each individual area.
[0063] The operation unit 24 is a device operated by a
user of the present device 20. The operation unit 24 in-
cludes at least a pointing device such as a mouth.
[0064] The display unit 25 overlappingly displays the
layout, the sound pickup area, and the individual sound
pickup area with one another. The display unit 25 is, for
example, a liquid crystal display.
[0065] Note that the operation unit and the display unit
in the present invention may be configured as one touch
panel display. In this case, the touch panel functions not
only as the display unit in the present invention but also
as the pointing device (operation unit) in the present in-
vention.

Operation of Beamforming Microphone System

[0066] Next, operation of the present system 1 is de-
scribed with reference to FIG. 3 and FIG. 4.
[0067] FIG. 5 is a flowchart illustrating the operation of
the present system 1.
[0068] The present system 1 executes area setting
processing (S 1) and sound pickup processing (S2).
[0069] In the present system 1, the present device 20
defines the sound pickup area of the microphone device
10 and sets the individual sound pickup area in the area
setting processing (S 1) as described later. Then, in the
sound pickup processing (S2), the microphone device
10 picks up the sound in the sound pickup area, identifies
the sound source position, determines the voice, gener-
ates the sound signal, and outputs (transmits) the sound
signal for each output channel to the present device 20
in the present system 1.

Area Setting Processing

[0070] First, the area setting processing (S1) is de-
scribed. In the following description of the area setting
processing (S1), the layout, the sound pickup area, the
candidate area, and the individual sound pickup area are
indicated with reference signs for convenience of de-

scription.
[0071] FIG. 6 is a flowchart of the area setting process-
ing (S1).
[0072] FIG. 7 is a schematic diagram illustrating exam-
ples of information displayed on the display unit 25 in the
area setting processing (S1).
[0073] The "area setting processing (S 1)" is process-
ing of executing, as a prior preparation for the sound pick-
up processing (S2), processing of defining a sound pick-
up area R for a layout SF and processing of setting one
or more individual sound pickup areas IR for the sound
pickup area R. The area setting processing (S1) is mainly
executed by the present device 20. The area setting
processing (S1) is an example of the present method.
[0074] First, the control unit 22 of the present device
20 loads the layout information of a place where the
sound pickup area R is defined (e.g., conference room)
and the sound pickup area information of the microphone
device 10 from the storage 23 (S101).
[0075] Then, the sound pickup area display unit 221
overlappingly displays, on the display unit 25, the layout
SF and the center point (the reference point of the mi-
crophone device 10) C of the sound pickup area R with
each other, based on the layout information and the
sound pickup area information (S102).
[0076] Then, while looking at the display unit 25, a user
moves the position of the center point (the reference point
of the microphone device 10) C of the sound pickup area
R to a position corresponding to the installation location
of the microphone device 10 in the layout SF via the op-
eration unit 24 (pointing device). At this time, the sound
pickup area display unit 221 displays the moved center
point C on the display unit 25 (S103).
[0077] Then, the user of the present device 20 inputs
a height (distance from the floor surface to the ceiling) of
the place corresponding to the layout information via the
operation unit 24. At this time, the control unit 22 obtains
information (height information) indicating the height cor-
responding to the layout information (S104). The height
information is, for example, associated with the layout
information and is stored in the storage 23.
[0078] Then, the sound pickup area display unit 221
overlappingly displays, on the display unit 25, the sound
pickup area R with a predetermined height (e.g., floor
surface) and a predetermined size (e.g., a size corre-
sponding to an elevation angle set as a default) and the
layout SF with each other (S105).
[0079] Then, the user adjusts the size (boundary) of
the sound pickup area R. Specifically, the user inputs
(specifies) the height for setting the boundary of the
sound pickup area R via the operation unit 24. Then,
while looking at the display unit 25, the user adjusts the
size of the sound pickup area R at the specified height
via the operation unit 24. At this time, the user confirms
a sound pickup state of sound generated at the prede-
termined height (input height) of a predetermined area
(e.g., a corner of the conference room) in the setting lo-
cation of the sound pickup area R, and finely adjusts the
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size of the sound pickup area R, as necessary. The sound
pickup area display unit 221 displays the sound pickup
area R at the height input by the user on the display unit
25 (S106: sound pickup area defining processing). The
sound pickup area R after moving the center point C and
adjusting the size is defined as a new sound pickup area
R and sound pickup area information corresponding to
the defined sound pickup area R is stored, for example,
in the storage 23.
[0080] Then, the user inputs (specifies) a height (from
the floor surface) to set the individual sound pickup area
IR via the operation unit 24. At this time, the control unit
22 obtains information (setting height information) indi-
cating the height to set the individual sound pickup area
IR (S107). The setting height information is, for example,
associated with the layout information and is stored in
the storage 23. Herein, the height to set the individual
sound pickup area IR is, for example, a height at which
a speaking person’s mouth is assumed to be located
(e.g., around 110 cm in a seated position and around 140
cm in a standing position).
[0081] Then, while looking at the display unit 25, the
user defines any number and size of small areas within
the layout SF and within the sound pickup area R via the
operation unit 24 (pointing device), for example. At this
time, the area setting unit 222 overlappingly displays, on
the display unit 25, at least one of the defined small areas
as one area to be a candidate for the individual sound
pickup area IR (hereinafter referred to as "candidate area
CR"), the layout SF, and the sound pickup area R with
one another (S108). In the present embodiment, the
small area has a rectangular shape, for example.
[0082] Note that the number of small areas is not lim-
ited to "1". That is, for example, the number of small areas
may be "2" or more. At this time, each small area may
be arranged (physically) apart from one another, or a
portion of each small area may be contacted. That is, the
candidate area may be constituted of one area where
the plurality of small areas is combined, or may be con-
stituted of the plurality of small areas arranged apart from
one another.
[0083] Further, the shape of the small area is not limited
to rectangular. That is, for example, the shape of the small
area may be circular or may be a closed shape formed
by a so-called freeform.
[0084] Then, the area setting unit 222 identifies infor-
mation indicating a position of the candidate area CR
(hereinafter referred to as "candidate area position infor-
mation") (S109). At this time, the area setting unit 222
adds height information to coordinates of the candidate
area CR that is two-dimensional information, converts
the coordinates into the coordinates in the polar coordi-
nate system that is three-dimensional information, and
identifies the candidate area position information. The
identified candidate area position information is associ-
ated with the sound pickup area information and is stored,
for example, in the storage 23.
[0085] Then, the area setting unit 222 displays a plu-

rality of output channel options on the display unit 25, for
example (S110).
[0086] Then, while looking at the display unit 25, the
user selects an output channel corresponding to the can-
didate area CR from among the plurality of output channel
options via the operation unit 24. At this time, the area
setting unit 222 sets the selected output channel as the
output channel corresponding to the candidate area CR
(S111).
[0087] Then, the area setting unit 222 sets the candi-
date area CR to which the output channel is set as the
individual sound pickup area IR (S 112). That is, the area
setting unit 222 sets the candidate area position informa-
tion as the individual-sound-pickup-area position infor-
mation. Consequently, the set individual-sound-pickup-
area position information is associated with the corre-
sponding output channel information and is stored, for
example, in the storage 23. Herein, the processing in
S107 to S 112 is an example of the setting processing
of the individual sound pickup area IR in the present in-
vention.
[0088] Then, the area setting unit 222 determines
whether a new candidate area CR is defined (S113).
When the new candidate area CR is defined ("Y" in S113),
the area setting unit 222 executes the processing in S107
to S112. In this case, a plurality of individual sound pickup
areas IR is set for one sound pickup area R, and the
output channel is set for each individual sound pickup
area IR.
[0089] When the new candidate area CR is not defined
("N" in S113), the correspondence relation setting unit
223 sets correspondence relation between the individu-
al-sound-pickup-area position information and the output
channel information corresponding to the individual-
sound-pickup-area position information for each individ-
ual sound pickup area IR (S114). The correspondence
relation information indicating the set correspondence re-
lation is associated with the sound pickup area informa-
tion and is stored, for example, in the storage 23. That
is, the correspondence relation information is associated
with the sound pickup area information, at least one in-
dividual-sound-pickup-area position information, and the
output channel information for each sound pickup area.
In this way, the correspondence relation information and
the sound pickup area information stored in the storage
23 are used as initial setting information when next area
setting processing (S1) is executed, for example.
[0090] FIG. 8 is a schematic diagram illustrating an ex-
ample of the correspondence relation information stored
in the storage 23.
[0091] In FIG. 8, the sound pickup area information is
indicated by using two angles: elevation angle and rota-
tion angle. The cells in grey color indicate the individual
sound pickup area IR (individual-sound-pickup-area po-
sition information). The numbers in the cells indicate an
identification number (output channel information) of the
output channel set in the individual sound pickup area
position.
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[0092] Note that the correspondence relation informa-
tion in the present invention is an example, and is not
limited to FIG. 8. That is, for example, the correspond-
ence relation information in the present invention may be
stored in the storage by using a plurality of interrelated
tables or the like.
[0093] Referring back to FIG. 6 and FIG. 7, the com-
munication unit 21 then transmits the correspondence
relation information to the microphone device 10 via the
network N (S115). The correspondence relation informa-
tion transmitted from the present device 20 is stored in
the storage 13 of the microphone device 10.
[0094] Then, the setting unit 124 of the microphone
device 10 loads the correspondence relation information
from the storage 13 (S116).
[0095] Then, the setting unit 124 sets the sound pickup
area R and the individual sound pickup area IR of the
microphone device 10, based on the correspondence re-
lation information (S117). That is, the setting unit 124
updates the sound pickup area information and the indi-
vidual sound pickup area information in the microphone
device 10.
[0096] Then, the channel assignment unit 125 assigns
the output channel to the individual sound pickup area
IR, based on the correspondence relation information
(S118). Specifically, the channel assignment unit 125 re-
fers to the correspondence relation information (i.e., in-
dividual sound pickup area information, output channel
information), and identifies one output channel set for
(i.e., corresponding to) each individual sound pickup area
IR. Then, the channel assignment unit 125 assigns the
identified one output channel to the corresponding indi-
vidual sound pickup area IR as the output channel from
which the sound signal is output.
[0097] In this way, the present device 20 sets any
number and size of individual sound pickup areas IR for
each sound pickup area R, based on the operation by
the user. That is, the present device 20 is able to flexibly
set at least one individual sound pickup area IR for each
sound pickup area R. Further, the present device 20 sets
the output channel for each individual sound pickup area
IR and transmits the correspondence relation to the mi-
crophone device 10. In other words, the present device
20 indirectly controls the operation of the microphone
device 10 in such a way as to generate and output only
a sound signal corresponding to sound from a sound
source belonging to the individual sound pickup area IR.
That is, the microphone device 10 generates the sound
signal belonging to the individual sound pickup area IR,
but does not generate a sound signal belonging to an
area other than the individual sound pickup area IR. Thus,
the setting of the individual sound pickup area IR and the
output channel by the present device 20 controls the gen-
eration of the sound signal of the microphone device 10.
Consequently, a processing load of the microphone de-
vice 10 is reduced, as compared with the case where the
whole sound pickup area is searched at all time and the
sound signal is generated.

[0098] Note that the area setting processing is not lim-
ited to the present embodiment as long as the individual
sound pickup area corresponding to the sound pickup
area is settable. That is, for example, in the area setting
processing, a part of the processing order may be
changed, some processing need not be executed, or an-
other processing may be added.
[0099] Further, when the height information is previ-
ously included in the layout information, the control unit
of the present device may obtain the height information,
based on the layout information in the processing in
S104.
[0100] Further, the position of the center point of the
sound pickup area and/or the size of the sound pickup
area may be previously set according to the layout. In
this case, the present device may execute the processing
in S103 and S106, based on preset information (initial
setting information).
[0101] Further, the microphone device in the present
invention may include an imaging device capable of cap-
turing an overhead image of an installed room. In this
case, the image captured by the imaging device may be
used instead of the layout. In this configuration, the sound
pickup area is settable based on a zooming function of
the imaging device and the height information, and a
maximum sound pickup range and a maximum imagea-
ble range of the microphone device can be linked. Con-
sequently, the setting of the sound pickup area can be
simplified.
[0102] Further, the processing in S 116 to S 118 of the
setting unit and the channel assignment unit in the
present invention may be executed as separate process-
ing from the area setting processing.

Sound Pickup Processing

[0103] FIG. 9 is a flowchart of the sound pickup
processing (S2).
[0104] The "sound pickup processing (S2)" is process-
ing of executing, at each predetermined time, identifica-
tion processing for a sound source position, voice deter-
mination processing, sound signal generation process-
ing, and sound signal output processing for each output
channel, while sound generated in the sound pickup area
is picked up at all time. The sound pickup processing
(S2) is executed by the microphone device 10.
[0105] First, each of the microphone units 11 starts to
pick up sound within the sound pickup area (S201). That
is, each of the microphone units 11 generates a sound
pickup signal corresponding to the picked-up sound, and
transmits the sound pickup signal to the signal process-
ing unit 12. At this time, the signal processing unit 12
repeatedly executes a series of processing (S202 to
S204) described later at each predetermined time.
[0106] The "predetermined time" is an interval of time
when the microphone device 10 executes a series of the
processing described later. The predetermined time is
previously set. In the present embodiment, the predeter-
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mined time is 5 ms. That is, the microphone device 10
executes a series of the processing described later at
predetermined time intervals (5 ms).
[0107] At each predetermined time, the position infor-
mation identification unit 121 identifies (searches) the
sound source position (sound source position informa-
tion) of the sound source in the individual sound pickup
area, based on the sound pickup signal from each of the
microphone units 11 (S202: identification processing for
the sound source position). Specifically, the position in-
formation identification unit 121 uses, for example, a
known beamforming microphone technique and identi-
fies the sound source position information of the sound
source that emits a sound with the highest volume at a
moment of searching in the individual sound pickup area.
At this time, the position information identification unit
121 identifies the sound source position not in the whole
sound pickup area but only in one or more individual
sound pickup areas set within the sound pickup area.
[0108] Then, the voice determination unit 122 deter-
mines whether the sound pickup signal corresponds to
voice of the speaking person, based on the sound pickup
signal from each of the microphone units 11 (S203: voice
determination processing). Specifically, the voice deter-
mination unit 122 determines whether the sound pickup
signal is a voice signal by using, for example, a known
voice activity detection (VAD) technique.
[0109] When the voice determination unit 122 deter-
mines that "the sound pickup signal is the voice signal"
("Y" in S203), the signal generation unit 123 generates
a sound signal corresponding to the sound (i.e., speaking
person’s voice) from the sound source position, based
on the sound pickup signal from each of the microphone
units 11 (S204: sound signal generation processing).
Specifically, the signal generation unit 123 applies the
known beamforming microphone technique and gener-
ates the sound signal. In this case, the plurality of micro-
phone units 11 constitutes one beamforming microphone
of which pseudo narrow directivity is directed to the sound
source. In other words, when the signal generation unit
123 generates the sound signal, a virtual beam that in-
dicates the narrow directivity (hereinafter simply referred
to as "directivity") of the beamforming microphone is di-
rected to the sound source.
[0110] In contrast, when the voice determination unit
122 determines that "the sound pickup signal is not the
voice signal" ("N" in S203), the sound pickup processing
(S2) returns to the processing in S202.
[0111] In this way, the microphone device 10 does not
identify the sound source position nor generate nor out-
put the sound signal for an area where the output channel
is not set (area other than the individual sound pickup
area). That is, the microphone device 10 does not direct
the directivity (virtual beam indicating the directivity) to
the area where the output channel is not set.
[0112] Then, the signal processing unit 12 outputs the
sound signal for each output channel to the communica-
tion component 14 (S205).

[0113] Then, the communication component 14 trans-
mits the sound signal for each output channel to the
present device 20 via the network N (S206). Consequent-
ly, the present device 20 is able to execute various signal
processing for the sound signal for each output channel
by using the mixer unit 224. Examples of various signal
processing include signal processing and the like that,
for example, increases only a level of the sound signal
from the individual sound pickup area to which a speaking
person with a small voice or a high-priority speaking per-
son (e.g., a president of a corporation) belongs, or that
mutes or temporarily removes the sound signal from the
individual sound pickup area to which a speaking person
who is making unnecessary utterance (e.g., a chat) be-
longs. Further, since the output channel is set for each
individual sound pickup area, signal processing such as
auto gain sharing and echo cancellation for each output
channel is also applicable. Therefore, when the level of
the sound signal from the individual sound pickup area
to which the loud speaking person belongs exceeds the
upper limit, the level can be automatically adjusted.
[0114] In this way, the present system 1 (the present
device 20) sets any number and size of individual sound
pickup areas, based on the operation by the user and
also sets the output channel for each individual sound
pickup area. Consequently, in the present system 1, the
individual sound pickup area based on the operation by
the user is flexibly settable in the sound pickup area.
[0115] Further, the present system 1 (the microphone
device 10) identifies (searches) a speaking person in the
individual sound pickup area at the predetermined time
intervals (5 ms) and directs the directivity to the speaking
person only when the speaking person is speaking. That
is, the present system 1 executes calculation to direct
the directivity (hereinafter referred to as "calculation of
directivity") only to the individual sound pickup area, but
not to the whole sound pickup area. For this reason, in
the present system 1, the calculation amount (number of
times) of directivity is smaller than that of a conventional
system executing the calculation of directivity for the
whole sound pickup area and that of a conventional sys-
tem executing the calculation of directivity for each divid-
ed sound pickup area (hereinafter collectively referred to
as "conventional system"). Consequently, the process-
ing load caused by the calculation by the present system
1 (the signal processing unit 12) is reduced.
[0116] Note that the sound pickup processing is not
limited to the present embodiment as long as a series of
processing is executable at predetermined time intervals.
That is, for example, in the sound pickup processing,
another processing may be added.
[0117] Further, in the sound pickup processing, the mi-
crophone device in the present invention identifies the
sound source position within the sound pickup area, de-
termines whether the identified sound source position
belongs to any of the individual sound pickup area, and
may generate the sound signal only when the sound
source position belongs to the individual sound pickup
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area. In this case, the microphone device (the signal
processing unit) in the present invention functions, for
example, as a determination unit (of the area) to deter-
mine whether the sound source position belongs to the
individual sound pickup area, based on the individual
sound pickup area information and the sound source po-
sition information.

Examples

[0118] Next, referring to FIG. 3 and FIG. 4, examples
of the present system 1 is described. In the following
description of the examples, the sound pickup area, the
individual sound pickup area, the small area included in
the individual sound pickup area, and a speaking person
(participant, assistant, chairperson, assembly member,
etc.,) are indicated with reference signs for convenience
of description.

Example 1

[0119] FIG. 10 is a schematic diagram illustrating a first
example of the present system 1, and FIG. 10A illustrates
a state in which a participant H1 of a meeting is speaking,
FIG. 10B illustrates a state in which a participant H2 is
speaking, and FIG. 10C illustrates a state in which a par-
ticipant H3 is speaking.
[0120] In FIG. 10, the microphone device 10 is installed
on a ceiling of a conference room. Two individual sound
pickup areas IR1 and IR2 are set within a sound pickup
area R of the microphone device 10. The participant H1
and the participant H2 belong to the individual sound pick-
up area IR1 and the participant H3 belongs to the indi-
vidual sound pickup area IR2. An output channel "Ch1"
is set in the individual sound pickup area IR1, and an
output channel "Ch2" is set in the individual sound pickup
area IR2.
[0121] In this state, when the participant H1 speaks,
the microphone device 10 generates a sound signal cor-
responding to voice of the participant (speaking person)
H1, and outputs the sound signal as a sound signal of
the output channel "Ch1". At this time, as illustrated in
FIG. 10A, pseudo directivity D (hereinafter simply re-
ferred to as "directivity D") of the beamforming micro-
phone is directed to the participant H1. Then, when the
participant H2 speaks, the microphone device 10 gener-
ates a sound signal corresponding to voice of the partic-
ipant (speaking person) H2, and outputs the sound signal
as the sound signal of the output channel "Ch1". At this
time, as illustrated in FIG. 10B, the directivity D is directed
to the participant H2. In this way, when the two sound
sources (participants H1, H2) belong to the same indi-
vidual sound pickup area IR1 but the sound source po-
sitions are different, the directivity D is directed to each
sound source position. Consequently, even though the
sound signals from different sound sources are output
via the same output channel "Ch1", the voice of each of
the participant H1 and H2 is clear. Then, when the par-

ticipant H3 speaks, the microphone device 10 generates
a sound signal corresponding to voice of the participant
(speaking person) H3, and outputs the sound signal as
a sound signal of the output channel "Ch2". At this time,
as illustrated in FIG. 10C, the directivity D is directed to
the participant H3. In contrast, even though sound (for
example, utterance of assistant H4 of the conference)
occurs in an area other than the individual sound pickup
areas IR1 and IR2, the microphone device 10 does not
generate nor output a sound signal and the directivity D
is not directed to the sound source.

Example 2

[0122] FIG. 11 is a schematic diagram illustrating a
second example of the present system 1.
[0123] In FIG. 11, the microphone device 10 is installed
on the ceiling of the conference room. The two individual
sound pickup areas IR1 and IR2 are set within the sound
pickup area R of the microphone device 10. The individ-
ual sound pickup area IR1 includes two small areas IR11
and IR12 arranged apart from each other. The participant
H1 belongs to the small area IR11 and the participant H2
belongs to the small area IR12. The participant H3 be-
longs to the individual sound pickup area IR2. The output
channel "Ch1" is set in the individual sound pickup area
IR1 and the output channel "Ch2" is set in the individual
sound pickup area IR2. The operation of the microphone
device 10 in this state is the same as the operation in the
first example. In this way, in the present system 1, the
plurality (two) of small areas IR11 and IR12 arranged
apart from each other are settable as one individual
sound pickup area IR1, and the same output channel
"Ch1" is settable for each sound signal from the plurality
of small areas IR11 and IR12 arranged apart from each
other.

Example 3

[0124] FIG. 12 is a schematic diagram illustrating a
third example of the present system 1.
[0125] In FIG. 12, the microphone device 10 is installed
on the ceiling of the conference room. The three individ-
ual sound pickup areas IR1, IR2, and IR3 are set within
the sound pickup area R of the microphone device 10.
The participant H1 belongs to the individual sound pickup
area IR1, the participants H1 and H2 belong to the indi-
vidual sound pickup area IR2, and the participant H3 be-
longs to the individual sound pickup area IR3. That is, a
part of the individual sound pickup area IR2 (a part cor-
responding to a seat of the participant H1) is overlap-
pingly set with the individual sound pickup area IR1. The
participant H1 belongs to the two individual sound pickup
areas IR1 and IR2. The output channel "Ch1" is set in
the individual sound pickup area IR1, the output channel
"Ch2" is set in the individual sound pickup area IR2, and
the output channel "Ch3" is set in the individual sound
pickup area IR3.
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[0126] In this state, when the participant H1 speaks,
the microphone device 10 generates the sound signal
corresponding to the voice of the participant H1 and out-
puts the sound signal via the output channels "Ch1" and
"Ch2". Consequently, for example, while outputting the
sound signals of the participants H1 and H2 via the same
output channel "Ch1", the present system 1 is able to
increase or decrease (adjust) a level only for the sound
signal of the participant H1 (president of a company, etc.,)
output via the "Ch2" and output the adjusted sound sig-
nal.

Example 4

[0127] FIG. 13 is a schematic diagram illustrating a
fourth example of the present system 1.
[0128] In FIG. 13, the microphone device 10 is installed
on a ceiling of a lecture room. The two individual sound
pickup areas IR1 and IR2 are set within the sound pickup
area R of the microphone device 10. A lecturer H1 be-
longs to the individual sound pickup area IR1 and a plu-
rality of listeners H2 to Hn belongs to the individual sound
pickup area IR2. The output channel "Ch1" is set in the
individual sound pickup area IR1 and the output channel
"Ch2" is set in the individual sound pickup area IR2. Fur-
ther the individual sound pickup area IR is not set to a
speaker (external device) 2 in the lecture room.
[0129] In this state, for example, during the lecture by
the lecturer H1, the output channel "Ch1" is muted off
and the output channel "Ch2" is muted on. Consequently,
the present device 20 is able to cut only the output of
noise such as an undesired sound from the listeners H2
to Hn during the lecture. Meanwhile, during a question-
and-answer session, for example, the output channel
"Ch1" and "Ch2" are muted off. Consequently, the
present system 1 is able to output voice (sound signal)
of the lecturer H1 who is answering questions and voice
(sound signals) of the listeners H2 to Hn who are asking
questions via the different output channels "Ch1" and
"Ch2", respectively. Further, a sound signal correspond-
ing to sound from the speaker (external device) 2 is not
generated, and thus howling based on the sound from
the speaker (external device) 2 does not occur.

Example 5

[0130] FIG. 14 is a schematic diagram illustrating a fifth
example of the present system 1.
[0131] In FIG. 14, two microphone devices 10-1 and
10-2 are installed on a ceiling of an assembly hall. Three
individual sound pickup areas IR11, IR12, and IR13 are
set in a sound pickup area R-1 of the microphone device
10-1. The individual sound pickup area IR12 includes
three small areas IR121, IR122, and IR123 arranged
apart from one another. The individual sound pickup area
IR13 is set in a front half part of the assembly hall. All of
the individual sound pickup areas IR11 to IR12 overlap
with a part of the individual sound pickup area IR13. In

contrast, two individual sound pickup areas IR21 and
IR22 are set in a sound pickup area R-2 of the microphone
device 10-2. Apart of the sound pickup area R-2 overlaps
with a part of the sound pickup area R-1. The individual
sound pickup area IR21 includes four small areas IR211,
IR212, IR213, and IR214 arranged apart from one an-
other. The individual sound pickup area IR22 is set in a
back half part of the assembly hall. All of the individual
sound pickup area IR21 overlap with a part of the indi-
vidual sound pickup area IR22. A chairperson H1 belongs
to the individual sound pickup area IR11. Assembly mem-
bers H2, H3, and H4 belong to the small areas IR121,
IR122, andIR123, respectively, and assembly members
H5, H6, H7, and H8 belong to the small areas IR211,
IR212, IR213, and IR214, respectively.
[0132] In this state, the present device 20 is able to
receive sound signals of the individual sound pickup ar-
eas IR11 to IR13 and IR21 to IR22 from the two micro-
phone devices 10-1 and 10-2. Then, the present device
20 is able to generate data for delivery with clear voice
of each assembly member H1 to H8 by, for example,
increasing or decreasing (adjusting) a level of the sound
signal from each individual sound pickup area IR11 to
IR12 and IR21 and combining the sound signals. Further,
the present device 20 is able to generate back-up data
of voices in the whole assembly hall, based on the sound
signals from the individual sound pickup areas IR13 and
IR22. In this way, the present system 1 is able to install
a plurality of microphone devices 10 and set the individual
sound pickup area IR for each microphone device 10 in
a large room such as the assembly hall.

Conclusion

[0133] According to the embodiments described
above, the present system 1 includes the plurality of mi-
crophone units 11, the signal processing unit 12 that proc-
esses the sound pickup signal, and the storage 13 that
associates the sound pickup area information with the
individual-sound-pickup-area position information and
stores the associated information. The signal processing
unit 12 includes the position information identification unit
121 that identifies the sound source position information,
based on the sound pickup signal, the signal generation
unit 123 that generates the sound signal, based on the
sound pickup signal, and the channel assignment unit
125 that assigns, to the individual sound pickup area,
one output channel corresponding to the individual sound
pickup area to which the sound source position belongs.
The position of the individual sound pickup area with re-
spect to the sound pickup area is freely set. According
to this configuration, the present system 1 sets any
number and size of individual sound pickup areas for
each sound pickup area, based on the individual-sound-
pickup-area position information stored in the storage 13.
That is, in the present system 1, the individual sound
pickup area (area in which the directivity is directed, area
in which the sound source position is searched) is flexibly
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settable in the sound pickup area. Further, the present
system 1 executes the calculation (calculation of direc-
tivity) to direct the directivity only to the individual sound
pickup area, but not to the whole sound pickup area.
Thus, in the present system 1, the amount (number of
times) of the calculation of directivity is reduced more
than the amount of the calculation of directivity in a con-
ventional system, and a processing load caused by the
calculation is reduced.
[0134] Further, according to the embodiments de-
scribed above, the signal generation unit 123 generates
a sound signal only when the sound source position be-
longs to at least any one of the individual sound pickup
areas. According to this configuration, the present sys-
tem 1 executes the calculation of directivity (directing the
directivity) only to the sound source belonging to the in-
dividual sound pickup area, but not to the whole sound
pickup area. Thus, in the present system 1, the amount
(number of times) of the calculation of directivity is re-
duced more than the amount of the calculation of direc-
tivity in the conventional system, and the processing load
caused by the calculation is reduced.
[0135] Further, according to the embodiments de-
scribed above, the plurality of individual sound pickup
areas is set within the sound pickup area. The channel
assignment unit 125 assigns the output channel corre-
sponding to each of the plurality of individual sound pick-
up areas. According to this configuration, unlike the con-
ventional system, the present system 1 is able to flexibly
set the output channel for each individual sound pickup
area. That is, in the present system 1, the individual
sound pickup area is settable more flexibly than the con-
ventional system, and responses to various requests can
be made with a single operating specification (rule).
[0136] Further, according to the embodiments de-
scribed above, the individual sound pickup area includes
a plurality of individual sound pickup areas (first-individ-
ual-sound-pickup area and second-individual-sound-
pickup area). Apart or a whole part of each individual
sound pickup area can overlap with one another. Accord-
ing to this configuration, in the present system 1, the in-
dividual sound pickup area is settable more flexibly than
the conventional system.
[0137] Further, according to the embodiments de-
scribed above, the individual sound pickup area includes
the plurality of small areas arranged apart from one an-
other. According to this configuration, in the present sys-
tem 1, the individual sound pickup area is settable more
flexibly than the conventional system in which a plurality
of sound pickup areas is always in contact with one an-
other.
[0138] Further, according to the embodiments de-
scribed above, the signal processing unit 12 includes the
voice determination unit 122 that determines whether a
sound pickup signal is a voice signal. When the voice
determination unit 122 determines that the sound pickup
signal is the voice signal, the signal generation unit 123
generates a sound signal. According to this configuration,

the signal generation unit 123 does not execute the cal-
culation of directivity when the sound from the sound
source is sound other than voice (such as noise). Thus,
in the present system 1, the processing load caused by
the calculation is reduced.
[0139] Further, according to the embodiments de-
scribed above, the plurality of microphone units 11 con-
stitutes one beamforming microphone. The beamforming
microphone directs the directivity to the sound source
position when the signal generation unit 123 generates
the sound signal. According to this configuration, the
present system 1 directs the directivity only to the indi-
vidual sound pickup area, but not to the whole sound
pickup area. That is, according to this configuration, the
present system 1 executes the calculation of directivity
only for the individual sound pickup area. Thus, in the
present system 1, the processing load caused by the
calculation is reduced.
[0140] Further, according to the embodiments de-
scribed above, the storage 13 stores the correspondence
relation information indicating correspondence relation
between each of the plurality of individual-sound-pickup-
area position information and the output channel infor-
mation. The channel assignment unit 125 assigns the
output channel, based on the correspondence relation
information. According to this configuration, in the
present system 1, the correspondence relation informa-
tion is previously generated, and thus the output channel
of each individual sound pickup area is flexibly settable
for each sound pickup area.
[0141] Further, according to the embodiments de-
scribed above, the present system 1 includes the oper-
ation unit 24 operated by a user and the correspondence
relation setting unit 223. The correspondence relation
setting unit 223 sets the correspondence relation be-
tween the individual-sound-pickup-area position infor-
mation and the output channel information indicating the
output channel freely set (selected) by the user operating
the operation unit 24. According to this configuration, in
the present system 1, the output channel of each individ-
ual sound pickup area is flexibly settable for each sound
pickup area, based on the operation of the operation unit
24 by the user.
[0142] Further, according to the embodiments de-
scribed above, the present system 1 includes the pointing
device (operation unit 24) used by the user and the area
setting unit 222 for setting the individual sound pickup
area, based on the operation of the pointing device. The
area setting unit 222 sets, as the individual sound pickup
area, the area (candidate area) defined by the user op-
erating the pointing device. According to this configura-
tion, in the present system 1, any number, any shape,
and any size of the individual sound pickup areas are
flexibly settable based on the operation of the pointing
device by the user.
[0143] Further, according to the embodiments de-
scribed above, the present system 1 identifies the sound
source position within the sound pickup area every 5 ms,
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generates the sound signal corresponding to the sound
from the sound source, and outputs the sound signal via
the output channel corresponding to the individual sound
pickup area to which the sound source position belongs.
In other words, the present system 1 directs the directivity
only to the sound source belonging to the individual
sound pickup area at time intervals of high speed being
5 ms. That is, the present system 1 is able to change the
direction of the directivity and switch the output channel
every 5 ms. According to this configuration, the present
system 1 is able to pick up audibly seamless sound
across the plurality of output channels while using one
virtual beam of the beamforming microphone.
[0144] Note that the present device need not include
a mixer unit. That is, the present device need not have
a function as a mixer. In this case, the present system
may include a mixer connected to the microphone device
and the external device. In this case, the mixer may, for
example, execute the above-described signal process-
ing for the sound signal for each output channel and out-
put the processed sound signal to the external device.
[0145] Further, the microphone device in the present
invention may have a mixer function. In this case, the
microphone device in the present invention may, for ex-
ample, be connected to the external device, execute the
above-described signal processing for the sound signal
for each output channel, and output the processed sound
signal to the external device.
[0146] Further, the present device is not limited to a
personal computer. That is, for example, the present de-
vice may be a smartphone or a tablet-PC on which the
present setting program operates.
[0147] Further, the signal processing unit in the present
invention may be accommodated in a housing different
from the microphone unit.
[0148] Further, the microphone device in the present
invention need not include the voice determination unit.
In this case, the present system generates the sound
signal in the sound pickup processing without executing
the voice determination processing.
[0149] Further, a shape of the housing of the micro-
phone device in the present invention is not limited to the
present embodiments. That is, for example, the housing
of the microphone device in the present invention may
have a circular box shape in a plan view.
[0150] Further, the present system may set, in the
sound pickup area, the individual output channel that out-
puts the sound pickup signal without generating the
sound signal in the sound pickup processing. In this case,
the present system is also able to pick up unadjusted
sound in which the sound of the sound source is not em-
phasized.
[0151] Further, the processor that configures the signal
processing unit and the control unit in the present inven-
tion is not limited to the CPU. That is, for example, the
processor may include hardware such as a graphics
processing unit (GPU), a micro processing unit (MPU),
a digital signal processing unit (DSP), or a field program-

mable gate array (FPGA) in addition to or instead of the
CPU.
[0152] Further, the medium on which the programs (the
present sound pickup program and the present setting
program) according to the present invention are stored
is not limited to the ROM. That is, for example, the pro-
grams according to the present invention may be stored
in a storage or other information storage medium (secure
digital (SD) memory card, universal serial bus (USB)
memory, or the like) and provided to the signal processing
unit.
[0153] Further, the present system may include a plu-
rality of imaging devices for capturing at least a portion
of a video within the sound pickup area. That is, for ex-
ample, the present system may include each of a plurality
of imaging devices corresponding to each of the plurality
of individual sound pickup areas. In this case, for exam-
ple, the present device performs setting in such a way
that an imaging range (angle of view) of each imaging
device captures all the corresponding individual sound
pickup area. The setting of the imaging range for each
imaging device is, for example, stored in the storage of
the present device in association with the correspond-
ence relation.
[0154] FIG. 15 is a schematic diagram illustrating a first
modification example of the present system.
[0155] The figure illustrates that a present system 1A
includes two imaging devices 31A and 32A. In the figure,
an imaging range (angle of view) of each of the imaging
devices 31A and 32A is indicated with a chain line.
[0156] In FIG. 15, the microphone device 10 and each
of the imaging devices 31A and 32A are installed on a
ceiling of a conference room. The imaging range of the
imaging device 31A is set to capture all of the individual
sound pickup area IR1, and the imaging range of the
imaging device 32A is set to capture all of the individual
sound pickup area IR2. That is, the imaging device 31A
corresponds to the individual sound pickup area IR1 and
the imaging device 32A corresponds to the individual
sound pickup area IR2. Further, the imaging range of the
imaging device 31A differs from the imaging range of the
imaging device 32A. Images captured by the imaging
devices 31A and 32A are transmitted to a present device
20A. Participants H1 and H2 belong to the individual
sound pickup area IR1, and participants H3 and H4 be-
long to the individual sound pickup area IR2. Herein, the
individual sound pickup area IR1 is an example of a first-
individual-sound-pickup area in the present invention,
and the individual sound pickup area IR2 is an example
of a second-individual-sound-pickup area in the present
invention. The imaging device 31A is an example of a
first imaging device in the present invention, and the im-
aging device 32A is an example of a second imaging
device in the present invention. In this state, for example,
when the participant H1 is speaking, the present device
20A outputs an image captured by the imaging device
31A (hereinafter referred to as "first image") together with
a sound signal corresponding to the participant H1. The
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participants H1 and H2 are captured in the first image.
In this state, when the participant H2 speaks, the present
device 20A outputs the sound signal corresponding to
the participant H2 and continues to output the first image.
In contrast, when the participant H3 speaks, the present
device 20A outputs an image (hereinafter referred to as
a "second image") captured by the imaging device 32A
together with a sound signal corresponding to the partic-
ipant H3. The second image is an image in which the
participants H3 and H4 are captured. Thus, even though
the speaking person (participant H1, H2) switches within
the imaging range of the imaging device 31A, the present
device 20A generates only the sound signal to be output
according to the speaking person and the images to be
output remain the first images without switching. In con-
trast, when the speaking person switches from the im-
aging range of the imaging device 31A to another imaging
range of the imaging device 32A (e.g., from participant
H1 to participant H3), the present device 20A also switch-
es the images to be output from the first image to the
second image. In this configuration, the present system
1A is able to output images in which the speaking person
is captured at all time by using a smaller number of im-
aging devices 31A and 32A than the number of speaking
persons, even though the sound source position switches
at high speed (in the present embodiments, 5ms) in the
same or different individual sound pickup area IR. In this
way, the present system 1A associates the individual
sound pickup area with the imaging range, and thus is
able to output the images in which each speaking person
is captured without requiring the imaging device for each
speaking person. Further, the present system 1Ais able
to freely set the imaging range of the imaging devices
31A and 32A regardless of the number of speaking per-
sons.
[0157] FIG. 16 is a schematic diagram illustrating a
second modification example of the present system.
[0158] The figure illustrates that the present system 1B
includes three imaging devices 31B, 32B, and 33B. The
figure indicates that an imaging range of each of the im-
aging devices 31B to 33B with a chain line.
[0159] In FIG. 16, the microphone device 10 and each
of the imaging devices 31B to 33B are installed on the
ceiling of the conference room. The imaging range of the
imaging device 31B is set to capture all of the individual
sound pickup area IR1, the imaging range of the imaging
device 32B is set to capture all of the individual sound
pickup area IR2, and the imaging range of the imaging
device 33B is set to capture a part (participant H1 de-
scribed later) of the individual sound pickup area IR1.
The images captured by the imaging devices 31B to 33B
are transmitted to a present device 20B. The participants
H1 and H2 belong to the individual sound pickup area
IR1 and the participants H3 and H4 belong to the indi-
vidual sound pickup area IR2. Herein, the individual
sound pickup area IR1 is an example of the first-individ-
ual-sound-pickup area in the present invention, and the
individual sound pickup area IR2 is an example of the

second-individual-sound-pickup area in the present in-
vention. The imaging devices 31B and 33B are an ex-
ample of an individual imaging device (first imaging de-
vice) in the present invention, and the imaging device
32B is an example of a second imaging device in the
present invention. In this state, operation of the present
system 1B when the participants H2 to H4 are speaking
is common to the operation of the present system 1A in
the first modification example. Meanwhile, when the par-
ticipant H1 is speaking, the present device 20B outputs
an image being captured by the imaging device 31B
and/or the imaging device 33B together with a sound
signal corresponding to the participant H1. In this config-
uration, when an important person such as a president
of a company is speaking, the present system 1B is able
to output an image in which only the important person is
captured and an image in which an individual sound pick-
up area to which the important person belongs is cap-
tured.
[0160] Note that the number, arrangement, and the im-
aging range of the imaging device in the present invention
are not limited to the modification examples. That is, for
example, among the plurality of imaging devices, the im-
aging range of one imaging device may be set to capture
an overhead image of the whole sound pickup area, and
the imaging range of the other imaging devices may be
set to capture corresponding individual sound pickup ar-
eas.
[0161] Further, in each modification example, the mi-
crophone device in the present invention may include
each imaging device.

Claims

1. A beamforming microphone system (1) comprising:

a plurality of microphone units (11);
a signal processing unit (12) configured to proc-
ess a sound pickup signal from each of the plu-
rality of microphone units (11) at each predeter-
mined time; and
a storage (13) configured to associate, for each
sound pickup area where the plurality of micro-
phone units (11) is able to pick up sound as a
sound signal, sound pickup area information in-
dicating a sound pickup area with individual-
sound-pickup-area position information indicat-
ing a position of at least one of individual sound
pickup areas freely set within the sound pickup
area, and store the associated information,
wherein
the signal processing unit (12) includes:

a position information identification unit
(121) configured to identify sound source
position information indicating a sound
source position of a sound source in an in-
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dividual sound pickup area of the at least
one of individual sound pickup areas, based
on the sound pickup signal from each of the
plurality of microphone units (11);
a signal generation unit (123) configured to
generate the sound signal corresponding to
the sound from the sound source position,
based on the sound pickup signal from each
of the plurality of microphone units (11); and
a channel assignment unit (125) configured
to assign, to the individual sound pickup ar-
ea, one output channel from which the
sound signal is output, from among a plu-
rality of output channels, based on the indi-
vidual-sound-pickup-area position informa-
tion indicating the individual sound pickup
area to which the sound source position be-
longs.

2. The beamforming microphone system (1) according
to claim 1, wherein the signal generation unit (123)
generates the sound signal only when the sound
source position belongs to at least one of the indi-
vidual sound pickup areas.

3. The beamforming microphone system (1) according
to claim 1 or 2, wherein

a plurality of individual sound pickup areas is set
within the sound pickup area, and
the channel assignment unit (125) assigns the
output channel corresponding to each of the plu-
rality of individual sound pickup areas.

4. The beamforming microphone system (1) according
to claim 3, wherein the plurality of individual sound
pickup areas includes:

a first-individual-sound-pickup area; and
a second-individual-sound-pickup area set sep-
arately from the first-individual-sound-pickup ar-
ea, and
a part or a whole part of the second-individual-
sound-pickup area is settable overlappingly with
the first-individual-sound-pickup area.

5. The beamforming microphone system (1) according
to any one of claims 1 to 4, wherein the individual
sound pickup area includes a plurality of small areas
arranged apart from each other.

6. The beamforming microphone system (1) according
to any one of claims 1 to 5, wherein

the signal processing unit (12) includes a voice
determination unit (122) configured to determine
whether the sound pickup signal from the plu-
rality of microphone units (11) is a sound signal

corresponding to voice of a speaking person,
and
the signal generation unit (123) generates the
sound signal when the voice determination unit
(122) determines that the sound pickup signal
is the voice signal.

7. The beamforming microphone system (1) according
to claim 3, wherein

the storage (13) stores, for each sound pickup
area, correspondence relation information indi-
cating correspondence relation between each
of the plurality of individual-sound-pickup-area
position information and output channel infor-
mation indicating any output channel among the
plurality of output channels, and
the channel assignment unit (125) assigns the
output channel, based on the correspondence
relation information.

8. The beamforming microphone system (1) according
to claim 7, further comprising:

an operation unit (24) configured to be operated
by a user; and
a correspondence relation setting unit (223)
configured to set, for each sound pickup area,
the correspondence relation between the indi-
vidual-sound-pickup-area position information
and the output channel information indicating
the output channel to be set in the individual
sound pickup area, based on operation of the
operation unit (24), wherein
the correspondence relation setting unit (223)
sets the correspondence relation between the
individual-sound-pickup-area position informa-
tion and the output channel information indicat-
ing the output channel to be freely set by the
user operating the operation unit (24).

9. The beamforming microphone system (1) according
to any one of claims 1 to 8, further comprising:

a pointing device configured to be operated by
a user; and
an area setting unit (222) configured to set the
individual sound pickup area, based on opera-
tion of the pointing device, wherein
the area setting unit (222) sets, as the individual
sound pickup area, an area freely defined by the
user operating the pointing device.

10. The beamforming microphone system (1) according
to claim 3, further comprising:

a plurality of imaging devices (31A, 32A, 31B,
32B, 33B) configured to image at least a part
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within the sound pickup area, wherein
the plurality of individual sound pickup areas in-
cludes:

a first-individual-sound-pickup area; and
a second-individual-sound-pickup area set
separately from the first-individual-sound-
pickup area, and

the plurality of imaging devices (31A, 32A, 31B,
32B, 33B) includes:

a first imaging device (31A, 31B, 33B) cor-
responding to the first-individual-sound-
pickup area; and
a second imaging device (32A, 32B) corre-
sponding to the second-individual-sound-
pickup area.

11. The beamforming microphone system (1) according
to claim 10, wherein

the first imaging device (31A, 31B, 33B) includes
a plurality of individual imaging devices (31B,
33B), and
an imaging range of each of the plurality of in-
dividual imaging devices (31B, 33B) includes a
different area within the first-individual-sound-
pickup area.

12. A sound pickup program for a beamforming micro-
phone system (1), the sound pickup program used
to output a sound pickup signal corresponding to
sound picked up by a plurality of microphone units
(11), wherein

the beamforming microphone system (1) in-
cludes:

at least one processor (12) configured to
process the sound pickup signal; and
a storage (13) configured to store:

sound pickup area information indicat-
ing a sound pick up area where the plu-
rality of microphone units (11) is able
to pick up the sound as a sound signal;
individual-sound-pickup-area position
information indicating a position of at
least one of individual sound pickup ar-
eas freely set within the sound pickup
area; and
correspondence relation information
indicating correspondence relation be-
tween the individual-sound-pickup-ar-
ea position information and output
channel information indicating any out-
put channel among a plurality of output

channels, and

the sound pickup program for the beamforming
microphone system (1) causing the at least one
processor (12) to function as:

a position information identification unit
(121) configured to identify sound source
position information indicating a sound
source position of a sound source in an in-
dividual sound pickup area of the at least
one of individual sound pickup areas;
a signal generation unit (123) configured to
generate the sound signal corresponding to
the sound from the sound source position,
based on the sound pickup signal from each
of the plurality of microphone units (11); and
a channel assignment unit (125) configured
to assign, to the individual sound pickup ar-
ea, one output channel from which the
sound signal is output, from among the plu-
rality of output channels, based on the cor-
respondence relation information.

13. A setting program for a beamforming microphone
system (1), the setting program used to set corre-
spondence relation between an individual-sound-
pickup-area position information indicating a position
of an individual sound pickup area included in a
sound pickup area of a plurality of microphone units
(11) and output channel information indicating any
output channel among a plurality of output channels,
wherein

the beamforming microphone system (1) in-
cludes a computer (20) to be used for setting
the correspondence relation,
the computer (20) includes:

a storage (23) configured to store the cor-
respondence relation; and
a display unit (25) configured to display a
layout of an installation location in which the
microphone unit (11) is installed, and

the setting program for the beamforming micro-
phone system (1) causing the computer (20) to
function as:

a sound pickup area display unit (221) con-
figured to overlappingly display, on the dis-
play unit (25), the layout and the sound pick-
up area with each other;
a candidate area display unit configured to
overlappingly display, on the display unit
(25), the layout, the sound pickup area, and
a candidate area of the individual sound
pickup area with one another;
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a position information setting unit config-
ured to identify a candidate area position
information indicating a position of the can-
didate area and set the candidate area po-
sition information as the individual-sound-
pickup-area position information; and
a correspondence relation setting unit (223)
configured to set, for each individual sound
pickup area, the correspondence relation
between the individual-sound-pickup-area
position information and the output channel
information indicating the output channel
set in the individual sound pickup area.

14. A beamforming microphone setting device (20) for
setting correspondence relation between individual-
sound-pickup-area position information indicating a
position of an individual sound pickup area included
in a sound pickup area of a plurality of microphone
units (11) and output channel information indicating
any output channel among a plurality of output chan-
nels, the beamforming microphone setting device
(20) comprising:

a storage (23) configured to store the corre-
spondence relation;
a display unit (25) configured to display a layout
of an installation location in which the micro-
phone unit (11) is installed;
a sound pickup area display unit (221) config-
ured to overlappingly display, on the display unit
(25), the layout and the sound pickup area with
each other;
a candidate area display unit configured to over-
lappingly display, on the display unit (25), the
layout, the sound pickup area, and a candidate
area of the individual sound pickup area with
one another;
a position information setting unit configured to
identify a candidate area position information in-
dicating a position of the candidate area and set
the candidate area position information as the
individual-sound-pickup-area position informa-
tion; and
a correspondence relation setting unit (223)
configured to set, for each individual sound pick-
up area, the correspondence relation between
the individual-sound-pickup-area position infor-
mation and the output channel information indi-
cating the output channel set in the individual
sound pickup area.

15. A beamforming microphone system setting method
executed by a setting device (20) for setting corre-
spondence relation between individual-sound-pick-
up-area position information indicating a position of
an individual sound pickup area included in a sound
pickup area of a plurality of microphone units (11)

and output channel information indicating any output
channel among the plurality of output channels,
wherein

the setting device (20) includes:

a storage (23) configured to store the cor-
respondence relation; and
a display unit (25) configured to display a
layout of an installation location in which the
microphone unit (11) is installed, and

the beamforming microphone system setting
method executed by the setting device compris-
ing:

overlappingly displaying, on the display unit
(25), the layout and the sound pickup area
with each other;
overlappingly displaying, on the display unit
(25), the layout, the sound pickup area, and
a candidate area of the individual sound
pickup area with one another;
identifying candidate area position informa-
tion indicating a position of the candidate
area and setting the candidate area position
information as the individual-sound-pickup-
area position information; and
setting, for each individual sound pickup ar-
ea, the correspondence relation between
the individual-sound-pickup-area position
information and the output channel informa-
tion indicating the output channel set in the
individual sound pickup area.

Patentansprüche

1. Beamforming-Mikrofonsystem (1), umfassend:

eine Vielzahl von Mikrofoneinheiten (11);
eine Signalverarbeitungseinheit (12), die dazu
konfiguriert ist, ein Tonaufnahmesignal von je-
der von der Vielzahl von Mikrofoneinheiten (11)
zu jeder vorbestimmten Zeit zu verarbeiten;
einen Speicher (13), der dazu konfiguriert ist,
für jede Tonaufnahmeregion, in der die Vielzahl
von Mikrofoneinheiten (11) dazu in der Lage ist,
einen Ton als ein Tonsignal aufzunehmen, eine
Tonaufnahmeregionsinformation, die eine Ton-
aufnahmeregion angibt, mit einer Positionsin-
formation einer einzelnen Tonaufnahmeregion,
die eine Position mindestens einer von einzel-
nen Tonaufnahmeregionen, die innerhalb der
Tonaufnahmeregion frei eingerichtet sind, an-
geben, zu assoziieren und die assoziierten In-
formationen zu speichern, wobei
die Signalverarbeitungseinheit (12) beinhaltet:
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eine Positionsinformationsidentifizierungs-
einheit (121), die dazu konfiguriert ist, eine
Tonquellenpositionsinformation, die eine
Tonquellenposition einer Tonquelle in einer
einzelnen Tonaufnahmeregion der mindes-
tens einen von einzelnen Tonaufnahmere-
gionen angibt, auf der Basis des Tonauf-
nahmesignals von jeder von der Vielzahl
von Mikrofoneinheiten (11) zu identifizie-
ren;
eine Signalerzeugungseinheit (123), die
dazu konfiguriert ist, das Tonsignal, das
dem Ton von der Tonquellenposition ent-
spricht, auf der Basis des Tonaufnahmesi-
gnals von jeder von der Vielzahl von Mikro-
foneinheiten (11) zu erzeugen; und
eine Kanalzuordnungseinheit (125), die da-
zu konfiguriert ist, der einzelnen Tonauf-
nahmeregion einen Ausgabekanal, von
dem das Tonsignal ausgegeben wird, aus
einer Vielzahl von Ausgabekanälen auf der
Basis der Positionsinformation einer einzel-
nen Tonaufnahmeregion, die die einzelne
Tonaufnahmeregion angibt, zu der die Ton-
quellenposition gehört, zuzuordnen.

2. Beamforming-Mikrofonsystem (1) nach Anspruch 1,
wobei die Signalerzeugungseinheit (123) das Ton-
signal nur erzeugt, wenn die Tonquellenposition zu
mindestens einer von den einzelnen Tonaufnahme-
regionen gehört.

3. Beamforming-Mikrofonsystem (1) nach Anspruch 1
oder 2, wobei eine Vielzahl von einzelnen Tonauf-
nahmeregionen innerhalb der Tonaufnahmeregion
eingerichtet ist und die Kanalzuordnungseinheit
(125) den Ausgabekanal entsprechend jedem von
der Vielzahl von einzelnen Tonaufnahmeregionen
zuordnet.

4. Beamforming-Mikrofonsystem (1) nach Anspruch 3,
wobei

die Vielzahl von einzelnen Tonaufnahmeregio-
nen beinhaltet:

eine erste einzelne Tonaufnahmeregion
und
eine zweite einzelne Tonaufnahmeregion,
die separat von der ersten einzelnen Ton-
aufnahmeregion eingerichtet ist, und

ein Teil oder ein gesamter Teil der zweiten ein-
zelnen Tonaufnahmeregion sich mit der ersten
einzelnen Tonaufnahmeregion überschneidend
einrichtbar ist.

5. Beamforming-Mikrofonsystem (1) nach einem der

Ansprüche 1 bis 4, wobei die einzelne Tonaufnah-
meregion eine Vielzahl von kleinen Regionen, die
voneinander beabstandet angeordnet sind, beinhal-
tet.

6. Beamforming-Mikrofonsystem (1) nach einem der
Ansprüche 1 bis 5, wobei

die Signalverarbeitungseinheit (12) eine
Sprachbestimmungseinheit (122) beinhaltet,
die dazu konfiguriert ist, zu bestimmen, ob das
Tonaufnahmesignal von der Vielzahl von Mikro-
foneinheiten (11) ein Tonsignal ist, das einer
Sprache einer sprechenden Person entspricht,
und
die Signalerzeugungseinheit (123) das Tonsig-
nal erzeugt, wenn die Sprachbestimmungsein-
heit (122) bestimmt, dass das Tonaufnahmesi-
gnal das Sprachsignal ist.

7. Beamforming-Mikrofonsystem (1) nach Anspruch 3,
wobei

der Speicher (13) für jede Tonaufnahmeregion
eine Entsprechungsverhältnisinformation, die
ein Entsprechungsverhältnis zwischen jeder
von der Vielzahl von Positionsinformationen von
einzelnen Tonaufnahmeregionen und der Aus-
gabekanalinformation angibt, die einen beliebi-
gen Ausgabekanal aus der Vielzahl von Ausga-
bekanälen angibt, speichert, und
die Kanalzuordnungseinheit (125) den Ausga-
bekanal auf der Basis der Entsprechungsver-
hältnisinformation zuordnet.

8. Beamforming-Mikrofonsystem (1) nach Anspruch 7,
weiterhin umfassend:

eine Bedienungseinheit (24), die dazu konfigu-
riert ist, von einem Benutzer bedient zu werden;
und
eine Entsprechungsverhältniseinrichtungsein-
heit (223), die dazu konfiguriert ist, für jede Ton-
aufnahmeregion das Entsprechungsverhältnis
zwischen der Positionsinformation einer einzel-
nen Tonaufnahmeregion und der Ausgabeka-
nalinformation, das in der einzelnen Tonaufnah-
meregion einzurichten ist, auf der Basis einer
Bedienung der Bedienungseinheit (24) einzu-
richten, wobei
die Entsprechungsverhältniseinrichtungsein-
heit (223) das Entsprechungsverhältnis zwi-
schen der Positionsinformation einer einzelnen
Tonaufnahmeregion und der Ausgabekanalin-
formation, die den Ausgabekanal angibt, der
von dem Benutzer, der die Bedienungseinheit
(24) bedient, frei einzurichten ist, einrichtet.
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9. Beamforming-Mikrofonsystem (1) nach einem der
Ansprüche 1 bis 8, weiterhin umfassend:

eine Zeigevorrichtung, die dazu konfiguriert ist,
von einem Benutzer bedient zu werden; und
eine Regionseinrichtungseinheit (222), die dazu
konfiguriert ist, die einzelne Tonaufnahmeregi-
on auf der Basis einer Bedienung der Zeigevor-
richtung einzurichten, wobei
die Regionseinrichtungseinheit (222) eine Re-
gion, die von dem Benutzer, der die Zeigevor-
richtung bedient, frei definiert wird, als die ein-
zelne Tonaufnahmeregion einrichtet.

10. Beamforming-Mikrofonsystem (1) nach Anspruch 3,
weiterhin umfassend:

eine Vielzahl von Abbildungsvorrichtungen
(31A, 32A, 31B, 32B, 33B), die dazu konfiguriert
sind, mindestens einen Teil innerhalb der Ton-
aufnahmeregion abzubilden, wobei
die Vielzahl von einzelnen Tonaufnahmeregio-
nen beinhaltet:

eine erste einzelne Tonaufnahmeregion
und
eine zweite einzelne Tonaufnahmeregion,
die separat von der ersten einzelnen Ton-
aufnahmeregion eingerichtet ist, und

die Vielzahl von Abbildungsvorrichtungen (31A,
32A, 31B, 32B, 33B) beinhaltet:

eine erste Abbildungsvorrichtung (31A,
31B, 33B) der ersten einzelnen Tonaufnah-
meregion entspricht und
eine zweite Abbildungsvorrichtung (32A,
32B) der zweiten einzelnen Tonaufnahme-
region entspricht.

11. Beamforming-Mikrofonsystem (1) nach Anspruch
10, wobei

die erste Abbildungsvorrichtung (31A, 31B,
33B) eine Vielzahl von einzelnen Abbildungs-
vorrichtungen (31B, 33B) beinhaltet und
ein Abbildungsbereich jeder von der Vielzahl
von einzelnen Abbildungsvorrichtungen (31B,
33B) eine andere Region innerhalb der ersten
einzelnen Tonaufnahmeregion beinhaltet.

12. Tonaufnahmeprogramm für ein Beamforming-Mi-
krofonsystem (1), wobei das Tonaufnahmepro-
gramm dazu verwendet wird, ein Tonaufnahmesig-
nal entsprechend einem Ton, der von einer Vielzahl
von Mikrofoneinheiten (11) aufgenommen wird, aus-
zugeben, wobei

das Beamforming-Mikrofonsystem (1) beinhal-
tet:

mindestens einen Prozessor (12), der dazu
konfiguriert ist, das Tonaufnahmesignal zu
verarbeiten; und
einen Speicher (13), der dazu konfiguriert,
zu speichern:

eine Tonaufnahmeregionsinformation,
die eine Tonaufnahmeregion, in der die
Vielzahl von Mikrofoneinheiten (11) da-
zu in der Lage ist, den Ton als ein Ton-
signal aufzunehmen, angibt;
eine Positionsinformation einer einzel-
nen Tonaufnahmeregion, die eine Po-
sition mindestens einer von einzelnen
Tonaufnahmeregionen, die innerhalb
der Tonaufnahmeregion frei eingerich-
tet sind, angibt;
eine Entsprechungsverhältnisinforma-
tion, die ein Entsprechungsverhältnis
zwischen der Positionsinformation ei-
ner einzelnen Tonaufnahmeregion und
der Ausgabekanalinformation angibt,
die einen beliebigen Ausgabekanal aus
einer Vielzahl von Ausgabekanälen an-
gibt, und

das Tonaufnahmeprogramm für das Beamfor-
ming-Mikrofonsystem (1) bewirkt, dass der min-
destens eine Prozessor (12) fungiert als:

eine Positionsinformationsidentifizierungs-
einheit (121), die dazu konfiguriert ist, eine
Tonquellenpositionsinformation, die eine
Tonquellenposition einer Tonquelle in einer
einzelnen Tonaufnahmeregion des min-
destens einen von einzelnen Tonaufnah-
meregionen angibt;
eine Signalerzeugungseinheit (123), die
dazu konfiguriert ist, das Tonsignal, das
dem Ton von der Tonquellenposition ent-
spricht, auf der Basis des Tonaufnahmesi-
gnals von jeder von der Vielzahl von Mikro-
foneinheiten (11) zu erzeugen; und
eine Kanalzuordnungseinheit (125), die da-
zu konfiguriert ist, der einzelnen Tonauf-
nahmeregion einen Ausgabekanal, von
dem das Tonsignal ausgegeben wird, aus
der Vielzahl von Ausgabekanälen auf der
Basis der Entsprechungsverhältnisinfor-
mationen zuzuordnen.

13. Einrichtungsprogramm für ein Beamforming-Mikro-
fonsystem (1), wobei das Einrichtungsprogram dazu
verwendet wird, ein Entsprechungsverhältnis zwi-
schen einer Positionsinformation einer einzelnen
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Tonaufnahmeregion, die eine Position einer einzel-
nen Tonaufnahmeregion, die in einer Tonaufnahme-
region einer Vielzahl von Mikrofoneinheiten (11) be-
inhaltet ist, angibt, und einer Ausgabekanalinforma-
tion, die einen beliebigen Ausgabekanal aus einer
Vielzahl von Ausgabekanälen angibt, einzurichten,
wobei

das Beamforming-Mikrofonsystem (1) einen
Computer (20) beinhaltet, der zur Einrichtung
des Entsprechungsverhältnisses zu verwenden
ist,
wobei der Computer (20) beinhaltet:

einen Speicher (23), der dazu konfiguriert
ist, das Entsprechungsverhältnis zu spei-
chern; und
eine Anzeigeeinheit (25), die dazu konfigu-
riert ist, ein Layout eines Installationsorts,
an dem die Mikrofoneinheit (11) installiert
wird, anzuzeigen, und

wobei das Einrichtungsprogramm für das Be-
amforming-Mikrofonsystem (1) bewirkt, dass
der Computer (20) fungiert als:

eine Tonaufnahmeregionsanzeigeeinheit
(221), die dazu konfiguriert ist, das Layout
und die Tonaufnahmeregion sich miteinan-
der überschneidend auf der Anzeigeeinheit
(25) anzuzeigen;
eine Kandidatenregionsanzeigeeinheit, die
dazu konfiguriert ist, das Layout, die Ton-
aufnahmeregion und eine Kandidatenregi-
on der einzelnen Tonaufnahmeregion sich
miteinander überschneidend auf der Anzei-
geeinheit (25) anzuzeigen;
eine Positionsinformationseinrichtungsein-
heit, die dazu konfiguriert ist, eine Kandida-
tenregionspositionsinformation, die eine
Position der Kandidatenregion angibt, und
die Kandidatenregionspositionsinformation
als die Positionsinformation einer einzelnen
Tonaufnahmeregion einzurichten;
eine Entsprechungsverhältniseinrichtungs-
einheit (223), die dazu konfiguriert ist, für
jede einzelne Tonaufnahmeregion das Ent-
sprechungsverhältnis zwischen der Positi-
onsinformation einer einzelnen Tonaufnah-
meregion und der Ausgabekanalinformati-
on, die den Ausgabekanal angibt, der in der
einzelnen Tonaufnahmeregion eingerichtet
ist, einzurichten.

14. Beamforming-Mikrofoneinrichtungsvorrichtung (20)
zur Einrichtung eines Entsprechungsverhältnisses
zwischen einer Positionsinformationen einer einzel-
nen Tonaufnahmeregion, die eine Position einer ein-

zelnen Tonaufnahmeregion, die in einer Tonaufnah-
meregion einer Vielzahl von Mikrofoneinheiten (11)
beinhaltet ist, angibt, und einer Ausgabekanalinfor-
mation, die einen beliebigen Ausgabekanal aus ei-
ner Vielzahl von Ausgabekanälen angibt, einzurich-
ten, wobei die Beamforming-Mikrofoneinrichtungs-
vorrichtung (20) umfasst:

einen Speicher (23), der dazu konfiguriert ist,
das Entsprechungsverhältnis zu speichern;
eine Anzeigeeinheit (25), die dazu konfiguriert
ist, ein Layout eines Installationsorts, an dem
die Mikrofoneinheit (11) installiert wird, anzuzei-
gen;
eine Tonaufnahmeregionsanzeigeeinheit
(221), die dazu konfiguriert ist, das Layout und
die Tonaufnahmeregion sich miteinander über-
schneidend auf der Anzeigeeinheit (25) anzu-
zeigen;
eine Kandidatenregionsanzeigeeinheit, die da-
zu konfiguriert ist, das Layout, die Tonaufnah-
meregion und eine Kandidatenregion der ein-
zelnen Tonaufnahmeregion sich miteinander
überschneidend auf der Anzeigeeinheit (25) an-
zuzeigen;
eine Positionsinformationseinrichtungseinheit,
die dazu konfiguriert ist, eine Kandidatenregi-
onspositionsinformation, die eine Position der
Kandidatenregion angibt, und die Kandidaten-
regionspositionsinformation als die Positionsin-
formation einer einzelnen Tonaufnahmeregion
einzurichten;
eine Entsprechungsverhältniseinrichtungsein-
heit (223), die dazu konfiguriert ist, für jede ein-
zelne Tonaufnahmeregion das Entsprechungs-
verhältnis zwischen der Positionsinformation ei-
ner einzelnen Tonaufnahmeregion und der Aus-
gabekanalinformation, die den Ausgabekanal
angibt, der in der einzelnen Tonaufnahmeregion
eingerichtet ist, einzurichten.

15. Beamforming-Mikrofoneinrichtungsverfahren, das
von einer Einrichtungsvorrichtung (20) ausgeführt
wird, zur Einrichtung eines Entsprechungsverhält-
nisses zwischen einer Positionsinformationen einer
einzelnen Tonaufnahmeregion, die eine Position ei-
ner einzelnen Tonaufnahmeregion, die in einer Ton-
aufnahmeregion einer Vielzahl von Mikrofoneinhei-
ten (11) beinhaltet ist, angibt, und einer Ausgabeka-
nalinformation, die einen beliebigen Ausgabekanal
aus der Vielzahl von Ausgabekanälen angibt, einzu-
richten, wobei

die Einrichtungsvorrichtung (20) beinhaltet:

einen Speicher (23), der dazu konfiguriert
ist, das Entsprechungsverhältnis zu spei-
chern; und
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eine Anzeigeeinheit (25), die dazu konfigu-
riert ist, ein Layout eines Installationsorts,
an dem die Mikrofoneinheit (11) installiert
wird, anzuzeigen, und

wobei das Beamforming-Mikrofoneinrichtungs-
verfahren, das von der Einrichtungsvorrichtung
ausgeführt wird, umfasst:

sich miteinander überschneidendes Anzei-
gen des Layouts und der Tonaufnahmere-
gion auf der Anzeigeeinheit (25);
sich miteinander überschneidendes Anzei-
gen des Layouts, der Tonaufnahmeregion
und einer Kandidatenregion der einzelnen
Tonaufnahmeregion auf der Anzeigeeinheit
(25) ;
Identifizieren einer Kandidatenregionsposi-
tionsinformation, die eine Position der Kan-
didatenregion angibt, und Einrichten der
Kandidatenregionspositionsinformation als
die Positionsinformation einer einzelnen
Tonaufnahmeregion; und
für jede einzelne Tonaufnahmeregion Ein-
richten des Entsprechungsverhältnisses
zwischen der Positionsinformation einer
einzelnen Tonaufnahmeregion und der
Ausgabekanalinformation, die den Ausga-
bekanal angibt, der in der einzelnen Ton-
aufnahmeregion eingerichtet ist.

Revendications

1. Système de microphone de formation de faisceau
(1) comprenant :

une pluralité d’unités de microphones (11) ;
une unité de traitement de signal (12) configurée
pour traiter un signal de prise de son provenant
de chacune de la pluralité d’unités de micropho-
nes (11) à chaque instant prédéterminé ; et
une mémoire (13) configurée pour associer,
pour chaque zone de prise de son où la pluralité
d’unités de microphone (11) est capable de cap-
ter un son en tant que signal sonore, des infor-
mations de zone de prise de son indiquant une
zone de prise de son avec des informations de
position de zone de prise de son individuelle in-
diquant une position d’au moins une des zones
de prise de son individuelles librement configu-
rées dans la zone de prise de son, et stocker
les informations associées, dans lequel
l’unité de traitement de signal (12) comporte :

une unité d’identification d’informations de
position (121) configurée pour identifier des
informations de position de source sonore

indiquant une position de source sonore
d’une source sonore dans une zone de prise
de son particulière de l’au moins une zone
de prise de son individuelle, en fonction du
signal de prise de son de chacune de la plu-
ralité d’unités de microphones (11) ;
une unité de génération de signal (123) con-
figurée pour générer le signal sonore cor-
respondant au son provenant de la position
de la source sonore, en fonction du signal
de prise de son provenant de chacune de
la pluralité d’unités de microphones (11) ; et
une unité d’assignation de canal (125) con-
figurée pour assigner, à la zone de prise de
son individuelle, un canal de sortie à partir
duquel le signal sonore est délivré, parmi
une pluralité de canaux de sortie, en fonc-
tion des informations de position de zone
de prise de son individuelle indiquant la zo-
ne de prise de son individuelle à laquelle se
rapporte la position de source sonore.

2. Système de microphone de formation de faisceau
(1) selon la revendication 1, dans lequel l’unité de
génération de signal (123) génère le signal sonore
uniquement lorsque la position de source sonore se
rapporte à au moins une des zones de prise de son
individuelles.

3. Système de microphone de formation de faisceau
(1) selon la revendication 1 ou 2, dans lequel une
pluralité de zones de prise de son individuelles est
configurée dans la zone de prise de son, et l’unité
d’assignation de canal (125) assigne le canal de sor-
tie correspondant à chacune de la pluralité de zones
de prise de son individuelles.

4. Système de microphone de formation de faisceau
(1) selon la revendication 3, dans lequel

la pluralité de zones de prise de son individuelles
comprend :

une première zone de prise de son
individuelle ; et
une deuxième zone de prise de son indivi-
duelle configurée séparément de la premiè-
re zone de prise de son individuelle, et

une partie ou une partie entière de la deuxième
zone de prise de son individuelle peut être con-
figurée de manière superposée avec la premiè-
re zone de prise de son individuelle.

5. Système de microphone de formation de faisceau
(1) selon l’une quelconque des revendications 1 à
4, dans lequel la zone de prise de son individuelle
comprend une pluralité de petites zones espacées
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les unes des autres.

6. Système de microphone de formation de faisceau
(1) selon l’une quelconque des revendications 1 à
5, dans lequel

l’unité de traitement de signal (12) comporte une
unité de détermination de voix (122) configurée
pour déterminer que le signal de prise de son
provenant de la pluralité d’unités de micropho-
nes (11) est ou non un signal sonore correspon-
dant à la voix d’une personne qui parle, et
l’unité de génération de signal (123) génère le
signal sonore lorsque l’unité de détermination
de voix (122) détermine que le signal de prise
de son est le signal vocal.

7. Système de microphone de formation de faisceau
(1) selon la revendication 3, dans lequel

la mémoire (13) stocke, pour chaque zone de
prise de son, des informations de relation de cor-
respondance indiquant une relation de corres-
pondance entre chacune de la pluralité d’infor-
mations de position de zone de prise de son
individuelle et des informations de canal de sor-
tie indiquant un canal de sortie parmi la pluralité
de canaux de sortie, et
l’unité d’assignation de canal (125) assigne le
canal de sortie, en fonction des informations de
relation de correspondance.

8. Système de microphone de formation de faisceau
(1) selon la revendication 7, comprenant en outre :

une unité d’exploitation (24) configurée pour
être commandée par un utilisateur ; et
une unité de configuration de relation de corres-
pondance (223) configurée pour configurer,
pour chaque zone de prise de son, la relation
de correspondance entre les informations de
position de zone de prise de son et les informa-
tions de canal de sortie indiquant le canal de
sortie à établir dans la zone de prise de son in-
dividuelle, en fonction du fonctionnement de
l’unité d’exploitation (24), dans lequel
l’unité de configuration de relation de correspon-
dance (223) configure la relation de correspon-
dance entre les informations de position de zone
de prise de son individuelle et les informations
de canal de sortie indiquant le canal de sortie à
configurer librement par l’utilisateur utilisant
l’unité de commande (24).

9. Système de microphone de formation de faisceau
(1) selon l’une quelconque des revendications 1 à
8, comprenant en outre :

un dispositif de pointage configuré pour être uti-
lisé par un utilisateur ; et
une unité de configuration de zone (222) confi-
gurée pour configurer la zone de prise de son
individuelle, en fonction du fonctionnement du
dispositif de pointage, dans lequel
l’unité de configuration de zone (222) configure,
en tant que zone de prise de son individuelle,
une zone configurée librement par l’utilisateur à
l’aide du dispositif de pointage.

10. Système de microphone de formation de faisceau
(1) selon la revendication 3, comprenant en outre :

une pluralité de dispositifs d’imagerie (31A, 32A,
31B, 32B, 33B) configurés pour imager au moins
une partie dans la zone de prise de son, dans
lequel
la pluralité de zones de prise de son individuelles
comprend :

une première zone de prise de son
individuelle ; et
une deuxième zone de prise de son indivi-
duelle configurée séparément de la premiè-
re zone de prise de son individuelle, et

la pluralité d’appareils d’imagerie (31A, 32A,
31B, 32B, 33B) comprend :

un premier dispositif d’imagerie (31A, 31B,
33B) correspondant à la première zone de
prise de son individuelle ; et
un deuxième dispositif d’imagerie (32A,
32B) correspondant à la deuxième zone de
prise de son individuelle.

11. Système de microphone de formation de faisceau
(1) selon la revendication 10, dans lequel

le premier dispositif d’imagerie (31A, 31B, 33B)
comprend une pluralité de dispositifs d’imagerie
individuels (31B, 33B) et
une plage d’imagerie de chacun de la pluralité
de dispositifs d’imagerie individuels (31B, 33B)
comprend une zone différente dans la première
zone de prise de son individuelle.

12. Programme de prise de son pour un système de mi-
crophone de formation de faisceau (1), le program-
me de prise de son servant à délivrer un signal de
prise de son correspondant à un son capté par une
pluralité d’unités de microphones (11), dans lequel

le système de microphone de formation de fais-
ceau (1) comprend :

au moins un processeur (12) configuré pour
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traiter le signal de prise de son ; et
une mémoire (13) configurée pour stocker :

des informations de zone de prise de
son indiquant une zone de prise de son
où la pluralité d’unités de microphones
(11) est capable de capter un son en
tant que signal sonore ;
des informations de position de zone
de prise de son individuelle indiquant
la position d’au moins une zone de prise
de son individuelle configurée libre-
ment dans la zone de prise de son ; et
des informations de relation de corres-
pondance indiquant une relation de
correspondance entre les informations
de position de zone de prise de son in-
dividuelle et les informations de canal
de sortie indiquant un canal de sortie
parmi un pluralité de canaux de sortie,
et

le programme de prise de son pour le système
de microphone de formation de faisceau (1)
amenant l’au moins un processeur (12) à fonc-
tionner comme :

une unité d’identification d’informations de
position (121) configurée pour identifier des
informations de position de source sonore
indiquant une position de source sonore
d’une source sonore dans une zone de prise
de son individuelle de l’au moins une des
zones de prise de son individuelles ;
une unité de génération de signal (123) con-
figurée pour générer le signal sonore cor-
respondant au son provenant de la position
de source sonore, en fonction du signal de
prise de son provenant de chacune de la
pluralité d’unités de microphones (11) ; et
une unité d’assignation de canal (125) con-
figurée pour assigner, à la zone de prise de
son individuelle, un canal de sortie à partir
duquel le signal sonore est délivré, parmi la
pluralité de canaux de sortie, en fonction
des informations de relation de correspon-
dance.

13. Programme de configuration d’un système de micro-
phone de formation de faisceau (1), le programme
de configuration servant à configurer une relation de
correspondance entre des informations de position
de zone de prise de son individuelle indiquant une
position d’une zone de prise de son individuelle in-
cluse dans une zone de prise de son d’une pluralité
d’unités de microphone (11) et des informations de
canal de sortie indiquant n’importe quel canal de sor-
tie parmi une pluralité de canaux de sortie, dans le-

quel

le système de microphone de formation de fais-
ceau (1) comprend un ordinateur (20) destiné à
être utilisé pour configurer la relation de corres-
pondance,
l’ordinateur (20) comporte :

une mémoire (23) configurée pour stocker
la relation de correspondance ; et
une unité d’affichage (25) configurée pour
afficher une disposition d’un emplacement
d’installation dans lequel l’unité de micro-
phone (11) est installée, et

le programme de configuration du système de
microphone de formation de faisceau (1) ame-
nant l’ordinateur (20) à fonctionner comme :

une unité d’affichage de zone de prise de
son (221) configurée pour afficher de ma-
nière superposée l’une sur l’autre, sur l’uni-
té d’affichage (25), la disposition et la zone
de prise de son ;
une unité d’affichage de zone candidate
configurée pour afficher de manière super-
posée les unes sur les autres, sur l’unité
d’affichage (25), la disposition, la zone de
prise de son et une zone candidate de la
zone de prise de son individuelle ;
une unité d’établissement d’informations de
position configurée pour identifier des infor-
mations de position de zone candidate in-
diquant une position de la zone candidate
et établir les informations de position de zo-
ne candidate comme informations de posi-
tion de zone de prise de son individuelle ; et
une unité de configuration de relation de
correspondance (223) configurée pour con-
figurer, pour chaque zone de prise de son
individuelle, la relation de correspondance
entre les informations de position de zone
de prise de son individuelle et les informa-
tions de canal de sortie indiquant le canal
de sortie établi dans la zone de prise de son
individuelle.

14. Dispositif de configuration de microphone de forma-
tion de faisceau (20) pour configurer une relation de
correspondance entre des informations de position
de zone de prise de son individuelle indiquant une
position d’une zone de prise de son individuelle in-
cluse dans une zone de prise de son d’une pluralité
d’unités de microphones (11) et des informations de
canal de sortie indiquant un canal de sortie parmi
une pluralité de canaux de sortie, le dispositif de con-
figuration de microphone de formation de faisceau
(20) comprenant :
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une mémoire (23) configurée pour stocker la re-
lation de correspondance ;
une unité d’affichage (25) configurée pour affi-
cher une disposition d’un emplacement d’instal-
lation dans lequel l’unité de microphone (11) est
installée ;
une unité d’affichage de zone de prise de son
(221) configurée pour afficher de manière su-
perposée l’une sur l’autre, sur l’unité d’affichage
(25), la disposition et la zone de prise de son ;
une unité d’affichage de zone candidate confi-
gurée pour afficher de manière superposée les
unes sur les autres, sur l’unité d’affichage (25),
la disposition, la zone de prise de son et une
zone candidate de la zone de prise de son
individuelle ;
une unité d’établissement d’informations de po-
sition configurée pour identifier des informations
de position de zone candidate indiquant une po-
sition de la zone candidate et établir les infor-
mations de position de zone candidate comme
informations de position de zone de prise de son
individuelle ; et
une unité de configuration de relation de corres-
pondance (223) configurée pour configurer,
pour chaque zone de prise de son individuelle,
la relation de correspondance entre les informa-
tions de position de zone de prise de son indi-
viduelle et les informations de canal de sortie
indiquant le canal de sortie établi dans la zone
de prise de son individuelle.

15. Procédé de configuration d’un système de micro-
phone de formation de faisceau exécuté par un dis-
positif de configuration (20) pour configurer une re-
lation de correspondance entre des informations de
position de zone de prise de son individuelle indi-
quant une position d’une zone de prise de son indi-
viduelle incluse dans une zone de prise de son d’une
pluralité d’unités de microphones (11) et des infor-
mations de canal de sortie indiquant un canal de
sortie parmi la pluralité de canaux de sortie, dans
lequel

le dispositif de configuration (20) comprend :

une mémoire (23) configurée pour stocker
la relation de correspondance ; et
une unité d’affichage (25) configurée pour
afficher une disposition d’un emplacement
d’installation dans lequel l’unité de micro-
phone (11) est installée, et

le procédé de configuration de système de mi-
crophone de formation de faisceau exécuté par
le dispositif de configuration comprenant :

l’affichage de manière superposée l’une sur

l’autre, sur l’unité d’affichage (25), de la dis-
position et de la zone de prise de son ;
l’affichage de manière superposée les unes
sur les autres, sur l’unité d’affichage (25),
de la disposition, la zone de prise de son et
une zone candidate de la zone de prise de
son individuelle ;
l’identification d’informations de position de
zone candidate indiquant une position de la
zone candidate et l’établissement des infor-
mations de position de zone candidate com-
me informations de position de zone de pri-
se de son individuelle ; et
la configuration, pour chaque zone de prise
de son individuelle, de la relation de corres-
pondance entre les informations de position
de zone de prise de son individuelle et les
informations de canal de sortie indiquant le
canal de sortie établi dans la zone de prise
de son individuelle.
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