
(12) STANDARD PATENT (11) Application No. AU 2009287421 B2
(19) AUSTRALIAN PATENT OFFICE

(54) Title
A microphone array system and method for sound acquisition

(51) International Patent Classification(s)
H04R 5/027 (2006.01) H04R 1/20 (2006.01)

(21) Application No: 2009287421 (22) Date of Filing: 2009.08.26

(87) WIPONo: WO10/022453

(30) Priority Data

(31) Number (32) Date (33) Country
2008904477 2008.08.29 AU

(43) Publication Date: 2010.03.04
(44) Accepted Journal Date: 2015.09.17

(71) Applicant(s)
Biamp Systems Corporation

(72) Inventor(s)
McCowan, lain Alexander

(74) Agent / Attorney
EAGAR & MARTIN PTY LTD, P.O. Box 1499, Oxenford, QLD, 4210

(56) Related Art
US 2007/0260340 
US 2005/0084116 
WO 2000/049602 
US 2003/0157965



(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(19) World Intellectual Property Organization
International Bureau

(43) International Publication Date 
4 March 2010 (04.03.2010)

(10) International Publication Number

PCT WO 2010/022453 Al

(51) International Patent Classification:
H04R 5/027 (2006.01) H04R 1/20 (2006.01)

(21) International Application Number:
PCT/AU2009/001100

(22) International Filing Date:
26 August 2009 (26.08.2009)

(25) Filing Language: English

(26) Publication Language: English

(30) Priority Data:
2008904477 29 August 2008 (29.08.2008) AU

(71) Applicant (for all designated States except US): DEV- 
AUDIO PTY LTD [AU/AU]; Unit 41/1 Bronberg Court, 
Southport, Queensland 4215 (AU).

(72) Inventor; and
(75) Inventor/Applicant (for US only): McCOWAN, Iain 

Alexander [AU/AU]; Unit 41/1 Bronberg Court, South
port, Queensland 4215 (AU).

(74) Agent: IP GATEWAY PATENT & TRADEMARK 
ATTORNEYS; PO Box 1321, Springwood, Queensland 
4127 (AU).

(81) Designated States (unless otherwise indicated, for every 
kind of national protection available): AE, AG, AL, AM,

AO, AT, AU, AZ, BA, BB, BG, BH, BR, BW, BY, BZ, 
CA, CH, CL, CN, CO, CR, CU, CZ, DE, DK, DM, DO, 
DZ, EC, EE, F.G, ES, FI, GB, GD, GE, GH, GM, GT, 
HN, HR, HU, ID, IL, IN, IS, JP, KE, KG, KM, KN, KP, 
KR, KZ, LA, LC, LK, LR, LS, LT, LU, LY, MA, MD, 
ME, MG, MK, MN, MW, MX, MY, MZ, NA, NG, NI, 
NO, NZ, OM, PE, PG, PH, PL, PT, RO, RS, RU, SC, SD, 
SE, SG, SK, SL, SM, ST, SV, SY, TJ, TM, TN, TR, TT, 
TZ, UA, UG, US, UZ, VC, VN, ZA, ZM, ZW.

(84) Designated States (unless otherwise indicated, for every 
kind of regional protection available): ARIPO (BW, GH, 
GM, KE, LS, MW, MZ, NA, SD, SL, SZ, TZ, UG, ZM, 
ZW), Eurasian (AM, AZ, BY, KG, KZ, MD, RU, TJ, 
TM), European (AT, BE, BG, CH, CY, CZ, DE, DK, EE, 
ES, FI, FR, GB, GR, HR, HU, IE, IS, ΓΓ, LT, LU, LV, 
MC, MK, MT, NL, NO, PL, PT, RO, SE, SI, SK, SM, 
TR), OAPI (BF, BJ, CF, CG, CI, CM, GA, GN, GQ, GW, 
ML, MR, NE, SN, TD, TG).

Published:

— with international search report (Art. 21(3))

— before the expiration of the time limit for amending the 
claims and to be republished in the event of receipt of 
amendments (Rule 48.2(h))

w
o 2

01
0/

02
24

53
 A

l III
III
III

III
III

III
III

III
III

III
III

III
III

III
IW

I (54) Title: A MICROPHONE ARRAY SYSTEM AND METHOD FOR SOUND ACQUISITION

(57) Abstract: A microphone array system (16) for sound acquisition from multiple sound sources in a reception space surround
ing a microphone array (18) that is interfaced with a beamformer module (28) is disclosed. The microphone array (18) includes 
microphone transducers (22) that are arranged relative to each other in N-fold rotationally symmetry, and the beamformer includes 
beamformer weights that are associated with one of a plurality of spatial reception sectors corresponding to the N-fold rotational 
symmetry of the microphone array (18). Microphone indexes of the microphone transducers (18) are arithmetically displaceable 
angularly about the vertical axis during a process cycle, so that a same set of beamformer weights is used selectively for calculat
ing a beamformer output signal associated with any one of the spatial reception sectors. A sound source location module (30) is 
also disclosed that includes a modified steered power response sound source location method. A post filter module (32) for a mi
crophone array system is also disclosed.
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A MICROPHONE ARRAY SYSTEM AND METHOD FOR SOUND ACQUISITION

FIELD OF THE INVENTION

This invention relates to a microphone array system and a method for sound 

acquisition from a plurality of sound sources in a reception space. The invention extends 

to a computer program product including computer readable instructions, which when 

executed by a computer, cause the computer to perform the method.

The invention further relates to a method for sound source location, and a method 

for filtering beamformer signals in a microphone array system. The invention extends to a 

microphone array for use with a microphone array system.

This invention relates particularly but not exclusively to a microphone array system 

for use in speech acquisition from a plurality of users or speakers surrounding the 

microphone array in a reception space such as a room, e.g. seated around a table in the 

room. It will therefore be convenient to hereinafter describe the invention with reference 

to this example application. However it is to be clearly understood that the invention is 

capable of broader application.

BACKGROUND TO THE INVENTION

Microphone array systems are known and they enable spatial selectivity in the 

acquisition of acoustic signals, based on using principles of sound propagation and using 

signal processing techniques.

Table-top microphones are commonly used to acquire sounds such as speech 

from a group of users (speakers) seated around a table and having a conversation. The 

quality of the acquired sound with the microphone is adversely affected by sound 

propagation losses from the users to the microphone.

One way to reduce the losses in-sound propagation is to use a microphone array 

system. The microphone array system includes, broadly, a plurality of microphone 

transducers that are arranged in a selected spatial arrangement relative to each other. 

The system also includes a microphone array interface for converting the microphone 

output signals into a different form suitable for processing by the computer. The system 

also includes a computing device such as a computer that receives and processes the 

microphone transducer output signals and a computer program that includes computer 

readable instructions, which when executed processes the microphone output signals. 
The computer, the computer readable instructions when executed, and the microphone 

array interface form structural and functional modules for the microphone array system.
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Beamforming is a data processing technique used for processing the microphone 

transducers’ output signals by the computer to favour sound reception from selected 

locations in a reception space around the microphone array. Beamforming techniques 

may be broadly classified as either data-independent (fixed) or data-dependent (adaptive) 

techniques.

Apart from sound acquisition enhancement from selected sound source locations 

in a reception space, a further advantage of microphone array systems is the ability to 

locate and track prominent sound sources in the reception space. Two common 

techniques of sound source location are known as the time difference of arrival (TDOA) 
method and the steered response power (SRP) method, and they can be used either 

alone or in combination.

Applicant believes that the development of prior microphone array systems for 

speech acquisition has mostly focused on applications for acquiring sound from a single 

user. Consequently microphone arrays in the form of linear or planar array geometries 

have been employed.

In scenarios having multiple sound sources, such as when a group of speakers are 

engaged in conversation, e.g. around a table, the sound source location or active speaker 

position in relation to the microphone array changes. In addition more than one speaker 

may speak at a given time, producing a significant amount of simultaneous speech from 

different speakers. In such an environment, the effective acquisition of sound requires 

beamforming to multiple locations in the reception space around the microphone array. 
This requires fast processing techniques to enable the sound source location and the 

beamforming techniques to reduce the risks of sound acquisition losses from any one of 

the potential sound sources.

Also, linear microphone array geometries that are known include limitations 

associated with the symmetry of their directivity patterns obtained from the microphone 

array. The problem of beam pattern symmetry is alleviated using microphone arrays 

having planar geometries. However its maximum directivity lies in its plane which limits its 

directivity in relation to sound source locations falling outside the plane. Such locations 

would for example be speakers seated around a table having their mouths elevated 

relative to the array plane.

Clearly therefore it would be advantageous if a contrivance or a method could be 

devised to at least ameliorate some of the shortcomings of prior microphone array 

systems as described above.
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SUMMARY OF THE INVENTION

According to one aspect of the invention there is provided a microphone array 

system for sound acquisition from multiple sound sources in a reception space, the 

microphone array system including:

a microphone array interface for receiving microphone output signals from an 

microphone array that includes an array of microphone transducers that are spatially 

arranged relative to each other within the reception space; and

a beamformer module operatively able to form beamformer signals associated with 

any one of a plurality of defined spatial reception sectors within the reception space 

surrounding the array of microphone transducers.

The array of microphone transducers may be spatially arranged relative to each 

other to form an N-fold rotational symmetrical microphone array about a vertical axis.

The beamformer module may include a set of defined beamformer weights that 

corresponds to a set of defined candidate sound source location points spaced apart 
within one of N rotationally symmetrical spatial reception sectors associated with the N- 
fold rotationally symmetry of the microphone array. The set of beamformer weights may 

be defined so as to be angularly displaceable about the vertical axis into association with 

any one of the N rotationally symmetrical spatial reception sectors.

In one embodiment, the microphone array may include a 6-fold rotational 
symmetry about the vertical axis defined by seven microphone transducers that are 

arranged on apexes of a hexagonal pyramid. That is, the microphone array may include 

six base microphone transducers that are arranged on apexes of a hexagon on a 

horizontal plane. The microphone array may further include one central microphone 

transducer that is axially spaced apart from the base microphone transducers on the 

vertical axis of the microphone array.

Such a microphone array, thus includes a 6-fold rotational symmetry about the 

vertical axis, to define microphone triads comprising two adjacent base microphones and 

a central microphone. Each microphone triad is associated with a spatial reception sector 

radiating outwardly from the microphone triad, thereby to define six equiangular spatial 
reception sectors about the vertical axis that form a 6-fold rotationally symmetrical 

reception space about the vertical axis.

The set of beamformer weights may be defined to correspond to a set of candidate 

sound source location points that are spaced apart from each other within one of the N 

spatial reception sectors.
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In other words, the reception space around the microphone array may be 

conceptually divided into identical spatial reception sectors that are equiangularly spaced 

about the vertical axis. Each spatial reception sector may be conceptually divided into a 

grid of candidate sound source location points that are represented within the microphone 

indexes forming part of the beamformer weights. By displacing the microphone indexes 

angularly about the vertical axis, the same set of beamformer weights that are used for 
calculating a beamformer output signal in one spatial reception sector can be used for 

calculating a beamformer output signal in any one of the other spatial reception sectors.

It will be appreciated that using a set of beamformer weights that is applicable by 

rotation to any sector, e.g. any other sector, is made possible by employing a rotational 

symmetrical microphone array.

The microphone array interface may include a sample-and-hold arrangement for 
sampling the microphone output signals of the microphone transducers to form discrete 

time domain microphone output signals. Also, the microphone array interface may include 

a time-to-frequency conversion module for transforming the discrete time domain 

microphone output signals into corresponding discrete frequency domain microphone 

output signals having a defined set of frequency bins.

The microphone array system may include a sound source location point index 

that is populated with a selected candidate sound source location point for each reception 

sector.

The beamformer module may be configured to compute, during each process 

cycle, a set of primary beamformer output signals that are associated with the directions 

of each selected candidate sound source location point in the sound source location point 

index.

The microphone array system may include a sound source location module for 
updating the sound source location point index during each processing cycle. The sound 

source location module may be configured to update only one of the selected candidate 

sound source location points in the sound source location point index during each 

processing cycle.

The sound source location module may be configured to determine the highest 
energy candidate sound source location point during each process cycle, the highest 

energy candidate sound source location point being determined by the direction in which 

the highest sound energy is received. The sound source location module may note the 

highest energy candidate sound source location point and its associated sector.
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Further, the sound source location module may be configured to update the 

selected sound source location point of the reception sector within which the highest 

energy sound source location point is determined to reflect the highest energy sound 

source location point (as the sound source location point).

The sound source location module may be configured to determine the signal 
energies in the directions of a subset of sound source location points in each sector, the 

subset of sound source location points being localized around the selected sound source 

location point for each reception sector. The sound source location module may be 

configured to update the selected sound source location point of the reception sector 

within which the highest energy sound source location point is determined to correspond 

to the highest energy sound source location point.

The signal energy of each candidate sound source location point is calculated by 

using a secondary beamformer signal directed to the sound source location points of the 

subset of sound source location points, the secondary beamformer signal being calculated 

over a subset of frequency bins.

By way of explanation, the sound source location module performs a modified 

steered response power sound source location algorithm in that it computes the energy of 

the beamformer output signals over a subset of frequency bins.

Also, only a subset of sound source location points is used in each spatial 
reception sector during each processing cycle to perform sound source location. Further, 

only one sector point index entry of the sound source location point index is updated 

during a processing cycle. This reduces the processing time of the processing cycle that 

processes this information.

The microphone array system may include a post-filter module that is configured to 

define a pre-filter mask for each primary beamformer output signal.
The post-filter module may be configured to populate a frequency bin of the pre

filter mask for each primary beamformer signal with a defined value if the value of the 

corresponding frequency bin of the primary beamformer signal is the highest amongst 

same frequency bins of all the beamformer output signals, otherwise to populate the 

frequency bin of the pre-filter mask with another defined value. The one defined value 

equals one and the other defined value equals zero.
The post-filter module may be configured to calculate an average value of each 

pre-filter mask for each primary beamformer signal, the average value being calculated 

over a selected subset of frequency bins, the selected subset of frequency bins
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corresponding to a selected frequency band. The selected frequency band may include 

frequencies corresponding to speech, for example the selected frequency band may 

include frequencies between 50 Hz to 8000 Hz.
The post-filter module may be configured to calculate a distribution value for each 

sector according to a selected distribution function, the distribution value for each sector 
being calculated as a function of the average value of the pre-filter mask for that sector. 

The distribution function may be a sigmoid function.
Further, the post-filter module may be configured to enter the distribution value for 

each primary beamformer output sector signal into frequency bin positions of the 

associated post-filter mask vector that correspond with frequency bin positions of the pre
filter mask vector having a value of one.

The post-filter module may be configured to determine the existing values of the 

post-filter masks at those frequency bins that correspond with those frequency bin 

positions of the pre-filter mask vector that have a zero value, and to apply to those values 

a defined de-weighting factor for attenuating those values during each cycle.
The selected weighting factor for each beamformer output signal may be 

determined as a function of the average value its pre-filter vector mask, and the selected 

weighting factor for each beamformer signal may be independently adjustable by a user 
via a user interface for effectively adjusting the sound output volume of each sector 

independently.
The microphone array system may include a mixer module for combining the 

filtered beamformer output signals to form a single frequency domain output signal. The 

microphone array system may also include a frequency-to-time converter module for 

converting the single frequency domain output signal to a time domain output signal.

The mixer module may be configured to compute a first noise masking signal that 

is a function of a selected one of the time domain microphone input signals and a first 
weighting factor, and to apply the generated white noise signal to the time domain output 

signal to form a first noise masked output signal.
The mixer module may be configured to compute a second noise masking signal 

that is a function of randomly generated values between selected values and a second 

selected weighting factor, and to apply the second noise masking signal to the first noise 

masked output signal to form a second noise masked output signal.
The microphone array system may also include a sound source association 

module for associating a stream of sounds that is detected within a spatial reception
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sector with a sound source label allocated to the spatial reception sector, and to store the 

stream of sounds and its label if it meets predetermined criteria.
The microphone array system may include a user interface for permitting a user to 

configure the sound source association module.
The sound source association module may include a state-machine module that 

includes four states namely an inactive state, a pre-active state, an active state, and a 

post-active state.
The state-machine may be configured to apply a criteria to a stream of sounds 

from a reception sector, and to promote the status of the state-machine to a higher status 

if successive sound signals exceed a threshold value, and to demote the status to a lower 

status if the successive sound signals are lower than the threshold value.
The criteria for each spatial reception sector may be a function of the average 

value of the pre-filter mask calculated for said sector.
Moreover, the state-machine may be configured to store the sound source signal 

when it remains in the active state or the post-active state and to ignore the signal when it 

remains in the inactive state or the pre-active state.
The sound source association module may include a name index having name 

index entries for the sectors, each name index entry being for logging a name of a user 

associated with a spatial reception sector.
The microphone array system may include a network interface for connecting 

remotely to another microphone array system over a data communication network.

The computer device may be selected from a personal computer and a embedded 

computer device.

The invention also provides a method for processing microphone array output 
signals with a computer system, the method including:

receiving microphone output signals from an array of microphone transducers that 

are spatially arranged relative to each other within a reception space; and

forming beamformer signals selectively associated with a direction of any one of a 

plurality of candidate sound source location points within any one of a plurality of defined 

spatial reception sectors of the reception space surrounding the array of microphone 

transducers.

The method may include receiving microphone output signals from microphone 

transducers that are spatially arranged relative to each other to form an N-fold microphone 

array that is rotationally symmetrical about a vertical axis.
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The method may include defining a set of beamformer weights that correspond to 

a set of candidate sound source location points spaced apart within one of N rotationally 

symmetrical spatial reception sectors associated with the N-fold rotationally symmetry of 

the microphone array, and displacing the set of beamformer weights angularly about the 

vertical axis into association with any one of the N rotationally symmetrical spatial 

reception sectors.

The method may include defining a set of beamformer weights that corresponds to 

a set of candidate sound source location points that are spaced apart within one of the N 

spatial reception sectors.

The method may include sampling the microphone output signals of the 

microphone transducers to form discrete time domain microphone output signals, and 

transforming the discrete time domain microphone output signals into corresponding 

discrete frequency domain microphone signals having a set of frequency bins.

The method may include defining a sound source location point index that includes 

a selected candidate sound source location point for each reception sector, and forming 

primary beamformer output sector signals associated with the direction of each selected 

candidate sound source location point during a process cycle, each beamformer output 

signal includes a set of frequency bins.

The method may include updating the sound source location point index for each 

reception sector during each processing cycle.

The method may include updating at least one of the selected candidate sound 

source location points of the sound source location point index during each processing 

cycle. The method may include determining the candidate sound source location point 

with the highest energy, corresponding to the direction in which the highest sound energy 

is received. The method may include noting the highest energy candidate sound source 

location point and its associated sector, and updating the selected sound source location 

point of the reception sector within which the highest energy sound source location point 

is determined to correspond to the highest energy sound source location point.

The method may include determining the signal energies in the directions of a 

subset of sound source location points in each sector localized around the selected sound 

source location point, for each reception sector, and updating the selected sound source 

location point of the reception sector within which the highest energy sound source 

location point is determined to correspond the highest energy sound source location point.
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The method may include calculating the signal energy of each candidate sound 

source location point of the sub set of sound source location point over a subset of 

frequency bins.

The method may include defining a pre-filter mask for each primary beamformer 
output sector signal, and defining a post-filter mask for each primary beamformer output 
sector signal based on its associated pre-filter mask.

The method may include populating a frequency bin of the pre-filter mask for each 

primary beamformer signal with a defined value if the value of the corresponding 

frequency bin of the primary beamformer signal is the highest amongst same frequency 

bins of all the primary beamformer signals, and otherwise populating the frequency bin of 
the pre-filter mask with another defined value. For example, one value may be equal to 

one, and the other value may be equal to zero.
The method may include defining the post-filter mask vectors further includes 

determining an average value of the entries of each pre-filter mask respectively over a 

sub-set of frequency bins that correspond to a selected frequency band. The selected 

frequency band may include frequencies associated with speech.
The method may include defining a distribution value for each sector according to 

a selected distribution function as a function of the average value of the sector. The 

distribution function may be a sigmoid function.
The method may include populating each sector’s post-filter mask vector with the 

distribution value of the sector at those frequency bins corresponding to those frequency 

bins of its pre-filter mask vector having a value of one, and multiplying the remaining 

frequency bins with a de-weighting factor for attenuating the remaining frequency bins 

during each cycle.
The method may include applying the post-filter masks to their respective primary 

beamformer output signals to form filtered beamformer output signals.

The method may include applying selected weighting factors to the beamformer 

output signals respectively. The selected weighting factor for each beamformer output 

signal may be determined as a function of the calculated average value of its pre-filter 

vector mask.
The selected weighting factor for each beamformer signal may be independently 

adjustable by a user for effectively adjusting the sound output volume of each sector 

independently.
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The method may include combining the filtered beamformer output signals with a 

mixer module to form a single frequency domain output signal, and converting the single 

frequency domain output signal to a time domain output signal.
The method may include computing a first noise masking signal that is a function 

of a selected one of the time domain microphone input signals and a first weighting factor, 
and applying the generated first noise masking signal to the time domain output signal to 

form a first noise masked output signal.
Also, the method may include computing a second noise masking signal that is a 

function of randomly generated values between selected values and a second selected 

weighting factor, and applying the second noise masking signal to the first noise masked 

output signal to form a second noise masked output signal.
The method may include monitoring a stream of sounds from each sector, 

validating the stream of sounds from each sector if it meets predetermined criteria, and 

storing the stream of sounds if the predetermined criteria are met.
Validating a stream of sounds from a sector may include defining criteria in a state- 

machine module that includes four states namely an inactive state, a pre-active state, an 

active state, and a post-active state, and storing the stream of sounds when the state- 
machine is in the active state and post-active states and ignoring the sounds when it is in 

the inactive or pre-active state. The criteria for each sector in the state machine may be 

defined as a function of the calculated average value of its pre-filter mask.

The method may include receiving control commands for the microphone array 

from a user via a user interface. Also the method may include receiving sound source 

labels with the user interface, each sound source label being associated with a sector, 
and storing valid streams of sounds from each sector and its sound source label in a 

sound record for later retrieval and identification of the sounds. The sound source labels 

may include the names of users in the spatial reception sectors.

Thus, a sound recording is created for each sound source in each spatial reception 

sector which is retrievable at a later stage to replay the sounds that were recorded, and 

the state machine module is employed selectively to record useful streams of sound and 

to avoid recording sporadic noise from the sectors.

Also, the method may include establishing remote data communication over a data 

communication network with the microphone array. One microphone array system may 

therefore communicate with another microphone array system over a data communication 

network for remote conferencing.
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The invention further provides a computer product that includes computer readable 

instructions, which when executed by a computer, causes the computer to perform the 

method as defined above.

The invention yet further provides a microphone array that includes:

seven microphone transducers that are arranged on apexes of a hexagonal
pyramid, so that the microphone array includes a 6-fold rotational symmetry about the 

vertical axis.

That is, the microphone array may include six base microphone transducers that 

are arranged on apexes of a hexagon on a horizontal plane, and one central microphone 

transducer that is axially spaced apart from the base microphone transducers on the 

vertical axis of the microphone array.

According to yet another aspect of the invention in a microphone array system for 
sound acquisition from multiple sound sources in a reception space, which microphone 

array system includes a microphone array interface for receiving microphone output 
signals from an array of microphone transducers that are spatially arranged relative to 

each other within the reception space, and includes a beamformer module operatively 

able to form beamformer signals associated with a direction to anyone of a plurality of 
defined candidate sound source location points within any one of a plurality of defined 

spatial reception sectors of the reception space surrounding the array of microphone 

transducers, there is provided a method for sound source location within in each one of 
the reception sectors, which method includes:

defining a sound source location point index comprising one selected sound 

source location point for each of a plurality of defined spatial reception sectors 

surrounding the microphone array; and

updating only one of the selected candidate sound source location points in the 

sound source location point index during each processing cycle.

The method may include determining during each process cycle the highest 
energy candidate sound source location point which corresponds to the direction in which 

the highest sound energy is received; and noting the highest energy candidate sound 

source location point and its associated sector.

The method may include updating the selected sound source location point of the 

reception sector within which the highest energy sound source location point is 

determined to correspond to the highest energy sound source location point.
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The method may include determining the signal energies respectively in the 

directions of a subset of sound source location points in each sector localized around the 

selected sound source location point for each reception sector, and updating the selected 

sound source location point of the reception sector within which the highest energy sound 

source location point is determined to correspond to the highest energy sound source 

location point.

The method may include calculating the signal energy of each candidate sound 

source location point using a secondary beamformer signal directed to the sound source 

location points of the subset of sound source location points, the secondary beamformer 

signal being calculated over a subset of frequency bins.

According to even a further aspect of the invention there is provided a method for filtering 

discrete signals, each discrete signal having a set of frequency bins, which method 

includes:

determining an indicator value for each discrete signal, which indicator value is a 

function of the values of selected frequency bins of the discrete signal having the highest 

value compared to same frequency bins of the other discrete signals;

determining a distribution value for each discrete signal that is a function of the 

indicator value;

populating for each discrete signal a post-filter mask vector that includes values at 

the selected frequency bins that are a function of its distribution value; and

applying the post-filter masks to thier associated dsicrete signals.

Determining an indicator value may include defining a pre-filter mask for each discrete 

signal by populating a frequency bin of the pre-filter mask for each discrete signal with a 

defined value if the value of the corresponding frequency bin of said discrete signal is the 

highest amongst same frequency bins of all the discrete signals, otherwise to populate the 

frequency bin of the pre-filter mask with another defined value.

Each indicator value may equal an average value of each pre-filter mask for each primary 

beamformer signal, the average value being calculated over a selected subset of 

frequency bins, the selected subset of frequency bins corresponding to a selected 

frequency band associated with the type of sound sources that are to be acquired by the 

microphone array system.

The method may include defining the one value equal to one and the other value equal to 

zero, and defining the selected frequency band to correspond to selected frequencies of 

human speech.
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Determining a distribution value for each discrete signal may include calculating for each 

discrete signal a distribution value according to a selected distribution function, which 

distribution value for each sector is calculated as a function of the average value of the 

pre-filter mask for said discrete sector. For example, the distribution function may be a 

sigmoid function.

The method may include entering the distribution value for each discrete signal into 

frequency bin positions of the associated post-filter mask vector that correspond with 

frequency bin positions of the pre-filter mask vector having a value of one.

The method may include populating those frequency bins of the post-filter mask vector 

that correspond with those frequency bin positions of the pre-filter mask vector that have a 

zero value with a value corresponding to its value from a previous process cycle 

attenuated by a defined weighting factor.

In one embodiment of the invention, the discrete signals may be beamformer signals 

having frequency bins.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

A microphone array system, in accordance with this invention, may manifest itself 

in a variety of forms. It will be convenient to hereinafter describe an embodiment of the 

invention in detail with reference to the accompanying drawings. The purpose of 

providing this detailed description is to instruct persons having an interest in the subject 
matter of the invention how to carry the invention into practical effect. However it is to be 

clearly understood that the specific nature of this detailed description does not supersede 

the generality of the preceding broad description. In the drawings:

Figure 1 shows schematically a meeting room in which users meet around a table, 
and a microphone array system, in accordance with the invention, in use, with a 

microphone array mounted on the table top;

Figure 2 shows a functional block diagram of the microphone array system in 

Figure 1;

Figures 3A and 3B show schematically a three-dimensional view and a top view 

respectively of an arrangement of microphone transducers forming part of the microphone 

array in accordance with one embodiment of the invention;

Figure 4 shows schematically a spatial reception sector defined within a reception 

space surrounding the microphone array in Figure 3;
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Figure 5 shows schematically a plurality of microphone array systems that are 

connected to each other over a data communication network;

Figure 6 shows a basic flow diagram of process steps forming part of a method of 

acquiring sound from a plurality of sound source locations, in accordance with one 

embodiment of the invention;

Figure 7 shows a flow diagram of a method for sound source location steps 

forming part of the process steps in Figure 6;

Figure 8 shows a flow diagram of a method for calculating a pre-filter mask for 

beamformer output signals in accordance with one embodiment of the invention; and

Figure 9 shows a flow diagram for calculating a post-filter mask in accordance with 

one embodiment of the invention using the pre-filter mask vector in Figure 8.

Figure 1 shows schematically a meeting room having a table 12 and a plurality of 

users 14 arranged around the table. Reference numeral 16 generally indicates a 

microphone array system, in accordance with the invention.

The microphone array system 16 includes a microphone array 18 mounted on the 

table-top 12 and a computer system 20 for receiving and processing output signals from 

the microphone array 18. The computer system is in the form of a personal computer 

(PC) 20 for receiving and processing the microphone output signals from the microphone 

array 18.

In another embodiment (not shown) of the invention, the microphone array system 

can be a stand alone device for example it can include the microphone array and an 

embedded microprocessor device.

Figure 2 shows a functional block diagram of the microphone array system 16. 

The microphone array system 16 is for sound acquisition in a reception space, such as the 

meeting room, from a plurality of potential sound sources namely the users 14. The 

microphone array system 16 includes the microphone array 18 that has a plurality of 

microphone transducers 22. The microphone transducers 22 (see Figure 3) are arranged 

relative to each other to form an N-fold rotationally symmetrical microphone array about a 

vertical axis 24. The significance of the N-fold rotational symmetry is explained in more 

detail below.

The microphone array system 16 also includes a microphone array interface, 

generally indicated by reference numeral 21. The microphone array interface includes a 

sample-and-hold arrangement 25 for sampling the microphone output signals of the 

microphone transducers 22 to form discrete time domain microphone output signals, and
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for holding the discrete time domain signals in a sample buffer. Typically, the sample- 
and-hold arrangement 25 includes an analogue-to-digital converter module that can be 

provided by the PC or onboard the microphone array 18, and the sample buffer is 

provided by memory of the PC.

Further, the microphone array interface 21 includes a time-to-frequency 

conversion module 26 for transforming the discrete time domain microphone output 

signals into corresponding discrete frequency domain microphone signals having a 

defined set of frequency bins.

A beamformer module 28 forms part of the microphone array system 16 for 
receiving the discrete frequency domain microphone output signals. The beamformer 28 

includes a set of defined beamformer weights corresponding to a set of candidate source 

location points spaced apart within one of N spatial reception sectors in the reception 

space surrounding the microphone array, the N spatial reception sectors corresponding to 

the N-fold rotational symmetry of the microphone array 18.

The microphone array 18, in this example, includes seven microphone transducers 

22 that are arranged on apexes of a hexagonal pyramid (see Figure 3). Thus, six 

microphone transducers 33 are arranged on apexes of a hexagon on a horizontal plane to 

form a horizontal base for the microphone array, and one central microphone transducer 

is axially spaced apart from the horizontal base on the central vertically extending axis 24 

of the microphone array.

Such microphone array, thus, includes a 6-fold rotational symmetry about the 

vertical axis 24, so that each microphone triad is defined by two adjacent base 

microphones 33 and the central microphone 31, and that is associated with a spatial 

reception sector 35 radiating outwardly from the microphone triad, so that six equiangular 

spatial reception sectors are defined about the vertical axis 24 that form an N-fold 

rotationally symmetrical reception space about the vertical axis 24.

The spatial arrangement of the microphone transducers 22 thus also lies on a 

conceptual cone shaped space, with the base transducers on a pitch circle forming the 

base of the cone and the central microphone 31 at an apex of the cone. In the illustrated 

embodiment, shown in Figure 3, the circular base of the cone has a radius of 3.5 cm, 

although in general this may be up to 15 cm. The height of the cone is 7cm in the 

illustrated embodiment.

In this example, the microphone transducers 22 are omnidirectional-type 

transducers. The microphone array 18 can include additional microphone transducers
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(not shown). For example at least two microphone transducers can be arranged on a 

pitch circle that coincides with a transverse circle formed by the outline of the cone 

shaped space intermediate the base and the apex of the cone.

The microphone array can also include an embedded visual display (not shown), 

such as a series of LEDs (light emitting diodes) located between the base and apex to 

provide visual signals to the users of the microphone array system 16.

Moreover, the microphone array can include a fixed steerable, or a panoramic, 
video camera (not shown), located on a surface of the cone between the base and apex, 

or at either extremity. The microphone array may have more than one camera. For 
example the microphone array may have cameras on two or more facets of the hexagonal 
pyramid. In one form separate cameras may be located on alternate facets of the 

hexagonal pyramid. In another form separate cameras may be located on each facet of 

the hexagonal pyramid.

The microphone array interface for the computer, such as the PC 20, can include 

any conventional interface technology, for example USB, Bluetooth, Wifi, or the like to 

communicate with the PC.

The reception space around the microphone array 18 is conceptually divided into 

identical spatial reception sectors 35 that are equiangularly spaced about the vertical axis, 
and each spatial reception sector is conceptually divided into a grid of candidate sound 

source location points 37 that are represented within the beamformer weights.

The set of beamformer weights is used to calculate beamformer output signals 

corresponding to the set of candidate source location points 36 that are spaced apart 

within one of the N spatial reception sectors 35. The candidate source location points are 

in the form of a grid of location points. Thus, a beamformer output signal is calculated for 

any one of the candidate sound source location points 36 in the spatial reception sector. 

The microphone indexes are angularly displaceable about the vertical axis 24 selectively 

into association with any one of the other N spatial reception sectors, thereby to use only 

one set of defined beamformer weights to calculate beamformer signals associated with 

any one of the spatial reception sectors.

By displacing the microphone indexes arithmetically angularly during a process 

cycle, the same set of beamformer weights that are used for calculating a beamformer 

output signal in one spatial reception sector can be used for calculating a beamformer 

output signal in any one of the other spatial reception sectors. Using a set of beamformer
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weights that is applicable by rotation to any other sector is possible by employing a 

discrete rotational symmetrical microphone array.

Using a conical microphone array arrangement as illustrated, each spatial 
reception sector is defined by equally sized wedges of the hemispherical space extending 

from the base centre of the microphone array dev ice 18. Each wedge is defined between 

three radial axes 24, 24.1, and 24.2 that extend through the lines defined by a given triad 

of microphone transducers of the microphone array, wherein the triad consists of the 

elevated centre microphone transducer 31 and two adjacent base microphone 

transducers 33. The radial range of the wedge-shaped spatial reception sectors 35 is 

configurable, and will typically be of the order of several metres. In another embodiment, 
the spatial reception sectors can be defined between two radial axis extending from 

intermediate adjacent pairs of base microphone transducers.

The microphone array system 16 also includes a sound source location module 30 

for determining a selected candidate sound source location point for each sector in which 

direction a primary beamformer output signal for each sector is to be calculated, during 

each processing cycle.

Broadly, the sound source location module 30 includes a sound source location 

point index comprising a selected sound source location point for each spatial reception 

sector 36. The sound source location point index, in this example, includes six selected 

sound source location points, one for each sector.

Thus, the beamformer module is configured to calculate during each process 

cycle, primary beamformer output signals associated with the selected sound source 

location points, so as to form a set of primary beamformer output signals. It will be 

appreciated that each primary beamformer output signal is in the form of a beamformer 
output signal vector having a defined set of frequency bins.

The distribution and number of sound source location points 37 defined within 

each sector 35 is based on considerations of computational complexity and spatial 
resolution. For illustrative purposes the spatial reception sector 36 is defined between the 

azimuth, elevation and radial range of a reception sector and is uniformly divided.

A vector of frequency domain filter-sum beamformer weights, wk(f) = {wlk(f)} is 

defined between each microphone element i in the array and each sound source location 

point 26 (k). The beamformer weights are calculated according to any one of a variety of 
methods familiar to those skilled in the art. The methods include for example delay-sum 

or superdirective beamforming. These beamformer weights only need to be pre-calculated
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once for the microphone array configuration, as they do not require updating during each 

process cycle.

The beamformer weights that have been calculated for the sound source location 

points within one spatial reception sector can be used to obtain sound source location 

points selectively for any one of the other spatial reception sector, due to the symmetry of 

the microphone array 18 about the vertical axis 24. This is done by simply applying a 

rotation to the microphone indices of the beamformer weights, thereby increasing memory 

efficiency in the computer.

The sound source location module 30 is configured to update the sound source 

location point index that is used for calculating the primary beamformer output signals 

during each processing cycle. In this embodiment, the sound source location module 30 

is configured to update only one of the selected sound source location points during each 

processing cycle. To this end, the sound source location module 30, in accordance with 

the invention, is configured to calculate primary beamformer output signals over a subset 

of frequency bins for a subset of candidate source location points in each spatial reception 

sector, as is explained in more detail below.

Using the defined beamformer weights, the sound source location module 30 

determines the signal energy at each sound source location point localised around each 

selected sound source location point k within each spatial reception sector s, as:

Es(k)= Σ|<(/)χχ(/)|
/=/.

where x(f) is the frequency domain microphone output signals from each microphone, 

()H denotes the complex conjugate transpose, and f, and f2 define the subset of 

frequencies of interest, as described below. Note that to benefit from memory efficiencies 

as described above, the beamformer weights are appropriately rotated to the correct 

reception sector orientation as required.

Initially, the selected sound source location points for the spatial reception sectors 

are thus determined as the one with maximum energy, as:

ks = argmax £( k)k

Three deviations from this standard SRP grid search are implemented to improve 

computational efficiency and consistency of the estimated locations, namely:

First, in the above argmax step, the signal energy is determined in the directions of 
a subset of sound source iocation points localised around the selected candidate sound
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source location point, in other words within Δ* steps from the selected sound source 

location point in selected directions. This reduces the search space in each spatial 

reception sector during the process cycle to (1 + 2Δ*)3 points instead of the full Nk - 

sound source location points. Typically, Ak can be 1 or 2, yielding a search space that 

includes 9 or 125 points within each spatial reception sector.

Secondly, a secondary beamformer output signal is used during the search. That 
is, beamformer output signals are calculated using a selected sub set of frequencies 

within a selected subset of frequencies that corresponds to a frequency band 

of sounds of interest within the reception space. For example, the subset of frequencies 

can include the typical range of the frequencies within the speech spectrum if speech is to 

be acquired. Most energy in the speech spectrum falls in a particular range of 

frequencies. For instance, telephone speech is typically band-limited to frequencies 

between 300 -3200 Hertz without significant loss of intelligibility. A further consideration is 

that sound source localisation techniques are more accurate (i.e. have greater spatial 
resolution) at higher frequencies. A significant step that reduces computation, improves 

accuracy of estimates, and increases the sensitivity to speech over other sound sources, 

is therefore to restrict the SRP calculation to a particular frequency band of frequencies of 
interest. The exact frequency range can be designed to trade-off these concerns. 
However for speech acquisition this will typically occupy a subset of frequencies between

50 Hz to 8000 Hertz.

Thirdly, only one selected sound source location point within the sound source 

location point index is updated during each process cycle. The selected sound source 

location point that is updated is chosen as that with the greatest SRP determined during 

each process cycle, i.e:

s, = aig max Es(ks)
s

in which the selected sound source location point is updated as ks =ks . This improves

the robustness and stability of estimates over time, as typically the higher energy 

estimates will be more accurate. Due to the non-stationary nature of the speech signal, 

the spatial reception sector that includes the highest energy sound source location point 

will vary from one process cycle to the next.
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Once the source location point index is updated, then primary beamformer output 

signals are calculated in the directions of the updated selected sound source location 

points as;

λ(/) = <*(/)

Note that to benefit from memory efficiencies as above, the beamformer weights are 

appropriately rotated about the vertical axis into each spatial reception sector 

successively.

Further, the microphone-array system 16 in this embodiment of the invention also 

includes a post-filter module 32 for filtering discrete signals having a set of defined 

frequency bins, such as the primary beamformer signals that each has a set of frequency 

bins. The post-filter module 32 is configured to define a pre-filter mask for each primary 

beamformer output signal, and to use the pre-filter mask to define a post-filter mask for 

each primary beamformer output signal.

The post-filter module is configured to compare the values of the entries in 

associated frequency bins of the beamformer output sector signals, and to allocate a 

value of 1 to an associated entry of the pre-filter mask vector for the beamformer output 

signal that has the highest (maximum) value at said frequency bin, and to allocate a value 

of 0 to every entry in the pre-filter mask that is not the maximum value of the frequency 

bins when compared to associated frequency bins of the beamformer vectors.

Thus, a pre-filter mask vector comprises entries of either the value one or the 

value zero in each frequency bin, in which a value of one indicates that for that frequency 

bin the beamformer signal had the maximum value amongst associated frequency bins of 

all the beamformer signals.

The post-filter module is also configured to calculate a post-filter mask vector for 

each beamformer output sector signal by determining an average entry value over a 

defined subset of frequency bins of each pre-filter mask vector. The subset of frequency 

bins may be selected for a range of speech frequencies, for example between 300 Hz and 

3200 Hz. Thus, the average entry value that is obtained from each pre-filter mask vector 

provides a measure of speech activity in each sector during each processing cycle.

Further, the post-filter module is configured to calculate a distribution value that is 

associated with each average value entry according to a selected distribution function. 

The distribution function is described below.
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The post-filter module is configured to enter the determined distribution values for 

each beamformer output signal into a frequency bin position of the post-filter mask vector 
that corresponds with frequency bin position having values of 1 in the associated 

frequency bins of the pre-filter mask vector.

The post-filter module is also configured to determine the existing entry values of 

the post-filter vector at those frequency bins that correspond with the frequency bin 

position of the pre-filter mask vectors that have a zero value, and to replace the existing 

entry values with the same value scaled by a de-weighting factor for attenuating those 

frequency bins.

The Applicant is aware that the spectrum of the additive combination of two 

speech signals can be well approximated by taking the maximum of the two individual 
spectra in each frequency bin, at each process cycle. This is essentially due to the sparse 

and varying nature of speech energy across frequency and time, which makes it highly 

unlikely that two concurrent speech signals will carry significant energy in the same 

frequency bin at the same time.

In other words, a masking pre-filter hs(f) is thus calculated in each sector s = 1 : S 

according to:

1
0M/) = if s = argmaxs/ |ys>(f)|2, s' = 1 : S 

otherwise

We note that when only one person is actively speaking, the other beamformer 

output signals from the other sectors will essentially be providing an estimate of the 

background noise level, and so the post-filter also functions to reduce background noise. 

This pre-filter mask also has the benefit of low computational cost compared to other 
formulations which require the calculation of channel auto- and cross-spectral densities.

While the above pre-filter mask has been shown experimentally to reduce cross
talk between beamformer outputs, and lead to improved performance in speech 

recognition applications, the natural sound of the speech can be degraded by the highly 

non-stationary nature of the pre-filter transfer function, that is caused by the binary choice 

between a zero or unity weight.

To keep the benefits of the masking pre-filter whilst also retaining the natural 

intelligibility of the output for a human listener, a post-filter is derived as follows. First, an 

indicator of speech activity in each spatial reception sector s is defined as:

ps{speech) = -------
1 - ae ’ μ
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with hs(f) as defined above. Heuristics or empirical analysis may be used to set the 

parameters a and β in this equation. For example, a can be set to equal 1 and β can be 

set to be proportional to 1/S, for example 2/S.

Having defined the indicator of active speech in each sector for a given time step, 

a smoothed masking post-filter is defined as:

9s{f) =
ps(speech) if hs(f) = 1 
7P,'(/) otherwise

where gs represents the post-filter weight at the previous time step, and γ is a

configurable parameter less than unity that controls the rate at which each weight decays 

after speech activity. In the illustrative embodiment, a value of γ = 0.75 is used. A filtered 

beamformer output signals for each spatial reception sector is obtained as:

The microphone array system 16 also includes a mixer module 34 for mixing or 

combining the filtered beamformer output signals to form a single frequency domain 

output signal 36. The mixer module 34 is configured to multiply each element of each 

filtered beamformer output signal with a weighting factor, which weighting factor for each 

filtered beamformer output signal is selected as a function of its associated calculated 

average value.

The mixer module 34 includes a frequency-to-time converter module for converting 

the single frequency domain output signal to a time domain output signal.

More specifically, for real-time applications involving human listeners, it is 

necessary to provide a single output audio channel containing sound from all sectors.

Once the post-filtered output signal zs(f) for each sector has been calculated, a 

single audio output channel for the device is formed as:

5=1

where Ss is a sector-dependent gain or weighting factor that may be adjusted directly by a 

user, effectively forming a sound output volume control for each sector. The above output
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speech stream can contain a low level distortion relative to the input speech due to the 

non-linear post-filter stage.

In order to mask these distortions in the output signal, an attenuated version of the 

centre microphone transducer output signal is applied to the single output signal. The 

centre microphone signal is weighted with a first weighting factor, and applied to the 

output signal to form a fist noise masked output signal.

Thereafter, a low level of a generated white noise signal also including a second 

weighting factor is applied to the fist noise masked output signal to form a second noise 

masked output signal.

The weighting of the centre microphone transducer signal is set heuristically as a 

proportion of the expected output noise level of the beamformer (i.e. in inverse proportion 

to the number of microphones).

The variance for the masking white noise can also be set heuristically as a 

proportion of the background noise level estimated during non-speech frames.

A computer program product having a set of computer readable instructions, when 

executed by a computer system, performs the method of the invention. The method is 

described in more detail with reference to pseudo-code snippets and Figures 6 to 9 that 

show basic flow diagrams of part of the pseudo-source code.

Figure 6 shows a flow diagram 50 of a basic overview of a process cycle for 

acquiring sound from the reception space and for producing a single channel output 
signal. For purposes of illustration, a few variables for the computer program are defined 

as follows:

L - length of frame (number of samples)

Nm = number of input channels (microphones)

Ns = number of sectors

Np = number of points within sector localisation grid

Nf = number of frequency bins in the FFT

x = [ Nm * L ] matrix of real-valued inputs in time domain

W = [ Np * Nm * Nf ] matrix of complex frequency-domain beamformer filter weights for

each grid point

P = [ Ns * 1 ] grid point indices

delta = [ Ns * 1 ] vector of gain factors set as a function of sector probability e.g.

delta[s] - fn( pr[ s ])
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epsilon = desired level for centre microphone signal in output mixture, set e.g. 
proportional to 1/Ns

sigma = level of white noise added to output mix, set e.g. proportional to

estimated background noise level

At 52, the discrete time domain microphone output signals are received from the 

microphone transducers 22 of the microphone array 18. The time domain microphone 

output signals are converted, at 54, into discrete frequency domain microphone signals by 

the time-to-frequency converter module 26. At 56, the location module 30 updates the 

sound source location point index, and the beamformer module 28 calculates, at 58, 

primary beamformer output signals for corresponding to the selected sound source 

location points of the sound source location point index.

The post-filter module 32 calculates, at 60, a post-filter mask for each primary 

beamformer output signal for each spatial reception sector, and the post-filter masks are 

applied, at 62, to the primary beamformer output signals to form the filtered beamformer 

output signals.

The mixer module 34 combines, at 64, the filtered beamformer output signals to 

form a single discrete frequency domain output signal. At 66, the discrete frequency 

domain output signal is converted to a discrete time domain output signal which is 

masked, at 68, with a noise masking signal.

At 52, the time domain microphone signals x are captured and stored by the PC.

The time domain microphone signals x are converted, at 54, to frequency domain 

microphone signals X using Fast Fourier Transform (FFT) i.e X = fft( x ), in which X is a 

Nm * Nf matrix of complex-valued frequency domain spectral coefficients.

At, 56 the sound source location point index p is updated (see Figure 7). A variable 

Energy_MaxAHSectors is set to 0; and a for-loop, at 70, is executed for each sector s with 

s as loop counter, at 72. Within this loop a for-loop is executed, at 74, for each grid point 

p with p as loop counter, at 76, and within this loop a for-loop is executed, at 78, with each 

frequency in the subset of frequencies bins f1 to f2, with f as loop counter at 80. It is 

important to note that a subset of the frequency bins f1 to f2 is used in accordance with 

the invention.

Within the frequency loop, another for-loop is executed, at 82, for each 

microphone m with m as the loop counter, at 84. Within the m-loop a beamforming 

calculation is performed, at 86, as Y[ s, f ] = Y[ s, f ] + ( X[ m, f ] * W[ p, m, f ]), and the 

loop counter m is updated, at 88.
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Energy_MaxAIISectors = 0 

for each sector s

Energy_MaxAIIPoints = 0 

for each grid point p

Energy_ThisPoint = 0

for each frequency f between f1 and f2 (ie a subset of all Nf)

Y[ s, f ] = 0

for each microphone m

Y[ s, f ] = Y[ s, f ] + (X[ m, f ] * W[ p, m, f ])

end

After the m-loop is completed, then the energy of the point p at the present frequency bin 

of the loop is calculated, at 90, and the frequency counter is updated, at 92. The energy 

value relating to each frequency for the point in loop is summated and stored in variable 

Energy_ThisPoint, and repeated until Energy_ThisPoint takes the total value of the energy 

for the point in loop.

EnergyThisPoint = Energy_ThisPoint + | Y[ s, f ] |Λ2 

end

During each iteration the maximum energy value of the points is stored, at 96, in variable 

Energy_MaxAIIPoints, and the f counter is updated, at 98.

. if ( Energy_ThisPoint > Energy_MaxAIIPoints)

. Energy_MaxAIIPoints = Energy_ThisPoint 

. pMax = p

. end

end

At the end of the p-loop, once the point with highest energy has been determined, then 

the energy of the same point is tested, at 100, against the highest energy points of 
previous sectors, and the highest energy point amongst the sectors is stored in 

Energy_MaxAIISectors.

if ( EnergyJVIaxAIIPoints > EnergyJVIaxAIISectors)

EnergyJVIaxAIISectors = Energy_MaxAIIPoints 

sectorMax = s

sectorPointMax = pMax 

end

end
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The s counter is updated, at 102, and the next sector is searched to find the highest 

energy point and then tested against the highest energy point found in the previous 

sectors, until the highest energy point amongst all the sectors is found. At this stage, the 

index entry belonging to the sector in which the highest energy point was found is 

updated.

PfsectorMax] = sectorPointMax

It is important to note that only one selected sound source location point of the sound 

source location point index is updated per process cycle, and the others remain the same 

as they were in the previous process cycle.

The sound source location point index is now updated, and is used by the 

beamformer module to calculate a primary beamformer output signal for each sector 

accordingly.

. for each sector s 

p = P[s]

for each frequency f 

Y[s, f] = 0

for each microphone m

Y[ s, f ] = Y[ s, f ] + (X[ m, f ] * W[ p, m, f ])

end

end

end

The beamformer output signals Y[ s, f ] for each sector are now calculated. Next, a post

filter for each beamformer signal is calculated. The post-filter mask is calculated in two 

steps. First a pre-filter mask H[s,f] is calculated that includes entries of ones and zeros, 
as the case may be, at its frequency bins. Thereafter, the pre-filter mask is used to 

calculate a post-filter mask G[s,f] that would ultimately be used to filter the beamformer 

output signals. A duplicate of G[s,f] is kept as G_previous[s,f] for use in the next process 

cycle.

Broadly, H[s,f] includes a pre-filter vector for each sector. The pre-filter vector is 

populated with either the value 1 or the value 0 at each of its frequency bins as follows.

Referring to Figure 8, a for-loop for each frequency bin is executed, at 110, with f 

as counter, at 112. Within this loop another loop for each sector s, at 114, with s as 

counter, at 116, is executed and the value of the element in the frequency bin f in loop of 

each beamformer signal is calculated at 118, and checked, at 120, to test if the value 

calculated is the highest compared to the values of the same frequency bins of the other
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beamformer sector values. At 122, a record is kept in variable maxSectors[f] = s of the 

sector s that has the highest value at the frequency bin in loop. The s counter is updated 

at 124 and the loop is repeated for all s.

far each frequency f 

maxValue = 0

for each sector s

E = |Y[ s, f ] |Λ2 

if (E > maxValue)

maxValue = E 

maxSectors[f] = s

end

end

When the sector having the highest value at the frequency bin in the loop is determined, 
the corresponding frequency bins of the pre-filter masks are populated with either the 

value 1 or 0 as the case may be. A for-loop is started at 126 for each sector s with 

counter s, at 128. At 130, the maxSectorsffl is used to check if the sector in the loop had 

the highest value at the frequency bin in the loop, and if it did, then the corresponding 

frequency bin of H[s,f] for that sector is set, at 134, to 1, and if not, then the corresponding 

frequency bin of H[s,f] for that sector is set, at 132, to 0. The sector counter s is updated 

at 136. Once the values, at the frequency bin fthat is in the loop, of all the pre-filter 

masks for all the sector are set, at 128, then the f counter is updated, at 138, and the loop 

repeats for the next frequency bin.

for each sector s

if (maxSectors[f] == s)

H[ s,f]= 1

else

H[ s, f] = 0

end

end

end

Once all the frequency bins of all the pre-filters masks are set, then the frequency loop 

exits, at 112, and at 140 the post-filter mask procedure is executed as illustrated in Figure

9.

At 142, a for-loop is executed for each sector s with s as the loop counter, at 144. 

Within this loop, another for-loop is executed, at 146, for each frequency bin in the sub set
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of frequency bins f1 to f2, with f as loop counter, at 148. At 150, the values of each 

frequency bin in the subset f1 to f2 is added to the previous one and the f counter is 

updated, at 152, until the values of all the frequency bins in f1 to f2 is summated to form 

r[s]. At 154, the average value of the frequency bins f1 to f2 is calculated, and at 156, the 

average value is transformed according to a selected distribution function.

. for each sector s 

rts] = O

for each frequency f from f1 to f2 

□r[s] = r[s] + H[s, f]

end

r[ s] = r[ s ] / (f2 - f1 )

pr[ s ] = 1 / (1 - (alpha x exp( r[s] - beta)))

Thereafter, at 158, a for-loop is executed over all the frequency bins with f as loop 

counter, at 160. At 162, a check is performed to determine if the value of the frequency 

bin presently in loop of H[s,f] is equal to one, and if it is, then the corresponding frequency 

bin in G[s,f] is populated with the transformed average value that was calculated with the 

sector in loop, at 164. If the value in the frequency bin in loop of H[s,f] is equal to 0, then 

the corresponding frequency bin of the G[s,fJ is set, at 166, to the value it had in the 

previous process cycle times a weighting factor for decaying the value, and the new value 

is saved, at 168, in G_previous[s,f]. The f loop counter is then updated, at 170. When the 

f loop counter reaches its final count, then the s counter is updated, at 172.

for each frequency f

. if (H[ s,f )==1)

. G[s, f] = pr[s ]

. else

. G[ s, f ] = gamma * G_previous[ s, f ]

. end

. G_previous[ s, f ] = G[ s, f) 

end

end

Once g[s,f] is calculated, then it is applied, at 174, to the beamformer output signals to 

form the filtered beamformer output signals as Z[s,f],

for each sector s

for each frequency f

Z[ s,f] = Y[s,f]*G[s,f]
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end

Then, the filtered beamformer output signals are combined into a single output signal 

Z_out[f] that is discrete in the frequency domain. The separate filtered beamformer 
signals are multiplied with a factor delta[s] before it is combined or added to the other 

filtered beamformer signals. The factors in delta[s] are used further to emphasise the 

stronger signals and de-emphasise the weaker signals. The values in delta[s] can be, for 

example, the transformed average values that were calculated for the sector.

for each frequency f 

Z_oul[ f ] = 0

for each sector s

Z_out[ f ] = Z_out[ f ] + (delta[ s ] * Z[ s, f ]) 

end

end

An Inverse Fast Fourier Transform is then performed on the output signal to convert it to a 

time domain signal.

z_mix_out[n]= IFFT( Z_out)

Also, an IFFT is performed on each beamformer signal separately, 

for each sector output, z_sector_out[s,n] = IFFT( Z[ s, f ])

A noise masking signal is then calculated by selecting one of the microphone signals 

x[m,n] , for example x[1,n], and adding it to a randomly generated white noise signal. The 

microphone signal from the central microphone can be used. Also, a further damping or 

weighting factor epsilon can be applied to for adjusting the ratio or amplitude between the 

signals. The same can be done for the separate sector signals, z_sector-out[s,n]

for each sample n

z_mix_out[ n ] = z_mix_out[ n ] + (epsilon * x[ 1, n ]) + (sigma * randomValue) 

for each sector s

z_sector_out[s,n] = z_sector_out[s, n ] + (epsilon * x[ 1, n ]) + (sigma * randomValue) 

end

end

The microphone array system in this embodiment of the invention also includes a sound 

source association module (not shown) for associating a sound source signal that is 

detected within a spatial reception sector with a sound source in the spatial reception 

sector. The sound source association module, in this example, is configured to receive a
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stream of sound signals from each spatial reception sector during successive processing 

cycles, and to validate the stream of sound source signals as a valid sound source signal 
if it meets a predetermined criteria. The sound source association module is configured to 

label the valid sound source signal and to store the sound source signal and its sound 

source label in a sound record or history database for later retrieval.

More specifically, the sound source signals are linked and segmented into sound 

source segments. In this example, the sound source signals are expected to contain 

speech and the sound sources are speakers. Thus, a method is described for 

segmenting the audio into speech utterances, and then associating a speaker identity 

label with each utterance.

The post-filter described above incorporates a measure of speech probability for 

each sector, ps(speech). This probability value is computed for each process cycle. In 

order to segment each sector into a sequence of utterances (with intermediate non
speech segments), a filtering stage is applied to smooth these raw speech probability 

values over time.

One such illustrative filtering stage is described in the following description and it 

includes a state-machine module that has four states. Any one of the states may be 

associated with a sound source sector signal during each processing cycle.

As is explained in more detail below, the state-machine module is configured to 

compare a transformation value of each sector against a threshold value, and to promote 

the status of the state-machine module to a higher status if the transformation value is 

higher than the threshold value, and demote the status to a lower status if the 

transformation value is lower than the threshold value.

More specifically, the filtering is implemented as a state machine module 

containing four states: inactive, pre-active, active and post-active, initialised to the inactive 

state. A transition to the pre-active state occurs when speech activity (defined as 

ps(speech) > 0.5) occurs for a given frame. In the pre-active state, the machine either 

waits for a specified number of active frames before confirming the utterance in the active 

state, or else returns to the inactive state.

The machine remains in the active state while active frames occur, and transitions 

to the post-active state once an inactive frame occurs. In the post-active state, the 

machine either returns to the active state after an active frame, or else returns to the 

inactive state after waiting a specified number of frames.
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This segmentation stage outputs a Boolean value for each sector and each frame. 

The value is true if the sector is currently in the active or post-active state, and false 

otherwise. In this way, the audio stream in each sector is segmented into a sequence of 
multi-frame speech utterances. A location is associated with each utterance as the 

weighted centroid of locations for each active frame, where each frame location is 

determined as described above.

The preceding segmentation stage produces a sequence of utterances within each 

sector. Each utterance is defined by the enhanced speech signal together with its location 

within a sector. This section describes a method to group these utterances according to 

the person who spoke them. In order to associate a speaker label with these utterances, 
it is first assumed by definition that a single utterance belongs only to a single person. 

From the first utterance, an initial group is created. For all subsequent utterances, a 

comparison is performed to decide whether to (a) associate the utterance with one of the 

existing utterance groups, or (b) create a new group containing the utterance. In order to 

associate a new utterance to an existing utterance group, a comparison function is 

defined based on the following available parameters:

a) The time interval during which the utterance occurred.

b) The location at which the utterance occurred.

c) The spectral characteristics of the speech signal throughout the utterance.

A range of comparison functions may be implemented based on these measured 

parameters. In the illustrative embodiment, a two step comparison is proposed:

i) Firstly, it is assumed that utterances that occur close to each other in both time 

and location belong to the same person. Proximity in time and location may be defined by 

comparing each to a heuristic distance threshold, such as within 30 seconds and 30 

degrees of separation in the azimuth plane. If a new utterance occurs within the time and 

distance thresholds of the most recent from an existing utterance group, it is merged with 

that group.

ii) If the utterance does not pass the first comparison step for any existing group, 
then the utterance may be compared according to the spectral characteristics of the 

speech. This may be performed either using automated speaker clustering measures, or 

else automated speaker identification software (using either existing stored speaker 

models, or models trained ad-hoc on existing utterances within the group).

Following application of the above steps, the sequence of utterances will be 

associated into a number of groups, where each group may be assumed to represent a
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single person. A label (identity) may be associated with each person (utterance group) by 

either prompting the user to input a name, or else using the label associated with an 

existing speaker identification voice model.

Typically, the first time a given person uses the device, a user must be prompted 

to enter their name. A voice model can then be created based on the group of utterances 

by that person. For subsequent usage by that person, their name may be automatically 

assigned according to the stored voice model.

Advantageously, the system 16 uses an N-fold rotationally symmetrical 
microphone array, and thus enables the use of a beamformer that uses the same set of 
beamformer weights for calculating a beamformer output signal for each sector. This 

means that less beamformer weight needs to be defined for catering for all the sectors, 
and this saves computer memory.

Another advantage is that the processing time is reduced by performing sound 

source location, using SRP, over a subset of frequency bins f1 to f2, as opposed to the full 
range of frequency bins. Also, searching only over a subset of grid points, and updating 

only one sound source index position for one sector, further reduces the number of 
process steps and thus the process cycle time.

Another advantage of the cone described above with reference to the drawings is 

that it reduces the required number of microphone elements when compared to spherical 
and hemispherical array structures. This reduces cost and computational complexity, with 

a minimal loss in directivity. This is particularly so when sources can be to occupy 

locations distributed around the cone's centre, as in the case of people arranged the 

perimeter of a table.

Further, the system 16 detects periods of speech activity, and determines the 

location of the person relative to other people in the reception space.

The system 16 produces a high quality speech stream in which the levels of all 

other speakers and noise sources have been audibly reduced. Also, the system 16 is 

able to identify a person, where a named voice model has been stored from prior use 

sessions.

Extraction of a temporal sequence of speech characteristics, including, but not 
limited to, active speaker time, pitch, and sound pressure level, and calculation of 

statistics based on the above extracted characteristics, including, but not limited to, total 
time spent talking, mean and variance of utterance duration, pitch and sound pressure 

levels is advantageously able to be provided by the system.
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To this end, for the group of all speaking persons, a production of a single audio 

channel that contains a high quality mixture of all speakers is obtained, and provision is 

made for a mechanism for users to control the relative volume of each speaking person in 

this mixed output channel.

5 The system 16 also permits calculation of global measures and statistics derived

from measures and statistics of an individual person.

It will of course be realized that the above has been given only by way of 

illustrative example of the invention and that all such modifications and variations thereto, 

as would be apparent to persons skilled in the art, are deemed to fall within the broad

10 scope and ambit of the invention as is herein set forth.
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5 CLAIMS

1. A microphone array system for sound acquisition from multiple sound sources in a 

reception space, the microphone array system including:

a microphone array interface for receiving microphone output signals from an array of 

microphone transducers that are spatially arranged relative to each other within the 

reception space, the array interface including a sample-and-hold arrangement for sampling 

the microphone output signals of the transducers in processing cycles to form discrete time 

domain microphone output signals into corresponding discrete frequency domain 

microphone output signals;

a beamformer module operatively able to form beamformer signals associated with 

any one of a plurality of defined spatial reception sectors within the reception space 

surrounding the array of microphone transducers, the beamformer module including a set of 

defined beamformer weights and being configured to compute, during each processing 

cycle, a set of a beamformer output signals that are associated with respective reception 

sectors and have a defined set of frequency bins; and
a post-filter module that is configured to define a pre-filter mask for each primary 

beamformer output signal, the post-filter module being configured to populate a frequency 

bin of the pre-filter mask for each primary beamformer signal with a defined value if a value 

of the corresponding frequency bin of the primary beamformer signal is the highest amongst 

same frequency bins of all the beamformer output signals, otherwise to populate the 
frequency bin of the pre-filter mask with another defined value.

2. A microphone array system as claimed in claim 1, in which the microphone 

transducers are spatially arranged relative to each other to form an N-fold rotationally 

symmetrical microphone array about a vertical axis.

3. A microphone array system as claimed in claim 2, in which the set of defined 

beamformer weights is a function of a set of defined candidate sound source location points 

spaced apart within one of N rotationally symmetrical spatial reception sectors associated 

with the N-fold rotational symmetry of the microphone array and a function of microphone 

indexes of the microphone transducers, the microphone indexes being adjustable to displace 

the set of beamformer weights angularly about the vertical axis into association with any one 

of the N rotationally symmetrical spatial reception sectors, which includes a sound source 

location point index that is populated with a selected candidate sound source location point 

for each sector, wherein the beamformer module is configured so that the set of computed
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5 primary beamformer signals are associated with directions of each selected candidate sound 

source location point in the sound source location point index.

4. A microphone array system as claimed in claim 3, which includes a sound source 
location module for, during each processing cycle, updating the sound source location point 

index, wherein the sound source location module is configured to:

(1) update only one of the selected candidate sound source location points in the 

sound source location point index during each processing cycle: or,

(2) determine during each processing cycle the highest energy candidate sound 

source location point, being the point in the direction of which the highest sound 

energy is received, and to note the highest energy candidate sound source location 

point and its associated sector; or

(3) update the selected sound source location point of the reception sector within 

which the highest energy sound source location point is determined to correspond to 

the highest energy sound source location point; or

(4) determine the signal energies respectively in the directions of a sub set of 

sound source location points in each sector localized around the selected sound 

source location point for each reception sector, and to update the selected sound 

source location point of the reception sector within which the highest energy sound 

source location point is determined to correspond to the highest energy sound source 

location point, and the signal energy of each candidate sound source location point is 

calculated by using a secondary beamformer signal directed to the sound source 

location points of the subset of sound source location points, the secondary 

beamformer signal being calculated over a subset of frequency bins.

5. The microphone array system as claimed in any one of the preceding claims, in 

which the one defined value equals one and the other defined value equals zero.

6. A microphone array system as claimed in any one of the preceding claims, in which 

the post-filter module is configured to calculate an average value of each pre-filter mask for 

each primary beamformer signal, the average value being calculated over a selected subset 

of frequency bins, the selected subset of frequency bins corresponding to a selected 

frequency band, wherein the selected frequency band includes frequencies corresponding to 

a desired sound source, and preferably or optionally the selected frequency band include 

typical speech frequencies between 50 Hz to 8000 Hz.
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5 7. A microphone array system as claimed in claim 6, in which the post-filter module is 

configured to calculate a distribution value for each sector according to a selected 

distribution function, the distribution value for each sector being calculated as a function of 

the average value of the pre-filter mask for that sector, and preferably or optionally the 
distribution function is a sigmoid function.

8. A microphone array system as claimed in claim 7, in which the post-filter module is 

configured to enter the distribution value for each primary beamformer output sector signal 

into frequency bin positions of the associated post-filter mask vector that correspond with 

frequency bin positions of the pre-filter mask vector having said defined value, wherein the 

post-filter module is configured to determine the existing values of the post-filter masks at 

those frequency bins that correspond with those frequency bin positions of the pre-filter 

mask vector that have said another defined value, and to apply to those values a defined de
weighting factor for attenuating those values during each cycle.

9. A microphone array system as claimed in claim 8, which includes applying the post

filter masks to their respective primary beamformer output signals, to form filtered 

beamformer output signals, and applying selected weighting factors to the beamformer 

output signals respectively, and the selected weighting factor for each beamformer output 

signal is determined as a function of the average value of its pre-filter vector mask and 

preferably or optionally the selected weighting factor for each beamformer signal is 

independently adjustable by a user for effectively adjusting the volume of each sector 

independently.

10. A microphone array system as claimed in claim 9, in which the mixer module is 

configured to compute a first noise masking signal that is a function of a selected one of the 

time domain microphone input signals and a first weighting factor, and to apply a generated 

white noise signal to the time domain output signal to form a first noise masked output 

signal, and the mixer module is configured to compute a second noise masking signal that is 

a function of randomly generated values between selected values and a second selected 

weighting factor, and to apply the second noise masking signal to the first noise masked 

output signal to form a second noise masked output signal.

11. A microphone array system as claimed in claim 10, which includes a sound source 

association module for associating a stream of sounds that is detected within a spatial 

reception sector with a sound source label allocated to the spatial reception sector, and to 

store the stream of sounds and its label if it meets predetermined criteria, and the criteria for
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5 each spatial reception sector is a function of the average value of the pre-filter mask 

calculated for said sector.

12. A microphone array system as claimed in claim 11, in which the sound source 

association module includes a name index having name index entries for the sectors, each 

name index entry being for logging a name of a user associated with a spatial reception 

sector.

13. A microphone array system as claimed in claim 12, which further includes

a user interface for permitting a user to configure the sound source association 

module;

the sound source association module includes a state-machine module that includes 

four states namely an inactive state, a pre-active state, an active state, and a post-active 

state, and the state-machine is configured to apply a criteria to a stream of sounds from a 

reception sector, and to promote the status of the state-machine to a higher status if 

successive sound signals exceed a threshold value, and to demote the status to a lower 

status if the successive sound signals are lower than the threshold value, and the state- 

machine is configured to store the sound source signal when it remains in the active state or 

the post-active state and to ignore the signal when it remains in the inactive state or the pre

active state; and
a network interface for connecting remotely to another microphone array system over 

a data communication network.

14. A microphone array system as claimed in claim 2, in which the microphone array 

includes a 6-fold rotational symmetry about the vertical axis defined by seven microphone 

transducers that are arranged on apices of a hexagonal pyramid, six base microphone 

transducers being arranged on apexes of a hexagon on a horizontal plane, and one central 

microphone transducer being axially spaced apart from the base microphone transducers on 

the apex of the vertical axis of the microphone array.

15. A method for processing microphone array output signals with a computer system, 

the method including:

receiving microphone output signals, in a microphone array interface, from an array 

of microphone transducers that are spatially arranged relative to each other within a 

reception space, the array interface including a sample-and-hold arrangement for sampling 

the microphone output signals of the transducers in processing cycles to form discrete time
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5 domain microphone output signals into corresponding discrete frequency domain output 

signals;
forming beamformer signals with a beamformer, the beamformer signals being 

associated with any one of a plurality of defined spatial reception sectors within the reception 

space surrounding the array of microwave transducers, the beamformer module including a 

set of defined beamformer weights and being configured to compute, during each 

processing cycle, a set of primary beamformer output signals that are associated with 

respective reception sectors and have a defined set of frequency bins; and
defining a pre-filter mask for each primary beamformer output signal with a post filter 

module and, with the post filter module, populating a frequency bin of the pre-filter mask for 

each primary beamformer signal with a defined value if the value of the corresponding 

frequency bin of the primary beamformer signal is the highest amongst same frequency bins 

of all the beamformer output signals, otherwise populating the frequency bin of the pre-filter 
mask with another defined value.

16. A method for processing an array of discrete signals with a computer system, the 

discrete signals having a defined set of frequency bins, the method including:
defining a pre-filter mask for each discrete signal, wherein a post-filter module is 

configured to populate a frequency bin of the pre-filter mask for each discrete signal with a 

defined high value if the value of the corresponding frequency bin of the discrete signal is the 

highest amongst same frequency bins of all the discrete signals, otherwise to populate the 
frequency bin of the pre-filter mask with another defined low value;

defining a distribution value for each discrete signal according to a selected 

distribution function as a function of the average value of the pre-filter mask for that discrete 

signal over a selected sub-set of frequency bins;
populating for each discrete signal a post-filter mask vector with the distribution value 

of the discrete signal at those frequency bins corresponding to those frequency bins of its 

pre-filter mask vector having a defined high value, and multiplying the remaining frequency 

bins with a de-weighting factor for attenuating the remaining frequency bins during each 

cycle; and

applying the post-filter masks to their respective discrete signals to form filtered 

discrete output signals.

17. A method as claimed in claim 16, in which determining an indicator value includes 

defining a pre-filter mask for each discrete signal by populating a frequency bin of the pre

filter mask for each discrete signal with a defined value if the value of the corresponding 

frequency bin of said discrete signal is the highest amongst same frequency bins of all the
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5 discrete signals, otherwise to populate the frequency bin of the pre-filter mask with another 
defined value, in which each indicator value equals an average value of each pre-filter mask 

for each discrete signal, the average value being calculated over a selected subset of 

frequency bins, the selected subset of frequency bins corresponding to a selected frequency 

band associated with a type of sound sources that are to be acquired by a microphone array 

system, wherein the one value is defined as equal to one and the other value equal to zero, 

and preferably or optionally defining the selected frequency band to correspond to selected 

frequencies of human speech.

18. A method as claimed in claim 17, in which determining a distribution value for each 

discrete signal includes calculating for each discrete signal a distribution value according to 

a selected distribution function, which distribution value for each sector is calculated as a 

function of the indicator value of the pre-filter mask for said discrete signal, and preferably or 
optionally the distribution function is a sigmoid function.

19. A method as claimed in claim 18, which includes entering the distribution value for 

each discrete signal into frequency bin positions of the associated post-filter mask vector 

that correspond with frequency bin positions of the pre-filter mask vector having a value of 

one; and

populating those frequency bins of the post-filter mask vector that correspond with 

those frequency bin positions of the pre-filter mask vector that have a zero value with a value 

corresponding to its value from a previous process cycle attenuated by a defined weighting 

factor.

20. A computer system that includes computer readable instructions, which when 
executed by the computer system, causes the computer system to perform the method 

according to claim 15.
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