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Audio source localization

FIELD OF THE INVENTION

The invention relates to audio source localization and in particular, but not

exclusively, to audio source localization using microphone arrays with three or four

microphones to determine directions of a plurality of sound sources.

BACKGROUND OF THE INVENTION

Advanced processing of audio signals has become increasingly important in

many areas including e.g. telecommunication, content distribution etc. For example, in some

applications, such as hands-free communication and voice control systems, complex

processing of inputs from a plurality of microphones has been used to provide a configurable

directional sensitivity for a microphone array comprising the microphones. As another

example, a tele-conferencing application may use audio beam steering to select and isolate

speakers. Specifically, the processing of signals from a microphone array can generate an

audio beam with a direction that can be changed simply by changing the characteristics of the

combination of the individual microphone signals.

An increasingly important function in advanced audio processing applications

is the estimation of a position of various sound sources. Indeed, as audio processing is

becoming used in increasingly complex audio environments, it is often desirable to be able to

estimate directions of two simultaneous sound sources. For example, in a tele-conferencing

scenario, two speakers may be simultaneously active. Such direction estimates may for

example be used to direct audio beams in the desired directions or to provide notches in

directions corresponding to interfering sound sources. In some scenarios sound source

separation may be important and may be based on estimated directions of the two sound

sources.

However, it is typically substantially more difficult to estimate directions for

two simultaneous sound sources than estimating a direction for a single dominant sound

source. A critical problem in such applications is that of how to separate the contributions

from the different sound sources in the different microphone signals. Conventional solutions

tend to be based on differentiating between the signals based on differences in time or



frequency characteristics of the two signals. For example, if it is known that one of the two

sound sources will be dominant in certain time intervals, the direction estimate for this sound

source may only be generated during such time intervals. Another approach is to exploit

frequency differences between the two sound sources. For example, a Fast Fourier Transform

(FFT) may be applied to the signals and it may be assumed that one of the sound sources will

be dominant in each subband. Accordingly, a single direction estimate may be generated for

each subband and the direction estimates may be generated by averaging the subbands

belonging to each sound source.

However, such approaches tend to be suboptimal or unreliable in many

scenarios. In particular, the approaches rely on the two sound source audio signals having

significant temporal or frequency differences and therefore tend to break down for signals

that have similar characteristics. Even for relatively different audio signals, a significant

degradation may occur as it may be difficult to determine which audio signal is dominant in

each frequency and/or time interval. For example, even for different audio signals, the

assumption of one sound source being dominant in each subband may only be appropriate for

a low proportion of the subbands. Furthermore, conventional sound source localization

approaches tend to be complex and resource demanding.

Hence, an improved approach for audio source localization would be

advantageous and in particular an approach allowing improved accuracy, reduced sensitivity

to similar characteristics of audio signals, increased flexibility, facilitated implementation,

reduced resource consumption, improved performance for different operating scenarios

and/or improved performance would be advantageous.

SUMMARY OF THE INVENTION

Accordingly, the Invention seeks to preferably mitigate, alleviate or eliminate

one or more of the above mentioned disadvantages singly or in any combination.

According to an aspect of the invention there is provided audio source

localization apparatus comprising: a receiving circuit for receiving signals from an at least

two-dimensional microphone array comprising at least three microphones; a reference circuit

for generating at least three reference beams from the microphone signals, the three reference

beams having different directional properties; and an estimation circuit for generating a

simultaneous direction estimate for two sound sources, the estimation circuit comprising: a

circuit for generating a combined signal by combining signals of the at least three reference

beams, the combination having a beam shape parameter reflecting a shape of an audio



beamform for the combined signal and a beam direction parameter reflecting a direction of an

audio beamform for the combined signal, a circuit for generating a cost measure indicative of

an energy measure of the combined signal, a circuit for estimating a beam shape parameter

value for the beam shape parameter and a beam direction parameter value for the beam

direction parameter corresponding to a local minimum for the cost measure, and a circuit for

determining a first direction estimate of a first sound source and a second direction estimate

for a second sound source as functions of the beam shape parameter value and the beam

direction parameter value.

The invention may provide improved sound source localization for two

simultaneous sound sources in many scenarios and applications. The determination of the

two direction estimates may be more accurate in many scenarios. In particular, the approach

may provide a reduced sensitivity to similarities in the audio from the two sound sources.

Specifically, the approach may allow a determination of the directions based on spatial

characteristics, and thus may allow directions to be determined even for audio signals from

the two sound sources having very similar characteristics. Furthermore, the approach may be

implemented with low complexity and/or with low computational resource requirements.

The approach may be particularly suitable for systems wherein the wavelength

of the audio signals is substantially larger than the size of the microphone array.

The reference beams may be non-adaptive and may be independent of the

captured signals and/or the audio conditions. The reference beams may be constant and may

be generated by a constant/ non-adaptive combination of the signals from the at least three

microphones. The reference beams may specifically be Eigenbeams or orthogonal beams.

One reference beam may be a monopole and the remaining reference beams may be dipoles.

The dipoles may be substantially orthogonal.

The beam shape parameter may represent a relative weighting of directional

reference beams relative to a non-directional reference beam. The beam direction parameter

may represent a relative weighting of different directional reference beams. The different

directional characteristics of the reference beams may reflect different beam shapes and/or

different beam directions, e.g. as measured by a main gain direction or a mean direction of a

main lobe.

In accordance with an optional feature of the invention, the estimation circuit

is arranged to iteratively determine an update value for at least a first parameter of the beam

shape parameter and the beam direction parameter in response to the combined signal, a

current value of the beam shape parameter and a current value of the beam direction



parameter, and to generate a new value for the first parameter from the update value and a

current value of the first parameter.

This may provide facilitated implementation and/or reduced complexity while

maintaining high performance. Specifically, it may reduce computational resource usage. It

may furthermore allow a practical system for tracking movements of the sound sources.

In accordance with an optional feature of the invention, the update value is

dependent on a derivative value of the cost measure with respect to the first parameter.

This may provide an improved determination of the beam shape parameter

value and the beam direction parameter value. In particular, it may allow an efficient

determination of the appropriate sign of the update value and may in some embodiments

provide an advantageous determination of a suitable magnitude of the update value.

In accordance with an optional feature of the invention, the estimation circuit

is arranged to independently determine update values for both the beam shape parameter and

the beam direction parameter.

This may provide a more efficient and/or improved updating of the beam

shape parameter value and the beam direction parameter value. The determinations may be

independent in that the update value in the current iteration for one of the parameters is not

dependent on the update value of the current iteration for the other parameter.

In accordance with an optional feature of the invention, the estimation circuit

is arranged to estimate the local minimum using a gradient search process for at least one of

the beam shape parameter and the beam direction parameter.

This may provide facilitated implementation and/or reduced complexity while

maintaining high performance. Specifically, it may reduce computational resource usage. It

may furthermore allow a practical system for tracking movements of the sound sources.

In accordance with an optional feature of the invention, the estimation circuit

is arranged to limit the beam shape parameter to a reduced operating interval corresponding

to a maximum weighting of a first reference beam of the at least three reference beams being

smaller than a combined weighting of a second and third reference beam of the at least three

reference beams.

This may provide improved determination of the first and second direction

estimates.

In accordance with an optional feature of the invention, the first direction

estimate and the second direction estimate are two-dimensional direction estimates in a plane



and the estimation circuit is arranged to compensate the first direction estimate and the

second direction estimates for an elevation of the source outside the plane.

This may provide improved determination of the first and second direction

estimates. The compensation may for example be based on an assumed and/or predetermined

elevation value of the sound sources above the plane.

In accordance with an optional feature of the invention, the microphone array

is a three-dimensional microphone array comprising at least four microphones; the reference

circuit is arranged to further generate a fourth reference beam and the estimation circuit

further comprises: a circuit for generating a further combined signal by combining signals of

the fourth reference beam and at least two other reference beams of the at least three

reference beams, the combination having a further beam shape parameter reflecting a shape

of an audio beamform for the further combined signal and a further beam direction parameter

reflecting a direction of a further audio beamform for the further combined signal, a circuit

for generating a further cost measure indicative of an energy measure of the further combined

signal, a circuit for estimating a further beam shape parameter value for the further beam

shape parameter and a further beam direction parameter value for the beam direction

parameter corresponding to a local minimum for the further cost measure; and wherein the

circuit for determining of the first direction estimate and the second direction estimate is

arranged to further determine the first direction estimate and the second direction estimate in

response to the further beam shape parameter value and the further beam direction parameter

value.

This may allow more accurate direction estimates to be generated. In

particular, it may allow three dimensional direction estimates to be generated and/or may

allow more accurate two dimensional direction estimates to be generated as these may be

compensated for an estimated elevation from the plane of the two dimensional direction

estimates. The same approach for determining two directional estimates in one plane based

on one set of reference beams may be used for determining two additional direction estimates

in another, possibly perpendicular, plane using a different set of reference beams.

The fourth reference beam may specifically be a dipole and may be orthogonal

to other dipoles of the reference beams.

In accordance with an optional feature of the invention, the beam shape

parameter value and the beam direction parameter value characterize a first set of three-

dimensional points for which a derivative of the cost measure with respect to at least one of

the beam shape parameter and the beam direction parameter is zero; and the further beam



shape parameter value and the further beam direction parameter characterize a second set of

three-dimensional points for which a derivative of the further cost measure with respect to at

least one of the further beam shape parameter and the further beam direction parameter is

zero; and wherein the estimation circuit is arranged to determine the first direction estimate

and the second direction estimate as direction estimates for at least two three-dimensional

points comprised in both the first set of three-dimensional points and the second set of three-

dimensional points.

This may allow for an accurate and/or low complexity determination of three

dimensional direction estimates.

In accordance with an optional feature of the invention, the estimation circuit

is arranged to select the at least two three-dimensional points in response to a requirement

that the at least two three-dimensional points correspond to a predetermined gain value.

This may allow for an accurate and/or low complexity determination of three

dimensional direction estimates. The predetermined gain value may specifically correspond

to a normalized gain value and the two three-dimensional points may be selected as those

points belonging to both sets of three dimensional points, and to a unit sphere.

In accordance with an optional feature of the invention, the estimation circuit

is arranged to determine the first direction estimate and the second direction estimate as

direction estimates which for the beam shape parameter value and the beam direction

parameter value correspond to an analytical derivative of the cost function with respect to at

least one of the beam shape parameter and the beam direction parameter being zero.

This may allow an advantageous determination of directions of two

simultaneous sound sources by exploiting the practical algorithmic minimization of a signal

value with analytical knowledge of an associated cost function. The invention may exploit

the practical and analytical implications of a cost function related to an energy measure of a

combined signal to provide resource efficient calculation of direction estimates for two

simultaneous sound sources.

The direction estimates may be determined under the criterion that both the

derivative with respect to the beam shape parameter and the derivative with respect to the

beam direction parameter are zero.

In accordance with an optional feature of the invention, a first reference beam

of the at least three reference beams is a monopole and at least a second reference beam and a

third reference beam of the at least three reference beams are differently directed dipoles.



This may provide particularly advantageous performance and may allow an

efficient and accurate determination of direction estimates for two simultaneous direction

estimates based only on spatial considerations. The second and third reference beams may be

orthogonal.

In accordance with an optional feature of the invention, the beam direction

parameter reflects a weighting of the second reference beam relative to the third reference

beam, and the beam shape parameter reflects a weighting of the first reference beam relative

to the second and third reference beams.

This may provide a particularly efficient generation of a combined signal

which allows for a simplified analytical evaluation and which results in reduced complexity

functions for determining the direction estimates from the beam shape parameter value and

the beam direction parameter value.

In accordance with an optional feature of the invention, the combination is

substantially given by:

where y[k] represents sample k of the combined signal, m[k] represents sample k of the first

reference beam, dx[k] represents sample k of the second reference signal, dy[k] represents

sample k of the third reference signal, a is the beam shape parameter and ps is the beam

direction parameter.

This may provide particularly advantageous performance and may allow an

efficient and accurate determination of direction estimates for two simultaneous direction

estimates based on spatial considerations.

According to an aspect of the invention there is provided a method of audio

source localization comprising: receiving signals from an at least two-dimensional

microphone array comprising at least three microphones; generating at least three reference

beams from the microphone signals, the three reference beams having different directional

properties; and generating a simultaneous direction estimate for two sound sources by

performing the steps of: generating a combined signal by combining signals of the at least

three reference beams, the combination having a beam shape parameter reflecting a shape of

an audio beamform for the combined signal and a beam direction parameter reflecting a

direction of an audio beamform for the combined signal, generating a cost measure indicative

of an energy measure of the combined signal, estimating a beam shape parameter value for

the beam shape parameter and a beam direction parameter value for the beam direction



parameter corresponding to a local minimum for the cost measure, and determining a first

direction estimate of a first sound source and a second direction estimate for a second sound

source as functions of the beam shape parameter value and the beam direction parameter

value.

These and other aspects, features and advantages of the invention will be

apparent from and elucidated with reference to the embodiment(s) described hereinafter.

BRIEF DESCRIPTION OF THE DRAWINGS

Embodiments of the invention will be described, by way of example only,

with reference to the drawings, in which

Fig. 1 illustrates an example of elements of an apparatus for sound source

localization for two simultaneous sound sources in accordance with some embodiments of

the invention;

Fig. 2 illustrates an example of a microphone configuration for a microphone

array;

Fig. 3 illustrates an example of Eigenbeams generated by the apparatus of Fig.

i ;

Fig. 4 illustrates an example of elements of a direction estimation processor

for the apparatus of Fig. 1;

Fig. 5 illustrates an example of direction estimation results generated by the

apparatus of claim 1;

Fig. 6 illustrates an example of direction estimation results generated by the

apparatus of claim 1;

Fig. 7 illustrates an example of audio beams generated by the apparatus of

claim 1;

Fig. 8 illustrates an example of a convergence for direction estimates by the

apparatus of claim 1; and

Fig. 9 illustrates an example of Eigenbeams generated by the apparatus of Fig.

1.

DETAILED DESCRIPTION OF SOME EMBODIMENTS OF THE INVENTION

Fig. 1 illustrates an example of an apparatus for sound source localization for

two simultaneous sound sources in accordance with some embodiments of the invention. The

system processes signals from a plurality of microphones to estimate directions from the



microphones to two different and simultaneous sound sources. The direction estimates are

determined on the basis of spatial considerations and do not rely on different temporal or

spectral characteristics for the audio signals from the two sources.

The system of Fig. 1 comprises a microphone array 101 which in the specific

example is a two-dimensional microphone array. The microphone array 101 comprises at

least three microphones which are not arranged in a single one dimensional line. In most

embodiments, the shortest distance from one microphone to a line going through two other

microphones is at least a fifth of the distance between these two microphones.

In the specific example, the microphone array 101 comprises three

microphones which are spaced uniformly on a circle as illustrated in Fig. 2 .

Thus, in the example a circular array of at least three (omni- or uni-directional)

sensors in a planar geometry is used. It will be appreciated that in other embodiments, other

arrangements of the microphones may be used. It will also be appreciated that for

embodiments wherein more than three microphones are used, these may possibly be arranged

in a non-planar geometry, i.e. the microphone array may be a three dimensional microphone

array. However, the following description will focus on a three microphone equidistant

circular array arranged in the azimuth plane.

The microphone array 101 is coupled to a receiving circuit 103 which receives

the microphone signals. In the example of Fig. 1, the receiving circuit 103 is arranged to

amplify, filter and digitize the microphone signals as is well known to the skilled person.

The receiving circuit 103 is coupled to a reference processor 105 which is

arranged to generate at least three reference beams from the microphone signals. The

reference beams are constant beams that are not adapted but are generated by a fixed

combination of the digitized microphone signals from the receiving circuit 103. In the

example of Fig. 1, three orthogonal Eigenbeams are generated by the reference processor

105.

In the example, the three microphones of the microphone array are directional

microphones and are specifically uni-directional cardioid microphones which are arranged

such that the main gain is pointing outwardly from the perimeter formed by joining the

positions of the microphones (and thus outwardly of the circle of the circular array in the

specific example). The use of uni-directional cardioid microphones provides an advantage in

that the sensitivity to sensor noise and sensor-mismatches is greatly reduced. However, it will

be appreciated that in other scenarios other microphone types may be used, such as omni

directional microphones.



The responses of the three cardioid microphones are denoted as respectively

having their main-lobes at respectively Φ=0, 2π/3,

4π/3, where Θand Φ are the standard spherical coordinate angles. Assuming that there is no

sensor-noise, the n'th cardioid microphone response is ideally given by:

The magnitude-response A and phase-response ψ of the n'th cardoid

microphone is given by:

with

In the above equations c is the speed of sound and x „and y „ are the x and y

coordinates of the n'th microphone.

Using:

and

with r the radius of the circle we can write:



From the three cardioid microphones, three orthogonal Eigenbeams can be

generated using the 3-point Discrete Fourier Transform (DFT) with the three microphones as

input. This DFT produces three phase modes Pi (r, , ) with i=1,2,3:

with and * denoting the complex conjugate operator.

These functions can be used to generate three reference beams consisting in a

monopole

and two orthogonal dipoles:

In matrix notation, this may be represented by

For wavelengths larger than the size of the array, the phase component of the

cardioid response can be ignored resulting in the following Eigenbeam responses:



The directivity patterns of these Eigenbeams are illustrated in FIG. 3 .

The zero'th-order Eigenbeam Em represents the monopole response

corresponding to a sphere whereas the other Eigenbeams represent first order Eigenbeams

corresponding to double spheres as illustrated in FIG. 3. Thus, the two first order Eigenbeams

are orthogonal dipoles.

Thus, the reference processor 105 receives three input signals (in the form of

three sample sequences) and generates three reference beams from these. The three reference

beams have different directional characteristics within the example the first reference beam

being substantially non-directional whereas the second and third reference beams are

directional and have the same beam shape but are directed in different directions.

At each sample time, a signal sample is generated for each reference beam

from the microphone signal samples. Thus, the following description considers time discrete

(sampled) signals with a time index k . The reference processor 105 generates a monopole

signal m[k] and two orthogonal dipole signals dx[k], dy[k] from the three cardioid

microphone signals c0[k], Ci [k], c2[k]:

It is noted that the processing required to generate the reference beam signals

from the microphone signals is of low complexity and represents a low computational

resource demand.

The three reference beam signals m[k], dx[k], dy[k] are fed to an estimation

processor 107 which is arranged to generate direction estimates for two simultaneous sound

sources based on the reference beam signals. FIG. 4 illustrates elements of the estimation

processor 107 in more detail and in accordance with some embodiments of the invention.



The estimation processor 107 comprises a combiner 401 which receives the

reference beam signals m[k], dx[k], dy[k] and combines these into a combined signal. The

combination may simply be a weighted summation of the reference beam signals, i.e.

y[k]=z 1-m[k] + z2-dx[k] + z3-dy[k]

in the example where dx[k] and dy[k] correspond to directional reference beams whereas m[k]

corresponds to a non-directional reference beam, this may be rewritten as:

y[k]=z r m[k] + z4-(z5-dx[k] + z6-dy[k])

where z4-zs=z2 and z4-z6=z3 and Z 5 and z6 are scalar values meeting the criterion (z5)
2 + (z6)

2 =

1. Thus, in the example (z4)2 =(z2)
2 + (z3)

2 and z5=z2 /z4 and z6=z3 /z4 .

Therefore the specific example where the two directional reference beams are

identical except for their directions, the parameters Z 5 and z6 control the direction of the main

lobe, i.e. the direction of the largest gain of the audio beam formed by the combination of the

two directional reference beams, as well as of the audio beam formed by the combination of

the three reference beams. Furthermore, the shape of the resulting audio beam formed by the

combination of the three reference beams is controlled by the parameters zi and z4.

Thus, it can be seen that the weighted combination of the reference beams

results in a(t least one) beam direction parameter and a(t least one) beam shape parameter

which reflect/ are indicative of the beam shape and direction of the combined beam

respectively.

In the specific example, the combination is specifically represented by the

combination of:

Thus, in the specific example z1= α, z4= 1 - α, z5= cos( φs) and z6= sin(φs ) .

In the example where the second and third reference beams are unity gain

dipoles, the summation in square brackets simply corresponds to the generation of a unity

dipole in the direction of φs . Furthermore, as the first reference beam is a unity monopole, the

restriction on z1 and z4 ensures that the resulting audio beam is a unity gain audio beam. The



shape of the audio beam is controller by the parameter α. Specifically, for α=l the resulting

audio beam is a unity monopole and for a=0 the resulting beam is a unity dipole in the

direction φs .

Indeed, the resulting audio beam pattern is given as:

Ε ν (θ , φ) — α:+ (1 — α ) cos( φ- φ s ) sin(θ),

where a is a beam shape parameter that controls the first-order beam pattern shape and φs is a

beam direction parameter which rotates the beam pattern in the azimuthal plane.

Thus, in the example an explicit combination is made in response to a beam

direction parameter φs which sets the weighting of the second reference beam relative to the

third reference beam (the relative weighting of the dipoles) and a beam shape parameter a

which sets the weighting of the first reference beam (the monopole) relative to the second

and third reference beams (i.e. relative to the combined dipole).

However, it will be appreciated that in some embodiments, the beam shape

parameter and beam direction parameter may be indirect parameters which reflect the beam

shape and direction respectively. Thus, the combination may be based on different weight

values that may each affect characteristics of both the beam shape and the beam direction.

For example, the combination operation may directly use the weights z \ , z
2

z3. Thus, the

beam shape parameter and beam direction parameter need not be used explicitly but may

represent virtual, theoretical or indirect parameters that can be derived from the specific

physical weight values explicitly used in the combination. Thus, the beam shape parameter

and beam direction parameter may be functions of the combination weights.

The combiner is coupled to a cost processor 403 which generates a cost

measure from the combined signal. The cost measure is generated as an indication of the

energy, and specifically power, of the combined signal. In the specific example, the cost

measure is simply calculated as the power of the combined signal:

J[k] = y[k] 2

It will be appreciated that in many embodiments the cost measure may be

determined as a low pass filtered value and may specifically be averaged over a suitable

number of samples.



The cost processor 403 is coupled to a minimization processor 405 which is

arranged to estimate a beam shape parameter value for the beam shape parameter and a beam

direction parameter value for the beam direction parameter that correspond to a local

minimum for the cost measure. Thus, the minimization processor 405 determines values of

the beam direction parameter and the beam shape parameter which result in the cost function

attaining a local minimum. In some scenarios, the local minimum is also a global minimum

corresponding to a scenario where the beam shape parameter and the beam direction

parameter values are determined to result in the lowest value of the cost measure and thus the

lowest power of the combined signal.

In scenarios where there are only two sound sources, the minimum value may

often correspond to a complete attenuation of the two sound sources and thus to a zero power

of the combined signal. However, in practical scenarios the cost measure will typically be

higher due to noise, sound reflections etc.

In the specific case, the minimization processor 405 is further coupled to the

combiner 401 and directly controls the beam shape parameter and beam direction parameter

values that are used for the combination. Thus, in the example, the minimization of the cost

function is achieved by the minimization processor 405 controlling the parameter values that

are used to combine the reference beam signals.

It will be appreciated that different approaches for determining the parameter

values resulting in a minimum of the cost function may be used. For example, the

minimization processor 405 may generate a large set of values of the parameters and provide

these to the combiner 401 and may monitor the resulting cost measure.

E.g. for each sample time, the minimization processor 405 may generate a

large number of parameter sets comprising a beam shape parameter value and a beam

direction parameter value. E.g. all possible sets with values of α from the discrete sequence 0,

0.01, 0.02, 0.03 . . . 0.99 and values of φs from the discrete sequence 0, π/100, 2π/100,

3π/100. .. 99π/100 may be generated. For each of these sets, the combination may be

performed and the cost measure may be calculated. The minimization processor 405 can then

search through the cost measure values to find the lowest value. The desired beam shape

parameter value and beam direction parameter value are then given as the values for this set.

The minimization processor 405 is coupled to a direction estimator 407 which

receives the beam shape parameter value and the beam direction parameter value. The

direction estimator 407 proceeds to determine a first direction estimate for a first sound



source and a second direction estimate for a second sound source as functions of the received

beam shape parameter value and beam direction parameter value.

The direction estimator 407 is specifically based on the fact that the values of

the beam shape parameter and the beam direction parameter which result in a minimum of

the cost measure will also result in the derivative of the cost function with respect to the

beam shape parameter and the beam direction parameter being zero. This fact allows the cost

function to be analytically/ theoretically analyzed to yield a function expressing the directions

of the sound sources as a function of the beam shape parameter and the beam direction

parameter. Thus, the direction estimator 407 combines the specific approach of minimizing

the specific measured cost measure with the fact that this operation allows an analytical

function for the direction estimates to be calculated from the theoretical cost function .

Thus, in the system the first direction estimate and the second direction

estimate are calculated as direction estimates which for the beam shape parameter value and

the beam direction parameter value correspond to an analytical derivative of the cost function

with respect to at least one of the beam shape parameter and the beam direction parameter

being zero.

An exemplary analytical derivation will be described in the following for the

specific combination of the example, i.e. for

However, it will be appreciated that the same approach can be applied to other

combinations and other parameters.

In the example, it is assumed that there exist two distinct sound sources which

are located in the azimuthal plane, i.e. in the plane of the microphone array.

The cost function may be defined as:

where denotes an average (or low pass filter) operation.

Assuming two directional sources ni [k] with i=l,2 at azimuth angles ni the

combined signal value is given by:



Assuming that the sound signals are uncorrelated, this yields:

with and being the variances of the sources.

The cost function may then be analyzed by differentiation with respect to the

beam shape parameter a and the beam direction parameter φs yielding:

where

and

with



For the local minimum of the cost measure, the derivatives of the cost function

will be zero. As can be seen for the above equations, this may be the case if:

which yields

However, such a solution corresponds to a single sound source direction

whereas it is assumed that there are two sounds sources present in the scenario. Furthermore,

this solution can be shown to be a saddle-point and is accordingly not a stable solution.

Accordingly, this solution is ignored.

It can also be seen that the cost function derivatives are zero when

This results in

which is satisfied only for

Thus, the above equation expresses the directions of the sound sources as a

function of the beam shape parameter value and the beam direction parameter value for

which the cost function is zero. As the cost function is zero for local minima, the beam shape

parameter value and the beam direction parameter value determined to result in a minimum

of the cost measure accordingly corresponds to parameter values for which the cost function



derivatives are zero. Accordingly, these values can be inserted in the above equation to

provide the direction estimates for the two sources.

It should be noted that whereas the above equation introduces an ambiguity

due to the ± operation, both options are valid. Indeed, the switching between the options

merely corresponds to switching the direction estimates between the two sound sources .(i.e.

a switch between which sound sources the index i relates to).

Thus, the system of FIG. 1 provides efficient direction estimation for two

simultaneous sound sources. The approach has been found to provide a highly advantageous

performance with accurate results and with low complexity and resource requirements.

In the above specific example, a computationally relatively demanding

approach for determining the parameter values corresponding to the minimum of the cost

measure was used. In the following a computationally more efficient but highly accurate and

reliable approach will be described.

In the following example, a local minimum of the cost measure is specifically

determined by an iterative update of the beam shape parameter and the beam direction

parameter values. Thus, based on the current values, an update value is determined for each

new sample time and is added to the current value to generate the parameter values that are

used for the combination of the subsequent sample time. Thus, only one combination result is

determined for each sample and based on the current values new parameter values are

determined for the subsequent sample time. Thus, the approach may initially not provide the

correct parameter values but will converge towards the correct values.

The specific approach uses a gradient search process for both the beam shape

parameter and the beam direction parameter but it will be appreciated that a gradient search

may in principle be applied to only one of the parameters.

Thus, in the example, the update value is dependent on a derivative value of

the cost function. Specifically, the update value for the beam shape parameter is dependent

on the value of the derivative of the cost function relative to the beam shape parameter and

the update value for the beam direction parameter is dependent on the value of the derivative

of the cost function relative to the beam direction parameter.

In more detail, the estimations of the values a and p s, are generated by an

adaptive algorithm based on a steepest descent update, where the update step is in the

direction opposite to the surface of the cost function. Thus:



and

where denotes estimated values, denotes the gradient with respect to variable q and µ

is a step size controlling the dynamic behavior of the adaptive algorithm.

The derivatives (gradients) may be determined as:

and

where y[k] as previously described is determined by

Since the gradient computation depends on the energy of the reference beam

signals m[k], dx[k], dy[k] , it is often beneficial to normalize the update equation. This may

yield:



and

where [k iis the power-estimate of the omni-directional response which is included to

normalize the adaptation, and ε is a small value to prevent zero division.

It is noted that the approach allows for an independent determination of

updated values for the two parameters. In particular, the current update value for one

parameter does not depend on the current update value for the other parameter but only on

previous values .

This approach may provide a highly efficient approach and the combination of

the gradient search with the combination and specific zero derivative based approach for

calculating direction estimates results in an accurate approach for determining direction

estimates yet maintains low complexity and low computational resource requirements.

As an example, the adaptive algorithm has been simulated for following three

sets of source- locations:

It is noted that for each set of sound sources, two optimal solutions for the

parameter values are valid (both having a cost function value of zero). One optimal solution

is for positive values of a whereas the other is for negative values of a . However, both

solutions result in the same directional estimates for the two sources.

In the simulations, two uncorrelated Gaussian noise sequence sources with

unit variance were used. Also uncorrelated noise was added to the monopole signal and the

two orthogonal dipole signals with a variance of 0.0001 for the monopole and 0.000058 for

the dipoles (corresponding to a spherical isotropic noise field).



The ensemble-averaged results (over 10000 independent runs) for the

estimated values of the direction estimates φni are illustrated in FIG. 5 and 6 . The beam

patterns corresponding to the combined signals for the three sets of sound sources are

illustrated in FIG. 7 . As can be seen the nulls are placed at the correct azimuthal angles.

Furthermore, it is clear that for Set # 1 the shape of the beam pattern is similar to that of Set

#3 apart from a scale-factor. This scale-factor is caused by the fact that the beam pattern of

Set # 1 is constructed from a positive value of α whereas the beam pattern of Set #3 is

constructed from a negative value of α. For values of α between 0 and 1, the main-lobe of the

beam pattern has a unity gain-factor. FIG. 8 illustrates the convergence of the ensemble-

averaged cost measure.

In some embodiments, the estimation processor 107 is arranged to limit the

beam shape parameter to a reduced operating interval. The interval may specifically restrict

the value to result in the maximum weighting of the first reference beam being smaller than

the weighting of the combined weighting of the second and third reference beam of the at

least three reference beams. In the specific example, this may simply be achieved by

requiring that α < ½.

The restriction of the beam shape value to a weighting of the monopole being

smaller than the dipole resulting from the combination of the two individual reference beam

dipoles ensures that at least two notches will be present in the azimuthal plane.

In the previous description, it was assumed that the two sound sources were

located in the azimuth plane. Specifically, the reference beam equations:

were simplified by assuming the elevation parameter θ is equal to π/2 and thus sin(9)=l .

However, in some embodiments it may be advantageous to take the elevation of sound

sources into account. In such a case, the beam shape of the combined signal may be

represented by:



Using the cost function

with

yields

where the elevation angle for each of the sound sources is represented by

Differentiating this function with respect to the beam shape parameter a and

the beam direction parameter φ s yields:

with

and



with

Thus, the derivative functions correspond to the functions determined for the

two dimensional case but modified to take into account the elevation parameter In

particular, setting results in the above equations reducing to the ones previously

derived.

As before, requiring the derivative to be zero provides an unstable solution

corresponding to

and thus

Ignoring this solution provides the solution:

Thus, as can be seen, the requirement of the derivatives being zero results in a

corresponding equation for determining the direction estimates from the parameter values as

for the two dimensional case (where it is assumed that the sound sources are in the azimuth

plane). However, as illustrated, the direction estimates are modified to also be dependent on

the elevation. It is noted that the elevation of the sound sources outside the azimuth plane

(that of the microphone array) results in the introduction of an error in the two dimensional

plane if the previous simplified two dimensional equation is used.

In some embodiments, the two-dimensional direction estimates may therefore

be compensated for an elevation of the sound sources outside the plane. As a simple example,

a user may manually determine the elevation angle of the potential sources relative to the

microphone array and may manually enter the elevation angle. For example, for a conference



application where the microphone array is located at the center of a conference table, the

elevation angle corresponding to a typical speaking height of people sitting around the table

may be determined and fed to the apparatus. This elevation angle is then used as a fixed

predetermined calibration value in the above equation.

Such an approach may improve the accuracy of the determined direction

estimates. However, it will be appreciated that for many practical applications, the error

introduced due to elevation of the sound sources will be insignificant and may simply be

ignored.

In some embodiments, the apparatus may further be arranged to generate

three-dimensional direction estimate for the two direction estimates. Specifically in addition

to the azimuth angle an elevation angle may also be determined.

In some embodiments the reference processor 105 is further arranged to

generate a fourth reference beam as a directional beam having a peak gain in a direction

which extends out from the plane formed by the peak gains of the second and third reference

beams. Such beams may specifically be generated using a three dimensional microphone

array. For example, in addition to the three microphones Mi, M2, M3 of the x,y plane (ref Fig.

2), the microphone array may further comprise a fourth microphone which is displaced in the

z direction, i.e. for which z 0 .

In the specific example, the microphone array may comprise four microphones

which are placed at the points of a regular tetrahedron. Thus, a symmetric spherical

microphone arrangement may be used. Similar to the planar microphone array, using

directional (e.g. cardioid) microphones in the spherical microphone array has the advantage

that the sensitivity to sensor noise and sensor-mismatches is greatly reduced.

Furthermore, in the example the reference processor 105 may combine the

signals to generate a fourth reference beam which is a dipole with a similar shape as the

dipoles of the second and third reference beams. Specifically, the dipoles may be orthogonal

and identical apart from the orientation (direction). Specifically, the reference processor 105

may generate the following reference beams:



where Θis the elevation angle and Φ is the azimuth angle. Thus, in addition to the three

reference beams of the previous two dimensional example, a third dipole directed along the

z-axis is generated. The reference beams are illustrated in FIG. 9 .

The apparatus may then proceed to first perform a two-dimensional direction

estimation process as previously described based on the first three reference beams, i.e. based

on

As demonstrated above, the derivatives are zero when

Thus, the direction estimation based on the first three reference beams

identifies a set of points in the three dimensional space. The above equation specifically

defines a set of points corresponding to a periphery of a (rotationally symmetric) cone, where

the cone originates from the center of the coordinate system. All sound sources located at

points on the periphery of the cone result in zero derivatives. The points of the cone

periphery which intersects the x-y plane corresponds to the previous two dimensional

estimates.

The apparatus may further proceed to perform the exact same operations based

on the first, second and fourth reference beams, i.e. based on Em, E d
x and E d

z . Thus, a second

set of beam shape parameter and beam shape parameter values that result in zero derivates

for the cost function are determined for these three reference beams. The processing is

equivalent to that for the x-y plane but corresponds to the x-z plane. Thus, the determined

beam shape parameter and beam direction parameter values define a second cone of possible

sound source localizations.

The apparatus may then proceed to determine the three dimensional estimates

based on both processes, and thus based on both the beam shape parameter and beam

direction parameter values for the x-y plane and the beam shape parameter and the beam

direction parameter values for the x-z plane.

Specifically, the x-y plane evaluation results in a first set of three-dimensional

points for which the derivative of the cost function for the x-y plane is zero (the first cone)

and the x-z plane evaluation results in a second set of three-dimensional points for which the



derivative of the cost function for the x-z plane is zero (the second cone). As the sound

source positions must meet both requirements, the set of possible sound source positions

correspond to the points that are included in both sets of points. Thus, the sets of possible

sound source positions correspond to the intersections of the two cones. Hence, the sets of

possible sound source positions define two lines in three dimensional space, both originating

from the center of the coordinate system.

The selection between the intersecting points may be made based on a

requirement that they correspond to a predetermined gain value, i.e. that they are at a specific

distance to the center of the coordinate system. Specifically, in the example where all

reference beams are unity gain beams, the sound source points may be found by the

intersection of the sets of possible sound source positions with the unity sphere. This results

in two specific points being determined. The two points (¾, y;, ) with i=l,2 can be translated

into the spherical coordinates:

and

where arctan[-] is the four-quadrant arctangent operator.

Thus, the use of a fourth reference beam and equivalent processing in two

planes may be used to determine three dimensional direction estimates.

It will be appreciated that the described approach could use any two of the

three planes, i.e. the three dimensional direction estimation could alternatively be based on

the reference beam sets, or the

reference beam sets.

In some embodiments, the algorithm may be performed for all three planes.

The direction estimation may then be based on the two planes for which the difference

between the estimated angles in the plane is the largest. This because we know that the

adaptive behavior of the algorithm becomes worse when the difference between the angles of



the two sources (observed in the respective plane) becomes small (e.g. when a comes close to

½). Hence, we select the two planes, where a / (a -1) is most close to 0 (zero).

It will be appreciated that the direction estimates may be used advantageously

in many scenarios and for many applications. For example, it may form the basis of sound

source separation which e.g. may be used directional beams or zeroes that are steered in

response to the directional estimates. For example, two beams may be formed in the

estimated directions of the sound sources (when the sound sources represent wanted signals)

or two zeroes may be formed in the estimated directions of the sound sources (when the

sound sources represent undesired signals) using any suitable beamforming technique.

It will be appreciated that the above description for clarity has described

embodiments of the invention with reference to different functional circuits, units and

processors. However, it will be apparent that any suitable distribution of functionality

between different functional circuits, units or processors may be used without detracting from

the invention. For example, functionality illustrated to be performed by separate circuits,

processors or controllers may be performed by the same circuit, processor or controllers.

Hence, references to specific functional units or circuits are only to be seen as references to

suitable means for providing the described functionality rather than indicative of a strict

logical or physical structure or organization.

The invention can be implemented in any suitable form including hardware,

software, firmware or any combination of these. The invention may optionally be

implemented at least partly as computer software running on one or more data processors

and/or digital signal processors. The elements and components of an embodiment of the

invention may be physically, functionally and logically implemented in any suitable way.

Indeed the functionality may be implemented in a single unit, in a plurality of units or as part

of other functional units. As such, the invention may be implemented in a single unit or may

be physically and functionally distributed between different units, circuits and processors.

The term circuit, processor, controller etc does not imply a specific

construction or implementation but may be implemented in any suitable fashion. Specifically,

a circuit may e.g. be a processing algorithm implemented as an executable code on a suitable

processor.

Although the present invention has been described in connection with some

embodiments, it is not intended to be limited to the specific form set forth herein. Rather, the

scope of the present invention is limited only by the accompanying claims. Additionally,

although a feature may appear to be described in connection with particular embodiments,



one skilled in the art would recognize that various features of the described embodiments

may be combined in accordance with the invention. In the claims, the term comprising does

not exclude the presence of other elements or steps.

Furthermore, although individually listed, a plurality of means, elements,

circuits or method steps may be implemented by e.g. a single circuit, unit or processor.

Additionally, although individual features may be included in different claims, these may

possibly be advantageously combined, and the inclusion in different claims does not imply

that a combination of features is not feasible and/or advantageous. Also the inclusion of a

feature in one category of claims does not imply a limitation to this category but rather

indicates that the feature is equally applicable to other claim categories as appropriate.

Furthermore, the order of features in the claims do not imply any specific order in which the

features must be worked and in particular the order of individual steps in a method claim

does not imply that the steps must be performed in this order. Rather, the steps may be

performed in any suitable order. In addition, singular references do not exclude a plurality.

Thus references to "a", "an", "first", "second" etc do not preclude a plurality. Reference signs

in the claims are provided merely as a clarifying example shall not be construed as limiting

the scope of the claims in any way.



CLAIMS:

1. An audio source localization apparatus comprising:

a receiving circuit (103) for receiving signals from an at least two-dimensional

microphone array (101) comprising at least three microphones;

a reference circuit (105) for generating at least three reference beams from the

microphone signals, the three reference beams having different directional properties; and

an estimation circuit (107) for generating a simultaneous direction estimate for

two sound sources, the estimation circuit comprising:

a circuit (401) for generating a combined signal by combining signals of the at

least three reference beams, the combination having a beam shape parameter reflecting a

shape of an audio beamform for the combined signal and a beam direction parameter

reflecting a direction of an audio beamform for the combined signal,

a circuit (403) for generating a cost measure indicative of an energy measure

of the combined signal,

a circuit (405) for estimating a beam shape parameter value for the beam shape

parameter and a beam direction parameter value for the beam direction parameter

corresponding to a local minimum for the cost measure, and

a circuit (407) for determining a first direction estimate of a first sound source

and a second direction estimate for a second sound source as functions of the beam shape

parameter value and the beam direction parameter value.

2 . The audio source localization apparatus of claim 1 wherein the estimation

circuit (107) is arranged to iteratively determine an update value for at least a first parameter

of the beam shape parameter and the beam direction parameter in response to the combined

signal, a current value of the beam shape parameter and a current value of the beam direction

parameter, and to generate a new value for the first parameter from the update value and a

current value of the first parameter.

3 . The audio source localization apparatus of claim 2 wherein the update value is

dependent on a derivative value of the cost measure with respect to the first parameter.



4 . The audio source localization apparatus of claim 2 wherein the estimation

circuit (107) is arranged to independently determine update values for both the beam shape

parameter and the beam direction parameter.

5 . The audio source localization apparatus of claim 1 wherein the estimation

circuit (107) is arranged to estimate the local minimum using a gradient search process for at

least one of the beam shape parameter and the beam direction parameter.

6 . The audio source localization apparatus of claim 1 wherein the estimation

circuit (107) is arranged to limit the beam shape parameter to a reduced operating interval

corresponding to a maximum weighting of a first reference beam of the at least three

reference beams being smaller than a combined weighting of a second and third reference

beam of the at least three reference beams.

7 . The audio source localization apparatus of claim 1 wherein the first direction

estimate and the second direction estimate are two-dimensional direction estimates in a plane

and the estimation circuit is arranged to compensate the first direction estimate and the

second direction estimates for an elevation of the source outside the plane.

8. The audio source localization apparatus of claim 1 wherein the microphone

array (101) is a three-dimensional microphone array comprising at least four microphones;

the reference circuit (105) is arranged to further generate a fourth reference

beam and the estimation circuit (107) further comprises:

a circuit for (401) generating a further combined signal by combining signals

of the fourth reference beam and at least two other reference beams of the at least three

reference beams, the combination having a further beam shape parameter reflecting a shape

of an audio beamform for the further combined signal and a further beam direction parameter

reflecting a direction of a further audio beamform for the further combined signal,

a circuit for (403) generating a further cost measure indicative of an energy

measure of the further combined signal,

a circuit for (405) estimating a further beam shape parameter value for the

further beam shape parameter and a further beam direction parameter value for the beam

direction parameter corresponding to a local minimum for the further cost measure; and



wherein the circuit (407) for determining of the first direction estimate and the second

direction estimate is arranged to further determine the first direction estimate and the second

direction estimate in response to the further beam shape parameter value and the further beam

direction parameter value.

9 . The audio source localization apparatus of claim 8 wherein the beam shape

parameter value and the beam direction parameter value characterize a first set of three-

dimensional points for which a derivative of the cost measure with respect to at least one of

the beam shape parameter and the beam direction parameter is zero; and the further beam

shape parameter value and the further beam direction parameter characterize a second set of

three-dimensional points for which a derivative of the further cost measure with respect to at

least one of the further beam shape parameter and the further beam direction parameter is

zero; and wherein the estimation circuit (107) is arranged to determine the first direction

estimate and the second direction estimate as direction estimates for at least two three-

dimensional points comprised in both the first set of three-dimensional points and the second

set of three-dimensional points.

10. The audio source localization apparatus of claim 9 wherein the estimation

circuit (107) is arranged to select the at least two three-dimensional points in response to a

requirement that the at least two three-dimensional points correspond to a predetermined gain

value.

11. The audio source localization apparatus of claim 1 wherein the estimation

circuit (107) is arranged to determine the first direction estimate and the second direction

estimate as direction estimates which for the beam shape parameter value and the beam

direction parameter value correspond to an analytical derivative of the cost function with

respect to at least one of the beam shape parameter and the beam direction parameter being

zero.

12. The audio source localization apparatus of claim 1 wherein a first reference

beam of the at least three reference beams is a monopole and at least a second reference beam

and a third reference beam of the at least three reference beams are differently directed

dipoles.



13. The audio source localization apparatus of claim 11 wherein the beam

direction parameter reflects a weighting of the second reference beam relative to the third

reference beam, and the beam shape parameter reflects a weighting of the first reference

beam relative to the second and third reference beams.

14. The audio source localization apparatus of claim 1 wherein the combination is

substantially given by:

where y[k] represents sample k of the combined signal, m[k] represents sample k of the first

reference beam, dx[k] represents sample k of the second reference signal, dy[k] represents

sample k of the third reference signal, a is the beam shape parameter and φs is the beam

direction parameter.

15 A method of audio source localization comprising:

receiving signals from an at least two-dimensional microphone array (101)

comprising at least three microphones;

generating at least three reference beams from the microphone signals, the

three reference beams having different directional properties; and

generating a simultaneous direction estimate for two sound sources by

performing the steps of:

generating a combined signal by combining signals of the at least three

reference beams, the combination having a beam shape parameter reflecting a shape of an

audio beamform for the combined signal and a beam direction parameter reflecting a

direction of an audio beamform for the combined signal,

generating a cost measure indicative of an energy measure of the combined

signal,

estimating a beam shape parameter value for the beam shape parameter and a

beam direction parameter value for the beam direction parameter corresponding to a local

minimum for the cost measure, and



determining a first direction estimate of a first sound source and a second

direction estimate for a second sound source as functions of the beam shape parameter value

and the beam direction parameter value.
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