09/0:50487 A1 IR 0 0 RO

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

(19) World Intellectual Property Organization
International Bureau

(43) International Publication Date
23 April 2009 (23.04.2009)

£
25 g2 I 0 O OO O

(10) International Publication Number

WO 2009/050487 Al

(51) International Patent Classification:
GOIL 21/02 (2006.01) HO4R 3/00 (2006.01)

(21) International Application Number:
PCT/GB2008/003538

(22) International Filing Date: 17 October 2008 (17.10.2008)

(25) Filing Language: English

(26) Publication Language: English
(30) Priority Data:

0720473.8 19 October 2007 (19.10.2007) GB

(71) Applicant (for all designated States except US): UNI-
VERSITY OF SURREY [GB/GB]; Guildford, Surrey
GU2 7XH (GB).

(72) Inventors; and

(75) Inventors/Applicants (for US only): GUNEL HACI-
HABIBOGLU, Banu [TR/GB]; 12 Graylands Court,
Upper Edgeborough Road, Guildfort, Surrey GU1 2BQ
(GB). HACIHABIBOGLU, Huseyin [TR/GB]; 12 Gray-
lands Court, Upper Edgeborough Road, Guildford, Surrey
GU1 2BQ (GB). KONDOZ, Ahmet [GB/GB]; 6 Marlyns
Close, Guildford, Surrey GU4 7LR (GB).

(74) Agent: WILSON, Alan, Stuart; Barker Brettell LLP, 138
Hagley Road, Edgbaston, Birmingham B16 9PW (GB).

(81) Designated States (unless otherwise indicated, for every
kind of national protection available): AE, AG, AL, AM,
AQ, AT, AU, AZ, BA, BB, BG, BH, BR, BW, BY, BZ, CA,
CH, CN, CO, CR, CU, CZ, DE, DK, DM, DO, DZ, EC, EE,
EG, ES, F1, 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, PG, PH, PL, PT,
RO, RS, RU, SC, SD, SE, SG, SK, SL, SM, ST, SV, SY, TJ,
™™, 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), Burasian (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, IT, LT, LU, LV, MC, MT, NL,
NO, PL, PT, RO, SE, SI, SK, TR), OAPI (BF, BJ, CF, CG,
CIL CM, GA, GN, GQ, GW, ML, MR, NE, SN, TD, TG).

Published:
with international search report

(54) Title: ACOUSTIC SOURCE SEPARATION

Fig. 1

12

14

& (57) Abstract: A method of separating a mixture of acoustic signals from a plurality of sources comprises: providing pressure
signals indicative of time- varying acoustic pressure in the mixture; defining a series of time windows; and for each time window:
a) providing from the pressure signals a series of sample values of measured directional pressure gradient; b) identifying different
frequency components of the pressure signals ¢) for each frequency component defining an associated direction; and d) from the
frequency components and their associated directions generating a separated signal for one of the sources.



WO 2009/050487 _ PCT/GB2008/003538

10

15

20

25

30

1
ACOUSTIC SOURCE SEPARATION

FIELD OF THE INVENTION
The present invention relates to the processing of acoustic signals, and in
particular to the separation of a mixture of sounds from different sound

sources.

BACKGROUND TO THE INVENTION

The separation of convolutive mixtures aims to estimate the
individual sound signals in the presence of other such signals in
reverberant environments. As sound mixtures are almost always
convolutive in enclosures, their separatibn is a useful pre-processing stage
for speech recognition and speaker identification problems. Other direct
application areas also exist such as in hearing aids, teleconferencing,
multichannel audio and acoustical surveillance. Several techniques have
been proposed before for the separation of convolutive mixtures, which
can be grouped into three different categories: stochastic, adaptive and

deterministic.

Stochastic methods, such as the independent component analysis
(ICA), are based on a separation criterion that assumes the statistical
independence of the source signals. ICA was originally proposed for
instantaneous mixtures. It is applied in the frequency domain for
convolutive mixtures, as the convolution corresponds to multiplication in
the frequency domain. Although faster implementations exist such as the
FastICA, stochastic methods are usually computationally expensive due to
the several iterations required for the computation of the demixing filters.
Furthermore, frequency domain ICA-based techniques suffer from the
scaling and permutation issues resulting from the independent application

of the separation algorithms in each frequency bin.
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The second group of methods are based on adaptive algorithms that
optimize a multichannel filter structure according to the signal properties.
Depending on the type of the microphone array used, adaptive
beamforming (ABF) utilizes spatial selectivity to improve the capture of
the target source while suppressing the interferences from other sources.
These adaptive algorithms are similar to stochastic methods in the sense
that they both depend on the properties of the signals to reach a solution.
It has been shown that the frequency domain adaptive beamforming is
equivalent to the frequency domain blind source separation (BSS). These
algorithms need to adaptively converge to a solution which may be
suboptimal. They also need to tackle with all the targets and interferences
jointly. Furthermore, the null beamforming applied for the interference
signdl is not very effective under reverberant conditions due to the

reflections, creating an upper bound for the performance of the BSS.

Deterministic methods, on the other hand, do not make any
assumptions about the source signals and depend solely on the
deterministic aspects of the problem such as the source directions and the
multipath characteristics of the reverberant environment. Although there
have been efforts to exploit direction-of-arrival (DOA) information and
the channel characteristics for solving the permutation problem, these
were used in an indirect way, merely to assist the actual separation

algorithm, which was usually stochastic or adaptive.

A deterministic approach that leads to a closed-form solution is
very desirable from the computational point of view. However, no such
method with satisfactory performance has been proposed so far. There are
two reasons for this. Firstly, the knowledge of the source directions is not
sufficient for good separation, because without adaptive algorithms, the
source directions can be exploited only by simple delay-and-sum

beamformers. However, due to the limited number of microphones in an
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array, the spatial selectivity of such beamformers is not sufficient to
perform well under reverberant conditions. Secondly, the multipath
characteristics of the environment can not be found with sufficient
accuracy while using non-coincident arrays, as the channel characteristics
are different at each sensor position which in turn makes it difficult to

determine the room responses from the mixtures.

Almost all of the source separation methods employ non-coincident
microphone arrays to the extent that the existence of such an array
geometry is an inherent assumption by default in the formulation of the
problem. The use of a coincident microphone array was previously
proposed to exploit the directivities of two closely positioned directional
microphones (J.M. Sanchis and J. J. Rieta, “Computati(;nal Cost
Reduction using coincident boundary microphones for convolutive blind
signal separation” Electronics Lett., vol. 41, no. 6 pp. 374-376 March
2005). However, the construction of the solution disregarded the fact that
the reflections are weighted with different directivity factors according to
their arrival directions for two directional microphones pointing at
different angles. Therefore, the method was, in fact, not suitable for
convolutive mixtures. In literature, coincident microphone arrays have
been investigated mostly for intensity vector calculations and sound
source localization (H.E. de Bree, W.F. Druyvesteyn, E. Berenschot, and
M. Elwenspoek, “Three dimensional sound intensity measurements using
Microflown particle velocity sensors”, in Proc. 12* IEEE Int. Conf. on
Micro Electro Mech. Syst., Orlando, FL, USA, January 1999, pp. 124-
129: J. Merimaa and V. Pulkki, “Spatial impulse response rendering I:
Analysis and synthesis,” J. Audio Eng. Soc., vol. 53, no.12, pp. 1115-
1127, December 2005; B. Gunel, H. Hacihabiboglu, and A.M. Kondoz,
“Wavelet-packet based passive analysis of sound fields using a coincident
microphone array,” Appl. Acoust., vol. 68, no.7, pp. 778-796, July
2007).
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SUMMARY TO THE INVENTION

The present invention provides a technique that can be used to
provide a closed form solution for the separation of convolutive mixtures
captured by a compact, coincident microphone array. The technique may
depend on the channel characterization in the frequency domain based on
the analysis of the intensity vector statistics. This can avoid the
permutation problem which normally occurs due to the lack of channel

modeling in the frequency domain methods.

Accordingly the present invention provides a method of separating
a mixture of acoustic signals from a plurality of sources, the method
comprising any one or more of the following:

providing pressure signals indicative of time-varying acoustic
pressure in the mixture;

defining a series of time windows; and for each time window:

a) generating from the pressure signals a series of sample values
of measured directional pressure gradient;

b) identifying different frequency components of the pressure
signals;

c) for each frequency component defining an associated direction;

d) from the frequency components and their associated directions

generating a separated signal for one of the sources.

The separation may be performed in two dimensions, or three

dimensions.

The method may include generating the pressure signals, or may be

performed on pressure signals which have already been obtained
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The method may include defining from the pressure signals a series
of values of a pressure function. The directionality function may be
applied to the pressure function to generate the separated signal for the
source. For example, the pressure function may be, or be derived
from, one or more of the pressure signals, which may be generated
from one or more omnidirectional pressure sensors, or the pressure

function may be, or be derived from, one or more pressure gradients.

The separated signal may be an electrical signal. The separated
signal may define an associated acoustic signal. The separated signal

may be used to generate a corresponding acoustic signal.

The associated direction may be determined from the pressure

gradient sample values.

The directions of the frequency components may be combined to
form a probability distribution from which the directionality function

is obtained.

The directionality function may be obtained by modelling the
probability distribution so as to include a set of source components

each comprising a probability distribution from a single source.

The probability distribution may be modelled so as also to include

a uniform density component.

The source components may be estimated numerically from the

measured intensity vector direction distribution.
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6
Each of the source components may have a beamwidth and a
direction, each of which may be selected from a set of discrete

possible values.

The directionality function may define a weighting factor which
varies as a function of direction, and which is applied to each
frequency component of the omnidirectional pressure signal depending

on the direction associated with that frequency.

The present invention further provides a system for separating a
mixture of acoustic signals from a plurality of sources, the system
comprising:

sensing means arranged to provide pressure signals indicative of
time varying acoustic pressure in the mixture; and

processing means arranged

to define a series of time windows; and for each time window to:

a) generate from the pressure signals a series of sample values of
measured directional pressure gradient;

b) identify different frequency components of the pressure signals

c) for each frequency component define an associated direction;

d) from the frequency components and their associated directions

generate a separated signal for the selected one or more sources.

The system may be arranged to carry out any of the method steps

of the method of the invention.

Preferred embodiments of the present invention will now be
described by way of example only with reference to the accompanying

drawings.



WO 2009/050487 PCT/GB2008/003538

10

15

20

25

30

7
BRIEF DESCRIPTION OF THE DRAWINGS

Figure 1 is a schematic diagram of a system according to an

embodiment of the invenion;

Figure 2 is a diagram of a microphone array forming part of the

system of Figure 1;

Figure 3 is a graph showing examples of some von Mises functions
of different beamwidths used in the processing performed by the system

of Figure 1;

Figure 4 is a graph showing probability density functions,
estimated individual mixture components, and fitted mixture for two

active sources in the system of Figure 1;

Figure 5 is a graph, similar to Figure 5, for three active sources in

the system of Figure 1;

Figure 6 is a functional diagram of the processing stages

performed by the system of Figure 1;

Figures 7 is a graph of signal to interference ratio as a function of

angular source separation for a two source system in two different rooms;

Figure 8 is a graph of signal to distortion ratio as a function of

angular source separation for a two source system in two different rooms;

Figure 9 is a graph of signal to interference ratio as a function of
angular source separation for a three source system in two different

rooms,
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8
Figure 10 is a graph of signal to distortion ratio as a function of

angular source separation for a three source system in two different

rooms.

Figure 11 is schematic diagram of a microphone array of a system

according to a further embodiment of the invention;

Figure 12 is a schematic diagram of the microphone array of a

system according to a further embodiment of the invenion;

Figure 13 is a graph showing examples of some von Mises
functions of different beamwidths used in the processing performed by the

system of Figure 12

Figures 14a-g show a mixture signal p,(¢)(Figure 14a),

reverberant originals of three signals making up the mixture signal
(Figures 14b-d)) and separated signals (Figures 14e-g) obtained from the

mixture using the system of Figure 12

Figure 15 is a graph showing the r.m.s. energies of the signals in

the mixture of Figure 14;

Figure 16 is a graph showing the signal to interference ratio (SIR)
for the separated signals for 2-, 3- and 4-source mixtures at different

source positions, as obtained with the system of Figure 12; and

Figure 17 is a graph showing the relationship between actual
source direction and the direction of r.m.s. energy peaks calculated for 2-

3- and 4-source mixtures using the sytem of Figure 12.
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DESCRIPTION OF THE PREFERRED EMBODIMENTS

Referring to Figure 1, an audio source separation system according
to a first embodiment of the invention comprises a microphone array 10,
a processing system, in this case a personal computer 12, arranged to
receive audio signals from the microphone array and process them, and a
speaker system 14 arranged to generate sounds based on the processed
audio signals. The microphone array 10 is located at the centre of a circle
of 36 nominal source positions 16. Sound sources 18 can be placed at any

of these positions and the system is arranged to separate the sounds from

~ each of the source positions 16. Clearly in a practical system the sound

source positions could be spaced apart in a variety of ways.

Referring to Figure 2, the microphone array 10 comprises four
omnidirectional microphones, or pressure sensors, 21, 22, 23, 24
arranged in a square array in a horizontal plane. The diagonals of the
square define x and y axes with two of the microphones 21, 22 lying on
the x axis and two 23, 24 lying on the y axis. The four sensors 21, 22,
23, 24 are arranged to generate pressure signals p,, p., p; p.respectively.
This allows the pressure pw at the centre of the array and the pressure

gradients p, and p, in the x and y directions to be determined using:

po= 0.5+ p.+ p;+ pJ
Pc= Pi-p: 4
Py = Pi- P

In general, in the time-frequency domain, the pressure signal

recorded by the m" microphone of the array, with N sources, can be

written as

N
pu@,) =Y . (@,0)s,(@,) (1)

n=1
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where h (@,t) is the time-frequency representation of the transfer
function from the n™ source to the m" microphone, and s,(@,f) is the

time-frequency representation of the n" original source. The aim of the
sound source separation is estimating the individual mixture components

5 from the observation of the microphone signals only.

Assuming that four omnidirectional microphones are positioned
very closely on a plane in the geometry as shown in Figure 2, each

h. (w,t) coefficient can be represented as a plane wave arriving from
10  direction ¢,(w,f) with respect to the center of the array. Assuming the

pressure at the center of the array due to this plane wave is p, (@,f).
Then,

hl”(a),t) _ po(a),t)ejkdmsw”(w’t)]

O
b, (0,f) = p,(@, t)e-jkd cost, (@,1)] )
th (0), t) = P (a), t)ejkd sinl4), (a)’t)] (4)

b, (@,t) = po(w,t)e-ikdsinw,,(a),t)] ®)

where k is the wave number related to the wavelength A as

15 k=24/A, j is the imaginary unit and 2d is the distance between the two

microphones on the same axis. Now, define pw =0.5(p,+ P, + D3+ P,

Py =P, —P, and p, = p,—p,. Then,

N
Py (@,8) = ZO.S[h,,,(co,t) + by, (@,0) + by, (@,8) + by (@, 0)]s,(@,0)  (6)

n=1

20 pr(@0) =Y [h (0,0~ b, (0,0}, (0,0) (7

n=1

N
pr(@0)= Y (@0~ hy@,0)s,@0) @)

n=l1
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If kd <<1, i.e., when the microphones are positioned close to each
other in comparison to the wavelength, it can be shown by using the
relations cos(kd cosf)~1, cos(kdsinfd)~1, sin(kdcosd)~kdcos6 and
sin(kd sin @) ~ kd sin@ that,

py(@,0~> 2p,(@,0)s,(@,8) (9

n=1

pr(@.0)~ 2, (@, )kd cosid, (@,005,(0,1) (10)

N
py(@,0)~ Y j2p,(@,0kdsinlg,(@,0)s,(@,) (11)

The p, is similar to the pressure signal from an omnidirectional
microphone, and p, and p, are similar to the signals from two bi-
directional microphones that approximate pressure gradients along the X
and Y directions, respectively. These signals are also known as B-format
signals which can also be obtained by four capsules positioned at the sides
of a tetrahedron (P.G. Craven and M.A. Gerzon, “Coincident microphone
simulation covering three dimensional space and yielding various
directional outputs, US 4,042,779) or by, coincidently placed, one
omnidirectional and two bidirectional microphones facing the X and Y

directions.

The use of these signals for source separation based on intensity

vector analysis will now be described.

The acoustic particle velocity, v(r,w,t) is defined in two

dimensions as
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v(r,w,t) = ;)l—c[px(a),t)ux +p,,(a),t)uy] (12)
0

where p, is the ambient air density, c is the speed of sound, u,

and u, are unit vectors in the directions of corresponding axes.

The product of the pressure and the particle velocity gives

instantaneous intensity. The active intensity can be found as,

(w,r) - ;L[Re{p,} (@,0p, (@0}, + Re{py (@0 py(@,,] (13)

oC

Where * denotes conjugation and Re{e} denotes taking the real part

of the argument.

Then, the direction of the intensity vector y(@,t), i.e. the direction

of a single frequency component of the sound mixture at one time, can be

obtained by

Re{P;/(w,f)Py(w’t)}} (14)
Re{p:,,(a),t)px(a),t)}

y(w,t) = arctan[
The reverberant estimate of the n” source, 5, is obtained by
beamforming the omnidirectional pressure signal p, in the source
direction with a directivity function J,(6;®,t) so that,
5,(0,0) = py(0,0)),(y(@,);0,0)  (15)
The p, can be considered as comprising a number of components

each at a respective frequency, each component varying with time. The
directivity function, for a particular source and a particular time window,

takes each frequency component with its associated directiony(w,f)and

multiplies it by a weighting factor which is a function of that direction,
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giving an amplitude value for each frequency. The weighted frequency

components can then be combined to form a total signal for the source.

By this weighting, the time-frequency components of the
omnidirectional microphone signal are amplified more if the direction of
the corresponding intensity vector (i.e. the intensity vector with the same
frequency and time) is closer to the direction of the target source. It
should be noted that, this weighting also has the effect of partial
deconvolution as the reflections are also suppressed depending on their

arrival directions.

Calculation of the directivity function from the intensity vector

statistics will now be described.

The directivity function J, (6;@,t) used for the n" source is a

function of @ only in the analyzed time-frequency bin. It is determined by

the local statistics of the calculated intensity vector directions y(®,¢), of

which there is one for each frequency, for the analyzed short-time

window.

For a reverberant room, the pressure and particle velocity
components have Gaussian distributions. It may be suggested that the
directions of the resulting intensity vectors for all frequencies within the

analyzed short-time window are also Gaussian distributed.

In circular statistics, the equivalent of a Gaussian distribution is a

von Mises distribution whose probability density function is given as:

kcos(f-u)

N
VGRS Al (%) (16)
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for a circular random variable 8 where, 0<8<2x, 0<u<2rx is
the mean direction, x>0 is the concentration parameter and I,(x) is the

modified Bessel function of order zero.

For N sound sources, the probability density function of the
intensity vector directions (i.e. the number of intesity vectors as a
function of direction) for each time window can be modeled as a mixture
g(@) of N von Mises probability density functions each with a respective

mean direction of u,, corresponding to the source directions, and a

circular uniform density due to the isotropic late reverberation:

N
g(0)= ;‘—” e, fOu,x,) (17)

n=1

where, 0<a, <1 are the component weights, and Zia,. =1.

As analytical methods do not exist for finding the maximum
likelihood estimates of the mixture parameters, it can be assumed that the
@, and «, take discrete values within some boundary and the values of
these parameters that maximize the likelihood can be determined
numerically. The directivity function for beamforming in the direction of

the n” source for a given time-frequency bin is then defined as

& (t)cos(6—p,)
TG = )

For simplicity, the component weights can be assumed to be equal
to each other, i.e. @, =1/(N+1). It can be shown by using the definition
of the von Mises function in (16) that the concentration parameter x is
logarithmically related to the 6 dB beamwidth &, of this directivity

function as

x =In2/[1 - cos(8,,,/2)] (19)
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Then, in numerical maximum likelihood estimation, it is
appropriate to determine the concentration parameters from linearly

increasing beamwidth values. Figure 3 shows four von Mises functions
for 6 dB beamwidths of 10° (x=182.15), 45 (x=9.10), 90° (x=2.37)
and 180° (x=0.69).

Figures 4 and 5 show examples of the probability density functions
of the intensity vector directions, individual mixture components and the
fitted mixtures for two and three speech sources, respectively. The
sources are at 50° and 280° for Figure 4 and 50°, 200° and 300° for
Figure 5. The intensity vector directions were calculated for an
exemplary analysis window of length 4096 samples at 44.1 kHz in a room

with reverberation time of 0.83 s.

It should be noted that the fitting is applied to determine the
directivity functions. Therefore, testing the goodness-of-fit by methods

such as the Kuiper test is not discussed here.

The processing stages of the method of this embodiment, as carried

out by the PC 12 can be divided into 5 steps as shown in Figure 6.

Initially, the pressure and pressure gradient signals p.(t) p.(t) p,(t)
are obtained from the microphone array 10. These signals are sampled at
a sample rate of, in this case, 44.1 kHz, and the samples divided into
time windows each of 4096 samples. Then, for each time window the
modified discrete cosine transform (MDCT) of these signals are
calculated. Next, the intensity vector directions are calculated and using
the known source directions, von Mises mixture parameters are estimated.
Next, beamforming is applied to the pressure signal for each of the target

sources using the directivity functions obtained from the von Mises
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functions. Finally, inverse modified cosine transform (IMDCT) of the
separated signals for the different sources are calculated, which reveals

the time-domain estimates of the sound sources.

The pressure and pressure gradient signals are calculated from the
signals from the microphone array 10 as described above. However they
can be obtained directly in B-format by using one of the commercially
available tetrahedron microphones. The spacing between the microphones
should be small to avoid aliasing at high frequencies. Phase errors at low
frequencies should also be taken into account if a reliable frequency range
for operation is essential (F.J. Fahy, Sound Intensity, 2" ed. London:

E&FN SPON, 1995).

Time-frequency representations of the pressure and pressure
gradient signals are calculated using the modified discrete cosine
transform (MDCT) where subsequent time window blocks are overlapped
by 50% (J.P.Princen and A. Bradley, “ Analysis/synthesis filter bank
design based on time domain aliasing cancellation, “IEEE Trans.
Acoustic, Speech, Signal Process., vol. 34, no. 5, pp. 1153-1161,
October 1986). The MDCT is chosen due to its overlapping and energy
compaction properties to decrease the edge effects across blocks that
occur as the directivity function used for each time-frequency bin

changes. Perfect reconstruction is achieved with a window function w,

that satisfies w? +wZ,,, =1, where 2M is the window length. In this work,

the following window function is used:

w, = sin(zzr— sin’ [ﬁ (k + %m (20)
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The intensity vector directions are calculated for each frequency
within each time window, and rounded to the nearest degree. The mixture
probability density is obtained from the histogram of the found directions
for all frequencies. Then, the statistics of these directions are analyzed in
order to estimate the mixture component parameters as in (17). For

numerical maximum likelihood estimation, the 6 dB beamwidth is spanned
linearly from 10° to 180° with 10" intervals and the related concentration

parameters are calculated by using (19). Beamwidths smaller than 10°
were not included since very sharp clustering around a source direction
was not observed from the densities of the intensity vector directions. As
the point source assumption does not hold for real sound sources, such
clustering is not expected even in anechoic environments due to the
observed finite aperture of a sound source at the recording position.
Beamwidths more than 180° were also not considered as the resulting von
Mises functions are not very much different from the uniform density

functions.

Once the individual acoustic signals for the different sources have
been obtained it will be appreciated that they can be used in a number of
ways. For example, they can be played back through the speaker system
14 either individually or in groups. It will also be appreciated that the
separation is carried out independently for each time window, and can be
carried out at high speed. This means that, for each sound source, the
separated signals from the series of time windows can be combined
together into a continuous acoustic signal, providing continuous real time

source separation.

The algorithm was tested for mixtures of two and three sources for
various source positions, in two rooms with different reverberation times.

The recording setup, procedure for obtaining the mixtures, and the
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performance measures are discussed first below, followed by the results

presenting various factors that affect the separation performance.

The convolutive mixtures used in the testing of the algorithm were
obtained by first measuring the B-format room impulse responses,
convolving anechoic sound sources with these impulse responses and
summing the resulting reverberant recordings. This method exploits the

linearity and time-invariance assumptions of the linear acoustics.

The impulse responses were measured in two different rooms. The
first room was an ITU-R BS1116 standard listening room with a
reverberation time of 0.32 s. The second one was a meeting room with a
reverberation time of 0.83 s. Both rooms were geometrically similar

(L=8 m; W=5.5 m; H=3 m) and were empty duﬁng the tests.

For both rooms, 36 B-format impulse response recordings were
obtained at 44.1 kHz with a SoundField microphone system (SPS422B)
and a loudspeaker (Genelec 1030A), using a 16th-order maximum length
sequence (MLS) signal. Each of the 36 measurement positions were
located on a circle of 1.6 m radius for the first room, and 2.0 m radius
for the second room, as shown in Figure 1. The recording points were at
the center of the circles, and the frontal directions of the recording setup
were fixed in each room. Source locations were selected between 0° to
350° with 10° intervals with respect to the recording setup. At each
measurement position, the acoustical axis of the loudspeaker was facing
towards the array location, while the orientation of the microphone
system was kept fixed. The source and recording positions were 1.2 m
high above the floor. The loudspeaker had a width of 20 cm,
corresponding to the observed source apertures of 7.15° and 5.72° at the

recording positions for the first and second rooms, respectively.
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Anechoic sources sampled at 44.1 kHz were used from a
commercially available CD entitled “Music for Archimedes”. The 5-
second long portions of male English speech (M), female English speech
(F), male Danish speech (D), cello music (C) and guitar music (G) sounds
were first equalized for energy, then convolved with the B-format impulse
responses of the desired directions. The B-format sounds were then

summed to obtain FM, CG, FC and MG for two source mixtures and

FMD, CFG, MFC, DGM for three source mixtures.

There exist various criteria for the performance measure of source
separation techniques. In this work, one-at-a-time. signal-to-interference
ratio (SIR) is used for quantifying the separation, as separately
synthesized sources are summed together to obtain the mixture. This
metric is defined as:

~ 2
stk =L 1010g o) | o)
NiT E{(zsqu) }

i)

where N is the total number of sources, s, is the estimated

ils;

source 5, when only source s; is active, 5, is the estimated source §
J

when only source s; is active and E{e} is the expectation operator. It has

been suggested for convolutive mixtures that values of SIR above 15 dB

indicate a good separation.

In addition to SIR, Signal—to-distortion ratio (SDR) has also been
used in order to quantify the quality of the separated sources. However,
the SDR is sensitive to the reverberation content of the original source
used as the reference. If the anechoic source is used for comparison, this
measure penalizes the effect of the reverberation even if the separation is

quite good. On the other hand, if the reverberant source as observed at
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the recording position is used, then any deconvolution achieved in

addition to the separation is also penalized as distortion.

When only one sound source is active, any of the B-format signals
or cardioid microphone signals that can be obtained from them can be
used as the reference of that source. All of these signals can be said to
have perfect sound quality, as the reverberation is not distortion.
Therefore, it is fair to choose the reference signal that results in the best

SDR values.

A hypercardioid microphone has the highest directional selectivity
that can be obtained by using B-format signals providing the best signal-
to-reverberation gain. Since, the proposed technique performs partial
deconvolution in addition to reverberation, a hypercardioid microphone
most sensitive in the direction of the i” sound source is synthesized from

the B-format recordings when only one source is active, such that,

1 3 .
Pcis; = prqs,. + Z(Pxnsi COS [ + Py, Sm#i) (22)

The source signal obtained in this way is used as the reference

signal in the SDR calculation,

1 E{(5)"}
SDR=—) 101 i (23)
NZI: o E{(Si -Q; pcﬂs’. )2}

where a; = E{(Fi)z}/E{(pcqs‘.)z} .

Figures 7 and 8 show the signal-to-interference (SIR) and signal-to-
distortion (SDR) ratios in dB plotted against the angular interval between
the two sound sources. The first sound source was positioned at 0° and

the position of the second source was varied from 0° to 180" with 10°

intervals to yield the corresponding angular interval. The tests were



WO 2009/050487 PCT/GB2008/003538

10

15

20

25

30

21
repeated both for the listening room and for the reverberant room. The
error bars were calculated using the lowest and highest deviations from

the mean values considering all four mixtures (FM, CG, FC and MG).

As expected, better separation is achieved in the listening room
than in the reverberant room. The SIR values increase, in general, when
the angular interval between the sound sources increases, although at
around 180°, the SIR values decrease slightly because for this angle both

sources lie on the same axis causing vulnerability to phase errors.

The SDR values also increase when the angular interval between
the two sources increases. Similar to the SIR values, the SDR values are
better for the listening room which has the lower reverberation time. The
similar trend observed for the SDR and SIR values indicates that the
distortion is mostly due to the interferences rather than the processing

artifacts.

Figures 9 and 10 show the signal-to-interference (SIR) and signal-
to-distortion (SDR) ratios in dB plotted against the angular interval
between the three sound sources. The first sound source was positioned at
0", the position of the second source was varied from 0° to 120" with 10°
increasing intervals, and the position of the third source was varied from
360° to 240° with 10° decreasing intervals to yield the corresponding
equal angular intervals from the first source. The tests were repeated both
for the listening room and the reverberant room. The error bars were
calculated using the lowest and highest deviations from the mean values

considering all four mixtures (FMD, CFG, MFC and DMG).

The SIR values display a similar trend to the two-source mixtures,

increasing with increasing angular intervals and taking higher values in
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the room with less reverberation time. The values, however, are lower in

general from those obtained for the two-source mixtures, as expected.

The SDR values indicate better sound quality for larger angular
intervals between the sources and for the room with less reverberation
time. However, the quality is usually less than that obtained for the two-

source mixtures.

In the embodiments described above an acoustic source separation
method for convolutive mixtures has been presented. Using this method,
the intensity vector directions can be found by using the pressure and
pressure gradient signals obtained from a closely spaced microphone
array. The method assumes a priori knowledge of the sound source
directions. The densities of the observed intensity vector directions are
modeled as mixtures of von Mises density functions with mean values
around the source directions and a uniform density function corresponding
to the isotropic late reverberation. The statistics of the mixture
components are then exploited for separating the mixture by beamforming

in the directions of the sources in the time-frequency domain.

As described above, the method has been extensively tested for two
and three source mixtures of speech and instrument sounds, for various
angular intervals between the sources, and for two rooms with different
reverberation times. The embodiments described provide good separation
as quantified by the signal-to-interference (SIR) and signal-to-distortion
(SDR) ratios. The method performs better when the angular interval
between the sources is large. Similarly, the method performs slightly
better for the two-source mixtures in comparison with three-source
mixtures. As expected, higher reverberation time reduces the separation

performance and increases distortion.
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Important advantages of the embodiment described are the
compactness of the array, low number of individual channels to be
processed, and the simple closed-form solution it provides as opposed to
adaptive or iterative source separation algorithms. As such, the method of
this embodiment can be used in teleconferencing applications, hearing

aids, acoustical surveillance, and speech recognition among others.

For example, in a teleconferencing system it might be desirable for
speech from a single participant to be separated from other noise and
interfering speech sounds and played back, or it might be desirable for
the separated sound source signals to be played back from different
relative positions than the relative positions of the original sources. In
acoustical surveillance the method can be used to extract sound from one
source so that the remaining sounds, possibly from a large number of
other sources, can be analysed together. This can be used, for example,
to remove unwanted interference such as a loud siren, which otherwise
interferes with analysis of the recorded sound. The method can also be
used as a pre-processing stage in hearing aid devices or in automatic
speech recognition and speaker identification applications, as a clean
signal free from interferences improves the performance of recognition

and identification algorithms.

Further improvements could be achieved by applying this method
together with other source separation methods that exploit the differences

in the frequency content of the sound sources.

Referring to Figure 11, in a further embodiment of the invention,
if all sound sources and their reflections are restricted to the horizontal
half plane from ~7/2 to 7/2 | then the directions of the intensity vectors

can be calculated using only two pressure gradient microphones 110,
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110, with directivity patterns of D, (6) and DR(Q). For a plane wave,
p(@,1) arriving from direction” , the microphone signals become,
C,(@,1) = p(@,)D,(¥) (24)
Cr(@,8) = p(@,0) Dy (¥) (25)

If C(0,0)] Crl@,1) is an invertible, one-to-one function, 7 can be

calculated.

For example, assume that two cardioid microphones are

coincidently placed with look directions of ~¥ and ¥ as shown in Figure

11. The recorded signals for a plane wave p(@,?) arriving from direction

7 can be written as:

C,(@,t) = p(@,1)[0.5(1 + cos(y —w))],
Cp(@,t) = p(@,0)[0.51 + cos(y +y))l. (26)

By defining the ratio of these signals as kK,

K= 1+cos(y —y)
1+cos(y +vy) ’ 27)

it can be shown by using trigonometric relations that

) K-1 _{(l—K)cosy/)
¥ =sin —tan | ——— |
J1+ K2 2K cos 2y (1+K)siny

This enables the direction of the intensity vectors to be determined,

(28)

and a directivity function to be derived which can then be used for

beamforming to determine the separated acoustic signals for the sources.
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Referring to Figure 12, in a further embodiment of the invention a
compact microphone array used for intensity vector direction calculation
is made up of four microphones 120a, 120b, 120c, 120d placed at
positions which correspond to the four non-adjacent corners of a cube of

5 side length d. This geometry forms a tetrahedral microphone array.

Let us consider a plane wave arriving from the direction y(@,f) on
the horizontal plane with respect to the center of the cube. If the pressure
at the centre due to this plane wave is p,(@,f), then the pressure signals

10 p., P»» Pe» Pa recorded by the four microphones 120a, 120b, 120c, 120d

can be written as,

p@,f) = p(o0e jkdﬁ/Zcos(ﬂM—r(w.t)), (29)

P(@0) = p,(@,ne™ VR, (30)
@) = pa(a),t)e—jkdﬁ/2cos(7d4—y(w.t))’ (1)
p@t) = p (m,t)e—jkdﬁ/zsin(m-y(w,t))’ (32)

where k is the wave number related to the wavelength A as

k=22, j is the imaginary unit and 4 is the length of the one side of

15 the cube. Using these four pressure signals, B-format signals, p,, py

and p, can be obtained as: |
Py =05(p,+ P+ P+ P4)
Px=P.* Py~ P~ P, and
Py =Py Py =Pt Pa-

20 If, kd<< 1 i.e., when the microphones are positioned close to each
other in comparison to the wavelength, it can be shown by using the
relations cos(kdcosy)~1, cos(kdsiny)=1, sin(kdcosy)~kdcosy and
sin(kd siny) ~ kd siny that,

pw(@,0)=2p,(@,1), (33)

25

px(@,6)= j2p,(@,0)kdcos(y(@,0)),  (34)
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py(@,1) = j2p (0,O)kdsin(H{(@, 1)) (35)

The acoustic particle velocity, v(r,w,f), instantaneous intensity,
and direction of the intensity vector, y(@,?) can be obtained from p,, p,,

and p, using equations (12), (13) and (14) above.

Since the microphones 120a, 120b, 120c, 120d in the array are
closely spaced, plane wave assumption can safely be made for incident
waves and their directions can be calculated. If simultaneously active
sound signals do not overlap directionally in short time-frequency
windows, the directions of the intensity vectors correspond to those of the

sound sources randomly shifted by major reflections.

The exhaustive separation of the sources by decomposing the sound
field into plane waves using intensity vector directions will now be
described. This essentially comprises taking N possible directions, and
identifying from which of those possible directions the sound is coming,

which indicates the likely positions of the sources.

In a short time-frequency window, the pressure signal p,(@,t) can

be written as the sum of pressure waves arriving from all directions,
independent of the number of sound sources. Then, a crude approximation

of the plane wave s(u,,t) arriving from direction u can be obtained by

spatial filtering p,(@,t) as,

S(u,0,t)= py(0,0) f(¥(@,t); 4,5),  (36)
where f(y(o,t);4,x) is the directional filter defined by the von

Mises function, which is the circular equivalent of the Gaussian function

defined by equation (16) as described above.
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Spatial filtering involves, for each possible source direction or ‘look
direction’ multiplying each frequency component by a factor which varies
(as defined by the filter) with the difference between the look direction and

5 the direction from which the frequency component is detected as coming.

Figure 13 shows the plot of the three von Mises directional filters
with 10 dB, 30 dB and 45 dB beamwidths and 100°, 240° and 330°
pointing directions, respectively normalised to have maximum values of

10 1. By this directional filtering, the time-frequency samples of the pressure

signal p, are emphasized if the intensity vectors for these samples are on

or around the look direction x; otherwise, they are suppressed.

For exhaustive separation, i.e. separation of the mixture between a
15 total set of N possible source directions, N directional filters are used

with look directions p varied by 2#/N intervals. Then, the spatial

filtering yields a row vector § of size N for each time-frequency

component:
S(o,t) =
[ f(w,) O .. 0o |
Py (@,1)
? fz(f",t) - g @37
0 0 ... fu( :
@0 @0
L 4
20 where f(@,t) = f(y(@,0); 1) .

The elements of this vector can be considered as the proportion of
the frequency component that is detected as coming from each of the N
possibe source directions.

25
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This method implies block-based processing, such as with the
overlap-add technique. The recorded signals are windowed, i.e. divided
into time periods or windows of equal length. and converted into
frequency domain after which each sample is processed as in (37). These
are then converted back into time-domain, windowed with a matching

window function, overlapped and added to remove block effects.

The selection of the time window size is important. If the window
size is too short, then low frequencies can not be calculated efficiently.
If, however, the window size is too long, both the correlated interference
sounds and reflections contaminate the calculated intensity vector

directions due to simultaneous arrivals.

It should also be noted that although the processing is done in the
frequency domain, the deterministic application of the spatial filter
eliminates any permutation problem, which is normally observed in other
frequency-domain BSS techniques due to independent application of the

separation algorithms in each frequency bin.

Let us assume that the exhaustive separation by block-based

processing yields a time-domain signal matrix S of size NxL, where L
is the common length (in terms of the number of samples) of the signals

and typically N<<L. Using (36) and (37), it can be shown that the

column wise sum of S equals to p, (), because, fﬂi(y,a},t)d,u=pw(a),t)

due to the fact that f”f(e;y,/c)dy:l. Therefore, the exhaustive

separation does not introduce additional noise or artifact, which is not

present in p,, () originally.
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~

The singular value decomposition (SVD) of the signal matrix S

can be expressed as,

4
S =UDV’ =) ou,v., (38)

k=1

where Ue R" is an orthonormal matrix of left singular vectors

u,, VeR™ is an orthonormal matrix of right singular vectors v,,
D e R™ is a pseudo-diagonal matrix with o, values along the diagonals

and p=min(N,L).

The dimension of the data matrix S can be reduced by only
considering a signal subspace of rank m, which is selected according to

the relative magnitudes of the singular values as,
S=>ouv" . (39)
k=1

By selecting only the highest m singular values, independent rows

of the S matrix are obtained that correspond to the individual signals of

the mixture. Figure 14a shows the mixture signal p, (¢), Figures 14b, 14c

and 14d show the reverberant originals of each mixture signal and Figures
14e, 14f and 14g show the separated signalé for three speech sounds at
directions 30°, 100° and 300° recorded in a room with reverberation time
of 0.32 s. The data matrix is of size N=360 and L=288200 samples at
44.1 kHz sampling frequency, calculated using a block window size of
4096 samples. The signal subspace has been decomposed using the highest
three singular values. The three rows of the data matrix with highest
r.m.s. energy has been plotted. The number of the highest singular values

that are used in dimensionality reduction is selected to be equal to or
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higher than a practical estimate of the number of sources in the
environment. Alternatively, this number is estimated by simple

thresholding of the singular values.

When, the energies of the signals at each row of the reduced S
matrix are calculated and plotted, peaks are observed at some directions.
Figure 15 shows these r.m.s. energies for the previously given separation
example. These directions can be used as an indication of the directions
of the separated sources. However, the accuracy of the source directions
found by these local maxima can change due to the fact that highly
correlated early reflections of a sound may cause a shift in the calculated
intensity vector directions. While the selection of the observed direction,
rather than the actual one is preferable to obtain better SIR for the
purposes of BSS, for source localisation problems, a correction should be

applied if dominant early reflections are present in'the enviroment.

The algorithm has been tested with 2-, 3- and 4-source mixtures of
2-second long sound signals consisting of male speech (M), female speech
(F), cello (C) and trumpet (T) music of equal energy recorded in a room
of size (L=8 m; W=55 m; H=3 m) with a reverberation time of
0.32s. The 2-source mixture contained MF sounds where the first source
direction was fixed at 0° and the second source direction was varied from
30° to 330° with 30° intervals. Therefore, the angular interval between
the sources was varied and 11 different mixtures were obtained. The 3-
source mixture contaihed MFC sounds, where the direction of M was
varied from 0° to 90°, direction of F was varied from 120° to 210" and
direction of C was varied from 240" to 330° with 30° intervals.
Therefore, 4 different mixtures were obtained while the angular
separation between the sources were fixed at 120°. The 4-source mixture

contained MFCT sounds, where the direction of M was varied from 0’ to



WO 2009/050487

10

15

20

25

30

PCT/GB2008/003538

31

60°, direction of F was varied from 90° to 150°, direction of C was
varied from 180° to 240° and direction of T was varied from 270° to
330°with 30° intervals. Therefore, 3 different mixtures were obtained
while the angular separation between the sources were fixed at 90°.
Processing was done with a block size of 4096 and a beamwidth of 10°
for creating a data matrix of size 360x88200 with a sampling frequency
of 44.1 kHz. Dimension reduction was carried out using only the highest

six singular values.

Figure 16 shows the signal-to-interference ratios (SIR) for each
separated source at the corresponding directions for the 2-, 3- and 4-
source mixtures. Angular interval between the sources increase with 30°
intervals for the 2-source mixtures. For the 3-source and 4-source
mixtures, the angular interval is fixed at 120" and 907, respectively. The
separation performance is not affected by the number of sources in the

mixture as long as the angular separation between them is large enough.

Figure 17 shows how the directions of the r.m.s. energy peaks in
the reduced dimension data matrix, calculated for the 2-, 3- and 4-source
mixtures, vary with actual directions of the sources. As explained above,
the discrepancies result from the early reflection in the environment,

rather than the number of mixtures or their content.

In order to quantify the quality of the separated signals, the signal-
to-distortion ratios (SDR) have also been calculated as described above.
For each separated source, the reverberant p, () signal recorded when
only that source is active at the corresponding direction was used as the
original source with no distortion for comparison. The mean SDRs for the
2-, 3-, and 4-source mixtures were found as 6.46 dB, 5.98 dB, 5.59 dB,

respectively. It should also be noted that this comparison based SDR
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calculation penalises dereverberation or other suppression of reflections,
because the resulting changes on the signal are also considered as

artifacts. Therefore, the actual SDRs are generally higher.

5 Due to the 3D symmetry of the tetrahedral microphone array of

Figure 12, the pressure gradient along the z axis, Pz(@:1) can also be
calculated and used for estimating both the horizontal and the vertical

directions of the intensity vectors.

10 The active intensity in 3D can be written as:

I(w,0) = ;1_2[1@{,,,; (@,0) py (0,0)}u, + Re{p,, (0,0) p, (@,0)}u, + Re{py, (@,1) p, (@0}, ]

(40)

Then, the horizontal and vertical directions of the intensity vector,

15 H@:1) gpg V@:1) respectively, can be obtained by

wlw,t) = arctan[ Re{py (@,0)py (@,1))} ]
(41)

Re{py (@,)px (@0} ]

Re{p,, (@,t t
V(w’t)z arctan e{pW (za)’ )pZ (a)’ )} 7
(et} @055 @3] + (Retpn @00 @03 || (4
20
The extension of the von Mises distribution to 3D case yields a
Fisher distribution which is defined as
K

f(6’¢;:uav”<) = 47_—

exp[x{cosgcosv +singsinv cos(d — A)}]Sin ¢
sinh &

,  (43)
25
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where 0<0<27 and 9<# <7 .o the horizontal and vertical
spherical polar coordinates and K is the concentration parameter. This

distribution is also known as von Mises-Fisher distribution. For p=rml2 '

(on the horizontal plane), this distribution reduces to the simple von

5 Mises distribution.

For separatioh of sources in 3D, the directivity function is obtained
by using this function, which then enables spatial filtering considering

both the horizontal and vertical intensity vector directions.
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CLAIMS

1. A method of separating a mixture of acoustic signals from a
plurality of sources, the method comprising:

providing pressure signals indicative of time-varying acoustic
pressure in the mixture;

defining a series of time windows; and for each time window:

a) providing from the pressure signals a series of sample values of
measured directional pressure gradient;

b) identifying different frequency components of the pressure
signals

c) for each frequency component defining an associated direction;
and

d) from the frequency components and their associated directions

generating a separated signal for one of the sources.

2. A method according to claim 1 including generating from

the pressure signals a series of sample values of a pressure function.

3. A method according to claim 2 wherein the directionality
function is applied to the pressure function to generate the separated

signal for the source.

4. A method according to claim 2 or claim 3 wherein the
pressure function is one of: an omnidirectional pressure, an average

pressure, and a pressure gradient.

5. A method according to claim 4 wherein the associated direction

is determined from the pressure gradient sample values.
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6. A method according to any foregoing claim wherein the

directions of the sources is known.

7. A method according to any foregoing claim further
comprising defining a directionality function for at least one source
direction and using the directionality function to estimate the
frequency components of the acoustic signal from the at least one

source direction.

8. A method according to claim 7 wherein the directions of the
frequency components are combined to form a probability distribution

from which the directionality function is obtained.

9. A method according to claim 8 wherein the directionality
function is obtained by modelling the probability distribution so as to
include a set of source components each comprising a probability

distribution from a single source.

10. A method according to claim 9 wherein the probability
distribution is modelled so as also to include a uniform density

component.

11. A method according to claim 9 or claim 10 wherein the
source components are estimated numerically from the measured

intensity distribution.

12. A method according to any of claims 9 to 11 wherein each

of the source components has a beamwidth and a direction.
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13. A method according to claim 12 wherein the beamwidth of
each source component is selected from a set of discrete possible

values.

14. A method according to claim 12 or claim 13 wherein the
direction of each component is selected from a set of discrete possible

values.

15. A method according to any of claims 7 to 14 wherein the
directionality function defines a weighting factor which varies as a
function of direction, and which is applied to each frequency
component of the pressure function depending on the direction

associated with that frequency.

16. A method according to any of claims 1 to 5 wherein the
directions of the sources is unknown, and the method includes defining
a set of possible source directions and, for at least one frequency
component, generating a directional signal component associated with

each of the possible source directions.

17. A method according to claim 16 further comprising
generating the separated source signal from the directional signal

components.

18. A method according to claim 17 wherein the separated
source signal is generated using dimensional reduction of a matrix

having the directional signal components as elements.

19. A system for separating a mixture of acoustic signals from a

plurality of sources, the system comprising:
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sensing means arranged to provide pressure signals indicative of
time varying acoustic pressure in the mixture; and

processing means arranged

to define a series of time windows; and for each time window to:

a) generate from the pressure signals a series of sample values of
measured directional pressure gradient;

b) identify different frequency components of the pressure signals

c) for each frequency component define an associated direction;
and

d) from the frequency components and their associated directions

generate a separated signal for one of the sources.

20. A system according to claim 19 wherein the processing

means is arranged to perform the method of any of claims 2 to 18.

21. A method of separating a mixture of acoustic signals
substantially as hereinbefore described with reference to any one or

more of the accompanying drawings.

22. A system for separating a mixture of acoustic signals
substantially as hereinbefore described with reference to any one or

more of the accompanying drawings.



WO 2009/050487 ' PCT/GB2008/003538
1/11
Fig. 1
Fig. 2 14
.-y‘,
t pyr=p3— P
22

4 Px =0 — P2
e 1

pw =P+ P2+ D3+ Ps



VOn Mises Funclions

WO 2009/050487 PCT/GB2008/003538
2/11

! 8, ~10°
0.1 I
Ogw=20"

HEW:1 80

©

o

co
I

o
(o]
(o]
1
!

=

(v

,lla
1

£

&
S
T
-

1

7
£

=L il
(o

J’ = “\
LR O TRY. TETER Yt
[EPIET RV Y ! u.-.\."'.:_.'*“-''-'—-1*‘'l"‘-'li"lé:““-:‘-'.';'."l 1 \ -g_’l;-'yv“é:‘-;'.'"i'f'_'«'!v'.'utlpnw-.-.-,:-.u.; —
60 120 180 240 300 360

8 (Degrees)

=



WO 2009/050487 PCT/GB2008/003538
3/11

_3
x 10
i i ] ¥ T ] I 1 1 i I ¥
, ~——— Blixctuars pof
8 12 comipar
companaat
----- Fdd compoqsnt

T 3"’3 .mﬁmﬂﬂﬁl’ﬂ
= = v Fifted mixiuze pdf

I

SE]

Density

by

Prababilit
P .

pt Fe
.

30 B0 80 120 150 180 210 240 270 300 330 380
Directions GGQFEES):

—— Nixture pof
—— {1*! companant

- = = 7 componsni
----- 3% componeat
f‘campmam
{| = = = Fitiad mixwre pof

Probability Density
o

0y 30 60 90 120 150 180 210 240 270 300 330 360
Directions (Degreed)

(=)
T
i
by
F 1




PCT/GB2008/003538

WO 2009/050487

4/11

(2} Vg

L0 (TNI

(2‘m)Ng

@vmm PP

LOANI

(2m)Ts

(2)1s e

| 1O NI

if————

(3'mig)¥r
SUOIOUT
ATATIORITP M
Surmiojureayg

(z3°m)is

981
- . =
Ny *No STOTWIP N\N.Qv Ad ,“—.LOQM\/H va Ad . m
m 109004 LyIsuenw | . ~© 3
- g
| | 10 (e @O %
! [0 SISATRUR (2°m) (2) oz
Ty *T0 : e =
: eonsnEIg  fe IOAN|je— ® &
=1 (3:m) Md (3) md =
R e
N7l e oo

pue ainsseld



WO 2009/050487 PCT/GB2008/003538
/11 '

Fig. 7
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Fig. 9
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