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At a Cocktail Party

When two people talk to a computer

| cannot
understand!

@® N1t
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Blind Source Separation in a Real Environment

VIDEO
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Task of Blind Source Separation

!
IC.*:’::) Hello!

Speech recognition (Robots, Car navi. ...) o= 1=
) ®

People (TV conferences, Hearing aids, ...

® NtT

Model of Blind Source Separation

[Source signal S ] {Observed signal XJ {Separated signal Y]

Hello! !
- Nl -
W,
Morning! .
. Morning!
_ 12 Meming! © /12 =
Y N 2 W, o (B

eparation system W

Source S . ( Mixing system H 'S .
Independent l zﬁlay ; Estimate S, and S,
enuation .
Reverberation using only X; and X,

@® n1T
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Blind Source Separation using
Independent Component Analysis

Hello!

W
R e
Morning!
@ 5

Source signals S, and
S, are statistically
independent

Observed signals X,

Extract Y, and Y, so
and X, are correlated

that they are mutually
independent

No need for information on the source signals or mixing system
(location or room acoustics) = Blind Source Separation

® NtT

Unsupervised Learning by ICA

] [Observed signal XJ [Separated signal Y]

e 1Ny

Estimate W so that Y,
and Y, become

mutually independent
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What's ICA?

ICA: Independent Component Analysis
- Statistical method
- Neural Network, Communication

BSS: Blind Source Separation

- Sounds  =)> Speech Recognition
- Images People

- CDMA wireless communication signals
- fMRI and EEG signals
® ntT

Background Theory

- Minimization of Mutual Information
(Minimization of Kullback-Leibler Divergence)

- Maximization of Non-Gaussianity

- Maximization of Likelihood

All solutions are
© NrT identical
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Background Theory

Maximization of
Likelihood

Maximization of
Non-Gaussianity

Minimization of
Mutual Information

2
i=1
[ Marginal ] [ Joint ]
Information Entropy Entropy

All solutions are identical
@NTT H(-): Entropy

Background Theory

- Maximization of Non-Gaussianity

 Make the output pdf away from Gaussian

©) n1T
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Central Limit Theorem

Mix independent components = Gaussian

Wave forms

Amplitude

0 05 1 15 2 25 3 35
Time (sec)
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Wave forms
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Complex-valued mixtures, f = 453 Hz
N=1 N=2 N=8 N=16
25} 2.5} 25
2} 24 2t
1.5} 1.5 1.5
i
0.5}
E’ 2 -2 V] 2
(]
C
=)
©
E
1 1}. 1
0 0 0
-1} ~1 -1
Real -1 1

ICASSP 2007 Tutorial - Audio Source Separation based on Independent Component Analysis
Shoji Makino and Hiroshi Sawada (NTT Communication Science Laboratories, NTT Corporation)

10



Absolute values of complex-valued mixtures, f = 453 Hz

Absolute values

N=2
35
N=8
3:5
5
V\AAWMMWW -
00 0:5 1 1.5 2 2:5 3 3:5

Time (sec)
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]
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Absolute values of complex-valued mixtures, f = 453 Hz

Absolute values
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Central Limit Theorem

Mix independent components = Gaussian

Find independent component = Non-Gaussian

Non-Gaussianity measures
» Negentropy
» Kurtosis

Maximization of Negentropies

N1 N=2 Na=8

2 2 2 2

15 15 15 15
1 1 1 1

p _j B Jk = A B _/\
n—5 ] 5 n-5 ] 5 n—5 '] 5 E—5 ] 5

# sources N 1 Gaussian
Entropy H 1.19 1.33 | 1.39 1.40 1.41
Negentropy N | 0.225 | 0.087 | 0.025 | 0.012 0

L 1
H(y)= Zpi log—

i=l1 1

©) NrT N(y)=H(xg,,)—H(y)

ICASSP 2007 Tutorial - Audio Source Separation based on Independent Component Analysis
Shoji Makino and Hiroshi Sawada (NTT Communication Science Laboratories, NTT Corporation)

12



Maximization of Kurtosis

0:—5 JL 5 0:-5 Jok 5 0:—5 AD\ 5 : :—5 _UA 5
N 1 | 2 | 8 | 16
Kurtosis | 21 | 1.8 | 070 | 0.39 0

Gaussian

kurt(y)=E{| y '} =3(E{| y['})’

Background Theory

- Minimization of Mutual Information
(Minimization of Kullback-Leibler Divergence)

 Make the output “decorrelated”

@® N1T
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Mutual Information
H(Y1,Y5)
H(Y4) H(Y,)
Y,,Y,)= ZH(Y) H(Y,
i=1
Information i Envopy H(+): Entropy

Mutual Information

H(Y1,Y>)

1(Y4,Y2)
Mutual
Information

H(Y+) H(Y2)

Y,Y,)= ZH(Y) H(Y,,

i=1
Mutual Marginal Joint
Information Entropy Entropy H( ) EntrOpy
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Minimization of Mutual Information
H(Y4,Y>5)
I(Y4,Y5)=0

H(Y4) Informagion H(Y2)
Y,Y,)= Zfl(Y) H(Y,

Minimization of Mutual Information

Mutual Marginal Joint
Information Entropy Entropy

Y) ZH(Y) H(Y,
= [ p(F)log—— ! dy, + [ p(¥,)log ! dy,
r) p(1y)
[ p(%.1,)log dxdy,
Y,.Y,
:J‘p(YpYz)lng(l—) 1414,

7 p)py)
Kullbuck-Leibler
® NIT Divergence
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Minimization of Mutual Information

Mutual Kullbuck-Leibler
Information Divergence
n.Y)

1Y, %,) = [ p(t,, ¥, )log—2U1 1)
001 = [t otos 50

- Search for W which minimizes Mutual Information /

dY dy,

- Gradient of W can be derived by differenciating /
with W, using y = Wx;

ol(Y, Y,
AW o — ( 1, 2) W—TW — (I _ E[¢(Y)YT ])W
@ NTT where ¢(Y) = _dlog p(Y) loii )

How can we separate speech?

Diagonalize R,

_{<¢(Y1)Y1> <¢(YI)YZ>}
" MY (p)T)

S H X w
0j 0~~~ Y, & ¢(-) activation function
@ y (-) averaging operator
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At the Convergence Point

Mutual independence  sx)--<e2)

U @ry=0 )Ry =0
Average amplitude of Y
L mn=a W)=

4 equations for 4 unknowns Wi;

® nrT
ICA Learning Rule
BN (J)Y,)
= R, =
Wi =W, + AW, g {<¢<Y>Y> <¢(Y2>Y2>}

—(p(Y)Y) <¢(Y )Y))
AW, = w.
’ <¢(Y )Y) — ()Y, > =0

e Y,
=X, (BE\Y,

Update W so that Y, and Y, become mutually independent
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Second Order Statistics vs. Higher Order Statistics

Second Order Statistics (SOS) 233?§2§°“ary

oY) =Y, (Y,Y,)=0 for multiple

time blocks

Higher Order Statistics (HOS)

#(Y,) = tanh(Y,) Ta"oftanh(Yl)Yﬁ =0

expansion

' 3 5
-2 2 Ay 2o

Instantaneous vs. Convolutive

Instantaneous mixture

H; are scalars

- sounds with

- images

- wireless communication signals
- fMRI and EEG signals

@ S 12 Well studied, good results

3 2 92 - : :

0| Flo; Convolutive mixture
H; are FIR filters > 1000 taps
-soundsin a

@ NTT Difficult problem, relatively new
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Mixing Filters and Separation Filters

L Ha
|

Time W11
Domain Ay"v‘w
o X - Y
(I 1
W21 "
W12 mn
‘k\ X2 z - Y2
‘W22

Mixing Filters and Separation Filters

@® N1T

L Ha
Sy s T,
e
52 Hyo

Time . .
Domain N @ Matrix
:k. X N Y
1Y Y '1
W, Wi,
AuA NWM
W21 A W22 s,
N , W
/\ J
@, X, Y,
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Short Time DFT (Spectrogram)

Time-domain signal

Time

Convolutive mixture
in time domain

®) N1T

Frequency-domain
time-series signal

ad ]|

i

I

Freqklujwency

Multiple instantaneous mixtures

Time

in frequency domain

Frequency Domain BSS

Observed signal X»

4000/ Observed signal X 40
>N T T T T T T TTT] >
O (@)
% [T T T T T T T T T %
S 1 S

Y Y |
= | & 3
g S S S o
o 0

I T T T T T T T T T 1,

Apply instantaneous
ICA approach to
each frequency bin
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Mixing Filters and Separation Filters

L Ha
|

Frequency &
O . r
omain W, 4(f)

s, X1 = Y,

Wy, (f) )

o

W, o(f) |

:‘k‘l X2 < e(\q:,\\Yz

Mixing Filters and Separation Filters

L Hyq

|
81 N

_Hy;
L H12
S, °
H22

@® N1T

Frequency .
Domain

1‘%-.X1\

in many Matrices

[vv11<f vv12<f
W,4(f) W22(f)

ICASSP 2007 Tutorial -

Audio Source Separation based on Independent Component Analysis
Shoji Makino and Hiroshi Sawada (NTT Communication Science Laboratories, NTT Corporation)

21



Flow of Frequency Domain BSS
Mixed Separation Separated
signals filters signals

y(?)
STFT IDFT
f
E— |
ICA Permutation Scaling —] Spectrg |
smoothing
separation
matrix

Physical Interpretation of BSS

BSS = Two sets of ABF

@® N1T
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Adaptive Beamformer (ABF)

1S1

c
Target S, ( O—W. 70— g
=
Jammer S, (
« Assumptions
Direction and absence period of a target is
known

» Strategy

Minimize the output when only a jammer is
active but a target is not active

®) N1T

Two Sets of ABFs

(a) ABF for target S, (b) ABF for target S,
and jammer S, and jammer S,

S N C:S: s
CETET TRim,

Wi, Hy, i (0]
S, [(]n]

Se ( C.S,

|:W11 W12:||:H11 H12i| (&
Wau Wol|Hun Hz C2

@® N1T
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Blind Source Separation (BSS)

I\7Ibrning!

. ﬁ So
« Assumptions
Two sources are mutually independent

« Strategy
Minimize the SOS or HOS of the outputs

®) N1T

Diagonalization of R, (w,k) in BSS

- The BSS strategy works to diagonalize R, (w, k)
Ry (0,k)=W(@)Ry(0,k))W (o)
= W(o)H(@)A (0, )H" (@)W (@)
_ E{YIY{ YIY{}
YZYI Y2Y2

 After convergence, the off-diagonal component is

(ElrY; )
o El5.5:+ b Els.5: 1ol T+ BT (57
=0 1 Il -

0 0
él;T& and S, are ideally independent)O a =bd =0
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where

ab
d

_{Wll W12:||:H11 H12:|
WZI WZZ

HZI HZZ

BSS Solutions

CASE 1: a=c,, c=0, b=0, d=c,

Same as ABF

CASE 2: a=0, c=c,, b=c,, d=0

ermutation solution

do not appear
® we assume

[cl } [H(f)~0

H,(f)#0

CASE 3:[% W}{H Hu}_{o 0}
Wa WnllHx Hx

CASE 4:[W“ le}{Hu Hu}
@m Wa Wl H» H»
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Equivalence between BSS and ABF

Adaptive Beamfosrmers
D —-@-»Y;rﬁ‘o
-

E[Y12] — 0 when S;=0

(E[Y1Y2' 12

204

= {ad"E[S182'] + bc E[S251]

+ (ac E[S12] + bd "E[S22])}2
k_) 0 A4

> | <
a bw= W, W, |[ Hi Hm} C, 01
¢ d ) (W, W,|[HnHz | 0 C, |

BSS and ABF are equivalent
if the independent assumption ideally holds

Physical Understanding of BSS

‘m\ BSS, ABF = Spatial notch to jammer directior]
&

© nrr Directivity Patterns
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BSS of Three Speeches

3 sources X 3 sensors BSS
0 oSSl N0 s
— 0 [
m
2. 410
g -20
-30 7/\4
YN W
\)G
angle (decg_)@ ® S 0 @
@© nrr Directivity Patterns
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355 cm

& g 150 cm
1 .—
225 %
S 60 cm
30 deg‘/' Micd
S g
“y4cm 445/cm
Mic.2
180 cm

Reverberation time: 130 ms@500 Hz
Room height: 250 cm

© Microphones (omnidirectional, height: 135 cm)

® NTIT Hj Loudspeakers (height: 135 c¢m)

Spatial Aliasing

When microphone spacing d is too wide...

Spatial aliasing does not occer when d < B

A : wave length of the highest frequency

@® N1T
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355 cm

225cm . @ e
30 degf Mic.1
ok
§ soem 445{cm
Mic.2
180 cm

Reverberation time: 130 ms@500 Hz
Room height: 250 cm

© Microphones (omnidirectional, height: 135 cm)

® NTIT Hj Loudspeakers (height: 135 c¢m)

g Filter for Y3 {1t row of W) Gain (¢B)

10
\ S2

(interference’

S,

0 -39
1.5 1.0 -0.5
x(m) o
Filter for ¥; (2nd row of W) Gain (dB)
5 10

S2
{target)

® o} -35
NTT 15 1.0 05
- x(m) o
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6 sources X 8 sensors BSS

Experimental conditions

. 445 om ;
Reverberation time: 130 ms m5.1 6 sources

,_23‘5 em-— — ) }g%”"“ 8 microphones (}E E(B:E (}E (ﬁE
& e > Microphones QE QE QE(EE

k “-.‘_‘ (omnidirectional, height: 135 cm)
g : ' [] Loudspeakers (height: 135 cm)

355 cm

60 cm / “-': Sampling rate | 8 kHz
4 / Data length |6
Frame length | 2048 points (256 ms)
e Frame shift 512 points (64 ms)
i -150deg . ICA algorithm | Infomax (complex valued)
150 deg-m§5 ! Buum Vhelght 250 cm

Experimental results
EGIE(IEVIEAE(IE I _
Input SIR  (dB) | -83|-68|-7.8] - 67| -52|-71 )_SIleprovemem
Output SIR (dB)|12.3| 56[145 76| 89]108|100|# is17.1dB

Reverberation time: 130 ms

Computation time: about 1 min. for 6 sec. data
@ 1 (Athlon 3200+, MATLAB)

What do we want?

(1) Direct sound <+—=Should be extracted
of target

(2) Reverberation Should be removed
(3) Direct sound

f jammer
(4) Reverberatio

@® n1T
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What is separated, and
what remains?

BSS = Two sets of ABF

Comparison of NBF and BSS
jammer impulse response
b1 Wit Wii
S1 B Y1 Y1
h21/"/ Wiz A, wiz A
L. L. e
NBF output BSS output
= Y1 Y1
0 E 1‘“‘»‘:’_ Ik ,.4
A~ |i { reverberation of
e .~ jammer is reduce
0.6 : A | |
i direct gound of
direct sound of jammer
| is removed
o~ reverberation of ==
jammer remains 8.
-:P?::‘ | - Z:.
o PF I (R
PF T N
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Effect on Speech Recognition

100%
80%
60%

40%

Recognition rate

20%

0%
@ NTT Jammer : Speech Music + Speech

Blind Source Separation of Many Sounds

VIDEO

@® n1T
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Flow of the F-Domain Method

uonenwiad H

Basis vector
clustering

[ a1i(f)
ai(f),..., ay(f), ai(f) = :

L ani(f)

LLZHAN g L
H 5)7 T-F =
masking|H

@

= bk
@ i

141S 9slonu]

T
gg.
o
—~4

Basis Vectors

ICA

@® N1T

Mixtures

th‘ Sk f7

x(f,t) = W) y(f. 1)

The inverse of separation matrix

[ag, -, an] = W(f)~"

 Decomposition of mixture

Zaz Jyi(f,t)

T
X =

Tm

a4
a; =

QN

basis vector

ICASSP 2007 Tutorial -
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Basis Vectors

- Basis vector a;(f)
*represents the frequency responses
from source to all sensors
*Implies information on the source location

®) N1T

Outline

1. Introduction

2. Convolutive blind source separation (BSS) - Formulation
3. Independent component analysis - Concepts

4. Frequency-domain approach for convolutive mixtures

5

Relationship between BSS and adaptive beamformer -
Physical interpretation

=) ¢. (Coffee break)
7. Permutation and scaling problems
8. Dependence on separated signals across frequencies

9. Time-difference-of-arrival (TDOA) and direction-of-arrival
(DOA) estimation

10. Sparse source separation
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Audio Source Separation based on
Independent Component Analysis

Part Il

(© NTT 1

Main topics of first and second parts

= Main topic of the first part
e Basic concepts of BSS and ICA
e Convolutive BSS
° Frequency-domain approach
°»BSS and adaptive beamformer
= Main topic of the second part
e Detailed procedure of frequency-domain BSS
s Especially, how to solve permutation problem
e Sparse source separation

© NTT 2
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Approaches to convolutive BSS

= Time-domain approach [references]

s Directly calculates separation filters w;; (1)
M L-1

yi(t) = Z Z wi; (Dt —1) t Time

=110 [ Filter tap
e Theoretically sound (no approximation)
= = Frequency-domain approach [references]

e Approximated with instantaneous mixture model
in each frequency bin

yi(n, f) = sz’j(f)l”j(na f)

(@© NTT 3

1 Time frame index

f  Frequency

Flow of frequency-domain BSS
1. Time domain — Frequency domain
2. Separation of frequency-bin wise mixtures
3. Permutation and scaling alignment
4. Frequency domain — Time domain
i _ _/ -
0. & o i 7 S .2 g ‘L@iﬂ?
‘_; - 0 H . 8 § % 1T— ’E' a
o ol =t ] o B
g™~ 5 - = b
i = 3 WBEZ : — ”@é’z ey
The second part mainly explains these operations
© NTT 4
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Outline

= Part| by Shoji Makino

m Part Il by Hiroshi Sawada
=P 1. Permutation and scaling problems

2. Mutual dependence of separated signals
across frequencies

3. Time-difference-of-arrival (TDOA) and
direction-of-arrival (DOA) estimation

4. Sparse source separation

© nrT 5

Permutation and Scaling problems

= How important are they?

e Cannot obtain proper separated signals without
considering them

e Almost all papers on frequency-domain BSS
discuss or at least mention these problems

= Number of ICASSP papers that discuss or mention
the permutation problem

Year 2000 | 2001 |2002 2003 | 2004 | 2005 | 2006
# papers | 2 6 8 8 10 10 11

o Still increasing!
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Permutation and Scaling problem

= Ambiguities of ICA solutions
If y(n, f)=W(f)x(n, f) is a solution, then
y(n,f) <= A(/)P(f)y(n, f) is also a solution

5 ) 0 0 0 0 1 (5
yo | — |0 0.5 0 1 0 0 Y2
Y3 0 0 | 0 1 0 Y3

Independence of v1,¥2,y3 does not change

© nrT 7

Permutation and Scaling problem

Raw ICA outputs = Permutation  Permutation/Scaling

aligned aligned
IOg |y1 (n7 f)l
£
Ne)
>
log [y2(n, f)| 2
Ll_ ,
20 i dD B0
Time frame index 70
© wrr 8
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Relationship among sections
K Section 1 \ / Section 2 i — \

Estimating Mutual dependence ‘ -l_" : l
mixing situation of N eSS
/ separated signals i [ ]
ross fr ncies . & . {

Permutation alignment < across frequencies '

N i ij
Scaling alignment

roTE— ( Section 3 \ / Section 4 \
“’\'”“M—Jb] \ TDOA, DOA Sparse source

separation

Zy

Y1, Y2

Ty={t+uz)

o
2
2
o
-2k
2
o
2

(©) NTT

Mixing model and ICA solution

Frequency-bin view: instantaneous mixture model

% hi1 ; wir N
$1 o, T D—1 (@
ha1 W21
@ h12 W12
= " 82 h22 k. CUQ Wao \—b’ y2 @§
1| _ | ki hiz| | s1 Yi| _ |wi wiz | |21
X2 ha1 haoo S2 Y2 Wo1 W22 T2

X = chvzl h; s, Y(na f) = W(f) X(n7 f)

Mixing model ICA solution
(@© NTT 10

TN

*

\w
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Estimating mixing situation with ICA

Frequency-bin view: instantaneous mixture model

aii w =

Y1 a r1— 1 —0—n (E
a1 Wa1
a2 w12

@ T =

Y2 a22 T2 Y2 @S

Woy )
F R e | A P R b
x:Zﬁilaiyi = y(n, f)=W(f)x(n,f)

Estimated mixing situation ICA solution
(©) NTT

11

Basis vector calculation

Estimated mixing situation ICA solution

X=Z£\;1aiy¢:Ay am y-Wx

ay; T1
A:[a17...7aN] X =
TMm

® How to calculate matrix A

a; =

Basis vector

A

o|f W has an inverse
A=W
e Otherwise (N < M)

g g 1 * Least-mean-square estimator
A =E{xy" HE{yy"})~ that minimizes E{||x — Ay|[?}
A=WT

* Moore-Penrose pseudo inverse
(@© NTT 12
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Comparison

Estimated mixing situation Mixing model
N N
X= . 18y X = 1 hgs
f—— a1 §1 1 |
h ha
ai2

hi2
\ETm ) BT )
If ICA works well, we expect that
a;(f)yi(n, f) = hi(f)sk(n, f)
with some correspondence between 7 and £k

frequency dependent
© NTT 13

Important formula

= Mixing system estimation with basis vectors
e calculated from ICA solution

a;y; = hysg

= Permutation ambiguity
e Correspondence between i and k is unknown
= Scaling ambiguity

a;y; = (aia)(%) = hysy for any scalar ¢
e However, no ambiguity as to the term itself
aAiYi
© nrr 14
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Scaling alignment

= Dereverberation (deconvolution) ¥Y: = Sk
s Eliminating all the effect of impulse responses
o Difficult task in the blind scenario [references]
- Even for a single source
= = Adjusting to a microphone observation ¥i = hjrsk
e Popular approach [references]
s Easily performed if basis vectors are obtained

Tj = ajnyl + aj2y2 J :reference microphone
Y1 Y2
© 15

Scaling alignment

reference _
microphone Untouched Aligned
J=1 Yi < a1;Y;

_2 _
20 40 6 80 2T w0 e s

Y1,Y2 Mk _MW_A_._}V

-2 -
20 40 60 80 2 20 40 60 80

71— (y1+v2) W‘Hf

-2 -
20 a0 60 80 2 20 a0 60 80

o

At frequency 773 Hz; only the real part is plotted

(@© NTT 16
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Section 1 Summary

» Permutation and scaling ambiguity

s Inherent to ICA

e Serious problem for frequency-domain BSS
= Estimating mixing situation

e From ICA solution
= Scaling alignment

e Adjusting to a microphone observation

(© NTT 17

Permutation alignment

= Various approaches and methods [references]
= |n this tutorial, methods based on

s Bin-wise separated signals v:(n, f) o

~according to their activities oL%ﬁ
° Time difference of arrival (TDOA) 22 .
» estimated from basis vectors a;(f) *
= Permutation ~ Clustering Ez ai

e Membership assignment is restricted
» to a permutation P(f) in each frequency bin

(@© NTT 18

ICASSP 2007 Tutorial - Audio Source Separation based on Independent Component Analysis
Shoji Makino and Hiroshi Sawada (NTT Communication Science Laboratories, NTT Corporation)



Outline

= Part |

= Part Il
1. Permutation and scaling problems

=P 2. Mutual dependence of separated signals
across frequencies

3. Time-difference-of-arrival (TDOA) and
direction-of-arrival (DOA) estimation

4. Sparse source separation

® wrT 19

Dependence across frequencies

= Meaningful audio source has some structure
e Common silence period
e Common onset and offset
—

@ Harmonics

500

400

j

e

Frequency bin
jRis
¥ dddddad

i}
2 h“*‘

100F
i
—

—-—

I

20 40 80

Time frame index

=) Mutual dependence of separated signals across frequencies
© NTT 20
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Approaches to exploit dependencies

m Correlation coefficients [references]
Will be explained in this section
s Envelopes |y;|
s Dominance measure powRatio;(n, f)
= Multivariate density function [references]
s Models the separated signals of all frequencies

@ |CA algorithm should be modified to
accommodate the multivariate density function
» Natural gradient and FastICA type updates were
proposed

(© NTT 21

Correlation coefficients

= Correlation coefficients between two sequences
E{(vi — pi)(vj — py)}

0i0;

cor(v;, vj) =

smean i = E{v;}
evariance o7 = E{v?} — u?
= Bounded by
—1 < cor(v;,v;) <1
esbecomes 1 if two sequences are identical

© NTT 22
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Envelopes of separated signals

= Envelope of bin-wise separated signal
of (n) = lyi(n, f)

»At frequency f and at channel ¢
= Shows the signal activity at the frequency

15631 Hz

20 40 60 80 100
Time frame N

® wrT 23

Envelope examples
Two separated signals Normalized to zero-
4 Iy, | mean and unit-norm
) 5 B
2305 s =7 Mls
> 4 =
gor.= = 4
] S — -
g 1 = = EE . B
o = = 0
¢ 05 1 15 2 25
4 I¥, |
= I : 8
=3 £ s 6
S ol P I S - 4
S —= - . . .
S1= - = T High correlations are
s = = T — 0
ots : : : : expected for the same
0.5 1 15 2 25
Time (sec) source
© nrr 24
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Neighboring frequencies

= Envelopes of
neighboring frequencies
are highly correlated

= A simple strategy for
permutation alignment

e Maximize correlation
between neighbors

e diagonalize

vl (n) 1516 Hz
v} (n)
20 40 60 80
1531 Hz
SM

20 40 60

Time frame 7

80

s diagonalize

(©) NTT

(:or(v{, fuff) cor(v{,’vgf) _ [ 0.76 0.36 }
Cor(vg,vff) (Or(t.fg,’trgf) 0.48 0.89

cor(vf, v cor(v!, vt _ [ 0.78 —0.12 ]
cor(vd,vi™) cor(v],vi™) —0.15  0.92
O wrr 25
Harmonic frequencies
= High correlation among 594 Hz
fundamental frequency f U{(n) ,‘;{(”)
and its harmonics 2f, 3f, ...
= Another strategy for ’ 0 4 & 80
permutation alignment 1188 Hz
» Maximize correlation ° W N
among harmonics

20 40 60

Time frame 7,

80

26
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Arbitrary pairs of frequencies

= Among frequencies that have no specific relation
e« May end up with almost zero correlation
1188 Hz
vi(n)  vl(n)

5
{ cor(v!,v9) cor(v!,vd) ] .
I g f g 20 40 60 80
cor(vy,vy) cor(vy,v
(vz,7) (v2,v3) 531 Hy

[ 010 —0.14 s
| —0.11  0.06
0

20 40 60 80
Time frame 7

(© NTT 27

Correlation of envelopes: global view
Blue Green
Iy, | and Iy, | Iy, and ly,| 1516 Hz

4 —= 1 4
o -~ 45
=Y 3 pigeEmee] MMO0S  3f ol o i 5 M
mi ! 2 48 8 2 a -
NE L e 8 E : =
T§ 2 e LSl 0
©F ! ; : ; 20 40 60 80
mE 1 . \
5 1531 Hz

o

4 SM

4
= = 0
S5 4 5 o 20 40 60 80
'Si o Time frame 72
z8e ]
o3 0.78  —0.12
wF 1 =
" —-0.15 0.92

0

2 2 4
Frequency (kHz) Frequency (kHz)

® 1531 Hz 1531 Hz 28
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Correlation of envelopes: global view

ly,l and ly,| ly,l and Jy,|
4

s
—

. High correlation

same source

g3 i 05 3 only with adjacent
Fa L 2 x or harmonic
2 5 .
g frequencies for the
E1 - 1

0 2 4 0

(=]
|
(=]

2 4
2. Mostly zero
Iyl and ly,| Iy, and y,| . )
a T correlation with
different sources

(5]

Frequency (kHz)
n
o

|
e
(4]

.....

(=]
I

o
'y
o

4

2 2
Frequency (kHz) Frequency (kHz)

g
3

29

Local optimization

= High correlation of envelopes can mostly be seen
only when two frequencies are

e close together or in harmonic relationship
= |ocal optimization

° leads to a big mistake for the
whole

Output1 82 82 82 82 82 82 82 S1 S1 S1 S1 S1
Output2  S;S;S;S,5:5:5,S,5,5,S,S,
|

| | | |
| 1 1 1 1
0 1000 2000 3000 Frequency

(@© NTT 30
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Why high correlations only within limited pairs?

= Envelopes have a wide dynamic range even if
they are normalized to zero-mean and unit-norm

¢ Active signals are represented with various
values ’ y,|

g dum

6
4 g
2
0

[#5]
LT
el

i

MR

Frequency (kHz)
n
L)
W

-
Fivhy

(=]

0:5 1 1:5 2 2:5
= Another type of sequence where active signals
are represented uniformly?

= High correlation among many frequencies
(© NTT 31

Dominance measure

» Estimated mixing situation (explained in Section 1)
x(n, f) = 2., ai(Hi(n. f)
= Dominance of ¢-th signal in mixture [references]
|2 (f) yi(n, )]
S llan(f) i, 1)1

0 < powRatio; <1
Other signals are dominant The i-th signal is dominant

powRatio;(n, f) =

e If sources follow the sparseness assumption (explained

in Section 4 ), active signals are represented uniformly
with a value close to 1

© NTT 32

ICASSP 2007 Tutorial - Audio Source Separation based on Independent Component Analysis
Shoji Makino and Hiroshi Sawada (NTT Communication Science Laboratories, NTT Corporation)



Envelope and dominance measure
Envelope Dominance measure
|yi(n, f) powRatio;(n, f)
1188 Hz 1188 Hz
1
0 20 40 60 80 0 20 40 60 80
1531 Hz . 1531 Hz
0 20 40 60 80 0 20 40 60 80
Time frame 72 Time frame 70
[ 010 -0.14 [ 054 —0.54
~ | —0.11  0.06 ~ | —0.54  0.54
(@© NTT 33

powRatio values (dominance measure)

Two separated signals

powRatio

==
2 0.5
@
¥ o
s 1. Active signal
0 uniformly close to 1
. 1 2. Exclusive: if one is
¥ = close to 1, then the
> 8 other is close to 0
2 £ 05
[:1] -
: .
i Rl
' 0
© nrr 34
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Correlation of powRatio: global view
f . .
v (n) = powRatio;(n, f)
i powRatio, and pf}wFialio‘ ; < powRatio, powRatio, 1188 Hz
. 1
ga j?‘f 05 3 iR 05
g‘z 0 2 0
g 20 40 60 80
i 1 b 5 1
PR e 1531 Hz
o 1 0¥ 1
0 2 4 0 4
powRatio, and powRatio, 0.5
4 1 4
]
ol 20 40 60 80
= i ] el Time frame 72
gz £ 2
g | 054 —0.54
£ -05 1} —
o il g e *0.54 0.54
o o i P 4
0 2 4 [ 2 4
Frequency (kHz) Frequency (kHz)
(©) NTT 35

Correlation of powRatio: global view

v! (n) = powRatio;(n, f)

powRatio, and powRatio, powRatio, and powRatio,

. High correlation
between many
frequencies for the
same source

£

I
ik

Frequency (kHz)
— )

¥ oo E . Negative
% 2 a % 2 4 correlation for
Phicouchui S nleilndonsis different sources

Frequency (kHz)
na =)
- =

-

T

2z 4
Frequency (kHz) Frequency (kHz)

(=]

o

g
3

36
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Strategies for permutation alignment

= Local optimization
e Among neighboring or harmonic frequencies
e Effective for fine tuning
»Improves a fairly good solution
= Global optimization

o Applicable if high correlations within many
frequency pairs

o Efficient and robust algorithms
»k-means clustering, EM algorithm

» Centroid or model for each source (cluster)
(© NTT 37

Global optimization

Optimization algorithm similar to k-means clustering

Permutation 11
aligned to maximize

N
Z cor(v, ex) \i:nf(k)

11

Centroid cx(n) ;
Member average

1 0.5
- f
| F| Z”z‘ (n) ‘i:l’[f(k) 005 1 15 225 ° 051 15 2 25
fer Represents the signal activity for each source
(© NTT 38
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Experimental results

3 sources, 3 microphones

14 Lo

)

B
X

SIR improvement (d

R T TU RSP —e— Average of 8 cases
2r = - Each case

Em.:(Lo) EnvEGI) Env(éI+Lo} PoFl{(Lo) PoFll{GI} PoR(éI+Lo} Oplilrnal
Permutation alignment method
Env: envelope, PoR: powRatio, Lo: local, Gl: global

Global optimization with powRatio works well.

Subsequent local optimization improves the results further.
© NTT 39

Section 2 Summary

= Mutual dependence of separated signals

s Active time frames are expected to coincide
across frequencies for the same source

= Signal activity

s Envelope |y

e Dominance measure powRatio;(n, f)
» Permutation alignment strategies

o |_ocal optimization

» Global optimization - clustering

© nrr 40
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Outline

= Part |

= Part Il
1. Permutation and scaling problems

2. Mutual dependence of separated signals
across frequencies

=P 3. Time-difference-of-arrival (TDOA) and
direction-of-arrival (DOA) estimation

4. Sparse source separation

(© NTT 41

Permutation alignment (Spatial information)

m Beamforming approach [references]
o Directivity patterns calculated with W( f)
e Direction of arrival (DOA) estimated & clustered

s Array geometry information needed

= = Time difference of arrival
(TDOA)

o Estimated from basis PRI i
angle (deg ) © ®£° w
vectors a; gl
/) , , DOA ™
2 No need for array information
© nrr 42
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Time-difference-of-arrival (TDOA)

= Estimated for each source
= Caused by the positions of microphones

and the source Ajg =T —To <
T1
10 Time—zdoomain sar:i]OpIe 40 X2 |
= (Generalized) cross correlation
Aqy = argmaxaxg (t) xo(t — A)
Az = argmax Zf CI)(f) xl(f)xﬂf)el%fA o(f) = m
© NrT GCC-PHAT 43
Frequency-dependent TDOA
= Estimated with observations )
o For each time-frequency slot (7, f) *= =
arg[xl(na f)/.fl?z(n, f)]
A -
12 (n7 f) _27_(_](‘
= Estimated with basis vectors o i
e For frequency f and output channel ¢ ani
i (f) = arglay;(f)/azi(f)]
12 _271_]0
Remember the relationship between observation
and basis vectors: x(n, f) = Ziil a;(fyi(n, f)
© NTT 44
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Derivation of the estimation formula

= Single source, frequency domain s
Llil(?%f)] _ [hl(f)]
= Simplified model with time delay o/
1
hj(f) = exp(—12m f;) -
= We have

xl(nvf) _ hl(f)s(nvf)
za(n, f)  ha(f)s(n, f)

= Taking the argument gives the estimation formula

Ava(n, f) =1 — 11 = arg[xl(nlggr/fxg(n, )
o 45

L2

~ exp [—2n f (12 — 71)]

Valid frequency range

= The argument should be in the range §s
—m <arg(:) <7
—n< 2nf(re—7)<m
= TDOA is bounded by ‘

dq2
|T2_T1| < "fi|'__3/(‘ P
velocity

= Frequency range for valid TDOA estimation

()<f< v |f d12:4cm
2dyo
then 0 < f < 4250 Hz

© nrr 46
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Frequency-dependent TDOA

With observations ~ si(t) o *+® "" 4+ g -
_arglzi(n, f)/z2(n, f)] 2f '
Apa(n, f) = “onf So (t) -ZE; — ’*’P’H
Non-overlapped -t ‘* “ .*,.....
—02

Time (sec)
!

20 40 60 80 100 120 140
Time frame index

(© NTT 47

Frequency-dependent TDOA

With observations  si(t) MW W"M

argla: (n, f)/z2(n, )] '
Baz(m. f) = “orf so(t) *m»l-»m»* &*H-M
Overlapped

Xy S
‘ ........................ S2
. e
Time frame index gy
O wrr 48

ICASSP 2007 Tutorial - Audio Source Separation based on Independent Component Analysis
Shoji Makino and Hiroshi Sawada (NTT Communication Science Laboratories, NTT Corporation)



Frequency-dependent TDOA
0.2} )
With basis vectors ~ 51(t) 2 *+weiefh-ee g
0 1 2 3 4
i _ arglay;(f)/a2i(f)] 0.2F " ' "
Aj(f) = =EHE 52(£) o — b -
0 1 2 3 4
Overlapped () % 'l l l’ | | |' -~
—0.2 . . : 1
0 1 2 3 4
Time (sec)
N .
%10
‘ 2
X]. ; 1 -.'\"é‘.:‘v Iéilﬂ." S AN A e
@ 12(f) o - .
@ s A AR e
X2 ‘2 2
O. 1 2 3
Frequency (kHz)
O© nrT J 49
Permutation alignment
TDOA estimations
with basis vectors
x107™ x 10
2 2l
vy 10 < ., .
; P |:> 0 ﬁ‘s%mww
1| E AR AN s =
= Sorting 2
0 ! Frequenzcy (kHz) CluStering 0 ! Frequenzcy (kHz) ¢
0.2¢ . 0.2¢
o MHM L _Olgfww—w @
0 1 2 3 4 [4] 1 2 3 4
0.2} _ 0-2: ﬁ,
of -MM—M L) 0 WM )
o : 5 5 ; 4 i 5 5 i
Time (sec) Time (sec)
@© NrT 50
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Multiple microphone pairs

MUI-1) pairs for M microphones

Xl_ As Redundant, for example
Agg _ T3 — Ty
Y X3
A21 _ (T3 _ 7_1) _ (T2 _ 7_1)
Xgﬁ A32 = Az —An

Considers only M —1 pairs with

Clustering TDOA estimations
inan )M —1 dimensional space
for permutation alignment

® wrT 51

3-source 3-microphone case
RTg, = 130 ms, distance = 1.1 m
. Distance: 02 i
210°gy D =05.11,1.7m W+
W 120° o s
o
. Loudspeakers 02
. of 02 0 02
' A5 (f)
Microphones .
On edggs of 4cm triangle RT,, = 200 ms, distance = 1.7 m
45° 3y
.................................... 0.1
- Az (f) o
* Reverberation time: RTg, = 130, 200 ms ol
—0_2":'5-- S
-0.2 0 02
© NrT A5 (f) 52
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Experimental results

Setup shown in the previous slide

o5+ — % — Average for optimal permutation
% —+&— Average for TDOA-based alignment
;. Each case for TDOA-based alignment

B)

N
o

SIR improvement (d
o

—_
o
T

130, 0.5 130, 1.1 130, 1.7 200, 0.5 200, 1.1 200, 1.7
Reverberation time (ms), distance to sources (m)

The reverberation time and the distance from sources to

microphones affect the separation performance.
(@© NTT 53

Estimating DOAs of sources

= DOA: Direction Of Arrival
m Useful for e.g. camera steering
= By additional operation after estimating TDOAs

ICA a;(f) Estimating Ajy(f) Simultaneous
TDOA linear equations
R (/)
: . DOA estimations
Microphone array Pjj (frequency dependent)
geometry
Needs to know: semi-blind
© nrr 54
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DOA: definition and example

3-dim unit-norm vector z

cos 0; cos ¢;
q; = | sinf; cos ¢;
sin le

6 speakers and 8 microphones

(@© NTT 55
Linear equation for a pair
= Path difference source
velocity @z
T i
Pjj i = Ajjr v
TDOA

= Cone ambiguity

» Need more pairs to specify a direction Qi
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Linear equations for multiple pairs

= Simultaneous linear equations
e with multiple microphone pairs

T i
Pi2 A12
T L i
p%s qi = 23 | U P34
(A
P34 Azy

= DOA estimation 4:

e Least-squares solution using Moore-Penrose
pseudoinverse

Azﬁ Pl
q; = D* 233 v with D = p§3
(©) NTT 3 P34 57

Section 3 Summary

= Frequency-dependent TDOA
o Estimated with observations x(n, f)
e Estimated with basis vectors a;(f)
» Permutation alignment

e Sorting or clustering TDOAs estimated with a;( f)

e Effective in low reverberant conditions or when the
distance from source to microphone is small

= Direction of arrival (DOA) estimation

e Together with information on microphone array
geometry

© NTT 58
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Outline

= Part |

= Part Il
1. Permutation and scaling problems

2. Mutual dependence of separated signals
across frequencies

3. Time-difference-of-arrival (TDOA) and
direction-of-arrival (DOA) estimation

== 4. Sparse source separation

59

(©) NTT

Sparse source separation

Male speech, at 875 Hz

m Sparse source

o
e Close to zero most of the time z‘,
E
e Frequency-domain speech i
. )
= Time-variant filtering R

o |CA: time-invariant
= Can be applied even to underdetermined case

4

g? S1 3.0.\231 — — U1 @g
3 S i 5

S9 eparation|— 9 E

e device @
% S3 7‘;.1 Lo — — Y3 4@5\:

60
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Sparseness

Male and female speeches, at 875 Hz

= [+ '
s1gid 37 ‘
;R A M
< O_ML_. M—_I—A_JL-A
50 100 150 200
: ° T T T .
2 3 Bh
T !
[=%
£
¢ £ F - e L B L™ 5
0 50 100 150 200
e r T T
S3 x 29
=3
50 100 150 200

Time frame index
Most samples are close to zero

= ASSUMPTION: At most one source is loud at the same time
(© NTT 61

Number of sources in each frame

* Anechoic

* Male-male-female

* Threshold: —20dB
from the maximum

# of frames

0 Frequency (kHz) 4

More than two sources are rarely active simultaneously

© NTT 62
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Time-frequency masking

= Popular separation method for sparse sources
[references]

e Time-variant filtering
yl(n’f) Ml(n7f)

yQ(n7f) = M2(n7f) xl(naf)
y3(n7 f) M?)(n) f)

Masks defined for each time-frequency slot (72, f)

<> Time-invariant filtering (ICA)
lyl(naf)] _ lwll(f) w12(f)1 lxl(naf)l
y2(n, f) w21 (f) wa2(f) | [z2(n, f)

Depend only on frequency
(@© NTT 63

Time-frequency masking

(Ideally calculated)

3 sources _ Separations
— 2 mixtures
200 i | @ ” m =21
:;: 5, 4 'clE 250 ® w .
ol ég’_ 2 S i 200 ’ ‘:: LS 3N 4

= E= S

150 =
20 40 60 80 00

100} 120

e ;{ N e e e a4

20 40 60 80 100 120

$i- : < R
wop | ¢ | 5 ) 150 3 Q‘
50 l'i,--- el 2 = bt i 100 5 <
el =E: Eg = { 50 Fol e |
20 40 60 80 100 120 150 £ S =—i=E- g
20 40 60 80 100 120
100 . . - =
Eelt T T T su— F - &
| ' ke B - 4 2
200 < | = = é = bt
150 | =¥ = 20 40 60 80 100 120 ;
= =i ; 150 ; Q‘
100 - B - : )
wé'._"&_\ = = Imc < .
= S — = |
= =1 iS22 3
20 40 &0 B0 100 120 e = =
20 40 60 80 100 120
(©) NTT 64
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Mask design

= Time-frequency mask
0 < M;(n, f) <1
=0 if the i-th source is inactive at (7, f)
1 if the i-th source is active at (n, f)
= How to design in a blind scenario?
o Utilize TDOA estimations
vt ) Sl )

» Discussed in the permutation alignment method
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Frequency-dependent TDOA
arg[z1(n, f)/z2(n, f)]
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Frequency-dependent TDOA
S1
‘ Clustering
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T-F masking separation using TDOA

1. TDOA estimations from 1500
microphone observations

1000

2. Clustering & T-F masking

3. Sound output
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i 53 B, !
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4-source 3-microphone case

0.2
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' W 120° 0
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* Reverberation time: RTg, = 130 ms
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Section 4 Summary

m Sparseness

swell recognized in the frequency domain
= Separation with time-frequency masking

e Time-variant filtering

o Applicable to underdetermined case
m T-F mask design

s Based on frequency-dependent TDOA
estimated with observations x(n, f)
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Concluding remarks

= Frequency-domain approach for the separation of
speech/audio sounds mixed in a real room

= |f the situation is properly setup, the source
separation task can be performed effectively

e Sound sources are mostly active for the
observation time period

e Source positions are not changed

m The real challenge lies in a situation where the
above conditions are not satisfied

o Short utterance, unknown number of sources, ...
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