
















































































































































































119
Nonnegativity: from scalar to vector
Scalar Vector
Z1
Observation X x=| :
T M
N . lz1|> ... maly,
onnegatlye | ‘2 — oyt X — excH — '
representation o "
TMTy .- |:L‘A[|
B ——— nonnegative /HH\ complex
Low-rank . K 5 K
model Bij = L Lik ks Xij =D pe1 I:ik‘tikvkj
* Hermitian positive-semidefinite matrix
H= HH All eigenvalues are nonnegative
* Spatial property of the k-th NMF basis at frequency i
120

Optimization problem of multichannel NMF

* Objective function to be minimized
L(T,V.H) =}, Cﬁ* (Xij, Xij)

typically IS divergence
drs(Xij, Xij) = tr(X;;X;;1) — log det X;; Xt — M

. ¥ K
with Xij = Zk:l Hiktikvkj

~
™
o
<

Q

Aousnbali4

Time  ~ J
ij-element wise: g ~ HO+ HO

ICASSP 2018 Tutorial T-1 Blind Audio Source Separation on Tensor Representation

Hiroshi Sawada, Nobutaka Ono, Hirokazu Kameoka, Daichi Kitamura

60



121
Auxiliary function design

[Sawada+2012, Higuchi+2014, Yoshii+2013]

Objective function
L(T,V.H) =3, , [tr<x'ij>A(i_jl) + log det Xu} with X = S| Hirtinvn;

. — N (- — A
tr [(Zk Xk)_l] < 3ntr (ReX;'Re) | [logdet X < tr(XU™Y) + logdet U — M
matrix extension t matrix extension t
Jensen's inequality applied 1t order Taylor expansion
to reciprocal function of logarithmic function
: zlﬁziwﬁziﬁ log s < 1 +logu — 1

J \\
Auxiliary function\ \

LHT,VHRU) = 5, [, SR fon) 4o (57, 4ipHisUj;') +logdet Uy — M

tikVkj

122
Multiplicative update rules

Multichannel IS-NMF IS-NMF

Zj vkjtr(X;jlxin;jl sz)
Zj vkjtr(Xi_leik)

tik < tik

Zi tiktr()A(i_jlxij)A(i_jl sz)
> taetr(X3 Hir)

Vkj < Vkj

H;xAH;, = B  Algebraic Riccati equation
A= Zj tikviji_jl
B = Hik (Z] tikvij;jlxin;jl> Hik
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Learned spatial property example

Basis-wise

The 10 bases seem to form 2 clusters,
each of which corresponds to each source.

source 1 ‘

Argument
o

301
Frequency bin index {i)

arg([Hix]12)
k=110 o

Inter-channel phase difference of source k
becomes w; 2228 where C is speed of sound

124
Clustering NMF bases for sources

» Modify the modeling of the spatial property

1 2 3 4 5 k=1 2 3 4 5
i EE H HH B B B NMFbases
» N e
B &
n= 1 2
* X;; With source-wise spatial property

o K N
Xig = D et D 1 ZknHintikUk;

Similar multiplicative updates derived

Sources
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Argument

125
Learned spatial property example
Basis-wise Source-wise
3 % ; 3 RS ‘%;_'_-:. ?
0 g source 1 ‘
:j _ : ; Ty ! :_f":::
T i 2 e SN
Ty source 2
arg([H;xl12) arg([H;n]12) . N
k=1,...,10 ms n=1,2 |

Inter-channel phase difference of source k

becomes w; 2228 where C is speed of sound

126

3 music parts separation example

* 3 sources and 2 microphones (underdetermined case)

Reverberation time
RTg =200 ms

‘ 150°

245° v X
: Loudspeakers

el
iel

Microphones : The computational burden
4cm apart & 70° was heavy: it took 838.30
: seconds for separating 24-

Distance: 120cm .
: second mixture.

Roomsize: 4.45x3.55x2.5m
Height of microphones and loudspeakers: 120 cm

4 examples in total can be found at
http://www.kecl.ntt.co.jp/icl/signal/sawada/demo/mchnmf/

Hiroshi Sawada, Nobutaka Ono, Hirokazu Kameoka, Daichi Kitamura
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Determined multichannel NMF

[Kameoka+2010]

* Special case of multichannel NMF where mixing matrix
H; is invertible

*When W, =H; ', we can write W;x;; =s;; and so
LH,T,V) =) {-logdet ®;; — x[\®."x;;}

i
= Z (log det w;.*z;jlwi - x?jwyxfjlwixm)

L’]
2
:Z{?logdetwi—z (logafj’n—k ‘i?zn )}

ir in

2
ij,N

o2 0
—_— g

2
and Oijmn = § tik,nvkj,n
k

« Earlier idea of Independent Low-Rank Analysis (ILRMA)

128
BSS methods and optimization techniques
2000 2010 =
Determined BSS (Earlier idea of ILRMA)
Determined
ICA IVA MNME
FD-ICA o |
Underdetermined BSS | TFmask
estimation
MNMF MNMF
(EM) (MM)
MFHMM
(MM)
Monaural source NMF 1S-NMF
Separatlon Complex Factorial
NMF HMM
Optimization techniques
. IS divergence mini- Separation matrix
Natural gradient mization with MM optimization with IP
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BSS methods and optimization techniques

2000 2010 =
Determined BSS (Earlier idea of ILRMA)
Determined
ICA IVA MNMF
AuxIVA ILRMA
FD-ICA /’ (MM) (MM)
d 7
Underdetermined BSS | Trmask | ¢ / /
estimation |/ / 1
4 Y 7
S MNMF | /7| 4vinvEs
/ EmM) 0| Ty
’/ 1
S S :l EHMM
4 ) 1 ! (MM)
4 L2 1
= y
Monaural source | ~mr sy’ /z{ J
separation e 1
’ Comp! 4 Factorla' I
,/ /’ HMM 1
. . . . ,’ e
Optimization j&chniques »~ H
. IS divergence mini- Separation matrix
Natural gradient mization with MM optimization with IP

Categorization of LGM-based BSS methods

Generative model x; ; ~ Nc(xi ;| j, ®ij)

Method Hij P

Attias (2003) 0 >0 2 Ot gt aHigrm
Ozerov & Févotte (2010) 0 > 007 inHin + B
Duong et al. (2010) 0 >on 0% jmHin

Kameoka et al. (2010) Wi S T Foyxigoy | WS W
Yoshioka et al. (2011) w;! Zj,':‘ll Fijxij—p |W;' 'S ;W;!

Ono et al. (2012) 0 WS Wi

Sawada et al. (2013) 0 >on 0t jnHin

Higuchi et al. (2014) 0 > on 202t aHigim
Kitamura et al. (2015) 0 W;lzi,jW;1

Lopez et al. (2015) 0 Wi_lzfi,,jwi_l

Adiloglu & Vincent (2016) 0 Zn, U?,j.nHi«,n
Kounades-Bastian et al. (2016) | O Zn U?.j,n Hijn
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Categorization of LGM-based BSS methods
Constraints on o7,
Method Uz'Q,jm,
Attias (2003) tik; nm Where kj, ~
Ozerov & Févotte (2010) Dok tikenUk jn
Duong et al. (2010) 0l in
Kameoka et al. (2010) > kg tik @il nVk jin
Yoshioka et al. (2011) Vi nQi,jn
Ono et al. (2012) Vjn
Sawada et al. (2013) >k Zlenti kVk,j
Higuchi et al. (2014) Lik; »,nVjn Where kjp, ~
Kitamura et al. (2015) >k Zhkonti KUk,
Lopez et al. (2015) 0l in
Adiloglu & Vincent (2016) okt hn ¥ gin) Ok s Wk i)
Kounades-Bastian et al. (2016) | >, t; &.nVk jn
132

Tutorial structure

4. ILRMA
1. ILRMA: Independent Low-Rank Matrix Analysis
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Tensor and sliced matrices

/ 2.2. IVA
Channel
4.1. ILRMA / m Mixture

1

{/
Freqency

Time j

3.2. MNMF

134
Historical development

(Over-)determined problem Underdetermined problem

1
1994***273” Independent component analysis (ICA) ‘ 1
1
1
2.1 - 1
1998f-------- ‘ Frequency-domain ICA (FDICA) ‘ 131
1999 ----------mem oo T et '—-‘ Nonnegative matrix factorization (NMF)
Many permutation solvers 1
were proposed for FDICA !
! Many applications of NMF
o 2.2 : Generative models in NMF
>G_J 2006 ------ ‘{ Independent vector analysis (IVA) ‘ . Many extensions of NMF
1
3.1 -
2009 - ‘ Itakura—Saito NMF (ISNMF)

2011+
2012
2013+

More efficient calculation
for determined situation

2016; " Independent low-rank matrix analysis (ILRMA)
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Historical development

2.
Auxiliary-function-based IVA (AuxIVA)

Time-varying Gaussian IVA

More precise spectral ‘ ‘
41 odel using NMF

Independent low-rank matrix analysis (ILRMA)

136
Spatial and spectral models in BSS

* Spatial model: assumption of mixing/demixing system

» Spectral model: assumption for each source
Source /I\Z'—'\ > Observed D/ N Estimated
signal ) IXINg "\ mixture emixin signal
system , system ‘
L TNy :XWWMWMW: S B A L

L= (’s)' — ~ _  Spatial model
.~ P {E *, - Instantaneous mixture in frequency domain
1 - Liner time-invariant mixing system

- Super Gaussianity of source dist.
- Sparse or low-rank time-freq. structure
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IVA revisited: model

* IVA extends ICA to multivariate probabilistic model
[Hiroe+, 2006], [Kim+, 2006], [Kim+, 2007]

Frequency-domain ICA: frequency scalar random variables
IVA: frequency vector random variables

Source . Observed .. Estimated
~ Mutually vector Mixing yactor  DemMixing yacror
p(s2) 52 TIx Hi Z_x;H|x Wi
Spherical i

distribution _ _ T2~ H, : W2 :

p(sn)=ptsim ol M ° | ' '

Higher- order xS My o= ) W =
correlations

-

Permutation-problem-free estimation of W,

138

IVA revisited: compared to FDICA
* Frequency-domain ICA (FDICA)

Scalar r.v.s Current Non-Gaussian
\ empirical dist.  source dist.

Mixture is close to Gaussian signal Source obeys
because of central limit theorem non-Gaussian dist.

Observati/on/ 4 Estimatiol s
Yi ‘ LB

1(7) WWW/" Demixing | ¥1(") e STFT Time |
3 (7) deiping —! SYStem éyﬂT)Wm\ Yija I

—

Mutually
indegendent

Frequency
-
l\\ r\)\
=
=S
K:
5
- :,
=
=S
»
&
---E

g
=4
’ . . . ~g yl] (SIJ 3)
Update separation filter so that the estimated z
signals obey non-Gaussian distribution & |
Time Semmmmmmm Nemeeoo e
. Non-Gaussian
IVA Vector r.v.s Current spherical
> e"lp_itiﬁ[d_ift source dist.
S / /"’ NS N
Observation 4 Estimation Vi % | E / P(Yj.l) i TP(Sj.l),
a g i = - 2 !
1 (7) sl — Demixing s gy () s et & = : g : :403:
Ime
P Mutuall
oalr) e |V yo(r) i gy 5 i Windegendent
’ Yii2 § R
Update separation filter so that the estimated % p(y, l] | p(s, ?)
signals obey non-Gaussian multivariate distribution &

Time = Te--Tm---7 Teeo-Te-o-

ICASSP 2018 Tutorial T-1 Blind Audio Source Separation on Tensor Representation
Hiroshi Sawada, Nobutaka Ono, Hirokazu Kameoka, Daichi Kitamura



70

139
Extension of vector source model in IVA

* Frequency vector spectral model (IVA)

Co-occurrence among frequency bins
of each source

Extend vector model to :
° Time
low-rank matrix model vector-activated model
* NMF spectral model

Co-occurrence among time-frequency slots
of each source with a low-rank structure

Frequency

Frequency

More precise representation of
time-frequency structure

Time
Low-rank model

Incrementation of frequency bases

140
ISNMF revisited: low-rank spectral model

* [takura—Saito NMF (ISNMF) (revotte+, 2009]

.. |2
DIS (|X|2||TV) = E [_E|:;le—k +10g E tikvkj]
ikUkj A

1,

Minimization of the above is equivalent to a maximum likelihood
(ML) estimation with a following generative model:

At each time-frequency slot, complex-valued component x;; obeys

___Variance 1 |x|2
Ti5 ~ Ne (2i5]0,3 tikUkj) = ——=———— €xp (——“ >
(¥ C( ’LJ| ) __];_:__’L____’]) ﬂ_zk tzk'UkJ Ek tkukJ

If z;; can be decomposed as ;; =Y _;Cijk, then
-----.«+— Parameters are
Cijk ™ N (Cz'jk|0,'\§i’§f‘flw'7 also decomposed
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ISNMF revisited: low-rank spectral model

* Itakura—Saito NMF (ISNMF) (revottes, 2009]

|X|2: Power spectrogram

Grayscale shows
intensity of variance

i

Frequency

ReD 2 5 "|mz
Small variance

\

Time frame

NOTE: p(X) = I[; ;p(zi;; 0, > i tikvis) is non-Gaussian
because the variance Y, tixv; can fluctuate along
time and frequency

ReD 2 i |Z
Large variance

142

ILRMA: unified method of IVA and NMF

* Independent low-rank matrix analysis (ILRMA) kitamura+, 2016]
Unification of

1. Estimation of demixing matrix W; (IVA spatial model)
2. Low-rank approximation using T,,V,, (ISNMF spectral model)

Estimated Low-rank

. Low-rank
signal spectral model
Observed ig modeling

signal Maximize
~ independence‘@‘ ISNME
-» VA | -
% )= ISNMF
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ILRMA: unified method of IVA and NMF

* Independent low-rank matrix analysis (ILRMA) ikitamura+, 2016]

Motivation of ILRMA?

When sources are mixed...
(2) Rank of spectrogram increases

(1) Mixture dist. approaches to Gaussian
N=1 |N=2 N=8 N=16
2 2 2 2 Sl

15

15 15J 1.5

| 1 1

1 | 1
1

42}
1
Frequency
Frequency

0.5 ) 0.5 \ 05 A 05/ 2
g 9 5 %% 0 5 %% o 5 Time

‘ To separate the sources... ‘
Maximize non-Gaussianity Restrict rank of separated signal
(using ICA or IVA theory) (using NMF theory)

Low-rank assumption can avoid
the permutation problem

144

Cost function in ILRMA

Source distribution
(spectral model)

 Cost function in FDICA, IVA, or ILRMA
L= —2J210g | det W;| — Zlog p(Yn)"

FDICA (Laplace)

p(Yn) = H «a exp (—|yij,n|) Separable for frequency
e.g., [Sawada+, 2003] ig

Yijn
IVA (spherical Laplace) p(Yn) = Haexp (=l1¥smll2) Yin = ( :
[Hiroe+, 2006], [Kim+, 2006] J YIjimn
Frequency vector

3

[Ono+, 2012]

[Kitamura+, 2016]

a in
IVA (time-varying Gauss) P(Yn) = H —5— €Xp (—”yJT)
J Gj)n o-jan

1
ILRMA (ISNMF model) p(Yn) = H 71'2?5—?) exp (
k Vik,nVkjn

i’j

|%ijn|*

>k LiknVkim

)
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Cost function in ILRMA
» Cost function in ILRMA

Demixing matrix:

,/' \
I il L,
L= ;2J213‘|‘“*Z .+1g2

Cost function in Cost function in
time-varying Gaussian IVA ISNMF
(estimates demixing matrix) (estimates low-rank spectral structure)

Spatial model update: AuxIVA All the variables are
Spectral model update: ISNMF alternatively updated

146

Update rule of parameters in ILRMA

* Maximum-likelihood-based update rules
Alternatively update both models

Spatial model Spectral model
(demixing matrix) (NMF variables)
Update demixing filter [Ono+, 2011] Update NMF parameters [Nakano+, 2010]
Vin = % Z injxg Likn < tikn Zj Wik (Zkltik""vk’j"l‘)_z
I T',],n L Z]. Vkjn (zk,tikl’"vklj,")_
W;n ¢ (W;V;,) e
i (WiVia) en 1 o g | 20 il tin O tibin Vi)
Win ¢ Win (Wi VinWin) TStk (S tantiga)
Update estimated signal Update estimated variance
Yijn = wgnx,-j Tijn = Ztik,n'vkj,n

e,: one-hot vector with one
at nth element

See also (pseudo code)
http://d-kitamura.net/pdf/misc/AlgorithmsForindependentLowRankMatrixAnalysis.pdf
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Clustering NMF bases for sources

* NMF bases should be automatically clustered into
each source

Introduce
partitioning function

Tijm = § :tik,nvkj,n ‘ Tijn = E :antz‘k’ukj
k k

Fixed number of Adaptive number of
bases for each source bases for each source

Ti(IxK) Ty(IxK) T(IxK)
Z
R1 Rz Rl R2

E

148
Update rule of parameters in ILRMA
« Maximum-likelihood-based update rules with Z
Alternatively update both models
Spatial model Spectral model
(demixing matrix) (NMF variables)
Update demixing filter [Ono+, 2011] Update NMF parameters [Nakano+, 2010]
_1 1 H --yi'n2t,"l)' ) Z t"I'UI'_2
j 5 i,j LikUkj k' “knlik’ Uk/j
Win — (Wivi,n)_l € —2
1 tae o Zj,n |Yijin |2 20n ks (3 g Zenbin Vi)
Win < Win (W;{nvi,ﬂwifﬂ) : ) ) Z,-,,, ZkenVki g zk‘ntik’vk’j)_l
Upda'f es:limated signal o X 50 P2kt (e b vey) 2
Yign = WinXij e D im Zntit (O ZintinrUrs)
e,.: one-hot vector with one Update estimated variance
at nth element Tijn = Zzlmtikvkj
See also (pseudo code) k
http://d-kitamura.net/pdf/misc/AlgorithmsForindependentLowRankMatrixAnalysis.pdf
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Historical development

4.1

Rm Independent low-rank matrix analysis (ILRMA)

More efficient calculation
for determined situation

150
Multichannel NMF revisited: model
* Multichannel NMF with full-rank covariance (sawada+, 2013]
Multichannel Instantaneous spatial covariance
vector Xij = XX}y
Tij1 |-’L'ij,1|2 zijylz:j,M
M x-':'=( : ) = : :
Py Ty MTige o |wigml?
Spatial covariances in SPatial covariances  Partitioning function
each time-frequency slot of each source / Basis matrix Activation matrix
~(H z )o T V
K
~ K
1 ~ I OI J Gains
Spectral patterns
N J Y, N K J
v - v
Observed Spatial model Spectral model
multichannel signal Spatial property of each source Spectral patterns of all sources
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ILRMA and multichannel ISNMF

* Relationship b/w ILRMA and multichannel ISNMF?

Source distribution: same  p(y;j.n) = Ne(¥ijn; 0, Y xtik,nVkjn)
Spatial model: different

ILRMA Multichannel ISNMF
Instantaneous mixture Mixture of full-rank covariances
in frequency domain (and power spectrograms)
Xij = Hisij Z Zkzkn zkvk_y 1,M

* Rank-1 spatial model (buong+, 2010]
Equivalent to instantaneous mixture

H h’i,'n,: steering vector
Hi,n = hz,nhz n (column vector of mixing matrix)
?

H; = (hi; --- h;n)

152

ILRMA and multichannel ISNMF
* Multichannel ISNMF with rank-1 spatial model

Cost function of multichannel ISNMF

J = ZJ [tr (XUX” ) + log det X“] )A(ij S Hontatn

Substitute rank-1 spatial model H;,=h; nh?n into Xij
Zkz hz n.h n?kn zk'Ukj

= Enh’i,nhi,nzkzkn ikUkj
= HiDinzH
>k Zr1tikUk; 0 e 0
H, = (hi,l . hi,N) , Dy = 0 Dk sz.tik'Ukj - )
6 T 0 >k ZentikUkj
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ILRMA and multichannel ISNMF

* Multichannel ISNMF with rank-1 spatial model
Substitute )A(,-J- =H,;D,;H} into the cost function of multichannel ISNMF

J= Z tr X,UX,LI;(HDUH?)_l) +10gdet H'LDZJH?}

= Z tr (xixGH; "D H; ) + log(det H;)(det D;;)(det H;)]

Transform the variables as W;=H™ and y;; = W;x;;
T =) [tr (Wi yyy5 W WD W) + log | det Hy[* + log det D]

sJ
=-2J Z ].Og | det W,l + Z log H Ekzkntikvkj + tr (y”yUD_l):|

____________________________________‘

. |Yij,n | Cost in
=_9J log | det W;| + ZenlikV
| = Z g| | ;[ K2knbikVkj z,cz,m.kvkj] , ILRMA
154

Summary of ILRMA

* From IVA side:

Introduce NMF spectral model (basis incrementation)

* From multichannel NMF side:
Introduce rank-1 spatial model (instantaneous mixture assumption)

()
é"‘ Multichannel
T2 NMF
o
o Rank-1 spatial
E l model
E= NMF spectral Xij = H’S"J
Qo model
» g IVA =) ILRMA
= >

Limited Spectral model Flexible
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Experiment
» Conditions
Source signals Music signals obtained from SiSEC2011
g Two microphones and two sources (determined)
Analysis window 512-ms-long Hamming window
Shift length 128 ms (1/4 shift)
Number of bases 30 per each source/60 for all sources
Evaluation score Improvement ot signal-to-distortion ratio (SDR)
Source 177 ------- “._Source 2
2m <§ Impulse response E2A
(reverberation time: 300 ms)
50°. ,f"é"o°
ZEF )?
5.56cm
156
Experiment

» Two source case (ultimate nz tour)

20

Good

[y
W

]
SDR improvement [dB]
w =)

| |

Poor

AuxIVA Multichannel ILRMA ILRMA
(Laplace) ISNMF (without Z) (with Z)
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Experiment

» Conditions

Music signals obtained from SiSEC2011

Source signals Three microphones and three sources (determined)

Analysis window 512-ms-long Hamming window
Shift length 128 ms (1/4 shift)
Number of bases 30 per each source/90 for all sources
Evaluation score Improvement ot signal-to-distortion ratio (SDR)
Source 2 Source 3
Source 1@77®
Z 2m Impulse response E2A

(reverberation time: 300 ms)

2.83cm 2.83cm

158
Experiment
» Three source case (bearlin-roads, 14 s)
Good 12
A soP
y N e b

5 104 “NILRMA W/ Z, 60.7s
| ILRMAW/0Z, 1515
E o
F o8 X/gg‘\m”m
g 2 . VA, 11.5s Multichannel ISNMF, 7647.3
{2

S 4

£ - IVA

g 2] —%<— Multichannel ISNMF

n —+— ILRMA without Z

~5— ILRMA with Z
0+ Other demo:
http://d-kitamura.net/en/demo_en.htm
) 1 1 1
Poor 0 100 200 300 400
lteration steps
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Conclusion
Channel
Complex-valued Tensor _m Mixure
* Multichannel audio mixture LT
* Frequency domain via STFT  Frequency
Time j
ICA, IVA ¥ ILRMA NMF, MNMF
* Independence | - : Update W, .‘,@-'@‘%% * Spectral bases !
* Super-Gaussian =~ ®"@"@}E * Low-rank ==
Component — Vector — Low-rank Matrix
Auxiliary function-based optimization
* Fast convergence
* Problem dependent, but “cookbook” works
160

Advertisement: book chapters

* MNMF and ILRMA will be published from Springer in
March, 2018!

Audio Source Separation (Signals and
Communication Technology)
1st ed. 2018 by Ed. Shoji Makino

Shoji Makino Editor

' Ch.5
Audio General formulation of multichannel extensions of
NMF variants;
Source Hirokazu Kameoka, Hiroshi Sawada, and Takuya
Higuchi.

Separation S

Determined Blind Source Separation with
Independent Low-Rank Matrix analysis;

Daichi Kitamura, Nobutaka Ono, Hiroshi Sawada,
Hirokazu Kameoka, and Hiroshi Saruwatari.
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Thank you very much
for attending this tutorial !

Hiroshi Sawada Nobutaka Ono Hirokazu Kameoka Daichi Kitamura
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