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Nonnegativity: from scalar to vector
119

Scalar Vector

nonnegative complex

Observation

Nonnegative
representation

Low-rank 
model

• Hermitian positive-semidefinite matrix

• Spatial property of the k-th NMF basis at frequency i
All eigenvalues are nonnegative

Optimization problem of multichannel NMF
• Objective function to be minimized

120

with

-element wise:

typically IS divergence
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Auxiliary function design
121

with

Objective function

Auxiliary function

Jensen's inequality applied 
to reciprocal function

matrix extension

1st order Taylor expansion 
of logarithmic function

matrix extension

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

Multiplicative update rules
122

Multichannel IS-NMF IS-NMF

Algebraic Riccati equation
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Learned spatial property example
123

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

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

source 1

source 2

Clustering NMF bases for sources
• Modify the modeling of the spatial property 

• with source-wise spatial property

124

Similar multiplicative updates derived 
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Learned spatial property example
125

Basis-wise Source-wise

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

source 1

source 2

3 music parts separation example
• 3 sources and 2 microphones (underdetermined case)

126

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

The computational burden 
was heavy: it took 838.30 

seconds for separating 24-
second mixture. 
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Determined multichannel NMF
• Special case of multichannel NMF where mixing matrix

is invertible
• When                  , we can write                    and so 

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

127

where and

[Kameoka+2010]

BSS methods and optimization techniques
2000 2010

Determined BSS
ICAICA

Underdetermined BSS

IVAIVA

NMFNMFMonaural source
separation

FD-ICAFD-ICA

TF mask 
estimation
TF mask 

estimation

Optimization techniques
IS divergence mini-
mization with MM
IS divergence mini-
mization with MMNatural gradientNatural gradient

Determined
MNMF

Determined
MNMF

AuxIVA
(MM)

AuxIVA
(MM)

MNMF
(MM)

MNMF
(MM)

MFHMM 
(MM)

MFHMM 
(MM)

IS-NMFIS-NMF

Complex
NMF

Complex
NMF

Factorial
HMM

Factorial
HMM

MNMF 
(EM)

MNMF 
(EM)

ILRMA
(MM)
ILRMA
(MM)

Separation matrix
optimization with IP

Separation matrix
optimization with IP

128

(Earlier idea of ILRMA)
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BSS methods and optimization techniques
2000 2010

Determined BSS
ICAICA

Underdetermined BSS

IVAIVA

NMFNMFMonaural source
separation

FD-ICAFD-ICA

TF mask 
estimation
TF mask 

estimation

Optimization techniques
IS divergence mini-
mization with MM
IS divergence mini-
mization with MMNatural gradientNatural gradient

Determined
MNMF

Determined
MNMF

AuxIVA
(MM)

AuxIVA
(MM)

MNMF
(MM)

MNMF
(MM)

MFHMM 
(MM)

MFHMM 
(MM)

IS-NMFIS-NMF

Complex
NMF

Complex
NMF

Factorial
HMM

Factorial
HMM

MNMF 
(EM)

MNMF 
(EM)

ILRMA
(MM)
ILRMA
(MM)

Separation matrix
optimization with IP

Separation matrix
optimization with IP

129

(Earlier idea of ILRMA)

Categorization of LGM-based BSS methods
130

Method

Attias (2003)

Ozerov & Févotte (2010)

Duong et al. (2010)

Kameoka et al. (2010)

Yoshioka et al. (2011)

Ono et al. (2012)

Sawada et al. (2013)

Higuchi et al. (2014)

Kitamura et al. (2015)

López et al. (2015)

Adiloğlu & Vincent (2016)

Kounades-Bastian et al. (2016)

Generative model
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Categorization of LGM-based BSS methods
131

Method

Attias (2003)

Ozerov & Févotte (2010)

Duong et al. (2010)

Kameoka et al. (2010)

Yoshioka et al. (2011)

Ono et al. (2012)

Sawada et al. (2013)

Higuchi et al. (2014)

Kitamura et al. (2015)

López et al. (2015)

Adiloğlu & Vincent (2016)

Kounades-Bastian et al. (2016)

Constraints on 

Tutorial structure

1. Introduction
1. Separation of audio/speech signals

2. Live demonstration

2. ICA and IVA
1. ICA: Independent Component Analysis

2. IVA: Independent Vector Analysis

3. NMF
1. NMF: Nonnegative Matrix Factorization

2. MNMF: Multichannel NMF

4. ILRMA
1. ILRMA: Independent Low-Rank Matrix Analysis

132
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Tensor and sliced matrices
133

Frequency

Time

Channel
Mixture

3.2. MNMF

2.2. IVA

4.1. ILRMA

Historical development
134

1994

1998

2013

1999

2012

Ye
ar

Many permutation solvers 
were proposed for FDICA

Many applications of NMF
Generative models in NMF
Many extensions of NMF

Independent component analysis (ICA)Independent component analysis (ICA)

Frequency-domain ICA (FDICA)Frequency-domain ICA (FDICA)

Itakura–Saito NMF (ISNMF)Itakura–Saito NMF (ISNMF)

Independent vector analysis (IVA)Independent vector analysis (IVA)

Multichannel NMFMultichannel NMF

2016

2009

2006

2011 Auxiliary-function-based IVA (AuxIVA)Auxiliary-function-based IVA (AuxIVA)

Time-varying Gaussian IVATime-varying Gaussian IVA

Nonnegative matrix factorization (NMF)Nonnegative matrix factorization (NMF)

Independent low-rank matrix analysis (ILRMA)Independent low-rank matrix analysis (ILRMA)

(Over-)determined problem Underdetermined problem

3.2

2.1
3.1

2.2

4.1

2.2
3.1

2.1

More efficient calculation 
for determined situation

More precise spectral 
model using NMF
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Historical development
135

1994

1998

2013

1999

2012

Ye
ar

Many permutation solvers 
were proposed for FDICA

Many applications of NMF
Generative models in NMF
Many extensions of NMF

Independent component analysis (ICA)Independent component analysis (ICA)

Frequency-domain ICA (FDICA)Frequency-domain ICA (FDICA)

Itakura–Saito NMF (ISNMF)Itakura–Saito NMF (ISNMF)

Independent vector analysis (IVA)Independent vector analysis (IVA)

Multichannel NMFMultichannel NMF

2016

2009

2006

2011 Auxiliary-function-based IVA (AuxIVA)Auxiliary-function-based IVA (AuxIVA)

Time-varying Gaussian IVATime-varying Gaussian IVA

Nonnegative matrix factorization (NMF)Nonnegative matrix factorization (NMF)

Independent low-rank matrix analysis (ILRMA)Independent low-rank matrix analysis (ILRMA)

(Over-)determined problem Underdetermined problem

3.2

2.1
3.1

2.2

4.1

2.2
3.1

2.1

More efficient calculation 
for determined situation

More precise spectral 
model using NMF

• Spatial model: assumption of mixing/demixing system
• Spectral model: assumption for each source

Spatial and spectral models in BSS
136

Observed 
mixtureMixing 

system

Estimated 
signal

Source 
distribution

Spectral model

Time-freq. 
structure

Spatial model

Demixing 
system

Source 
signal

- Instantaneous mixture in frequency domain
- Liner time-invariant mixing system

- Super Gaussianity of source dist.
- Sparse or low-rank time-freq. structure
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IVA revisited: model
137

• IVA extends ICA to multivariate probabilistic model

…… …… …

Observed 
vector Demixing 

matrix

Estimated 
vector

Higher-order 
correlations

Permutation-problem-free estimation of

Source 
vectorMutually 

independent
Mixing 
matrix

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

Spherical 
distribution

[Hiroe+, 2006], [Kim+, 2006], [Kim+, 2007]

IVA revisited: compared to FDICA
138

• Frequency-domain ICA (FDICA)

• IVA

Observation

Update separation filter so that the estimated 
signals obey non-Gaussian distribution

Estimation

Demixing 
system

Current 
empirical dist.

Non-Gaussian 
source dist.

STFT

Fr
eq

ue
nc

y

Time

Fr
eq

ue
nc

y

Time

Observation Estimation

Current 
empirical dist.

STFT

Fr
eq

ue
nc

y

Time

Fr
eq

ue
nc

y

Time

Non-Gaussian 
spherical 

source dist.

Scalar r.v.s

Vector r.v.s

Update separation filter so that the estimated 
signals obey non-Gaussian multivariate distribution

Mixture is close to Gaussian signal 
because of central limit theorem

Source obeys 
non-Gaussian dist.

Mutually 
independent

Demixing 
system Mutually 

independent
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Extension of vector source model in IVA
139

• Frequency vector spectral model (IVA)

• NMF spectral model

Co-occurrence among frequency bins
of each source

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

F
re

q
u

e
n

cy

Time

F
re

q
u

e
n

cy

Time

Extend vector model to 
low-rank matrix model Vector-activated model

Low-rank model

More precise representation of 
time-frequency structure

Incrementation of frequency bases

If        can be decomposed as                         , then

ISNMF revisited: low-rank spectral model
140

• Itakura–Saito NMF (ISNMF)

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

[Févotte+, 2009]

Parameters are 
also decomposed

At each time-frequency slot, complex-valued component       obeys
Variance
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ISNMF revisited: low-rank spectral model
141

• Itakura–Saito NMF (ISNMF) [Févotte+, 2009]

Fr
eq

ue
nc

y
bi

n

Time frame

: Power spectrogram

Small variance

Large variance

Grayscale shows 
intensity of variance

NOTE:                                                is non-Gaussian
because the variance               can fluctuate along 
time and frequency

Re Im

Re Im

ILRMA: unified method of IVA and NMF
142

• Independent low-rank matrix analysis (ILRMA)

Observed 
signal

IVA
ISNMF

ISNMF

Estimated 
signal

Low-rank 
spectral model

Maximize 
independence

Low-rank 
modeling

1. Estimation of demixing matrix        (IVA spatial model)
2. Low-rank approximation using             (ISNMF spectral model)

[Kitamura+, 2016]

Unification of



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

72

ILRMA: unified method of IVA and NMF
143

• Independent low-rank matrix analysis (ILRMA) [Kitamura+, 2016]

Motivation of ILRMA?

Low-rank assumption can avoid 
the permutation problem

Maximize non-Gaussianity
(using ICA or IVA theory)

(1) Mixture dist. approaches to Gaussian (2) Rank of spectrogram increases
When sources are mixed…

Time

F
re

q
u

e
n

cy
F

re
q

u
e

n
cy

Time

Time

F
re

q
u

e
n

cy
F

re
q

u
e

n
cy

Time

Mix

Restrict rank of separated signal
(using NMF theory)

To separate the sources…

Cost function in ILRMA
144

• Cost function in FDICA, IVA, or ILRMA
Source distribution 

(spectral model)

FDICA (Laplace)

IVA (spherical Laplace)

ILRMA (ISNMF model)

Frequency vector

Separable for frequency

IVA (time-varying Gauss)

[Hiroe+, 2006], [Kim+, 2006]

[Ono+, 2012]

[Kitamura+, 2016]

e.g., [Sawada+, 2003]
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Cost function in ILRMA
145

• Cost function in ILRMA

Estimated signal: 

Cost function in 
time-varying Gaussian IVA
(estimates demixing matrix)

Cost function in 
ISNMF

(estimates low-rank spectral structure)

All the variables are 
alternatively updated

Spatial model update: AuxIVA
Spectral model update: ISNMF

Demixing matrix: 

Update rule of parameters in ILRMA
146

• Maximum-likelihood-based update rules

Spatial model
(demixing matrix)

Spectral model
(NMF variables)

: one-hot vector with one
at th element

Update estimated signal

Update demixing filter [Ono+, 2011]

Update estimated variance

Update NMF parameters [Nakano+, 2010]

Alternatively update both models

See also (pseudo code)
http://d-kitamura.net/pdf/misc/AlgorithmsForIndependentLowRankMatrixAnalysis.pdf
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• NMF bases should be automatically clustered into 
each source

Clustering NMF bases for sources
147

Fixed number of 
bases for each source

Adaptive number of 
bases for each source

Introduce 
partitioning function

Update rule of parameters in ILRMA
148

• Maximum-likelihood-based update rules with 

Spatial model
(demixing matrix)

Spectral model
(NMF variables)

: one-hot vector with one
at th element

Update estimated signal

Update demixing filter [Ono+, 2011]

Update estimated variance

Update NMF parameters [Nakano+, 2010]

Alternatively update both models

See also (pseudo code)
http://d-kitamura.net/pdf/misc/AlgorithmsForIndependentLowRankMatrixAnalysis.pdf



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

75

Historical development
149

1994

1998

2013

1999

2012

Ye
ar

Many permutation solvers 
were proposed for FDICA

Many applications of NMF
Generative models in NMF
Many extensions of NMF

Independent component analysis (ICA)Independent component analysis (ICA)

Frequency-domain ICA (FDICA)Frequency-domain ICA (FDICA)

Itakura–Saito NMF (ISNMF)Itakura–Saito NMF (ISNMF)

Independent vector analysis (IVA)Independent vector analysis (IVA)

Multichannel NMFMultichannel NMF

2016

2009

2006

2011 Auxiliary-function-based IVA (AuxIVA)Auxiliary-function-based IVA (AuxIVA)

Time-varying Gaussian IVATime-varying Gaussian IVA

Nonnegative matrix factorization (NMF)Nonnegative matrix factorization (NMF)

Independent low-rank matrix analysis (ILRMA)Independent low-rank matrix analysis (ILRMA)

(Over-)determined problem Underdetermined problem

3.2

2.1
3.1

2.2

4.1

2.2
3.1

2.1

More efficient calculation 
for determined situation

More precise spectral 
model using NMF

• Multichannel NMF with full-rank covariance

Multichannel NMF revisited: model
150

Spatial covariances in 
each time-frequency slot

Observed 
multichannel signal

Spatial covariances 
of each source Basis matrix Activation matrix

Spatial model Spectral model

Partitioning function

Spectral patterns

Gains

Spatial property of each source Spectral patterns of all sources

Multichannel 
vector

Instantaneous spatial covariance

[Sawada+, 2013]
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• Relationship b/w ILRMA and multichannel ISNMF?

• Rank-1 spatial model

ILRMA and multichannel ISNMF
151

Source distribution: same
Spatial model: different

ILRMA Multichannel ISNMF
Instantaneous mixture 
in frequency domain

Mixture of full-rank covariances 
(and power spectrograms)

[Duong+, 2010]

: steering vector
(column vector of mixing matrix)

Equivalent to instantaneous mixture

• Multichannel ISNMF with rank-1 spatial model

ILRMA and multichannel ISNMF
152

Cost function of multichannel ISNMF

Substitute rank-1 spatial model                          into 

,



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

77

• Multichannel ISNMF with rank-1 spatial model

ILRMA and multichannel ISNMF
153

Substitute                            into the cost function of multichannel ISNMF

Transform the variables as                   and 

Cost in 
ILRMA

• From IVA side:

• From multichannel NMF side:

Summary of ILRMA
154

Spectral model

Sp
at

ia
l m

od
el

Li
m

ite
d

FlexibleLimited

IVA

Multichannel 
NMF

ILRMA

NMF spectral 
model

Rank-1 spatial 
model

Introduce NMF spectral model (basis incrementation)

Introduce rank-1 spatial model (instantaneous mixture assumption)

Fl
ex

ib
le
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• Conditions

Experiment
155

Source signals Music signals obtained from SiSEC2011
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)

Impulse response E2A
(reverberation time: 300 ms)

Experiment
• Two source case (ultimate nz tour)

156

Poor

Good

AuxIVA
(Laplace)

Multichannel 
ISNMF

ILRMA
(without Z)

ILRMA
(with Z)

20

15

10

5

0

S
D

R
 im

pr
ov

em
en

t [
d

B
]

 Guitar
 Synth. 
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• Conditions

Experiment
157

Source signals Music signals obtained from SiSEC2011
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)

Impulse response E2A
(reverberation time: 300 ms)

Experiment
• Three source case (bearlin-roads, 14 s)

158

12

10

8

6

4

2

0

-2

S
D

R
 im

pr
ov

e
m

en
t 

[d
B

]

4003002001000
Iteration steps

 IVA
 MNMF
 ILRMA                    
 ILRMA

without Z
with Z

IVA, 11.5 s

ILRMA w/o Z, 15.1 s
ILRMA w/ Z, 60.7 s

Multichannel ISNMF, 7647.3 s

Poor

Good

Multichannel ISNMF

http://d-kitamura.net/en/demo_en.htm
Other demo:
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Conclusion
159

Auxiliary function-based optimization

Complex-valued Tensor 

ICA, IVA NMF, MNMFILRMA

• Fast convergence
• Problem dependent, but “cookbook” works

• Multichannel audio mixture
• Frequency domain via STFT

• Independence
• Super-Gaussian

• Spectral bases
• Low-rank 

Component  Vector  Low-rank Matrix

Advertisement: book chapters
• MNMF and ILRMA will be published from Springer in 
March, 2018!

160

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

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

Ch. 6
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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161

Thank you very much 
for attending this tutorial !

Hiroshi Sawada Nobutaka Ono Hirokazu Kameoka Daichi Kitamura 



SELECTED REFERENCES
Frequency-domain approach to convolutive BSS

• [Smaragdis, 1998], [Parra and Spence, 2000], [Schobben and Sommen, 2002],
[Anemüller and Kollmeier, 2000], [Asano et al., 2003], [Saruwatari et al., 2003],
[Saruwatari et al., 2006], [Yoshioka et al., 2008], [Duong et al., 2010]

• Permutation alignment [Sawada et al., 2004], [Sawada et al., 2007], [Sawada et al., 2011]
• Scaling adjustment to microphone observations [Cardoso, 1998], [Murata et al., 2001],

[Matsuoka and Nakashima, 2001], [Takatani et al., 2004], [Mori et al., 2006]

ICA: Independent Component Analysis

• Information-maximization approach [Bell and Sejnowski, 1995]
• Maximum likelihood (ML) estimation [Cardoso, 1997]
• Natural gradient [Amari et al., 1996], [Cichocki and Amari, 2002]
• Equivariance property [Cardoso and Souloumiac, 1996]
• FastICA [Hyvärinen et al., 2001]
• Complex-valued ICA [Bingham and Hyvärinen, 2000], [Sawada et al., 2003]
• Auxiliary function based ICA [Ono and Miyabe, 2010]

IVA: Independent Vector Analysis

• Multivariate p.d.f. [Hiroe, 2006], [Kim et al., 2006], [Kim et al., 2007]
• FastIVA [Lee et al., 2006], [Lee et al., 2007]
• HEAD problem [Yeredor, 2009]
• Auxiliary function based IVA (AuxIVA) [Ono, 2011], [Ono, 2012b], [Ikeshita et al., 2017]
• Time-varying Gaussian p.d.f. [Ono, 2012a], [Ono et al., 2012]
• Supervised or model-based IVA [Ono et al., 2012], [Lopez et al., 2015],

[Nesta and Koldovský, 2017]
• Online IVA [Kim, 2010], [Taniguchi et al., 2014], [Sunohara et al., 2017]

NMF: Nonnegative Matrix Factorization

• Auxiliary function based optimization for Euclidean distance NMF and generalized
Kullback-Leibler divergence NMF [Lee and Seung, 1999], [Lee and Seung, 2001]

• EM-based optimization for Itakura-Saito divergence NMF [Févotte et al., 2009]
• Auxiliary function based optimization for Itakura-Saito divergence NMF [Kameoka et al., 2006],

[Nakano et al., 2010], [Févotte and Idier, 2011]
• Auxiliary function based optimization for β divergence NMF [Nakano et al., 2010],

[Févotte and Idier, 2011]
• Auxiliary function based optimization for sparse NMF [Kameoka et al., 2009]

Multi-channel NMF

• EM-based optimization [Ozerov and Févotte, 2010]
• Auxiliary function based optimization [Sawada et al., 2012], [Sawada et al., 2013],

[Higuchi and Kameoka, 2014]

ILRMA: Independent Low-Rank Matrix Analysis

• Earlier idea (determined multi-channel NMF) [Kameoka et al., 2010]
• Multichannel NMF with rank-1 spatial model [Kitamura et al., 2015a]
• ILRMA [Kitamura et al., 2016], [Kitamura et al., 2018]
• Relaxation of Rank-1 spatial model [Kitamura et al., 2015b]
• Maximization-equalization algorithm [Mitsui et al., 2017b]
• Optimal window length [Kitamura et al., 2017]
• Based on Student’s t-distribution [Mogami et al., 2017]
• With sparse regularization [Mitsui et al., 2017a]
• With spatial regularization [Mitsui et al., 2018]
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Other references related to auxiliary function based optimization

• [Lange et al., 2000], [Hunter and Lange, 2000], [Hunter and Lange, 2004], [Ono et al., 2009],
[Ono and Sagayama, 2010], [Févotte and Idier, 2011], [Yoshii et al., 2013],
[Kameoka and Takamune, 2014], [Sun et al., 2017]

REFERENCES

[Amari et al., 1996] Amari, S., Cichocki, A., and Yang, H. H. (1996). A new learning algorithm for blind signal separation.
In Advances in Neural Information Processing Systems, volume 8, pages 757–763. The MIT Press.

[Anemüller and Kollmeier, 2000] Anemüller, J. and Kollmeier, B. (2000). Amplitude modulation decorrelation for
convolutive blind source separation. In Proc. ICA 2000, pages 215–220.

[Asano et al., 2003] Asano, F., Ikeda, S., Ogawa, M., Asoh, H., and Kitawaki, N. (2003). Combined approach of array
processing and independent component analysis for blind separation of acoustic signals. IEEE Trans. Speech Audio
Processing, 11(3):204–215.

[Bell and Sejnowski, 1995] Bell, A. and Sejnowski, T. (1995). An information-maximization approach to blind separation and
blind deconvolution. Neural Computation, 7(6):1129–1159.

[Bingham and Hyvärinen, 2000] Bingham, E. and Hyvärinen, A. (2000). A fast fixed-point algorithm for independent
component analysis of complex valued signals. International Journal of Neural Systems, 10(1):1–8.

[Cardoso, 1997] Cardoso, J.-F. (1997). Infomax and maximum likelihood for blind source separation. IEEE Signal Processing
Letters, 4(4):112–114.

[Cardoso, 1998] Cardoso, J.-F. (1998). Multidimensional independent component analysis. In Acoustics, Speech and Signal
Processing, 1998. Proceedings of the 1998 IEEE International Conference on, volume 4, pages 1941–1944. IEEE.

[Cardoso and Souloumiac, 1996] Cardoso, J.-F. and Souloumiac, A. (1996). Jacobi angles for simultaneous diagonalization.
SIAM Journal on Matrix Analysis and Applications, 17(1):161–164.

[Cichocki and Amari, 2002] Cichocki, A. and Amari, S. (2002). Adaptive Blind Signal and Image Processing. John Wiley &
Sons.

[Duong et al., 2010] Duong, N., Vincent, E., and Gribonval, R. (2010). Under-determined reverberant audio source separation
using a full-rank spatial covariance model. IEEE Trans. Audio, Speech, and Language Processing, 18(7):1830–1840.

[Févotte et al., 2009] Févotte, C., Bertin, N., and Durrieu, J.-L. (2009). Nonnegative matrix factorization with the
Itakura-Saito divergence: With application to music analysis. Neural Computation, 21(3):793–830.

[Févotte and Idier, 2011] Févotte, C. and Idier, J. (2011). Algorithms for nonnegative matrix factorization with the
β-divergence. Neural computation, 23(9):2421–2456.

[Higuchi and Kameoka, 2014] Higuchi, T. and Kameoka, H. (2014). Joint audio source separation and dereverberation based
on multichannel factorial hidden markov model. In Machine Learning for Signal Processing (MLSP), 2014 IEEE
International Workshop on, pages 1–6. IEEE.

[Hiroe, 2006] Hiroe, A. (2006). Solution of permutation problem in frequency domain ICA using multivariate probability
density functions. In Proc. ICA 2006 (LNCS 3889), pages 601–608. Springer.

[Hunter and Lange, 2000] Hunter, D. R. and Lange, K. (2000). Quantile regression via an MM algorithm. Journal of
Computational and Graphical Statistics, 9(1):60–77.

[Hunter and Lange, 2004] Hunter, D. R. and Lange, K. (2004). A tutorial on mm algorithms. The American Statistician,
58(1):30–37.

[Hyvärinen et al., 2001] Hyvärinen, A., Karhunen, J., and Oja, E. (2001). Independent Component Analysis. John Wiley &
Sons.

[Ikeshita et al., 2017] Ikeshita, R., Kawaguchi, Y., Togami, M., Fujita, Y., and Nagamatsu, K. (2017). Independent vector
analysis with frequency range division and prior switching. In Signal Processing Conference (EUSIPCO), 2017 25th
European, pages 2329–2333. IEEE.

[Kameoka et al., 2006] Kameoka, H., Goto, M., and Sagayama, S. (2006). Selective amplifier of periodic and non-periodic
components in concurrent audio signals with spectral control envelopes. Proc. SIG Tech. Reports on Music and Computer
of IPSJ, pages 77–84.

[Kameoka et al., 2009] Kameoka, H., Ono, N., Kashino, K., and Sagayama, S. (2009). Complex NMF: A new sparse
representation for acoustic signals. In Acoustics, Speech and Signal Processing, 2009. ICASSP 2009. IEEE International
Conference on, pages 3437–3440. IEEE.

[Kameoka and Takamune, 2014] Kameoka, H. and Takamune, N. (2014). Training restricted boltzmann machines with
auxiliary function approach. In Machine Learning for Signal Processing (MLSP), 2014 IEEE International Workshop on,
pages 1–6. IEEE.

[Kameoka et al., 2010] Kameoka, H., Yoshioka, T., Hamamura, M., Le Roux, J., and Kashino, K. (2010). Statistical model of
speech signals based on composite autoregressive system with application to blind source separation. In International
Conference on Latent Variable Analysis and Signal Separation, pages 245–253. Springer.

83



[Kim, 2010] Kim, T. (2010). Real-time independent vector analysis for convolutive blind source separation. IEEE Trans.
Circuits and Systems I: Regular Papers, 57(7):1431–1438.

[Kim et al., 2007] Kim, T., Attias, H. T., Lee, S.-Y., and Lee, T.-W. (2007). Blind source separation exploiting higher-order
frequency dependencies. IEEE Trans. Audio, Speech and Language Processing, 15(1):70–79.

[Kim et al., 2006] Kim, T., Eltoft, T., and Lee, T.-W. (2006). Independent vector analysis: An extension of ica to multivariate
components. In International Conference on Independent Component Analysis and Signal Separation, pages 165–172.
Springer.

[Kitamura et al., 2017] Kitamura, D., Ono, N., and Saruwatari, H. (2017). Experimental analysis of optimal window length
for independent low-rank matrix analysis. In Proc. EUSIPCO 2017, pages 1210–1214.

[Kitamura et al., 2015a] Kitamura, D., Ono, N., Sawada, H., Kameoka, H., and Saruwatari, H. (2015a). Efficient
multichannel nonnegative matrix factorization exploiting rank-1 spatial model. In Proc. ICASSP 2015, pages 276–280.

[Kitamura et al., 2015b] Kitamura, D., Ono, N., Sawada, H., Kameoka, H., and Saruwatari, H. (2015b). Relaxation of rank-1
spatial constraint in overdetermined blind source separation. In Proc. EUSIPCO 2015, pages 1271–1275.

[Kitamura et al., 2016] Kitamura, D., Ono, N., Sawada, H., Kameoka, H., and Saruwatari, H. (2016). Determined blind
source separation unifying independent vector analysis and nonnegative matrix factorization. IEEE/ACM Transactions on
Audio, Speech, and Language Processing, 24(9):1626–1641.

[Kitamura et al., 2018] Kitamura, D., Ono, N., Sawada, H., Kameoka, H., and Saruwatari, H. (2018). Determined blind
source separation with independent low-rank matrix analysis. In Makino, S., editor, Audio Source Separation. Springer.

[Lange et al., 2000] Lange, K., Hunter, D. R., and Yang, I. (2000). Optimization transfer using surrogate objective functions.
Journal of computational and graphical statistics, 9(1):1–20.

[Lee and Seung, 2001] Lee, D. and Seung, H. (2001). Algorithms for non-negative matrix factorization. In Advances in
Neural Information Processing Systems, volume 13, pages 556–562.

[Lee and Seung, 1999] Lee, D. D. and Seung, H. S. (1999). Learning the parts of objects with nonnegative matrix
factorization. Nature, 401:788–791.

[Lee et al., 2006] Lee, I., Kim, T., and Lee, T.-W. (2006). Complex FastIVA: A robust maximum likelihood approach of
MICA for convolutive BSS. In Proc. ICA 2006 (LNCS 3889), pages 625–632. Springer.

[Lee et al., 2007] Lee, I., Kim, T., and Lee, T.-W. (2007). Fast fixed-point independent vector analysis algorithms for
convolutive blind source separation. Signal Processing, 87(8):1859–1871.

[Lopez et al., 2015] Lopez, A. R., Ono, N., Remes, U., Palomaki, K., and Kurimo, M. (2015). Designing multichannel source
separation based on single-channel source separation. In Proc. ICASSP, pages 469–473.

[Matsuoka and Nakashima, 2001] Matsuoka, K. and Nakashima, S. (2001). Minimal distortion principle for blind source
separation. In Proc. ICA 2001, pages 722–727.

[Mitsui et al., 2017a] Mitsui, Y., Kitamura, D., Takamichi, S., Ono, N., and Saruwatari, H. (2017a). Blind source separation
based on independent low-rank matrix analysis with sparse regularization for time-series activity. In Proc. ICASSP 2017,
pages 21–25.

[Mitsui et al., 2017b] Mitsui, Y., Takamune, N., Kitamura, D., Saruwatari, H., Takahashi, Y., and Kondo, K. (2017b).
Independent low-rank matrix analysis based on parametric majorization-equalization algorithm. In Proc. CAMSAP 2017,
pages 98–102.

[Mitsui et al., 2018] Mitsui, Y., Takamune, N., Kitamura, D., Saruwatari, H., Takahashi, Y., and Kondo, K. (2018). Vectorwise
coordinate descent algorithm for spatially regularized independent low-rank matrix analysis. In Proc. ICASSP 2018.

[Mogami et al., 2017] Mogami, S., Kitamura, D., Mitsui, Y., Takamune, N., Saruwatari, H., and Ono, N. (2017). Independent
low-rank matrix analysis based on complex student’s t-distribution for blind audio source separation. In Proc. MLSP 2017.

[Mori et al., 2006] Mori, Y., Saruwatari, H., Takatani, T., Ukai, S., Shikano, K., Hiekata, T., Ikeda, Y., Hashimoto, H., and
Morita, T. (2006). Blind separation of acoustic signals combining SIMO-model-based independent component analysis and
binary masking. EURASIP Journal on Applied Signal Processing, 2006:Article ID 34970, 17 pages.

[Murata et al., 2001] Murata, N., Ikeda, S., and Ziehe, A. (2001). An approach to blind source separation based on temporal
structure of speech signals. Neurocomputing, 41:1–24.

[Nakano et al., 2010] Nakano, M., Kameoka, H., Le Roux, J., Kitano, Y., Ono, N., and Sagayama, S. (2010).
Convergence-guaranteed multiplicative algorithms for nonnegative matrix factorization with β-divergence. In Machine
Learning for Signal Processing (MLSP), 2010 IEEE International Workshop on, pages 283–288. IEEE.
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