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This thesis describes a unified statistical approach to joint multichannel source separation and
dereverberation. This technique is useful as a front end of various audio applications including
smart speakers, conversational robots, and hearing aid systems because recorded signals usually
include overlapping utterances of target and non-target speakers, environmental noise, and
reverberation. The objective of source (speech) separation is to recover multiple source (speech)
signals from observed multichannel mixture signals. Speech enhancement is one important type
of speech separation that aims to extract only utterances of a target speaker from noisy mixture
signals. In addition, it is necessary to recover anechoic (dry) speech signals for improving the
speech intelligibility and the performance of automatic speech recognition.

A modern standard approach to multichannel audio source separation is to perform maximum-
likelihood estimation for a unified probabilistic model that consists of source and spatial models
representing the power spectral densities (PSDs) and spatial covariance matrices (SCMs) of
sources, respectively. Assuming the low-rankness of source PSDs in the time-frequency domain,
nonnegative matrix factorization (NMF) has often been used as a source model. One of the most
successful examples of this approach is multichannel nonnegative matrix factorization (MNMF)
that consists of a low-rank source model based on NMF and a full-rank spatial model that can
deal with reverberation longer than the window size. Although MNMF is a versatile blind source
separation (BSS) method with a convergence-guaranteed iterative optimization algorithm, it has
four major problems. 1) The low-rankness of source PSDs does not always hold in reality,
especially for speech sources with complicated frequency and temporal dynamics. 2) MNMF
tends to easily get stuck in a local optimum because the log-likelihood function to be maximized
is highly non-convex and the spatial model has a high degree of freedom. 3) The optimization
algorithm is computationally expensive because of a large number of SCM inversions. 4) The
performance of MNMF is severely degraded under a realistic echoic condition.

As the basis of the thesis, Chapter 2 provides comprehensive reviews of existing techniques
of blind and non-blind sound source separation, speech enhancement, and dereverberation based
on deep learning and/or probabilistic modeling. The multichannel source separation and speech
enhancement methods are categorized in terms of the complexity of the spatial model.

To solve the problems 1) and 2), Chapter 3 proposes a semi-blind speech enhancement method
called MNMF-DSP that uses a conventional low-rank model and a deep generative model as
noise and speech models (source models), respectively. While the noise model is learned on the
fly from observed noisy speech signals in an unsupervised manner, the speech model is learned
in advance from clean speech signals in an unsupervised manner and used as a prior of clean

speech spectrogram. It has experimentally been shown that MNMF-DSP outperformed MNMF




in terms of the signal-to-distortion ratio (SDR) and alleviated the initialization sensitivity of
MNMEF in speech enhancement.

To solve the problems 2) and 3), Chapter 4 proposes a computationally-efficient variant of
MNMEF called FastMNMF based on a jointly-diagonalizable full-rank spatial model. Assuming
the SCMs of all sources to be jointly diagonalizable, computationally-expensive MNMF dealing
with the covariance of channels in the spatial domain is converted to light-weight nonnegative
tensor factorization (NTF) assuming the independence of channels in the transformed domain,
where the transform matrix (diagonalizer) is estimated efficiently via iterative projection (IP).
To explicitly consider the directivity of each source, rank-constrained FastMNMF called RC-
FastMNMF that can individually specify the ranks of SCMs is proposed. It has experimentally
been shown that FastMNMF outperformed MNMF in terms of the SDR in speech separation and
that RC-FastMNMF with rank-1 speech SCMs and full-rank noise SCMs worked better than
FastMNMF in speech enhancement.

To solve the problem 4), Chapter 5 proposes an extension of FastMNMF based on an
autoregressive-moving average (ARMA) model called ARMA-FastMNMEF for joint blind source
separation and dereverberation. The early part of the reverberation is represented by the MA
model and the late part is mainly represented by the AR model, which is suitable for representing
long reverberations. To derive efficient update rules, the joint-diagonalization constraint is
introduced on the MA model. It has experimentally been shown that ARMA-FastMNMF
outperformed its ablated version based on the AR or MA model only (AR- or MA-FastMNMF)
and the cascading method that sequentially uses AR-based dereverberation and MA-FastMNMF
in terms of the SDR.

Chapter 6 concludes this thesis with a brief look at future work for real-time joint separation

and dereverberation of a varying number of sources.




(feik 2 )

G LA DORIROEF)

ARy PRAY—FAE—=h—N, EEREFCALEFRTA X T 7 v ar&lT
INTIE, EFHOMEE - FRBEEZMEL, EEROEF 208 - MR 28Rk 6h
Do AT, =470 73T LA TRIMENDZF v 1 VEBIFHICH LT,
HIRET /N - ZRIET AN RDOIMERET VEERM L, LERKRLE WD FH—Y
BREMED S & T, w2 O R R E IR EE - FRERREICEY A TEE R £
EDOTELDTHD, ERREIIUTO®EY ThH L.

1. ZF ¥ xVIFEAMEITHIR 700 MNF) 1L, KT > 7 "0 —2X7 RNVEEZ
HAOKFRET NV E, 7T 07 BRI GEATINCEE S < ZEME T V> DR
SNDHZPHT 74 v RERDBETFETHD, LrL, WRIZESS HERERET /LT
WESHAET 7 HEITEFONRT — 27 MVEEIZRH LTI,
7o, BEMBOIEMMELERMETT VOHHEDOE I D, MEREEW FETHEIC
a0 T WRIEN S - 7=, ZORBEIC LT, #E0oFHET/LE L TNFZ,
BEOHRETNLE L TRKEOZ Y -V REFRT— N0 TOFE L-EEE
e T VA UV DMNMF-DSPAFEZE L7-, & 8l FEBRIZ K 0 . MNMF O #) i 4if 4K
EVENRIE S, S ERFEAOMEREN M B4 2 & 2R LT,

2. TINTUUZERMETVIE, BREEHLIBRERICX S K, ZERMEEITY O
ITHNHEIC S KRR ZE Lz, ZoMBEICk LT, &FEEEICR T 522/
BT % [RIREf AL FTRE 22 & DIZFRE T HFastMNMF1 2 2R L7=, S HIZ, %I
{EDT= D DERATHNN, T v 7 12EM T T M HES S NL RS T (ICA) <ol
SAR T 7478 HT (ILRMA) THW S LD 0B T4 & IR D& E 2 5 Z L)
5., ETOREETCHER G M OME AT 5 X 5 ICFERExH AL %2 1T 5 FastMNMF2
PR, BESBEERICL D . MNMFE Heils U TR R L0fEFEE o &l Al & 1
L. AR O M EEN FastMNMF L, FastMNMF2 L IEIZ M F3 5 = & 2R LT,

3. [FIREt AL X 7 V5 o 7 28T 5 Uid, BEEE &R L RIIC KR
TICHEOEFRELZEZIHL TWDH D, DEEEICIIEERNGENTEY, BV
FREENIFAET D EREE CIIMEREN RIBIZHIL T O RERNH - 7=, ZOREIZX L
T, FIHAKHHICR L CIEEIR T & I2BENEY) (MA) BT V%, BEREICx L
TIHREBAOAHCRHTE (AR) EFNVEHET H I & T, SR & RERE
Z [RIIRFIZAT 9 ARMA-FastMNMF A2 242 L 7=, & 5T, MNMF-DSP & [RERIZ, & O
BAKET VEEEET VICEAT S Z LI2L D, ARMA-FastMNMF-DSPAZ & & L
Tmo BB - ERHFERRICI Y . BEBEOF IR MR LT,

LED X IR XX, MEBARTH 5 F O EBGRRRICH T 2R WIRRICE S
. ZF v NV BINESFOHRET VEERL L, I EHEE O 720 O UK RFER &
Db 7 VT A LEEHT 5 W) M7 FIRHE - REREREITEZRR L
ZHDT, #fi bk s EREEETLE ARSIV, LoT, KigidE+t
(FFHT) OFMwmLE L TES D2 LD LR S, £i-. SM3E2H16H ICH

EFIICEE LR ICET 2 DEERAM 2T o T2 fER, AR RO, B, K
Ik, R RFANREF1ARF2HEICHE S T 200 MW L, AFRICEL T,
MEHOM., UZim ORI TEONEEZEN LD LT L2 5,

EAPHPIEEH - & H H LARE






