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Abstract

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 consist of utterances of target and
non-target speakers that often overlap, 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 particular 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 typical approach to multichannel source separation is to formulate and
optimize a unified probabilistic model consisting of a source model representing
the power spectral densities (PSDs) of sources and a spatial model representing
their spatial covariance matrices (SCMs). Assuming that the PSDs of all sources
have low-rank structures in the time-frequency domain, nonnegative matrix
factorization (NMF) has often been used for formulating a source model. One
of the most successful examples of this approach is multichannel nonnegative
matrix factorization (MNMEF) consisting of a low-rank source model based on NMF
and a full-rank spatial model assuming the full-rankness of the SCMs for dealing
with reverberation longer than a window size. Although MNMEF is a versatile
blind source separation method that has a tuning-free convergence-guaranteed
iterative optimization algorithm, it has four major problems. 1) The low-rankness

of the source PSDs does not always hold in reality, especially for speech sources



having complicated dynamics. 2) MNMF tends to easily get stuck in a local
optimum because of a high degree of freedom of the spatial model. 3) The
optimization algorithm is too computationally expensive. 4) The performance of
MNMF is severely degraded under a realistic echoic condition.

To solve the problems 1) and 2), in Chapter 3, we propose 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. We experimentally show that MNME-DSP outperformed
MNMF and alleviates the initialization sensitivity.

To solve the problems 2) and 3), in Chapter 4, we propose a computationally-
efficient variant of MNMF called FastMINMF 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 inter-channel covariance can
be converted to light-weight nonnegative tensor factorization (NTF) based on the
inter-channel independence. To explicitly consider the directivity or diffuseness
of each source, we also propose rank-constrained FastMNMF that enables us to
individually specify the ranks of SCMs. We experimentally show the superiority
of FastMNMF over MNMF and the effectiveness of the rank constraint.

To solve the problem 4), in Chapter 5, we propose an extension of FastMNMF
based on an autoregressive-moving average (ARMA) model called ARMA-
FastMNMF 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, we introduce the joint-
diagonalization constraint on the MA model. We experimentally show that
ARMA-FastMNMF outperforms conventional methods in many situations.

In Chapter 6, we conclude this thesis with a brief look at future work for

real-time joint separation and dereverberation of a varying number of sources.
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Chapter 1

Introduction

1.1 Background

Audio signal processing has been used in various applications such as smart
speakers (e.g., Google Home and Amazon Alexa), conversational robots, audio
scene analysis, and hearing aid systems [1-5]. In such applications, the recorded
signals are often contaminated with utterances of non-target speakers, environ-
mental noise, and reverberation because the target sound source is not always
close to the microphones of the systems. In smart speakers, conversational robots,
or hearing aid systems, the system typically needs to extract one target utterance
from noisy audio recording, i.e., computationally realize the cocktail-party effect.
This task is called speech enhancement [6-14]. Since the reverberation makes the
speech unclear and degrades the performance of automatic speech recognition
(ASR), speech dereverberation is also necessary [15-20]. In conversational robots
or audio scene analysis, the system often needs to extract individual sound
sources from the mixture signals because, for example, it is necessary to deal
with the overlap of multiple utterances (e.g., barge-ins). This task is called speech
separation [21-30]. To handle such tasks, multichannel signal processing is widely
used. The advantage of using multichannel signals is the availability of both the

phase and level differences of the observed signals between microphones.
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CHAPTER 1. INTRODUCTION

1.2 Requirements

There are three main technical requirements in multichannel speech enhancement,

separation, and/or dereverberation.

Blindness: To use a signal processing system in a wide range of acoustic
environments, it should be free from prior information about recording envi-
ronments and sound sources. In recent years, supervised methods using deep
neural networks (DNNS5s) have been actively studied [9, 10,31, 32]. Such methods
require paired data of noisy and clean speech signals for speech enhancement,
paired data of mixture and source signals for source separation, and paired data
of reverberant and anechoic signals for dereverberation. Because the statistical
characteristics of observed mixtures significantly vary according to the length of
reverberation and the types of sound sources, it is impossible to cover all possible
conditions. Since such supervised methods tend to be unstable for unseen data,
they may be suitable only for a system used in a specific situation [33,34]. Thus,

we focus on the blind or semi-blind approach in this thesis.

Computational efficiency: Applications such as conversational robots and
smart speakers [3-5] need to recognize human speech in real time for natural
quick response. Therefore, source separation and dereverberation should be

computationally efficient.

Total optimality: Since the real recordings often include non-target speech
and environmental noise in addition to reverberation, both speech dereverberation
and separation (enhancement) are required. One naive approach to improving
the speech intelligibility and the performance of ASR is to sequentially perform
dereverberation and source separation (in the reverse order) for reverberant
noisy recorded signals. This approach, however, is sub-optimal because the
dereverberation and separation processes have mutually-dependent relationships.

This calls for joint source separation and dereverberation.

2



1.3. FORMULATION

1.3 Formulation

We define the general form of the source separation problem, which is referred
to through this thesis. Suppose that a mixture of N sources are recorded by M
microphones. Let X = {x;,}7,_; € C"*T*M be the observed multichannel
mixture spectrograms, where F' and 7" represent the number of frequency bins
and that of time frames, respectively. Let S, = {s.;.}12;,; € C"™*7 be the
single-channel spectrogram of source n and X, = {Xu:}7; ., € C7*7*M be the
multichannel spectrogram of source n called image, which is the contribution
of source n to the observed multichannel mixture spectrogram. Assuming the
additivity of the complex source spectra {x, s}, the complex mixture spectrum

xs € CM is given by

N
n=1

This thesis mainly focuses on blind source separation (BSS) based on un-
supervised learning of a probabilistic model that represents a multichannel
mixture spectrogram as the sum of multichannel source images [24-28,35-37].
Such a probabilistic model typically consists of a source model representing the
time-frequency (TF) structure of source spectrograms (Section 1.3.1) and a spatial
model representing their inter-channel covariance structure (Section 1.3.2). In
particular, the low-rank source model based on nonnegative matrix factorization
(NMF) [8,38] has widely been used for mitigating the permutation problem,
i.e., source component alignment over all frequency bins. In a typical spatial
model, the TF bins of each source image are assumed to independently follow
multivariate complex Gaussian distributions with full-rank or rank-1 spatial

covariance matrices (SCMs).

1.3.1 Source Modeling

We formulate a source model that represents the generative process of the

complex spectrum s,, s, of each source n. s, is assumed to independently follows
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CHAPTER 1. INTRODUCTION

Channel 2] Channel 2]
Source 2 Source 2

) Channel 1
Qg%%%

Source 1

Source 1

(a) Rank-1 model (b) Full-rank model

Figure 1.1: Two variants of spatial models. Blue and red dots indicate source
images {x1}7_, and {x;»}{, in frequency f, respectively. In the rank-1 model,
dots are distributed on steering vectors a;; and ayy. In the full-rank model, dots
are widely and elliptically distributed.

circularly-symmetric complex Gaussian distribution:
Snft ™ N(C(O, /\nft)> (12)

where N¢(u, 0?) indicates a univariate circularly-symmetric complex Gaussian
distribution with mean p and variance o2, and \,,;; indicates the power spectral

density (PSD) of source n at frequency f and time ¢.

1.3.2 Spatial Modeling

We formulate a spatial model that represents the sound propagation process
between each source n and the M microphones. Two variants of spatial models
(Fig. 1.1), a full-rank model with full-rank SCMs and a rank-1 model with rank-1
SCMs, have been widely used [24,25,27,28]. In the rank-1 model, we assume a
time-invariant linear mixing system as follows:

Xnpft = AnfSnft, (13)
where a,; € CM is the steering vector of source n at frequency f. Substituting
Eq. (1.3) into Eq. (1.1), we get

Xft = Afot, (14)

4



1.3. FORMULATION

where A; £ [ayy,...,ayf] € CM*V is called a mixing matrix. Using Egs. (1.2)

and (1.3), we say
Xt ~ Ne (0, At Gong) s (1.5)

where G,y = a,a)); € SV is the rank-1 SCM of source n at frequency f and S/
indicates the set of positive semi-definite matrices of size M. Using Egs. (1.1)

and (1.5), and the reproductive property of the Gaussian distribution, we say

N
xf ~ Ng <0M7 Z)\nfthf> : (1.6)

n=1
To make the covariance matrix full-rank, the rank-1 model is applicable only in a
determined (/N = M) or underdetermined (N > M) condition.

Asshownin Eq. (1.5), G, s is arank-1 matrix in an idealized situation. However,
in a real indoor environment, G,,; can be a full-rank matrix due to reverberation
and reflection. Therefore, in the full-rank spatial model, we assume G, is a
full-rank matrix. The number of parameters of a full-rank SCM is M (M + 1) /2
and that of a rank-1 SCM is only M. While the rank-1 model is a restricted version
of the full-rank model, independent low-rank matrix analysis (ILRMA) based on
the rank-1 model [28] is empirically known to work better than MNMF based on
the full-rank model [27] because the rank-1 model is less sensitive to parameter

initialization.
1.3.3 Source Separation

If the parameters of the probabilistic generative model are given, we can perform

statistical source separation.

Full-Rank Model

To estimate the source image x,;; € C¥, we use a multichannel Wiener filter
(MWF). Using Eq. (1.5) and Eq. (1.6), the posterior expectation of the speech

image %, € C is given as follows:
Xnpe = BlXnpe|X i) = YnftY;tleta (1.7)

N
where Y, 51 £ X\ Grpand Yy = 50 Yog.

5



CHAPTER 1. INTRODUCTION

Rank-1 Model

To estimate the source image s, ; € C, we use a linear demixing filter as follows:
Snpe = df Xy (1.8)

To solve the scale ambiguity of {5, }_, over frequency bins, we use a projection

back technique [39] for estimating the source image x,,;; € CM as follows:
)A(nft = anf§nft = anfd::fot. (19)

When G, is a rank-1 matrix given by G,.; = a,sal);, Yy, is given as follows:

N
th = Z )\nftanfa;'f

n=1

= ApApAY
= D;'AyD;", (1.10)

L

where Ay = Diag(Aifs, ..., Anvy) and Dy £ AJ?l is called a demixing matrix.
Substituting Eq. (1.10) into Eq. (1.7), we can easily prove that Eq. (1.9) can also be
obtained by the MWF as follows:

Xnpi = (Anpiansayy) (DFALDy) X, (1.11)
= Anprangen A7 Dyxyy (1.12)
= a,,d} ;xp, (1.13)

where e,, is a one-hot vector whose n-th element is one.

1.4 Approach

Multichannel nonnegative matrix factorization (MNMF) [25-27] and its special
case called independent low-rank matrix analysis (ILRMA) [28] are representative
BSS methods. MNMEF consists of a low-rank source model and a full-rank spatial
model, and ILRMA consists of a low-rank source model and a rank-1 spatial
model. Although MNMF is a versatile blind source separation method that has a

tuning-free convergence-guaranteed iterative optimization algorithm, it has four
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1.4. APPROACH

major problems. 1) The low-rankness of the source PSDs does not always hold in
reality, especially for speech sources having complicated dynamics. 2) MNMF
tends to easily get stuck in a local optimum because of a high degree of freedom
of the spatial model. 3) The optimization algorithm is too computationally
expensive. 4) The performance of MNMEF is severely degraded under a realistic

echoic condition.

To solve the problems 1) and 2), in Chapter 3, we propose 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. The low-rank source model is suitable for only particular types of
audio signals such as music and stationary noise and cannot represent complex
structures of speech signals, resulting in low separation performance. We thus
use the deep generative model of speech (called a deep speech prior in speech
enhancement) trained from only clean speech signals instead of the low-rank
speech model [40,41]. 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. Thus, this approach can work in various acoustic
environments. While the low-rank source model could loosely fit any types of
source spectrograms within its representation capability, the deep generative
model of speech can precisely represent only speech spectrograms (e.g., harmonic
structures). This leads to the excellent performance of speech enhancement and

the stability of parameter estimation, compared to blind methods.

To solve the problems 2) and 3), in Chapter 4, we propose a computationally-
efficient variant of MNMF called FastMNMF based on a jointly-diagonalizable
(JD) full-rank spatial model. To reduce the model complexity, ILMRA restricts
the SCMs to rank-1 matrices [28]. Its performance, however, is limited because
the rank-1 constraint does not hold in a real echoic environment with diffuse
noise [42,43]. The basic version of FastMNMEF (called FastMNMF1) [44,45] instead
restricts the SCMs of all sources to JD yet full-rank matrices in a frequency-wise

manner. We derive a convergence guaranteed update rule for diagonalizers, which
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CHAPTER 1. INTRODUCTION

jointly diagonalize the SCMs, using an iterative projection (IP) algorithm, while
a fixed point iteration (FPI) algorithm without convergence guarantee is used
in [44]. Considering the interpretation of the JD full-rank spatial model, we
propose a constrained version of FastMNMF1 (called FastMNMEF2) that shares
the direction weights of each source over all frequency bins. To explicitly consider
the directivity or diffuseness of each source, we also propose rank-constrained
FastMNMF that enables us to individually specify the ranks of SCMs. We
experimentally show FastMNMF worked better than MNMF and ILRMA, and is
an order of magnitude faster than MNMF.

To solve the problem 4), in Chapter 5, we propose an extension of FastMNMF2
based on an autoregressive-moving average (ARMA) model called ARMA-
FastMNMF2 for joint blind source separation and dereverberation. Reverberations
are often represented by a moving average (MA) model [15,17]. When the
reverberation time is long, however, the tap length of the MA model becomes
long, that is, the number of parameters becomes quite large. To alleviate this
problem, an autoregressive (AR) model [18,19] is introduced to represent the
late part of the reverberation (late reverberation), and the MA model is used to
represent the early part (early reflection), resulting in the ARMA model [46]. The
AR model can represent infinitely-long reverberations with a finite tap length in
theory. If it is used for representing the early reflections, however, it may also
represent the direct speech signals because of the correlations inherent in the
speech signals. To derive an efficient update rules for the AR coefficients, we
introduce the joint-diagonalization constraint on the MA model. Because the
MA model may also represent a part of the direct signals, we further introduce
the rank-constraint to the SCMs of the MA model to keep them away from
those of the direct signals. We experimentally show that ARMA-FastMNMEF2

outperforms AR- or MA-based extensions of FastMNMF2. in many situations.

The organization of this thesis is outlined in Fig. 1.2. Chapter 2 provides a
literature review about conventional blind and supervised source separation
methods and dereverberation methods. Chapter 3 presents a semi-blind speech

enhancement method with a deep speech prior. Chapter 4 presents a fast blind

8



1.4. APPROACH

MNMF = full—ranli spatial model + NMF source model

Chapter 4 _ _ Chapter 3
Jointly-diagonalizable DNN-based speech model
full-rank spatial model l l

| L
FastMNMF2 FastMNMF2-DSP MNMF-DSP

Chapter 5 ~ — ARMA-FastMNMF2
Joint source separation

and dereverberation

ARMA-FastMNMF2-DSP

Figure 1.2: Organization of this thesis.

source separation method with a jointly-diagonalizable full-rank spatial model.
Chapter 5 presents a fast joint blind source separation and dereverberation

method with a deep speech prior. Finally, Chapter 6 concludes this thesis.
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Chapter 2

Literature Review

This chapter reviews the literature related to sound source separation, speech
enhancement, and dereverberation. Section 2.1 summarizes the existing sound
source separation and speech enhancement methods. Section 2.2 summarizes

the existing dereverberation methods.

2.1 Source Separation and Speech Enhancement

We categorize source separation and speech enhancement methods into single-
channel and multichannel methods. For single-channel case, we mainly focus on
the methods based on nonnegative matrix factorization (NMF) and deep learning.
Multichannel methods are categorized into unsupervised blind methods and the

methods based on deep learning.

2.1.1 Single-channel Methods Based on Nonnegative Matrix
Factorization

Nonnegative matrix factorization (NMF) [38] has widely been used for unsuper-
vised or supervised source separation. It approximates a nonnegative matrix X £
[x1,- -+ ,x7] € RF*T as the product of a basis matrix W £ [w, - -+, wg] € RE*K
and an activation matrix H £ [hy,--- ,hg]T € RX*7, ie., X is approximated by
the sum of K rank-1 matrices {w;h; }/ . Thanks to the nonnegative and additive

natures of NMF, the basis vectors {wy,}1-_, tend to represent repeatedly-used parts

11



CHAPTER 2. LITERATURE REVIEW

such that x; is efficiently represented by a weighted combination of {w;}&_, i.e.,

K
k=1

The parameters W and H are estimated such that the approximation error between
X and WH is minimized. The g-divergences with 3 = 0, 1,2 corresponding
to the Itakura-Saito (IS) and Kullback-Leibler (KL) divergences and Euclidean
distance, respectively, have often been used [47].

When NMF is used for single-channel source separation, the power spec-
trogram of an observed mixture signal is given as a nonnegative matrix X and
the estimated W and H represent a set of time-invariant basis spectra and a set
of the corresponding time-varying activations, respectively, where each “basis”
does not always correspond to a “source.” Because the power spectrogram of a
realistic source signal is not a rank-1 matrix in general, one may cluster K rank-1
matrices {w;h] }£ | into N sources in a post-processing step. Given the source
types included in the mixture signal, another solution is to train bases for each
source beforehand and estimate only activations for the observed mixture. If the
source types of some of the sources are known, only the bases for the known
sources can be trained beforehand.

NMF with the IS divergence (IS-NMF) [8] is often used as a theoretically-
reasonable choice because it is equivalent to the maximum likelihood estimation
of a probabilistic generative model of the mixture signal. Assuming the additivity
of complex spectrograms, the short-time Fourier transform (STFT) coefficient s
of the mixture spectrogram is given by s;, = 1, s, at frequency f and time t,
where each basis spectrogram s, is assumed to follow a circularly-symmetric

complex Gaussian distribution as follows:
Sife ~ Ne (0, wrphye) - (2.2)

Using the reproductive property of the Gaussian distribution, sy; can be said to

follow a circularly-symmetric complex Gaussian distribution as follows:

K
Sft ~ N(c (0, Z wkfhkt) . (23)
k=1

12



2.1. SOURCE SEPARATION AND SPEECH ENHANCEMENT

The maximization of this log-likelihood is equivalent to the minimization of the IS-
FT
f?

,—, and WH. Note that in practice, z;; = |s|?

divergence between S £ {|s;|?}
is often assumed to follow a Poisson distribution, resulting in KL-NMF [48],
because KL-NMF is experimentally known to work better than IS-NMF even
when W and H are randomly initialized. Given sy, each basis s, is inferred
with single-channel Wiener filtering as follows:

Wi £t
> it Wi

Correlated tensor factorization (CTF) [49] is an ultimate extension of NMF

Elskse | spe] = Syt (24)

that approximates a positive semidefinite matrix X € St” as the sum of the
Kronecker products of two sets of positive semidefinite matrices, V, € S§ and

U, € SZ, as follows:
i K
X~ VioU, (2.5)
k=1

where ® represents the Kronecker product. CTF with the log-determinant
divergence (LD-CTF) can be used for audio source separation considering the
frequency and time covariance structures, whereas NMF assumes that all time-
frequency bins are independent. Lets;, € C*7 and's = Y& | s be the complex
vectors obtained by serializing the source and mixture complex spectrograms,
respectively. s, is assumed to follow a multivariate complex Gaussian distribution

as follows:
sk ~ Nc (0p7, Vi @ Uy) (2.6)

Using Eq. (2.6) and the additive property of the Gaussian distribution, s also

follows a circularly-symmetric complex Gaussian distribution as follows:

K
s ~ Ng <0FT> ka ® Uk) - (2.7)
k=1

The parameters V;, and Uy, are estimated in a maximum likelihood manner, and
it is equivalent to the minimization of the LD divergence between S £ ss" and
S Vi ® Uy. When either {V,};_, or {U,}%_, are diagonal matrices, LD-CTF
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reduces to positive semidefinite tensor factorization based on the log-determinant
divergence (LD-PSDTF) [50], and when both { V. }¢_, and {U,}}_, are diagonal
matrices, LD-CTF reduces to IS-NMF. One problem of CTF is its extremely high
computational cost due to the huge covariance matrix of size F'T".

To reduce the computational cost of CTF to a manageable level, independent
low-rank tensor analysis (ILRTA called FastCTF later) [51] restricts the frequency
and time covariance matrices {V;}5_, and {U,}F_, to jointly-diagonalizable

matrices as follows.

Vk, V=P 'Diag(v,)P™", (2.8)
vk, U, =R 'Diag(u,)R ™", (2.9)

where v;, € RY and u; € RY are nonnegative vectors and P € S§ and R € ST
are non-singular matrices called diagonalizers. This means that a spectrogram-
like representation PXR' € C*T obtained by linear projection of X with P
and R follows a multivariate complex Gaussian distribution with a diagonal
covariance matrix given by S°1 | Diag(vy,) ® Diag(uy,). Because each TF bin of
PXR' independently follows a univariate complex Gaussian distribution, CTF
for X is equivalent to computationally-efficient IS-NMF for PXR'. The same

idea is used for restricting the spatial covariance matrices (SCMs) in Chapter 4.

2.1.2 Single-channel Methods Based on Deep Learning

Deep neural networks (DNN5s) have intensively been used for supervised non-
blind source separation and speech enhancement in the time-frequency (TF)
domain [9,10,31,52-60] or in the time domain [61-63]. A typical approach is to
train a DNN that estimates TF masks [10,31,53] by using paired data of mixture
and source spectrograms. The complex source spectrograms are obtained by
dividing the complex mixture spectrogram according to the estimated masks.
Several types of masks have been proposed, e.g., the ideal binary mask (IBM) [64],
which takes one if the signal-to-noise ratio (SNR) of a TF bin exceeds a threshold
and takes zero otherwise, the ideal ratio mask (IRM) [10], which is the ratio of the

target power and the mixture power, and the phase sensitive mask (PSM) [31],
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which is the product of the IRM and the cosine of the phase difference between

the target and recorded signals.

Instead of evaluating the estimated TF masks, magnitude spectrum approx-
imation (MSA) [9, 52] evaluates the estimated source spectrograms (obtained
after TF masking) in the training phase. In speech enhancement, the denoising
autoencoder (DAE) [9] has often been used for directly converting a noisy speech
spectrogram to a clean speech spectrogram. In speech separation, the estimated
speech sources should be associated with the reference sources for supervised
training. A popular strategy is to use permutation invariant training (PIT) [56,57],
in which the cost functions for all possible combinations are calculated and then

the lowest value is used for calculating gradient.

As another approach to the permutation problem, one may use the deep
attractor network (DAN) [58]. It computes the embeddings of the TF bins of
a mixture spectrogram and then computes their source-wise averages called
attractor points. The ratio masks are calculated based on the distances between
the embeddings and the attractor points. Minimizing the estimation error of the
separated sources makes the embeddings close to the corresponding attractor
points. Unlike PIT and typical mask-based methods, an arbitrary number of
sources can be dealt with in the inference phase regardless of the number of
sources configured in the training phase. Deep clustering (DC) [54,55] is similar
to the DAN in a way that the embedding is calculated for each TF bin. Assuming
that each TF bin corresponds to one sound source, a DNN is trained such that the
embeddings of the same source become close to each other and the embeddings
of different sources become orthogonal. In the inference phase, for calculating
the binary masks of each source, the embeddings are clustered into an arbitrary

number of sources with the K-means algorithm.

To avoid using the phase information, several studies focus on time-domain
separation in exchange for the degraded quality of separated speech under the
low SNR condition. The speech enhancement generative adversarial network
(SEGAN) [61] consists of a generator network that estimates clean speech from

noisy speech and a discriminator network that tries to detect the generated speech
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as a fake. Unlike the standard GAN, paired data should be used for stabilizing the
training. The fully-convolutional time-domain audio separation network (Conv-
TasNet) [62,63] based on an encoder-decoder model achieved the state-of-the-art
performance of single-channel source separation. First, the encoder transforms a
time-domain mixture signal into a spectrogram-like representation. The masks
for each source are then estimated and the spectrogram-like representation of
each source is obtained by using the estimated masks. Finally, the decoder
recovers the time-domain source signal. This model is trained such that the
scale-invariant signal-to-noise ratios (SI-SNRs) [65] of the estimated source
signals are maximized. Although these supervised methods work well in known

environments, they often fail to generalize to unseen environments [33,34, 66].

Recently, deep generative models of speech spectra based on variational
autoencoders (VAEs) have been used for semi-blind single-channel speech
enhancement. Bando et al. [40] first proposed a unified model that consists of
an NMF-based source model for noise (noise model) and a DNN-based one for
speech (speech model) with latent variables. The speech model is given as the
decoder of a VAE trained beforehand from clean speech data in an unsupervised
manner. On the other hand, the noise model is optimized on-the-fly for observed
noisy speech data. This approach mitigates the sensitivity to the acoustic
characteristics of noisy environments. Leglaive et al. [41] proposed a similar
model for maximum likelihood estimation, while [40] is based on a Bayesian

inference.

2.1.3 Unsupervised Multichannel Blind Methods

We here mainly focus on multichannel blind source separation (BSS) based on
unsupervised learning of a probabilistic model consisting of a spatial model and
a source model. We first introduce BSS methods based on the rank-1 spatial

model, and then introduce BSS methods based on the full-rank spatial model.
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Rank-1 Spatial Model

The methods below assume the time-invariant linear mixing system given by
Eq. (1.3). Frequency-domain independent component analysis (ICA) [22,67,68] is
the most basic unsupervised BSS method based on the independence of sources.
This method can be used under a determined condition, where the number
of microphones M is equal to the number of sound sources N. A determined
mixing process given by Eq. (1.4) enables us to consider its inverse process called

a demixing process given as
vt = Dyxyy, (2.10)

wherey: = [yife,- - Ynse) € C¥and Dy £ A;l is called a demixing matrix. The
goal of ICA is thus to estimate frequency-wise demixing matrices D such that
{Yms}Y_, become independent. Note that ICA is considered to have a simple
source model given by Eq. (1.2) that assumes that the TF bins of each source
independently follow univariate complex non-Gaussian distributions. This causes
the permutation problem because all frequency bins are processed independently.

To solve this problem, independent vector analysis (IVA) [23, 69] based
on a modified source model assumes that the time frames of each source,
Snit = [Snits -, 5nri] € CF, follow complex multivariate generalized Gaussian
distributions such as Laplace and Gaussian distributions. To accelerate and
stabilize IVA, Ono [70] proposed a convergence-guaranteed parameter estimation
method called iterative projection (IP). Recently, IP method has been further
extended to improve the convergence speed and separation performance [71-73].
IVA has been extended for dealing with an overdetermined condition (N < M) [74,
75], where M — N sources of no interest in addition to NV sources are internally
considered to recover a determined condition. Nugraha et al. [76] proposed
normalizing flow (NF)-IVA that uses a time-varying linear transformation based
on an NF instead of using a time-invariant linear transformation.

To further mitigate the permutation problem left in IVA, Kitamura et al. [28]
proposed independent low-rank matrix analysis (ILRMA) based on a low-rank

source model that assumes the TF bins of each source to follow univariate complex
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Gaussian distributions with the PSDs factorized by NMF as

K
Snft Ne (0, ankfhnkt> . (2.11)

k=1

Using Eq. (1.3), a TF bin of a source image, x,,1;, can be said to follow a degenerate

multivariate complex Gaussian distribution with a rank-1 SCM as follows:

K
Xnft NN(C <OM7 (Z wnkfhnk:t> an) ) (212)

k=1

where G,,; £ a,a' 1 is the rank-1 SCM. Using Eq. (1.1) and the additive property

of the Gaussian distribution, the observed spectrum xy, is given by

N /K
xt ~ Ng <0M> Z (Z wnkfhnkt> an> : (2.13)
=1

n=1

For maximume-likelihood estimation of the parameters, an efficient convergence-
guaranteed optimization algorithm iterating IS-NMF and IP was derived. In spite
of the severely restricted ability of the rank-1 spatial model, ILRMA is empirically
known to work stably in real environments. Independent positive semidefinite
tensor analysis (IPSDTA) [77] is an extension of ILRMA and uses a PSDTF-based
source model instead of the NMF-based source model.

Several attempts have been made to enable ILRMA to deal with an overdeter-
mined condition (N < M). Kitamura et al. [78] used ILRMA with M microphones
for estimating A components clustered into /N sources. Note that the component-
source association should be specified in advance. In practice, M = N P should be
required for stable estimation, where P is the number of components associated
to each source and represents the rank of the SCMs of the source. If P = 2, for
example, each source would be represented by two components corresponding to
direct and reflective propagation paths (multi-modal directivity). Kubo et al. [79]
used ILRMA for speech enhancement. Specifically, the rank-1 SCMs of directional
speech and the rank-(M — 1) SCMs of diffuse noise are estimated with ILRMA
and the missing rank-1 SCMs and PSDs of speech and noise are then estimated

in an independent step.
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In the above methods, the SCMs of all sources are assumed to be rank-1
matrices. This assumption indicates that the sound propagation process is
time-invariant, and the reverberation is so short that the reverberation of a certain
time frame does not affect the observation of other time frames. However, the

rank-1 assumption often does not hold in a real environment.

Full-Rank Spatial Model

Duong et al. [24] pioneered a BSS method based on the full-rank spatial model,
which was called full-rank spatial covariance analysis (FCA) in [35,80]. In theory,
BSS methods based on full-rank spatial models can be used under either of
determined (N = M), overdetermined (M > N), and underdetermined (M < N)
conditions. In particular, the overdetermined condition is considered as the most
important because it is often the case that at most two or three sources of interest
are overlapped. From a practical point of view, more sources are considered to be
hard to separate reasonably. The full-rank spatial model can represent an echoic
sound propagation process, and each bin of each source image is assumed to
follow a multivariate complex Gaussian distribution with a full-rank SCM, that is,
G, r in Eq. (2.13) is assumed to be a full-rank matrix.

Because FCA has no specific source model, it suffers from the permutation
problem like ICA. To alleviate this problem, multichannel NMF (MNMF) based
on the low-rank source model given by Eq. (2.11) has been developed [25-27].
The first formulation of MNMF was proposed by Ozerov et al. [25], where
full-rank noise SCMs and rank-1 source SCMs are used and the cost function
based on the Itakura-Saito (IS) divergence is minimized by using a multiplicative
update or expectation-maximization (EM) algorithm. This method was extended
such that all sources have full-rank SCMs [26]. Sawada et al. [27] introduced a
partitioning function to share a set of basis spectra by all sources and derived
a majorization-minimization (MM) algorithm. Nikunen and Virtanen [81, 82]
proposed a model similar to [27] which represents the SCM of each source as the
weighted sum of all possible direction-dependent SCMs. ILRMA was originally

derived by integrating the low-rank source model into IVA and was shown to be
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a special case of MNMEF obtained by restricting the SCMs of sources to rank-1
matrices. Although a convergence-guaranteed closed-form iterative optimization
algorithm has been developed for MNMEF [27], it tends to easily get stuck at bad
local optima because of the strong initialization sensitivity and suffers from the
high computational cost because of the repeated heavy matrix operations.

The joint diagonalization of covariance matrices for accelerated computation
has gained much attention in recent years. For multichannel BSS, Ito and
Nakatani [35,80] proposed a fast version of FCA called FastFCA that restricts the

SCMs of sources to jointly-diagonalizable (JD) yet full-rank matrices as follows:

Vn, Gus=Q;'Diag(g.;) Q;", (2.14)

where g, = [Gus1,- - -, Gnyum] € RY is a nonnegative vector and Q; € C"*¥ isa
non-singular matrix called diagonalizer. In [35], the number of sound sources
was limited to two because two positive definite matrices are mathematically JD;
the joint-diagonalization constraint on two SCMs does not change the degree of
freedom. In [80], the joint-diagonalization constraint was applied to the SCMs of
an arbitrary number of sound sources at the expense of the degree of freedom.
Then, we [83] and Ito and Nakatani [44] proposed a fast version of MNMEF called
FastMNMF1 independently and concurrently. As discussed in Section 2.1.1, for
single-channel BSS, Yoshii et al. [51] proposed a fast version of CTF [49] called
ILRTA (a.k.a. FastCTF) that restricts frequency and time covariance matrices to
JD full-rank matrices, independently and concurrently with FastFCA [35]. To
estimate the diagonalizer Qy, a convergence-guaranteed IP method was used
in [83] as in ILRTA [51], while a fixed point iteration (FPI) method without
convergence guarantee was used in [35,44,80]. In Chapter 4, we further extend
FastMNMFT1 to reduce the initialization sensitivity of FastMNMFI.

Several studies use fixed diagonalizers for efficient source separation in a
transformed space [84-87]. Lee et al. [84], for example, used as the diagonalizer
a beamspace transform matrix calculated from premeasured steering vectors.
Mitsuftuji et al. [85] proposed a variant of FastMNMEF fixing the diagonalizer to

the discrete Fourier transform (DFT) matrix for a straight-shape array of a large
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number (e.g., 32) of equally-spanned microphones. To relax this condition, the
steering vectors of all possible directions were used in [87]. Taniguchi et al. [86]
proposed a prototype of FastMNMF and found that a demixing matrix estimated
by IVA works better as the diagonalizer than the beamspace transform matrix.
While the methods discussed above assume that the mixture spectrograms are
sum of the source spectrograms, complex Gaussian mixture model (cGMM)-based
source separation methods [30,36,88-90] assume that the source spectrograms
are sparse and only one of the sources is dominant in each TF bin. Thus, the

observed spectrum xy, is given by

N
X~ [ [ Ne (0ar, AnpiGng) " (2.15)

n=1

where 2y, indicates whether source n is dominant or not at frequency f and time
frame ¢. Since all frequency bins are processed independently in cGMM,, it suffers
from the permutation problem as ICA and FCA. In [30,88], assuming that the
steering vectors of all possible directions are known, the directions of all sources
are estimated and used for solving the permutation problem. Alternatively, as
MNMEF, Itakura et al. [90] introduced the NMF-based source model into cGMM.
When background noise exists, the assumption that only one source is dominant
in each TF bin does not hold, and the performance drastically degrades. To solve
this problem, Ito et al. [36] proposed noisy-cGMM that assumes that each TF bin

consists of one source and noise signals as follows:

N
X~ H./\/(C (OM, )\nfthf + )\OftGOf)me , (2.16)

n=1
where )y and Gy are the PSD and SCM of the noise source. Moreover, the joint
diagonalization constraint on the SCMs is used to reduce the computational cost.
The relationship of the multichannel source separation methods discussed in

this section is summarized in Table 2.1.

2.1.4 Multichannel Methods Based on Deep Learning

A typical approach to integrating a DNN with multichannel source separation

or speech enhancement is to use beamforming such as minimum variance
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Table 2.1: The multichannel source separation methods based on a probabilistic
generative model. Note that non-blind methods are not exactly based on the
generative model.

Rank-1 JD full-rank Full-rank

Blind ICA [22, 67, 68], | Fixed diagonalizers + | FCA [24],
IVA [23, 69-73], | MNMEF [84-87], Fast- | MNMF [25-27,81,82],
ILRMA [28], | ECA [35,80], FastM- | cGMM [30, 88, 89],
IPSDTA [77], | NMF1 [44,83], FastM- | cGMM+NMF  [90],

OverlVA [74,75], | NMF2 [43] Noisy-cGMM [36]
NEF-IVA [76]
Semi- | ILRMA-DSP [42], | FastMNMEF-DSP [83] | MNMEF-DSP [37,42,92,
blind MVAE [91] 93], GMVAE [45,94]
Non- (IDLMA [95]) (Full-rank+DAE [96])

blind

distortionless response (MVDR) [97] and generalized eigenvalue (GEV) [98]
beamforming. Before the emergence of deep learning, assuming that the steering
vectors of all possible directions are known, beamforming had widely been used
along with source localization methods such as multiple signal classification
(MUSIC) [99]. Instead of using the steering vectors prepared in advance, time-
frequency masks are estimated using a DNN trained with paired data and then
used for calculating the SCMs of speech and noise [11,12] as follows:

T

Gy = Y munpeXpixY, (2.17)

t=1
where m,, f; is the TF mask for source n (speech or noise) at frequency f estimated
by the DNN, and the steering vector of source n is given as an eigenvector
corresponding to the first principal component of G,,. The DNN can be trained
without using paired data [100-104]. It can also be trained jointly with an ASR
loss [100-102]. Specifically, beamforming filters are calculated using a DNN,
and the beamformed signals are fed into an ASR network. The ASR loss is back-
propagated to train the DNN for estimating beamforming filters. In [103,104],
the cost function derived from multichannel source separation methods are used
for training the DNN. In [95,96], a DAE is integrated into a process of SCM-based

multichannel source separation; (1) the observed mixture spectra are separated
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into speech and noise by using the current estimate of the speech and noise SCMs,
(2) the PSDs of the enhanced speech are further refined by using the DAE, and (3)
the speech and noise SCMs are updated by using the current estimate of the PSDs
of the speech and noise. [96] is based on a full-rank SCM, and [95] is based on a
rank-1 SCM and is called independent deeply learned matrix analysis (IDLMA).
Although this method is similar to the methods described in Section 3 in that both
methods iteratively optimize the SCMs and PSDs using DNNs, this approach
does not guarantee the monotonic increase of the likelihood. Such supervised
methods are known to work well in a known environment, but adaptation to
unseen noisy environments is still an open problem.

The semi-blind single-channel speech enhancement method [40] that uses
a DNN-based speech model has been extended for semi-blind multichannel
speech enhancement [37,42,83,92] and speech separation [45,91,94]. As in [40],
the speech enhancement methods use a DNN-based speech model and an NMF-
based noise model with the full-rank [37,92], rank-1 [42], and JD full-rank spatial
model [83]. In [93], a variant of NF called the generative flow (GF) is used
tor DNN-based speech model instead of VAE in [37,40,42,83,92]. For speech
separation, DNN-based speech models based on a conditional VAE (CVAE) [105]
that uses utterance-wise speaker labels for training are used for all sources with
the rank-1 [91] and full-rank spatial model [45,94]. In [94], frame-wise phonetic

labels are used in addition to the utterance-wise speaker label for the CVAE.

2.2 Dereverberation

We categorize dereverberation methods and joint source separation and derever-

beration methods into unsupervised blind and supervised non-blind methods.

2.2.1 Unsupervised Blind Methods

Reverberation has typically been represented with a moving average (MA) model
and/or an autoregressive (AR) model. In [15-17], using a time-invariant MA

model, the direct signal is obtained with spectral subtraction (SS), where only the
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power spectra are considered and the phase information is discarded. In [106],
using a time-varying MA model, the direct signal is estimated with the EM
algorithm and the Kalman filter.

Linear prediction (LP) and its multichannel extension (MCLP) have been used
in the time or frequency domain [19,107-113]. In frequency-domain MCLP, for

example, reverberations are represented with an AR model as follows:

L
Tpem = g + Z b fimX s -1, (2.18)

I=1
where dy;,, is the direct signal recorded by m-th microphone and by, is the
AR coefficients. In terms of linear prediction, dy,, is regarded as the prediction
error. The AR coefficients are estimated such that the mean squared error is
minimized. This is equivalent to the maximum likelihood estimation based on
the assumption that d,, is Gaussian white noise. Because of this assumption,
when this method is used for speech dereverberation, the estimated speech
spectra tend to be white. To alleviate the problem, various approaches have been
proposed [19,108,111,112,114].

The weighted prediction error (WPE) [19,113] is one of the most successful
dereverberation methods and has been used in commercial devices such as smart
speakers [3,4]. It introduces the Gaussian source model given by Eq. (1.2) and

the delay parameter A as follows:

L

Zptm = dptm + > _ D pmXpao1- (2.19)
I=A

The reverberation is divided into two parts: early reflection and late reverberation,
and the latter is known to be more harmful to the speech intelligibility and ASR
performance [115,116]. The delay parameter is effective for removing only the late
reverberation without whitening the target signal. The PSDs of the target signal
and the AR coefficients are iteratively and alternately updated until convergenece.
In [117], the time-varying AR coefficients are used to deal with moving sources
and the parameters are estimated efficiently using the Kalman filter.

For joint blind source separation and dereverberation, autoregressive ILRMA
(AR-ILRMA) [118] that combines ILRMA [28] based on the rank-1 spatial model
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with the AR-based reverberation model given by Eq. (2.19) [19,113] was proposed.
In [119], an SCM-based BSS method called full-rank covariance analysis (FCA) [24]
based on the full-rank spatial model was integrated with an autoregressive
moving average (ARMA)-based reverberation model (called ARMA-FCA in
this paper). Although ARMA-FCA can deal with diffuse noise thanks to the
full-rank spatial model, it needs to solve the permutation problem in a post-
processing step because of the frequency-wise source separation. To avoid the
permutation problem under a determined condition, in [120], the permutation
problem of ARMA-FCA was alleviated by utilizing the parameters estimated
by AR-ILRMA. The computational cost of ARMA-FCA, however, is larger than
those of AR-ILRMA because of the unconstrained full-rank SCMs.

2.2.2 Supervised Non-blind Methods

A typical approach for supervised dereverberation is to estimate the magnitude
spectrogram directly [121-123] or TF-masks [124] of the direct signal. In [122], a
DNN is trained such that the noisy reverberant spectrograms are mapped to the
corresponding clean spectrograms. In [123], a fully-convolutional network (FCN)
is used to capture time-frequency structures of speech and is trained using a
GAN-based approach.

WPE is also used in supervised approaches. In [32,125], to avoid the iterative
update of WPE, a DNN is used for estimating the PSDs of the direct signal
given the observed reverberant signals. For joint speech dereverberation and
enhancement, one can sequentially use WPE and beamforming based on deep
neural networks (DNNs) [126], where the time-frequency (TF) masks of direct
speech are estimated with a DNN for calculating the dereverberation filters [32,
125] and those of speech and noise are then estimated from the dereverberated
signals with another DNN for calculating demixing filters [11,12]. While these
DNNss are concatenated and jointly optimized in the training phase such that
the ASR performance for the dereverberated enhanced speech is maximized,
such a supervised approach increases the sensitivity to the environment. In

the test phase, WPE and DNN-based beamforming can be used alternately
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and iteratively [127]. Extending this approach to multiple speech separation
under a condition that the TF-masks of each source are given, a joint separation,
dereverberation, and denoising method was proposed [128]. Although DNN-
based mask estimation is computationally efficient, robust mask estimation from
noisy reverberant mixture signals is still an open problem because the acoustic
characteristics of a real environment may significantly differ from those covered

by the training data.
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Chapter 3

Semi-blind Multichannel Speech
Enhancement Based on a Deep
Generative Source Model

3.1 Introduction

Speech enhancement plays a vital role for automatic speech recognition (ASR)
in noisy environments. Although the performance and robustness of ASR have
been drastically improved thanks to the development of deep learning techniques,
ASR in unseen noisy environments that are not covered by training data is still
an open problem. Many methods have thus been proposed for single-channel
or multichannel speech enhancement. These methods can be categorized into
supervised, semi-blind, and blind methods.

A popular approach to supervised speech enhancement is to train deep
neural networks (DNNs) by using pairs of noisy and clean speech signals. In
single-channel speech enhancement, one can use denoising autoencoders (DAEs)
that take noisy speech spectra as input, and output clean speech spectra [9].
Alternatively, DNNs can be trained to estimate time-frequency masks, i.e.,
classify each time-frequency bin into speech or noise [10,13]. In multichannel
speech enhancement using phase information, the estimated masks are used
for calculating the spatial covariance matrices (SCMs) of speech and noise. This
allows one to use beamforming methods [11,12]. Although this approach

has successfully been used as a front end of ASR, the performance of speech
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CHAPTER 3. SEMI-BLIND MULTICHANNEL SPEECH ENHANCEMENT BASED
ON A DEEP GENERATIVE SOURCE MODEL
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Figure 3.1: A probabilistic generative model of multichannel noisy speech spectra
based on a deep generative model of speech, a low-rank model of noise, and a
full-rank spatial model.

enhancement is often considerably degraded in unseen noisy environments due

to the nature of supervised mask estimation [33].

To mitigate the sensitivity to acoustic characteristics of noisy environments,
one may use blind methods such as multichannel extensions of nonnegative
matrix factorization (NMF) [25-28,81,90]. Each variant of multichannel NMF
(MNMEF) is based on a probabilistic generative model of the complex spectrograms
of mixture signals consisting of a source and spatial model and is used for general
blind sound separation (BSS). The key assumption underlying the family of
MNMEF is that the power spectral densities (PSDs) of all sound sources have
low-rank structure. In speech enhancement, however, the performance of MNMF
is limited because the low-rank assumption does not hold for the PSDs of speech.
Several studies thus integrated a DAE into an optimization step of MNMF which
estimates the PSDs of speech [95,96]. Although such integration of a powerful
DNN and a physically founded statistical model is promising, supervised learning

of DAESs causes sensitivity to noisy environments again.

To solve the problems of the conventional DNN- and MNMF-based methods,
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we propose a semi-blind method that uses a pretrained generative model of
natural speech (speech model). More specifically, we formulate a DNN-based
speech model called a deep speech prior that represents the generative process
of the complicated PSDs of clean speech [40] and an NMF-based noise model
that represents the generative process of the low-rank PSDs of noise. A unified
generative model of observed noisy speech is then obtained by integrating those
source models with a full-rank or rank-1 spatial model as in MNMF [27] or its
constrained version called independent low-rank matrix analysis (ILRMA) [28],

respectively.

As the deep speech prior, we formulate a latent variable model that implicitly
represents the time-frequency features of speech spectra including but not limited
to fundamental frequencies (F0Os), harmonic structures, and spectral envelopes.
To achieve this, the parameters of this model are learned from clean speech data in
an unsupervised variational auto-encoding manner. The noise model, in contrast,
is learned on-the-fly without pre-training. Given noisy speech as observed data,
the latent variables of the speech model, the full-rank or rank-1 SCMs and PSDs
of speech and noise can be estimated in an unsupervised maximum-likelihood
manner by combining a majorization-minimization algorithm with Metropolis
sampling or backpropagation. Finally, the posterior of clean speech spectra can be

computed via multichannel Wiener filtering.

In this paper, the deep speech prior refers to a DNN-based generative model of
natural speech spectra, which can be used as a prior for speech enhancement. It
sounds similar to the so-called deep image prior [129], which refers to a DNN-based
generative model of natural images. The DNN of the speech prior can take
any architecture and needs to be trained from speech data such that it properly
represents a probability distribution of natural speech spectra. In contrast,
the deep image prior is based on a deep convolutional architecture, and the
network architecture itself is found to work as an inductive bias for generating
natural images without any training. Investigation of such an inductive bias that
encourages the DNN to generate natural speech spectra is an interesting future

direction.

29



CHAPTER 3. SEMI-BLIND MULTICHANNEL SPEECH ENHANCEMENT BASED
ON A DEEP GENERATIVE SOURCE MODEL

Latent variable Z¢
(o5 (2¢)] ¢ ufut

‘ 2

ET upvog(ze))y

Figure 3.2: The proposed DNN-based speech model. The PSDs {g}}_, of a
speech spectrum {soy; } j_, at time ¢ are obtained by feeding the latent variable z
following the standard Gaussian distribution into a DNN o with parameters 6
and then scaling the output o3 (z;) according to u; and v;.

3.1.1 DNN-Based Speech Model

As in Fig. 3.2, the PSD of the source n at frequency f and time ¢ is determined by
a DNN as follows:

Mgt = upvi|og(z)ly, (3.1)

where o3(-) is a nonlinear function (DNN) with parameters 6 that maps a
D-dimensional real vector z, € R” to an F-dimensional nonnegative vector
o5(z;) € RY, ] indicates the f-th element of a vector, u; > 0 is a scaling factor
at frequency f, and v, > 0 is an activation at time . We assume that z, follows a

standard Gaussian distribution as follows:
z, ~ N(0p,1Ip), (3.2)

where 0p and I, are the all-zero vector and the identity matrix of size D, respec-
tively. z, implicitly represents the characteristics (e.g., fundamental frequencies
(F0s), harmonic structures, and formants) of the PSDs { .z} j_, of the speech at
time ¢. While the DNN specified by 0 is trained from clean speech data (Section
3.4.3), the latent variables Z £ {z,}._, are estimated on-the-fly. The scaling
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factors U £ {uy}/_; and the activations V £ {v;}_, are introduced for resolving

the scale ambiguity of model parameters.

3.1.2 NMF-Based Noise Model

The PSD of source n at frequency f and time ¢ is represented in the framework of
NMF as follows:

Anft = Z Wk Pk, (3.3)

where K denotes the number of bases, w,;; > 0 indicates the magnitude of basis
k of source n at frequency f, and hnkt > ( indicates the activation of basis £ of
source n at timet. W £ {w,; ;17 k =1 and H 2 {h }00 k 11— are estimated

on-the-fly.

3.2 MNMF with a Deep Speech Prior (MNMEF-DSP)

We formulate a unified probabilistic generative model by integrating the DNN-
based speech model, NMF-based noise model, and the full-rank spatial model
described in Section 1.3.2 and then derive an update rule based on a minorization-

maximization (MM) algorithm.

3.2.1 Formulation

In this section, we assume source 0 corresponds to a speech source and source
n (> 1) corresponds to a noise source (N + 1 sources in total). Substituting
Eq. (3.1) and Eq. (3.3) into Eq. (1.6), we obtain the likelihood function of unknown
variables Z, U, V, W, H, and G as follows:

logp(X|Z U, V,W H,G)

- ZZIOgNC (x£¢/0ns, Y yt) (3.4)
f=1 t=1

FoT
= ZZ —tr Y /' Xyt) —log [Yy]) + const, (3.5)

=1 t=1
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where Xy, € S¥ and Y, € S are given by

Xy 2 x5}y, (3.6)
N

Y2 MGy (3.7)
n=0

Xoft and A, p(n > 1) are the PSD of the speech and that of the noise, respectively,

which are given by
ugvlog(z)]y  (n=0),

K

3.8
ankfhnk:t (n>1). (5.8)
=1

)\nft =

We define Ynft = /\nfthf and Yn(zl)ftk £ wnkfhnkthf.
Our goal is to estimate Z, U, V, W, H, and G such that the log-likelihood
log p(X|Z,U,V,W_ H, G) given by Eq. (3.5) is maximized. To avoid the scale

ambiguity of the parameters, we put normalization constraints on U, W, and G

as follows:
F
> up=1, (3.9)
f=1
F
> way =1, (3.10)
f=1
tr(Gny) = 1. (3.11)

3.2.2 Optimization

We aim to estimate the parameters Z, U, V, W, H, and G that maximize
logp(X|Z,U,V, W H, G) given by Eq. (3.5) and obtain the enhanced speech
image x¢;; € C using a multichannel Wiener filter (MWF) given by Eq.(1.7).
Since it is hard to directly maximize the log-likelihood with respect to each of
these parameters, we use an MM algorithm that iteratively maximizes lower
bounds of the log-likelihood as in MNMF [27].

Matrix Inequalities

To derive the lower bounds, we use two matrix inequalities on positive definite

matrices [90]. For a convex function f;(S) = —log|S| with respect to S € S¥,
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we calculate a tangent plane at an arbitrary point € S%’ by using a first-order

Taylor expansion as follows:
—log|S| > —log 2] — tr(Q7'S) + M, (3.12)

where the equality holds if and only if £ = S. For a concave function f»(S) =

—tr(S™'R) with any matrix R € S}/ with respect to S € S/, we have

K -1 K
(Z sk> R| >-) t(S;'®Re}), (3.13)
k=1 k=1

where {S;}—, (Si € SI') is a set of positive definite matrices, {®}1-, is a set of
auxiliary matrices that sum to the identity matrix, i.e., Zszl ®,. = I,/, and the
equality holds if and only if ®;, = Si(>>5_, Si) ™"

Deriving Lower Bounds

Using Egs. (3.12) and (3.13) and introducing auxiliary matrices Q 2 {Q,}7" Fli=1
and ® = {(I)oft}ft L U {(I)nft}nft 1, we can derive a lower bound of Eq. (3.5),
L1(Z, U, V,W H,G,Q,®), as follows:

logp(X|Z,U,V,W,H,G)

F T N
Z Z Z )‘n}ttr (G, (I)"ftXftq)gft)
f=1 t=1 n=0
F T N F T
— Z Z Z )\nfttr(anQthl) - Z Z log || + const (3.14)
f=1 t=1 n=0 f=1t=1
= E%‘R(Z7U>V)W7H7Gaﬂ;¢)u (315)
where the equality holds if and only if
th - th, (316)
D= Yo Y5, (3.17)

Note that Y, 2 SN Y, and Y, 5 2 Ay Gy
Using Q and ® and introducing additional auxiliary matrices ¥ = {¥,, ftk}?tT 7;]7\,2’51,

we can derive another lower bound , £2;(Z,U,V,W H, G,Q, ®, ¥) of Eq. (3.5)
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as follows:

logp(X|Z,U,V,W,H,G)

F T
> =3 upto op(z)] e (G @0 X Y, )
=1 t=1
F T N K
=X D> D walhte (G W X )
f=1 t=1 n=1 k=1
F T N F T
— ZZZ/\nfttr(anQ ZZlog|th| + const (3.18)
f=1 t=1 n=0 f=1 t=1
= E%R<ZvU7V7W7H7G797¢)7‘P)7 (319)

where the equality conditions are Eq. (3.16), Eq. (3.17), and
Wtk =Yg fthftl- (3.20)

Note that Yy, 2 SN Y, and Y i 2 Wk ki Gy (n > 1). Since Ly, is tighter
than L3, it is better to use Ly for parameter estimation if possible. However,
maximization of Lz with respect to W and H has no closed-form solution due
to the existence of )\;}t = (3", Wk phnge) ™t (n > 1) in the first term of Eq. (3.14).
We thus use L}y for estimating Z, U, V, and G, and use Li for W and H.

Updating Speech Model

To update the latent variables Z, we use the Metropolis sampling [130] or the
backpropagation [131]. In the sampling, a proposal z°V ~ N (z24, 1) with a
small number ¢ is accepted as a next sample of z, with probability 5, £ min (1, v;),

where +, is given by

log vy = Lig(z), U, V,W, H,G,Q, ®) + log p(z}")

~ Lig(7',U,V, W, H,G,Q,®) — log p(z") (3.21)
d 1 1 12

~3 (g - s ) Gty - L3 (G )
f=1 0ft 0ft —

NE

(Ao7t — Aost) tr(GorQ2y,) (3.22)
f=1
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where A55Y £ ujpvy[og(2pV)]; and Af £ wpvi[og(27)]s. In the backpropagation,

the lower bound L} given by Eq. (3.15) is regarded as an objective function of Z.
It is maximized with respect to z, by using a stochastic gradient ascent method.
Both sampling and backpropagation algorithms update Z several times in one
iteration. In practice, we update Z several times without updating Y s, to reduce
the computational cost of calculating Y,' in @y, and Q7

To derive the multiplicative updating (MU) rule of the scaling factors U, we
let the partial derivative of Li given by Eq. (3.15) with respect to u; equal to

zero as follows:

T
Zu v; Hop(z)] ’ tr(GoffﬁoftXftq)Oft th og(z;) |str Gofﬂﬂ) = 0.
t=1

(3.23)
Solving Eq. (3.23) for us, we have
. S Ut_l[ag(zt)]fltr (GEfl‘I’OftXft‘I’gft) (3.24)
f —_— _ . .
S velo ()] st (GOfotl)

Substituting Qs = Yy, and ®opr = Yo Y7, = upvi|og(z)];Gof Y5, including
the current estimate of u; into Eq. (3.24), we have the MU rule of u; given by

o " (3.25)
> vilog(z)]str(Gop Y4,)

Similarly, the MU rule of the activations V can be obtained as follows:

J S vilod(z)]tr(Gos Y5 X Y 7
Uf < Uf

Z?:l ufr [0'?) (Zt)]f tr(GOfY;tIXftY;tl)
Sy uslod(z)] tr(Gos Y ,')

Vg < Uy (3.26)

Updating Noise Models

We derive the MU rules for W and H by almost the same way as U and V.
Letting the partial derivatives of L, given by Eq. (3.19) with respect to wyy;

(n > 1) equal to zero, we have

T T
Z WPt (G W X O ) — Z it (Gnp Q) = 0. (3.27)
t=1

t=1
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Solving Eq. (3.27) for w,x¢, we have

(3.28)

T _ _
Wy — > it hotr (G W s X e O H )
" Sy Poketr (G p 27,

Substituting Q2 = Yy, and U, = Y, fthJTtl = Wok Pkt G fYJIt1 including the
current estimate of w,,;; into Eq. (3.28), the closed-form MU rule of W is obtained

as follows:

23:1 hnkt tr (anY;;XftY;tl)

Wpkf < Wnif — , (3.29)
it ke tr(GnsY5/)
Similarly, the MU rule of H can be obtained as follows:
F -1 -1
B By Zf:l Wnk f tr(anth Xftth ) (3.30)
Z?:l Wnkf tr(anY;tl)

Updating Spatial Models

To derive the update rule of the spatial covariance matrices G, we let the partial

derivative of L.z with respect to G,,; equal to zero as follows:

T T
Z A;}tG;}@nﬂXﬁ‘I’gﬂG;} - Z )\nftQ;tl = Onrxnr, (3.31)
t=1

t=1
where 0,4 is the all-zero matrix of size M x M. Eq. (3.31) can be rewritten as

follows:

T T
t=1 t=1

Solving Eq. (3.32) as in [49,51], we have the closed-form update rule of G,; as

follows:

T -1 T

t=1 t=1
where A#B indicates the geometric mean of two positive definite matrices A
and B [132,133] as follows:

[

A#B = A? (A-éBA—%)é A? = A3 (A%A—lBA-%) P Az (3.34)

36



3.2. MNMF WITH A DEEP SPEECH PRIOR (MNMF-DSP)

1

_ A} ((Aé(A—lB)%A—%>2> A — A(A'B). (3.35)
Let C be a square matrix whose eigenvalues are positive, and let the eigenvalue
decomposition of C be C = PAP~L. C2 is defined as Cz £ PA2P~!, where Az
is the diagonal matrix whose diagonal elements are the square roots of those of
A. While the product of two positive definite matrices AB is not a Hermitian
matrix, the eigenvalues of AB are positive. To prove this, we first prove that,
for matrices S € C"™*" and T € C"*™, ST and TS have the same eigenvalues.
Assuming that A and u are an eigenvalue and eigenvector of ST, respectively, the

following equations hold:

STu = Au, (3.36)

TSTu = ATu. (3.37)

This indicates that A and Tu are an eigenvalue and eigenvector of T'S, respectively.

Thus, AB = A2 <A%B> has the same eigenvalues as (A%B> Az, which is a
1 H 1

positive definite matrix because Vx, x" A2 BA:x = (A%x> B (AEX) > 0 holds.

Substituting Q, = Yy, and @, = Y, ftY]?tl = AnfthfYJ?tl including the

current estimate of G, into Eq. (3.33), we have

T -1 T
Y (Z AnftY;f) 7 (an (Z Anpt Y ;;XftYJ:;> an> . (3.38)
t=1 t=1

Normalizing Parameters

To meet the normalization constraints given by Eq. (3.9), Eq. (3.10), and Eq. (3.11),

we adjust the scales of U, V, W, H, and G in each iteration as follows:

fing = t0(Gp), < up < poguy, (3.39)
Wikt <= PnfWnks (> 1),
F wp < vty
v 2y, { f>%0 %5 (3.40)
_ (% — VoUy,
f=1
d w — v w
A nkf nk Wnkf>
Unk = Wnkf, (3.41)
" ; " {hnkt — Vnkhnk:t-
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Algorithm 1 Speech enhancement based on MNMEF-DSP.

for iteration = 1 to MaxlIteration do
Update U, V, W, H, and G by Egs. (3.25), (3.26), (3.29), (3.30), and (3.38)
Compute €2 and {(I)Oft}?f:l by Egs. (3.16) and (3.17)
if Sampling then
for Z_iteration = 1 to Z_MaxIteration do
fort =1to T do
Sample z*V from Ng¢(z, {Ip)
Compute ~, by Eq. (3.22)
Sample ¢ from Uniform(0, 1)
if v, > q then z, + z}°v
end for
end for
end if
if Backpropagation then
for Z_iteration = 1 to Z_MaxIteration do
Compute L}y by Eq. (3.14)
Update Z by Adam with Liy
end for
end if
Normalize parameters by Egs. (3.39), (3.40), and (3.41)
end for
Compute xg7; by Eq. (1.7)

3.3 ILRMA with a Deep Speech Prior ILRMA-DSP)

We formulate a unified probabilistic generative model by integrating the DNN-
based speech model, NMF-based noise model, and the rank-1 spatial model
described in Section 1.3.2 and then derive an update rule based on an MM

algorithm.

3.3.1 Formulation

We assume the number of microphones M is equal to N + 1 to derive an
efficient update rule. Now the mixing matrix A; € CM*N*! becomes a non-
singular square matrix, and the estimation value of the source spectrum, §;, =
T

[Soft,.-.,8Nn ), is given as follows:

gft = Dfot, (34:2)

38



3.3. ILRMA WITH A DEEP SPEECH PRIOR (ILRMA-DSP)

where Dy = A;' = [dyy,...,dyg]" € CV*M is a demixing matrix. When G, is

a rank-1 matrix given by G,; = a,raj;, Yy is given as follows:

th = Z )\nftanfa;'f

n=0

= AjApAY =D'ALD ", (3.43)

where Ay, = £ Diag(\o fts- - Anye) is @ diagonal matrix. Substituting Eq. (3.42) and
Eq. (3.43) into Eq. (3.5), we get

1ogp(xyz U,V,W,H,D)

F T
:—ZZtr sft DfA Df)D Sft —ZZlog‘DfAftD;H|—l—const

f=1 t=1 f=1 t=1

(3.44)
F T F T
==Y ) w(sfAL)5p) —ZZlog|Aft|—|—TZIOg|Dfo|+Const (3.45)
F=1 t=1 f=1 t=1 f=1
F T N E
ZZZ( Susil? + log /\nft) +TZlog|Dfo| + const. (3.46)
f=1 t=1 n=0 Ant F=1

Our goal is to estimate the demixing matrices D instead of the mixing
matrices A and to estimate Z, U, V, W, and H such that the log-likelihood
log p(X|Z,U,V, W, H, D) given by Eq. (3.46) is maximized. To avoid the scale
ambiguity of the parameters, we put the normalization constraints on U and W

given by Eq. (3.9) and Eq. (3.10) and that on D given by

tr(d,sdf;) = didyy = 1. (3.47)

3.3.2 Optimization

We aim to estimate the parameters Z, U, V, W, H, and D that maximize
log p(X|Z,U,V, W, H, D) given by Eq. (3.46) by using an MM algorithm as in
ILRMA [28] and obtain the enhanced speech image xg;, € C" using a linear
demixing filter given by Eq. (1.9).
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Updating Speech Model

The latent variables Z are updated with Metropolis sampling or backpropagation
as in the full-rank model (Section 3.2.2). In the sampling, instead of Eq. (3.22),
is given by

S T 7 AN b
log e = ( i~ e 108 X?Jvi) =52 () = ) - (3.48)
=1 0ft 0ft 0ft
In the backpropagation, the likelihood given by Eq. (3.46) is regarded as a negative
cost function.

The update rules of U and V can be obtained directly by letting the partial
derivatives of log p(X|Z, U, V, W, H, D) equal to zero as follows:

|30ft
Up — = Z o2 (3.49)
F ~
1
vy |S°2ft| (3.50)

Updating Noise Models

The closed-form MU rules of W and H are obtained in the same way as [8] as

follows:
ket |Snpe 2N
Whkf 4 Wiy A — il i3 (3.51)
Zt 1hnkt)\nft
F ~ 2y—2
—1 Wnkf|Snpe| 2\,
hnkt — hnkt Zf*lF kf| ft‘_l ft- (352)
Zf:l Wnkf A gy

Updating Spatial Models

The update rule of D is obtained in the same way as [28,70] as follows:

T
1 & X
Yo £ 725 ’; tt (3.53)
dps = (D Yp) e, (3.54)
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Algorithm 2 Speech enhancement based on ILRMA-DSP.

for iteration = 1 to MaxIteration do
Update U, V, W, and H by Egs. (3.49), (3.50), (3.51), and (3.52)
if Sampling then
for Z_iteration = 1 to Z_MaxIteration do
fort=1to 7T do
Sample z}*" from N¢(z:, {1p)
Compute ~, by Eq. (3.48)
Sample ¢ from Uniform(0, 1)
if v, > g then z, + z}V
end for
end for
end if
if Backpropagation then
for Z_iteration = 1 to Z_MaxIteration do
Compute the log likelihood by Eq. (3.46)
Update Z by Adam with the log likelihood
end for
end if
Update D by Eq. (3.54)
Normalize parameters by Egs. (3.40), (3.41), and (3.56)
end for
Compute x5, by Eq. (1.9)

_1
dnf — (d;'f'rnfdnf) 2 Clnf7 (355)

wheree, 2[0,...,1,...,0]" indicates a unit vector with the n-th element equal

to 1.

Normalizing Parameters

To meet the normalization constraints given by Eq. (3.9), Eq. (3.10), and Eq. (3.47),

we normalize D as follows:

_1
dnf (_ Mnf?dnf7
fing = didny, $up Jig7 g (3.56)
Wakf 4= HypWnks (0> 1),

We then normalize U and W by using Eq. (3.40) and Eq. (3.41).
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3.4 Initialization

It is crucial to appropriately initialize the scaling factors U, the speech activations
V, the speech latent variables Z, the basis spectra W, the noise activations H,
and the SCMs G or the demixing matrices D. We use the inference model of the
VAE specified by ¢ for initializing Z as z; < p4(x¢). U and V are initialized as
u=-+lpandv =1

Considering Eq. (3.10), the initial values of W are sampled from a Dirichlet

distribution as follows:
W ~ Dirichlet(aplr), (3.57)

where Eiit[wnkr] = % and o is a concentration parameter (o = 2 in our

experiments). Considering Eq. (3.10), Eq. (3.11), and the scale of the observed
PSDs, the initial values of H are sampled from gamma distributions as follows:

(%) NK
Eomp|2[?] #2M

hpre ~ Gamma (040, (3.58)

where Eii¢[hnke] = %E

empl|Z|?] and Eepp[|z[?] indicates the empirical mean of
the observed PSDs given by

F T M

Eemp[|2]?] FTM ZZZ Ere (3.59)
f=1 t=1 m=1

Since the initialization of G or D is considered to have a strong impact
on the performance of speech enhancement, we propose and compare several

initialization methods.

3.4.1 MNMEF-DSP

G can be initialized without using the observed data X. The most naive way of
initialization is to set G,,; to the identity matrix as follows:

1

G, —TI,.
f%MM

(3.60)

Alternatively, G can be initialized in an adaptive manner by using the observed

data X. Assuming that the target speech is predominant in X, one may set the
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speech SCM Gy to the average of the observed SCMs and the noise SCMs to the

identity matrix as follows:

T
X
GOf — ;t:l ft ’
Zlit:l tr(X ) (3.61)
an < MIM (n > 1).

A more sophisticated way of initialization is to use a fast speech enhancement
method based on a complex Gaussian mixture model (cGMM) [89] that classifies
each time-frequency bin into speech or noise. Here, we initialize the cGMM with
Eg. (3.61). Using the estimated posterior probability wy, that the bin at frequency

[ and time ¢ was generated from the speech, we have

Sy wiXpe
ZtT:1 wrtr(Xise)
T
1— X
Gy %:t:l( Wft) ft n>1).
Zt:l(l - Wft)tr(Xft)

3.4.2 ILRMA-DSP

Gof <

(3.62)

In the determined condition of the rank-1 model, D cannot be initialized in a way
corresponding to Eq. (3.60) because the identity matrix is a full-rank matrix. The

most naive way of initialization is to set D to the identity matrix as follows:
Df < IN+1, ie., dnf — €pt1- (363)

The demixing matrices D can alternatively be initialized in an adaptive manner
by using the observed data X. If the mixing matrix A; = [ags, aiy,...,any] is
given, Dy is given by

D;« A}l (3.64)

where A, can be estimated from the full-rank SCMs G. Using Gy, in Eq. (3.61)
and {G,,;}_, in Eq. (3.60), we have

{aof =PE (Zle Xﬁ) :

(3.65)
anr =€y (n2>1),
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where PE(-) indicates a normalized eigenvector that corresponds to the largest

eigenvalue of a matrix. Alternatively, using Eq. (3.62), we have

{aof =PE <Z;‘F:1 wftXft) :

3.66
a,; = PE <ZtT=1(1 - Wft)Xft) (n>1). (2:60

3.4.3 Pretraining of Deep Speech Prior

The nonlinear mapping function o3(-) given by Eq. (3.1) is optimized in the
framework of a VAE. Suppose that we have training data X £ {,}/_,, where I is
the number of frames and x; € C¥ is a complex spectrum of clean speech. Let
Z 2 {2;}_, be the corresponding latent variables. We formulate the hierarchical

generative process of X as follows:

z; ~ N(0p,Ip), (3.67)
%; ~ Nc(0p, Diag(og(2))), (3.68)

where Diag(-) indicates a diagonal matrix.

Our goal is to estimate @ such that the likelihood p(X|6) is maximized. Since
log p(X|0) is analytically intractable and is hard to directly maximize, we derive
a lower bound Lyag(0, @) of log p(f(|0) by introducing a variational posterior

distribution ¢, (z;|%X;) with parameters ¢ as follows:

lo p(X[6) = Zlog [ ol o)z (3.69
- Z g [ 242 o) 3.70)

e g PR
ZZ Jastais)ros 22 i 371)

= Z (E% [log pe(X;|zi)| — KL(q¢(zZ|il)Hp(il))) (3.72)

=1
2 Luar(6, ), (3.73)

where KL(¢||p) indicates the Kullback-Leibler (KL) divergence between two
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probability distributions ¢ and p. Our goal is to maximize Lyar(60, @) with
respect to 6 and ¢.
For mathematical convenience, g,(Z;|X;) is set to a Gaussian distribution as

follows:
0y (2:|%:) = N (2| (%), Diag (o5 (%:))), (3.74)

where p4(-) and o}(-) are the D-dimensional output vectors of a DNN with
parameters ¢. The first term of Eq. (3.73) is approximated via Monte Carlo

integration as follows:
L
qus [10gp9 Xz‘zz Z 0g Peo Xz‘z (375)

where L is the number of samples and ZEZ) is obtained by using the reparametriza-

tion trick [134] as follows:

eV ~ N(0p,Ip), (3.76)
7 = (%) + & 0 /o (%), (3.77)

where © indicates the Hadamard product. The second term of Eq. (3.73) can be
analytically calculated as follows:

KL(qq(Z:|%:) [p(Z:) = = Y ([ + (o5 (%)) — loglog(%:)]a — 1) . (3.78)

d=1

l\DIH

The lower bound Lyag (0, ¢) given by Eq. (3.73) can be approximately calculated
by using Eq. (3.75), Eq. (3.76), Eq. (3.77), and Eq. (3.78). The parameters 8 and ¢
of the two DNNs are jointly optimized by using a stochastic gradient method
such that Lyag (0, ¢) is maximized.

The generation parameters 6 are used for formulating the generative model of
X described in Section 3.1.1. The inference parameters ¢ are used for initializing
Z,ie., z; < pey(x;) as described in Section 3.4, where x; is any complex spectrum
whose PSDs are the same as the average PSDs of noisy speech over all channels

at frame t¢.
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3.5 Evaluation

This section reports experiments conducted for investigating the performance
of our semi-blind speech enhancement methods based on the MNMF-DSP or
ILRMA-DSP with different configurations. First, we investigate the impacts of
the model complexities (i.e., the number of noise sources N and the number
of noise bases K) and verify the effectiveness of the low-rank noise model. We
then evaluate the two methods used for optimizing the latent variables Z (i.e.,
Metropolis sampling and backpropagation methods described in Section 3.2.2 and
Section 3.3.2) and the three methods used for initializing the spatial parameters
G or D (i.e., identity-, observation-, and cGMM-based methods described in
Section 3.4). Finally, we compare our method with the state-of-the-art blind,

semi-blind, and supervised methods.

3.5.1 Configurations

Test Data

The simulated data sampled at 16 kHz in the evaluation dataset of CHiME3 [135]
were used for evaluation. It contains 1320 noisy speech signals emulated to be
uttered in four types of noisy environments: bus (BUS), cafe (CAF), pedestrian
area (PED), and street junction (STR). We randomly chose 25 utterances for each
environment (100 utterances in total). These simulated utterances were emulated
to be recorded with a tablet with 6 microphones by convolving impulse responses
obtained from real recordings with clean signals and adding environmental noise.
We selected five channels (M = 5) excluding the second channel because of its
orientation on the back side of the tablet, in contrast to the other five microphones
placed on the front side. We used short-time Fourier transform (STFT) with a
shifting interval of 256 points and a window length of 1024 points (" = 513).

The average number of time frames was 7" = 379.
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0y (Zi)

Encoder ¢ Decoder 0
Figure 3.3: The VAE for clean speech spectra.

Performance Measures

The performance of speech enhancement was measured in terms of the signal-to-
distortion ratio (SDR) [136,137]. For comparison with conventional methods, the
perceptual evaluation of speech quality (PESQ) [138] and the short-time objective
intelligibility (STOI) [139] were also calculated. The fifth channel of the enhanced
speech spectra {xgjf;/ s ?:Tuﬂ was compared with the ground-truth clean speech
spectra because the fifth microphone was considered to be the closest to the

mouth of a speaker.

Pretraining Configurations

The deep speech prior described in Section 3.1.1 was trained in advance from clean
speech data in a variational autoencoding manner as described in Section 3.4.3.
The VAE had an inference network (encoder) parameterized by ¢ and a generation
network (decoder) parameterized by 6, as shown in Fig. 3.3. The architecture of
the VAE was similar to that proposed in [41]. The dimensions of the observed
and latent spaces were F' = 513 and D = 16, respectively. We used the WSJ-0
corpus [140] containing clean speech signals of about 15 hours. The speakers of
the WSJ-0 corpus were disjoint with those of the test data. The power spectrogram
of each utterance was scaled such that the average power was equal to a random

number p ~ Gamma(2, 2), which has the expectation value 1.
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Optimization Configurations

The number of iterations was set to 100. For MNMEF-DSP, U, V, W, H, and G
were updated simultaneously and Z was then updated in each iteration. For
the ILRMA-DSP, W, H, U, V, Z, and D were updated in this order. When
the sampling method was used for optimizing Z, the variance of the proposal
distribution was set to { = 10~* and Z was sampled 50 times per iteration. When
the backpropagation method was used, Z was updated 30 times per iteration by

using the Adam optimizer [141] with a learning rate of 0.001.

3.5.2 Evaluation of Model Complexities

We investigated the best model complexities of MNMF-DSP and ILRMA-DSP by
changing the number of noise sources N and the number of noise basis spectra
K.

Experimental Conditions

For MNMF-DSP, we tested all possible combinations of K = 2! (I = 0,...,10)
and N = 1,2, 3, 4. For ILRMA-DSP, we changed only K because N = 4 must hold
under a determined condition with M = 5 (one speech source and four noise
sources). We used the sampling method for optimizing the latent variables Z
and the observation-based method given by Eq. (3.61) or Eq. (3.65) for initializing

the spatial parameters G or D, respectively.

Experimental Results

Table 3.1-(a) shows the average SDRs over the 100 utterances obtained by MNMEF-
DSP. The average SDR of the input noisy signals (the fifth channel) was 7.5 dB.
Regardless of the choice of N, the performance converged to around 18.7 dB as
K increased. This might be because most noise sources in the test dataset were
diffusive. If there are multiple directional noise sources, it would be necessary
to carefully choose N. Note that when K > T, the low-rank assumption on
the PSDs of noise is considered to have no effect in theory because the noise

model is capable of perfectly fitting any PSDs. In reality, the performance was
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Table 3.1: The average SDRs [dB] for 100 noisy speech signals in four different
environments.

(a) MNMF-DSP

# of noise Number of noise bases K

sources N[ 1 2 4 8 16 32 64 128 256 512 1024
1 164 17.1 175179 18.1 184 18.6 18.7 18.7 18.7 18.7

2 17.3 17.7 18.0 18.2 18.6 18.7 18.8 18.8 18.8 18.8 18.8

3 17.6 18.0 18.3 18.5 18.6 18.7 18.7 18.7 18.8 18.7 18.7

4 17.9 18.1 18.2 18.5 18.6 18.6 18.6 18.6 18.7 18.6 18.6

(b) ILRMA-DSP

# of noise Number of noise bases K
sources N[ 7 2 4 8 16 32 64 128 256 512 1024
4 16.2 16.3 16.2 16.2 16.0 15.8 15.7 15.6 15.5 15.3 15.1

not degraded even when K = 1024. This result raised a question whether the
low-rank assumption, which is useful in MNME, is still necessary in the proposed
model. To answer this question, the effectiveness of the low-rank assumption
was verified in Section 3.5.3. Table 3.2-(a) shows the elapsed times per iteration
for processing noisy speech signals of 2 [s] on a workstation with Intel Xeon
W-2145 (3.70 GHz). Considering both the performance and the computational

cost, the combination of N = 1 and K = 64 can be regarded as best.

Table 3.1-(b) shows the average SDRs obtained by ILRMA-DSP. The per-
formance was maximized when K = 2 and it monotonically decreased as K
increased. Because the rank-1 spatial model is incapable of precisely representing
realistic sound propagation processes, the source models (speech and noise
models) play an influential role for speech enhancement. In each iteration, the
noise model fits the current estimate of the noise spectra {|3,, ft|2}?tj; , given by
Eq. (3.42) using the demixing matrices D. The noise model based on NMF with
large K overfit the imperfect estimate of the noise spectra in a few iterations
before D was fully optimized. When the noise model with K = 256 was updated

once per four iterations, the average SDR was improved to 16.1 dB.
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Table 3.2: The elapsed times [s] per iteration for processing multichannel noisy
speech signals of 2 [s].

(a) MNMF-DSP

# of noise Number of noise bases K

sources N | 1 2 4 8 16 32 64 128 256 512 1024
1 0.97 0.98 0.99 0.97 0.98 0.99 1.00 1.09 1.22 1.49 2.02

2 1.151.151.13 1.11 1.15 1.14 1.30 1.41 1.70 2.18 3.27

3 1.34 1.34 1.34 1.35 1.36 1.43 1.53 1.72 2.08 2.87 4.45

4 1.50 1.51 1.50 1.49 1.51 1.63 1.73 2.00 2.51 3.57 5.74

(b) ILRMA-DSP

# of noise Number of noise bases K
sources N[ 1 2 4 8 16 32 64 128 256 512 1024
4 0.28 0.28 0.28 0.29 0.30 0.33 0.40 0.54 0.85 1.44 2.73

3.5.3 Evaluation of Low-Rank Modeling

We investigated the effectiveness of the low-rank assumption on the noise PSDs.

The sampling method was used for optimizing the latent variables Z.

Experimental Conditions
We tested three variants of the noise model in MNME-DSP with N = 1.

1. High-rank model: K = T. W and H were initialized by using Eq. (3.57) and
Eq. (3.58) and then iteratively updated by using Eq. (3.29) and Eq. (3.30).
2. 1-on-1 model: This model was the same as the high-rank model except that

H was initialized as follows:

{hlkt ~ Gamma (ao, Eetygﬁﬂ?] ﬁ) (k=1),
hige =0 (k#1).

(3.79)

Since hyx: = 0 (k # t) was kept in Eq. (3.30), the K bases correspond to the T’
frames one by one.
3. Non-factorized model: The NMF-based noise model was removed from the

proposed model, i.e., the noise PSDs {\; ft}?’:TLt:l in Eq. (3.8) were directly
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Table 3.3: The average SDRs [dB] and log-likelihoods obtained by the three
variants of MNMEF-DSP.

Noise model | High-rank  1-on-1 = Non-factorized
SDR [dB] 18.7 15.8 16.2
Log-likelihood | 1.64 x 10° 1.67 x 10° 1.67 x 10°

estimated. An updating rule can be obtained as follows:

tr GlfY_1XftY_l
Alfﬂ_m\/ (tr(GJ;Y;l) = (550
t

A1y was initialized as Ay sy = wy;phiy, where W and H were initialized as in

the 1-on-1 model.

Experimental Results

Table 3.3 shows the average SDRs and log-likelihoods obtained by the three
models. While the 1-on-1 model and the non-factorized model were better than
the high-rank model in terms of the log-likelihood, the high-rank model attained
the best SDR. Since the architecture of the high-rank model was the same as
that of the 1-on-1 model, the high-rank model was considered to get stuck in
local optima in which the noise PSDs were approximated as low-rank matrices
consisting of a fewer number of bases. This indicates that when K > 7' in Table
3.1-(a), the low-rank constraint on the noise PSDs was still effective. Comparing
the SDR (16.2 dB) obtained by the non-factorized model with that (18.6 dB)
obtained by the best MNMF-DSP with N = 1 and K = 64, the low-rank modeling

can be said to be effective.

3.5.4 Evaluation of Optimization and Initialization Methods

We investigated the initialization sensitivity and optimization difficulty of MNME-
DSP and ILRMA-DSP.
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Figure 3.4: The evolutions of average SDRs [dB] over iterations. The dotted lines
indicate the SDRs obtained by the backpropagation method and the solid lines
indicate the SDRs obtained by the sampling method.

Experimental Conditions

Considering Tables 3.1 and 3.2, we used MNMF-DSP with N = 1 and K = 64 and
ILRMA-DSP with K = 2 as the best performing models with the reasonable com-
putational costs. To optimize Z in MNME-DSP, the sampling or backpropagation
method was used (Section 3.2.2). To initialize G, the identity-, observation-, or
cGMM-based method given by Egs. (3.60), (3.61), or (3.62), respectively, was used
(Section 3.4.1). To optimize Z in ILRMA-DSP, on the other hand, the sampling or
backpropagation method was used (Section 3.3.2). To initialize D, the identity-,
observation-, or cGMM-based method given by Egs. (3.64), (3.65), or (3.66) was

used (Section 3.4.2). In total, we tested six configurations for each model.

Experimental Results

Fig. 3.4-(a) shows the SDR evolutions over iterations obtained by the six config-
urations of MNMF-DSP. The combination of the sampling-based optimization
and the cGMM-based initialization attained the best SDR of 18.9 dB. Regardless
of an initialization method, the sampling method was slightly better than the
backpropagation method in terms of the performance obtained after sufficiently
many iterations. The backpropagation method converged faster to the affordable
performance than the sampling method. When the same optimization method
was used, the performance difference between the initialization methods was

smaller than 0.5 dB. This indicates that our MNMF-DSP is insensitive to the
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initialization of G because the deep speech prior plays an influential role even be-
fore G is not fully optimized. In fact, our model can work even in a single-channel
scenario without spatial information [40]. This is a noticeable advantage of the
proposed method over MNMF that heavily relies on G for speech enhancement.

Fig. 3.4-(b) shows the SDR evolutions over iterations obtained by the six
configurations of ILRMA-DSP. The use of the observation- or cGMM- based ini-
tialization method reached the SDR of 16.3 dB or 16.2 dB, respectively, regardless
of the optimization strategy. The backpropagation method tended to converge
faster than the sampling method. When the identity-based initialization method
was used, the backpropagation method underperformed the sampling method.
The initial values of Z given by the encoder ¢ of the VAE were considered to be
close to optimal values. In the backpropagation method, however, Z was quickly
adapted to the inaccurate estimate of the speech spectra sy, given by Eq. (3.42)

before the demixing matrices D were fully optimized.

3.5.5 Key Findings

Considering the experimental results shown in Section 3.5.2 and Section 3.5.4,
we summarize recommended configurations. In general, it is recommended to
use the full-rank model with N = 1, K = 64, the observation-based initialization
method given by Eq. (3.61), and the sampling-based optimization method. To
squeeze the performance and accelerate the convergence in exchange of the
additional implementation cost, one can use the cGMM-based initialization
method given by Eq. (3.62) instead of the observation-based initialization method.
If the computational cost is a main concern, one may use ILRMA-DSP with
K = 2, the observation-based initialization method given by Eq. (3.65), and the

backpropagation-based optimization method.

3.5.6 Comparison with State-of-the-Art Methods

We compared the proposed semi-blind method with the state-of-the-art blind,
semi-blind, and supervised methods in terms of the SDR, PESQ, and STOI.
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Experimental Conditions

We used MNMF-DSP with N = 1 and K = 64 initialized by the cGMM-based
method given by Eq. (3.62) and ILRMA-DSP with N = 4 and K = 2 initialized by
the observation-based method given by Eq. (3.65). In both models, the sampling

method was used for estimating Z.

e Unsupervised methods: We tested MNMF [27], ILRMA [28], and cGMM [89].
MNMF and ILRMA had the same architectures as the proposed MNME-DSP
and ILRMA-DSP, respectively, except that an NMF-based low-rank model
was used for speech instead of the DNN-based model. The number of
noise sources NN, that of speech bases K, that of noise bases K,, and the
initialization strategy were experimentally optimized. We used MNMF with
N =1, K, =8, and K,, = 256 initialized by the cGMM-based method and
ILRMA with N = 4, K = 8, and K, = 1 initialized by the observation-based
method. We also tested a weighted delay-and-sum (DS) beamforming called
beamformit [142] and found that the average SDR of the enhanced speech
was 6.3 dB.

e Semi-blind methods: For fair comparison with the proposed semi-blind
method, we also tested semi-blind versions of MNMF and ILRMA. K, speech
bases were estimated in advance by using NMF [8] or vector quantization
(VQ) [143] based on the Itakura-Saito (IS) divergence (called IS-NMF and
IS-VQ, respectively) for the clean speech data of the WSJ-0 corpus [140].
IS-VQ iterated two steps; 1) given codebooks (bases), each speech spectrum
in the training dataset were clustered into the nearest codebook based on
the IS divergence, and 2) each codebook was updated to the average of the
spectra assigned to the codebook. In the speech enhancement phase, while
the speech bases were fixed, the other parameters were updated as in the
proposed method. We conducted a preliminary comparative experiment
using K, = 2! (1 =0,...,8) and decided to use MNMF based on IS-NMF
(MNMF-NMF) with N = 1, K, = 4, and K,, = 256 and MNMF based on
IS-VQ (MNMF-VQ) with N = 1, K, = 8, and K,, = 256 initialized by the
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cGMM-based method, and ILRMA based on IS-NMF (ILRMA-NMF) with
N =4, K, =16, and K,, = 1 and ILRMA based on IS-VQ (ILRMA-VQ) with
N =4, K, = 256, and K, = 2 initialized by the observation-based method.
e Supervised method: We tested a DNN-based beamforming method. To
estimate speech masks {w ft}?ﬂ,t:y a feed-forward DNN was trained by
using the training dataset of CHiME3 that contains pairs of multichannel
noisy speech signals and ground-truth clean speech signals. We extracted
three kinds of acoustic features as the input to the DNN. At each time
t, the log of the outputs of 100-channel mel-scale filter banks (LMFBs)
was computed from the magnitude spectrogram of the fifth channel and
LMFBs were stacked over 11 frames from time ¢t — 5 to ¢t + 5. The (M — 1)-
dimensional inter-channel level and phase differences (ILDs and IPDs) were
also calculated at each time ¢ as proposed in [144]. The DNN was trained
such that the cross-entropy loss between ideal binary masks and estimated
masks was minimized. To use the minimum variance distortionless response
(MVDR) beamforming [21], the steering vector of speech ays and the SCM

of noise G at frequency f are given by
{aOf =PE (Zthl othXft> :
Gy =20 (1~ w)Xse,

where PE(-) indicates a normalized eigenvector that corresponds to the first

(3.81)

principal component of a matrix. The demixing filter dy; at frequency f is

given by
G /a
doy = — I (3.82)
The speech image was estimated as follows:
Xg/;YDR = agfSoft = aOfdngft- (3.83)

Experimental Results

Figs. 3.5, 3.6, and 3.7 show the average SDRs, PESQs, and STOls, respectively.
MNMEF-DSP performed best in all measures, and Welch’s t-test with a 0.05

56



3.5. EVALUATION

(a) Observation x (b) Ground truth image xg
(c) Aoyt of MNMF-DSP (d) x{; of MNMF-DSP
(e) Aos+ of ILRMA-DSP () x3'7, of ILRMA-DSP

(g) Aos: of MNMF (h) x{ 5 of MNMF
(i) Aos: of MNMF-NMF () x5 5 of MNMF-NMF
(k) Aoyt of ILRMA (1) xf, of ILRMA
(m) Aos¢ of ILRMA-NMF (n) x3'7, of ILRMA-NMF

Figure 3.8: Comparison of speech enhancement methods. The observation,
ground truth, and separated speech show the 5th channel only.
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significance level showed the significant difference of SDR and PESQ between
MNME-DSP and the other methods, although the differences of STOI between
MNME-DSP and MNMF, MNMF-NMF, MNME-VQ, ILRMA-VQ, or ILRMA-DSP
were not significant. Although, MNMF is generally known to often underperform
ILRMA because of the strong initialization sensitivity [28], in this experiment
MNMEF (16.4 dB) outperformed ILRMA (15.6 dB) because the cGMM-based
method given by Eq. (3.62) provided a good initial estimate of G. When the
observation-based method given by Eq. (3.61) was used for MNMF as in ILRMA,
the SDR was drastically degraded (12.6 dB). Fig. 3.8 shows examples of the noisy
spectra {xft}?’:Tuzl in the BUS environment, the ground-truth speech image
{xo ft}?’:Tuzl, the estimated speech PSDs { ) ft}?’:TLtzl and the separated speech
spectra {xg;  }5',_, obtained by MNMF-DSP (19.2 dB), ILRMA-DSP (14.9
dB), MNMF (15.3 dB), ILRMA (13.4 dB), MNMF-NMF (16.1 dB), ILRMA-NMF
(14.7 dB), MNMEFE-VQ (15.8 dB), and ILRMA-VQ (14.6 dB). This clearly showed
that the deep speech prior is better at representing the characteristic structures
of speech PSDs than the NMF-based low-rank model. In semi-blind MNMF
and ILRMA, the numbers of speech bases were determined to maximize the
SDRs, but were too low to precisely represent speech PSDs. To confirm the
effectiveness of the deep speech prior, we also tested MNMEF initialized with G
estimated by MNMF-DSP, and the average SDR after 100 iterations was 17.5 dB.
This result indicates that the high representation power of the deep speech prior
was useful for not only alleviating the initialization sensitivity but also improving

the performance.

We also compared the proposed method with its original single-channel
version [40]. The SDR of the optimally-tuned single-channel method was 11.9 dB.
This indicates that the proposed MNMF-DSP and ILRMA-DSP successfully utilize
the spatial information. Comparing ILRMA-DSP with MNMEF-DSP, however,
while MNME-DSP successfully suppressed the noise components, the enhanced
speech spectra obtained by ILRMA-DSP as well as those obtained by ILRMA
were still noisy. This indicates that the idealized rank-1 spatial model based on

the time-invariant demixing matrices has a performance limitation in speech
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enhancement.

3.6 Summary

This chapter presented a semi-blind multichannel speech enhancement method
that integrates a DNN-based generative model of speech spectra, an NMF-based
generative model of noise spectra, and a full-rank or rank-1 spatial model in a
unified probabilistic model. The full-rank and rank-1 versions of the proposed
method, called MNMEF-DSP and ILRMA-DSP, are extensions of MNMF [27]
and ILRMA [28], respectively, i.e., an NMF-based model for one of sources is
replaced with the deep speech prior capable of precisely representing the PSDs
of clean speech. An advantage of our method is that only clean speech data
are used for training the deep speech prior. The speech prior can generalize
well to unseen speech spectra and the low-rank noise model and the spatial
model can adapt to unseen acoustic environments. We showed that MNMF-DSP
significantly outperformed the rank-1 counterpart, the blind and semi-blind
versions of MNMF and ILRMA, and the supervised DNN-based beamforming
method in terms of the SDR, PESQ, and STOI, because of the high representation
power of the deep speech prior. We also showed that MNMF-DSP is less sensitive
to initialization and is less likely to get stuck in local optima than MNMF. Recently,
this approach has been extended for speech separation by using the deep speech
generative models for all sources [45,91,94, 145].

Although MNMF-DSP achieved good performance, its main limitation is
high computational cost due to the repeated heavy operations such as inversion
of the SCMs. In chapter 4, we introduce a jointly-diagonalizable full-rank spatial

model to reduce computational cost without degrading its performance.
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Chapter 4

Fast Multichannel Speech
Separation Based on a
Jointly-Diagonalizable Spatial
Model

41 Introduction

MNMEF based on the full-rank spatial model is known to be computationally
expensive and sensitive to the initialization of the parameters, and its performance
is often lower than that of ILRMA based on the rank-1 spatial model. In Chapter 3,
the extensions of MNMF and ILRMA using the DNN-based speech model called
MNME-DSP and ILRMA-DSP were proposed. MNMEF-DSP is less sensitive to the
initialization due to the powerful DNN-based speech model, and it outperforms
ILRMA and ILRMA-DSP. In this chapter, we tackle the problem about the high
computational cost of MNMEF.

As an intermediate BSS method between MNMF and ILRMA, first, we propose
a computationally-efficient variant of MNMF called FastMNMF1 (Fig. 4.1) that
restricts all source SCMs of each frequency bin to jointly-diagonalizable (JD)
yet full-rank matrices [83]. Note that another FastMNMF1 based on the same
formulation had been developed independently and concurrently [44]. To
estimate the SCMs, we use a convergence-guaranteed iterative projection (IP)

algorithm [70], while [44] uses a fixed-point iteration (FPI) algorithm without
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s ™
MNMF g s MNMET
" FastMNMEF?2

Rank-constrained
FastMNME2

Rank-constrained
FastMNMF1

& J

Figure 4.1: The relations between MNMF, ILRMA, and the proposed FastMNMF,
including its variants.

convergence guarantee. Although FastMNMF1 is almost as fast as ILRMA, its
initialization sensitivity inherited from MNMF is still an open problem. For
speech enhancement, DNN-based speech model can be used to alleviate the
sensitivity.

To reduce the initialization sensitivity of FastMNMF1 for source separation, we
propose a well-behaved constrained version of FastMNMF1 called FastMNMEF2
that shares the directional feature of each source over all frequency bins. The JD
spatial model of FastMNMF]1 assumes that in each frequency bin, the SCM of each
source is represented by the weighted sum of M/ common rank-1 SCMs, which
are expected to correspond to M directions. While the weights of each source
vary over frequency bins in FastMNMF1, they are shared over all frequency
bins in FastMNMF2. This directivity-aware spatial model would mitigate the
permutation problem, which has mainly been tackled by improving the source

model.

To explicitly consider the directivity or diffuseness of each source, we further
propose a rank-constrained version of FastMNMF1 or FastMNME2 (collectively
called FastMNMF) that enables us to individually specify the ranks of SCMs.
When one or more people are talking in a noisy environment, for example, our
goal is to separate an observed mixture into directional speech sources and

diffuse noise sources. Such speech enhancement or separation can be achieved
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by initializing the weights of speech and noise sources to one-hot and all-one
vectors, respectively, because the number of non-zero weights indicates the rank
of an SCM. Through the iterative optimization, the speech SCMs are kept to
rank-1 matrices and the noise SCMs to full-rank matrices thanks to the nature of
the multiplicative update algorithm. If the SCMs of all M sources are restricted
to rank-1 matrices in a determined case, rank-constrained FastMNMF reduces to
ILRMA.

4.2 MNMF with a Jointly-Diagonalizable Spatial
Model (FastMNMF1)

We formulate the probabilistic model of FastMNMF1 using the low-rank source
model and the jointly-diagonalizable (JD) full-rank spatial model and then derive
an efficient parameter estimation algorithm based on iterations of nonnegative

tensor factorization (NTF) and IP.

4.2.1 Formulation

In order to reduce the degree of freedom, we assume that the SCMs of IV sources
{Gs}_, are JD as follows:

Vn Gy = Q; 'Diag(g,)Q; ", (4.1)
where g, = [Gus1s---,0npm) € RY is a nonnegative vector, and Q; =
[as1, .-, apu]t € CM*M js a non-singular matrix called a diagonalizer, which is

not limited to a unitary matrix. Substituting Eq. (4.1) into Eq. (1.6), we have

N
Qsxye ~ Ne (0, Z )\ftnDiag(gnf)> : (4.2)

n=1

This means that the elements of Q;x; are all independent. Regarding Qx,
as observed data, MNMF for Q ;x; reduces to nonnegative tensor factorization
(NTE) for the PSDs of Q sx ¢, which can be performed efficiently (Fig. 4.2). The log-
likelihood function of the parameters W, H, G £ {g,,},/_, and Q £ {Q,}/_,
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is then given by

FT
logp(X|W,H,G,Q) = ) log Nc (Xft

N
07 Z Afthleiag(gnf)Q;H>
n=1

fit=1
FTM /- F
S Z (~ftm + 1Og?]ftm) + TZlog |QfQ?‘ + const,
Fitm=1 Yfim =1

(4.3)

where :E‘ftm e |q|]_c|met‘2 and gftm e ka wnkfhnktgnfm.

To avoid the scale ambiguity, we put normalization constraints on Q, G, and

W as follows:

afndm =1, (4.4)
M

Z gnfm = 17 (45)
m=1

F

ankf =L (4.6)
f=1

4.2.2 Optimization

Our goal is to jointly estimate W, H, G, and Q such that the log-likelihood
function given by Eq. (4.3) is maximized. Because Eq. (4.3) has the same form
as the log-likelihood function of ILRMA given by Eq. (3.46), we can derive a
convergence-guaranteed optimization algorithm based on iterations of NTF and
IP in the same way as ILRMA, which is based on iterations of NMF and IP.

Because the first term of Eq. (4.3) is the negative Itakura-Saito (IS) divergence
between 2 f,,, and ., the maximization of the log-likelihood with respect to
W, H, and G is equivalent to NTF. The multiplicative update (MU) rules for W,
H, and G are given by

T,M ~ ~ ~—9
Zt’mzl hnktgnfmxftmyftm

Wpkf < Wnkf T - 1 (4.7)
t,m=1 hnktgnfmyftm
M ~ 5 ~=2
ZF’ =1 wnkfgnfmxftmy +
hnkt — hnkt fom ! ma (48)

F,M ~ ~—1
Zf,m:l wnkfgnfmyftm
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T.K B s G2
Zt,k:l Wnk f Rkt L ftmY fim

Infm < Gnfm ZtT;:i 1 wnk:fhnktg;tlm (4.9)
As in IVA [70] and ILRMA [28], the IP rules of Q/ are given by
1 T
Vin & o P (4.10)
t=1
Afm < (QfVim) 'em, (4.11)
Afm (q;'memem)_%qu, 4.12)

where e,, is a one-hot vector whose m-th element is 1. The diagonalizer Q;
is estimated such that the M components of {Qx ft}i’tT: , become independent.
In ILRMA under a determined condition (N = M), a demixing matrix Dy is
estimated such that the M sources of {D ;x ft}i . become independent. Therefore,
Q; and Dy are estimated in almost the same way, and expected to play a similar
role.

To satisfy the normalization constraints given by Egs. (4.4), (4.5), and (4.6),

we adjust the scales of Q, G, and W in this order in each iteration as follows:

1
m < [ Qfm,
Hm = AfmGpm, {?f HmAs (4.13)
9nfm — ,ufmgnfm>
M ~ 1~
~ gnfm — ¢n gnfma
Grf =Y Tnfm, f (4.14)
m=1 wnkf — ¢nfU}nkf7
F W — v lw
A nkf nk Ynkf
Unk — wnkf, (415)
; {hnkt — Vnkhnk:t-

4.2.3 Separation

To estimate the source images xy,, € C", we use a Wiener filtering given by

E[xfmn|xp =Y meJItlx 71, which can be rewritten using Eq. (4.1) as follows:

EXsenlxse) = Y Y5, xp

e AfnEnf
— Q:'Diag (— Qxi. (4.16)
/ Su Ajenng )
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Figure 4.2: The jointly-diagonalizable full-rank spatial model.

4.2.4 Interpretation of Jointly-Diagonalizable Spatial Model

This section discusses the roles of the diagonalizer Q and the diagonal elements
G, which were originally introduced for reducing the computational cost. The

joint-diagonalization constraint given by Eq. (4.1) can be rewritten as

M
G = UyDiag(&,/)UY = > Gupmttymul,,, (4.17)

m=1
where Uy £ [uyy, - -+, upy] € CM*M is a non-singular matrix given by Uy = Q.

Eq. (4.17) means that G, is given as the weighted sum of M rank-1 matrices
{Ufm £ upput! 12, where the weights are given by 8.7 = {Gnsm i, (Fig. 4.3).
The number of non-zero elements of g, ; represents the rank of G, .

We clarify how the JD full-rank model relates to the rank-1 spatial model under
a determined condition (N = M). If g,y = e,, G, s is a rank-1 matrix, and the
log-likelihood function of FastMNMF]1 given by Eq. (4.3) reduces to that of ILRMA
given by Eq. (3.46), where Q; = Dy (Uy = Ay) and G = >, AftnGnfm = Aftm.
This means the JD full-rank spatial model includes the rank-1 spatial model as
its special case. Therefore, each uy,, is related to the steering vector of a certain
direction, and this is experimentally confirmed in Section 4.7.1. If g,; # e,,
g, is considered to represent the weights of M directions for source n. Unlike

the rank-1 spatial model, the JD full-rank spatial model is applicable to an
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underdetermined condition (/N > M), but does not work well in practice because
at most M directions can be covered.

We clarify the interpretation of the JD full-rank spatial model under an
overdetermined condition (/N < M). Assuming that the reverberation is longer
than the window size of short-time Fourier transform (STFT), the image of source
n, denoted by x,, 1, is written by explicitly representing the early reflection with
a moving average (MA) model as follows:

L-1

Xnft = AnfoSnft + Z A f1Sn, fi—1s (4.18)
=1

where L is the length of the impulse response and a,, f; is the STFT coefficients of
the impulse response of source n at frequency f and time /. When s, 1, follows a

circularly-symmetric complex Gaussian distribution, x,, ;; also follows a Gaussian

distribution given by
L-1
Xt ~ Nc <0M> Z )\n,f,tlanfla:jfl) (4.19)
1=0
L1y )
= Nc <0M, At Y %‘lanﬂagfl) = Ne (01, MisiGnge) (4.20)
1=0 nft

~ A L—-1 An,f,t—l H Ay L—1 H . . .
where G,y = >, S anpan, = Yo Qnpudnfid,p s a time-varying SCM.

Comparing G,y = Zn]\le GnfmUpmuy, and Gt ~ Zf;ol O fuBn 1)), Uy, 18
considered to play a similar role as a,, ;. Since the vectors {uy,,}»’_, are shared
over N sources in the JD spatial model, they typically consist of the steering
vectors {a, o}, of the direct paths from source directions and some impulse
responses a,, r;~ of the predominant reflection paths.

Each source n (e.g., target, noise, or reverberation) is softly associated with the
vectors {u;,, }2_, according to G £ {g,;})_, at each frequency f. When only
directional sources exist without any noise and reverberation, the advantage of
the JD full-rank spatial model is limited because each source n would be hardly
associated with one of {u;,,}}/_, as in the rank-1 spatial model. The JD full-rank
spatial model is advantageous when adverse non-directional (diffuse) noise and

reverberations of non-target sources partially come from the same direction as
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Figure 4.3: Interpretation of the jointly-diagonalizable full-rank spatial model
with M =3 and N = 2.

target sources. Even under such a condition, FastMNMEF can extract a target
sound only by suppressing the interfering sounds of the same direction, because
Uy, can be shared over multiple sources. In Section 4.7.7, this advantage was

shown experimentally.

43 MNMF with a Weight-Shared Jointly-
Diagonalizable Spatial Model (FastMNMF2)

We formulate the probabilistic model of FastMNMEFE2 based on the weight-shared
version of the JD full-rank spatial model and then derive a modified parameter

estimation algorithm.

4.3.1 Formulation

To further reduce the degree of freedom of the JD spatial model, we propose to
make the weights g, ; of FastMNMF]1 consistent over all frequency bins in light
of discussions described in Section 4.2.4. More specifically, Egs. (4.1) and (4.17)

are replaced with

M
¥n Gy = Q) 'Diag(8,)Q;" = Y Gumupmul,, (4.21)

m=1
where g, £ [Gu1, - - -, Jum] € RY is a frequency-invariant nonnegative vector. We

refer to this model as the weight-shared jointly-diagonalizable (W]D) full-rank
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spatial model. Because g, is estimated by taking all frequency bins into account,
the permutation problem is expected to be mitigated, resulting in performance
improvement from FastMNMF1.

Substituting Eq. (4.21) into Eq. (1.6), the log-likelihood function of the param-
eters W, H, G = {g,}_,, and Q is given by

FT N
logp(X|W,H,G,Q) = ) _ log N¢ <Xft 0, Ameleiag(én)QfH>
n=1

fit=1

FTM /o F
=— Z (thm + loggftm> +TZIOg 1Q,Q| + const,
ftm=1 N Yftm =1

(4.22)

where 7 f;,, = q", x5 |* and G £ > e Wak f Rkt G-

To avoid the scale ambiguity, we put the normalization constraints given by
Eq. (4.6) and

M
> Gum =1, (4.23)
m=1

tr (Q,QY) = M. (4.24)

FastMNME?2 is a special case of FastMNMF1, and ILRMA is a special case of
FastMNMEF2. The numbers of parameters of MNMEF, FastMNMF1, FastMNMEF2,
and ILRMA for SCMs are FNM (M +1)/2, FM?+ FNM, FM?+ NM,and F M?,
respectively. The computational times, convergence speeds, and performances of
these methods with different values of N, M, K, and F are evaluated in Sections

4.7.3 and 4.7 4.

4.3.2 Optimization

The parameters W, H, G, and Q are updated in the same way as FastMNMF1.
The MU update rules for W, H, and G are given by

T M h ~ ~ ~_9
Zt,mzl nktgnmwftmyftm
T M ~ ~—1
t;m=1 hnktgnm?/ftm

Wnkf < Wk , (4.25)
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M w et G fem s

m=1 WnkfYnmL ftmY ¢4

hnkt — hnkt fmFJV[ ~ ~_1f m, (426)
Zf,mzl wnkfgnmyftm

-2

- - Wik hnkx my m

Grm 4 Gnm S a1 nkthoied ron s . (4.27)
S e Wk M

Qy is updated in the same way as FastMNMF1 using Eq. (4.11). To satisfy the
normalization constraints given by Egs. (4.6), (4.23), and (4.24), we adjust the

scales of Q, G, and W in this order in each iteration by using

s 1 ;3
Py = Mtr(QfQ?% {Qf 1y (4.28)

Wkt < M}lwnsz,

>

(4.29)

M - 1~
~ gnm — gbn gnm7
On Gnms {

Wnkf — ¢nwnkfa

m=1

and Eq. (4.15).

4.3.3 Connection to Direction-Aware MNMF

FastMNMEF2 has a connection to direction-aware MNMF [81,82,146] based on a

factorizable full-rank spatial model given by

D
Gy =Y ZnaRya; (4.30)

where D is the number of possible directions taken into account, R s, is the SCM
of direction d at frequency f, and z,, is the weight of direction d for source n.
Similarly to Eq. (4.21), Eq. (4.30) represents G,,; as the weighted sum of basis
SCMs, and the weights are shared over all frequency bins. A difference is that
direction-aware MNMEF can be used only under a non-blind condition; only the
magnitude part of Ry, is estimated, while the phase part of Ry, is fixed to that
of the geometrically-computed SCM of direction d at frequency f. This method

thus tends to fail in an unseen acoustic environment.
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44 FastMNMF with a Deep Speech prior
(FastMNMF-DSP)

FastMNMF-DSP can be derived by replacing NMF-based source model for one
of sources with DNN-based speech model as in MNMEF-DSP. Here we mainly
discuss FastMNMF1-DSP because FastMNMEF2-DSP can be derived in almost the

same way.

4.4.1 Formulation

We assume that the observed signals include only one speech and N’ (£ N — 1)
noise (N sources in total), and source 0 corresponds to speech and source

n (1 < n < N') corresponds to noise. Now {\,;:}, are given as follows:
usvilog(z)ly  (n=0),

K

4.31
ankfhnkt (1<n<N). (4.31)
=1

)\nft =

The log-likelihood function of FastMNMF1-DSP log p(X|W,H, U, V., Z, G,Q)is
obtained by substituting 7 i, = wrvi[og(z)] rdorm + ZQL > szl Wk f Mokt G INEO
Eq. (4.3). To avoid the scale ambiguity, we put the normalization constraints
given by Egs. (4.4), (4.5), and (4.6) and

F
> up=1 (4.32)
f=1

For FastMNMF2-DSP, the normalization constraints are given by Egs. (4.6), (4.23),
(4.24), and (4.32).

4.4.2 Optimization

To update the latent variables Z included in Eq. (4.31), we use Metropolis
sampling. A proposal z}*" ~ N (z', el) is accepted with probability min (1,~;),
where v, is given by

F.M

IOg v = — Z '%ftm . jjftm
o \wrolog (@) rdom + Giimt upvilog(22)] rdosm + Uion
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) ] ~noise

r9ofm + Ypim

B Z log upv[og(z]
o upulog(z °ld)]f90fm+y}‘?2‘e’

(4.33)

where g9 LN N #tGnfm- As in the NMF-based source model, the MU rules

n=1
of U and V are given by
T,M 2 ~ ~ ~—2
vlog(z m ftm U pim
wp — uy tmle\/[t[ 6(z0)] G0 rm i Yyt ’ (4.34)

tone1 Utlo5(20)] G0 rm Ui,

welo2(2) 100 tm el 12
v v, me 1 f[ 9( t)]ngf It yftm' (435)

S uplo3(20)] rGosm T rim

W, H, G, and Q are updated in the same way as FastMNMF1 using Eqgs. (4.7),
(4.8), (4.9), and (4.11).

To satisty the normalization constraints given by Egs. (4.4), (4.5), (4.6), and
(4.32), we adjust the scales of Q, G, U, and W in this order in each iteration by

using

_1
m S Mg A fms
pm 2 A, § M Hm s (4.36)

g 2D Gupms 4 s = Srguy, (4.37)
=1 Wnif & Onpwnry (1 <n < N'),

F -1
G uy, UV (4.38)
f=1 Vg < ¢Ut>
and Eq. (4.15). In FastMNMF2-DSP, we adjust the scale by using

1
, 1 W Qremar
e = 57 QrQy), up - pyptyy, (4.39)
( Wnkf < N;lwnkfa
(G 4= 63" Gum:
G0 2 Gum, up < drug, (4.40)
= (Wnky < GnWnry (1 <n < N),

and Egs. (4.38) and (4.15).
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4.5 Initialization

We explain four parameter initialization methods for FastMNMEF, i.e., random,
diagonal, circular, and gradual initialization methods. The parameters W and
H of the low-rank source model are initialized randomly and the parameters
G and Q of the JD full-rank spatial model are initialized with one of the four
methods. As experimentally shown in Section 4.7.5, the gradual initialization
method works best in practice. We here consider an (over)determined condition
(N < M), which is considered to be practically important, and discuss only
FastMNMF1 because FastMNMF2 can be initialized in the same way.

4.5.1 Random Initialization

In the random initialization method, the diagonalizer Q is initialized to an iden-
tity matrix and g, is initialized randomly. Although FastMNMF is considered
to be less sensitive to the initialization than MNMF because of the restricted
model complexity, FastMNMEF is still more likely to get stuck in bad local optima
than ILRMA (constrained version of FastMNMF), when the random initialization

method is used.

4.5.2 Diagonal Initialization

Inspired by the relation between FastMNMF1 and ILRMA discussed in Sec-

tion 4.2.4, in the diagonal initialization method, Qy is initialized to an identity

matrix and g.; € RV*M s initialized to a pseudo-diagonal matrix as follows:
1 e € € €
~ e 1 ... € € € ...
8:f = T ’ (4.41)
€ € 1 € ¢

where “:’ indicates a set of all indices and ¢ is a small number (e.g., ¢ = 1072).
Under a determined condition (N = M), g.; is a square matrix close to an identity
matrix. Although g, ; is updated iteratively, FastMNMF1 starting with g,,; ~ e,

is expected to work as stably as ILRMA with g,,; = e,. Under an overdetermined
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condition (N < M), however, the pseudo-demixing filters {qy, }5_ v, work
ineffectively in the early iterations because the weights {g,sm }5_y., of each
source n are small, i.e., at most only NV possible directions can be considered
for N sources. In fact, we found that overdetermined FastMNMF1 with M
microphones is comparable with determined FastMNMF]1 using only the first V

microphones, when the diagonal initialization method is used.

4.5.3 Circular Initialization

To solve the potential problem of the diagonal initialization under an overdeter-
mined condition, in the circular initialization method, Q; is set to an identity

matrix and g.; € RV*M s set to a pseudo-circulant matrix as follows:

1 e ... € 1 €

~ e 1 ... e e 1 ...

8:f = A ’ (4.42)
e € ... 1 € €

In this case, M possible directions are considered for NV sources even in the early

iterations.

4.5.4 Gradual Initialization

We define the gradual initialization method as follows: Inspired by the stable
behavior of ILRMA with K = 2, FastMNMF1 with K = 2 is initialized by the
circular initialization method. After updating W, H, Q, and G 50 times, K is
increased to a larger number and only W and H are reset to random values. This
method was found to work stably among several possible implementations of
gradual initialization.

In an overdetermined case (Nyy < M), for example, another option is to
tirst use determined FastMNMF1 (N = M) with K = 2 assuming the presence
of N — Nuye extra sources (noise or reverberation), where Ny, represents the
number of true sources. After updating W, H, Q, and G 50 times, K is set to a
larger number and W and H are reset to random values. To obtaing.; € RNtruexM

one needs to select Ny, rows from the estimated g.; € RV, Although this
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could be done as in rank-constrained FastMNMEF (Section 4.6.1), wrong selection
degrades the separation performance. This option was thus not used in our

experiment.

4.6 FastMNMF with a Rank-Constrained Spatial
Model (RC-FastMNMF)

We propose rank-constrained FastMNMEF, a special case of FastMNMF that
enables us to explicitly specify the rank of the SCMs {G,,s}/_, of each source
n according to its directivity. We here discuss rank-constrained FastMNMF1
because rank-constrained FastMNMEF2 can be derived straightforwardly. As
discussed in Section 4.2.4, the number of non-zero elements of g, ; indicates the
rank of G,; in the JD full-rank spatial model. In the MU rule given by Eq. (4.9),
once some elements of g, ; are set to zero, they are kept to zero. Rank-constrained
FastMNMF1 can thus be obtained by initializing a specified number of elements
of g, to zero, where the dimensions of those elements should be selected
carefully for each source n according to the surrounding acoustic environment.
Typically, g, is initialized to a one-hot or all-one vector for a directional or diffuse
sound, respectively. We explain how to initialize rank-constrained FastMNMF1
for source enhancement or separation, where one or more directional sources

(e.g., speakers) exist with diffuse noise, respectively.

4.6.1 Source Separation

Suppose that there are L directional sources (target) and N — L diffuse sources
(noise). First, Q is initialized with the gradual initialization method described
in Section 4.5.4. Since Qy is a pseudo-demixing matrix at frequency f, the
spectrogram of component m is given by {Z,, = q;'mxft}i’tT: .- Using the
projection-back method [39] for solving the scale ambiguity of each component,
the image of component m is given by {u sy, & ftm}lfmf A, where uj,, (column

vectors of Q' = Uy) is a pseudo-steering vector of component m at frequency f.
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Let v,, be the maximum frame-wise power of component m, ie.,

F.M

U 2 max Z |ufmm/q?mxft|2. (4.43)
f7m/:1

The component indices (1 < m < M) are then sorted in a descending order
with respect to the significance {v,,}2’_, and the M rows of Q; are permuted
accordingly. Assuming that the top L components correspond to the target
(L <N < M), {8ns}:_, and {g.s}Y ., are initialized to one-hot and all-one

vectors, respectively, as follows:

10 ...0 0
01 ...0 0

&= 0 1 0 (4.44)
11 ... 1 1
11 ... 1 1

4.6.2 Source Enhancement

Source enhancement is equivalent to source separation with L = 1. Assuming that
the target source is predominant in the mixture, the pseudo-steering vectors uy,
and {uy,, }_, are initialized to the most principal and the remaining eigenvectors
of the empirical SCM given by >, X, respectively. Then, Q is initialized with
the gradual initialization method described in Section 4.5.4. The subsequent part
is the same as source separation.

The key feature of rank-constrained FastMNMEF is that the rank-1 SCMs of L
directional target sources and the full-rank SCMs of N — L diffuse noise sources
are estimated jointly, where NN is an arbitrary number and the noise sources are
assumed to exist on M directions including the target directions. When ILRMA
is used, in contrast, M directional sources are assumed to exclusively exist on M
directions, resulting in L rank-1 target SCMs and a rank-(M — L) noise SCM. An
additional step is thus required for recovering the full-rank noise SCM [79]. The
superiority of rank-constrained FastMNMEF in speech enhancement and source

separation is experimentally validated in Sections 4.7.7 and 4.7.8.
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4.7 Evaluation

This section reports comparative experiments conducted for evaluating the
effectiveness of FastMNMF. First, we investigated the interpretation of the
joint diagonalization constraint described in Section 4.2.4. Second, we com-
pared the separation performances and computational efficiencies of FastMNME,
ILRMA [28], and MNMF [27] for speech separation while the theoretical com-
plexities of these methods are given in Section 4.3.1. To draw the full potential of
FastMNMF, we comprehensively investigated the configuration of N, M, K, and
F and compared the four initialization methods described in Section 4.5. Finally,
we tested rank-constrained FastMNMEF for speech enhancement and separation
as described in Section 4.6. Through all experiments, audio signals were sampled
at 16 kHz and processed by STFT with a shifting interval of 512 points and a

Hann window of 2048 points (£’ = 1025), unless otherwise noted.

4.7.1 Validation of Directivity Awareness

We validated our hypothesis that g,; indicates the weights of M directions
for source n. If this is true, some column vectors of Uy = Q;l estimated by
FastMNMF would coincide with the steering vectors of source directions because

Uy can be regarded as a pseudo-mixing matrix.

Experimental Conditions

We investigated a determined case (N = M = 2) and an overdetermined case
(N = 2, M = 4), where the sources and microphones were located as depicted in
Fig. 4.4(a) and only the upper two microphones were used in the determined
case. Using Pyroomacoustics library [147], we simulated the steering vectors
{ajq € CM}L | of equally-spanned directions (azimuths; D = 72) with the
reverberation time of RTgy = 100 ms. We made an M -channel mixture signal of
6.9 seconds by spatially mixing two speech signals (N = 2) randomly selected
from the WSJ-0 corpus [140] with the steering vectors as; and af3 corresponding

to the source directions (0 and 60 degrees).
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Figure 4.4: The Euclidean distances between the estimated pseudo-steering

vectors {uy,, }2_, of M directions and the ground-truth steering vectors {az}2_,
of all possible D directions accumulated over all frequency bins.

FastMNMF1 with the circular initialization method and K = 16 was used
for estimating the pseudo-demixing matrix Q; = U} ". The Euclidean distances
between each pseudo-steering vector uy,, (the m-th column vector of Uy) and
the true steering vectors {as;}}_, were computed at each frequency f and the
average distance was computed over all frequency bins. Note that all vectors
were normalized in advance such that the L2 norm of each vector is equal to 1

and the phase of the first channel was equal to zero.

Experimental Results

As shown in Fig. 4.4(b), when N = M = 2, we observed the expected corre-
spondence, i.e., the estimated result of uy; was closest to asi3 (60 degree) and
that of uy, was closest to ay; (0 degrees). Note that the estimated result of uy

was also closest to a1 (300 degrees) because of the front-back ambiguity of the
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straight-shape microphone array. We also confirmed that the estimated result
of g1 was close to [1,¢]" and that of go; was close to [¢, 1]T, where € indicates
a small value. As shown in Fig. 4.4(c), when N = 2 and M = 4, we found the
estimated result of uy; was closest to a3 (60 degrees) and that of uy, was closest
to as; (0 degree), and those of uy; and uy,, which did not correspond to any of
{asq} |, were considered to represent the reverberation of the two sources. In
fact, the estimated result of g;; was close to [¢, €, 1, ¢]T and that of g,y was close
to [, €,¢,1]T, and they indicated the large weights of the two clear directions
(the third and fourth dimensions corresponding to 60 and 0 degrees) and the
small weights of the two vague directions (the first and second dimensions corre-
sponding to the reverberation). This result clearly supports our hypothesis on
the directivity awareness of FastMNMF1 and justify the inter-frequency weight
sharing of FastMNMEF2.

4.7.2 Basic Configurations for Speech Separation

We compared the separation performances and computational efficiencies of
FastMNMEF, ILRMA [28], and MNMF [27] in a speech separation task. We
randomly selected 100 simulated echoic three-speaker mixture signals (Ngye =
3, M = 8) from the evaluation dataset of spatialized WSJ0-mix [144], where the
positions of sources and microphones had been randomly determined for each
mixture. The average SDR of the input mixture signals (the first channel) was —3.1
dB. FastMNMF and MNMF were directly tested with the overdetermined setting
(N =3, M = 8). Inaddition, all methods were tested with the determined setting
(N = M = 8). For evaluation, N, sources were selected from N estimated
sources in a retrospective manner such that the SDR was maximized. Although
this strategy was advantageous for the determined setting, we aimed to eliminate
the impact of an arbitrary selection method and show the maximum potential
of determined BSS methods including ILRMA. For the low-rank source model,
K € {2,4,16,64,256} was used, and W and H were initialized randomly.
FastMNMF was initialized with the circular or gradual initialization methods
(Sections 4.5.3 and 4.5.4). For ILRMA, the demixing matrices D were initialized

79



CHAPTER 4. FAST MULTICHANNEL SPEECH SEPARATION BASED ON A

JOINTLY-DIAGONALIZABLE SPATIAL MODEL

Table 4.1: Elapsed times [sec] per iteration for processing 8ch signals of 10 [sec]
on CPU (Intel Xeon W-2145 3.70 GHz).

Method

ILRMA

FastMNMF1

FastMNMF2

MNMF

# of bases

K

2 | 4 [ 16 | 64 [ 256

2 | 4 [ 16 ] 64 [ 256

2 | 4 [ 16 | 64 [ 256

# of
sources N

3

8

2 | 4 [16 | 64 [ 256

141 143 156 222 4.87

1.61 1.60 1.69 2.02 3.47
2.09 213 235 3.23 6.89

1.58 1.60 1.65 199 3.39
2.04 211 231 3.18 6.90

21.7 21.7 218 221 237
30.0 30.1 303 311 35.0

to identity matrices. Alternatively, ILRMA was initialized with the gradual
initialization method because it was a special case of FastMNMF. For MNMF,
the SCMs G were initialized to identity matrices. Alternatively, MNMF was
initialized with ILRMA, i.e., the SCM of each dominant source n (1 < n < Niye)
was given by G,; = ansall; + eI, where a,; is a steering vector such that
As £ [ay,...,ays] = D' and € = 107% is a small number to make G a full-rank
matrix. In all methods, the total number of iterations (including 50 iterations for
initial FastMNMF with K = 2 in the gradual initialization method or 50 iterations
for ILRMA in the initialization of MINMF) was set to 200.

The signal-to-distortion ratio (SDR) [136, 137] was used for evaluating the
separation performance. To investigate the convergence speed of each method,
the SDR evolution was monitored. The elapsed time per iteration for processing

a 10-s mixture signal was measured on Intel Xeon W-2145 (3.70 GHz).

4.7.3 Comparison of FastMNMF with ILRMA and MNMF

Table 4.1 lists the elapsed times per iteration. There was no significant difference
between FastMNMF1 and FastMNMEF2. FastMNMF was more than 10 or 5
times faster than MNMEF for K = 2 or K = 256, respectively. An interesting
finding was that ILRMA with N = 8 was 1.5 times faster than FastMNMF
with N = 8 regardless of K, but was almost as fast as FastMNMF with N = 3.
Especially, FastMNMF with N = 3 with larger K tended to be faster than ILRMA.
This indicates the effectiveness of considering only N, sources for saving the
computational cost under an overdetermined condition (N < M).

Fig. 4.5 shows the SDR evolutions of FastMNMEF, ILRMA, and MNMF averaged
over the 100 mixtures, and Fig. 4.6 shows the evolutions of the log-likelihoods,

which is the objective function for the parameter estimation. In FastMNMF
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and ILRMA with larger K, which did not necessarily work better, the SDRs
converged faster, whereas the log-likelihoods converged slower. In ILRMA,
among all the parameters, only the time-invariant demixing matrices were used
for source separation based on Wiener filtering. The faster SDR convergence
indicates that the demixing matrices got stuck at local optima within several tens
of iterations, and the slower log-likelihood convergence indicates that only the
NMF parameters W and H were updated continuously. In FastMNME, although
Wiener filtering was affected by all the parameters, the diagonalizers Q, which
had a similar role as the demixing matrices of ILRMA, are considered to be
particularly important for separation performance. The convergence results
indicate that Q got stuck at local optima quickly, and W, H, and G were updated
continuously, as observed in ILRMA. Comparing the SDRs and log-likelihoods
of the determined and overdetermined configurations of FastMNMEF, the same
problem occurred in the determined configurations. A possible reason why the
demixing filters and the diagonalizers Q easily got stuck at local optima was
that §sim £ Y, WkshnktGnm tended to overfit s, = |qff, x5|* before Q was
sufficiently optimized because of the richer expressive power of NTF with larger
K or N.

While FastMNMF]1 achieved higher log-likelihoods than FastMNMEF2, FastM-
NMF2 achieved better SDRs than FastMNMF1, especially for K = 2,4. The
higher log-likelihoods of FastMNMF1 were reasonable because in general, a
probabilistic model with a higher degree of freedom can achieve a higher like-
lihood in maximum likelihood estimation. To investigate the characteristics of
FastMNMF1, we fully optimized W, H, G, and Q until convergence via FastM-
NME2 with 200 iterations and then further optimized them via FastMNMF1 with
200 iterations As shown in Fig. 4.5 and Fig. 4.6, the log-likelihoods restarted to
increase when FastMNMF1 switched to FastMNMF2 as expected theoretically,
especially for smaller &. On the other hand, the SDRs started to decrease for
K = 2, otherwise remained unchanged. This indicates that higher log-likelihoods
did not always mean higher SDRs in FastMNMF1, probably because physically-

inconsistent parameters can fit more precisely the observed data and give higher
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log-likelihoods. Note that the global optimum of FastMNMF]1 is not always
included in the parameter space of FastMNMF2. Nonetheless, the experimental
fact that FastMINMEF?2 stably achieved better SDRs than FastMNMF1 indicates
that the direction-weight sharing over all frequency bins effectively eliminates
physically-inconsistent parameters from the solution space of FastMNMEF2 and
improved the consistency between SDRs and log-likelihoods.

In terms of the SDR, FastMNMF2 worked best for K = 2, 4, whereas FastM-
NMF1 worked best for X' = 16. Note that the model complexities of FastMNMF1
and FastMNMF2 are relatively closer to those of MNMF and ILRMA, respectively
(Fig. 4.1). Because even the excessively low-rank PSDs of the source model
gave useful clues for estimating the constrained SCMs, FastMNMEF2 and ILRMA
worked better for smaller K. Because the precise estimate of source PSDs is
required for estimating the SCMs with higher degrees of freedom, FastMNMF1
and MNMF tended to work better for larger K. The separation performance,

however, was limited because of the insufficient optimization of Q.

4.7.4 Comparison of Model Complexities for FastMNMF

In the speech separation task, we comprehensively investigated the SDRs and
log-likelihoods obtained by FastMNMF with different complexities. Specif-
ically, we tested FastMNMF with N € {3,4,8} sources, M € {3,4,8} mi-
crophones (N = M or N = Ny = 3), K € {2,4,16,64,256} bases, and
F € {129,257,513,1025, 2049} bins, where STFT with a Hann window of 2(F' — 1)
points and a shifting interval of (F' — 1)/2 points was used. In a determined
setting, Ny, sources were selected from N estimated sources for evaluation, as
noted in Section 4.7.2. To draw the full potential of FastMNME, it was initialized
with the gradual initialization method described in Section 4.5.4.

Figs.4.7(a) and 4.7(b) show the SDRs of FastMNMF1 and FastMNME?2 averaged
over the 100 mixtures, respectively, and Fig. 4.7(c) shows the gaps. FastMNMEF2
with N =3, M =8, K = 64, and F' = 1025 attained the best SDR (10.2 dB). For
K € {64,256}, FastMNMF2 achieved higher log-likelihoods than FastMNMF1 in
all cases except for M = 8 and N = 3. This means that FastMNMF1 got stuck
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Figure 4.7: The average SDRs obtained by FastMNMF1 and FastMNMF2 with
gradual initialization.

at local optima because the parameter space of FastMNMF1 includes that of
FastMNME?2 and the log-likelihood at the global optimum of FastMNMFT1 is the
same as or better than that of FastMNME?2.

Figs. 4.8(a) and 4.8(b) show the log-likelihoods of FastMNMF1 and FastM-
NMF2 averaged over the 100 mixtures, respectively, and Fig. 4.7(c) shows the gaps.
For K € {2,4,16}, FastMNMF2 had lower log-likelihoods, but achieved higher
SDRs than FastMNMF1 in almost all settings. For larger M and F', FastMNMEF2
tended to outperform FastMNMF1 by a larger margin. Since the spatial models
of FastMNMF1 and FastMNMF2 have FM?+ FNM and FM?+ N M parameters,

respectively, the solution space of FastMNMF1 become increasingly wider than
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(c) Log-likelihood gaps between FastMNMF1 and FastMNMEF?2 (positive values indicate
the superiority of FastMNMF2).

Figure 4.8: The average log-likelihoods obtained by FastMNMF1 and FastMNMEF2
with gradual initialization.

that of FastMNMEF2 as M and F increase. This makes FastMNMF1 easy to get

stuck at physically-inconsistent local optima, as discussed in Section 4.7.3.

4.7.5 Comparison of Initialization Methods for FastMNMF

In the speech separation task, we further investigated the SDRs obtained by
FastMNMF with the random, diagonal, circular, and gradual initialization
methods described in Section 4.5. The model complexities were set to N = 3,
M =8, K € {2,4,16,64,256}, and F = 1025.

Fig. 4.9 shows the average SDRs over the 100 mixtures. FastMNMF2 with
K = 64 and the gradual initialization method achieved the highest SDR (10.2
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Figure 4.9: SDRs obtained by FastMNMEF with the four initialization methods.

dB). For any K, FastMNMF1 with the circular initialization method significantly
outperformed FastMNMF1 with the random or diagonal initialization method.
The same can be said for FastMNMF2. While FastMNMF2 with the circular
initialization method worked better for smaller K, FastMNMF2 with the gradual
initialization method worked better for larger K. This indicates that FastMNMF2
with K = 2 was effectively used for mitigating the initialization sensitivity of

FastMNMF2 with larger K in the gradual initialization method.

4.7.6 Comparison with State-of-the-Art BSS Methods

We compared the proposed FastMNMF with the IP method and another FastM-
NMEF with the FPI method (FastMNMF1-FPI [44] and FastMNMEF2-FPI). We also
tested ILRMA with the component clustering mechanism [78], where ILRMA
with M = 8 was used for estimating M components that were hardly clustered
to N = 4 sources in advance (P = 2 components each). Moreover, we tested
the soft-clustering version of [78] called two-step FastMNMEF that fixes Q; to D¢
estimated with ILRMA and estimates only W, H, and G.

Fig. 4.10 shows the average SDRs, SIRs, and SARs over the 100 mixtures.
Because these three measures were consistent, we henceforth focus on the
SDRs only. FastMNMEF2 (10.2 dB) outperformed two-step FastMNMF1 (9.1
dB), two-step FastMNME?2 (7.8 dB), and ILRMA with the clustering mechanism
(6.8 dB). This indicates that Q estimated by ILRMA was not optimal under the
overdetermined condition and that the joint component separation and clustering
was effective for improving the performance. A reason why two-step FastMNMF1
outperformed two-step FastMNMEF2 was that when Q was fixed to one estimated

by ILRMA, there was more room for performance improvement in FastMNMF1
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Figure 4.11: The evolutions of the average log-likelihoods obtained by FastM-
NMF1, FastMNMEF2, FastMNMF1-FPI, and FastMNMEF2-FPI with the circular

initialization.
with a higher degree of freedom in the subsequent step.

Comparing FastMNMF with FastMNMF-FPI, FastMNMF1-FPI (7.9 dB) per-
formed slightly better than FastMNMF1 (7.4 dB), while FastMNMF2-FPI failed
in all cases (1.1 dB). Fig. 4.11 shows the evolutions of the average log-likelihoods
obtained by FastMNMF and FastMNMEF-FPI with the circular initialization. The
log-likelihoods of FastMNMF1 were almost the same as those of FastMNMF1-FPI
and higher than those of FastMNMEF2 because FastMNMF1 has larger model com-
plexity than FastMNMEF2. While the log-likelihoods of FastMNMF1, FastMNMF1-
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FPI, and FastMNMEF?2 increased monotonically, those of FastMNMF2-FPI tended

to decrease because the FPI method has no guarantee to increase the likelihood.

4.7.7 RC-FastMNMF for Speech Enhancement

We evaluated the effectiveness of rank-constrained FastMNMEF in speech enhance-

ment.

Experimental Conditions

We used the evaluation dataset of CHiME3 [135], which contains 1320 noisy
speech signals simulated for a tablet with six microphones in four types of noisy
environments: bus (BUS), cafe (CAF), pedestrian area (PED), and street junction
(STR). 25 utterances were selected randomly for each environment (100 utterances
in total). The average SDR of the input noisy signals (the fifth channel) was 7.5
dB. M = 5 channels excluding the second channel behind the tablet were used
and N = 5 sources (one speech source and four noise sources) were assumed to
exist. In this experiment, STFT with a shifting interval of 256 points and a Hann
window of 1024 points was used (F' = 513).

We evaluated the rank-constrained FastMNMEF, named RC-FastMNMF; )
(Section 4.6.2), where the SCMs of source 1 (directional speech) were restricted to
rank-1 matrices and those of sourcen € {2,--- , N} (diffuse noise) were left as full-
rank matrices. For comparison, we tested RC-FastMNMEF; ;,_;) with the rank-1
SCMs of source 1 and the rank-(AM — 1) SCMs of source n € {2,--- , N} obtained
by initializing g,>2); with [0,1,...,1]. We also tested a speech enhancement
method based on ILRMA [79]. Specifically, the rank-1 SCMs of speech and the
rank-(M/ — 1) SCMs of noise were estimated with ILRMA and the missing rank-1
SCMs of noise and the PSDs of speech and noise were then estimated in an
independent step. In addition, we tested two-step RC-FastMNMEF, where Q was
estimated with ILRMA and W, H, and G were then estimated (Section 4.2.4).
Note that [79] is similar to two-step RC-FastMNMF1. A main difference is that
in [79] an inverse gamma prior distribution with a shape of 0.7 and a scale of

107! was put on the speech PSDs. These methods have the same advantage that
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Figure 4.12: SDRs, SIRs, and SARs obtained by RC-FastMNMEF, FastMNMEF,
ILRMA, and MNMF in speech enhancement.

the rank of the SCMs of each source can be specified explicitly according to its
directivity.

As general-purpose BSS methods, we tested vanilla FastMNMF with the
gradual initialization method, MNMF with ILRMA-based initialization, and
ILRMA with the diagonal or gradual initialization method. For evaluation, the
most dominant source in terms of the average power was selected as target speech

from N estimated sources.

Experimental Results

Fig. 4.12 shows the SDRs, SIRs, and SARs of the compared methods averaged
over the 100 utterances. In almost all versions of rank-constrained FastMNMTEF,
the SDRs and SARs were maximized when K = 16, and the SIRs were maxi-
mized when K = 2. RC-FastMNMF2, ) achieved the highest SDR (17.8 dB)
and outperformed RC-FastMNMEF2; ;,_1) (15.6 dB) and ILRMA with K = 16
and the gradual initialization method (15.8 dB). Similarly, RC-FastMNMF1; ;)
(17.2 dB) outperformed RC-FastMNMF1; ;1) (15.2 dB). This indicates that
the full-rankness of the noise SCMs was important for speech enhancement.
RC-FastMNMF2; ) outperformed vanilla FastMNMF2 with K = 4 and the
gradual initialization method (17.3 dB). When g,, of each source n was initialized

to a one-hot-like vector, the noise SCMs estimated by FastMNMF2 were often
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Figure 4.13: SDRs, SIRs, and SARs obtained by RC-FastMNMEF-DSP and
FastMNMF-DSP in speech enhancement.

close to rank-deficient matrices. RC-FastMNMF2, ;) outperformed two-step
RC-FastMNMF1 with K = 16 (17.3 dB) and two-step RC-FastMNMF2 with K = 4
(16.8 dB). This indicates the importance of jointly estimating Q, W, H, and G, as
reported in Section 4.7.6.

We also evaluated FastMNMF-DSP (Section 4.4) with sampling and backprop-
agation algorithms for estimating latent variables and their rank-constrained
variants called RC-FastMNME-DSP. The deep speech generative model was
trained in the same way as the experiment in Section 3.5. Fig. 4.13 shows the
SDRs, SIRs, and SARs of these methods. RC-FastMNMEF2-DSP with K = 16 and
sampling algorithm achieved the highest SDR (19.2 dB), and RC-FastMNMF1-
DSP with K = 4 or K = 16 and sampling algorithm achieved almost the same
performance (19.1 dB). Because of the powerful speech model, even the methods

based on FastMNMF1 was able to avoid bad local optima.

4.7.8 RC-FastMNMF for Speech Separation

We evaluated the effectiveness of rank-constrained FastMNMEF in speech separa-

tion using a dataset recorded in a real environment.
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Figure 4.14: Recording condition of the real data in Section 4.7.8.

Experimental Conditions

An eight-channel microphone array (M = 8) and three loudspeakers corre-
sponding to two speech sources and one noise source were put in a spacious,
heavily-echoic room with RTg, = 800 ms (Fig. 4.14). The loudspeaker placed
far away from the microphones was used for emitting a noise signal to the wall
to simulate diffuse noise. We randomly selected 20 clean speech signals from
the WSJ-0 corpus and four noise signals from the CHiME3 evaluation dataset.
To obtain ground-truth images, these signals were recorded individually and
20 mixtures were synthesized by superimposing randomly-selected speech and
noise signals, where the signal-to-noise ratio (SNR) was set to 0 dB. The average

SDR of the input mixture signals (the first channel) was -4.1 dB.

We tested RC-FastMNMF, FastMNMF with the gradual initialization method,
and two-step RC-FastMNMF, where N = 8 sources were assumed to exist in order
to deal with heavy reverberation (a number of virtual sources were considered).
In RC-FastMNMF and two-step RC-FastMNME, the SCMs of two speech sources
were restricted to rank-1 matrices and those of six noise sources were full-rank
matrices. For comparison, we tested ILRMA with the diagonal or gradual
initialization method, MNMF with ILRMA-based initialization, and ILRMA with
the clustering mechanism [78]. For evaluation, two dominant sources in terms of

the average power were selected from N sources as target speech sources.
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Figure 4.15: SDRs, SIRs, and SARs obtained by RC-FastMNMEF, FastMNMF,
ILRMA, and MNMF in speech separation.

Experimental Results

Fig. 4.15 shows the SDRs, SIRs, and SARs averaged over the 20 mixtures. In
FastMNMF and RC-FastMNMEF, the SDRs were maximized when K = 4. In
this experiment, we found no significant difference between RC-FastMNMF2
and FastMNMEF2 (4.1 dB) because the rank-1 assumption on the SCMs of speech
was violated by the heavy reverberation, which was much longer than the STFT
window size. In contrast, RC-FastMNMF1 (4.2 dB) outperformed FastMNMF1 (3.1
dB) because the inter-frequency weight sharing in two speech sources (g, = e,
and g,y = e, for any f) helped parameter estimation as in FastMNMF2. Two-step
RC-FastMNMF1 with K = 4 (4.3 dB) outperformed RC-FastMNMEF2 (4.1 dB),
although Q estimated by ILRMA was considered to be sub-optimal, as discussed
in Sections 4.7.6 and 4.7.7. This indicates that RC-FastMNMF1 with g,,; might be
more suitable than RC-FastMNMEF?2 with g,, for representing strong diffuse noise

in a highly reverberant environment.

4.8 Summary

In this chapter, we proposed a versatile and computationally-efficient BSS method
called FastMNMEF based on directivity-aware jointly-diagonalizable full-rank
SCMs. FastMNMEF is a special case of MNMF based on unconstrained full-rank
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SCMs [27]. More specifically, at each frequency bin, we represent the full-rank
SCMs of sources as the weighted sums of common rank-1 matrices corresponding
to different directions, resulting in FastMNMF1. Given that the directional
feature of each source should be consistent over frequency bins, we make the
weights of FastMNMF1 shared over frequency bins, resulting in FastMNME2. To
avoid bad local optima in iterative parameter optimization, we proposed and
experimentally compared four initialization methods. To explicitly consider the
directivity or diffuseness of each source, we further derived rank-constrained
FastMNMF that enables us to individually specify the ranks of SCMs.

In a speech separation experiment, we confirmed that FastMNMF2 outper-
formed FastMNMF1, especially for larger numbers of microphones and frequency
bins. We found that the circular and gradual initialization methods worked well.
In a speech enhancement experiment, RC-FastMNMF2 with rank-1 speech SCMs

and full-rank noise SCMs achieved the best performance.
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Chapter 5

Joint Multichannel Speech
Separation and Dereverberation
Based on an ARMA Model

5.1 Introduction

In Chapters 3 and 4, we proposed extensions of MNMF using a DNN-based
speech model and a jointly-diagonalizable (JD) full-rank spatial model. The
goal of these methods is to extract source images x,,f;, and reverberations are
included in the extracted source images. Since the reverberation is known to be
harmful for speech intelligibility and ASR performance [115,116], in this chapter,
we tackle joint source separation and dereverberation that outputs direct signal
of each source given reverberant mixtures.

We propose a joint blind source separation and dereverberation method
called ARMA-FastMNMEF?2 that extends FastMNMF2 by explicitly modeling
reverberations. Reverberations are often represented by a moving average (MA)
model [15,17]. When the reverberation time is long, however, the number of
parameters becomes quite large. To alleviate this problem, an autoregressive
(AR) model [18,19] is introduced to represent the late part of the reverberation
(late reverberation), and the MA model is used to mainly represent the early
part (early reflection), resulting in the ARMA model [46]. The AR model can
represent infinitely-long reverberations with a finite tap length in theory, and has

been used in one of the most successful dereverberation methods called weighted
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prediction error (WPE) [47]. If the AR model is used for representing the early
reflections, however, it may also represent the direct speech signals because of
the correlations inherent in the speech signals. Since ARMA-FastMNME2 is
based on the JD full-rank spatial model, it can be used even in an overdetermined
case and deal with diffuse noise unlike independent low-rank matrix analysis
(ILRMA) [28] and its extension called AR-ILRMA [118,148], which integrates the
AR model with ILRMA.

To derive an efficient update rules for the AR coefficients, we introduce the
joint-diagonalization constraint on the MA model. Although the joint source
separation and dereverberation methods based on the ARMA model and full-
rank spatial model have already been proposed in [46,120], the computational
cost for estimating the AR coefficients is quite expensive due to the unconstrained
SCMs, especially when the tap length of the AR model is long. The joint-
diagonalization constraint makes it possible to jointly estimate the AR coefficients
and diagonalizers in a computationally highly efficient manner as in [148].
Because the MA model may also represent a part of the direct speech signals, we
further introduce the rank-constraint to the SCMs of the MA model to keep them
away from those of the direct signals. Moreover, we derive ARMA-FastMNMEF2-
DSP by integrating a DNN-based speech model into ARMA-FastMNMF2. In our
experiments, we confirmed the effectiveness of ARMA-FastMNMEF2 compared
to MA-, and AR-FastMNMF2 in speech separation tasks, and that of ARMA-
FastMNMF2-DSP in speech enhancement tasks.

5.2 ARMA Model for Reverberation

When the reverberation is longer than the window size of short-time Fourier
transform (STFT), we assume that the image of source n, x,,;, is written using a

moving average (MA) model as follows:

L—1 A—1 L—1
Xnft = Z A (1S, ft—1 = AnfoSnft + Z A f1Sn, fi—1 T Z Ay f1Sn, fii-1 5.1)
1=0 =1 I=A
I
£ d, g+ + R, (5.2)
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where L is the length of the impulse response and A indicates the boundary
between early reflections and late reverberations and is called delay as in [19]. a,,f;
is the STFT coefficients of the impulse response of source n at frequency f and
time . d,ft, rfbafriy, and r}f correspond to the direct signal, early reflections, and
late reverberations of source n, respectively. When the reverberation time is long,
the parameter L becomes large, resulting in a large number of parameters. To
alleviate this problem, we represent the late reverberations with an autoregressive
(AR) model. As in [47], rf}im, the m-th element of rlg‘}i, is rewritten using a,, fim,

the m-th element of a,, f;, as follows:

L-1
Tila}im = Z anflmsnv.ﬁt*l = é‘]l—fmén,f,t*A (5-3)
I=A
T (AT A V1AT A &
= anfm<Aannf) AannfSn,f,t—A (54)
AT (AT A NV-1AT <
= anfm<Aannf) Anfxn,f,th (55)
A+Lag—1
T o T
= bnfmxnvfﬂffA = Z bnflmxnvf:t*h (56)
I=A
where a, s, = [@nfAms -« Qn f.L—1ms OZAHA@]T e CY, B £

[Snftr- s Snfirr] € CF, L' = L+ Lag — 1, and Lag is the tap length
of the AR model. b, Fms b, fims X and A, s are given by

~

bnfm = élfm(AIfAnf)_lAIf (5.7)
é [bnfm1A7 ce 7bn,f,m,1,A+LAR—17 s 7bnmeA7 ey bn.f,m,M,A-‘,—LAR—l]T
€ CMEar, (5.8)
brfim 2 [bnpmits - - - s bupmant] T € CM, (5.9)
K ft = [Tofils - T fitLagidds - s TaftMs - - s T fi—Lagitnr] T € CMEAR T (5.10)
Ay B (AN, AT T e CM It (5.11)
A fom - U f.L—1.m 0 .. 0
Anfm N 0 A fom - Un. f.L—1.m 0 .. 0
0 e 0 Qnfom *** GnfL—1m
e Clarxl’, (5.12)
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where A, ; € CMLaxI' has to be a full column rank matrix (MLag > L' =
L+ Lag — 1) to make AIfAnf a non-singular matrix, i.e., Lag > (L —1)/(M — 1).
When there are multiple sound sources, we assume x, is written using the

MA model as follows:

N A-1 N L-1
Xfe = Z (anﬂ)snﬁ + Z anflsn,f,t—l) + Z nfiSn,fi-1 (5.13)

n=1 =1 n=1I[l=A

N
23 (doge + 155+l (5.14)
n=1

where r'iff® is the late reverberation of all the sources. As in Eq. (5.6), 7, is

rewritten as follows:

N L1

1 AT A
Tﬂtﬁz = Z Z QnflmSn,fit—1 = a}—msf,t—A (5.15)

n=1I[l=A
— a7, (ATA;)'ATA 85, A (5.16)
=af,(ATAf) " ATRs A (5.17)
A+Lar—1
= b}—mf(f,t—A = Z b}lme,t—l (5.18)
I=A

where 87 £ [8];,,..., 80,7 € CM and a,, £ [a]},,,..., 4|7 € CV. ¢4y,

¢fim, Ay, and %, are given by

by 24y, (ATA;) AT (5.19)
2 [Dpmin, - s Vit At Lag—1s -« s Dpmdias -« s Dp At ag—1] € CMEAR,

(5.20)

bim 2 [Bpmits -5 bman] T € CY, (5.21)

A2 Ay, ..., Ayf] € CMEaRXNL (5.22)

Xpt = [Tpe1y oo s Tt Lpgt1ds - - o s THMs - - s Tft—Lag+1,M] € CMLar, (5.23)

where Ay € CMFaXNL has to be a full column rank matrix to make ATA;
a non-singular matrix, that is, Lag > N(L — 1)/(M — N). Fig. 5.1 shows the
relationship between s7, A and Xf; .

Using Eq. (5.18) and Bfl [bﬂl, o ,BleI]T € CM*M Eq. (5.14) is rewritten
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Figure 5.1: The relationship of 87, A and Xz a.

as follows:

N A—-1 A+Lar—1
X = Z <anf08nft + Z anﬂsn,fJ_l) + Z Blef,t—l- (5.24)
I=A

n=1 =1
Since the early reflection is represented with the MA model and the late rever-
beration is represented with the AR model, Eq. (5.24) is called an ARMA model.
When N/(M — N) < 1, according to Eq. (5.18), xy; represented by the MA model
with a certain L can be represented by the ARMA model with Lar < L. Thus,
although the AR model apparently represent the late reverberation of all the
sources as a whole, it can represent the source-wise reverberations as the MA
model. When B 71 is not limited to one calculated with Eq. (5.19), the ARMA
model does not always correspond to an MA model, and it represents long
reverberations even if Lag is small. If A = 1 is used, all the reverberations can be
represented by the AR model in theory. This, however, causes over-whitening
of the direct signals. Thus, A = 2 or 3 is used in practice, and the MA model

represents the remaining reverberations.

5.3 FastMNMF2 with an ARMA Model (ARMA-
FastMNMF2)

This section explains the joint separation and dereverberation method based on

the weight-shared jointly-diagonalizable (W]D) spatial model and auto regressive
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moving average (ARMA) model.

5.3.1 Formulation

We formulate the observed reverberant mixture x; using the ARMA-based

reverberation model as follows:

N Lma A+Lar—1
Xy = Zanfosnft "—Zzanflsnft |+ Z Byuxyiv, (5.25)
n=1 [=1
= Z Z AnfiSn, fi—1 T Z Brxysi v, (5.26)
n=1 l€Lpa U'elar

where Ly (> 1) is the tap length for the MA model, Liyja = {0,1,..., Lya}, and
Lag = {A,...,A+Lxg—1}. Although in Eq. (5.24) the MA model represents only
the early reflections and the AR model represents only the late reverberations,
here, the MA model is also used to represent the residual late reverberations that
cannot be represented by the AR model by setting Lya > A.

From Eq. (1.2) and the reproductive property of the Gaussian distribution,

we have
N N
Z Z 1150, f1—1 ~ N <0,Z Z )\n,f,t—lanl> , (5.27)
n=1 [€Lyma n=1 [€Lpa

where G, ; = a, pa! - Here, we assume that {G,,f; },; are W]D full-rank matrices

to derive the update rule as follows:

Vn € {1,...,N}, ) € Lma, QfGnﬂQ? :Diag (gnl>, (528)

where g, = [Gui1, - - -, Gun] € Rf is shared over all frequency bins as in FastM-
NME2. Thus, we call this method ARMA-FastMNMF?2. The joint diagonalization
constraint indicates that N(Lya + 1) matrices {G,,f; } ., are represented by the
weighted sum of M rank-1 matrices {us,u", })__,, where uy,, is the m-th column
vector of Uy = Q;l. From Egs. (5.26), (5.27), and (5.28), we have

N
Xfi | {Xpi-1}ieny ~ Ne ( Z Bjxgir, Q' (Z Z )\n,ﬁt—lDiag(gnl)) Q;H>

l'€Lar n=1 [€Lpa
(5.29)
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é N(C ( Z Bfl’xf,t—l’7 Q;lDlag(S’ft) Q;H) (530)
l'€LLAR

= N(C ( Z Bfl’Xf,t—l’7th) y (531)
l'€LaR

- - - - N -
Where Yt = [yftla cee >yftM]T and Yrim = anl ZZGILMA )\n,f,t—lgnlm-
To avoid the scale ambiguity, we put normalization constraints on Q, G, and

W as follows:

tr(Q,QY) = M, (5.32)
M
1€Lpa m=1
F
Z Wnky = 1. (5.34)
F=1

5.3.2 Optimization

The parameters ©® = {W, H, Q, G, B} are estimated such that the log-likelihood
log p(X|®) is maximized. From Eq. (5.29), it is given by

FT
logp (X]©) = > logp (x4:©, {Xp—v hreL) (5.35)
fit=1
FT,M
X — i ‘q;‘m(xft B ZZ/G]LAR Bflle’tfl/)‘Q
fit,m=1 Yrtm
F,T,M F
— ) logipm+T > log|QsQY], (5.36)
fitm=1 f=1
FT,M |q? aft|2 F
—— > |+ logdm | +T ) log|QsQY|  (5:37)
fit,m=1 yftm le
F,T,M i F
=— > [ tloggsm | + T log|QrQYI, (5.38)
fit;m=1 yftm =

A

where aft = Xt — ZZ’ELAR Bfl/Xf,t—l’ and Ciftm = |q?maft|2.
On condition that B is given, since Eq. (5.38) has the same form as the log-
likelihood of FastMNMF2 given by Eq. (4.22), Q, W, H, and G can be updated
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by almost the same way as FastMNMEF2. Q; is updated using the IP method as

T 3 3H
1 d,d
Vi 2 25 L (5.39)
T =1 Ysrtm
qu — (vafm>_lem7 (540)
Afm — (q?mvmefm)_%qu7 (541)

where e,, is a one-hot vector whose m-th element is 1. We use a minorization-
maximization (MM) algorithm to estimate W, H, and G.W,H,and G depend
only on the first two terms of Eq. (5.38), and the lower bound is derived using a

Jensen’s inequality and first-order Taylor expansion as follows:

dfim
=5 = logsum (5.42)
Ysftm
N,K ~ 3
>=2 2 Sl ) _ Dy _ log Bim + 1 (5.43)
a n,k=11€lpa w”k’fhn,k,t—lgnlm Bftm
=L (5.44)

where the equality holds if and only if o fymnix = Wkl k-1 gnlmg];;n and By, =
Usim- Letting the partial derivatives of £ with respect to W, H, and G equal to

zero, the closed-form multiplicative update (MU) rules are obtained as follows:

P 7 =2
Zt ;m=1 ZlE]LMA hn,k,t*lgnlmdftmyftm

——— " (5.45)
Zt ;m=1 ZlEJLMA hn,k,tflgnlmyft}n

Wpkf < Wnkf

5 7 ~—2
Zf m=1 Zle]LMA wnkfgnlmdf,t+l,myf7t+l7m
S~
Zf m=1 ZZG]LMA WnkfYnimY ¢ 1m

hnkt <« hnkt ) (546)

FT K

~ N thTk | Wk f P gt ldftmyftm

Gnim < Gnim FT,K . (547)
thk 1 wnkfhnk:t lyftm

B/, depends on only the first term of Eq. (5.36), and > _,,.; . Brx;,—y can be

€LAR

rewritten as follows:

Z Bfl/Xf,tfl’ = Xftl_)f. (54-8)

l'€lLar
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b; and X, are given by

by 2 [bly,...,bJ,,)T € CM (5.49)
bf:m é [b}—,A7m7 e 7b}—,A+LAR—17m]T € CMLAR (5'50)
X 2 Ly @ %), € CM*M har, (5.51)
X ft = [X},thﬂ S 7X},t7A7LAR+1]T < (CMLARJ (5.52)

where by, is the m-th row vector of By;. Substituting Eq. (5.48) into Eq. (5.36)
and letting the partial derivative of Eq. (5.36) with respect to b; equal to zero,
the update rule for b, is given by

—1 T
Bf = (Z X?tthlift) (Z X?tthlet> y (553)

t=1

M
_ quq m
Y, =) (5.54)

Since the first term accumulates 7' matrices of size M?Lar x M?Lag, it requires a
huge memory and its computational cost is quite expensive. To reduce memory
usage and computational cost, the joint optimization method of Q; and B, which
was initially proposed for AR-ILRMA in [148], is applicable. First, q?ma 7t is

rewritten by using x5, £ [x],,x},]T € CMEaxth) a5 follows:

q;'maft = (l'}'m (Xft - Z Bfl’Xf,t—l’)> (5.55)
I'€Lar
= [a, —afBra, ., —adBrasralXs (5.56)
= p?mfift = efnPffcft, (5.57)
where Pf = [Qf?_Qfo,A’"'7_Qfo7A+LAR—1] £ [pf17”'7pr]H c

CM>M(Lartl)  Then, py,, is updated as follows:

crm 2 ((Q7"em), 0%11) " = (U], 0Fp,,) " € D (5.58)
T %%

By, 23 T ¢ oMM Lart ) (5.59)
=1 Yrim
;! H & le, )72 5.60

Pfm < fmcfm(cfm fmem) ) ( . )
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where uy,, is the m-th column vector of Uy £ Q;l. In our experiment in
Section 5.5, Eq. (5.60) was used for updating Q and B.
To satisty the normalization constraints given by Egs. (5.32), (5.33), and (5.34),

we adjust the scales of Q, G, and W in this order in each iteration by using

1
ne = 70(QQY), { RN A (5.61)
Wnkf < Ky Wnkf,
- Guim 4 6"

~ nlm n Ynim,
an < Z Zgnlmy (562)

I€Lya m=1 Wnkf < PnWnkf,

4 w — v lw

Yk = 2 Wnk (5.63)

fZ; ! {hnkt — Vnkhnkt-

5.3.3 Rank-Constrained Extension

If the similar spectra continue for a few time frames ({\, ft}ff:l ~ {\n, f,t_l}ff:l)
and the SCM of the direct signal, G, o, is close to the SCM of the early reflection,
G, 1,1(>0), the distribution of the direct signal can be close to that of the early

reflection as follows:
Ne (0ar, Mt Gigo) = Ne (Onr, A pi—1Gonpr) - (5.64)

As a result, a part of the direct signal can be included in the early reflection.
When g, is initialized with [e, ... €, 1,€, ..., €], where the n-th element is one,
G, o mainly consists of the n-th rank-1 matrix given by u fnu?n, where uy, is
the n-th column vector of Q;l. To keep G, f,(>0) away from G,, ), we restricts
G, 11(>0) by setting g, ;>0) to [¢,...,€,0,¢, ..., €], where the n-th element is zero.
Because of the multiplicative update rule of g,; given by Eq. (5.47), once g,,,, is

set to zero, it is kept to zero and the rank of G, f(~0) is kept to M — 1.

54 FastMNMEF2 with an ARMA Model and a Deep
Speech Prior (ARMA-FastMNMF2-DSP)

ARMA-FastMNMF2-DSP can be derived by replacing NMF-based source model
for one of sources with DNN-based speech model as in FastMNMEF-DSP.
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5.4. FASTMNMF2 WITH AN ARMA MODEL AND A DEEP SPEECH PRIOR
(ARMA-FASTMNMF2-DSP)

5.4.1 Formulation

We assume that the observed signals include only one speech and N’ (£ N — 1)
noise (/N sources in total), and source 0 corresponds to speech and source

n (1 < n < N') corresponds to noise. Now { ), }\, are given by

ufvt[Ug(Zt)]f (n=0),

An 5.65
"t ankfhnkt (I1<n<N). (569

The log-likelihood function of ARMA-FastMNMEF2-DSP is obtained by substitut-

ing Ypem = Zle]LMA Uypvy [Ug(zt—l)]fgoml‘i‘z,];{}il ZleLMA Wnk f Pt Grmy into Eq. (5.38).
To avoid the scale ambiguity, we put the normalization constraints given by
Egs. (56.32), (5.33), and (5.34) and

F
> up=1 (5.66)
f=1

5.4.2 Optimization

To update the latent variables Z included in Eq. (5.65), we use backpropagation
such that the log-likelihood log p(X|W,H, U, V, Z, G, Q. B) is maximized with
respect to z,. As in the NMF-based source model, the MU rules of U and V are

given by
Vet|02(2e—1)] £ Gotmd tem T 72
up g Ztm IZZGILMA t l[ 9(2t l)]fgol~ ff;:?ftm’ (5.67)
Zt ,m= 1 ZlG]LMA Ut_l [0-9 (Zt_l>]fgolmyftm
ur|0p(2:)| £ g ch 72
vy — v, me 1ZZG]LMA f[ ( tQ)]fgol ~f,t—i;l;1yf7t+l7m (5.68)
me 1 ZZGILMA Uy [Ue(zt)]fgolmyf,m,m

W, H, G, Q,and B are updated in the same way as FastMINMF1 using Egs. (5.45),
(5.46), (5.47), and (5.60).

To satisfy the normalization constraints given by Egs. (5.32), (5.33), (5.34), and
(5.66), we adjust the scales of Q, G, U, and W in this order in each iteration by
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using
( _1
R 1 | Pf — ,uf 2].:.f,
py = Mtr(Qfo), up < gty (5.69)
 Wnkf < N;lwnkf (1<n< N,
M (gnlm < ¢;1§nlm7
¢n = Z Zgnlma ] Uf < ¢1Uf, (570)
(elma m=1 (Wnky < Pnwnry (1 <n < N'),
r 1
A uf <— 77/1 Uy
2 U, 5.71
w fz:; ! {Ut «— ¢Ut, ( )

and Eq. (5.63).

5.5 Evaluation

This section reports comparative experiments conducted for evaluating the
effectiveness of ARMA-FastMNMEF2. To draw the full potential of ARMA-
FastMNMEF2, first, we comprehensively investigated the configuration of ),
K, Lya, Lar, and A. Then, we tested ARMA-FastMNMEF2-DSP for speech
enhancement. Through all experiments, audio signals were sampled at 16 kHz
and processed by STFT with a shifting interval of 256 points and a Hann window
of 1024 points (F=513).

5.5.1 Comparison of Model Complexities

In the speech separation task, we comprehensively investigated the SDRs obtained
by ARMA-FastMNMF2 with different complexities.

Experimental Conditions

We prepared a dataset of eight channel reverberant mixture signals using the
simulation data of REVERB Challenge dataset [149]. Each mixture signal consisted
of two reverberant speech signals synthesized by convolving dry speech signals
with real impulse responses from the development and evaluation subsets of

REVERB Challenge dataset. The impulse responses were recorded in three rooms
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with the reverberation times RTg, of 250 ms, 500 ms, and 700 ms. The distances
between sound sources and microphones were set to 0.5 m (near) and 2.0 m
(far). We thus tested six conditions in total, where 20 signals were used for each
condition. Audio signals were sampled at 16 kHz and processed by STFT with a
Hann window of 1024 points (F' = 513) and a shifting interval of 256 points.

We tested ARMA-FastMNMEF2 with M € {3,8} microphones, N = 2
sources, K = 16 bases, Lya € {0,2,4,8,16}, and Lar € {0,2,4,8,16}. ARMA-
FastMNMF2 with Lya = 0 and Lar = 0 is equivalent to vanilla FastMNMEF2,
one with Lya # 0 and Lag = 0 is equivalent to MA-FastMNMEF2, and one with
Lyva = 0 and Lag # 0 is equivalent to AR-FastMNME2. We tested A € {2, 3,4}
for AR-FastMNME2. For ARMA-FastMNMF2, we decided to use A = 2 when
M =3 and A = 3 when M = 8 based on the results of AR-FastMNMF2. To
draw the full potential, Q and G of MA-FastMNMF2 were initialized to those
estimated by FastMNMF2 with K = 2 and 50 iterations as the gradual initial-
ization method described in Section 4.5.4. Q, G, and B of AR-FastMNMF2 and
ARMA-FastMNMEF2 were initialized to those estimated by AR-FastMNMEF2 with
K = 2 and 50 iterations. W and H were initialized randomly. MA-FastMNMF2,
AR-FastMNMF2, and ARMA-FastMNMEF2 were then updated 100 times.

We used the signal-to-distortion ratio (SDR) [136,137] for evaluating the
source estimation and dereverberation performance. Dry speech signals without
reverberation were used as reference signals. The elapsed time per iteration for

processing a 3-s signal was measured on Intel Xeon W-2145 (3.70 GHz).

Experimental Results

Table. 5.1 shows the elapsed times per iteration for processing a 3-s signal on
CPU. Lya = 0 and Lar = 0 corresponds to vanilla FastMNMEF2, Lys # 0 and
Lar = 0 corresponds to MA-FastMNME2, and Lya = 0 and Lag # 0 corresponds
to AR-FastMNMF2. When M = 3, the computational cost for estimating the
AR filters was equivalent to that for estimating the MA filters. However, when
M = 8, the computation of the AR filters took much longer time especially when

Lar was large.
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Table 5.1: The elapsed times [sec] per iteration for processing a 3-s signal on CPU
(Intel Xeon W-2145 3.70 GHz).

Ll\iAR 0 2 4 8 | 16 Ll\iAR 0 2 4 8 | 16
0 | 0406 : 0.537 i 0.951 i 2.14 : 6.58 0 |0962: 452 1 119 : 364 i 115
IS Frs v s v VS SO S SO S
PR G SR S S S - 243605134380116
P s SAs St e - 387750149399117
” 363382407542976 ” 671104177425120
() M = (b) M =

Table. 5.2 shows the SDRs of FastMNME?2 averaged over the 20 mixtures for
each condition. In four conditions out of six conditions, FastMNMF2 with M = 3
outperformed one with M = 8. This is probably because reverberations make it

difficult to estimate a larger number of parameters of FastMNMEF2 with M = 8.

Tables. 5.3 and 5.4 show the average SDRs of MA-FastMNMF2 with M = 3 and
M = 8, respectively. When RTg, = 500ms or 700ms, longer Ly achieved better
performances, and the SDR improvements compared to vanilla FastMNMEF2
with M = 3 were more than 1.8 dB. The same tendency was observed in MA-
FastMNMF with M = 8, but, in far conditions with RTg, = 500ms or 700ms,
the SDR improvements compared to vanilla FastMNMF2 were more than 3.9
dB. Since the joint-diagonalization constraint given by Eq. (5.28) indicates that
N(Lyma + 1) SCMs consist of M rank-1 matrices, when M is small, this constraint

strongly restricts SCMs, resulting in the limited performances.

Figs. 5.2 and 5.3 show the average SDRs of AR-FastMNMF2 with M = 3
and M = 8§, respectively. In all cases except for the near condition with M =8
and RTg = 250 ms, AR-FastMNMF2 with the best parameters outperformed
MA-FastMNMF2, especially when the reverberation time was long, because the
AR model is suitable for representing the long reverberations. One drawback
of AR-FastMNME?2 is the sensitivity to Lar. When Lar was too long compared
to the actual reverberations, its performance drastically degraded as in the near
condition with M = 8 and RTg, = 250 ms.
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Table 5.2: The average SDRs [dB] of vanilla FastMNMF2 with M = 3.

Distance far far far near near near
RTjg 250ms 500ms 700ms 250ms 500ms 700ms
M =3 8.8 1.9 2.0 124 79 8.6
M =28 6.7 2.4 1.3 14.1 59 6.8

Table 5.3: The average SDRs obtained by MA-FastMNMF2 with M = 3.

Distance far far far near near near
RTgo 250ms 500ms 700ms 250ms 500ms 700ms
Lya =2 9.7 2.9 2.8 13.2 9.1 10.0
Lya =4 9.6 3.2 3.2 13.3 94 104
Lya =8 94 3.5 3.7 13.4 9.6 10.5
Lya = 16 9.4 3.7 4.0 13.3 9.6 10.6

Table 5.4: The average SDRs obtained by MA-FastMNMF2 with M = 8.

Distance far far far near near near
RTjg 250ms 500ms 700ms 250ms 500ms 700ms
Lya =2 8.0 3.8 2.8 16.1 7.8 9.2
Lya =4 8.3 5.0 3.9 16.6 8.4 9.8
Lya =8 8.6 5.9 4.9 16.7 8.6 10.3
Lya = 16 8.6 6.3 5.3 16.8 8.6 10.5

Figs. 5.4 and 5.5 show the average SDRs of ARMA-FastMNMF2 with M = 3
and M = §, respectively. In all cases, ARMA-FastMNMEF2 outperformed AR-
FastMNMEF2 with the same A (A = 2 when M = 3 and A = 3 when M = 8),
although the SDR improvements from AR-FastMNMF2 was small when M = 3

because of the joint diagonalization constraint in the MA model. When M = 8, one
advantage of ARMA-FastMNMEF2 compared to AR-FastMNMF2 is that ARMA-
FastMNMEF2 with small Lag and large Lyia worked as well as AR-FastMNMF2

with larger Lar. For example, in the far condition with RTg, = 500 ms, ARMA-
FastMNMF2 with Lagr = 2 and Lya = 16 outperformed AR-FastMNMEF2 with
Lar = 8. Thus, ARMA-FastMNMEF2 often achieved better performance with

lower computational cost as shown in Table 5.1b.
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Figure 5.2: The average SDRs obtained by AR-FastMNMF2 with M = 3.
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5.5.2 Comparison with the State-of-the-Art BSS Methods in
Speech Separation and Denoising on Simulated Data

We compared ARMA-FastMNMEF2 with the conventional BSS methods and

sequential methods in separation of reverberant noisy speech mixtures.

Experimental Conditions

We prepared a dataset of eight channel noisy reverberant mixture signals using
the simulation data of REVERB Challenge dataset [149]. Each mixture signal
consisted of diffuse noise recorded in real environments and two reverberant
speech signals synthesized by convolving dry speech signals with real impulse
responses from the development and evaluation subsets of REVERB Challenge
dataset. The signal-to-noise ratio (SNR) between dry mixture images and noise
was set to 0 dB.

For comparison, we tested ILRMA, FastMNMF2, the sequential use of WPE [19,
113] and ILRMA [28], that of WPE and FastMNME2 [43], that of WPE and MA-
FastMNMEF2, AR-ILRMA [118], MA-FastMNMF2, AR-FastMNMF2, and ARMA-
FastMNMF2. The number of microphone was set to M € [3, 8], All methods were
configured with N = M, and K = 16. When M = 3, A was set to 2, and when
M = 8, A was set to 3. The tap length for the MA model was set to Lya = 8§,
and the tap length for the AR model was set to Lya = 4. In the sequential
methods, WPE was updated 10 times, and then ILRMA, FastMNMEF2, or MA-
FastMNMEF2 was updated 150 times. MA-, AR-, and ARMA-FastMNMEF2 were
initialized by the same way as the previous experiment. Similarly, AR-ILRMA
was initialized using AR-ILRMA with K = 2. MA-FastMNMF2, AR-FastMNME2,
ARMA-FastMNMEF2, and AR-ILRMA were then updated 100 times.

We used the SDR [136,137] for evaluating the source estimation and derever-

beration performance.

Experimental Results

Figs. 5.6 and 5.7 show the average SDRs of the proposed and conventional
methods with M = 3 and M = 8§, respectively. For M = 3, ARMA-FastMNMEF2
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(4.8 dB on average) and WPE+MA-FastMNMEF?2 (4.8 dB) outperformed ILRMA
(0.2 dB), FastMNMEF2 (2.6 dB), WPE+ILRMA (2.4 dB), WPE+FastMNMF2 (4.0
dB), AR-ILRMA (2.7 dB), MA-FastMNME?2 (3.3 dB), and AR-FastMNMEF?2 (4.1 dB).
For M = 8, ARMA-FastMNMEF?2 (9.7 dB on average) outperformed ILRMA (5.3
dB), FastMNMEF2 (7.2 dB), WPE+ILRMA (7.1 dB), WPE+FastMNMEF2 (9.0 dB),
AR-ILRMA (7.6 dB), MA-FastMNMEF2 (8.2 dB), AR-FastMNMF2 (9.3 dB), and
WPE+MA-FastMNME?2 (9.5 dB). Since the methods based on FastMNMF2 can
deal with diffuse noise because of the JD full-rank spatial model, the performances
of MA-, AR-, and ARMA-FastMNME2 were better than those of AR-ILRMA and
WPE+ILRMA based on the rank-1 spatial model. In this experiment, we showed
the effectiveness of jointly optimize the MA model-based dereverberation and
source separation. However, the effectiveness of jointly optimize the AR model-
based dereverberation and source separation was very small. This was probably
because of the difficulties of jointly optimize a large number of parameters. One
possible way to alleviate this problem is to restrict the SCMs of the direct signals
to rank-1 matrices as in rank-constrained FastMNMEF described in Section 4.6 to

reduce the degree of freedom.

5.5.3 Comparison with the State-of-the-Art BSS Methods in
Speech Separation and Denoising on Real Data

We compared the proposed ARMA-FastMNMEF2 using a dataset recorded in a

real environment.

Experimental Conditions

We used almost the same dataset as the one used in Section 4.7.8. An eight-
channel microphone array (// = 8) and three loudspeakers corresponding to
two speech sources and one noise source were put in a spacious, heavily-echoic
room with RTg, = 800 ms. We randomly selected 20 clean speech signals from
the WSJ-0 corpus and four noise signals from the CHiME3 evaluation dataset.
To obtain ground-truth images, these signals were recorded individually and

50 mixtures were synthesized by superimposing randomly-selected speech and
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Figure 5.8: The average SDRs in speech separation of real recordings.

noise signals, where the signal-to-noise ratio (SNR) was set to 0 dB. The number
of microphone was set to M € [3,8]. We tested the same methods with the same
configurations as the experiment in Section 5.5.2. We used the SDR [136,137] for

evaluating the source separation and dereverberation performance.

Experimental Results

Figs. 5.8(a) and 5.8(b) show the average SDRs of the proposed and conventional
methods with M = 3 and M = 8, respectively. We got the similar results as
the experiment in Section 5.5.2. For M = 3, ARMA-FastMNMEF2 (—0.2 dB)
outperformed ILRMA (—3.2 dB), FastMNMEF2 (—2.2 dB), WPE+ILRMA (—2.5
dB), WPE+FastMNMEF?2 (—1.2 dB), WPE+MA-FastMNMEF2 (—0.5 dB) AR-ILRMA
(—2.2 dB), MA-FastMNMF2 (—1.1 dB), AR-FastMNMF2 (—0.9 dB). For M = 8,
ARMA-FastMNME?2 (3.4 dB) outperformed ILRMA (0.4 dB), FastMNMEF2 (2.1
dB), WPE+ILRMA (1.6 dB), WPE+FastMNMEF?2 (3.1 dB), WPE+MA-FastMNMF2
(3.3 dB), AR-ILRMA (1.9 dB), MA-FastMNME?2 (2.4 dB), and AR-FastMNMEF2
(3.3 dB). Since the reverberation time was longer than that of the simulated data
used in the experiment in Section 5.5.2 and the noise was more complicated, the
SDR of each method was lower than that of the experiment in Section 5.5.2.
The performance of AR-FastMNMF2 and ARMA-FastMNMF2 did not sig-
nificantly differ, especially when M = N = 8. For M = N = 8§, two out of eight
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separated signals of AR-FastMNMEF?2 included the direct signals, and other two
signals often included the reverberations that could not be removed by the AR
model. In ARMA-FastMNME2, the amount of reverberations included in the
separated signals that did not correspond to the direct signals was smaller than
that of AR-FastMNMF2, because the reverberations that could not be removed by
the AR model were removed by the MA model. Since the SDRs were calculated
using only the separated signals of the direct signals, the SDRs of AR-FastMNMEFE2
and ARMA-FastMNMEF2 were equivalent. When some of the separated signals
include only the reverberations, the estimation of the number of actual sound
sources from the eight separated signals is often difficult. The incorrect estimation

might result in a severe problem in real applications.

5.54 Comparison with the State-of-the-Art BSS Methods in
Speech Enhancement

We evaluated the effectiveness of the DNN-based speech model (Section. 5.4)

and the rank constraint (Section. 5.3.3) in speech enhancement.

Experimental Conditions

We made eight-channel noisy reverberant signals using the simulation data of
REVERB Challenge dataset [149]. Each mixture signal consisted of diffuse noise
recorded in a real environment and a reverberant speech signal synthesized by
convolving dry speech signals with real impulse response from the evaluation
subsets of REVERB Challenge dataset. The signal-to-noise ratio (SNR) between
dry images and noise was set to 0 dB.

For comparison, in addition to the methods used in Section 5.5.2, we tested
FastMNME2-DSP (Section 4.4), ARMA-FastMNMEF2-DSP (Section 5.4), and the
rank-constrained version of ARMA-FastMNMEF2 and ARMA-FastMNMF2-DSP
called RC-ARMA-FastMNMEF2 and RC-ARMA-FastMNMZF2-DSP. We used the
same parameters as those used in Section 5.5.2. The deep speech generative
model was trained in the same way as the experiment in Section 3.5. Q, G, and
B of ARMA-FastMNMEF2-DSP and RC-ARMA-FastMNMEF2-DSP were initially
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estimated by ARMA-FastMNMEF2 whose Q was initialized with the eigenvectors
of the mixture SCMs and K = 2. The latent variables Z were initially estimated
from the source spectra estimated by ARMA-FastMNMEF2 by using the decoder
of the VAE. FastMNMF2-DSP was also initialized similarly by using FastMNMEF2.
The other methods were initialized in almost the same way as the experiment
in Section 5.5.2 except for Q, which was initialized with the eigenvectors of the
mixture SCMs. We used the SDR [136,137] for evaluating the speech enhancement

and dereverberation performance.

Experimental Results

Figs. 5.9 and 5.10 show the average SDRs of the methods with M = 3 and M =8,
respectively. As to the methodsbased on the NMF-based source model, the results
were consistent with those in Section 5.5.2. For M = 3, ARMA-FastMNMF2 (9.4
dB on average) and WPE+MA-FastMNME2 (9.4 dB) outperformed ILRMA (3.9
dB), FastMNME2 (7.1 dB), WPE+ILRMA (5.6 dB), WPE+FastMNME2 (9.2 dB),
AR-ILRMA (6.0 dB), MA-FastMNME?2 (8.3 dB), and AR-FastMNME2 (8.8 dB).
For M =8, ARMA-FastMNMF?2 (12.3 dB) and WPE+MA-FastMNMEF2 (12.3 dB)
outperformed ILRMA (7.7 dB), FastMNMEF2 (10.4 dB), WPE+ILRMA (9.3 dB),
WPE+FastMNME?2 (12.2 dB), AR-ILRMA (9.6 dB), MA-FastMNME2 (10.8 dB),
and AR-FastMNMEF2 (11.8 dB).

When RTg, = 500 ms or 700 ms, ARMA-FastMNMEF2-DSP outperformed the
other methods by a large margin for M = 3, and the gain became small for M/ = 8.
In contrast, when RTsy = 250 ms, ARMA-FastMNMF2-DSP underperformed
the NMF-based methods. In ARMA-FastMNMEF2-DSP, we found that not only
reverberation but also a part of the direct signal were represented with the
MA model, probably because of the reason discussed in Section 5.3.3. Thanks
to the rank constraint discussed in Section. 5.3.3, RC-ARMA-FastMNMEF2-DSP
significantly outperformed ARMA-FastMNME2-DSP, especially when RTgy = 250
ms. For ARMA-FastMNME2, in contrast, the rank constraint was not effective,
because of the limited representation power of the NMF-based source model and

the difference of parameter estimation.
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Figure 5.9: The average SDRs in speech enhancement (M = 3).
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Figure 5.10: The average SDRs in speech enhancement (M = 8).
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5.6 Summary

In this chapter, we proposed a joint source separation and dereverberation
method called ARMA-FastMNMEF2, which is an extension of FastMNMF2 based
on the AR and MA models. The MA model represents the early reflection of
each source, where the SCMs corresponding to the direct and reflection paths
are restricted to jointly-diagonalizable matrices to reduce the computational cost,
as in FastMNMEF2, The AR model represents the late reverberation of the mixture
as the weighted sum of the previous time frames. The long reverberation can be
represented with a small tap length.

In the experiment using reverberant mixtures of two speech sources, AR-
FastMNMEF2 with M = 3,8 worked well, but the performance was degraded
when a longer tap length was used in a less-reverberant environment. Although
the performance of MA-FastMNMF2 with M = 3 was limited because of the
joint diagonalization constraint in the MA model, its computational cost is
smaller than that of AR-FastMNMF2, and MA-FastMNMF2 with M = 8 and
a long tap length worked well regardless of the reverberation time. We thus
conclude that ARMA-FastMNMF2 with a short tap length of the AR model and
a long tap length of the MA model worked robustly in many situations. In the
experiment using noisy reverberant mixtures, ARMA-FastMNMEF2 outperformed
the conventional BSS methods and the sequential methods that use WPE and BSS
methods sequentially. In the speech enhancement task, ARMA-FastMNMF2-DSP
did not work well when the reverberation time was short because not only the
reverberation but also the direct signal were represented by the MA model and
suppressed. The rank constraint on the MA model alleviated this problem,
and RC-ARMA-FastMNMF2-DSP outperformed ARMA-FastMNMEF2 and other

comparative methods in all cases.
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Chapter 6

Conclusion

This thesis has addressed multichannel speech enhancement, source separation,
and dereverberation. This chapter reviews the contributions of this thesis and

addresses the future directions.

6.1 Contributions

In Chapter 3, we presented a new statistical framework that integrates a physically-
founded linear model (multichannel spatial model) with a powerful deep speech
generative model (single-channel speech model) in a principled manner. As a
spatial model, we tested full-rank and rank-1 models. Note that MNMF [27] with
richer expressive power often underperforms ILRMA [28] because MNMF is
known to be sensitive to the initialization of SCMs and tends to get stuck at local
optima. Interestingly, our full-rank model outperforms the rank-1 version even
when the SCMs are initialized randomly. This indicates that the precise source
model helps the estimation of SCMs and alleviates the initial value sensitivity.
One drawbacks of the full-rank spatial model is the heavy computational
cost due to the high degree of freedom. In Chapter 4, we presented a jointly-
diagonalizable (JD) full-rank spatial model and its application to MNMF called
FastMNMEF1 to reduce the computational cost of the full-rank spatial model.
Then, taking the interpretation of the JD full-rank spatial model into account, we
presented a well-behaved constrained version of FastMNMF1 called FastMNME2

that shares the directional feature of each source over all frequency bins, and
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rank-constrained version of FastMNMF1 and FastMNME2. In the experiments,
we showed that FastMNMEF2 almost always outperformed FastMNMF1 and other
conventional methods.

The recorded signals in real applications include reverberations in addition
to environmental noise and non-target signals, while reverberations were not
taken into account in the previous chapters. We presented joint source separation
and dereverberation methods called MA-, AR-, and ARMA-FastMNMEF2 in
Chapter 5. These methods are extensions of FastMNMF2 that integrate either
or both of an autoregressive (AR) process and moving-average (MA) process.
In the experiment, MA-FastMNME2 with a larger M worked well efficiently.
AR-FastMNMF2 achieved better performance than MA-FastMNME2 in many
cases, with higher computational cost. ARMA-FastMNMEF2 with a small tap
length of the AR model and a long tap length of the MA model worked as well as
AR-FastMNMEF2 with a longer tap length with lower computational cost. Thus,
ARMA-FastMNMF2 can be said to be robust and computationally-efficient blind

method for joint source separation and dereverberation.

6.2 Future Work

This section describes several open problems regarding the methods developed

in this thesis and future research directions.

o All the proposed methods assume that the number of sound sources is
known in advance. One promising approach to estimating the number of
sources or speakers at run-time is audio-visual integration based on object
detection and lip reading. One may introduce time-varying latent variables
that indicate whether each source is active or not, and put sparse priors on
the variables for Bayesian inference.

e Another assumption is that the length of the observed signals is limited,
and the number of sound sources and their positions are unchanged. For
real-time applications, it is thus important to develop an online extension

that can sequentially process the observed noisy reverberant mixtures with
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small latency in a memory-efficient manner. The naive online extension
based on mini-batches would suffer from the permutation problem because
the speakers or their positions might be different between mini-batches. It
is thus necessary to investigate an effective way of (partially) passing and
adapting the current estimate of parameters to the next mini-batch.

In this thesis, the powerful representation capability of deep learning was
leveraged for improving only the source model, resulting in the deep speech
prior. Recently, under an determined condition, independent vector analysis
based on the normalizing flow (NF) called NF-IVA [93] was proposed for
formulating a DNN-based spatial model with time-varying linear demixing
matrices. Combining these approaches together, it would be possible to
formulate a DNN-based integrated generative model whose parameters
can be optimized jointly with gradient descent. While the spatial and
source models have been considered separately in this thesis, it is worth
investigating a way of directly formulating a unified model without clear

distinction of the source and spatial models.
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