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Abstract—This paper describes a novel framework of voice con-
version to improve the conversion performance against the amount
of training data. In voice conversion, deep neural networks are
used as conversion models that map source to target features. In
this framework, it generally needs a larger amount of training data
and bigger models to build more accurate conversion models. This
condition, however, will reduce the usability of voice conversion.
In this paper, in order to improve the conversion performance
versus the amount of training data, a top-down knowledge is
introduced into models as prior. We expect that we can take advan-
tage of top-down knowledge we have instead of preparing a large
amount of data. In the proposed method, the conversion process
of features is restricted to time-variant linear transformation on
cepstral space. It explicitly utilizes an attribute of voice conversion
i.e. homo-domain mapping, which is not common in automatic
speech recognition or text-to-speech synthesis. In other words, in
VC, the input and output are on the same feature domain. In
addition, it also makes it possible to explicitly consider the physical
difference between speakers such as the difference of vocal tract
length. The assumption of the homo-domain mapping is related to
conversion methods based on spectral differentials, and then the
relation is discussed in the paper. Experiments demonstrate the
effectiveness of our proposal and the way that the constraint of
linear transformation works is investigated.

Index Terms—Voice conversion (VC), vocal tract length
normalization, spectral differentials, a small amount of data, neural
networks.

I. INTRODUCTION

VOICE conversion (VC) is a technique to modify non-
linguistic information of an input utterance while main-

taining its linguistic information unchanged [1]. The modifica-
tion technique can be applied to various applications such as
converting speaker identity of output speech of text-to-speech
(TTS) synthesis, speech enhancement, anti-spoofing, and so
on [2], [3], [4], [5].

In VC, conversion models are trained in multiple ways. It is
a basic approach to take phonetic correspondence of input and
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output and then have models learn mappings between pairs of
them, this is called a parallel VC [6], [7], [8]. As typical statisti-
cal conversion models, Gaussian mixture models (GMMs) [2],
[6], [9], non-negative matrix factorization (NMF) [8], restricted
Boltzmann machines (RBMs) [10], [11], and deep neural net-
works (DNNs) [7], [12], [13] are adopted. Non-parallel VC
techniques, which do not require the phonetic correspondence
previously, are also widely studied [14], [15], [16], [17]. In
particular, a recognition-synthesis-based approach, including
the use of phonetic posteriorgrams (PPGs) or the combination
of automatic speech recognition (ASR) and TTS, is one of the
most popular ways [17], [18], [19], [20], [21]. Many-to-one or
many-to-many VC are techniques which can take many speak-
ers, often arbitrary speakers, as source or target speakers [17],
[19], [22], [23]. Recognition-synthesis-based systems are often
adopted in both non-parallel and many-to-one VC, since they
generally disentangle contents and speaker’s identity attributes
by exploiting transcriptions as an identifier of contents. In Voice
conversion challenge (VCC) 2018 and 2020, such approaches
have shown good performance [24], [25].

To achieve a high quality conversion, it is a reasonable strategy
to collect a large amount of training data, annotate them and train
a big conversion model. However, considering the cost of data
collection, and human and computational resources, it is also
worth investigating how to build a conversion model from a
limited amount of data.

Self-supervised or semi-supervised approaches are also stud-
ied to avoid annotating a huge amount of data [26], [27]. These
approaches exploit not only labeled data but also non-labeled
data. They can reduce the annotation cost, however the other
costs such as the costs of data collection, and human and com-
putational resources still remain to be addressed.

In this paper, we propose another method to build voice
conversion model from a limited amount of data. We introduce
a top-down knowledge into conversion models as prior, in order
to improve the conversion performance versus the amount of
training data. The introduction of the top-down knowledge could
be an alternative to increasing the amount of training data,
since the top-down knowledge can guide the conversion models
without training data. In general, DNNs transform input features
to output features through a series of nonlinear transformations.
In ASR and TTS, this mapping is considered reasonable because
the input and output feature domains are heterogeneous, i.e.
speech and text. In VC, as in ASR and TTS, DNN has achieved
remarkable results but the difference is that the domains are
homogeneous.

This work is licensed under a Creative Commons Attribution 4.0 License. For more information, see https://creativecommons.org/licenses/by/4.0/

https://orcid.org/0000-0003-3152-0239
https://orcid.org/0000-0002-8778-9555
mailto:kotani@gavo.t.u-tokyo.ac.jp
mailto:dsk_saito@gavo.t.u-tokyo.ac.jp
mailto:mine@gavo.t.u-penalty -@M tokyo.ac.jp
mailto:mine@gavo.t.u-penalty -@M tokyo.ac.jp


2982 IEEE/ACM TRANSACTIONS ON AUDIO, SPEECH, AND LANGUAGE PROCESSING, VOL. 30, 2022

Traditionally, the homo-domain mapping, an attribute of VC,
has been exploited in the form of local linearity in the space of
acoustic features (e.g. cepstra). For example, GMM-VC models
joint probabilities in cepstral space and has achieved a certain
quality of conversion [6], [9]. Another example is NMF-VC,
which utilizes the property of the homo-domain mapping as
a weighted sum of spectral templates [8]. It can be said that
DNN-VC based on the spectral differentials also utilizes this
property [28], [29]. In some previous studies, part of the acoustic
difference of speakers is approximated by linear transformation
in cepstral space, focusing on the physical differences of speak-
ers [30], [31].

Based on the findings, in this paper, the restriction on the
input-output conversion defined in the cepstral space are ex-
ploited as prior in order to improve the performance of DNN-VC,
without increasing the amount of training data.

Our model time-variantly outputs parameters of linear trans-
formation and then the output feature is obtained by the linear
transformation of the input feature. This is VC based on DNN
for time-variant linear transformations (DNN-TVLT). In other
words, this paper attempts to introduce knowledge-based prior
into conversion models, by predicting both the linear transforma-
tion distortions and multiplicative distortions, separately. This
approach was first proposed in [32]. This paper provides more
analytical consideration by using detailed derivation and adds
further experimental discussion. The contents are as followings,

1) extension of experiments with more speaker pairs, the
other language dataset, and a more amount of training
data,

2) introducing vocal tract length transformation explicitly
into conversion process,

3) considering dynamic features,
4) investigation on incorporation of our proposal with LSTM.
(1) The results of extended experiments have strengthen the

effectiveness of our proposal. In addition, we assume that the
introduction of the top-down knowledge could be an alternative
to increasing the amount of training data, since the top-down
knowledge can guide the conversion models without training
data. Based on the assumption, the performance would get close
to the other methods by increasing the amount of training data.
The trends in the experimental results have been somewhat con-
sistent with the expectation. (2) We introduce a new module into
DNN-TVLT, i.e. vocal tract length (VTL) transformation. In the
previous study, DNN-TVLT had only two modules which were
estimation of linear transformation matrix and that of bias vector,
and then the appearance of matrices caused by the difference in
VTL was observed. In this paper, the VTL transformation is
explicitly introduced into our model as a module by estimating
a warping parameter α, and the module is experimentally eval-
uated. The experimental results have shown the effectiveness of
the explicit introduction. (3) We investigate incorporation of our
model with dynamic features. In the previous study, DNN-TVLT
did not consider any kinds of features including time-series
information. In speech recognition, synthesis, and VC studies,
dynamic features are widely used to improve the performance of
systems [33], [34], [35]. They represent the difference between
the consecutive frames and capture the temporal dynamics of

speech features. Although it is a traditional approach recently,
we adopt it as a step of incorporation of DNN-TVLT with
time-series modeling. The experimental results have shown
that our proposal, the linear modeling of conversion process,
have also worked well with time-series modeling. (4) We also
investigate incorporation with LSTM as a step of incorporation
of our proposal with time-series modeling. The experimental
results have not indicated any advantages of the incorporation,
but the two techniques, which are the linear modeling and
time-series modeling, are different in what is expected. The
incorporation of them in a sophisticated way would need to be
further investigated.

The remainder of this paper is organized as follows. Section II
describes the basic DNN-based VC approach. Section III de-
scribes related works to the homo-domain mapping on cepstral
space. Then, in Section IV, our proposed voice conversion based
on time-variant linear transformations is described. In Section V,
experimental evaluations are described. Finally, Section VI con-
cludes the paper.

II. DNN-BASED VC

In this section, the basic framework of DNN-VC is ex-
plained [7]. DNN-VC has been widely studied and it is common
to train a big model from a huge amount of training data [18],
[21]. There are various ways of exploiting data, such as preparing
a larger amount of training data from source and target speakers,
exploiting multi-speaker data, or exploiting external identifiers
which are used for training ASRs. For a basic one-to-one conver-
sion, VC based on LSTM, CNN, or attention-mechanism have
also been studied [12], [13], [36]. In the following, the most basic
DNN-VC and its feature conversion process are described.

In the traditional DNN-based VC, DNNs are trained to rep-
resent mapping directly from source to target spectral features,
often characterized as cepstrum, with a stack of multiple non-
linear transformations [7]. Let h(l) be a feature vector of the l-th
layer in a DNN, and then the nonlinear transformation function
between two layers is represented as a combination of linear
conversion from the previous layer and an activation function
g(·), which is shown as follows

h(l) = g
(
W (l)h(l−1) + b(l)

)
. (1)

In the traditional DNN-based VC, the DNN is trained to repre-
sent a mapping function from source features x to target ones y
as follows

y = G (x) , (2)

where G(·) is a stack of the layerwise nonlinear transformations
(1). In the conversion process, the target featurey is derived from
the given source feature x by the stack of multiple nonlinear
transformations G(·). The direct mapping through the multiple
nonlinear transformations can effectively and flexibly connect
features in heterogeneous domains, such as text and speech in
ASR or TTS. On the other hand, in the case of VC, the direct
mapping by a stack of non-linear functions can be redundant
since the task of VC is homo-domain mapping. In other words,
since it is a conversion from a vector to another in the same
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feature space, the conversion can be simply achieved by one
linear function. In addition, such a simple function will be more
interpretable for us. Modeling spectral differentials is an ex-
ample of the approach that takes advantage of the homo-domain
mapping [28], [29], [37]. In the spectral-differential-based meth-
ods, conversion models are trained to predict the difference of
input and output: y − x.

III. RELATED WORKS TO MODEL HOMO-DOMAIN MAPPING

ON CEPSTRAL SPACE

A. GMM-Based VC

In this section, we explain VC based on Gaussian mixture
model (GMM) [2], [6]. In the traditional GMM-based VC,
joint probability of input and output features on cepstrum space
is modeled by GMM, and the conversion process from input
to target features is locally linear transformation, which can
be interpreted as a use of the condition of the homo-domain
mapping.

Let xt and yt be feature vectors of time index t from ut-
terances of source and target speakers, respectively. Note that
these utterances are parallel data. In joint-GMM-based VC,
joint vector zt = [x�

t ,y
�
t ]

� is modeled by GMM which has
M components as follows

P
(
zt | λ(z)

)
=

M∑
m=1

wmN
(
zt;µ

(z)
m ,Σ(z)

m

)
, (3)

where wm, µ(z)
m and Σ(z)

m denote the weight, the mean vector,
and the covariance matrix of the m-th Gaussian component,
respectively. The mean vector and the covariance matrix can be
separately represented by that of source and target features as
follows

µ(z)
m =

[
µ

(x)
m

µ
(y)
m

]
,Σ(z)

m =

[
Σ

(xx)
m Σ(xy)

m

Σ(yx)
m Σ(yy)

m

]
. (4)

In the conversion phase, a mapping function from source to target
features F(·) is based on the conditional probability density
P (yt | xt). When we use minimizing mean square error for the
criterion of the conversion, the mapping function can be written
as follows

F (xt) =

M∑
m=1

P
(
m | xt,λ

(z)
)
E

(y)
m,t, (5)

where

E
(y)
m,t = µ(y)

m +Σ(yx)
m Σ(xx)−1

m

(
xt − µ(x)

m

)
. (6)

In (5) indicates that the first term P (m|xt,λ
(z)) plays a role of

allocating the source feature at time t to a specific component
of GMM, and the second term E

(y)
m,t plays a role of linear

transformation corresponding to the component. To be exact,
the conversion in (5) is carried out by the weighted sum of
each component, and then the conversion is not discrete but
continuous. From this point of view, the mapping function F(·)
can be represented as a time-variant linear transformation, which

is written as follows

ŷt = F (xt) = A (xt)xt + b (xt) , (7)

where

A (xt) =

M∑
m=1

P
(
m | xt,λ

(z)
)(

Σ(yx)
m Σ(xx)−1

m

)
, (8)

b (xt) =

M∑
m=1

P
(
m | xt,λ

(z)
)(

µ(y)
m −Σ(yx)

m Σ(xx)−1
m µ(x)

m

)
.

(9)

In (8) indicates that GMM-based time-variant linear transfor-
mation strongly depends on the properties of GMM, namely
that only the weighted sum of Σ(yx)

m Σ(xx)−1
m is permitted as

the flexibility of the transformation. In addition, the variance-
covariance matrix of joint-GMM Σ(z)

m is often assumed to
be cross-diagonal. In this case, since parts of the variance-
covariance matrix, Σ(yx)

m and Σ(xx)
m , are diagonal matrices, the

flexibility is limited and rotational properties between input and
target features have to be compensated by increasing the number
of components.

In VC based on non-negative matrix factorization (NMF),
although the feature domain and statistical models itself are
different, the conversion process is similar to that of GMM-VC,
in that the input feature vector is assigned to templates for inputs
and the output feature vector is constructed by the weighted sum
of templates for outputs [8].

B. Difference of Speakers in the Cepstral Space

In this section, the difference of speakers in the cepstral space
is discussed. The difference in vocal tract length (VTL) is widely
known as a physical difference between speakers that has a large
impact on acoustic distortion [38]. It has been shown that the
VTL normalization can be described as a linear transformation
in the cepstral space [30]. The effect of a VTL difference on the
spectral shape is modeled by a frequency warping function in
the spectral space. Here, we adopt a first order all-pass transform
function to approximate frequency warping, which is formulated
as

ẑ−1 =
z−1 − α

1− αz−1
(z = ejω, ẑ = ejω̂), (10)

where α is a warping parameter (|α| < 1.0). ω and ω̂ are fre-
quencies before and after transformation, respectively. In the
case of α > 0.0, the VTL gets shorter and, for example, this
corresponds to the male-to-female conversion. α < 0.0 realizes
the opposite effect. Pitz et al. modeled the above frequency
warping by a linear transformation in the cepstral space [30].
If power coefficients (c0 and ĉ0) are excluded, (10) can be
re-written as

ĉ = Ac, (11)

ĉ = (ĉ1 ĉ2 ĉ3 ĉ4 · · · )�, (12)



2984 IEEE/ACM TRANSACTIONS ON AUDIO, SPEECH, AND LANGUAGE PROCESSING, VOL. 30, 2022

Fig. 1. Visualization of some examples of identical VTL transformation
matrices constructed from a warping parameter α.

A =

⎛
⎜⎜⎜⎜⎜⎝

1− α2 2α− 2α3 · · · · · ·
−α+ α3 1− 4α2 + 3α4 · · · · · ·

...
...

...
...

...
...

...
...

⎞
⎟⎟⎟⎟⎟⎠ , (13)

c = (c1 c2 c3 c4 · · · )�, (14)

The element aij of A is generally denoted as

aij =
1

(j − 1)!

j∑
m=m0

(
j

m

)
(m+ i− 1)!

(m+ i− j)!
(−α)(m+i−j)αm,

(15)
where m0 = max(0, j − i) and(

j

m

)
=

{
jCm (j ≥ m)

0 (j < m),

where jCm =
j(j − 1)(j − 2) · · · (j −m+ 1)

m(m− 1)(m− 2) · · · 1 . (16)

Some examples of the matrices are shown in Fig. 1. It has
also been observed that the VTL transformation (VTLT) matrix
strongly has the property of a rotation matrix, and that the degree
of rotation varies depending on phonemes [31].

Since the VTLT alone converts a part of the speaker identi-
ties, we assume a general linear transformation to increase the
capability of conversion models. As a shift transformation in the
cepstral space, the acoustic properties of microphones are well
known. As for speaker identities, given that GMM models the
average values of spectrum for a certain period of time, we can
assume that part of the conversion of speaker identities is also
filtering, or a shift transformation in the cepstral space. Note
that the physical interpretation of the shift transformation is not
clear but the spectral-differential-based approaches achieve a
certain level of success [28], [29], [37]. Based on these findings,
this paper attempts to introduce knowledge-based prior into
conversion models, by predicting both the linear transformation
distortions and multiplicative distortions, separately.

IV. VC BASED ON DNN FOR TIME-VARIANT LINEAR

TRANSFORMATIONS

In this section, our proposal, VC based on DNN for time-
variant linear transformations (DNN-TVLT) is described. In
DNN-TVLT, the model time-variantly outputs parameters of

linear transformation, to utilize the homo-domain condition
more effectively than the traditional direct mapping models.

The network architecture of DNN-TVLT-based VC is shown
in Fig. 2. The entire network is composed of four sub-networks
and their connections. For each input xt, they estimate their cor-
responding parameters, which are linear transformation matrix,
biases, warping parameter, and dynamic feature. Using them,
a source feature vector Xt = [x�

t ,Δx�
t ]

� is mapped into its
target feature vector Ŷ t = [ŷt

�,Δŷt
�]�, shown as follows,

ŷt =
(
At +A

(α)
t

)(
xt − b

(src)
t

)
+ b

(tgt)
t , (17)

Δŷt = GΔy(Xt) (18)

Ŷ t =
[
ŷt

�,Δŷt
�
]�

(19)

where

At = GA(Xt), (20)

A
(α)
t =

⎛
⎜⎜⎜⎜⎜⎝

1− α2
t 2αt − 2α3

t · · · · · ·
−αt + α3

t 1− 4α2
t + 3α4

t · · · · · ·
...

...
...

...
...

...
...

...

⎞
⎟⎟⎟⎟⎟⎠ ,

(21)

αt = Gα(Xt) (22)

[
b(src)

�
t , b

(tgt)�
t

]�
= Gb(Xt). (23)

In the above equations, GA(·), Gb(·), Gα(·), GΔy(·) are sub-
networks for estimation of the linear transformation matrix,
biases, warping parameter, and dynamic feature, respectively.

In DNN-TVLT, the process of converting from input to target
features is constrained to linear transformation, which explicitly
models the homo-domain mapping (17). This constraint also
makes it easier to introduce further insights into the conversion
process as constraints. First, the vocal tract length transforma-
tion (VTLT) is introduced as a constraint to estimate linear
transformation matrix (21), (22). The biases corresponding to
shift transformation is introduced before and after the matrix
operation (17) because the VTLT has mainly the property of
rotation matrix [31]. In addition, in order to narrow down the
output space of the biases, we introduce Softmax in the layer
one layer before the last layer of the sub-network estimating the
biases, shown as follows,

bt = WL Softmax(WL−1 hL−2
t ), (24)

where WL and WL−1 are weight matrices of the Lth and (L−
1):th layers separately, and hL−2

t is an activation of the (L−
2):th layer at time index t. This means that the finally outputted
bias is a weighted sum of templates, in which WL plays a role
of the trainable templates, and hL−1

t = Softmax(WL−1 hL−2
t )

plays a role of the weights depending on the input.
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Fig. 2. Framework of the proposed DNN for time-variant linear transformations.

In our method, the feature conversion process must be a
linear transformation, but in a time-variant way. During the
training, an optimizer evaluates the predicted parameters: At,
αt, and b(src/tgt), only in terms of a criterion with respect to
the output: ŷt. Therefore, there are many possibilities about
combinations of the estimated parameters to obtain the output
feature ŷt through linear transformation, including unwanted
ones such as a combination of zero matrix and general biases.
The introduction of explicit VTLT into matrix estimation and
Softmax into bias estimation will avoid such unwanted cases. In
other words, they will enhance the advantages of our proposal,
i.e. utilization of the homo-domain condition of VC.

For the generation of the static features, the Maximum Like-
lihood Parameter Generation (MLPG) algorithm was used [35].
The adopted training criterion is the same as it often used
in conventional VC methods, which is minimization of mean
square error (MSE) between the generated features by MLPG
and the target features.

There are some studies related to DNN-TVLT [39], [40].
In [39], VTL transformation is cast to a layer in a DNN for
TTS, not VC. Their experimental results show that the DNN is
capable of predicting the phone-dependent warping parameter
αt on artificial data, and that VTLT-based adaptation improve
the quality of an acoustic model on real data. In [40], their
model time-variantly estimates parameters of Gaussian, instead
of directly estimating ones of linear transformations. While these
studies related to our proposed method, this paper differs in that
we focus on the introduction of constraints to the conversion
process and providing more analytical consideration about time-
variant linear transformation using DNN.

V. EXPERIMENTS

A. Experimental Setups

In this section, the linear modeling of feature conversion
process is experimentally evaluated in a parallel training scheme.

To evaluate our conversion model, subjective evaluations were
carried out.

The ATR Japanese speech dataset B-set were used as four
source and target pairs, which were male-to-male, female-to-
female, male-to-female, and female-to-male pairs (MMY and
FKS as source speakers and MHT and FKS as target speak-
ers) [41]. Speech signals were sampled at 20 kHz and down-
sampled to 16 k˙Hz. From the dataset, subset A, B, I and J of
phoneme-balanced sentences were used, which had about 50
sentences for each subset. The first two subsets, the third and
the forth subsets were used for training, validation and testing,
respectively. For the training set, we basically used only 50
utterances (subset A) except for some experiments in which 100
utterances were used. The amount of training data, 50 utterances,
is a resource-limited condition compared with other studies, for
example, about 600 utterances in [12] or about 800 utterances
in [13]. In the case of Voice Conversion Challenge (VCC), the
amount of the provided training data is comparable to the one
we used in this paper, but almost all submitted systems have
exploited a huge amount of additional training data. Hence, we
consider the training data of 50 utterances is a condition of a
small amount of training data.

Acoustic feature vectors were extracted with a 5-ms shift
and the feature vector consisted of the 0-th through 24-th mel-
cepstrums, which were derived from WORLD [42] (D4C edi-
tion [43]) analysis. In the experiments, we compared three meth-
ods, our proposed method (DNN-TVLT), a simple feed-forward
baseline (FFNN), and spectral-differential-based method (DNN-
DIFF). The numbers of layers and units of the DNN-TVLT,
FFNN and DNN-DIFF are shown in Table I. These hyper-
parameters were determined in validation loss by preliminary
experiments. Input and output features of the models were
static and dynamic features of source and target utterances,
respectively. For the the generation of the sequence of target
features, MLPG algorithm was used for all methods [35], [44].
In the process of MLPG, for the variances of target features,
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TABLE I
EXPERIMENTAL CONDITIONS OF EVALUATED METHODS. IN DNN-TVLT, THE FOUR NUMBER OF PARAMETERS OF LAYERS AND UNITS INDICATE THE NUMBER OF

PARAMETERS OF SUB-NETWORKS (ESTIMATING MATRIX, BIAS, WARPING PARAMETER, AND DYNAMIC FEATURE), RESPECTIVELY

pre-computed (global) ones from all training data were used.
The adopted training criterion of the methods were mean square
error (MSE) between target features and its predicted version
generated by MLPG, and also global variance was considered.
The loss function is shown as follows,

L = MSE(y, ŷMLPG) + λMSE(Var(y),Var(ŷMLPG)), (25)

where Var(·) indicates calculation of variance along with the
time axis and λ is a scholar value. MSE is chosen as a loss
function on the variances.1

We trained FFNN with λ ∈ {0.0, 10.0, 20.0, 40.0, 80.0} and
decided λ = 20 by listening to the converted speech. As an
optimization method of the models, AMSGrad with a learning
rate of 0.0002 was used [46]. The batch size was 1 utterance,
meaning that the size in the number of frames can be different
at each step. The average number of frames per one batch was
about 700. Training models was performed until the error on the
validation data no longer decreased.

The converted speech were generated based on WORLD
synthesis process from predicted features. The conversion of the
spectral features was performed as described above and the F0

transformation was performed by linear transformation defined
as

φ̂
(tgt)
t =

σ(tgt)

σ(src)

(
φ
(src)
t − μ(src)

)
+ μ(tgt), (26)

where φ
(src)
t and φ̂

(tgt)
t are the source and converted logarithmic

F0 at time index t, respectively. μ(src) and μ(tgt) are means of
logarithmic F0 of source and target speakers obtained from
training data, respectively. σ(src) and σ(tgt) are standard devi-
ations of logarithmic F0 of source and target speakers obtained
from training data, respectively. The aperiodic features were not
converted, it meant the ones of the source utterances were used
as were.

The subjective evaluations were conducted as follows. Two
kinds of preference tests were conducted to evaluate the nat-
uralness of the converted speech and the similarity between
the converted and target speech, respectively. The number of
subjects was 25 for each test. Note that they were disjoint. For
the naturalness evaluation, AB test was conducted in which 20
pairs of two converted speech were suggested and each subject
chose one which sounded more natural speech. For the speaker

1A Gaussian distribution is assumed as the likelihood of GV, as well as in
conventional methods [9], [45]. In this case, the choice of MSE loss on GV
is reasonable since they are equal in terms of fitting the mean vector of the
Gaussian. Of course, since the GV is a positive value, it may not be the correct
assumption, but the assumption would be fine when the training data is adequate.

Fig. 3. Preference scores between the proposed method (DNN- TVLT) and
baseline (FFNN) on naturalness and similarity to the target of converted speech,
in the case of training from 50 utterances (ATR dataset). 95% confidence
intervals are shown.

identity evaluation, in a similar manner to the naturalness one,
ABX test was conducted. In the test, 20 pairs of two converted
speech and reference speech were suggested and each subject
chose converted one which sounded more similar to the reference
one in terms of speaker identity. Note that all of these evaluations
were conducted via a crowdsourcing system and subjects with
extremely short listening time were manually excluded.

In addition to the experiments using the ATR dataset, we also
conducted ones using the CMU-ARCTIC dataset [47]. From
the dataset, BDL (male) and CLB (female) were chosen as
source speakers and RMS (male) and SLT (female) were chosen
as target speakers. As well as the experiments using the ATR
dataset, we used 50 utterances, 50 utterances, and 50 utterances
for training, validation, and test set. The rest of the experimental
conditions were the same as those in the experiment using the
ATR dataset.

B. Effectiveness of the Proposed Method

The experimental results of the comparison between the pro-
posed DNN-TVLT and FFNN using the ATR dataset, are shown
in Fig. 3. The comparison was in the case of using 50 training
utterances. In Fig. 3, the DNN-TVLT outperformed the FFNN in
some cases and, in the other cases, they were almost comparable.
On the other hand, in the case of using 100 training utterances,
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TABLE II
RESULTS OF OBJECTIVE EVALUATIONS BY MEL-CEPSTRAL DISTORTION [DB]. THE MODELS WERE TRAINED USING THE ATR DATASET

Fig. 4. Preference scores between the proposed method (DNN-TVLT) and
baseline (FFNN) on naturalness and similarity to the target of converted speech,
in the case of training from 100 utterances (ATR dataset). 95% confidence
intervals are shown.

their performance got closer to be comparable (Fig. 4). When
the amount of training data is increased, the advantage of the
proposed method becomes smaller because models can learn the
knowledge from data. Table II shows results of objective eval-
uations by mel-cepstral distortion (MCD). The MCD indicates
a distance between converted and target features, briefly. The
objective results of the FFNN and DNN-TVLT were not much
different although the subjective ones showed the DNN-TVLT
outperformed the FFNN in some speaker pairs. The reason
would be that MCD does not always indicate the quality of the
finally synthesized speech and their loss function does not equal
MCD itself since it includes loss on GV.

Figs. 5 and 6 show the results of the comparison between the
DNN-TVLT and FFNN using the CMU-ARCTIC dataset. The
results were similar to that using the ATR dataset, i.e. the DNN-
TVLT outperformed the FFNN in some cases and, in the other
cases, they were almost comparable. Consequently, the results
of the comparison slightly depend on speaker pairs, but suggest
that the proposed model utilize the prior top-down knowledge
to improve performance.

C. Ablation Study

We evaluated the effects of constraints on linear transforma-
tion matrix and biases by comparing DNN-TVLT to one without

Fig. 5. Preference scores between the proposed method (DNN-TVLT) and
baseline (FFNN) on naturalness and similarity to the target of converted speech,
in the case of training from 50 utterances (CMU-ARCTIC dataset). 95% confi-
dence intervals are shown.

them. The results are shown in Fig. 7. The models were trained
from scratch in which each estimation module was removed
from the DNN-TVLT.

Fig. 7(a) shows the result of the preference test for naturalness
between DNN-TVLT and DNN-TVLT without VTLT, which is
trained without the estimation of αt. In the results, DNN-TVLT
outperformed DNN-TVLT w/o VTLT. Fig. 8 shows visualization
of several examples of the linear transformation matrices, each of
which corresponds to a time frame of vowel ‘a’ and was extracted
from a test sentence using forced alignment by Julius [48]. In
the case of DNN-TVLT without VTLT (the bottom of Fig. 8),
the appearance of matrices caused by the difference in VTL
is observed but not clearly. On the other hand, in the case of
DNN-TVLT with VTLT (the top of Fig. 8), the appearance is em-
phasized, in particular the elements corresponding to the higher
dimensions of cepstrum vectors are emphasized. Compensating
the conversion for the high-dimensional elements of cepstrum
vectors has contributed to the improvement of the conversion
performance. The results indicate that VTLT as a constraint
effectively works to improve the performance of the conversion.

Fig. 9 shows examples of residual and VTLT matrices:At and
A

(α)
t . It means that the summations of them are the same matrix

as the top ones in Fig. 8. In Fig. 9, the predicted VTLT matrices
are close to ones in the case of intra-gender and cross-gender,
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Fig. 6. Preference scores between the proposed method (DNN-TVLT) and
baseline (FFNN) on naturalness and similarity to the target of converted speech,
in the case of training from 100 utterances (CMU-ARCTIC). 95% confidence
intervals are shown.

respectively (Fig. 1). However, the residual matrices counteract
it, in the elements corresponding to the higher dimensions of
cepstrum vectors. Although the introduction of VTLT works
well as shown in Fig. 7(a) and Fig. 8, there would be room for
improvement.

Unfortunately, we do not know of any means to evaluate these
matrices in a quantitative way. We have visualized the matrices
since we think that only VTLT in our method is interpretable
(although not quantitatively). Future research will be needed to
make the predicted parameters more interpretable.

In Fig. 7(b), the results of the preference test for naturalness
between DNN-TVLT and DNN-TVLT without Softmax for the
estimation of biases are shown. The results show that in a speaker
pair, the DNN-TVLT outperformed the one without Softmax but,
in the other pairs, they were comparable or the DNN-TVLT was
slightly outperformed. In addtion, we conducted the comparison
between DNN-TVLT w/o VTLT and DNN-TVLT w/o both
VTLT and Softmax (In Fig. 7(c)), this was similar to the previous
condition but the constraint on the estimation of matrices was
excluded. Fig. 7(c) shows that the constraint on the estimation of
biases works better. It means that the constraint on the estimation
of biases using Softmax can be competitive with the one of
matrices.

D. Comparison to Differential-Based Approach

Our proposed method was compared to one of the other
methods, which is based on spectral differentials. In some pre-
vious studies, it has been reported that predicting differentials
dt = yt − xt by DNN is better than predicting target vector it-
self [28], [29], [37]. Differential-based methods are much related
to our approach, because if we fixed linear transformation matrix
At to identity matrix I , our model is close to such approaches
as follows,

ŷt = I
(
xt − b

(src)
t

)
+ b

(tgt)
t (27)

Fig. 7. Preference scores on naturalness of converted speech, in which the
proposed method is compared to the one without each module or constraint.
95% confidence intervals are shown.

Fig. 8. Visualization of several examples of predicted matrices., They cor-
respond to a time frame of vowel ‘a’. The top matrices are predicted by
DNN-TVLT i.e. including the estimation of warping parameters. The bottom
ones are predicted by DNN-TVLT without VTLT i.e. predicting a general matrix
only. Note that DNN-TVLT w/o VTLT is trained from scratch, excluding the
estimation of warping parameters.

= xt + bt, (28)

therefore,

d̂t = ŷt − xt = bt = G(xt). (29)

In addition, in the case of intra-gender conversion (α ∼ 0.0),
linear transformation matrix is close to identity matrix (they are
equal if α = 0.0). Hence, for the further investigation of our
proposal, experimental comparison between the DNN-TVLT
and differential-based approach (DNN-DIFF) was conducted.
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Fig. 9. Visualization of examples of residuals and VTLT matrices: At and

A
(α)
t . They are predicted by DNN-TVLT and the sum of them: At +A

(α)
t , is

the same matrix as shown in Fig. 8. Note that they correspond to a time frame
of vowel ‘a’.

Fig. 10. Preference scores between the proposed method (DNN-TVLT) and
spectral-differential-based method (DNN-DIFF) on naturalness and similarity
to the target of converted speech. 95% confidence intervals are shown.

The experimental results are shown in Fig. 10. The results
show that while in the case of intra-gender conversion they are
comparable, the DNN-TVLT outperforms the DNN-DIFF in the
case of cross-gender conversion. Considering the relationship
between the prediction of spectral differentials and the inter-
pretation of physical differences between speakers, the effect
of the proposed method is apparent, which explicitly models
physical differences not only between intra-gender speakers but
also between cross-gender speakers.

E. Comparison With LSTM-Based Models

In this section, in order to investigate incorporation of our
proposal with a more sophisticated architecture, LSTM-based
models were implemented and experimental evaluations were
carried out. The experimental settings were the same as that

using the ATR dataset, except for the model architectures. The
architectures of LSTM-based models, which were a LSTM-
based baseline (LSTM) and a LSTM-based one with the linear
modeling (LSTM-TVLT), were implemented as followings. In
the LSTM, the two latter dense layers in the FFNN (Table I)
were replaced by uni-directional LSTM layers. In other words,
the first two layers were dense layers, and this implementation
was inspired by the conventional LSTM-based model [49]. In
the LSTM-TVLT, the layers of each sub-network were replaced
two uni-directional LSTM layers. In addition, two dense layers
before the inputs of sub-networks were added, i.e. shared layers,
as well in the LSTM. The numbers of units of the two shared
layers were 2048, and the other numbers of units in the LSTM
and LSTM-TVLT were the same as shown in Table I.

Table III shows subjective absolute scores. Naturalness of
the converted speech was evaluated by mean opinion scores
(MOS) ranging from 1 (“completely unnatural”) to 5 (“com-
pletely natural”). Similarity between the converted and target
speech was evaluated by the same/different paradigm [50]. In the
similarity test, subjects were asked to listen to two audio pairs
and to judge if they were the same speaker or not, ranging from
1 (“different, absolutely sure”) to 4 (“same, absolutely sure”).
In the experimental results, the DNN-TVLT and LSTM-TVLT
was almost comparable to LSTM. In the case of female-to-
female conversion, the DNN-TVLT outperformed the LSTM
and the LSTM-TVLT. The reason would be the less amount of
training data, since LSTM is powerful but generally requires
more amount of data to be trained adequately. For examples,
our models were trained from 50 utterances but conventional
LSTM-based models have been trained or pre-trained from
about 600 utterances [12], [49]. Although the LSTM-TVLT was
expected to be good in this situation, it was almost comparable
to the LSTM. The results did not indicate any advantages of
the incorporation. Table IV shows model sizes of them. The
models using LSTM, which are “LSTM” and “LSTM-TVLT,”
have much more parameters than the others. Considering the
subjective results, DNN-TVLT has an advantage of model size
over LSTM. However, the two techniques are different in what
is expected. Our proposal, the linear modeling of feature con-
version process, is expected to be complements of insufficient
amount of data and LSTM architecture is expected to capture
information across the time direction. The incorporation of them
in a sophisticated way would need to be further investigated.

In addition, there is a gap between the MOS scores of listed
systems in Table III and those of recent systems such as devel-
oped in VCC2020 [25]. The main difference would be vocoding
methods, i.e. they have used neural vocoders [51], [52], [53],
[54], [55], [56], [57]. When such neural vocoders which have
already trained from a large amount of external data, are used
in our system, the quality of the finally outputted speech will be
improved. However, this paper is placed in the different context,
where VC models are built from a limited amount of training
data, and it focuses on feature conversion. Hence using neural
vocoders is beyond the scope of this paper although it will im-
prove the performance of the system. In order to cope with both
high quality and low data requirement, waveform generation
with limited amount of training data should be investigated.
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TABLE III
MEAN OPINION SCORES (1-TO-5) ON NATURALNESS AND SIMILARITY SCORE (1-TO-4) BASED ON THE SAME/DIFFERENT PARADIGM

TABLE IV
MODEL SIZES OF FFNN, DNN-DIFF, DNN-TVLT, LSTM, AND LSTM-TVLT

VI. CONCLUSION

We have proposed a new voice conversion framework based
on DNN for time-variant linear transformations, which exploits
an attribute of VC i.e. homo-domain mapping. By using our
knowledge of speech as a prior, the conversion performance
versus the amount of training data is improved. In this paper,
a constraint of time-variant linear transformation has been in-
troduced to the feature conversion process. The local linear
transformation in cepstral space as the conversion process is
a common assumption in GMM or NMF-VC. In addition, the
proposed method can explicitly consider the physical difference
of speakers, namely VTL transformation, into the model. The
experimental evaluation results have indicated that our proposal
works well and improves the conversion performance. Observa-
tions of the predicted parameters of linear transformation have
also shown that an implicit VTL transformation-like function
was learned, and that the explicit constraint boosted the per-
formance. The relationship between the proposed method and
the spectral differentials-based method against the background
of physical difference of speakers has been also investigated,
and it has been experimentally confirmed that the proposed
method outperforms the differential-based one in the case of
cross-gender conversion.

In this paper, the incorporation with LSTM have also been
investigated but a straight-forward implementation have not
worked well, in terms of the quality of outputted speech.
Further investigation is required, in particular to evaluate the
trajectory of predicted parameters of linear transformation. It
is also important to apply our proposal to non-parallel VC or
many-to-many VC. In this paper, our proposal is experimentally
evaluated in a parallel training scheme, but the idea of the
introduction of top-down knowledge itself would be useful in a
non-parallel training scheme. The non-parallel training reduces
the cost of data collection since there is no need to align the

contents of utterances in the input and output data. It also avoids
time-alignment and thus improves the conversion performance.
However, the non-parallel training is a more difficult task since
it requires implicit phonetic correspondence of input and out-
put during training. Therefore, it requires a huge amount of
training data or external modules to achieve good performance.
Our linear modeling of conversion process would be useful to
mitigate the difficulty of the non-parallel training. There are two
reasons. First, the linear modeling of conversion process could
be an alternative to increasing the amount of training data. Next,
in the non-parallel training, where a target feature phonetically
corresponding to a given source feature is lacked, our proposal
would be useful since it can guide the conversion models in
terms of their conversion process. We will apply our proposal
to such more difficult tasks. Although it is not in the context
of feature conversion, high quality waveform generation with
limited amount of training data is also important to boost the
quality of voice conversion.

REFERENCES

[1] M. Abe, S. Nakamura, K. Shikano, and H. Kuwabara, “Voice conversion
through vector quantization,” in Proc. Int. Conf. Acoust., Speech, Signal
Process., 1988, pp. 655–658.

[2] A. Kain and M. W. Macon, “Spectral voice conversion for text-to-speech
synthesis,” in Proc. Int. Conf. Acoust., Speech, Signal Process., 1998,
pp. 285–288.

[3] L. Deng, A. Acero, L. Jiang, J. Droppo, and X. Huang, “High-performance
robust speech recognition using stereo training data,” in Proc. Int. Conf.
Acoust., Speech, Signal Process., 2001, pp. 301–304.

[4] B. L. Pellom and J. H. Hansen, “An experimental study of speaker
verification sensitivity to computer voice-altered imposters,” in Proc. Int.
Conf. Acoust., Speech, Signal Process., 1999, pp. 837–840.

[5] K. Nakamura, T. Toda, H. Saruwatari, and K. Shikano, “Speaking aid sys-
tem for total laryngectomees using voice conversion of body transmitted
artificial speech,” in Proc. Interspeech, 2006, pp. 1395–1398.

[6] Y. Stylianou, O. Cappe, and E. Moulines, “Continuous probabilistic trans-
form for voice conversion,” IEEE Speech Audio Process., vol. 6, no. 2,
pp. 131–142, Mar. 1998.

[7] S. Desai, E. V. Raghavendra, B. Yegnanarayana, A. W. Black,
and K. Prahallad, “Voice conversion using artificial neural net-
works,” in Proc. Int. Conf. Acoust., Speech, Signal Process., 2009,
pp. 3893–3896.

[8] Z. Wu, T. Virtanen, T. Kinnunen, E. S. Chng, and H. Li, “Exemplar-based
voice conversion using non-negative spectrogram deconvolution,” in Proc.
ISCA Workshop Speech Synth., 2013, pp. 201–206.

[9] T. Toda, A. W. Black, and K. Tokuda, “Voice conversion based on
maximum-likelihood estimation of spectral parameter trajectory,” IEEE
Trans. Audio, Speech, Lang. Process., vol. 15, no. 8, pp. 2222–2235,
Nov. 2007.

[10] L. H. Chen, Z. H. Ling, Y. Song, and L. R. Dai, “Joint spectral distribution
modeling using restricted boltzmann machines for voice conversion,” in
Proc. Interspeech, 2013, pp. 3052–3056.



KOTANI et al.: VOICE CONVERSION BASED ON DEEP NEURAL NETWORKS FOR TIME-VARIANT LINEAR TRANSFORMATIONS 2991

[11] T. Nakashika, T. Takiguchi, and Y. Ariki, “Sparse nonlinear representation
for voice conversion,” in Proc. IEEE Int. Conf. Multimedia Expo, 2015,
pp. 1–6.

[12] L. Sun, S. Kang, K. Li, and H. Meng, “Voice conversion using deep
bidirectional long short-term memory based recurrent neural networks,”
in Proc. Int. Conf. Acoust., Speech, Signal Process., 2015, pp. 4869–4873.

[13] T. Kaneko, H. Kameoka, K. Hiramatsu, and K. Kashino, “Sequence-to-
sequence voice conversion with similarity metric learned using generative
adversarial networks,” in Proc. Interspeech, 2017, pp. 1283–1287.

[14] D. Erro, A. Moreno, and A. Bonafonte, “INCA algorithm for training
voice conversion systems from nonparallel corpora,” IEEE Trans. Audio,
Speech, Lang. Process., vol. 18, no. 5, pp. 944–953, Jul. 2010.

[15] H. Suda, G. Kotani, and D. Saito, “Nonparallel training of exemplar-based
voice conversion system using INCA-based alignment technique,” in Proc.
Interspeech, 2020, pp. 4681–4685.

[16] C. Hsu, H. Hwang, Y. Wu, Y. Tsao, and H. Wang, “Voice conversion from
non-parallel corpora using variational auto-encoder,” in Proc. Asia-Pacific
Signal Inf. Process. Assoc. Annu. Summit Conf., 2016, pp. 1–6.

[17] L. Sun, K. Li, H. Wang, S. Kang, and H. Meng, “Phonetic posteriorgrams
for many-to-one voice conversion without parallel data training,” in Proc.
Int. Conf. Multimedia Expo, 2016, pp. 1–6.

[18] L. J. Liu, Z. H. Ling, Y. Jiang, M. Zhou, and L. R. Dai, “WaveNet vocoder
with limited training data for voice conversion,” in Proc. Interspeech, 2018,
pp. 1983–1987.

[19] Y. Saito, Y. Ijima, K. Nishida, and S. Takamichi, “Non-parallel voice
conversion using variational autoencoders conditioned by phonetic pos-
teriorgrams and D-Vectors,” in Proc. Int. Conf. Acoust., Speech, Signal
Process., 2018, pp. 5274–5278.

[20] T. Kaneko and H. Kameoka, “Cyclegan-VC: Non-parallel voice conver-
sion using cycle-consistent adversarial networks,” in Proc. Eur. Signal
Process. Conf., 2018, pp. 2100–2104.

[21] J. Zhang et al., “Voice conversion by cascading automatic speech recog-
nition and text-to-speech synthesis with prosody transfer,” in Proc.
Joint Workshop Blizzard Challenge Voice Convers. Challenge, 2020,
pp. 121–125.

[22] T. Toda, Y. Ohtani, and K. Shikano, “Eigenvoice conversion based on
gaussian mixture model,” in Proc. Interspeech, 2006, pp. 2446–2449.

[23] D. Saito, K. Yamamoto, N. Minematsu, and K. Hirose, “One-to-many
voice conversion based on tensor representation of speaker space,” in Proc.
Interspeech, 2011, pp. 653–656.

[24] J. Lorenzo-Trueba et al., “The voice conversion challenge 2018: Promoting
development of parallel and nonparallel methods,” in Proc. Odyssey, 2018,
pp. 195–202.

[25] Y. Zhao et al., “Voice Conversion Challenge 2020 – Intra-lingual semi-
parallel and cross-lingual voice conversion –,” in Proc. Joint Workshop
Blizzard Challenge Voice Convers. Challenge, 2020, pp. 80–98.

[26] C. Stephenson, G. Keskin, A. Thomas, and O. H. Elibol, “Semi-supervised
voice conversion with amortized variational inference,” in Proc. Inter-
speech, 2019, pp. 729–733.

[27] M. Chen, W. Hou, J. Ma, S. Wang, and J. Xiao, “Non-parallel voice
conversion with fewer labeled data by conditional generative adversarial
networks,” in Proc. Interspeech, 2020, pp. 4716–4720.

[28] H. Murakami, S. Hara, M. Abe, M. Sato, and S. Minagi, “Naturalness
improvement algorithm for reconstructed glossectomy patient’s speech
using spectral differential modification in voice conversion,” in Proc.
Interspeech, 2018, pp. 2464–2468.

[29] Y. Saito, S. Takamichi, and H. Saruwatari, “Voice conversion using input-
to-output highway networks,” IEICE Trans. Inf. Syst., vol. 100, no. 8,
pp. 1925–1928, 2017.

[30] M. Pitz and H. Ney, “Vocal tract normalization equals linear transfor-
mation in cepstral space,” IEEE Speech Audio Process., vol. 13, no. 5,
pp. 930–944, Sep. 2005.

[31] D. Saito, N. Minematsu, and K. Hirose, “Rotational properties of vocal
tract length difference in cepstral space,” J. ResearchInstitute Signal Pro-
cess., vol. 15, no. 5, pp. 367–374, 2011.

[32] G. Kotani, D. Saito, and N. Minematsu, “Voice conversion based on
deep neural networks for time-variant linear transformations,” in Proc.
Asia-Pacific Signal Inf. Process. Assoc. Annu. Summit Conf., 2017,
pp. 1259–1262.

[33] S. Furui, “Speaker-independent isolated word recognition using dynamic
features of speech spectrum,” IEEE Trans. Acoust., Speech, Signal Pro-
cess., vol. 34, no. 1, pp. 52–59, Feb. 1986.

[34] K. Tokuda, T. Kobayashi, and S. Imai, “Speech parameter generation from
HMM using dynamic features,” in Proc. Int. Conf. Acoust., Speech, Signal
Process., 1995, pp. 660–663.

[35] T. Toda and K. Tokuda, “A speech parameter generation algorithm con-
sidering global variance for HMM-based speech synthesis,” IEICE Trans.
Inf. Syst., vol. 90, no. 5, pp. 1877–1884, 2007.

[36] K. Tanaka, H. Kameoka, T. Kaneko, and N. Hojo, “ATTS2S-VC:
Sequence-to-sequence voice conversion with attention and context preser-
vation mechanisms,” in Proc. Int. Conf. Acoust., Speech, Signal Process.,
2019, pp. 6805–6809.

[37] K. Kobayashi, T. Toda, G. Neubig, S. Sakti, and S. Nakamura, “Statistical
singing voice conversion with direct waveform modification based on the
spectrum differential,” in Proc. Interspeech, 2014, pp. 2514–2518.

[38] L. Lee and R. Rose, “A frequency warping approach to speaker normal-
ization,” IEEE Speech Audio Process., vol. 6, no. 1, pp. 49–60, Jan. 1998.

[39] B. Schnell and P. N. Garner, “Neural VTLN for speaker adaptation in
TTS,” in Proc. 10th ISCA Speech Synth. Workshop, 2019, pp. 29–34.

[40] G. Kotani and D. Saito, “Voice conversion based on full-covariance mix-
ture density networks for time-variant linear transformations,” in Proc.
ISCA Workshop Speech Synth., 2019, pp. 75–80.

[41] A. Kurematsu, K. Takeda, Y. Sagisaka, S. Katagiri, H. Kuwabara, and K.
Shikano, “ATR Japanese speech database as a tool of speech recognition
and synthesis,” Speech Commun., vol. 9, no. 4, pp. 357–363, 1990.

[42] M. Morise, F. Yokomori, and K. Ozawa, “WORLD: A vocoder-based high-
quality speech synthesis system for real-time applications,” IEICE Trans.
Inf. Syst., vol. 99, no. 7, pp. 1877–1884, 2016.

[43] M. Morise, “D4C, a band-aperiodicity estimator for high-quality speech
synthesis,” Speech Commun., vol. 84, pp. 57–65, 2016.

[44] F. L. Xie, Y. Qian, Y. Fan, F. K. Soong, and H. Li, “Sequence error (SE)
minimization training of neural network for voice conversion,” in Proc.
Interspeech, 2014, pp. 2283–2287.

[45] N. Hosaka, K. Hashimoto, K. Oura, Y. Nankaku, and K. Tokuda, “Voice
conversion based on trajectory model training of neural networks consid-
ering global variance,” in Proc. Interspeech, 2016, pp. 307–311. [Online].
Available: http://dx.doi.org/10.21437/Interspeech.2016-1035

[46] S. J. Reddi, S. Kale, and S. Kumar, “On the convergence of Adam and
beyond,” in Proc. Int. Conf. Learn. Representations, 2018.

[47] J. Kominek and A. Black, “The CMU ARCTIC speech databases,” in Proc.
5th ISCA Speech Synth. Workshop, 2004, pp. 223–224.

[48] A. Lee, T. Kawahara, and K. Shikano, “Julius – An open source real-
time large vocabulary recognition engine,” in Proc. EUROSPEECH, 2001,
pp. 1691–1694.

[49] J. Lai, B. Chen, T. Tan, S. Tong, and K. Yu, “Phone-aware LSTM-RNN for
voice conversion,” in Proc. Int. Conf. Signal Process., 2016, pp. 177–182.

[50] M. Wester, Z. Wu, and J. Yamagishi, “Analysis of the voice conver-
sion challenge 2016 evaluation results,” in Proc. Interspeech, 2016,
pp. 1637–1641.

[51] A. van den Oord et al., “WaveNet: A generative model for raw audio,”
2016, arXiv:1609.03499.

[52] S. Mehri et al., “SampleRNN: An unconditional end-to-end neural audio
generation model,” in Proc. Int. Conf. Representations, 2017.

[53] A. Tamamori, T. Hayashi, K. Kobayashi, K. Takeda, and T. Toda, “Speaker-
dependent WaveNet vocoder,” in Proc. Interspeech, 2017, pp. 1118–1122.

[54] R. Prenger, R. Valle, and B. Catanzaro, “WaveGlow: A flow-based gen-
erative network for speech synthesis,” in Proc. Int. Conf. Acoust., Speech,
Signal Process., 2019, pp. 3617–3621.

[55] J.-M. Valin and J. Skoglund, “LPCNet: Improving neural speech synthesis
through linear prediction,” in Proc. Int. Conf. Acoust., Speech, Signal
Process., 2019, pp. 5891–5895.

[56] X. Wang, S. Takaki, and J. Yamagishi, “Neural source-filter-based wave-
form model for statistical parametric speech synthesis,” in Proc. Int. Conf.
Acoust., Speech, Signal Process., 2019, pp. 5916–5920.

[57] R. Yamamoto, E. Song, and J.-M. Kim, “Probability density distillation
with generative adversarial networks for high-quality parallel waveform
generation,” in Proc. Interspeech, 2019, pp. 699–703.

Gaku Kotani received the B.E. and M.S. degrees in
engineering in 2017 and 2019, respectively, from the
University of Tokyo, Tokyo, Japan, where he is cur-
rently working toward the Ph.D. degree. His research
interests include speech engineering and machine
learning, especially statistical voice conversion and
speech synthesis. He is a Member of the International
Speech Communication Association and the Acous-
tical Society of Japan.

http://dx.doi.org/10.21437/Interspeech.2016-1035


2992 IEEE/ACM TRANSACTIONS ON AUDIO, SPEECH, AND LANGUAGE PROCESSING, VOL. 30, 2022

Daisuke Saito received the B.E., M.S., and Dr. Eng.
degrees from the University of Tokyo, Tokyo, Japan,
in 2006, 2008, and 2011, respectively. From 2010
to 2011, he was a Research Fellow (DC2) of the
Japan Society for the Promotion of Science. He is
currently an Associate Professor with the Graduate
School of Engineering, The University of Tokyo.
He research interests include speech engineering, in-
cluding voice conversion, speech synthesis, acoustic
analysis, speaker recognition, and speech recognition.
Dr. Saito is also a Member of the International Speech

Communication Association, Acoustical Society of Japan, Information Process-
ing Society of Japan, Institute of Electronics, Information and Communication
Engineers, and Institute of Image Information and Television Engineers. He was
the recipient of the ISCA Award for the Best Student Paper of INTERSPEECH
2011, Awaya Award from the ASJ in 2012, and Itakura Award from ASJ in 2014.

Nobuaki Minematsu (Member, IEEE) received the
doctor of Engineering from The University of Tokyo,
Tokyo, Japan, in 1995. He became a Research Asso-
ciate with the Toyohashi University of Technology,
Toyohashi, Japan. In 2000, he became an Associate
Professor with UTokyo, where he has been a Full
Professor since 2012. From 2002 to 2003, he was a
Visiting Researcher with the Royal Institute of Tech-
nology, Sweden. He has a very wide interest in speech
communication covering the areas of speech science
and speech engineering, especially he has an expert

and practical knowledge on Computer-Aided Language Learning (CALL). He
was the recipient of paper awards from multiple journals and conferences and
provided tutorial and keynote talks to multiple conferences. He was also the Chair
of Speech Prosody 2020 and as distinguished Lecturer of Asia Pacific Signal
and Information Processing Association. He is currently a Board Member of
International Speech Communication Association and the Director of Acoustic
Society of Japan. He is also a Member of IPA, SLaTE, IEICE, IPSJ, PSJ, JSAI,
and LET.



<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Gray Gamma 2.2)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.4
  /CompressObjects /Off
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /sRGB
  /DoThumbnails true
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams true
  /MaxSubsetPct 100
  /Optimize true
  /OPM 0
  /ParseDSCComments false
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo false
  /PreserveFlatness true
  /PreserveHalftoneInfo true
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Remove
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
    /Algerian
    /Arial-Black
    /Arial-BlackItalic
    /Arial-BoldItalicMT
    /Arial-BoldMT
    /Arial-ItalicMT
    /ArialMT
    /ArialNarrow
    /ArialNarrow-Bold
    /ArialNarrow-BoldItalic
    /ArialNarrow-Italic
    /ArialUnicodeMS
    /BaskOldFace
    /Batang
    /Bauhaus93
    /BellMT
    /BellMTBold
    /BellMTItalic
    /BerlinSansFB-Bold
    /BerlinSansFBDemi-Bold
    /BerlinSansFB-Reg
    /BernardMT-Condensed
    /BodoniMTPosterCompressed
    /BookAntiqua
    /BookAntiqua-Bold
    /BookAntiqua-BoldItalic
    /BookAntiqua-Italic
    /BookmanOldStyle
    /BookmanOldStyle-Bold
    /BookmanOldStyle-BoldItalic
    /BookmanOldStyle-Italic
    /BookshelfSymbolSeven
    /BritannicBold
    /Broadway
    /BrushScriptMT
    /CalifornianFB-Bold
    /CalifornianFB-Italic
    /CalifornianFB-Reg
    /Centaur
    /Century
    /CenturyGothic
    /CenturyGothic-Bold
    /CenturyGothic-BoldItalic
    /CenturyGothic-Italic
    /CenturySchoolbook
    /CenturySchoolbook-Bold
    /CenturySchoolbook-BoldItalic
    /CenturySchoolbook-Italic
    /Chiller-Regular
    /ColonnaMT
    /ComicSansMS
    /ComicSansMS-Bold
    /CooperBlack
    /CourierNewPS-BoldItalicMT
    /CourierNewPS-BoldMT
    /CourierNewPS-ItalicMT
    /CourierNewPSMT
    /EstrangeloEdessa
    /FootlightMTLight
    /FreestyleScript-Regular
    /Garamond
    /Garamond-Bold
    /Garamond-Italic
    /Georgia
    /Georgia-Bold
    /Georgia-BoldItalic
    /Georgia-Italic
    /Haettenschweiler
    /HarlowSolid
    /Harrington
    /HighTowerText-Italic
    /HighTowerText-Reg
    /Impact
    /InformalRoman-Regular
    /Jokerman-Regular
    /JuiceITC-Regular
    /KristenITC-Regular
    /KuenstlerScript-Black
    /KuenstlerScript-Medium
    /KuenstlerScript-TwoBold
    /KunstlerScript
    /LatinWide
    /LetterGothicMT
    /LetterGothicMT-Bold
    /LetterGothicMT-BoldOblique
    /LetterGothicMT-Oblique
    /LucidaBright
    /LucidaBright-Demi
    /LucidaBright-DemiItalic
    /LucidaBright-Italic
    /LucidaCalligraphy-Italic
    /LucidaConsole
    /LucidaFax
    /LucidaFax-Demi
    /LucidaFax-DemiItalic
    /LucidaFax-Italic
    /LucidaHandwriting-Italic
    /LucidaSansUnicode
    /Magneto-Bold
    /MaturaMTScriptCapitals
    /MediciScriptLTStd
    /MicrosoftSansSerif
    /Mistral
    /Modern-Regular
    /MonotypeCorsiva
    /MS-Mincho
    /MSReferenceSansSerif
    /MSReferenceSpecialty
    /NiagaraEngraved-Reg
    /NiagaraSolid-Reg
    /NuptialScript
    /OldEnglishTextMT
    /Onyx
    /PalatinoLinotype-Bold
    /PalatinoLinotype-BoldItalic
    /PalatinoLinotype-Italic
    /PalatinoLinotype-Roman
    /Parchment-Regular
    /Playbill
    /PMingLiU
    /PoorRichard-Regular
    /Ravie
    /ShowcardGothic-Reg
    /SimSun
    /SnapITC-Regular
    /Stencil
    /SymbolMT
    /Tahoma
    /Tahoma-Bold
    /TempusSansITC
    /TimesNewRomanMT-ExtraBold
    /TimesNewRomanMTStd
    /TimesNewRomanMTStd-Bold
    /TimesNewRomanMTStd-BoldCond
    /TimesNewRomanMTStd-BoldIt
    /TimesNewRomanMTStd-Cond
    /TimesNewRomanMTStd-CondIt
    /TimesNewRomanMTStd-Italic
    /TimesNewRomanPS-BoldItalicMT
    /TimesNewRomanPS-BoldMT
    /TimesNewRomanPS-ItalicMT
    /TimesNewRomanPSMT
    /Times-Roman
    /Trebuchet-BoldItalic
    /TrebuchetMS
    /TrebuchetMS-Bold
    /TrebuchetMS-Italic
    /Verdana
    /Verdana-Bold
    /Verdana-BoldItalic
    /Verdana-Italic
    /VinerHandITC
    /Vivaldii
    /VladimirScript
    /Webdings
    /Wingdings2
    /Wingdings3
    /Wingdings-Regular
    /ZapfChanceryStd-Demi
    /ZWAdobeF
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 150
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages false
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 900
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.00111
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /ColorImageDict <<
    /QFactor 0.40
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 150
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages false
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 1200
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.00083
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /GrayImageDict <<
    /QFactor 0.40
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 15
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages false
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1600
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.00063
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile (None)
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /CreateJDFFile false
  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000410064006f006200650020005000440046002065876863900275284e8e55464e1a65876863768467e5770b548c62535370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef69069752865bc666e901a554652d965874ef6768467e5770b548c52175370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA (Utilizzare queste impostazioni per creare documenti Adobe PDF adatti per visualizzare e stampare documenti aziendali in modo affidabile. I documenti PDF creati possono essere aperti con Acrobat e Adobe Reader 5.0 e versioni successive.)
    /JPN <>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020be44c988b2c8c2a40020bb38c11cb97c0020c548c815c801c73cb85c0020bcf4ace00020c778c1c4d558b2940020b3700020ac00c7a50020c801d569d55c002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken waarmee zakelijke documenten betrouwbaar kunnen worden weergegeven en afgedrukt. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Use these settings to create PDFs that match the "Suggested"  settings for PDF Specification 4.0)
  >>
>> setdistillerparams
<<
  /HWResolution [600 600]
  /PageSize [612.000 792.000]
>> setpagedevice


