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Abstract—This paper proposes an expressive singing voice
synthesis system by introducing explicit vibrato modeling and
latent energy representation. Vibrato is essential to the natural-
ness of synthesized sound, due to the inherent characteristics
of human singing. Hence, a deep learning-based vibrato model
is introduced in this paper to control the vibrato’s likeliness,
rate, depth and phase in singing, where the vibrato likeliness
represents the existence probability of vibrato and it would
help improve the singing voice’s naturalness. Actually, there is
no annotated label about vibrato likeliness in existing singing
corpus. We adopt a novel vibrato likeliness labeling method
to label the vibrato likeliness automatically. Meanwhile, the
power spectrogram of audio contains rich information that can
improve the expressiveness of singing. An autoencoder-based
latent energy bottleneck feature is proposed for expressive singing
voice synthesis. Experimental results on the open dataset NUS48E
show that both the vibrato modeling and the latent energy
representation could significantly improve the expressiveness of
singing voice. The audio samples are shown in the demo website'.

Index Terms—Singing Voice Synthesis, Pitch Model, Vibrato,
Energy Representation

I. INTRODUCTION

Singing voice synthesis (SVS) systems [!]-[7] generate
singing voices from musical scores which contain music
information such as lyrics, tempo, pitch, etc. SVS is similar
to the text-to-speech (TTS) task [8]-[13] in terms of gener-
ating speech from text. The difference is that SVS should
reproduce emotional ebbs and flows beyond generating a
natural-sounding voice [14]-[16]. The state-of-the-art singing
voice synthesis systems already provide multiple solutions for
the application, while synthesized voices lack expressiveness
compared to real voices.

Over the past few decades, researchers have made many
efforts to enhance expressiveness. In [17], Umbert et al
presented the expressiveness is related to a set of voice
parameters and classifies the expression control parameters
into four categories including melody, dynamics, rthythm, and
timbre. Rooted in [17], many subsequent works for expressive
singing voice synthesis focus on improvement about these
control parameters, especially melody, dynamics a.k.a pitch
and energy. For example, to predict pitch feature better, Yi

* Work was done during internship at JD AI Research.
Thttps://mango321321.github.io/ExpressiveSing/

978-1-6654-7189-3/22/$31.00 © 2022 IEEE

et al. [18] utilized deep autoregressive network to capture
the dependencies among the consecutive acoustic features.
Zhuang et al. [1] separated the pitch feature from the acoustic
feature to avoid the interdependence between these pitch
features and the timbre features. Ren et al. [9] introduced the
pitch and energy information into the speech generation task
and presented variance adaptors to make the generated audio
expressive. In this article, we enhance expressiveness from
these two aspects as well.

Pitch conveys melody according to score and contains score-
independent dynamic movements in a singing voice, such as
vibrato. Because vibrato is not available in music score and
it is unknown where the vibrato will appear, we introduced
vibrato likeliness into pitch model to predict where the vibrato
will occur. Vibrato likeliness represents the existence proba-
bility of vibrato but there is no annotated data in the existing
dataset. Additional labeling is feasible but expensive. To
address this problem, we propose a novel automatic labeling
model called Vibrato Likeliness Labeling Network (VLLN),
which is trained using the simulated data.

Many studies show that energy is related to volume and
prosody of the singing voice which affect expressiveness
crucially. The energy prediction can be recast as the task
of recovering the feature of power spectrogram. In previous
work [1], [9], [19], the L2-Norm of the amplitude spectrogram
is taken as energy information to promote expressiveness.
However, this 1-dimensional energy representation loses a lot
of spectrogram information. In this work, an autoencoder-
based subnetwork is used to learn a compact and representative
latent energy representation from the input musical score
information.

The main contributions of this paper are summarized as
follows:

1) An SVS system named ExpressiveSing is proposed
which is adapted from an End-to-End TTS framework,
and contains an accurate pitch model and a latent energy
representation prediction module.

2) The latent energy representation is proposed to utilize
energy feature generating expressive singing voices.

3) A pitch model with accurate vibrato modeling is pro-
posed by taking the vibrato likeliness into account.
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The vibrato likeliness is annotated by vibrato likeliness
labeling method automatically.

The remainder of this paper is organized as follows: Sec-
tion II describes the related work of pitch model and en-
ergy representation in SVS systems. Section III introduces
the proposed singing voice synthesis system in detail. The
experimental setup is given in Section IV and results are
presented in Section V. Conclusion follows in Section VI.

II. RELATED WORK
A. Pitch Model in SVS

The traditional pitch models include rule-based method,
template-based method, unit concatenation method and HMM-
based method. The rule-based method [20] designed rules for
each singing style based on professional musical knowledge.
It mainly depended on designer’s experience, while template-
based method proposed a simpler solution. Yukara et al. [21]
chose typical examples from commercial recordings to form
a library of parametrized templates. The unit concatenation
method [22] used real contours extracted from singing data and
concatenated them to generate pitch contours. Compared with
the above mentioned methods, the HMM-based method [23] is
more flexible. It generated pitch contours using hidden Markov
models (HMMs). The disadvantage of this approach was that
it was poor to retain the detailed information, resulting in the
over-smoothing effect.

Recently, data-driven approaches have been introduced into
pitch modeling in SVS. They emphasized the vibrato during
the pitch modeling process to further improve the expres-
siveness. Yi et al. [18] utilized the dependencies among the
acoustic features of consecutive frames to help the pitch
model understand vibrato. However, it still suffered the over-
smoothing effect to some extent. Bonada et al. [24] proposed
a neural-parametric pitch model which solved the problem
of over-smoothing effectively. It parametered the vibrato with
phase, depth, and rate. Actually, there was noise mixed in
vibrato component. Bonada et al. directly constrained vibrato
depth to be zero at note transitions, which was inelegant and
could not eliminate noise completely.

To solve the noise problem, we propose an additional
parameter, namely vibrato likeliness, and automatically anno-
tate the label of vibrato likeliness by the proposed Vibrato
Likeliness Labeling Network.

B. Energy Representation in SVS

Typically, the previous SVS systems implicitly modeled
energy during synthesizing acoustic features such as [5], [25],
[26]. The TTS system, Fastspeech2 [9] firstly proposed vari-
ance adaptor to model energy explicitly. It was proved to be
beneficial for expressiveness. Concretely, the L2-norm of the
amplitude of each short-time Fourier transform (STFT) frame
was regarded as the energy and then the quantized energy is
mapped to the embedding. In other words, the energy was
compressed to 1-dimension vector firstly. Because the size of
amplitude spectrogram is always thousands of dimensions, the
operation of compression to 1-dimension vector would cause

massive information loss. Following Fastspeech2, LiteSing
[1] makes the according modification in SVS system. The
problem of information loss still existed. We propose an
autoencoder-based latent spectrogram bottleneck feature to
ease the information loss of compression. The experiment in
Section V shows that our proposed energy representation is
superior to the one used in LiteSing and Fastspeech2.

III. PROPOSED FRAMEWORK

A. Network Architecture

The overall architecture of proposed ExpressiveSing is
shown in Fig. 1(a). The network architecture of Expres-
siveSing is a DIAN [27]-based network, which contains an
encoder for extracting phoneme representation, and a decoder
for the acoustic feature prediction. The encoder takes singer
ID and phonemes at phoneme level as input and the following
length regulator expands the generated phoneme representation
to frame level. The decoder predicts acoustic features at frame
level, i.e. MGC, BAP, and pitch, which can be converted
to audio by WORLD vocoder [28]. Compared to DIAN,
ExpressiveSing designs pitch model, energy representation
predictor and power spectrogram decoder additionally. The
pitch model predicts human-like pitch contour from music
notes. As for the input of pitch model, we use the note,
phonemes at frame level and singer ID, so pitch model outputs
pitch sequence at frame level. The energy representation
predictor generates latent energy representation and the power
spectrogram decoder reproduces the power spectrogram from
the latent energy representation.
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Fig. 1. The overall architecture of ExpressiveSing, where ‘¢’ denotes
concatenation, and ‘+’ denotes addition. ‘f’ refers to formula (3). ‘FC’ is
short for fully connected layer and ‘LR’ denotes length regulator. ‘Rep.” stands
for representation. The dashed arrow in subfigure (a) indicates that the pitch
model is trained separately.



B. Latent Energy Representation

An autoencoder-based network architecture is used in Ex-
pressiveSing to predict the latent energy representation as
shown in Fig. I(a). The pitch embedding and phoneme
representation are concatenated as the input of the energy
representation predictor P.. The energy representation pre-
dictor learns a compact and representative bottleneck feature
E € RT*N of power spectrogram, where T is the frame count
and NV denotes the dimension of the energy representation. The
power spectrogram decoder D, composed of 1D convolutions
is trained to recover power spectrogram S from the latent
representation E. The power spectrogram decoder is jointly
trained with acoustic feature prediction. The loss function for
the power spectrogram decoder is shown as follows:

L(8.8) = IS = De(E)||2 (D
where S denotes the predicted power spectrogram.

C. Pitch Model

Pitch contour is decomposed into pitch intonation and
vibrato [29], [30]. Intonation is responsible for singing in tune
according to music note. Vibrato shows the skill of singers.
We parameter the vibrato with phase, depth, rate, and the
specially-designed likeliness. Vibrato depth and rate are the
width and speed of the pitch fluctuation respectively [31], [32].
Phase refers to the initial phase of vibrato, and likeliness stands
for the possibility of the appearance of vibrato. The training
target of The vibrato depth, rate, and phase are extracted by
Hilbert transformation. The vibrato likeliness is annotated by
the proposed Vibrato Likeliness Labeling Network, which is
described in Section III-D.

Figure 1(b) illustrates the network architecture of the pitch
model. The phoneme, music notes and singer ID are embedded
as the input.

A Transformer [33]-based network is used to predict the
vibrato phase, depth, rate, likeliness and intonation at the frame
level. As for the loss function, MSE loss is used in intonation,
rate, depth, and phase prediction while the cross entropy loss
is adopted for vibrato likeliness prediction.

Following [ 18], to avoid out of tune, the predicted intonation
i is post-processed by

ipost =1 — 1 +1ip, 2)

where i,, means the music notes at frame level, and i is the
smoothed curve of i. A triangular window is used to convolve
with i to get the smoothed result i.

For the predicted vibrato likeliness in pitch model, the
average value l,,cq, 1S calculated on each note. If l,eqn 1S
greater than the threshold € (¢ = 0.5 in our experiments),
the note is considered to be a vibrato section, otherwise not.
Finally, the vibrato v; (¢t € {1,2,---,T}) is synthesized by
function:
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where ey, 7y, [; denote the ¢-th frame of predicted depth,
rate, and likeliness of vibrato, respectively. ¢ represents the
predicted initial phase. fs stands for the sample rate. Then the
final output of pitch model is the sum of intonation i,,s; and
predicted vibrato v;.

D. Vibrato Likeliness Labeling Network

Training pitch model requires vibrato likeliness label, i.e.,
the ground truth of vibrato existence probability. However,
no such label exists in existing singing corpus. To solve this
problem, we propose a novel labeling method to get the ground
truth of vibrato likeliness automatically. We randomly integrate
vibrato to smoothed pitch contour to simulate the real pitch
contour and then VLLN is trained on the simulated data.

Concretely, the real pitch is extracted from the singing
voice firstly and then the pitch contour is convolved with a
triangular window to remove vibrato, resulting in a smoothed
pitch contour. According to our observation, vibrato commonly
appears in notes with a longer duration. Hence, we select notes
with duration longer than one second to add simulated vibrato.
In order to simulate vibrato on the selected music notes, we
exploit a sinusoid curve in 6 Hz and vary its depth in range
0 to 2 in midi randomly and gradually. Then the synthesized
vibrato is added to the smoothed pitch contour to generate the
simulated data. Then frame-level labels of vibrato likeliness
(0 or 1) can be obtained because we know which segment has
vibrato.

The Vibrato Likeliness Labeling Network is shown in Fig. 2,
which is a Transformer-based network. Sigmoid function is
used as activation function in the last layer. The cross entropy
loss is adopted as the training objective for vibrato likeliness
prediction. The details of training and inference procedures
are shown in Fig. 3. During train stage, we employ the
simulated data with known vibrato likeliness label to train
VLLN. Afterwards, in inference stage, VLLN is used to label
the vibrato likeliness for the real pitch of singing corpus. The
color on the pitch contour represents vibrato likeliness. The
darker the color, the higher the vibrato likeliness.
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Fig. 2. The Vibrato Likeliness Labeling Network.
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Fig. 3. The training and inference procedures of Vibrato Likeliness Labeling
Network.

IV. EXPERIMENTAL SETUP
A. Dataset

NUS48E corpus [34] is used to evaluate the proposed
system, which consists of 48 popular English songs, and only
20 songs are unique. The lyrics are sung and read out by 12
singers (4 songs each singer). Only the singing data is used
for the proposed model training, which contains 115 minutes
recordings.

The training data are converted to 16kHz in our experi-
ments. All the audios are split into segments shorter than 10
seconds and redundant silence of each utterance is removed.
We annotated 36 songs with music scores manually because
the NUS48E corpus does not contain music score labeling.
The pitch model is trained by 36 annotated songs while the
acoustic model uses all 48 songs. We keep 10% as test set and
use others for training. Pitch is extracted using the WORLD
vocoder [28] and the 3~8Hz part extracted by the band-pass
filter is considered to be vibrato, the hop size for acoustic
feature extraction is set to 10 milliseconds in our experiments.

B. Network Configuration and Implementation

We follow the network architecture configuration in
DIAN [27], and the energy representation predictor follows
the variance adaptor setup in FastSpeech2 [9] except that
the output layer predicts a 256-dimension vector. The power
spectrogram decoder contains a stack of 4 convolutional layers
and a linear projection layer, the kernel size is 5 and channel
size is 512 for each convolution layer, batch normalization [35]
and ReLU [36] activation is used for each convolution layer.
The dimension of target power spectrogram is 1025. In training
process of ExpressiveSing, we use real pitch as input. In
inference stage, the predicted pitch from pitch model is taken
as input. Table I shows the dimension of features used in
ExpressiveSing.

The proposed pitch model follows the duration model
network configuration in [27] and has the following modifica-
tions: (1) music notes are also taken as input as well as the
phoneme input; (2) the pitch model contains 5 output layers,
which are used to predict intonation, phase, depth, rate and
likeliness. The loss weight of intonation prediction is 1, and
the loss weight of vibrato rate, depth, phase, and likeliness are
all le-2.

TABLE I
THE DIMENSION OF FEATURES USED IN EXPRESSIVESING.

Feature Dimension
Phone Representation 512
Pitch Embedding 32
Latent Energy Representation 256
Mel-Generalized Cepstral 60
Band Aperiodicity 4
Pitch 1
TABLE II

MEAN OPINION SCORES (MOS) OF DIFFERENT SYSTEMS.
PRONUNCIATION ACCURACY (PRONUN ACC.), SOUND QUALITY
(QUALITY), AND NATURALNESS ARE EVALUATED SEPARATELY.

System Pronun acc.  Quality  Naturalness
Baseline 3.120 2.373 2.460
USVC [38] 3.160 2.993 2.707
WGANSing [39] 3.367 2.960 3.133
UCSVC [40] 3.900 3.547 3.780
ExpressiveSing 3.780 3413 3.467

The Vibrato Likeliness Labeling Network’s configuration
is the same as pitch model, except that there is no singer
embedding in Vibrato Likeliness Labeling Network and only
contains 1 output layer.

Adam optimizer [37] with batch size 32 is used for opti-
mization with §; = 0.9 and B2 = 0.999. ExpressiveSing is
trained with learning rate that starts from le-3. The learning
rate exponentially decays to le-5 in the first S0K steps, then
the training continued with a constant learning rate of le-
5 until 60K steps. The pitch model and Vibrato Likeliness
Labeling Network are trained with Noam [33] learning rate
schedule with a peak learning rate of le-4, with a total of 40k
steps for each model.

V. EXPERIMENTAL RESULTS

A. Overall Performance

The system performance is evaluated using subjective mean
opinion scores (MOS). A total of 15 subjects participated in
the evaluation. The listeners were asked to mark the singing
samples from three aspects: pronunciation accuracy, sound
quality and naturalness. The scope of the score is from 1
(extremely bad) to 5 (extremely good). Five systems are
compared, and ten samples generated by each system are
prepared for the evaluation. The baseline in our experiment
is built using the network structure proposed in DIAN [27].
The difference between baseline and ExpressiveSing is that the
baseline system has no pitch model nor latent energy represen-
tation module. The proposed ExpressiveSing is also compared
with the state-of-the-art systems including two singing voice
conversion systems USVC [38] and UCSVC [40], as well as
a singing synthesis system WGANSing [39]. These systems
are trained on the same NUS48E dataset. It is notable that
the singing voice conversion systems have real human singing
pitch as input, which would make the generated voices more



natural. The samples of USVC? and UCSVC® are downloaded
from their demo web pages. We implemented the WGANSing
method, and trained it on the same training set as Expres-
siveSing. Because WGANSIing uses the real pitch originally, to
ensure fairness, WGANSing is conditioned with the predicted
pitch from our pitch model in this experiment. The evaluation
results are shown in Table II. We can see that ExpressiveSing
(ES) outperforms WGANSing, USVC and the baseline system.
And ES obtains comparable scores with UCSVC, even though
UCSVC uses real pitch as input and exploits additional speech
datasets for training.

B. Ablation Study

We conduct ablation studies to evaluate the effects of the
proposed pitch model, and the latent energy representation.
Both subjective and objective evaluations are performed. For
subjective evaluation, the listeners are instructed to do the
A/B preference tests to compare the naturalness of the singing
samples generated by different systems. Two pairs of systems
are compared. One is the comparison between ExpressiveSing
(ES) and ExpressiveSing without vibrato likeliness (ES-V),
where ES-V uses the pitch model without the parameter
of vibrato likeliness. The other is the comparison between
ExpressiveSing (ES) and ExpressiveSing without latent en-
ergy representation (ES-E1). ES-E1 compressed energy to 1-
dimension vector firstly and then a lookup table is used to
convert this single valued energy to embedding representation,
which is the same as LiteSing and Fastspeech2. The evaluation
results are shown in Fig. 4. One can find that the listeners
strongly prefer the ES model to either ES-V or ES-E1, which
proves the effectiveness of the proposed pitch model and latent
energy representation.

Pitch

Energy

0% 20% 40% 60% 80% 100%

ES No pref. ES-E1 ES-V

Fig. 4. A/B preference evaluation results of ablation study. ‘No pref.” denotes
no preference for the systems.

We further evaluate the pitch model with objective metrics
including FO Root Mean Square Error (RMSE) and Correlation
(CORR). The results are shown in Table III. The synthesized
FO sequences are compared with the human singers’ FO
sequences and the score’s pitch notations, which are noted
as ‘Natural’ and ’Score’ respectively. The more natural the
generated singing is, the lower FO RMSE and higher CORR
are achieved. We can find that ES achieved lower FO RMSE
and higher CORR than ES-V. To compare the proposed pitch
model with the state-of-the-art methods, we further imple-
mented the pitch model proposed in [24], which is named

Zhttps://enk100.github.io/Unsupervised_Singing_Voice_Conversion/
3https://singing-conversion.github.io/

TABLE 111
OBJECTIVE EVALUATION OF SYSTEMS WITH DIFFERENT PITCH MODELS.
EXPRESSIVESING (ES), EXPRESSIVESING WITHOUT VIBRATO
LIKELINESS (ES-V), AND THE MODEL PROPOSED IN [24] ARE COMPARED.

System FO RMSE (Hz) FO CORR
Natural | Score Natural | Score
Parametric FO [24] | 22.759 | 23.764 0.973 0.980
ES-V 21.837 14.459 0.977 0.993
ES 20.900 | 12.633 0.978 0.996

Parametric FO. The FO RMSE and CORR of Parametric FO
are also presented in Table III. It can be seen that ES achieved
better performance than Parametric FO.

An example is illustrated in Fig. 5 to demonstrate the effect
of the pitch model. Compared to ES-V, ES generates fewer
fluctuations at the positions of note changing with the help
of vibrato likeliness prediction. Hence, the noise in the non-
vibrato section is avoided, and the generated sound becomes
more steady.

66
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Fig. 5. An example of pitch contour generated by ES and ES-V, compared
with human singing voices (Natural) and the note of score (Music Note).

Mel-cepstral distortion (MCD) metric is used to verify if
the proposed latent energy representation is helpful. Three
systems, ES, ES-El, and ES-w/o, are evaluated, where ES-
w/o is the EpressiveSing model without energy information.
The MCD scores are 6.600, 6.787, and 6.800 respectively. ES
obtained the lowest MCD, which means the generated singing
voice is more similar to human singing. The result is consistent
with the A/B test results. ES-w/o obtained the highest MCD,
which proved that the energy feature is helpful to expressive
singing voice synthesis.

VI. CONCLUSION

According to the inherent characteristics of human singing,
accurate vibrato modeling and latent energy representation
are introduced into the singing voice synthesis system in this
paper. The MOS results show that the proposed system can
synthesize expressive singing voice. The A/B test results show
that both the proposed vibrato modeling and latent energy
representation could improve the naturalness. The objective
metrics of MCD, FO RMSE and CORR are consistent with
the A/B test results. Both the subjective and objective results
verify the effectiveness of vibrato modeling of pitch and latent
energy representation.
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