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ABSTRACT
Deep generativemodels have achieved significant progress in speech
synthesis to date, while high-fidelity singing voice synthesis is
still an open problem for its long continuous pronunciation, rich
high-frequency parts, and strong expressiveness. Existing neural
vocoders designed for text-to-speech cannot directly be applied to
singing voice synthesis because they result in glitches and poor
high-frequency reconstruction. In this work, we propose SingGAN,
a generative adversarial network designed for high-fidelity singing
voice synthesis. Specifically, 1) to alleviate the glitch problem in the
generated samples, we propose source excitation with the adaptive
feature learning filters to expand the receptive field patterns and
stabilize long continuous signal generation; and 2) SingGAN intro-
duces global and local discriminators at different scales to enrich
low-frequency details and promote high-frequency reconstruction;
and 3) To improve the training efficiency, SingGAN includes aux-
iliary spectrogram losses and sub-band feature matching penalty
loss. To the best of our knowledge, SingGAN is the first work de-
signed toward high-fidelity singing voice vocoding. Our evaluation
of SingGAN demonstrates the state-of-the-art results with higher-
quality (MOS 4.05) samples. Also, SingGAN enables a sample speed
of 50x faster than real-time on a single NVIDIA 2080Ti GPU.We fur-
ther show that SingGAN generalizes well to the mel-spectrogram
inversion of unseen singers, and the end-to-end singing voice syn-
thesis system SingGAN-SVS enjoys a two-stage pipeline to trans-
form the music scores into expressive singing voices. Audio samples
are available at https://SingGAN.github.io/
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1 INTRODUCTION
Singing voice synthesis (SVS) has been widely employed in var-
ious applications with human-computer interaction, such as vir-
tual anchor, artificial intelligence singer, and recommendation sys-
tem [10, 35–37]. As illustrated in Figure 1, similar to text-to-speech
(TTS) systems [4, 8, 9, 27, 30], SVS systems [1, 6, 18, 28] generally
adopt an acoustic model to convert the musical score 1 into the inter-
mediate features (i.e., mel-spectrogram) and a vocoder to synthesize
singing voices. In this work, we focus on designing a second-stage
model that efficiently synthesizes high-fidelity waveforms from
mel-spectrograms.

Acoustic 
model Vocoder

Mel spectrum

MIDI / TEXT

Twinkle  twinkle  little star

[ T W IH1 NG K AH0 L ]
[ T W IH1 NG K AH0 L ]

[ L IH1 T AH0 L ]
[ S T AA1 R ] 

Singing VoiceAcoustic Features

Fundamental frequency

4 ט ט ט 4ൄט

Figure 1: Singing voice synthesis overall pipeline.

1A music score consists of lyrics, pitch and duration.
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It is well-known that modeling singing voices could be more
challenging than traditional speech, which typically holds 1) a
longer continuous pronunciation; and 2) rich high-frequency parts
for improving expressiveness. To the best of our knowledge, few
vocoders have been explicitly designed for singing voice gener-
ation, and thus most previous SVS systems [1, 6] have to utilize
speech vocoders to transform the generated mel-spectrograms into
waveforms. Through preliminary analyses and revisits (see Sec-
tion 3), we find that distinct degradation of audio quality emerges
when applying speech models in singing voice vocoding for the
following reasons: 1) Speech vocoders usually lose attention and
time dependencies in the long continuous pronunciation, and there-
fore glitches emerge in the generated samples; 2) Speech vocoders
typically lack the capacity of reconstructing high-frequency sig-
nals, which leads to hissing noises and unnatural sounds in the
high-frequency parts of generated samples.

In this paper, we propose SingGAN, a novel generative adversar-
ial network for high-fidelity singing voice generation. Specifically,
1) SingGAN introduces the source excitation module with the adap-
tive feature learning filters to expand receptive fields and stabilize
long continuous signal generation, efficiently reducing glitches
in the generated singing voices. 2) SingGAN utilizes a global dis-
criminator to rebuild overall characteristics (e.g., singer identity
and prosody) and local discriminators at different scales to enrich
low-frequency details and promote high-frequency reconstruction.
3) To improve the training efficiency of the generator and the fi-
delity of the generated audio, SingGAN introduces the sub-band
feature matching penalty loss and auxiliary spectrogram losses. The
joint training approach effectively works in GANs for singing voice
vocoding. Based on SingGAN, we introduce the extension system
SingGAN-SVS, which enjoys a two-stage pipeline to transform the
music scores into expressive singing voices.

Experimental results show that SingGAN achieves the state-of-
the-art results (MOS 4.05) and outperforms the best publicly avail-
able baselines. To the best of our knowledge, this is the first work
designed toward high-fidelity singing voice vocoding. SingGAN,
requiring only 1.59M parameters, can generate high-quality singing
voices 50x faster than real-time on a single NVIDIA 2080Ti with-
out engineered kernels. Our further experiments demonstrated its
outperformed generalizability to unseen singers. SingGAN-SVS
successfully simplifies the pipeline to generate high-fidelity singing
voices from the music scores.

The contributions of this paper are summarized as follows:

• Considering the long continuous pronunciation, high sam-
pling rate, and strong expressiveness of the singing voices,
we analyze and revisit the glitches and poor high-frequency
reconstruction when adopting previous speech models in
singing voice vocoding.

• We propose SingGAN, a novel generative adversarial net-
work with source excitation and adaptive feature learning
filters. SingGAN utilizes the global and local discriminators
in adversarial learning and adopts the auxiliary spectrogram
loss with sub-band feature matching penalty objectives for
waveform reconstruction. To the best of our knowledge,
SingGAN is the first work designed for high-fidelity singing
voice vocoding.

• Experimental results demonstrate that SingGAN achieves
state-of-the-art results (MOS 4.05) in singing voice vocoding
and outperforms the best publicly available neural vocoders.
We further show that SingGAN generalizes well to the mel-
spectrogram inversion of unseen singers, and the end-to-end
singing voice synthesis system SingGAN-SVS could directly
generate high-fidelity singing voices from lyrics.

Our audio samples are available on the demo website 2.

2 RELATEDWORKS
In this section, we provide the research background of text-to-
speech and singing voice synthesis and briefly review several vari-
ations of neural vocoders.

2.1 Text-to-Speech
Text-to-Speech (TTS) [23, 27, 30] aims to synthesize natural and
intelligible speech given text as input, which has witnessed signifi-
cant progress in recent years. Previous neural TTS models [17, 30]
first generate mel-spectrograms autoregressively from text and
then synthesize speech from the generated mel-spectrograms using
a separately trained vocoder [11, 21]. Since autoregressive mod-
els sequentially generate a sample, they usually suffer from slow
inference speed. Recently, several works [12, 27] have been pro-
posed to generate mel-spectrogram frames in parallel, which speed
up mel-spectrogram generation and preserve perceptual quality.
SVS systems are mostly inspired by TTS and follow the primary
components, such as text-to-audio alignment, parametric acoustic
modeling, and neural vocoding.

2.2 Singing Voice Synthesis
In recent years, neural network-based singing voice synthesis (SVS)
has made rapid progress and attracted much attention in the ma-
chine learning and speech community. HiFiSinger [1] utilizes the
acousticmodel for the text-to-intermediate generation and a vocoder
to synthesize singing voices from intermediate features. ByteSing [6]
is a Chinese SVS system based on duration prediction, which could
generate natural singing voices given music scores. DiffSinger [18]
proposes a conditional denoising diffusion probabilisticmodel (DDPM)
and generates high-fidelity samples via iterative refinement. These
methods aim to facilitate the first-stage neural network (a.k.a. acous-
tic model) of generating intermediate features. In contrast, our work
focuses on neural singing voice vocoding in the second stage, which
is relatively overlooked.

2.3 Neural Vocoder
Current vocoders can be categorized into several distinct fami-
lies: 1) autoregressive models: WaveNet [21] and WaveRNN [11]
generate waveforms autoregressively using dilated convolution
layers, while the slow inference speed hinders their applications
in high temporal resolution audio; 2) flow-based models [20, 24]
are proposed to address the above issues by transforming noise
sequences of the same size in parallel, which utilize modern parallel
computing processors to speed up sampling; 3) GAN-based models:
MelGAN [16] is the first work that successfully trains GANs for

2https://SingGAN.github.io/
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raw audio generation. Parallel WaveGAN [33] uses a generator
similar to WaveNet in structure and introduces multi-resolution
STFT loss and adversarial loss, bringing improvement to waveform
reconstruction. HIFI-GAN [13] is proposed to model the periodic
patterns matters and achieve both higher computational efficiency
and sample quality than AR or flow-based models; and 4) most re-
cently, researchers have proposed diffusion neural vocoders [3, 14]
for waveform generation, which are built on prior work of score
matching and diffusion probabilistic models. It is worth mentioning
that Huang et al. [7] does not implicitly focus upon the characteris-
tics of the singing voices but aims to alleviate the model general-
ization in the multi-singer scenario. Different from previous works,
we analyze the characteristics of singing voices and design a novel
network for high-fidelity singing voice vocoding.

3 PRELIMINARY ANALYSES ON SPEECH
VOCODERS

Singing voice is different from human speech for its long continuous
pronunciation, high sampling rate and strong expressiveness. In this
section, we revisit and conduct preliminary experiments to analyze
how previous speech vocoders perform on the singing voice synthe-
sis task. Specifically, we describe the glitches and high-frequency
reconstruction challenges in detail, which motivate researchers to
explicitly develop advanced models in singing voice vocoding.

3.1 Glitches in Samples
MelGAN

Parallel WaveGAN WaveRNN

Ground-truth

Figure 2: Visualization of glitch issues in generated samples.

It is well-known [11, 21] that the waveform segments sampled
on each mel-spectrogram frame are not continuous, and thus neural
vocoders usually require a sizeable receptive field to learn this conti-
nuity. In contrast to speeches, singing voices have even longer con-
tinuous pronunciationwith smooth harmonics in the low-frequency
parts, which brings difficulties in capturing the time dependencies
of waveforms. As shown in Figure 2, glitches could be easily ob-
served in samples generated by previous speech vocoders (e.g.,
MelGAN [16], Parallel WaveGAN [33], and WaveRNN [11]), es-
pecially when the duration of the singing sample exceeds limited
receptive fields.

3.2 High-Frequency Reconstruction
In contrast to the speech samples (e.g., 16k or 22kHz) in most
scenarios [2, 19], singing voice recordings usually have a higher

Ground-truth WaveRNN

(a) Hissing noise in WaveRNN.

Parallel WaveGANGround-truth

(b) Metallic noise in Parallel WaveGAN.

Figure 3: Visualization of high-frequency reconstruction
challenges.

sampling rate (e.g., 24k or 48kHz) and contain rich high-frequency
parts for improving expressiveness. It is challenging for neural
vocoders to catch the short-term fluctuation in high-frequency
signals, which in practice leads to distinct degradation of perceptual
quality.

As illustrated in Figure 3, we then visualize the mel-spectrograms
generated by speech vocoders given the same mel-spectrogram se-
quence and have following observations: The autoregressive speech
vocoderWaveRNN [11] loses the attention to short-term fluctuation
so that the apparent hissing noises in high-frequency bands are
observed. The GAN-based model Parallel WaveGAN reconstructs
the high-frequency parts simply by adding the metallic noises, far
from meeting our expectations.

In summary, due to the long continuous pronunciation, high
sampling rate, and strong expressiveness of singing voices, directly
applying speech vocoder to singing voice generation results in
glitches and poor high-frequency reconstruction. As such, design-
ing a neural singing voice vocoder to explicitly alleviate these issues
is an urgent demand.

4 SINGGAN
This section presents SingGAN, a generative adversarial network
designed for high-fidelity singing voice synthesis. The generative
adversarial network jointly trains a powerful generator G, and a
convolutional neural network (CNN) discriminator D, to synthesize
time-domain waveforms given the corresponding mel-spectrogram.
Firstly, we overview the motivation and overall designs, following
which we describe the generator, discriminator and training objec-
tives in detail. We illustrate SingGAN in Figure 4, and put more
details of model architecture in Appendix A in the supplementary
materials.
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Figure 4: The overall architecture of SingGAN. In subfigure(a), F0 denotes the fundamental frequency input. Source and AFL
denote the source excitation and adaptive feature learning (AFL) filter, respectively. In subfigure(b), PQMF denotes the dif-
ferentiable Pseudo Quadrature Mirror Filter bank to split singing voices into multiple frequency bands. 𝑘 denotes the kernel
size.

4.1 Motivation
It is well-known that the singing voices typically contain longer
continuous pronunciation and rich high-frequency parts in the fre-
quency domain for promoting expressiveness. Through the prelim-
inary analyses in Section 3, we empirically find that when directly
applying speech models in singing voice vocoding, an apparent
degradation in perceptual quality is observed due to the glitch issues
and poor high-frequency reconstruction.

In SingGAN, we propose several key techniques to complement
the above issues: 1) to reduce glitches in the generated samples,
SingGAN introduces a source-excitation generator driven by F0
(fundamental frequency) with the adaptive feature learning filters to
expand receptive fields and stabilize long continuous signal genera-
tion; 2) SingGAN adopts the global discriminator to rebuild overall
characteristics (e.g., singer identity and prosody). Further, it utilizes
local multi-band discriminators to enrich low-frequency details
and promote high-frequency reconstruction, and 3) to improve the
training efficiency and the fidelity of the generated audio, SingGAN
utilizes the sub-band feature matching penalty loss and auxiliary
spectrogram losses as the joint training approach.

4.2 Generator
Figure 4(a) depicts the architecture of the generator with two vital
components: a source module that produces a sine-based excita-
tion signal and a filter module that uses the dilated convolutional
network to convert the excitation into waveform. The generator
expands receptive fields to capture time-dependencies in the long
continuous pronunciations, preventing glitches from appearing in
generated audio.

Source excitationThe source excitationmodule generates gauss-
ian noise in the unvoiced part and a sine-based excitation signal
in the harmonic part. Specifically, 1) in the voiced segments, the
excitation signal is a mixture of sine waveforms whose frequency
values are determined by the fundamental frequency (f0) and its
harmonics, and 2) in the unvoiced regions, the excitation signal is
a sequence of gaussian noise.

Given f0 sequences 𝑓1:𝜏 = {𝑓1, 𝑓2, . . . 𝑓𝜏 }, we get 𝑓1:𝑇 = {𝑓1, 𝑓2 . . . 𝑓𝑇 }
by linear interpolation of 𝑓1:𝜏 to the same length 𝑇 of waveform.

A sinusoidal excitation 𝑒𝑖 𝑗 that carries the 𝑖-th harmonic can be
generated:

𝑒𝑖 𝑗 =


sin(2𝜋

𝑇∑
𝑗=1

𝑖 𝑓𝑗
𝑆𝑟

+ 𝜙𝑖 ) if 𝑓𝑗 > 0

𝑍noise if 𝑓𝑗 = 0
, (1)

where 𝑖 ∈ {1, 2, · · ·𝑊 }, 𝑗 ∈ {1, 2, · · ·𝑇 }, we use 𝑆𝑟 and𝑊 to
denote the audio sampling rate and total number of harmonics,
respectively. 𝑒𝑖 𝑗 denotes the excitation value of the 𝑖-th harmonic
in 𝑗-th frame. 𝜙𝑖 is a phase number in the range of [−𝜋, 𝜋]. In
source excitation, frequency features would be transformed into
𝑊 initial harmonics matrix using the sine oscillator. In unvoiced
regions where 𝑓𝑗 = 0, excitation would be replaced by gaussian
noise 𝑍noise ∼ N

(
0, 𝜎2

)
.

Adaptive feature learning filter We propose an adaptive fea-
ture learning (AFL) filter block to convert the sinusoidal excitation
𝑒𝑖 𝑗 into output waveform 𝑜𝑖 𝑗 . It is well-known that designing di-
verse receptive field patterns [11, 21] is essential in catching time
dependencies in waveforms. As such, the proposed AFL filter block
utilizes couples of dilated convolutional layers to expand receptive
field patterns and promote stability. As illustrated in Figure 4(a)(2),
each AFL filter block takes the sinusoidal excitation 𝑒𝑖 𝑗 and the
upsampled mel features 𝑐 as input, generating the hidden state ℎ𝑟
for the next block. In SingGAN, we design three AFL filter blocks
in the generator, each containing 10 convolutional layers with dila-
tion 𝐷𝑟 = {1, 2, 4...512}. The channel size, kernel size, and window
stride in each dilated convolutional layer are set to 64, 5, and 1,
respectively. The gated activation unit (GAU) [21] is added to each
residual connection, which has been demonstrated for its efficiency
in increasing the nonlinearity. In practice, the number of convo-
lutional layers in each AFL filter block can be regulated to match
one’s own requirement in a trade-off between synthesis speed and
sample quality.

4.3 Discriminator
It is well-known that waveforms have fine-grained structures at
different scales. The discriminator operating on downsampled audio
will not have access to the high-frequency parts, and thus it is
biased to conduct adversarial learning based on the low-frequency
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components only. To promote the naturalness of generated voice,
these discriminators are supposed to learn discriminative features
and output the possibilities in different frequency ranges.

As illustrated in Figure 4(b), SingGAN adopts the global and
local discriminators, which have identical network structures but
operate on different scales. The global-level discriminator takes
the full-band waveforms as input to capture and rebuild the over-
all characteristics of the singing voice (e.g., singer identity and
prosody). After division by the differentiable Pseudo Quadrature
Mirror Filter (PQMF) bank [34], the four sub-band signals are re-
spectively fed into the multiple local-level discriminators. These
local discriminators output the possibilities at different scales, en-
riching the low-frequency details and facilitating high-frequency
reconstruction.

In summary, the proposed global and local multi-level discrimi-
nators operate on waveforms at different scales and supervise the
periodicity reconstruction in a wide range of frequency bands.

4.4 Training Loss
The learning objectives should be carefully designed for stable train-
ing and faster convergence. In this section, we first describe the
GAN adversarial loss. To improve the training efficiency and the
fidelity of the generated audio, we adopt auxiliary multi-resolution
STFT and mel-spectrogram loss as joint efforts for spectrogram su-
pervision. Furthermore, we propose the sub-band feature matching
penalty loss and decide our final objectives.

4.4.1 Adversarial loss. For generative adversarial networks [5]
which play competitive games, the generator is trained to fool the
discriminator by updating the sample quality to be classified to
a value almost equal to 1. The discriminator is trained to classify
ground truth samples to 1, and the samples synthesized from the
generator to 0. GAN losses for the generator𝐺 and the discriminator
𝐷 are defined as:

𝐿adv (𝐷𝑘 ;𝐺) = 𝐸𝑥,𝑠,𝑓0
[
(1 − 𝐷𝑘 (𝑥𝑘 ))2 + (𝐷𝑘 (𝑦𝑘 ))2

]
,

𝐿adv (𝐺 ;𝐷𝑘 ) = 𝐸𝑠,𝑓0

[
1
𝐾

𝐾∑︁
𝑘=1

(1 − 𝐷𝑘 (𝑦𝑘 ))2
]
,

where 𝑥 and 𝑦 denote the full-band ground truth and generated
sample, respectively; 𝑥𝑘 or𝑦𝑘 denotes the 𝑘-th sub-band waveforms.
𝑠 and 𝑓0 denote the ground truth mel-spectrogram and fundamental
frequency, respectively; 𝐷𝑘 represents 𝑘-th discriminators, and we
set 𝐾 = 5 in SingGAN, including one full-band global discriminator
and four sub-band local discriminators.

4.4.2 Auxiliary Spectrogram losses. In addition to the GAN objec-
tive, auxiliary spectrogram losses have been demonstrated for their
effectiveness in improving the training robustness and stability. Re-
ferring to the previous speechmodel [33], themulti-resolution STFT
loss term pays much attention to the periodicity in waveform recon-
struction. Besides, Kong et al. [13] has proved that time-frequency
distribution could be captured effectively by jointly optimizing
multi-resolution spectrogram loss and adversarial loss functions.

Multi-resolution STFT Loss To stabilize the adversarial train-
ing process, SingGAN adopts a multi-resolution STFT (Short Time

Fourier Transform) loss as follows:

𝐿𝑠𝑡 𝑓 𝑡−𝑠𝑐 (𝑥,𝑦) =
∥ STFT(𝑥) − STFT(𝑦)∥𝐹

∥ STFT(𝑥)∥𝐹
,

𝐿𝑠𝑡 𝑓 𝑡−𝑚𝑎𝑔 (𝑥,𝑦) =
1
𝑁
∥ log(STFT(𝑥)) − log(STFT(𝑦))∥1,

where 𝑥 and 𝑦 denote the ground-truth and predicted sample; ∥ · ∥𝐹
and ∥ · ∥1 denote the Frobenius and L1 norms. We use 𝑆𝑇𝐹𝑇 (·) to
denotes the function that transforms a waveform into the corre-
sponding STFT spectrogram. 𝑁 denotes the number of elements in
the magnitude; 𝐿𝑠𝑡 𝑓 𝑡−𝑠𝑐 and 𝐿𝑠𝑡 𝑓 𝑡−𝑚𝑎𝑔 denote the spectral conver-
gence and log STFT magnitude, respectively.

The final multi-resolution STFT loss is the sum of𝑀1 losses with
different analysis parameters(i.e., FFT size, window size, and hop
size), and we set𝑀1 = 3 in SingGAN:

𝐿𝑠𝑡 𝑓 𝑡 (𝑥,𝑦) =
1
𝑀1

𝑀1∑︁
𝑚=1

(
𝐿
(𝑚)
𝑠𝑡 𝑓 𝑡−𝑠𝑐

(𝑥,𝑦) + 𝐿 (𝑚)
𝑠𝑡 𝑓 𝑡−𝑚𝑎𝑔

(𝑥,𝑦)
)
.

Multi-resolutionmel-spectrogram lossTo promote the train-
ing efficiency, SingGAN includes themulti-resolutionmel-spectrogram
loss. We define the multi-resolution mel-spectrogram loss as fol-
lows:

𝐿𝑚𝑒𝑙−𝑠𝑐 (𝑥,𝑦) =
∥𝑀𝐸𝐿(𝑥) −𝑀𝐸𝐿(𝑦)∥𝐹

∥𝑀𝐸𝐿(𝑥)∥𝐹
,

𝐿𝑚𝑒𝑙−𝑚𝑎𝑔 (𝑥,𝑦) =
1
𝑁
∥ log(MEL(𝑥)) − log(MEL(𝑦))∥1,

where𝑀𝐸𝐿(·) denotes the function that transforms a waveform
into the correspondingmel-spectrogram, and𝑁 denotes the number
of elements in the magnitude.

The final multi-resolution mel-spectrogram loss is the sum of
𝑀2 losses with different analysis parameters, and we set𝑀2 = 2 in
SingGAN:

𝐿𝑚𝑒𝑙 (𝑥,𝑦) =
1
𝑀2

𝑀2∑︁
𝑚=1

(
𝐿
(𝑚)
𝑚𝑒𝑙−𝑠𝑐

(𝑥,𝑦) + 𝐿 (𝑚)
𝑚𝑒𝑙−𝑚𝑎𝑔

(𝑥,𝑦)
)
.

Our auxiliary spectrogram losses are defined as a linear combi-
nation of the multi-resolution STFT loss and the multi-resolution
mel-spectrogram loss as follows:

𝐿𝑎𝑢𝑥 (𝐺) = 𝐿𝑚𝑒𝑙 + 𝜆𝐿𝑠𝑡 𝑓 𝑡 ,

where 𝐿𝑠𝑡 𝑓 𝑡 and 𝐿𝑚𝑒𝑙 denote the multi-resolution STFT loss and
mel-spectrogram loss, respectively. 𝜆 denotes the trade-off between
these two loss terms, and we set 𝜆 = 0.5 in SingGAN.

4.4.3 Sub-band feature matching penalty. In addition to the GAN
objectives and auxiliary spectrogram losses, we empirically find
it helpful to penalize the mismatch of feature maps between the
reference and generated samples in different frequency bands. Ev-
ery intermediate feature of the discriminator is extracted, and the
L1 distance between the ultimate output map of global and local
discriminators in different scales is calculated. The sub-band feature
matching penalty loss is defined as:

𝐿𝑓𝑚 (𝐺 ;𝐷𝑘 ) = 𝐸 (𝑥,𝑠,𝑓0)

[
𝐾∑︁
𝑘=2

∥𝐷𝑘 (𝑥𝑘 ) − 𝐷𝑘 (𝑦𝑘 )∥1

]
.
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4.4.4 Final loss. Our final loss function in training the generator
is defined as a linear combination of the adversarial loss, auxil-
iary spectrogram losses, and sub-band feature matching penalty
loss. The final objectives for the generator and discriminator are
presented as follows:

𝐿𝐷 =

𝐾∑︁
𝑘=1

𝐿adv (𝐷𝑘 ;𝐺) ,

𝐿𝐺 = 𝐿𝑎𝑢𝑥 (𝐺) +
𝐾∑︁
𝑘=1

[𝜆1𝐿𝑎𝑑𝑣 (𝐺 ;𝐷𝑘 ) + 𝜆2𝐿𝑓𝑚 (𝐺 ;𝐷𝑘 )],

where 𝜆1 and 𝜆2 denote the hyperparameters in balancing loss
terms, and we set 𝜆1 = 4 and 𝜆2 = 10 in our paper. 𝐾 denotes the
number of discriminators, and we set 𝐾 = 5 in our paper. SingGAN
has demonstrated its effectiveness and robustness in high-fidelity
singing voice vocoding by jointly optimizing the loss functions
mentioned above.

5 SINGING VOICE SYNTHESIS SYSTEM
To verify the effectiveness and robustness of the proposed SingGAN
in the overall singing voice pipeline, we extend SingGAN to SingGAN-
SVS for two-stage singing voice generation, including 1) a lyric-to-
spectrogram generation module (a.k.a. acoustic model) to generate
prosodic attributes with variance information; and 2) a conditional
waveform generation module (i.e., SingGAN) to add the phase infor-
mation and synthesize a detailedwaveform. The overall architecture
of SingGAN-SVS is illustrated in Figure 5.

Transformer Encoder

Phoneme Embedding

Lyrics

Variance Adaptor

Positional
Encoding

Positional
Encoding

(a) SingGAN-SVS (b) Variance Adaptor

Spectrogram Decoder

SingGAN

Duration Predictor

LR

Pitch Predictor

Figure 5: The overall architecture of SingGAN-SVS systems.
In subfigure (a), we use the sinusoidal-like symbol to denote
the positional encoding. In subfigure (b), we use "LR" to de-
note the length regulator proposed in FastSpeech [27].

5.1 Lyric-to-spectrogram generation
The architecture design of the lyric-to-spectrogram generation
model in SingGAN-SVS refers to a non-autoregressive text-to-
speech model FastSpeech 2 [26] as the backbone. The transformer
encoder first converts the lyrics sequence into the hidden repre-
sentations. Then, the hidden representations would be expanded
to match the length of the desired waveform output. Given the

length-regulated sequence, the variance adaptor adds pitch varia-
tions and then the mel-spectrogram decoder generates high-fidelity
mel-spectrograms.

The final loss term in training the lyric-to-spectrogram gen-
eration model consists of the following parts: 1) mel reconstruc-
tion loss Lmel: MSE between the predicted and ground-truth mel-
spectrograms; 2) duration prediction loss Ldur: MSE between the
predicted and the ground-truth phoneme-level duration in log scale;
and 3) pitch reconstruction loss Lp: MSE between the ground-truth
and predicted pitch spectrogram by pitch predictor.

5.2 Spectrogram-to-waveform generation
In SingGAN-SVS, we adopt SingGAN for a high-fidelity spectrogram-
to-waveform generation. Due to the high sampling rate of singing
voice audio (i.e., 24,000 samples per second) and the limited GPU
memory, taking audio corresponding to the entire lyric sequence
as input during training could be difficult. Therefore, we sample a
small segment to synthesize the waveform before passing it to the
SingGAN model.

6 EXPERIMENTAL
6.1 Experimental Setup

Dataset. We use the internal singing voice dataset for fair and
reproducible comparison with other models. The dataset contains
Mandarin pop songs collected from 93 singers in a professional
recording studio. All songs are saved in wav format, sampled at
24 kHz, and quantized by 16 bits. We randomly choose 340 utter-
ances for validation and 60 utterances from 6 singers to be the
test set. Additionally, to evaluate the generalization and robustness
of SingGAN, we prepare utterances from unseen singers as the
unseen test set. The unseen test set contains 5 utterances from
each singer, including five males and five females. Following the
common practice, we conduct preprocessing on the data: 1) we
extract fundamental frequency (F0) from the waveforms using the
public Parselmouth tool3; and 2) we use 80-band mel-spectrograms
as input conditions, where the FFT size, window stride, and hop
size are set to 512, 512, and 128, respectively.

Model Configurations. The generator in SingGAN takes both
log mel-spectrogram and F0 as input. To match the hop size, the
upsampling rates of mel-spectrogram and F0 are set to [8, 4, 4], 128,
respectively. To smooth the low-frequency harmonics and reduce
glitches in the continuous pronunciation, we use 8 harmonics in
the source excitation. For discriminators, we set the number of con-
volutional layers, kernel size and dilated factor 𝐷𝑠 in high, middle
and low frequency bands as 6, 7, {1,1,1...1}; 8, 5, {1,2,3...8} and 10, 5,
{1,2,3...10}, respectively. The lyric-to-spectrogram generation model
in SingGAN-SVS follows the basic configurations in FastSpeech
2 [26], which consists of 4 feed-forward transformer blocks in the
phoneme encoder and mel-spectrogram decoder. More detailed
information on architecture has been attached in Appendix A.

Training and Evaluation. At the training stage, the discrimi-
nators are turned on starting from 50k steps to warm up the gener-
ator. The adversarial loss is computed by the average of per-time

3https://github.com/YannickJadoul/Parselmouth

https://github.com/YannickJadoul/Parselmouth
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Model Sampling Speed Audio Quality
Parameters RTF (↓) MOS (↑) MCD (↓) STOI (↑) PESQ (↑)

GT / / 4.25±0.10 / / /

WaveRNN [11] 4.48M 1.29 3.88±0.12 3.26 0.69 2.24
NSF [32] 1.2M 0.03 3.12±0.08 4.43 0.70 1.89
MelGAN [16] 5.31M 0.01 3.24±0.10 1.79 0.78 2.65
Parallel WaveGAN [33] 1.44M 0.03 3.58±0.11 1.60 0.79 2.70
HIFIGAN [13] 13.92M 0.04 3.82±0.11 1.42 0.77 2.72
Diffwave [14] 2.62M 0.05 3.90±0.13 1.45 0.77 2.50

SingGAN 1.59M 0.02 4.05±0.09 1.14 0.80 2.75

Table 1: Comparison with other neural vocoders in term of quality and synthesis speed. The evaluation is conducted on a
server with 1 NVIDIA 2080Ti GPU and batch size 1. For sampling, we use 6 iterations in Diffwave, following [22].

step scalar predictions with multi-band discriminators. The aux-
iliary spectrogram losses are computed by the sum of different
analysis parameters for STFT and mel-spectrogram inversion as
described in Appendix B. SingGAN is trained for 400k steps with a
RAdam optimizer with 𝛽1 = 0.9, 𝛽2 = 0.98, 𝜖 = 10−9 on 1 NVIDIA
2080Ti GPU, with the batch size of 64 sentences on each GPU. For
baseline vocoders, we train them from scratch in the singing voice
dataset. GitHub implementations are used for reproducibility, and
the configurations follow their original papers. More information
about objective and subjective evaluations has been attached in
Appendix C.
6.2 Comparison with other models
We compare our SingGAN in terms of audio quality and sampling
speed with competing baselines, including 1) GT, the ground truth
audio; 2) WaveRNN [11], which autoregressively generates audio
with a recurrent neural network; 3) NSF [32], the statistical para-
metric speech synthesis model with neural source-filter. 4) Mel-
GAN [16], Parallel WaveGAN [33] and HIFI-GAN V1 [13], three
popular GAN-based models for fast and high-quality audio synthe-
sis. 5) Diffwave [14], the recently proposed diffusion probabilistic
model for speech synthesis, and we use 6 iterations during decoding
following the original implementation [14]. For easy comparison,
the results are compiled and presented in Table 1, and we have the
following observations:

In terms of audio quality, SingGAN achieves the highest MOS
with a gap of 0.09 compared to the ground-truth audio, which
indicates that the synthesized audio is nearly indistinguishable from
the human voices. SingGAN outperforms the best publicly available
models, successfully reducing glitches issues and boosting high-
frequency reconstruction in singing voice vocoding. For objective
evaluation, SingGAN also demonstrates a significant improvement
in MCD, STOI, and PESQ. In terms of inference speed, SingGAN
further enjoys computational efficiency competitive to baseline
architectures, enabling a sampling speed of 50x faster than real-
time on a single NVIDIA 2080Ti without engineered kernels.

6.3 Ablation Studies
We conduct ablation studies to demonstrate the effectiveness of
several components in SingGAN, including the: 1) source excitation;
2) adaptive feature learning filter; 3) global and local discriminators,
and 4) loss objectives, including auxiliary spectrogram loss and

sub-band feature matching penalty loss. As illustrated in Table 2,
we conduct CMOS (comparative mean opinion score) evaluations
and have the following findings:

(a) (b)

(c) (d)

Figure 6: Visualization of the generated samples with vary-
ing auxiliary spectrogram losses. (a) Ground-truth. (b) With
multi-resolution STFT loss only. The brighter spectrogram
with false energy reconstruction is observed. (c) With multi-
resolution mel-spectrogram loss only. The over-smooth
spectrogram in high-frequency parts is observed. (d) Our
joint method in auxiliary spectrogram losses.

Removing the source excitation eliminates the model’s capac-
ity to capture time dependencies in long continuous voice, and
a distinct degradation in perceptual quality is observed. Replac-
ing the AFL filter by dilated convolutions shows a relatively small
but noticeable degradation in both sample quality and sampling
speed. Removing the multi-level discriminators has decreased audio
quality, demonstrating their efficiency in enriching low-frequency
details and boosting high-frequency reconstruction. Also, remov-
ing the sub-band feature matching penalty loss results in the lower
perceptual quality and slower convergence of GAN-based models.
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In addition, we conduct ablation studies to verify the effective-
ness of auxiliary spectrogram supervision, including the multi-
resolution mel-spectrogram and multi-resolution STFT loss. We
illustrate the spectrogram of the generated samples in Figure 6,
and empirically find that arbitrary absence of these two loss terms
results in worse predictions: Removing the mel-spectrogram loss
prevents models from proper energy reconstruction, leading to the
brighter spectrogram. Also, removing the STFT loss causes distinct
over-smooth predictions in the high-frequency parts.

Model RTF (↓) CMOS (↑)
SingGAN 0.02 0.00

- source excitation 0.02 -0.28
- adaptive feature learning filter 0.04 -0.10
- discriminators 0.02 -0.22
- auxiliary spectrogram loss 0.02 -0.16
- sub-band feature matching loss 0.02 -0.12

Table 2: Ablation study results. Comparison of the effect of
each component in terms of quality and synthesis speed.

Model MOS (↑) MCD (↓) STOI (↑) PESQ (↑)

GT 4.36±0.11 / / /

WaveRNN 3.92±0.14 1.49 0.66 2.67
NSF 3.44±0.10 2.46 0.64 1.84
MelGAN 3.62±0.08 1.40 0.68 2.72
ParallelWaveGAN 3.81±0.11 1.00 0.68 2.78
HIFIGAN 3.97±0.11 1.04 0.73 2.45
Diffwave 3.94±0.14 1.02 0.74 2.75

SingGAN 4.08±0.09 0.92 0.78 2.81

Table 3: Comparison with other neural vocoders of synthe-
sized utterances for unseen singers.

6.4 Generalization to Unseen Singers
To evaluate the generalization ability of SingGAN, we prepare utter-
ances from unseen singers (including five males and five females)
as the additional test set, which contains 5 utterances from each
singer. In an attempt to provide an easily comparable metric to
evaluate this generalization, we presents the experimental results
for the mel-spectrogram inversion of the unseen singers in Table 10.
Interestingly, we notice that the SingGAN scores 4.08 and achieves
state-of-the-art results for out-of-domain generalization, with a
gap of 0.28 compared to the ground truth audio. This experiment
verifies that SingGAN is able to learn a singer-invariant mapping
of mel-spectrograms to raw waveforms, demonstrating its gener-
alizability to entirely new (unseen) singers outside the train set.
Additionally, the tendency of difference in MOS scores of the pro-
posed models is similar with the result shown in Section 6.2, which
exhibits generalization across different datasets.

6.5 End-to-End Singing Voice Synthesis
We conduct an additional experiment to examine the effectiveness
of the proposed model when extended to an end-to-end singing
voice synthesis system SingGAN-SVS. We conduct MOS evaluation

and compare with several systems, including 1) GT, where we first
convert the ground truth audio into mel-spectrograms, and then
convert the mel-spectrograms back to audio using SingGAN; 2) Fast-
Speech 2 [26] + HIFI-GAN [13], we first utilize the acoustic model
to generate spectrograms, and then transform them into waveforms
using HIFI-GAN; and 3) FastSpeech 2s [26], the end-to-end text-to-
waveform generation model. The MOS results have been presented
in Table 4, and we have the following observations: SingGAN-SVS
achieves the highest MOSwith a gap of 0.11 compared to the ground
truth audio, which indicates that the synthesized audio is nearly in-
distinguishable from the human voices. SingGAN-SVS outperforms
all publicly available baselines, demonstrating the efficiency and
robustness of SingGAN in the overall end-to-end singing voice syn-
thesis pipeline. For objective evaluation, ProDiff also respectively
demonstrates a significant improvement of 2.08, 0.43, and 1.1 in
MCD, PESQ, and STOI, compared to the best baseline system.

Model MOS (↑) MCD (↓) STOI (↑) PESQ (↑)
GT 4.05±0.09 / / /

FastSpeech 2 3.51±0.07 5.90 0.17 1.32
FastSpeech 2s 3.40±0.07 5.56 0.16 1.24
SingGAN-SVS 3.84±0.08 3.48 0.59 2.34

Table 4: Comparison with other singing voice synthesis sys-
tems.

7 CONCLUSION
We proposed SingGAN, a novel generative adversarial network
designed for high-fidelity singing voice vocoding. Considering the
long continuous pronunciation, high sampling rate, and strong ex-
pressiveness of the singing voices, we analyzed and revisited the
glitches and poor high-frequency reconstruction when adopting
previous speech models in singing voice vocoding. SingGAN em-
ployed the source excitation with adaptive feature learning filters to
expand receptive fields and stabilize long continuous signal gener-
ation, efficiently alleviating the generated samples’ glitch problem.
To enrich low-frequency details and promote high-frequency recon-
struction, SingGAN introduces competitive games with global and
local discriminators at different scales. The learning objectives had
been carefully designed for stable training and faster convergence.
With auxiliary spectrogram losses and sub-band feature matching
penalty loss, the training efficiency and the fidelity of the generated
audio had been promoted. Experimental results demonstrated that
SingGAN outperformed the best publicly available neural vocoder
for audio quality, even comparable to the human level. In terms
of synthesis speed, SingGAN enables a sample speed of 50x faster
than real-time on a single NVIDIA 2080Ti GPU. We further show
that SingGAN generalized well to the mel-spectrogram inversion
of unseen singers, and the extensive model SingGAN-SVS further
enjoyed a two-stage pipeline to transform the music scores into
singing voices. We envisage that our work could serve as a basis
for future singing voice synthesis studies.
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A ARCHITECTURE
In this section, we list the architecture hyperparameters of SingGAN
in Table 5 and 6, and the architecture hyperparameters of SingGAN-
SVS in Table 7.

Hyperparameter SingGAN

Number of Harmonic 8
Generator Kernel Size 5
Number of AFL blocks 3
Layers Per AFL blocks 10
Generator Residual Channels 64
Generator Upsample Scales [8, 4, 4]

Total Number of Parameters 1.59M
Table 5: Architecture hyperparameters of Generator.

Hyperparameter SingGAN

Kernel Size 3
Residual Channels 64
Full-band Discriminator Number of Layers 10
Number of Sub-band Discriminators 4
Sub-band Discriminator Kernel Size [5, 5, 7, 7]
Sub-band Discriminator Number of Layers [8, 8, 6, 6]
LeakyReLU Activation Slope 0.2

Total Number of Parameters 0.5M
Table 6: Architecture hyperparameters of Discriminator.

Hyperparameter SingGAN-SVS

Phoneme Embedding 256
Text Encoder Layers 4
Text Encoder Hidden 256
Text Encoder Conv1d Kernel 9
Text Encoder Conv1D Filter Size 1024
Text Encoder Attention Heads 2
Text Encoder Dropout 0.05

Variance Predictor Conv1D Kernel 3
Variance Predictor Conv1D Filter Size 256
Variance Predictor Dropout 0.5

Decoder Layers 4
Decoder Hidden 256
Decoder Conv1D Kernel 9
Decoder Conv1D Filter Size 1024
Decoder Attention Headers 2
Decoder Dropout 0.1

Total Number of Parameters 28M
Table 7: Architecture hyperparameters of the Lyric-to-
spectrogram generation model in SingGAN-SVS.

B LOSS DETAILS
Here we introduce the hyperparameter details in the auxiliary
spectrogram losses.

Loss type FFT Size Hop Size Win Length

Mel-spectrogram 2048 270 1080
4096 540 2160

STFT
512 50 240
1024 120 600
2048 240 1200

Table 8: The details of the multi-resolution STFT loss and
multi-resolution mel-spectrogram loss. A Hanning window
is applied before the FFT process.

C EVALUATION MATRIX
C.1 Subjective Evaluation
All our Mean Opinion Score (MOS) tests are crowdsourced and
conducted by native speakers. We refer to the rubric for MOS scores
in [25], and the scoring criteria has been included in Table 9 for
completeness. The samples are presented and rated one at a time
by the testers.

Rating Naturalness Definition

1 Bad Very annoying and objectionable dist.
2 Poor Annoying but not objectionable dist.
3 Fair Perceptible and slightly annoying dist
4 Good Just perceptible but not annoying dist.
5 Excellent Imperceptible distortions

Table 9: Ratings that have been used in evaluation of speech
naturalness of synthetic and ground truth samples.

C.2 Objective Evaluation
Perceptual evaluation of speech quality (PESQ) [29] and the short-
time objective intelligibility (STOI) [31] assesses the denoising qual-
ity for speech enhancement.

Mel-cepstral distortion (MCD) [15] measures the spectral dis-
tance between the synthesized and reference mel-spectrum fea-
tures.

D SPEECH SYNTHESIS
To further verify the generality of SingGAN, we conduct experi-
ments on the multi-speaker English dataset VCTK and the single-
speaker Chinese dataset CSMSC. Our configuration follows prior
singing voice synthesis systems. We performMOS tests and present
the results in Table 10. The results show that SingGAN achieves
good results in speech synthesis as well. Although MOS differences
in speech are not so much as that in the singing voice, it is obvious
that SingGAN outperforms prior neural vocoders in audio synthe-
sis. Consequently, our proposed SingGAN has the potential to be
widely applied in TTS and SVS.



SingGAN: Generative Adversarial Network For High-Fidelity Singing Voice Generation MM ’22, October 10–14, 2022, Lisboa, Portugal

Model Speech MOS
English Mandarin

WaveRNN 4.02±0.14 4.24±0.10
FB-MelGAN 3.62±0.09 3.86±0.10

Parallel WaveGAN 4.12±0.08 4.20±0.09
SingGAN 4.26±0.10 4.32±0.09

Table 10: The MOS results with 95% confidence intervals on
the English VCTK and Chinese CSMSC dataset.
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