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Abstract

Discrete representation has shown advantages in speech gener-
ation tasks, wherein discrete tokens are derived by discretiz-
ing hidden features from self-supervised learning (SSL) pre-
trained models. However, the direct application of speech SSL
models to singing generation encounters domain gaps between
speech and singing. Furthermore, singing generation necessi-
tates a more refined representation than typical speech. To ad-
dress these challenges, we introduce SingOMD, a novel method
to extract singing-oriented multi-resolution discrete representa-
tions from speech SSL models. Specifically, we first adapt the
features from speech SSL through a resynthesis task and in-
corporate multi-resolution modules based on resampling to bet-
ter serve singing generation. These adapted multi-resolution
features are then discretized via clustering. Extensive experi-
ments demonstrate the robustness, efficiency, and effectiveness
of these representations in singing vocoders and singing voice
synthesis.

Index Terms: singing voice synthesis, singing resynthesis, dis-
crete representation, multi-resolution

1. Introduction

Singing Voice Synthesis (SVS) has attracted considerable at-
tention for its capability to produce high-fidelity vocal rendi-
tions from musical scores (e.g., lyrics, pitch and tempo). A
typical SVS framework is the cascaded system [1-4], where
mel-spectrograms are initially generated in the acoustic model
and subsequently employed by a vocoder to produce the singing
waveform. Recently, in light of the advantages associated with
discrete representations, such as reduced storage requirements,
enhanced training efficiency, and potential compatibility with
other modalities such as text, and coupled with related explo-
rations in various speech-related tasks [5-15], the concept of
discrete SVS has begun to gain traction. To further facilitate the
exploration of discrete SVS, the Interspeech 2024 Challenge on
speech processing using discrete units' has recently proposed
the SVS track, aiming at utilizing discrete representations to
construct the SVS system. Contestants are tasked with devel-
oping a cascaded discrete SVS system akin to those utilizing
mel-spectrograms, including an acoustic model to convert the
music score into discrete representation and a vocoder to trans-
form the representation into waveform.

While the investigation into discrete representations within
SVS is still in its nascent stages, notable advancements have
been witnessed in speech generation domains, such as text-
to-speech (TTS) [6, 8, 12, 14, 16], speech-to-speech trans-

*Corresponding Author.

1 https://www.wavlab.org/activities/2024/Interspeech2024-Discrete-Speech-
Unit-Challenge/

lation (S2ST) [5, 10, 11, 17], speech enhancement (SE) [7,
15]. In these tasks, a prevalent method for obtaining discrete
units involves conducting clustering over the intermediate fea-
tures of speech self-supervised learning (SSL) pre-trained mod-
els [18]. Specifically, these pre-trained SSL models [19-23]
typically operate as either speech encoders or frozen feature
extractors, capturing latent features from the intermediate lay-
ers. Subsequently, clustering techniques such as K-means or
Gumbel-Softmax are applied on these features to derive discrete
representations, which are subsequently utilized in downstream
tasks.

However, there are currently no SSL models specifically de-
signed for singing-related tasks to extract representations suit-
able for singing, primarily due to constraints imposed by the
scale of singing data [24, 25]. Leveraging speech SSL models
could be a simple solution. However, considering the disparity
between singing and speech domains, singing encompasses nu-
anced pitch variations, a broader spectrum of vocal frequencies,
and longer durations, so singing synthesis requires richer and
more expressive discrete representations. Therefore, direct ap-
plication of discrete representations extracted from speech SSL
models to singing-related tasks faces challenges of domain gap.
Moreover, inspired by the findings from Shi et al. [26, 27] that
a fixed resolution for speech signals is suboptimal, given that
singing is more refined than speech, a single resolution is defi-
nitely not optimal for singing-related tasks.

To this end, we propose SingOMD, a novel method de-
signed to extract singing oriented multi-resolution discrete rep-
resentations by leveraging speech SSL models. SingOMD
trains continuous features extracted from raw singing audios
using speech SSL models in a resynthesis task, thereby bridg-
ing the domain gap between the speech and singing. More-
over, to capture richer singing-specific features, we introduce
a Unet-based resampling module [26, 28] designed to incor-
porate multi-resolution features. Following the training of
the resynthesis task, singing oriented multi-resolution contin-
uous features are extracted from the intermediate layers of
the resampling module, and subsequently clustered using K-
means to obtain corresponding discrete representations. Exten-
sive experiments demonstrate that these singing oriented multi-
resolution discrete representations exhibit high robustness in
singing resynthesis. Furthermore, when integrated with a dis-
crete singing voice acoustic model, our approach yields notable
enhancements in both efficiency and effectiveness of singing
voice synthesis.

The main contributions of this work include: (1) we pro-
pose a new method SingOMD to construct singing oriented
multi-resolution discrete representations form speech SSL. mod-
els using the resynthesis task without modifying model pa-
rameters or structures of speech SSL models; (2) our method
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Figure 1: Illustration of the overall workflow of our proposed SingOMD.

achieves comparable results for singing voice synthesis with
mel-spectrograms systems, and without using any auxiliary
information, it outperforms the baseline which involves dis-
crete representations from a larger model and requires pitch
predictor. Our demo page can be accessed at https://
interspeech2024singomd.github.io.

2. Method

Discrete representations have shown great potential in some
speech related tasks but have not been well explored in SVS. As
discussed in Section 1, there is currently no singing-related SSL
model, and leveraging speech SSL models faces challenges due
to the domain gap between speech and singing. Driven by is-
sues above and inspiration from multi-resolution expolration in
speech [26, 27], we propose a new method, SingOMD, to con-
struct singing oriented multi-resolution discrete representations
from speech SSL models.

Figure 1 illustrates the overall workflow of our proposed
SingOMD, which involves two major components: a resam-
pling module to form multi-resolution, and a discretization
module to produce multi-resolution discrete representations
through clustering. Initially, raw singing audio y is fed
into a frozen speech SSL model (SSL) to obtain continuous
speech features s, which is then fed into the resampling mod-
ule (Resampling) to produce features & in different resolution.
Finally, the output features & from the resampling module are
reconstructed to the waveform ¢ using the Vocoder.

s = SSL (y) ey
& = Resampling (s) @)
g = Vocoder (&) 3)

Such singing audio resynthesis process can serve as an
adapter to better fit the speech continuous features for singing.
We then construct discrete representations by clustering on the
continuous features &. We elaborate the working details of
SingOMD below.

Speech Self-supervised Learning Model. As the singing au-
dio is fed into the Speech SSL model to obtain the continu-
ous features, it is important to utilize as much of the available
information as possible to augment the obtained features. In
this context, following previous works [29, 30], we perform a
weighted sum of the features extracted from all intermediate

layers of the Speech SSL model. Let s1,s2,S3,...,Sn rep-
resent these features from different hidden layers and 7 is the
number of layers. The obtained speech features s can be ex-
pressed as: s = » . w; - S;, where w; denotes the trainable
weight associated with the feature s;.

Resampling Module. Inspired by findings from previous
works [26, 27] that multi-resolution features are beneficial
for speech processing tasks, we generate features at differ-
ent resolutions based on the pre-trained speech features s in
the resampling module, which involves a transfer encoder and
downsampling-upsampling processing stages. The transfer en-
coder consists of a Conv1d layer with an equal number of in-
put and output feature dimensions. Each resampler block in the
downsampling-upsampling process is consistent with the sam-
pling module described in [26], comprising a Conv1d for up-
sampling and a ConvTransposeld for downsampling, cas-
caded in a residual manner. Specifically, the speech features s
first undergo a transfer encoder to adapt from the speech do-
main to the singing domain, producing singing features z©
in the original resolution. These original singing features
are then fed into the Unet-based upsampling-downsampling
module. Firstly, they traverse through ¢ downsampling steps
DOWNTi] sequentially to yield a sequence of downsampled
features z(®, 2™ ...z Subsequently, these features go
through ¢ upsampling steps UP[i] that introduce residuals to ob-
tain upsampled features &~ = wpe - (£ 4+ 27V, where
Wres 18 @ hyperparameter. The downsampling and upsampling
process is symmetrically repeated to obtain upsampled features
#® 201 £ The final features fed into the vocoder
are & = ().

Note that the scaling ratios of the upsampling and down-
sampling steps are symmetric. For instance, if DOWN[1] down-
samples by a factor of 2, then UP[1] upsamples by a factor of
2, and this pattern continues. Additionally, the sampling ra-
tios are determined by the adjacent sampling rates in the de-
sired sampling rate sequence. For example, if the original au-
dio resolution is 20ms and we aim to obtain features at [20ms,
40ms, 80ms], where 20ms represents the duration of each token
(i.e., 50 features correspond to 1s of audio), then the downsam-

80

pling ratios would be [32 = 2,52 = 2]. Furthermore, the

upsampling ratios are symmetric to the downsampling ratios

B =23 =2

Vocoder. Ultimately, the output features & are fed into a



vocoder backbone, specifically HiFi-GAN [31] here, to recon-
struct the features into the singing waveform g.

Loss Function. For the loss function of the entire SingOMD,
we adopt the same settings as those used in [31], including GAN
loss Laav(G; D), feature matching loss L (G; D) and mel-
spectrogtams loss Lumer, where G and D represent the generator
the discriminator respectively.

Discrete Representations. To obtain singing-adapted
multi-resolution discrete representations, we apply K-
means clustering individually on the continuous features
2@ 2= 2 from the resampling module correspond-
ing to the desired resolutions for each £ we want to obtain. This
process results in obtaining corresponding discrete features for
each desired resolution of £.

3. Experiments

To assess the effectiveness of discrete representations con-
structed via SingOMD, we conduct experiments on two tasks:
singing sesynthesis and singing voice synthesis, and evaluate
the synthesized audio accordingly.

3.1. SingOMD Training

We first train SingOMD to construct discrete representa-
tions. The training datasets comprise ACE-Opencpop (130
hours) [32], OpenSinger (50 hours) [33], M4Singer (29.8
hours) [34], and Opencpop (5.2 hours) [35], collectively
amounting to approximately 210 hours.  Notably, ACE-
Opencpop, OpenSinger, and M4Singer are multi-singer
datasets. We follow the predefined data splits for ACE-
Opencpop and Opencpop. For M4Singer and OpenSinger, we
allocate the first 200 entries as the validation set, 201 and 250
entries as the test set respectively, and the remainder as the train-
ing set.

We choose HuBERT [19], one of the most prominent
speech SSL models, as the pre-trained SSL model in our Sin-
gOMD. To better highlight the superiority of our approach, we
opted for HuBERT base, featuring a 12-layer transformer with a
hidden feature dimension of 768. The resampling module con-
sists of a transfer encoder and multiple Resampler blocks. The
transfer encoder is comprised of a Conv1d with both input and
output channels set to 512, a kernel size of 7, and a stride of
1. The parameters for each Resampler are identical to those
of the sampling module described in [26]. The kernel size and
stride of Convld and ConvTransposeld in Resampler are
both 1. The residual coefficient wres in the resampling module
is set to v/0.4. Three resolutions are set at most, similar to the
setting in [26]. In the vocoder, we follow the settings of HiFi-
GAN [31] and substitute spectrograms with features generated
by resampling module. To obtain discrete representations, the
cluster number in K-means is set to 1024. The training is per-
formed using an NVIDIA 3090 GPU with a batch size of 16 for
250000 steps. We use the Adam optimizer with a learning rate
of 2 x 107, All experiments are conducted within the Parallel
WaveGAN [36].2

3.2. Evaluation Dataset and Metrics

Dataset. The Opencpop dataset serves as the benchmark for
evaluating the quality of SingOMD tokens and other discrete
representations. In our quality assessment experiments con-
cerning discrete tokens, we follow the default segmentation of

2https ://github.com/kan-bayashi/ParallelWaveGAN

the Opencpop dataset.

Metrics. The quality of discrete tokens is assessed based on
the quality of audio segments generated in both singing resyn-
thesis and singing voice synthesis tasks using discrete tokens.
We employ both subjective and objective metrics to evaluate
the quality of these audio segments. The objective metrics
include Mel cepstral distortion (MCD), logarithmic FO root
mean square error (FO RMSE), semitone accuracy (S. Acc.),
and Voice/Unvoice Error (V/UV E.), consistent with previous
works [37-39]. For subjective metrics, we utilize the Mean
Opinion Score (MOS) approach, where 30 samples from each
system are evaluated by 20 professional annotators on a 5-point
scale, with 1 indicating an unreasonable synthesis and 5 signi-
fying a synthesis indistinguishable from a real human voice.

3.3. Evaluation setup on singing resynthesis task

The singing resynthesis task directly converts the provided dis-
crete tokens back into audio through a vocoder.

Baselines. The compared baseline models, including both sin-
gle stream tokens and multi-stream tokens configurations and
vocoders as unit HiFIGAN [5, 14, 40], are provided by the In-
terspeech2024 Challenge as follows:

+ HuBERT-base/3: Single stream discrete tokens from the 3™
layer of HuBERT base.

e HuBERT-base/sum: Single stream discrete tokens from
weighted sum features of all layers in HuBERT base.

¢ HuBERT-base/3+10+11: Multi-stream discrete tokens from
34, 10", 11™ layers of HuBERT base, top 3 weighted in
weighted sum.

Experiment Setup. In the singing resynthesis experiments, the
vocoder employed is unit HiFi-GAN, which includes an addi-
tional embedding layer for input discrete tokens compared to
HiFi-GAN. The rest of its architecture and parameters remain
consistent with the official setting. The embedding layer is
configured with 512 channels. In scenarios involving multiple
stream tokens input, we utilize embedding layers to embed each
stream separately and then integrate them through a weighted
sum. The training settings align with Section 3.1.

3.4. Experiment results on singing resynthesis

We conduct a comparison experiment on different discrete to-
kens and ablate on resolutions of SingOMD tokens.
Comparison of different discrete tokens. Table 1 shows the
performance of different discrete tokens. “Resolution”, refers
to the resolution of the corresponding discrete representations.
In experiments, our SingOMD tokens take only one stream for
each resolution. Comparing results from rows 3, and 4, it’s
evident that employing only a transfer encoder without intro-
ducing multi-resolution significantly enhances the synthesized
outcomes. It also confirms the effectiveness of the weighted
sum approach in rows 1 and 3. Furthermore, it’s observed that
both utilize 3-stream discrete tokens in rows 2 and 6. How-
ever, the quantity of tokens extracted from the SSL model in
row 2 is nearly double that of row 6 due to different resolu-
tions. Despite this difference, our approach still significantly
outperforms in all metrics. Additionally, a comparison between
rows 1 and 2 illustrates that merely increasing the number of
token streams does not lead to an improvement. In contrast, the
inclusion of information from more resolutions results in sub-
stantial enhancements in rows 4-6. These results demonstrate
the superiority of SingOMD in extracting singing-oriented dis-
crete tokens.



Table 1: Comparison of discrete singing resynthesis on Opencpop. 95% confidence intervals are reported in parentheses.

| Method | SSL | Resolution | MCD | FORMSE | S.ACC.t VUV Error | MOS 1
1 | Baseline HuBERT-base/3 (20) 8.7103 0.2192 25.40% 9.93% 2.46 (£ 0.06)
2 | Baseline HuBERT-base/3+10+11 (20) 8.8802 0.2922 27.42% 8.74% 2.34 (£ 0.05)
3 | Baseline HuBERT-base/sum (20) 7.6427 0.1847 38.90% 7.66 % 2.78 (£ 0.06)
4 | SingOMD (ours) HuBERT-base/sum (20,) 6.9693 0.2167 60.32% 8.24% 3.39 (£ 0.06)
5 | SingOMD (ours) HuBERT-base/sum (20, 40) 6.6414 0.1806 64.02% 8.41% 3.48 (£ 0.06)
6 | SingOMD (ours) HuBERT-base/sum (20, 40, 80) | 6.5766 0.1828 64.83% 8.16% 3.55 (+ 0.07)
7 | Ground Truth | - | - | - - - - 4.66 £ 0.06

Ablation on resolution. To investigate the impact of resolu-
tion on SingOMD, experiments were conducted using discrete
tokens of varying resolutions. The results from rows 4 and 6 in-
dicate that when transitioning from a single resolution to multi-
ple resolutions, all metrics show significant improvement. With
the increase of resolutions in discrete tokens, as shown from
rows 4-6, MCD, FO RMSE, S. ACC., and MOS follow the im-
provement of resolutions or remain comparable results while
VUV Error shows no apparent correlation. It suggests that in-
corporating information from more resolutions can enhance the
informational content of discrete features. However, comparing
rows 4-5 and rows 5-6, it seems that further increasing resolu-
tions does not yield as pronounced effects as the initial shift.
This finding suggests a trade-off between the quality of syn-
thetic vocals and the quantity of tokens which represents the
computational efficiency.

3.5. Evaluation setup on singing voice synthesis

We also evaluate the effectiveness of our singing-oriented dis-
crete tokens on the SVS task. Specifically, We first train a
vocoder using discrete tokens as input. Then, we train a discrete
token-based acoustic model to directly predict discrete tokens
from musical scores. Finally, the acoustic model and vocoder
are cascaded as an SVS system.

Baselines. For all systems utilizing discrete tokens, the acous-
tic model employed for predicting discrete features is an RNN-
based model [25] provided by the Interspeech2024 Challenge.
To further explore the effectiveness of our method, we do not
use any additional information in discrete tokens systems. For
systems using Mel-spectrograms, we utilize XiaoiceSing [2],
a classic transformer based model, as the acoustic model. All
acoustic models above are available in ESPnet-Muskits [37].3
All vocoders are either HiFi-GAN or unit HiFi-GAN, consis-
tent with previous experiments.

The SVS baselines are as follows:

¢ Mel-septrograms: XiaoiceSing as acoustic model, HiFi-
GAN as vocoder and mel-spetrograms as intermediate fea-
tures.

* HuBERT-base/3: RNN with duration predictor, single stream
from the 37 layer of HuBERT base.

* HuBERT-base/3+10+11: RNN with duration predictor, multi
stream discrete tokens from the 3™, 10" , and 11™ layers of
HuBERT base.

Experiment Setup. In SVS experiments, all acoustic models
including RNN and XiaoiceSing and the training parameters,
adhere to the suggested settings specified in ESPnet Opencpop
recipe.* For SingOMD systems, SingOMD tokens are chosen

3https ://github.com/espnet/espnet

4https ://github.com/espnet/espnet/tree/master/egs2/
opencpop/svsl

Table 2: Comparison of SVS performance on Opencpop. 95%
confidence intervals are reported in parentheses.

Model | MCD| FORMSE | MOS 1

Mel spectrogram ‘ 6.9283 0.2610 3.04 £ 0.06
HuBERT-base/3 9.5528 0.2321 2.34 £ 0.06
HuBERT-base/3+10+11 9.7585 0.3200 2.34 4+ 0.05
DiscreteSVS+SingOMD | 7.7234 0.1941 3.10 £ 0.06
Ground Truth | - - 4.66 & 0.06

in resolution [20, 40, 80]. All acoustic models are trained us-
ing the Adam optimizer with a learning rate of 1 x 10~% on
a NVIDIA 3090 GPU with a batch size of 16 for 350 epochs.
We choose the best model from the validation set. The config-
urations for vocoders are consistent with those detailed in 3.1,
following the official HiFi-GAN settings. All experiments are
conducted within the ESPnet framework.

3.6. Experiment results on singing voice synthesis

The results in Table 2 demonstrate that SingOMD achieves the
best grades among all systems using discrete tokens in all met-
rics. Furthermore, our approach achieves comparable MOS to
the baseline system with Mel spectrograms and improves no-
tably in FO RMSE which validate our hypothesis that our model
requires long-duration information in pitch. And the deterio-
ration of MCD in SingOMD is reasonable, due to information
loss during discretization. Although there is an undeniable gap
between discrete systems and Ground-Truth, the results still un-
derscore the efficacy and potential of SingOMD in enhancing
the quality and effectiveness of singing voice synthesis.

4. Conclusion

This paper proposes SingOMD, a novel method to construct
singing-oriented discrete representations for singing generation
by leveraging speech SSL models. SingOMD first alleviates
domain gaps between speech and singing by adapting the con-
tinuous features from hidden layers of speech SSL for singing
through a singing audio resynthesis process. Moreover, a re-
sampling module is incorporated to capture multi-resolution
richer features. These adapted multi-resolution features are then
discretized via K-means to form our singing-oriented discrete
representations. Extensive experiments demonstrate the robust-
ness of these representations in singing vocoders. They also
enhance the efficiency and effectiveness of singing voice syn-
thesis when integrated with a discrete singing acoustic model.
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