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Abstract

Various applications of voice synthesis have been developed independently despite
the fact that they generate “voice” as output in common. In addition, the majority
of voice synthesis models currently rely on annotated audio data, but it is crucial to
scale them to self-supervised datasets in order to effectively capture the wide range
of acoustic variations present in human voice, including speaker identity, emotion,
and prosody. In this work, we propose Make-A-Voice, a unified framework for
synthesizing and manipulating voice signals from discrete representations. Make-
A-Voice leverages a “coarse-to-fine” approach to model the human voice, which
involves three stages: 1) semantic stage: model high-level transformation between
linguistic content and self-supervised semantic tokens, 2) acoustic stage: introduce
varying control signals as acoustic conditions for semantic-to-acoustic modeling,
and 3) generation stage: synthesize high-fidelity waveforms from acoustic tokens.
Make-A-Voice offers notable benefits as a unified voice synthesis framework: 1)
Data scalability: the major backbone (i.e., acoustic and generation stage) does
not require any annotations, and thus the training data could be scaled up. 2)
Controllability and conditioning flexibility: we investigate different conditioning
mechanisms and effectively handle three voice synthesis applications, including
text-to-speech (TTS), voice conversion (VC), and singing voice synthesis (SVS)
by re-synthesizing the discrete voice representations with prompt guidance. Exper-
imental results demonstrate that Make-A-Voice exhibits superior audio quality and
style similarity compared with competitive baseline models.

1 Introduction

Voice synthesis [40l 33, |32]] aims to generate human-like voices, which attracts broad interest in the
machine learning community. A growing number of applications, such as voice assistant services
and long-form reading, have been actively developed and deployed to real-world speech platforms.
Despite the success achieved, the rising demand for expressive voice generation poses challenges for
models, particularly in zero-shot scenarios [3, [14]]. When the distributions of zero-shot style prompts
differ from training data, the quality of synthesized voice often deteriorates due to distribution gaps.

A promising approach to improve zero-shot robustness is to scale up training data with a large
number of speakers, various accents, diverse demographics, and heterogeneous recording conditions
to capture the acoustic diversities (e.g., intrinsic properties like speaker identity, emotion and prosody,
and extrinsic factors such as channel and environment) in human voice. Current large-scale voice
synthesis [[18}139,35] systems leverage the codec models to predict the intermediate representation
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instead of waveforms, which can be clustered into two groups: 1) autoregressive (AR) [4} [18] 39| 146]:
which integrates implicit duration modeling but suffers from error propagation. 2) non-autoregressive
(NAR) [42} 135]: which shows advantages in training stability but has been concerned with the
requirement of an alignment model and “averaged” duration being predicted. Given that previous AR
models [39}146] have addressed intelligibility challenges in generated samples through large-scale
training, we have incorporated the autoregressive approach into our model design.

While previous voice synthesis models have improved zero-shot robustness, most of them have been
developed independently despite generating “voice” as a common objective. Thus, the methodologies
developed for each application remain scattered in research fields, which is inefficient since we still
need to optimize separated models for voice generation tasks.

In this work, we introduce Make-A-Voice, a unified zero-shot voice synthesis framework for syn-
thesizing and manipulating voice signals from discrete representations. Make-A-Voice employs
a “coarse-to-fine” design to model human voice, utilizing two types of discrete tokens: semantic
tokens and acoustic tokens. This design encompasses the following stages: 1) Semantic stage is
regarded as a sequence-to-sequence (seq2seq) problem which requires a small amount of text-audio
parallel data; 2) Acoustic stage is scaled to a large amount of self-supervised audio-only data, where
conditioning mechanisms are investigated with different control signals (e.g., speaker/FO prompt);
and 3) Generation stage is designed to reconstruct high-fidelity waveforms with accurate content
(high intelligibility), rich acoustic properties.

Make-A-Voice demonstrates notable advantages as a unified voice synthesis framework: 1) Data
scalability: the major backbone of Make-A-Voice (i.e., both acoustic and generation stages) does
not require any annotations, and thus training could be scaled up in terms of data usage. 2) Con-
trollability with flexible conditioning options: various conditioning mechanisms are investigated by
re-synthesizing the semantic or acoustic representations with prompt guidance (e.g., speaker/FO).
After training the backbone network, we proceed to introduce three voice generation applications:
text-to-speech (TTS), voice conversion (VC), and singing voice synthesis (SVS). These applications
can be effectively addressed by leveraging a unified framework that employs discrete representations.
Experimental results demonstrate that Make-A-Voice achieves new state-of-the-art results in zero-shot
synthesis. Both subjective and objective evaluation metrics show that Make-A-Voice exhibits superior
audio quality and style similarity compared with baseline models.

Our contributions can be summarized as follows:

* We propose a unified voice synthesis framework called Make-A-Voice, which stands for a three-
stage approach with “coarse-to-fine” design. This framework aims to effectively model the human
voice by considering semantic meanings, acoustic conditions, and perceptual fidelity.

* We enhance the scalability and leverage self-supervised data for both speech and singing voice
synthesis.

» Experimental results on three exemplar applications demonstrate that Make-A-Voice achieves
state-of-the-art results in terms of style similarity and perceptual quality. Make-A-Voice excels in
data scalability, controllability, and conditioning flexibility with discrete representations.

2 Related Works

2.1 Speech/Singing Synthesis

TTS or SVS models typically convert input text into mel-spectrogram (e.g., Tacotron [40], Fast-
Speech [33]]), which is then transformed to waveform using a separately trained vocoder [20} [12]], or
directly generate waveform from text (e.g., EATS [10]] and VITS [19]). In zero-shot scenarios, when
the distributions of style prompts deviate from the training data, the quality of the synthesized voice
often suffers degradation due to distribution mismatches: Meta-StyleSpeech [27] generally adopts
a speech encoding network for multi-speaker synthesis. GenerSpeech [14] leverages multi-level
style adaptors for the global and local stylization of the custom utterance. YourTTS [5] is built upon
VITS with several novel modifications for zero-shot multi-speaker and multilingual training. In this
work, we enhance zero-shot robustness by scaling up training data with an extensive collection of
speakers encompassing diverse accents, demographics, and recording conditions. This approach aims



to capture the acoustic diversity presented in human speech, including variations of speaker identity,
emotion, and prosody.

Building a simple and unified voice synthesis framework has also attracted increasing attention in
the community: Liu et al. [24] make use of large amounts of unlabeled data for model training and
boost the performance of zero-shot text-to-speech and voice conversion simultaneously. NANSY
families [6l [7]] are trained in a self-supervised manner that does not require any annotations paired
with audio. However, these methods are built in continuous vector space, easily encountering over-
smoothing predictions. In contrast, our investigation focuses on the progressive development of a
“coarse-to-fine” approach, which enables the synthesis and manipulation of voice signals based on
discrete representations.

2.2 Self-Supervised Learning in Speech

Self-supervised learning (SSL) has emerged as a popular solution to many speech processing problems
with a massive amount of unlabeled speech data. Data2vec [3]] employs a fast convolutional decoder
and models the contextualized target representations in a self-supervised manner. HuBERT [[11]] is
trained using a masked prediction objective that involves masking segments of continuous audio
signals. Additionally, it incorporates an offline clustering process to obtain aligned target labels for
a prediction loss similar to BERT [9]]. SoundStream [44] and Encodec [8]] draw inspiration from
vector quantization (VQ) and investigate to use of a hierarchical architecture for representing acoustic
information. [43] propose a group-residual vector quantization (GRVQ) technique and use it to
develop a high-fidelity audio codec model named HiFi-Codec. In this work, we leverage the semantic
tokens from HuBERT and acoustic tokens from SoundStream as discrete representations.

2.3 Spoken Language Models

In a compact and discrete space, voice could be modeled with an autoregressive transformer. Genera-
tive spoken language modeling (GSLM) [[17] with “textless NLP” pioneers the use of language models
on discrete speech representations. AudioLM [4] and MusicLLM [[1] cast audio synthesis as a language
modeling task and leverage a hierarchy of coarse-to-fine units. SpeechDLM [28] leverages the
HuBERT representation and introduces the end-to-end spoken language model for dialogue. Recently,
VALL-E [39], SPEAR-TTS [18]] are proposed to clone a human’s voice with discrete prompt tokens
from a short recording (3-seconds). In this study, our unified voice synthesis framework defines the
voice generation process into a composition of autoregressive sequence-to-sequence (seq2seq) tasks
utilizing discrete representations: translating speech/text to semantic tokens; converting semantic
tokens to acoustic tokens; finally, mapping them back to long continuous waveforms.

3 Make-A-Voice

3.1 Zero-Shot Formulation

Following [5} [14} 39], we aim to generate high-fidelity samples with style (e.g., speaker identity,
emotion, and prosody) guided by a prompt in a zero-shot manner, where model never sees the voice
used for prompting at training, and it has to reproduce the acoustic characteristics from a single
prompt example.

3.2 Overview

Make-A-Voice is considered a unified voice synthesis framework with a “coarse-to-fine” design that
progressively enhances the modeling of voice signals by injecting desired conditioning information,
which is organized in three main stages as illustrated in Figure[d} 1) semantic stage S1, speech or text
inputs are transformed into a sequence of semantic tokens s, 2) acoustic stage Sa, acoustic tokens a
with a variety of conditions (speaker, emotion, prosody, and style) are generated autoregressively from
the “pseudo” text (i.e., semantic tokens s); 3) generation stage S3, a unit-based vocoder synthesizes
high-fidelity waveforms from compressed acoustic representations.

After training the backbone network, we introduce three voice generation applications, including
text-to-speech (TTS), voice conversion (VC), and singing voice synthesis (SVS), that can be tackled
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Figure 1: A high-level overview of Make-A-Voice. The FO auxiliary input denoted with dotted lines
is included only in singing voice synthesis.

by sharing a voice synthesis framework with discrete representations. For TTS, the text inputs are
transformed into semantic tokens autoregressively, which are then converted into acoustic tokens
given the speaker prompts. For VC, the speech inputs are tokenized into semantic tokens by the
HuBERT model, which are then converted into acoustic tokens given the speaker prompts. For SVS,
the semantic tokens are generated autoregressively as TTS, after which acoustic tokens are generated
given the speaker and FO prompts.

3.3 Discrete Speech Representation

3.3.1 Semantic tokens

Semantic Tokens
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Figure 2: Discrete speech

3.3.2 Acoustic tokens representations.

Audio codec models such as SoundStream [44] and Encodec [S8]]
have recently shown that encoder-decoder architecture excels at learning acoustic information in a
self-supervised manner, where the representation can be used in a variety of generative tasks.

The acoustic codec model typically consists of an audio encoder, a residual vector-quantizer (RVQ),
and an audio decoder: 1) The audio encoder E consists of several convolutional blocks with a total
downsampling rate of 320 and generates continuous representations at every 20-ms frame in 16kHz.
2) The residual vector-quantizer () produces discrete representations a, with a codebook size of Ko,
using a vector quantization layer [38]. 3) The audio decoder G reconstructs the signal g, from the
compressed latent representation a,,. In the end, a speech utterance y is represented as acoustic tokens
with [a1,as2,...,ar],a; € {0,1,..., Ko — 1},V1 < i < T, where T is the number of frames.

3.4 Semantic Stage S;: Determining Semantic Meaning

Semantic stage S maps tokenized text or speech into semantic tokens. For text-to-semantic trans-
formation, we use parallel text-semantic data to learn this mapping with a sequence-to-sequence
(seq2seq) task, that can be implemented by autoregressive encoder-decoder transformer architectures
0 agr. It is conditioned on the phoneme sequence u, formulated as:

T

p(s|wbar) = Hp(st | s<tsw;0aR), (1)
t=0



For speech-to-semantic transformation, we tokenize speech using the HuBERT model without
requiring seq2seq translation.

3.5 Acoustic Stage S5: Introducing Acoustic Conditions

Acoustic stage S maps semantics into acoustic tokens. To train this stage, we extract pairs of
sequences of semantic and acoustic tokens from each utterance. S is scaled up to a large amount of
self-supervised audio-only data containing many speakers with various accents, diverse demographics,
and heterogeneous recording conditions to improve the robustness in zero-shot scenarios. It is
designed to include a variety of acoustic conditions (e.g., speaker, emotion, prosody, and style) on top
of semantic meanings, and thus we investigate different conditioning mechanisms for controllability
and flexibility.

To control the characteristics of the speaker’s voice, a prompt for timbre guidance is required. During
training, we randomly select two non-overlapping windows of speech from each example, and
consider one of the windows as the prompt and the other as the target output. For the conditioning
mechanism, we concatenate the sequences of acoustic tokens a,, from prompt and semantic tokens s
from the target, between which we have a separating token:

T

p(als,ap;0ar) = [[p(a: | aci,s,ap;04r) )
t=0

For singing voice synthesis which requires accurate pitch control due to its strong condition nature,
the fundamental frequency (FO) prompt is further required. In practice, FO could be determined by
a separately-trained neural network given MIDI score, and thus we directly take the FO value as
condition signals in acoustic model Sy for simplification following [25]. Specifically, we 1) extract
the Fo = (f1,. .., f1) using the YAAPT algorithm [16] from target singing voice with 320 hop size,
and 2) quantize the FO of each frame to 256 possible values in log-scale, where each element in f;
is an integer f; € {1,.., Ky}, Ky = 256. To conclude, we concatenate the sequences of acoustic
tokens a,, from prompt, FO prompt F, and semantic tokens s from the target, between which we have
separating tokens.

T

p(a ‘ Svava;aAR) = Hp(at | a<tasvapaF;9AR)7 (3)
t=0

3.6 Generation Stage S3: Reconstructing High-Fidelity Waveforms

Generation stage S35 guarantees the fidelity of synthesized waveforms. Since the acoustic codec (i.e.,
SoundStream) leverages multiple (12) quantization levels to improve reconstruction quality, and thus
a distinct drop in perceptual quality could be witnessed when reducing the codebook number during
inference. We refer the reader to Section[4.5.2] for a summary of our findings.

To avoid quality degradation, we train a unit-based neural vocoder from scratch for the acoustic unit
to waveform generation, which only requires three quantization levels to reconstruct high-fidelity
waveforms. Inspired by BigVGAN [22], the synthesizer includes the generator and multi-resolution
discriminator (MRD). The generator is built from a set of look-up tables (LUT) that embed the
discrete representation and a series of blocks composed of transposed convolution and a residual
block with dilated layers. The transposed convolutions upsample the encoded representation to match
the input sample rate, while the dilated layers increase the receptive field. More details have been
included in Appendix[C.2]

For speech generation, we train the vocoder with only the discrete unit sequences as input. For
singing voice generation, we further include FO-driven source excitation to stabilize long-continuous
waveforms generation following [25] [13]].

3.7 Training and Inference Procedures
3.7.1 Training

During training text-to-semantic or semantic-to-acoustic transformers for stage S, S2, we compute
the cross-entropy (CE) loss with label smoothing between the generated and target units. Considering
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Figure 3: We introduce three exemplar applications, including voice conversion (VC), text-to-speech
(TTS), and singing voice synthesis (SVS), that can be tackled by sharing a voice synthesis framework
with semantic and acoustic tokens.

the synthesizer S3, we train the enhanced vocoder with the weighted sum of the least-square adver-
sarial loss, the feature matching loss, and the spectral regression loss on mel-spectrogram, where
the training objective formulation and hyperparameters follow Kong et al. [20], Lee et al. [22]. The
major backbone of Make-A-Voice (i.e., both acoustic and generation stages) does not require any
annotations, and thus training data could be scaled up to a large number of speakers, with various
accents, diverse demographics, and heterogeneous recording conditions. It enables capturing acoustic
diversity (speaker identity, emotion, prosody) in human voice, especially for zero-shot scenarios.

3.7.2 Inference

Make-A-Voice exhibits competitive advantages as a unified voice synthesis framework with a “coarse-
to-fine” design. VC, TTS, and SVS can be tackled by re-synthesizing the semantic or acoustic
representations with varying conditions:

* VC: speech sample is tokenized into semantic tokens, which are then transformed to acoustic tokens
in target speaker given speaker prompt. As semantic and acoustic representations are produced
with the same downsampling rate; thus, the input and converted speech share a common length.

» TTS: phoneme sequences are translated to semantic tokens, which are converted into acoustic
tokens given speaker prompt.

* SVS: phoneme sequences are translated to semantic tokens, which are transformed into acoustic
tokens given the FO prompt (from MIDI) and speaker prompt. Detailed information on the MIDI-
to-FO converter has been included in Appendix[C.1]

4 Experiments

4.1 Experimental Setup
4.1.1 Data

As illustrated in Table[T} we separately train the backbone model on English and Chinese datasets
since the semantic tokenizer (i.e., HIBERT) is mono-lingual, and we convert the sampling rate of
all data to 16kHz. S; model is trained on text-semantic pairs, where we convert the text sequence
into the phoneme sequence with an open-source grapheme-to-phoneme conversion tool [37]. S
and S3 could be pre-trained on the audio-only self-supervised dataset to expand data distribution.
During evaluation, we randomly choose 50 sentences to construct the zero-shot testing set for each
application task, in which the voice used for prompting is never seen by the model at training, and it
has to reproduce the characteristics from a single prompt example. We have attached more detailed
information on the data configuration in Appendix



Table 1: Dataset usage in training and inference stages.

Language S1 S2/Ss Application  Zero-Shot Testing
English LibriTTS train LibriLight TTS, VC LibriTTS test
Chinese OpenCPOP train ~ OpenCPOP+OpenSinger+CSMSC SVS M4Singer test

4.1.2 Model Configurations

For semantic representations, we apply different HuBERT models for the English and Chinese
languages and use k-means to discretize 12th-layer embeddings into semantic tokens with a codebook
of size 1000 and a total downsampling rate of 320. For acoustic representation, we train the
SoundStream model with 12 quantization levels, each with a codebook of size 1024 and the same
downsampling rate of 320. We take 3 quantization levels as the acoustic tokens, representing each
frame as a flat sequence of tokens from the first, second, and third quantization layers.

Autoregressive seq2seq text-to-semantic 57 and semantic-to-acoustic So models are both 12-layer
transformers with an attention dimension of 1024 and the FFN dimension of 4096. As for unit-based
vocoder S5, we use the modified V1 version of BigVGAN. A comprehensive table of hyperparameters
is available in Appendix [B]

4.1.3 Training and Evaluation

During training, we train S; and S5 transformers respectively for 100K/500K steps using 4/32
NVIDIA V100 GPUs with a batch size of 2000 tokens for each GPU on the publicly-available fairseq
framework [29]]. Adam optimizer is used with 51 = 0.9, 85 = 0.98,¢ = 10~9. For the S5 model, we
crop the waveform to a random length of up to 8 seconds. S3 model is optimized with a segment
size of 8192 and a learning rate of 1 x 10~* until 500K steps using 4 NVIDIA V100 GPUs. During
inference, we use beam search with beam size to 10 of autoregressive decoding in both S and .S5.

We conduct a crowd-sourced human evaluation via Amazon Mechanical Turk, which is reported
with 95% confidence intervals (CI). We analyze in two aspects: style similarity (speaker, emotion,
and prosody) and audio quality (clarity, high-frequency), respectively scoring SMOS and MOS. We
further include objective evaluation metrics: Character Error Rate (CER) evaluates the intelligibility
of the generated speech by transcribing it using a wav2vec ASR system. Speaker Cosine Similarity
(Cos) and FO Frame Error (FFE) measure the timbre and prosody similarity of synthesized and
reference audio, respectively. More information has been attached in Appendix

4.2 Text-to-Speech

Table 2: Quality and style similarity of generated samples in zero-shot text-to-speech.

Model MOS (1) SMOS (1) CER(}) Cos (1)
GT 4.2340.09 / 0.030 /
Meta-StyleSpeech 3.8440.08 3.76+£0.09  0.065 0.73

Zero-Shot Text-to-Speech

GenerSpeech 3.99+0.08 3.7740.08 0.059 0.75
YourTTS 3.89+0.08 3.7240.06 0.143 0.72
Make-A-Voice (TTS) 4.04+0.07 3.81+0.08 0.068 0.77

Small-Scale Subjective Test

VALL-E 3.924+0.12  3.81+0.07 / /
SPEAR-TTS 3.98+0.06 3.84+0.06 / /
Make-A-Voice (TTS) 4.05+0.10 3.83+0.08 / /

We compare the generated audio samples with other systems, including 1) GT, the ground-truth audio;
2) Meta-StyleSpeech [27]: the multi-speaker model fine-tuned with meta-learning; 3) GenerSpeech,
a generalizable model with the global and local stylization for speaker and prosody style transfer;
4) YourTTS [5]: a zero-shot multi-speaker TTS model which is built upon VITS [19]; For easy
comparison, the results are compiled and presented in Table[2] and we have the following observations:



1) For the intelligibility of the generated speech, Make-A-Voice (TTS) has achieved a CER of 0.068,
comparable with other systems, indicating that Make-A-Voice (TTS) could generate accessible speech
of good quality as previous non-autoregressive TTS families. 2) For audio quality, Make-A-Voice has
achieved the highest MOS with scores of 4.04 compared with the baseline models, demonstrating the
effectiveness of the S35 model in generating high-fidelity waveforms. 3) Regarding style similarity,
Make-A-Voice scores the SMOS of 3.81. The objective results of cosine similarity further show that
Make-A-Voice (TTS) surpasses the state-of-the-art models in transferring the style of custom voices.
Informally, Make-A-Voice is optimized in a large amount of self-supervised data, which contains
many speakers with various accents, diverse demographics, and heterogeneous recording conditions,
to improve robustness and generalization in zero-shot scenarios. We further include the discussion on
generation speed in Appendix ??.

Using the examples provided on its demo page, we also compare Make-A-Voice with SPEAR-TTS
and VALL-E in a small-scale subjective test. We synthesize 24 utterances using the same transcripts
and prompts and conduct a subjective test with the same protocol described above. Table 2] shows
that, in these examples, Make-A-Voice achieves considerably higher naturalness (MOS 4.05) than
VALL-E (3.92) and SPEAR-TTS (3.98) and comparable style similarity in zero-shot synthesis.

4.3 Voice Conversion

Table 3: Quality and style similarity of generated samples in zero-shot voice conversion.

Model MOS (1) SMOS (1) Cos (1)
GT 4.26£0.06 / /
NANSY 3.8940.08 3.73£0.10  0.68
PPG-VC 3.97+0.06 3.80+0.07  0.78

Zero-Shot Voice Conversion
Make-A-Voice (VC) 4.074+0.06 3.77+0.07 0.80

In this part, we describe Make-A-Voice (VC), where we perform zero-shot voice conversion by
tokenizing speech using the HuBERT model S, and leverage new voice for prompting in semantic-
to-acoustic translation S;. We compare the generated audio samples with other systems, including 1)
GT, the ground-truth audio; 2) NANSY [7]: the unified framework of synthesizing and manipulating
voice signals from analysis features; 3) PPG-VC [26]]: the voice conversion model based on phonetic
posterior-gram. The results are presented in Table 3] and we have the following observations:

1) Make-A-Voice (VC) scores the comparable overall SMOS of 3.77 with baseline, showing that it
excels at converting speaker identity even in a zero-shot scenario, attributing to the scalable training
data covering diverse speakers with various accents. 2) For audio quality, it presents high perceptual
quality with outperformed MOS evaluation. To conclude, Make-A-Voice (VC) converts the timbre
with better naturalness and comparable speaker similarity compared to baseline models, even though
the model is trained without any text transcript paired with audio recordings.

4.4 Singing Voice Synthesis

Table 4: Quality and style similarity of generated samples in zero-shot singing voice synthesis.

Model MOS (1)  SMOS (1) Cos (1) FFE (})
GT 4.08£0.08 / / /
FFT-Singer 3.83+£0.09 3.91+0.08  0.93 0.17
Diffsinger 3.98+0.07 3.984+0.07  0.94 0.08

Zero-Shot Singing Voice Synthesis
Make-A-Voice (SVS)  3.994+0.08 3.96+0.07 0.88 0.05

Make-A-Voice (SVS) conducts zero-shot singing voice synthesis by leveraging the .S; model for
text-to-semantic conversion, together with the FO-guided acoustic model S5 and generator S3. The
limited amount of labeled data [7] and unpleasant glitches [[13]] are two major challenges for singing



voice synthesis, which we address as follows: 1) For data scarcity, Make-A-Voice leverages a large
amount of unlabeled speech and singing voice data for modeling the acoustic diversity (speaker,
prosody, and style) in voice, which only requires a small amount of parallel data to learn the text-
semantic mapping. 2) To reduce glitches, we include the FO-driven source excitation to stabilize
long-continuous waveform modeling in the S5 stage.

We compare the generated singing voice samples with other systems, including 1) GT, the ground-
truth audio, which is the upper limit for SVS; 2) Diffsinger [25]], an acoustic model based on the
diffusion probabilistic model, 3) FFT-Singer, which generates mel-spectrograms through stacked
feed-forward transformer blocks. As illustrated in Table [} and we have the following observations:

1) In terms of prosody similarity, Make-A-Voice (SVS) outperforms the baseline system by a large
margin, showing distinct superiority in terms of FFE objective evaluation. Make-A-Voice (SVS) can
resemble the prosodic style of the FO prompt and demonstrates its precise pitch reconstruction. 2)
Informally, a gap from baseline models regarding singer cosine similarity could be witnessed, since
they share a static number of singers during training and inference. In contrast, the voice used for
prompting is never seen by Make-A-Voice (SVS) at training, which is more challenging to reproduce
the characteristics from a single prompt in a zero-shot manner, especially for singing voice.

4.5 Analysis and Ablation Studies

To verify the effectiveness of several designs in Make-A-Voice, including the usage of the HUBERT
layer for semantic tokens, and the voice reconstruction from acoustic tokens, we conduct ablation
studies and discuss the key findings as follows.

4.5.1 From which layer should the semantic features be extracted?

Recently, Shah et al. [34], Choi et al. [6] show

that it is the output from the middle layer of Table 5: Ablation studies.

the SSL model (e.g., Wav2vec 2.0 [2], Hu- Model CER () STOI(?) MCD ()

BERT [[11])) that has the most relevant character- HuBERT-10 0.54 ; /

istics to pronunciation. Thus, we train semantic HuBERT-11 0: 44 / /

unit-based vocoders [31]] with representations  { BERT-12 0.39 / /

clustered from (the 10th, 11th, and 12th) of the

24 HuBERT layers and report the CER of syn- 3 SoundStream / 0.92 1.90
S3: Unit Vocoder / 0.93 1.56

thesized speech. In light of empirical obser-

vation in Table [5] we find that the 12th layer
feature of HuBERT enjoys rich linguistic content information with the highest intelligibility, and thus
we discretize 12th layer embeddings into semantic tokens.

4.5.2 Why use unit-based vocoder instead of original SoundStream decoder?

As illustrated in Table 3] replacing the unit-based vocoder with a SoundStream decoder for voice
synthesis has witnessed a distinct degradation of perceptual quality, proving that the codebook
mismatch for the SoundStream decoder between training (12 quantization levels) and inference (3
levels) hurts reconstruction performance. In contrast, a neural vocoder could refine the coarse-grained
acoustic tokens and generate waveforms with increasing details.

4.5.3 Zero-shot transfer beyond speaker identity

This section presents how our approach could be extended beyond, including cross-lingual timbre
transferring, generating coherent emotion, and noise continuations. We have attached the information
on testing data in Appendix [A] As shown in the demo page, we find that 1) Make-A-Voice can
preserve the emotion in the prompt at a zero-shot setting, even if the model is not fine-tuned on an
emotional TTS dataset; 2) Make-A-Voice effectively reproduces the characteristics from a cross-
lingual style prompt, which has not been seen during training; and 3) In a noisy environment, the
model also presents the acoustic consistency and maintain the noise conditions in the prompt.



5 Conclusion

In this work, we proposed Make-A-Voice, a unified framework for synthesizing and manipulating
voice signals from discrete representations. Make-A-Voice enjoyed the “coarse-to-fine” design to
model the human voice, which involved three stages: 1) semantic: from text/speech to determine
semantic meanings, 2) acoustic: from semantic tokens to introduce acoustic conditions, 3) generation:
from acoustic tokens to high-fidelity waveforms. Various applications for voice synthesis could
be tackled by sharing a unified framework with semantic and acoustic tokens, and we introduced
text-to-speech (TTS), voice conversion (VC), and singing voice synthesis (SVS). Experimental results
demonstrated that Make-A-Voice offered notable benefits as a unified voice synthesis framework:
1) Data scalability: the backbone (i.e., both acoustic and generation stage) did not require any
annotations, and thus training could be scaled up regarding data usage. 2) Controllability and
conditioning flexibility: various conditioning mechanisms were investigated by re-synthesizing the
semantic or acoustic representations with varying control signals (e.g., speaker/FO prompt). For future
work, we will verify the effectiveness in more general scenarios such as multilingual generalization.
The discussions on limitations and potential negative impacts are included in Appendix. We envisage
that our work will serve as a basis for future voice synthesis studies.
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A Data

In this section, we describe details of the data usage in training and evaluating Make-A-Voice.

* English: We use LibriLight [[15] as the training data which contains 60K hours and around 7k
speakers of unlabelled speech from audiobooks in English. During the evaluation, we utilize the
test split in LibriTTS [30] as a zero-shot testing dataset, where the voice used for prompting is

never seen at training.

* Chinese: We use 5-hour OpenCPOP [41] with one female singer, and 50-hour multi-singer dataset
OpenSinger [[12] as the singing voice training data. In addition, Chinese standard Mandarin speech
E]is also included during training. During the evaluation, we utilize the large human-labeled

corpus

M4Singer [45] with a benchmark in downstream singing voice synthesis.

* Beyond speaker identity transfer: We prepare the zero-shot testing data from ESD dataset [47]], and

prepare noise audio clips in the categories of “speech” sampled from MUSAN dataset [36]].

B Model Configurations

We list the model hyper-parameters of Make-A-Voice in Table[6]

Hyperparameter | Make-A-Voice
Transformer Layer 12
Transformer Embed Dim 1024
. . ) Transformer Attention Headers 16
Stage S1: Text-to-Semantic Transformer Transformer FEN Embed Dim 4096
Decoder Dictionary Length 1000
Number of Parameters 321.3M
Transformer Layer 12
Transformer Embed Dim 1024
) . . Transformer Attention Headers 16
Stage S»: Semantic-to-Acoustic Transformer Transformer FEN Embed Dim 4096
Decoder Dictionary Length 1024
Number of Parameters 323.3M
Upsample Rates [5,4,2,2,2,2]
e Hop Size 320
Stage S3: Unit-based vocoder Upsample Kernel Sizes [9,8,4,4,4,4]
Number of Parameters 121.6M
Total Number of Parameters | 776.2M

Table 6: Hyperparameters of Make-A-Voice.

C Applications

C.1 MIDI-to-F0 Converter

Singing voice synthesis (SVS) is a task that generates singing voices from the given music score and
lyrics like human singers. Following [25] 145]], the SVS system typically includes the MIDI-to-FO
converter to predict FO explicitly. Though the SVS system can be further improved with the direct

MIDI condition and implicit FO prediction, this is beyond our focus.

C.2 Unit-based Vocoder

The generator of the unit-based vocoder is built from a set of look-up tables (LUT) that embed the
discrete representation, and a series of blocks composed of transposed convolution and a residual

block with dilated layers.

*https://www.data-baker.com/open_source.html
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Figure 4: Overview of the unit-based vocoder. The FO auxiliary input denoted with dotted lines is
included only in singing voice synthesis.

D Evaluation

D.1 Subjective Evaluation

For audio quality evaluation, we conduct the MOS (mean opinion score) tests and explicitly instruct
the raters to “(focus on examining the audio quality and naturalness, and ignore the differences of
style (timbre, emotion, and prosody).)". The testers present and rate the samples, and each tester is
asked to evaluate the subjective naturalness on a 1-5 Likert scale.

For style similarity evaluation, we explicitly instruct the raters to “(focus on the similarity of the style
(timbre, emotion, and prosody) to the reference, and ignore the differences of content, grammar, or
audio quality.)". In the SMOS (similarity mean opinion score) tests, we paired each synthesized
utterance with a ground truth utterance to evaluate how well the synthesized speech matches that of
the target speaker. Each pair is rated by one rater.

Our subjective evaluation tests are crowd-sourced and conducted by 20 native speakers via Amazon
Mechanical Turk. The screenshots of instructions for testers have been shown in Figure[5] We paid
$8 to participants hourly and totally spent about $600 on participant compensation. A small subset of
speech samples used in the test is available at https://Make-A-Voice.github.io/\

D.2 Objective Evaluation

Cosine similarity is an objective metric that measures speaker similarity among multi-speaker audio.
We compute the average cosine similarity between embeddings extracted from the synthesized and
ground truth embeddings to measure the speaker similarity performance objectively.

Character Error Rate (CER) evaluates the faithfulness to the input transcript by transcribing the
synthesized utterances using a wav2vec ASR system.

FO Frame Error (FFE) combines voicing decision error and FO error metrics to capture FO information.

Mel-cepstral distortion (MCD) measures the spectral distance between the synthesized and reference
mel-spectrum features.

Short-time objective intelligibility (STOI) assesses the denoising quality for speech enhancement.
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Previewing Answers Submitted by Workers
This message is only visible to you and will not be shown to Workers.
‘You can test completing the task below and click "Submit® in order to preview the data and format of the submitted resuts.

nstructons | [ Shorteuts ignore the
Select an option
Transcripts: The wind wakened me. Excellent - Completely natural speech - 5

45
» 000/ 0:01 o

Good - Mostly natural speech -4

35

Fair - Equally natural and unnatural speech - 3
25

Poor - Mostly unnatural speech - 2

15

Bad - Completely unnatural speech - 1

(a) Screenshot of MOS testing.

Previewing Answers Submitted by Workers
“This message is only visible to you and will not be shown to Workers.
You can test completing the task below and click "Submit® in order to preview the data and format of the submitted resuits.

Instructions. How simiars th i X or audio qualy
Select an option
Reference audio: Excellent - Completely similar speech - 5

45
> 0:00/0:06 LD

Good - Mostly similar speech - 4
Testing audio: 35
Fair - Equally similar and dissimilar speech - 3

> 000/0:03 o i 25
Poor - Mostly dissimilar speech - 2
Corresponding transcripts: The head of the Patchwork Girl was the most curious part of her. 15

Bad - Completely dissimilar speech - 1

(b) Screenshot of SMOS testing.

Figure 5: Screenshots of subjective evaluations.

16



	Introduction
	Related Works
	Speech/Singing Synthesis
	Self-Supervised Learning in Speech
	Spoken Language Models

	Make-A-Voice
	Zero-Shot Formulation
	Overview
	Discrete Speech Representation
	Semantic tokens
	Acoustic tokens

	Semantic Stage S1: Determining Semantic Meaning
	Acoustic Stage S2: Introducing Acoustic Conditions
	Generation Stage S3: Reconstructing High-Fidelity Waveforms
	Training and Inference Procedures
	Training
	Inference


	Experiments
	Experimental Setup
	Data
	Model Configurations
	Training and Evaluation

	Text-to-Speech
	Voice Conversion
	Singing Voice Synthesis
	Analysis and Ablation Studies
	From which layer should the semantic features be extracted?
	Why use unit-based vocoder instead of original SoundStream decoder?
	Zero-shot transfer beyond speaker identity


	Conclusion
	Data
	Model Configurations
	Applications
	MIDI-to-F0 Converter
	Unit-based Vocoder

	Evaluation
	Subjective Evaluation
	Objective Evaluation


