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Abstract

Zero-shot voice conversion (VC) aims to transform source
speech into arbitrary unseen target voice while keeping the lin-
guistic content unchanged. Recent VC methods have made sig-
nificant progress, but semantic losses in the decoupling pro-
cess as well as training-inference mismatch still hinder conver-
sion performance. In this paper, we propose Vec-Tok-VC+, a
novel prompt-based zero-shot VC model improved from Vec-
Tok Codec, achieving voice conversion given only a 3s tar-
get speaker prompt. We design a residual-enhanced K-Means
decoupler to enhance the semantic content extraction with a
two-layer clustering process. Besides, we employ teacher-
guided refinement to simulate the conversion process to elim-
inate the training-inference mismatch, forming a dual-mode
training strategy. Furthermore, we design a multi-codebook
progressive loss function to constrain the layer-wise output of
the model from coarse to fine to improve speaker similarity and
content accuracy. Objective and subjective evaluations demon-
strate that Vec-Tok-VC+ outperforms the strong baselines in
naturalness, intelligibility, and speaker similarity.

Index Terms: zero-shot voice conversion, k-nearest neighbor,
self-attention

1. Introduction

Voice conversion (VC) aims to transfer speech from a source
speaker to sound like that of a target speaker while keeping
the linguistic content unchanged [1]. VC has been deployed in
many applications, such as privacy protection [2], movie dub-
bing [3], etc. However, these VC systems are limited to convert-
ing between predefined speakers and require a sizable amount
of the target speaker’s speech. Because of the high cost of data
collection, achieving conversion with low data requirements of
the target speaker is more practical for real-world deployment.
Zero-shot VC focuses on converting the speaker timbre of
the source speech to that of arbitrary speakers with only one
utterance, which has drawn much attention recently. Its main
challenge lies in modeling unseen speakers’ timbre and decou-
pling the source semantic content. The popular framework of
zero-shot VC is to decompose source speech into speaker tim-
bre and semantic content, consisting of linguistic information
and speaking variation, and then convert the speaker timbre
of the source speaker to the target speaker. Many approaches
have been proposed for zero-shot voice conversion by employ-
ing specific-designed structures [4, 5], loss functions [6, 7], and
training strategies [8,9]. For example, some studies [10-12]
incorporate information bottleneck to separate speaker timbre
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from content representation. Adversarial training [7, 13] and
mutual information constraint [6] are also used to reduce the
correlations among different speech factors. However, these
disentanglement approaches often suffer from the inevitable
trade-off between speech quality and speaker similarity.

For accurately modeling speaker timbre information, some
studies [10, 14-16] capture speaker timbre from the multi-
reference speech in a finer-grained way to obtain multi-level or
time-varying representations. Instead of using explicit disentan-
glement designs in VC training [5, 6], another popular way is to
achieve this before the training. Some studies [17,18] use signal
perturbation techniques to alter the pitch and timbre of speech
utterances to make pseudo-parallel pairs. With the speaker iden-
tity supervision, the speaker verification (SV) [19] model is
leveraged to extract speaker representation, while the automatic
speech recognition (ASR) model is employed to extract the con-
tent. However, the limited capacity of most previous VC mod-
els [3,6,14] makes it difficult to leverage large amounts of data,
hindering the previous approaches to achieve high-quality con-
version on wild unseen speakers. Besides, some self-supervised
learning (SSL) models, such as HuBERT [20] and WavLM [21],
can capture the local general structure from speech utterance
to form SSL features, which is used in zero-shot VC [22, 23].
Since the continuous SSL feature captures phonetic similarity
and preserves semantic content and speaker information [21],
kNN-VC [24] introduces k-nearest neighbors (kKNN) to directly
replace the SSL feature of the source speech with that of the tar-
get speaker’s speech based on feature similarity and to achieve
VC. It can achieve high speaker similarity but requires several
minutes of speaker’s utterances as a matching set.

Another recent novel method [25] is to use a designed codec
structure called Vec-Tok Codec to achieve zero-shot VC. The
basic idea of Vec-Tok-VC is to first represent speech to con-
tinuous acoustic and discrete semantic features by SSL model
and K-Means clustering quantification, respectively, and then
combine the source semantic content and the speaker timbre
from the acoustic feature of the target speaker to generate the
converted speech. Benefiting from the scaling up of training
data and powerful modeling ability, Vec-Tok Codec can capture
speaker timbre from the acoustic feature prompt. However, its
decoupling process based on 300-category K-Means clustering
may lose the speaking variations and hurt the linguistic content
of the source speech, leading to poor naturalness and content ac-
curacy. Moreover, in most VC methods including Vec-Tok-VC,
different from the inference, the training process uses the target
speaker reference and source semantic both from the same ut-
terance. This mismatching behavior makes it hard to ensure the
decoupling of speaker timbre and content information during
training, causing performance degradation [26,27].



To address these issues, we propose Vec-Tok-VC+, a
prompt-based robust zero-shot VC model improved from Vec-
Tok Codec integrating a residual-enhanced K-Means decoupler,
which converts the enhanced semantic features to target speech
condition on 3s target speaker prompt. Specifically, inspired
by residual vector quantization (RVQ) [28,29], we incorporate
residual-enhanced K-Means quantization to encode the resid-
ual information of linguistic content and rich speaking variation
to enhance the semantic content, alleviate the loss of semantic
content during the decoupling and enhance the para-linguistic
information. To obtain better decoupling ability and eliminate
the training-inference mismatch, we introduce a teacher-guided
refinement process to form a dual-mode (conversion mode and
reconstruction mode) training strategy with the original recon-
struction process. Furthermore, a multi-codebook loss is intro-
duced to help the model fit into the target speech progressively
from coarse-grained to fine-grained, to prevent the information
dispersed during the multi-layer modeling. Experimental re-
sults demonstrate that Vec-Tok-VC+ achieves superior perfor-
mance over previous zero-shot models in both speaker similar-
ity and speech naturalness. The samples of our proposed sys-
tems can be found in our demo page .

2. Proposed approach
2.1. System overview

The Vec-Tok Codec [25] uses WavLM to extract continu-
ous acoustic features and decouples semantic features from
the acoustic features through a 300-category K-Means clus-
tering. Based on this, Vec-Tok-VC concatenates the acoustic
feature prompt of the target speaker and the semantic feature
of the source speech along the temporal axe and fed into the
conformer-based converter to achieve zero-shot voice conver-
sion.

As shown in Fig. 1, improved from Vec-Tok-VC, Vec-
Tok-VC+ mainly consists of three parts: a residual-enhanced
K-Means decoupler, a prompt-based conformer converter, and
a teacher module. At first, the feature extractor extracts the
continuous SSL feature, which contains semantic content and
speaker timbre information. The Vec-Tok-VC+ is built based
on this SSL feature. To squeeze out the speaker timbre from
the content information, the decoupler incorporates a residual-
enhanced design to K-Means quantization to get enhanced con-
tent representations. Taking a short clip of a speaker utterance
as a speaker prompt and content representation from the source
speech, the conformer converter predicts the target SSL feature.
Besides, to mitigate the training inference mismatch, a teacher
module is introduced in our framework during training. Finally,
a modified HIFIGAN vocoder [30] is adapted to reconstruct
waveform from SSL features.

Feature extraction: In our system, instead of using spec-
trogram or speech codec, continuous SSL features from the
XLSR model, which is a powerful multi-lingual variant of
wav2vec 2.0 [31], are selected to represent speech. Previ-
ous work [24, 25] has demonstrated that SSL features, such
as WavLM [21] and wav2vec 2.0 [31], can be directly used to
achieve high-quality speech reconstruction because of its rich-
ness of semantic and speaker information. Consequently, the
XLSR-base vocoder is introduced to reconstruct the waveform
from SSL features.

Training stage: As shown in Fig. 1(a), Vec-Tok-VC+ is
trained to convert the source SSL feature to the target SSL fea-
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ture condition on the explicitly given speaker prompt. Dur-
ing training, the source and target SSL features have the same
content, while the target SSL feature is generated by the
teacher module when the teacher guidance is activated (See Sec-
tion 2.3). The speaker prompt is randomly selected from the
sequence of target features.

Zero-shot inference: in Fig. 1(b), given the SSL feature
from the utterance of the target speaker as speaker prompt, Vec-
Tok-VC+ outputs the converted speech with source semantic

content and target speaker timbre.
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Figure 1: The overview of Vec-Tok-VC+.

2.2. Residual-enhanced K-Means decoupler

As mentioned in Sec. 1, decomposing speech into different
speech components is very essential to achieve zero-shot VC.
Since the continuous SSL feature contains rich semantic and
speaker timbre information, the common practice [25] is to set
an information bottle via K-Means quantization to squeeze out
the speaker timbre from the content information. But it usually
hurts the linguistic information and causes the loss of speak-
ing variations. This side effect makes the conversion results
in potentially unnatural pronunciation and difficult to generate
speech with rich speaking variation from source speech. To im-
migrate this problem, inspired by the mechanism of Residual
vector quantization (RVQ), as shown in Fig. 2 (a), rather than
single K-Means clustering, we perform a residual-enhance clus-
tering with two K-Means processes to make an enhanced con-
tent representation. Specifically, in the bottom of Fig. 2 (a), the
first 1024-category K-Means quantizes the source SSL feature
to content representation. Using residual information between
the raw continuous SSL feature and the quantize-after feature
as input, the second 256-category K-Means in the residual path
compensates the content representation with more linguistic in-
formation and speaking variation. This residual-enhanced con-
tent representation is used for further conversion. Notably, dur-
ing this process, the quantize-after feature is represented by the
centroid vectors, not the corresponding discrete indices.

2.3. Dual-mode training with teacher-guided refinement

Most VC methods reconstruct speech during training, in which
the speaker reference and source semantic content are both from
the same utterance. But the speaker reference is provided by
another utterance during conversion. This mismatch makes it
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Figure 2: The details of Vec-Tok-VC+. (a): the residual-enhanced K-Means decoupler. (b): the dual-mode teacher guidance module.

(c): the converter and multi-codebook progressive constraint.

hard to ensure the decoupling of speaker timbre and content in-
formation during training, causing potential performance degra-
dation. To mitigate this problem, the intuitive way is to follow
the conversion behavior but the ground truth of the converted
speech does not exist in non-parallel datatset. Recently, kNN-
VC has achieved remarkable few-shot any-to-any VC perfor-
mance which replaces source SSL features with SSL features
from the target speaker according to the feature similarity by k-
nearest neighbors matching to achieve conversion. As shown in
Fig. 2 (b), inspired by kNN-VC, we introduce a teacher-guided
refinement using a teacher module to simulate the conversion
in training, called conversion mode. To be specific, we collect
speech utterances of 490 speakers each with approximately 7
minutes to form the matching pool. Each utterance is repre-
sented by an XLSR-based SSL feature. During the training of
conversion mode, one target speaker is randomly selected from
the matching pool, and the source feature is converted to form
a pseudo-target feature with the speaker timbre by kNN match-
ing. The converter is minimized by the generation loss between
the predicted target feature and the pseudo target feature. In
contrast, during the reconstruction mode, the source feature and
target feature are both from the same speech utterance. Notably,
in this dual-mode training process, the conversion mode and re-
construction mode are randomly activated in 0.5. A 3-second
slice is randomly selected from the output of the teacher mod-
ule as the target speaker prompt.

2.4. Prompt-based conformer converter

With the decoupled content representation and target speaker
utterance, the converter aims to capture the target speaker tim-
bre and fuse it with source content to get the final conversion
result. Following the recent advances [25], the converter is
achieved by a multi-layer conformer [32], a variant of Trans-
former [33], with prompt-based speaker modeling as presented
in Fig. 2 (c). To be specific, the converter is designed as a non-
autoregressive architecture composed of several conformer lay-
ers and a convolution-based postnet. Before inputting to the
converter, the 3-second speaker prompt is concatenated ahead
of the content embedding along the temporal axe. Benefiting
from the in-context learning ability inherent in conformer, the
converter can capture fine-grained speaker information and fuse
it into conversion results with the source content. Mean square

error (MSE) loss L,se is used to measure the distance between
the perdition feature and the target feature. A structural similar-
ity loss [34] Lssim is also introduced to ensure the generation
quality. Furthermore, to better optimize the converter and pre-
vent the information dispersed during the multi-layer modeling,
we introduce a multi-codebook progressive constraint to help
the model fit the target speech from coarse to fine details.

Multi-codebook progressive constraint: As can seen in
Fig. 2 (c), from the bottom layer to the top layer, the hidden out-
put of the converter layer should also have an increased infor-
mation richness [35] for transferring the content information to
the complicated SSL features. To supervise this process and en-
sure content accuracy, we introduce a multi-codebook progres-
sive constraint in hidden layers of the converter. Specifically, we
perform three K-Means clustering on target features with small,
medium, and large codebook numbers, respectively, which are
2048, 4096, and 8192 in practice. From the small to the large,
the quantitation with different granularities can encode more di-
verse information about the speech. Thus, the quantize-after
feature with a small codebook number is used to constrain
the hidden output from the bottom layer and so on. Finally,
this progressive loss Lpr, is optimized by cross-entropy (CE)
loss between the hidden outputs and the quantization results,
which can be defined as Lpro = Lsmaii + Lmeduim + Liarge.
The total loss functions of our system can be summarized as
‘Ctotal = Emsc + Essim + l:p'ro-

3. Experiments
3.1. Experimental setup

Datasets: Our training set comprises a total of 19,000 hours
of speech data, consisting of open-source English datasets Lib-
riTTS [36] and Gigaspeech [37], and a Chinese audiobook
dataset collected from internal resources. We preserve 80 En-
glish and 80 Chinese utterances as the test set. We collect 10
English and 10 Chinese unseen speakers from outside the set as
target speakers to evaluate the model’s performance.

Implement details: We utilize a pre-trained XLS-R*model to
extract 1024-dimension features with a 20 ms hop length from
its sixth immediate layer as our speech representations. All K-

Zhttps://pytorch.org/audio/stable/generated/torchaudio.models. wav2
vec2 xlsr_300m



Means clustering is performed on the frame-level speech rep-
resentations. The k value for the average vector in the teacher
module is 8. The converter contains 6 Conformer blocks with
8 attention heads, an embedding dimension of 1024, a feed-
forward layer dimension of 4096, and a dropout rate of 0.1, and
a postnet consists of 4 layers of convolution with kernel size 5
and a dropout rate of 0.2. The three prediction heads predict dif-
ferent granular semantic tokens of the target features from the
output features of the 2nd, 4th, and 6th conformer block respec-
tively. A HiFiGAN V1 model is used as the vocoder, which
takes speech representatives as the input and output 24kHz
waveform. During training, we use Adam as the default opti-
mizer with an initial learning rate of 0.0005, and 5, = 0.9, 82 =
0.95. Our conversion model is trained by 8 NVIDIA RTX3090
GPUs with a batch size of 8 per GPU for 500k steps. The Hi-
FiGAN model is trained by 4 NVIDIA RTX3090 GPUs with a
batch size of 4 per GPU for 1,000k steps.

Comparison models: We compare with two representative
zero-shot VC systems: LM-VC [22] and SEF-VC [23]. The
LM-VC adopts a two-stage framework with three LMs to
achieve any-to-any VC. The SEF-VC is a speaker-embedding-
free voice conversion model that learns and incorporates
speaker timbre from reference speech via a position-agnostic
cross-attention mechanism and reconstructs waveforms from
HuBERT semantic tokens non-autoregressively. We train these
two models on the same dataset as Vec-Tok-VC+ for fair com-
parison.

Evaluation metrics: For subjective evaluation, the mean opin-
ion score is used to measure speech naturalness (NMOS) and
speaker similarity (SMOS) that are calculated with 95% confi-
dence intervals. Thirty participants with basic Chinese-English
bilingual skills participated in the subjective experiments. Par-
ticipants focus on specific aspects while disregarding others in
the scoring process. Metrics for objective evaluation include
speaker embedding cosine similarity (SECS), character error
rate for Chinese (CER), and word error rate (WER) for En-
glish. SECS is obtained by calculating cosine similarity be-
tween speaker embeddings extracted by Resemblyzer’. WER
and CER for English and Chinese respectively are obtained by
open-source ASR models based on the U2++ conformer archi-
tecture provided by the WeNet community [38].

3.2. Zero-shot voice conversion results

As shown in Table 1, Vec-Tok-VC+ achieves better naturalness
and intelligibility than comparison models in intra-lingual zero-
shot VC. We attribute this to the decoupling enhanced by the
residual K-Means clustering and the constraint of the progres-
sive loss function. Vec-Tok-VC+ achieves the best speaker sim-
ilarity in both subjective and objective evaluations, indicating
that the self-attention mechanism in our converter better cap-
tures and incorporates speaker information from 3-second XLS-
R feature prompts. We conduct experiments on cross-lingual
zero-shot VC to prove the capabilities of our model further.
Although all models encounter a performance degradation dur-
ing cross-lingual zero-shot VC, Vec-Tok-VC+ still outperforms
comparison models. These results demonstrate the superiority
of the Vec-Tok-VC+.

During the experiment, we find that Vec-Tok-VC+ also ex-
hibits robust conversion capabilities for noisy source speech.
We show this ability through our demo page *.

3https://github.com/resemble-ai/Resemblyzer
“https://ma-linhan.github.io/VecTokVC-Plus/

Table 1: Results of intra-lingual and cross-lingual zero-shot VC.

Model NMOS?t SMOS?T CER| WER| SECSt
GT 4.39+0.14 - 2.9 1.8 -

intra-lingual vc

LM-VC 3.79+0.10  3.78£0.10 3.7 2.5 0.814

SEF-VC 3.81£0.11  3.99+0.09 42 2.6 0.827

Vec-Tok-VC+  3.98+0.11  4.05+0.12 34 2.5 0.841
cross-lingual ve

LM-VC 3.63£0.07  3.75+0.10 4.3 2.9 0.806

SEF-VC 3.72+0.13  3.92+0.10 4.5 3.0 0.820

Vec-Tok-VC+  3.90+0.08  3.99+0.08 3.5 2.6 0.836

3.3. Ablation study

To compare with Vec-Tok-VC and investigate the importance
of the methods we proposed, four ablation systems are obtained
by dropping the teacher guidance module, the progressive loss
function, the residual clustering in the decoupling process, and
replacing the XLS-R with WavLM, respectively. We denote
them as -teacher module, -progressive loss, -residual cluster,
and *WavLM respectively, as shown in Table 2. When drop-
ping the teacher module, it only performs reconstruction during
training and leads to an overall decline in performance. The
removal of progressive loss function brings performance de-
creases to both speech naturalness and speaker similarity. More-
over, the removal of the residual clustering results in a signif-
icant decrease in naturalness, despite still maintaining a high
level of speaker similarity, indicating a single-level K-Means
captures insufficient linguistic content or prosodic details. Sim-
ilarly, the replacement of XL.S-R maintains the speaker similar-
ity almost unchanged but brings a significant decrease in natu-
ralness and intelligibility, showing the advantages of XLS-R in
multi-lingual speech representation modeling.

Table 2: Results of ablation study with 95% confidence interval.

Model NMOS?T SMOS?T CER| WER] SECS?T
Vec-Tok-VC+ 3.93+0.09 4.01+0.10 3.5 2.5 0.839
-teacher module  3.83+0.06 3.83+0.14 3.6 2.5 0.808
-progressive loss ~ 3.80+0.11  3.96+0.10 4.1 29 0.823
-residual cluster ~ 3.71+0.11  4.02+0.12 4.9 3.7 0.839
*WavLM 3.7240.08 3.99+0.13 3.9 2.8 0.831

4. Conclusion

In this paper, we proposed a prompt-based robust zero-shot VC
model Vec-Tok-VC+. Improved from Vec-Tok Codec, it de-
couples content by residual-enhanced K-Means quantization on
XLS-R representations and models speaker information given
a 3-second speaker prompt by built-in self-attention. Besides,
teacher-guided refinement achieved by kNN matching is in-
troduced to simulate the conversion behavior to form a dual-
mode training strategy to eliminate the training-inference mis-
match for better conversion performance. Furthermore, a multi-
codebook progressive loss function is used to constrain the
layer-wise output of the model from coarse to fine during train-
ing. Experiments and ablations demonstrate the superior per-
formance and effectiveness of our proposed method.

5. References

[1] S.H.Mohammadi and A. Kain, “An overview of voice conversion
systems,” Speech Commun., vol. 88, pp. 65-82, 2017.



[2]

[4]

[5]

[7]

[8]

[9]

[10]

[11]

[12]

[13]

[14]

[15]

[16]

(17]

[18]

[19]

J. Yao, Q. Wang, Y. Lei, P. Guo, L. Xie, N. Wang, and J. Liu, “Dis-
tinguishable speaker anonymization based on formant and funda-
mental frequency scaling,” in Proc. ICASSP.  1EEE, 2023, pp.
1-5.

Z. Ning, Q. Xie, P. Zhu, Z. Wang, L. Xue, J. Yao, L. Xie, and
M. Bi, “Expressive-vc: Highly expressive voice conversion with
attention fusion of bottleneck and perturbation features,” in Proc.
ICASSP. 1EEE, 2023, pp. 1-5.

Z. Wang, L. Xue, Q. Kong, L. Xie, Y. Chen, Q. Tian, and Y. Wang,
“Multi-level temporal-channel speaker retrieval for robust zero-
shot voice conversion,” CoRR, vol. abs/2305.07204, 2023.

J. Chou and H. Lee, “One-shot voice conversion by separating
speaker and content representations with instance normalization,”
in Proc. INTERSPEECH. 1SCA, 2019, pp. 664—668.

D. Wang, L. Deng, Y. T. Yeung, X. Chen, X. Liu, and H. Meng,
“VQMIVC: vector quantization and mutual information-based
unsupervised speech representation disentanglement for one-shot
voice conversion,” in Proc. INTERSPEECH. ISCA, 2021, pp.
1344-1348.

J. Wang, J. Li, X. Zhao, Z. Wu, S. Kang, and H. Meng, “Ad-
versarially learning disentangled speech representations for robust
multi-factor voice conversion,” in Proc. INTERSPEECH. 1SCA,
2021, pp. 846-850.

H. Tang, X. Zhang, J. Wang, N. Cheng, and J. Xiao, “Avqvc: One-
shot voice conversion by vector quantization with applying con-
trastive learning,” in Proc. ICASSP. IEEE, 2022, pp. 4613-4617.

J. Ebbers, M. Kuhlmann, T. Cord-Landwehr, and R. Haeb-
Umbach, “Contrastive predictive coding supported factorized
variational autoencoder for unsupervised learning of disentangled
speech representations,” in Proc. ICASSP.  1EEE, 2021, pp.
3860-3864.

D. Wu, Y. Chen, and H. Lee, “VQVC+: one-shot voice conver-
sion by vector quantization and u-net architecture,” in Proc. IN-
TERSPEECH. ISCA, 2020, pp. 4691-4695.

K. Qian, Y. Zhang, S. Chang, X. Yang, and M. Hasegawa-
Johnson, “Autovc: Zero-shot voice style transfer with only au-
toencoder loss,” in Proc. ICML, vol. 97. PMLR, 2019, pp. 5210-
5219.

C. Hsu, H. Hwang, Y. Wu, Y. Tsao, and H. Wang, “Voice conver-
sion from non-parallel corpora using variational auto-encoder,” in
Proc. APSIPA. IEEE, 2016, pp. 1-6.

T. Kaneko and H. Kameoka, “Cyclegan-vc: Non-parallel voice
conversion using cycle-consistent adversarial networks,” in Proc.
EUSIPCO. 1IEEE, 2018, pp. 2100-2104.

Y. Y. Lin, C. Chien, J. Lin, H. Lee, and L. Lee, “Fragmentvc: Any-
to-any voice conversion by end-to-end extracting and fusing fine-
grained voice fragments with attention,” in Proc. ICASSP. 1EEE,
2021, pp. 5939-5943.

T. Ishihara and D. Saito, “Attention-based speaker embeddings for
one-shot voice conversion,” in Proc. INTERSPEECH, H. Meng,
B. Xu, and T. F. Zheng, Eds. ISCA, 2020, pp. 806-810.

X. Li, S. Liu, and Y. Shan, “A hierarchical speaker representation
framework for one-shot singing voice conversion,” in Proc. IN-
TERSPEECH, H. Ko and J. H. L. Hansen, Eds. ISCA, 2022, pp.
4307-4311.

K. Qian, Y. Zhang, S. Chang, M. Hasegawa-Johnson, and D. D.
Cox, “Unsupervised speech decomposition via triple information
bottleneck,” in Proc. ICML, vol. 119. PMLR, 2020, pp. 7836—
7846.

H. Choi, J. Lee, W. Kim, J. Lee, H. Heo, and K. Lee, “Neural anal-
ysis and synthesis: Reconstructing speech from self-supervised
representations,” in Proc. NeurIPS, 2021, pp. 16251-16 265.

D. Snyder, D. Garcia-Romero, G. Sell, D. Povey, and S. Khudan-
pur, “X-vectors: Robust DNN embeddings for speaker recogni-
tion,” in Proc. ICASSP. 1EEE, 2018, pp. 5329-5333.

[20]

[21]

[22]

[23]

[24]

[25]

[26]

[27]

[28]

[29]

[30]

[31]

[32]

[33]

[34]

[35]

[36]

(371

[38]

W. Hsu, B. Bolte, Y. H. Tsai, K. Lakhotia, R. Salakhutdinov,
and A. Mohamed, “Hubert: Self-supervised speech representation
learning by masked prediction of hidden units,” IEEE ACM Trans.
Audio Speech Lang. Process., vol. 29, pp. 3451-3460, 2021.

S. Chen, C. Wang, Z. Chen, Y. Wu, S. Liu, Z. Chen, J. Lij,
N. Kanda, T. Yoshioka, X. Xiao, J. Wu, L. Zhou, S. Ren, Y. Qian,
Y. Qian, J. Wu, M. Zeng, X. Yu, and F. Wei, “Wavlm: Large-
scale self-supervised pre-training for full stack speech process-
ing,” IEEE J. Sel. Top. Signal Process., vol. 16, no. 6, pp. 1505—
1518, 2022.

Z. Wang, Y. Chen, L. Xie, Q. Tian, and Y. Wang, “LM-VC: zero-
shot voice conversion via speech generation based on language
models,” IEEE Signal Process. Lett., vol. 30, pp. 1157-1161,
2023.

J. Li, Y. Guo, X. Chen, and K. Yu, “SEF-VC: speaker embedding
free zero-shot voice conversion with cross attention,” CoRR, vol.
abs/2312.08676, 2023.

M. Baas, B. van Niekerk, and H. Kamper, “Voice Conversion With
Just Nearest Neighbors,” in Proc. INTERSPEECH 2023, 2023, pp.
2053-2057.

X.Zhu, Y. Lv, Y. Lei, T. Li, W. He, H. Zhou, H. Lu, and L. Xie,
“Vec-tok speech: speech vectorization and tokenization for neural
speech generation,” CoRR, vol. abs/2310.07246, 2023.

I. Hwang, S. Lee, and S. Lee, “Stylevc: Non-parallel voice con-
version with adversarial style generalization,” in Proc. ICPR.
IEEE, 2022, pp. 23-30.

H. Choi, S. Lee, and S. Lee, “DDDM-VC: decoupled de-
noising diffusion models with disentangled representation and
prior mixup for verified robust voice conversion,” CoRR, vol.
abs/2305.15816, 2023.

N. Zeghidour, A. Luebs, A. Omran, J. Skoglund, and
M. Tagliasacchi, “Soundstream: An end-to-end neural audio
codec,” IEEE ACM Trans. Audio Speech Lang. Process., vol. 30,
pp. 495-507, 2022.

A. Défossez, J. Copet, G. Synnaeve, and Y. Adi, “High fidelity
neural audio compression,” CoRR, vol. abs/2210.13438, 2022.

J. Kong, J. Kim, and J. Bae, “Hifi-gan: Generative adversarial
networks for efficient and high fidelity speech synthesis,” in Proc.
NeurIPS, 2020.

A. Baevski, Y. Zhou, A. Mohamed, and M. Auli, “wav2vec 2.0:
A framework for self-supervised learning of speech representa-
tions,” in Proc. NeurIPS, 2020.

A. Gulati, J. Qin, C. Chiu, N. Parmar, Y. Zhang, J. Yu,
W. Han, S. Wang, Z. Zhang, Y. Wu, and R. Pang, “Conformer:
Convolution-augmented transformer for speech recognition,” in
Proc. INTERSPEECH. 1ISCA, 2020, pp. 5036-5040.

A. Vaswani, N. Shazeer, N. Parmar, J. Uszkoreit, L. Jones, A. N.
Gomez, L. Kaiser, and I. Polosukhin, “Attention is all you need,”
in Proc. NeurIPS, 2017, pp. 5998-6008.

Z. Wang, A. C. Bovik, H. R. Sheikh, and E. P. Simoncelli, “Image
quality assessment: from error visibility to structural similarity,”
IEEE Trans. Image Process., vol. 13, no. 4, pp. 600-612, 2004.

J. Lee, S. Lee, J. Kim, and S. Lee, “PVAE-TTS: adaptive text-to-
speech via progressive style adaptation,” in Proc. ICASSP. 1EEE,
2022, pp. 6312-6316.

H. Zen, V. Dang, R. Clark, Y. Zhang, R. J. Weiss, Y. Jia, Z. Chen,
and Y. Wu, “Libritts: A corpus derived from librispeech for text-
to-speech,” in Proc. INTERSPEECH. ISCA, 2019, pp. 1526—
1530.

G. Chen, S. Chai, G. Wang, J. Du, W. Zhang, C. Weng, D. Su,
D. Povey, J. Trmal, J. Zhang, M. Jin, S. Khudanpur, S. Watanabe,
S. Zhao, W. Zou, X. Li, X. Yao, Y. Wang, Z. You, and Z. Yan,
“Gigaspeech: An evolving, multi-domain ASR corpus with 10,
000 hours of transcribed audio,” in Proc. INTERSPEECH. 1SCA,
2021, pp. 3670-3674.

Z. Yao, D. Wu, X. Wang, B. Zhang, F. Yu, C. Yang, Z. Peng,
X. Chen, L. Xie, and X. Lei, “Wenet: Production oriented stream-

ing and non-streaming end-to-end speech recognition toolkit,” in
Proc. INTERSPEECH. 1ISCA, 2021, pp. 4054-4058.



	 Introduction
	 Proposed approach
	 System overview
	 Residual-enhanced K-Means decoupler
	 Dual-mode training with teacher-guided refinement
	 Prompt-based conformer converter

	 Experiments
	 Experimental setup
	 Zero-shot voice conversion results
	 Ablation study

	 Conclusion
	 References

