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Abstract—Zero-shot voice conversion (VC) converts source
speech into the voice of any desired speaker using only one
utterance of the speaker without requiring additional model
updates. Typical methods use a speaker representation from a
pre-trained speaker verification (SV) model or learn speaker
representation during VC training to achieve zero-shot VC.
However, existing speaker modeling methods overlook the varia-
tion of speaker information richness in temporal and frequency
channel dimensions of speech. This insufficient speaker modeling
hampers the ability of the VC model to accurately represent
unseen speakers who are not in the training dataset. In this
study, we present a robust zero-shot VC model with multi-level
temporal-channel retrieval, referred to as MTCR-VC. Specifically,
to flexibly adapt to the dynamic-variant speaker characteristic in
the temporal and channel axis of the speech, we propose a novel
fine-grained speaker modeling method, called temporal-channel
retrieval (TCR), to find out when and where speaker information
appears in speech. It retrieves variable-length speaker represen-
tation from both temporal and channel dimensions under the
guidance of a pre-trained SV model. Besides, inspired by the
hierarchical process of human speech production, the MTCR
speaker module stacks several TCR blocks to extract speaker
representations from multi-granularity levels. Furthermore, to
achieve better speech disentanglement and reconstruction, we
introduce a cycle-based training strategy to simulate zero-shot
inference recurrently. We adopt perpetual constraints on three
aspects, including content, style, and speaker, to drive this
process. Experiments demonstrate that MTCR-VC is superior to
the previous zero-shot VC methods in modeling speaker timbre
while maintaining good speech naturalness.

Index Terms—voice conversion, zero-shot, temporal-channel
retrieval, attention mechanism

I. INTRODUCTION

Voice conversion (VC) aims to convert the source speech
to a target speaker without changing the linguistic content.
VC has been deployed to many applications, including dub-
bing, live broadcast, voice anonymization, and pronuncia-
tion correction. In recent years, neural networks-based VC
systems, such as generative adversarial network (GAN) [1],
variational auto-encoder (VAE) [2], and recognition-synthesis
autoencoder framework [3] are widely adopted. But these VC
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models can only convert source speech to that of predefined
target speakers. Meanwhile, these VC models usually require
a large number of speech recordings of the target speaker
for model training. As data collection is expensive and time-
consuming, building a high-quality VC system with minimal
data requirements is more practical for real-world applications.
Consequently, zero-shot VC, also called any-to-any VC, which
aims to convert source speech to that of any speaker given
only one utterance of the speaker, has drawn much attention
recently. In this paper, we focus on the problem of zero-shot
VC.

As only one utterance is available, one of the key challenges
in zero-shot VC is how to effectively capture the target
speaker’s timbre to achieve good speaker similarity in the
converted speech. Using a look-up table (LuT) to represent
speaker identity [4]–[6] is a common practice but is limited
to predefined speakers in the training data. Many recent
studies attempt to directly capture speaker timbre from the
limited speech of the target speaker. An intuitive approach
is to leverage a pre-trained robust speaker verification (SV)
model to extract utterance-level speaker representation [7]–
[10]. However, the SV model trained on a large number of
speakers and recording conditions is optimized for speaker
classification but not for the perceptual speaker similarity in
the sense of human hearing. Instead of using an external
SV model, many studies [11]–[21] decompose speech into
linguistic content and speaker timbre, and even speaking style,
aiming to separate utterance-level speaker timbre from other
speech components. In the above approaches, speaker timbre
is considered static and time-independent and modeled as a
single coarse-grained fixed-length vector. To capture the dy-
namically varying speaker characteristics within an utterance,
some recent studies [22]–[26] focus on modeling more fine-
grained speaker representation, which extracts speaker timbre
from multiple aspects, covering multi-level and time-varying
speaker representation. Based on the U-net [27] structure, Li
et al. [28], Wu et al. [22], and Li et al. [26] extract utterance-
level speaker representations from multiple stacking layers and
feed them to corresponding decoder layers. To access time-
varying speaker information, some studies [23]–[25] extract
variable-length speaker representation and fuse it into the
converted speech according to the content-based alignment
between source speech and target speaker speech.

While the above progress has been made, existing methods
of modeling fine-grained target speaker timbre are insufficient
to capture the dynamic variation characteristic of speaker
timbre. The above speaker representation is usually extracted
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from the time-frequency space of speech, where a speech
spectrogram includes both temporal and frequency channel
dimensions. There are differences in speaker timbre rich-
ness in both temporal and channel dimensions of speech.
Insufficient speaker modeling in these two dimensions may
cause the unstable performance of the VC model to represent
unseen speakers. Moreover, speech production research [29]
shows that the frequency distributions of speech from dif-
ferent speakers lead to varying speaker timbre information
in frequency channels [30]–[32]. Speech content, such as
vowels, consonants, and para-linguistic features, carry dis-
tinct speaker timbre information reflected in temporal and
frequency channel dimensions while silent speech segments
apparently convey no speaker timbre information [25]. On
the other hand, the human speech production mechanism is
hierarchical [29], [33] in nature from long-term airflow gen-
eration to fine-grained phoneme-related articulator movements
and vocal filtering. Speaker-related information thus varies at
different stages of speech production with different temporal
and channel granularities. Finally, different speech factors such
as linguistic content, speaking style, and speaker timbre are
highly entangled in speech, and factor disentanglement is
necessary for better speaker timbre extraction. Compared with
utterance-level speaker modeling, time-varying fine-grained
speaker modeling is able to transfer more speaker information
from the target speaker’s speech to the converted speech. But
this exacerbates the difficulty of disentanglement [23], [25].

To address the aforementioned problems in zero-shot VC,
we propose a novel fine-grained speaker modeling method
called temporal-channel retrieval (TCR), which captures the
dynamic variation of speaker timbre in both temporal and
channel dimensions. Specifically, with the help of the at-
tention mechanism, the speaker embedding from the pre-
trained SV model is used as a query to retrieve speaker
timbre information in variable-length speaker representation
from the target speaker. Inspired by the hierarchical nature of
speech production, we employ multi-level TCR (MTCR) in
an encoder-decoder based U-net structure for voice conver-
sion [27] where fine-grained speaker information in different
granularities is retrieved from different encoder layers. In the
decoder, these multi-level speaker representations are then
fused with content and style representations from the source
speech to generate target speech. Furthermore, in order to
perform better speech disentanglement, we introduce a cycle-
based training strategy to simulate zero-shot inference in a
recurrent fashion. Perpetual constraints [34] on three aspects,
including content, style, and speaker, are adopted to drive this
process. Zero-shot voice conversion experiments show that the
proposed MTCR-VC approach generalizes well to cross-set
speakers with superior speaker similarity. Audio samples can
be found on our demo page.1

The main contributions of this work are as follows:
• We propose a novel multi-level framework MTCR-VC

for fine-grained speaker modeling in zero-shot VC. The
multi-level temporal-channel retrieval is designed to ex-
tract fine-grained speaker representations under the query

1https://kerwinchao.github.io/demo zslvc/

of SV’s speaker embedding in both temporal and channel
dimensions and hierarchically capture speaker timbre
from different granularities.

• We design a cycle-based training strategy to perform
better speech disentanglement and reconstruction in the
zero-shot scenario by simulating the zero-shot process
with perceptual constraints.

The rest of this paper is organized as follows. Section II
reviews the voice conversion and typical zero-shot VC frame-
work, and then introduces the application of attention in VC.
Section III presents in detail the proposed MTCR approach
for fine-grained speaker modeling. Section IV describes the
experimental setup and Section V presents the experimental
results. Finally, Section VI concludes the paper.

II. RELATED WORK

This section will review related works on voice conversion
and the typical zero-shot VC frameworks. Besides, we will
also review the utilization of the attention mechanism in VC.

A. Voice Conversion

VC approaches can be categorized into one-to-one, many-
to-many, or any-to-any VC based on the number of speakers
that the VC model supports. Conventional VC approaches
focus on one-to-one VC, which align acoustic features of
parallel data between a pair of source-target speakers and
perform frame-wise mapping using Gaussian mixture mod-
els [35], [36] and neural networks [37], [38]. With the high
cost of parallel data, recent studies mainly use non-parallel
data for voice conversion. GAN [4], [5] and VAE [1] are
further proposed to support many-to-many VC. With the help
of text supervision, phonetic posteriorgram (PPG) and neural
bottleneck feature (BNF) [3] computed from an automatic
speech recognition (ASR) model are assumed to be speaker-
independent content representations. And thus PPG- and BN-
based recognition-synthesis framework is widely used in any-
to-many VC. Besides, many disentanglement methods based
on information bottleneck [7], perturbation [8], [16], and
representation constraints [13], [17] decompose speech into
content, speaker timbre, and speaking style to achieve any-to-
any VC, also called zero-shot VC. In this work, based on the
recognition-synthesis framework, we propose a new method
for zero-shot VC.

B. Typical Zero-shot VC Framework

The key to voice conversion is to decompose speech into
linguistic content and speaker timbre, or even speaking style
components. Ideally, only the content and style components
from the source speech are transferred to the target speech
with the target speaker’s timbre. In many studies [10]–[12],
[23], style is not explicitly considered in the disentanglement.
In zero-shot scenarios, the speaker timbre representation is
extracted from a short speech utterance of the target speaker,
and then the speaker representation is fused with the extracted
content and style of the source speech to generate the target
speech. The extraction of speaker timbre can be done at
utterance level or fine-grained level, as shown in Fig. 1.

https://kerwinchao.github.io/demo_zslvc/
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(a) Utterance level (b) Fine grained: time varying (c) Fine grained: multi levels

Fig. 1. The typical frameworks of zero-shot VC. Speaker modeling can be at (a) utterance-level or fine-grained-level with two types: time-varying (b) and
multi-level fusion (c).

1) Utterance-level Speaker Modeling: Utterance-level
speaker modeling assumes that speaker timbre is static
and time-independent within an utterance, as depicted in
Figure 1(a). Fixed-length speaker representation is obtained
from pre-trained SV models [7]–[10], [13], or extracted
from the target speaker’s speech through disentanglement
techniques such as instance normalization [11], [12],
adversarial training [13], information bottleneck [7], [17],
[18], or perturbation [8], [16]. To integrate the speaker
representation with other speech components for speech
generation, addition [14], concatenation [7], [17], or adaptive
instance normalization [11], [12] are commonly used.

2) Fine-grained Speaker Modeling: Fine-grained speaker
modeling differs from utterance-level speaker modeling in
that it accounts for changes in speaker timbre over time and
considers dynamic variation characteristics. Fig. 1(b) and (c)
illustrate two categories of fine-grained speaker modeling:
time-varying and multi-level. In the time-varying speaker mod-
eling [23]–[25] as shown in Fig.1(b), variable-length speaker
representation is extracted from the target speaker’s speech
and then fused with the content and style of the source speech
based on the alignment between them. On the other hand,
multi-level speaker modeling [26], [28] shown in Fig.1(c)
typically adopts a U-net structure to extract multiple utterance-
level speaker representations from stacked layers and then
feeds them to the corresponding decoder layers. Recent stud-
ies [23]–[25] attempt to employ time-varying and multi-level
speaker modeling simultaneously.

Despite this progress, existing methods are insufficient to
capture the dynamic variation characteristic of the speaker
timbre, which varies across not only temporal but also channel
regions of speech at different granularities. This insufficient
may cause unstable speaker modeling and result in low
speaker similarity. Besides, in a time-varying fine-grained
speaker modeling framework, speech factors are much easier
to entangle with each other, making achieving zero-shot more
challenging. In this paper, we focus on fine-grained speaker
modeling in our proposed zero-shot VC framework, which
models speaker timbre from both temporal and channel dimen-
sions at different granularities. Comprehensive representations
of speech components and a well-designed training strategy
ensure the decoupling capabilities of our model.

C. Attention Mechanism in Speaker Modeling

In recent years, many attention mechanisms have been
proposed, such as spatial attention [39], channel attention [40],
temporal attention [41], and their combination [42], [43]. Some
attention mechanisms have also been explored in speaker mod-
eling. In Desplanques et al. [32], Squeeze-and-excitation [40]
block (SE) is introduced to aggregate speaker information
along the channel axis. Based on Desplanques et al. [32],
Liu et al. [30] introduces multi-scale channel attention to
better capture the speaker characteristics at any local frequency
region. Besides, Sang et al. [31] improve the process of
extracting utterance-level speaker representation from frame-
level speaker representation by modified channel attention
driven by a discrete cosine transform. For zero-shot VC,
following Desplanques et al. [32], Du et al. [21] and Choi
et al. [16] utilize SE block to improve the speaker modeling
ability for zero-shot VC. CA-VC uses channel attention to im-
prove content learning and encourage utterance-level speaker
modeling. Besides, Retriever [24] uses cross-attention [44]
learn a set of permutation invariant tokens to represent speaker
timbre. And in variable-length speaker modeling [23]–[25],
scale-dot attention and cross-attention are usually utilized to
fuse speaker and content representations. Previous studies [16],
[20], [21] have explored the correlation between channel and
speaker timbre information in zero-shot VC, but only at the
utterance-level and single channel dimension. In contrast, our
proposed method focuses on fine-grained speaker modeling
and performs speaker retrieval in both temporal and channel
dimensions.

III. METHODOLOGY
A. The Framework of MTCR-VC

In this paper, we introduce multi-level temporal channel re-
trieval based voice conversion (MTCR-VC), a novel approach
that integrates time-varying and multi-level speaker modeling
frameworks with substantial improvements, as depicted in Fig-
ure 2. Based on the structure of FragmentVC [23], MTCR-VC
disentangles speech into speaking style, linguistic content, and
speaker timbre using a speaking style module, a content en-
coder, and an MTCR speaker module, respectively. The speak-
ing style and linguistic content representations are learned
from the pitch contour Psrc and BNF Bsrc of the source
speech. Then the content, pitch, and rhythm representations
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Fig. 2. The framework of the proposed MTCR-VC model.

are added to form Zadd. The MTCR speaker module extracts
multiple fine-grained speaker representations from the target
speaker’s speech. Finally, the speech decoder progressively
combines the learned speech representations to produce the
corresponding target Mel spectrogram Mtrg, which conveys
the target speaker’s timbre while maintaining the speaking
style and linguistic content of the source speech.

1) Content Encoder: The content encoder is a Conformer-
like structure that learns the linguistic content representation,
as indicated in the orange section on the left of Fig. 2. Here the
bottleneck features (BNF) serves as the input for the content
encoder, as BNF is considered as a speaker-irrelevant linguistic
representation [3], [34], obtained from the encoder of a well-
trained ASR model.

2) Speaking Style Module: As shown in the green part
on the left of Fig. 2, the speaking style module comprises
a pitch encoder and a rhythm encoder that aim to learn pitch
and rhythm representations, respectively. Specifically, the pitch
encoder consists of a fully connected (FC) layer to learn the
pitch representation from the normalized pitch contour Psrc

of the source speech, followed by a downsample layer that
reduces speaker-related information. On the other hand, the
rhythm encoder, which has a similar structure to the reference
encoder in [45], is adapted to extract the utterance-level rhythm
representation from the BNF Bsrc of the source speech. Note
that BNF is considered to be a speaker-irrelevant linguistic
feature and is widely used in VC. Recent studies [6], [46],
[47] use BNF for rhythm modeling and also prove the BNF
retains rhythm information.

Based on the above structure, we propose the MTCR
speaker module and a training strategy, which are elaborated
in Section III-B and III-D. Moreover, we make modifications
to the speech decoder [23] to facilitate the integration of
the MTCR speaker module, which are also detailed in Sec-
tion III-C.

B. MTCR Speaker Module: Speaker Modeling

Speaker timbre is a dynamic characteristic that varies
across temporal and channel regions of speech at different
granularities. Inspired by the representation learning ability

of attention mechanism [30], [42], we propose the multi-
level temporal-channel retrieval (MTCR) speaker module for
retrieving speaker-related information from the target speaker’s
speech in both temporal and channel regions with different
granularities. Specifically, as shown in the blue part of Fig. 2,
the MTCR speaker module comprises multiple TCR blocks to
achieve multi-granularity speaker retrieval. Each TCR block
sequentially performs temporal and channel retrieval at a
specific granularity. And the speaker embedding (x-vector)
derived from a SV model [32] is considered an ideal query to
guide the speaker retrieval since the SV model achieves high
accuracy in speaker verification and learns accurate speaker
discriminative ability.

As shown in Fig. 3, the TCR block comprises a convolution
layer, a temporal retrieval module, and a channel retrieval
module. The attention mechanism is used in both retrievals
to aggregate speaker information in the temporal and channel
dimensions by a weighted sum. Specifically, it uses x-vector
Sspk ∈ R1×D as query and the previous block’s output
Zsl−1

∈ RT×C as key and value to hierarchically performs
temporal and channel retrieval, where l represents the index of
the TCR block, T represents the temporal length, C represents
the channel length, and D represents the x-vector’s dimension.

Temporal Retrieval. The objective of our work is to enable
the speaker module to know when it should pay more attention
to capture speaker information. For this purpose, we adopt
temporal retrieval. As speech varies in duration and speaker
timbre exhibits different characteristics at various temporal
granularities, temporal segmentation, in which the feature are
equally divided into several groups along the temporal di-
mension, has to considered before the application of attention
mechanism. Specifically, after the convolution layer processing
the input Zsl−1

into the output Htl , we perform temporal
segmentation on Htl using a temporal scale factor γt. Then the
resulting segmentation H

′

tl
∈ R

T
γt

×γt×C is used as the key Ktl

and value Vtl . Meanwhile, the x-vector Sspk is transformed by
an FC layer and used as the query Qtl ∈ R1×C . By measuring
the similarity between Qtl and Ktl , we obtain an attention
map Atl ∈ R

T
γt

×1×γt that captures the distribution of speaker
timbre in each temporal segment. Finally, we multiply Atl and
Vtl , yielding Hcl ∈ R

T
γt

×C that we also use for the following
channel retrieval. The entire process of temporal retrieval can
be summarized as follows:

Vtl = H
′

tl
= Segmentation(Htl) (1)

Ktl = Conv(H
′

tl
) (2)

Qtl = FC(Sspk) (3)

Hcl = AtlVtl = softmax(
QtlK

⊤
tl√

C
)Vtl (4)

Channel Retrieval. To retrieve speaker timbre from speech,
it is crucial to not only determine when the speaker timbre
is present but also where it exists in the channel dimension.
Therefore, we use both temporal and channel retrieval tech-
niques to achieve this. Fig. 3 illustrates our approach, which
begins with channel segmentation applied to Hcl . Since the
speaker timbre changes with time-varying style or content,
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Fig. 3. The architecture of the TCR block. Note that the symbols in red color represent the outputs of the block.

the distribution of speaker timbre on the channel is also
related to the temporal changes. Therefore, we consider the
temporal range γtr of each channel segment during the channel
segmentation. After the channel segmentation, the result H

′

cl

is in the shape of { T
′

γtr
, C
γc
, γc, γtr}, where T

′
represents

T
γt

mentioned above, and γc represents the channel scale
factor. Then, H

′

cl
is used as the key Kcl and value Vcl .

Meanwhile, after processing by an FC layer, the x-vector
Sspk is used as the query Qcl . To compute the attention map

Acl ∈ R
T

′

γtr
× C

γc
×1×γc for each channel segment, we measure

the similarity between Kcl and Qcl . Finally, we obtain the
TCR block result Zsl , with dimensions of { T

γt
, C
γc
}, which is

computed by multiplying Acl and Vcl .
It should be noted that the scale factors γt and γc in

segmentation determine the receptive region of the attention
mechanism and affect the granularity of temporal and channel
regions for speaker retrieval. Additionally, the segmentation
process within each TCR block relies on the segmentation
outcome of the previous block, which means that the granu-
larity of speaker retrieval increases with the deepening of the
layer of the TCR block.

𝐵𝑠𝑟𝑐𝑙 1𝐵𝑠𝑝𝑘𝑙 1

𝑍𝑠𝑙 1

𝑍𝑐𝑝𝑟𝑙 1

𝐴𝑡𝑙 1  

𝐵𝑠𝑝𝑘𝑙 𝐵𝑠𝑟𝑐𝑙

V

K Q

𝑍𝑐𝑝𝑟𝑙
l-th Fusion Block

(a) Fusing block

V K Q

Target Speaker

Output

Source Speech

l-th Extractor

Source Speech Flow
Target Speaker’s Speech Flow

(b) Extractor [23]

Fig. 4. The (a) fusion block in the speech decoder. The symbols in red color
represent the outputs of the fusion block. The architecture of the fusion block
follows the design of Extractor [23].

C. Speech Decoder: Speech Representation Fusion

To accommodate the proposed speaker modeling, our frame-
work adopts a speech decoder, modified from the structure in

a previous study [23]. The speech decoder, shown in yellow in
Figure 2, comprises multi-level fusion blocks, a smoother, and
a postnet. The multi-level fusion blocks progressively combine
the representations of speaking style, linguistic content, and
speaker timbre, while the smoother and postnet generate the
target speech spectrogram using the final fusion block’s output.
Specifically, the fusion block, as illustrated in Figure 4, is
similar to the extractor in FragmentVC [23], with the cross-
attention [48] generating content-based alignment between the
source speech and the target speaker’s speech. In contrast to
the original extractor, the cross-attention uses the speaker-
independent BNFs Bsrc and Bspk extracted from the source
speech and target speaker’s speech as the query and key,
respectively. This modification ensures that the speaker timbre
does not influence the content-based alignment. Furthermore,
the attention map of temporal retrieval Atl−1

maintains the
same sequence lengths of the key and value Zsl .

𝑋 

𝑋 

(a) Paired path

𝑌 𝑋 

𝑌𝑥 𝑋 𝑌𝑥 

𝑋𝑌𝑥

Reverse

(b) Unpaired path

Fig. 5. The cycle-based training process of MTCR-VC. (a) Paired Path. (b)
Unpaired Path. Note that speech utterances X and Y come from different
speakers and have different linguistic content.

D. Cycle-based Training Strategy

Generally, during the training process of a VC model, the
style, content, and speaker representations are usually learned
from the same speech utterance. The converted speech is the
paired reconstruction result. However, this process can result
in the entanglement of speech representations, particularly
in fine-grained speaker modeling [23], [25]. To address this
issue, previous studies [23], [25] use two different speech
utterances from the same speaker to extract different speech
representations, with one utterance used to extract speaker
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representation and the other used to extract content and style
representations. Nonetheless, when performing zero-shot VC,
style, content, and speaker timbre come from different speak-
ers’ speech utterances, leading to the unpaired reconstruction.
This mismatch between paired training and unpaired zero-
shot VC inference can cause insufficient speech representation
disentanglement, as paired training alone cannot ensure the
disentanglement ability between different speakers. To better
facilitate speech disentanglement and model generalization,
following the cycle-consistency idea of CycleGAN [4], we
introduce a cycle-based training strategy with paired and
unpaired paths in which two different speech utterances X and
Y from two speakers are used to learn different representations
during the training process, as presented in Fig. 5.

Paired Path. To ensure the quality of the reconstructed
speech, we employ the paired path, as depicted by the blue
arrow in Fig. 5(a). In the paired path, the speaking style
module, content encoder, and MTCR speaker module take the
same speech utterance X as input to extract style, content, and
speaker representations, respectively. The speech decoder then
combines these representations to produce the reconstructed
speech utterance X̂ . The reconstruction quality is evaluated
using the Mel loss LX̂

mel, which measures the mean square
error (MSE) between X and X̂ .

Unpaired Path. The brown arrow in Fig. 5(a) illustrates
the unpaired path in which speech utterances X and Y from
different speakers are utilized to generate the converted result
Yx of zero-shot VC and then re-convert it to X̂Yx . Initially,
the model produces Yx that retains the speaker timbre of X
but the speaking style and linguistic content of Y . Then, Yx

is employed to extract the speaker timbre and recover X with
the linguistic content and speaking style of X . In other words,
the unpaired path ensures that the input speech is not only
converted to the speech of any speaker but also reversibly
transformed back to the original speaker’s speech, seeking
optimal disentanglement and maintaining high fidelity.

Since the corresponding ground-truth speech of Yx is un-
available in the unpaired path (Fig 5(b)), only mel recon-
struction loss is hard to constrain the training process. We
introduce perceptual constraints in three aspects: style, content,
and speaker, to supervise the training process and also improve
the disentanglement ability. The perceptual constraints are
illustrated in Fig. 6. Similarly to Wang et al. [34], we calculate
the content loss Lcon and style loss Lsty to ensure the
consistency of content and style between the converted speech
and the source speech. The speaker loss Lspk calculated via
the MTCR speaker module measures the global difference of
speaker representations between the converted speech and the
target speaker’s speech at each layer. The details of the loss
functions are introduced in Section III-E.

Perceptual Constraints 

𝑌, 𝑌
𝑋, 𝑋

Fixed 𝐿𝑠𝑡𝑦
𝐿𝑐𝑜𝑛

𝐿𝑠𝑝𝑘
𝑋, 𝑌𝑥

𝑋, 𝑋

Fixed
Unpaired Path
Paired Path

𝑋, 𝑋

Fig. 6. The perceptual constraints used in the training of MTCR-VC. The
block in purple represents pre-trained model, which is fixed without parameter
update in the model.

Pre-trained Style Model

Conv2d 
Layers

GRU FC FC FC

Angry

Neutral
Happy

Sad
Surprise

Predicted Mel 
Spectrogram

𝐿𝑠𝑡𝑦𝑙 𝐿𝑠𝑡𝑦𝑚 𝐿𝑠𝑡𝑦ℎ

Source Mel 
Spectrogram

Fig. 7. The architecture of the style model.

E. Overall Loss Functions

1) Mel loss: To effectively optimize the proposed model,
mel loss Lmel is usually introduced to ensure the reconstruc-
tion quality of the mel spectrogram. L2 distance between pre-
dicted mel spectrogram M̂ and ground-truth mel spectrogram
M is adopted as the mel loss, which is defined as:

Lmel = ||M − M̂ ||22. (5)

2) Style loss: As shown in Fig. 7, a pre-trained speech
emotion recognition(SER) model [49] is used as a style model
to calculate the style loss. Lsty is calculated from different
levels, which stand for the abstraction degree of the hidden
representation to the style. Features Hl, Hm, and Hh from
low- to high-level hidden layers, respectively, are used to
obtain the style loss:

Lstys
= ||Hs − Ĥs||22, s ∈ {l,m, h} (6)

where h and ĥ are obtained from the source mel spectrogram
and predicted mel spectrogram, respectively.

3) Content loss: The content loss Lcon is generated by a
pre-trained content model which has the same architecture as
CBHG module [50]. The content model is trained for BNF
prediction. During the training of MTCR-VC, the content loss
between BNF features B and B̂ extracted from the source mel
spectrogram and predicted mel spectrogram can be described
as:

Lcon = ||B − B̂||22 (7)

4) Speaker loss: To ensure the consistency of speaker-
related information after conversion, the MTCR speaker mod-
ule is used to calculate the speaker loss Lspk from different
levels. Since the speaker representations Zsl from different
speech might have variable length, Lspk only measure the
global difference, which can be described as:

Lspkl
= ||Avg(Zsl)−Avg(Ẑsl)||22, l ∈ {1, 2, 3} (8)

where Zsl and Ẑsl are obtained from the target speaker’s
mel spectrogram and predicted mel spectrogram, respectively.
Avg(·) means that average the representation along the tem-
poral axis.

As shown in Fig. 6, all three perceptual constraints are
applied to the converted result Yx and X̂ , while only content
and style constraints are used for the re-converted result X̂Yx

since its corresponding target speaker’s speech is also the
converted speech. The training objectives of the paired path
Lpair and unpaired paths Lunpair can be described as:

Lpair = Lx̂
mel + λspkLx̂

spk + λstyLx̂
sty + λconLx̂

con (9)
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Lunpair = λmelL
X̂Yx

mel + λspkLYx

spk + λsty

(LYx
sty + LX̂Yx

sty ) + λcon(LYx
con + LX̂Yx

con )
(10)

where λ before each loss term represents the corresponding
weight. In our work, the two paired and unpaired paths are
performed simultaneously, so the total loss Ltotal of the
proposed model is Ltotal = Lpair + Lunpair.

IV. EXPERIMENTAL SETUP

In this section, we first introduce the database used in
our work. Next, we provide the implementation details of
the proposed model. Finally, we present comparison and
evaluation metrics used in experiments.

A. Datasets

During the training stage, 1,000 speakers from the English
dataset LibriTTS [51] are used to train the VC model. In
the zero-shot voice conversion stage, we test two types of
target speakers, including pre-reserved in-dataset (ID) speak-
ers from LibriTTS and out-of-dataset (OOD) speakers from
VCTK [52], CMU Arctic [53], and HiFi-TTS datasets [54].
The OOD testing is particularly used to show the robustness
of our approach. Information regarding the recording domain,
environment, and signal-to-noise ratio (SNR) of the datasets
used in this work can be found in Table I. Additionally,
speech utterances from VCTK and CMU Arctic are selected
as source speech for the test. We randomly sampled 1,000
testing pairs for ID and OOD speakers. We utilize the open-
source conformer ASR model2, which is trained on Lib-
riSpeech [55], to extract BNF. The SV model [32] is trained on
Voxceleb2 [56]. The style and content models for perceptual
constraints are trained on ESD [57] and LibriTTS, respectively.
To reconstruct waveform from Mel spectrogram, we utilize a
universal vocoder TFGAN [58], which is trained on 1,000
hours of an internal dataset.

TABLE I
THE INFORMATION OF THE DATASETS USED IN EXPERIMENTS.

Recording Domain Recording Environment SNR

LibriTTS [51] AudioBook Multiple Rooms 6 ∼ 30dB

VCTK [52] Reading Hemi-anechoic Room 15 ∼ 37dB

CMU Arctic [53] Reading Sound Proof Room 18 ∼ 45dB

Hi-Fi TTS [54] AudioBook Multiple Rooms 20 ∼ 35dB

B. Implementation Details

All speech utterances are re-sampled to 24KHz, and 80-
dim Mel spectrogram is computed with 50ms frame length and
10ms frame shift. The ASR encoder output BNF has a dimen-
sion of 256. We use Pyworld3 to extract 1-dim logarithmic-
domain fundamental frequency (lf0). The lf0 normalized by

2https://github.com/wenet-e2e/wenet
3https://github.com/JeremyCCHsu/Python-Wrapper-for-World-Vocoder

utterance-level min-max method is used as the pitch contour
input of the pitch encoder. And the down-sampling rate in the
pitch encoder is 8. The x-vector from the SV model is a 192-
dim feature. In the MTCR speaker module, the scale factors
γt and γc are both set to 4, and the temporal ranges γtr from
low level (top TCR block in Fig. 2) to high level (bottom TCR
block in Fig. 2) are 16, 4, 1, which keep the temporal range
at a length of 640ms. During training, we set the loss weights
as λmel = 4, λsty = 0.1, λcon = 0.01, λspk = 0.1. We
train MTCR-VC for 200 epochs with a batch size of 128. The
learning rate is set to 1e-5 and decays every 50,000 steps with
a decay rate of 0.5. The prenet in the MTCR speaker module
consists of a single convolution layer. The configuration of
convolution layers in the MTCR speaker module and fusion
blocks of the speech decoder is 3×3 filter with 1×1 stride
and replication padding. The speech decoder keeps the same
settings for the fusion blocks, smoother, and postnet as [23].
For perceptual constraints, following [34], the style model
comprises a reference encoder and 3 FC layers, while the
content model adopts a CBHG structure [50].

C. Comparison Models

To evaluate the performance of the proposed MTCR-VC on
the zero-shot VC task, we compare it with three recent repre-
sentative zero-shot VC models with different speaker modeling
methods, including speaker embedding extracted from the
SV, utterance-level speaker representation learning, and multi-
level speaker representation learning. Notably, all VC models
are trained on the same dataset and the same vocoder is utilized
to reconstruct waveform from the Mel spectrogram for all the
VC models. Details of these comparison models are introduced
as follows.

MediumVC [10] adopts speaker representation extracted
from a pre-trained SV model. It divides zero-shot VC (any-
to-any) into any-to-one and one-to-any VC by a two-stage
strategy. Subsequently, the any-to-one VC first converts the
source speech to the speech of a specific non-target speaker,
and then one-to-any VC converts the resulting speech to the
target speech conditioned on the speaker representation of
the target speaker’s speech. We build both the two-stage VC
models using a content encoder and a speech decoder, which
have similar structures to that of MTCR-VC. However, the
cross-attention in the fusion block is removed, and the speaker
representation is added in each fusion block.

SRDVC [18] models speaker timbre by learning a utterance-
level speaker representation. This model utilizes MI and clas-
sification losses to decompose speech into linguistic content,
speaking style, and utterance-level speaker timbre. We use the
officially released open-source code4 to implement SRDVC.

FragmentVC [23] learns variable-length speaker represen-
tations from multiple layers and feeds them to the correspond-
ing decoder layers. We use the officially released open-source
code5 to implement FragmentVC. To ensure a fair comparison,
we use BNF as the input instead of wav2vec feature to avoid
any potential speaker timbre leakage from the source speech.

4https://github.com/YoungSeng/SRD-VC
5https://github.com/yistLin/FragmentVC
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TABLE II
RESULTS OF SUBJECTIVE AND OBJECTIVE EVALUATIONS FOR ZERO-SHOT VC ON ID AND OOD SPEAKERS.

Method Size (M)
NMOS (↑) SMOS (↑) WER (↓) Plf0 (↑) ACC (↑)

ID OOD ID OOD ID OOD ID OOD ID OOD

MediumVC 32.1 3.73±0.08 3.65±0.07 3.58±0.06 3.40±0.07 2.187 2.041 0.669 0.638 0.949 0.903

SRDVC 31.8 3.54±0.08 3.57±0.08 3.20±0.10 3.13±0.07 1.848 1.921 0.673 0.677 0.875 0.742

FragmentVC 47.8 3.47±0.07 3.50±0.08 3.42±0.09 3.31±0.08 1.926 2.103 0.613 0.568 0.927 0.865

MTCR-VC 23.4 3.61±0.06 3.59±0.07 3.70±0.08 3.68±0.07 1.745 1.853 0.680 0.701 0.963 0.958

D. Evaluation Metrics

Subjective Metrics. Following the typical mean opinion
score (MOS) criterion, listeners rate the given speech with a
score ranging from 1 to 5 for its speaker similarity (SMOS)
or speech naturalness (NMOS). A higher score means better
performance. A score value of 1 means very bad, and 5
means excellent. In the experiments, we randomly select 120
utterances from the testing set for subjective evaluations. A
group of 20 listeners participates in the subjective listening
MOS test. MOS is calculated with 95% confidence intervals.

Objective Metrics. For objective evaluations, we calculate
word error rate (WER) via the ASR model to validate the
intelligibility of the converted speech. Moreover, we calculate
the Pearson correlation coefficient of lf0 between the source
speech and converted speech to measure the consistency of
speaking style, denoting Plf0. As in previous work [23],
speaker accuracy (ACC) is calculated using an SV model
to measure whether the converted speech is from the target
speaker. The accuracy is determined by the cosine similarity
between the SV’s embeddings of two speech utterances ex-
ceeding a predefined threshold, based on the equal error rate
(EER) of the SV model over the considered dataset. Better
speaker similarity would result in higher speaker accuracy.

V. EXPERIMENTAL RESULTS

This section presents the results of subjective and objective
evaluations as well as the ablation study conducted on the pro-
posed model. Additionally, a detailed analysis of the MTCR
speaker module is provided.

A. Subjective and Objective Evaluations

1) Subjective Evaluation: Table II presents the NMOS and
SMOS results for zero-shot VC on ID and OOD speakers.
In terms of speech naturalness, our MTCR-VC outperforms
SRDVC and FragmentVC, both of which model speaker
timbre directly from speech during training. While, Medium-
VC gets better naturalness than MTCR-VC, likely due to
its use of utterance-level speaker modeling and noise-robust
speaker verification (SV) model. Specifically, directly using x-
vector extracted from the noise-robust SV model as the speaker
representation results in less noisy converted speech and better
speech naturalness.

Regarding speaker similarity, SMOS is degraded from ID
to OOD speakers for all models. This degradation suggests

that the performance is affected due to a mismatch between
the training and testing sets. However, MTCR-VC gets better
speaker similarity and a smaller SMOS gap (0.02) between ID
and OOD speakers, effectively mitigating the mismatch and
achieving robust performance in zero-shot VC. Additionally,
it can be found that FragmentVC with fine-grained modeling
outperforms SRDVC, demonstrating that the coarse utterance-
level speaker modeling is insufficient for zero-shot VC. How-
ever, without considering the varying speaker information
along the temporal and frequency dimensions in the speaker
modeling process, FragmentVC is difficult to perform well. On
the other hand, MediumVC achieves relatively good speaker
similarity than the other two comparison models but suffers
from the insufficient representation of x-vector for the per-
ceptual speaker timbre in the sense of human hearing. These
findings highlight the superior performance of MTCR-VC for
speaker modeling while preserving good speech naturalness.

TABLE III
RESULTS OF ABLATION STUDIES.

Method
WER (↓) Plf0 (↑) ACC (↑)

ID OOD ID OOD ID OOD

MTCR-VC 1.745 1.853 0.680 0.701 0.963 0.958

w/o MTCR Speaker Moudle

w/o MTCR
(Conv) 2.197 2.061 0.617 0.609 0.817 0.884

w/o MTCR
(SV) 2.287 2.153 0.684 0.653 0.853 0.801

w/o Cycle-based Training Strategy

w/o Cycle 1.932 1.869 0.688 0.677 0.956 0.903

w/o Perceptual Constraints

w/o Lsty 1.919 1.916 0.681 0.691 0.956 0.884

w/o Lcon 2.057 2.145 0.704 0.729 0.909 0.889

w/o Lspk 1.937 1.906 0.693 0.704 0.935 0.927

2) Objective Evaluation: Table II presents the objective
results in the last three columns. As illustrated, similar to the
subjective results, the SMOS gap between ID and OOD speak-
ers is also reflected in the objective metric of speaker accuracy.
Notably, our proposed MTCR-VC achieves the highest speaker
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accuracy for both ID and OOD speakers. Additionally, MTCR-
VC obtains the best performance on WER and Plf0, indicating
better speech intelligibility and speaking style consistency.
Consistent with subjective results, the objective results also
demonstrate that MTCR-VC outperforms other models in
speaker similarity while preserving good speech naturalness.

B. Ablation Study

As shown in Table III, We conduct further studies to assess
the effectiveness of MTCR-VC with ablations on the MTCR
speaker module, cycle-based training strategy, and perceptual
constraints.

1) MTCR Speaker Module: To confirm the efficacy of the
MTCR speaker module, we replace it with three convolu-
tion layers, as in Lin et al. [23], forming the model w/o
MTCR (Conv). Besides, we also implement a model w/o
MTCR (SV), which only uses SV embedding to represent
speaker timbre, to involve this ablation. As can seen in
Table III, discarding the MTCR speaker module leads to
a noticeable decrease in speaker accuracy. Furthermore, the
absence of the MTCR module weakens the disentanglement
ability, resulting in higher WER and lower Plf0 scores. These
findings indicate the effectiveness of the MTCR speaker mod-
ule for speaker modeling and its positive impact on zero-shot
VC.

2) Cycle-based Training Strategy: Instead of the cycle-
based training strategy, we implement an ablation model (w/o
Cycle) using a popular training strategy in previous work [23],
[59], in which different speech utterances from the same
speaker are selected to perform the training process. We can
observe that replacing the cycle-based training strategy leads
to performance decreases in WER, Plf0, and ACC. This
demonstrates the cycle-based training strategy employed in
this work is helpful for zero-shot VC.

3) Perceptual Constraints: Table III shows the effect of
perceptual losses we used on MTCR-VC. As can be seen, the
constraints of style, content, and speaker play important roles.
The dropping of these constraints brings corresponding perfor-
mance degradation in Plf0, WER, and ACC, respectively. The
result indicates that the three perceptual constraints effectively
improve speech disentanglement performance in the zero-shot
VC task. Among them, w/o Lspk cause small degradation
to speaker accuracy because the cycle-based training process
implicitly ensures the consistency of speaker timbre.

Low Level High Level

𝑠1  𝑠2  𝑠3  

1spk

2spk

3spk

4spk

5spk

6spk

7spk

8spk

Fig. 8. Visualization of speaker representations in each level. Different colors
represent different speakers.

C. Analysis of the MTCR Speaker Module

To further investigate the effectiveness of the MTCR speaker
module, we analyze the speaker representation learned in each

TABLE IV
VALIDATION RESULTS OF MULTI-LEVEL TCR BLOCKS.

w/o Zs3 w/o Zs2&Zs3 MTCR-VC

WER (↓) 1.98 2.258 1.648

ACC (↑) 0.837 0.657 0.915

level of the TCR blocks and explore the speaker retrieval
process in each TCR block. Visualization and quantitative
metrics both are conducted to analyze these two aspects.

1) Speaker Representation: To explore what is learned
in the speaker representation, we first visualize the speaker
representations extracted from each TCR block with t-SNE.
Since the speaker representation is of variable lengths and this
visualization can only be done on a single vector, the speaker
representation is averaged along the temporal axis to obtain a
single vector and then visualized from a global perspective.
For this visualization, we select 8 speakers from the testset,
with each speaker contributing 200 utterances. As shown in
Fig. 8, speaker representations from the low-level TCR block
(top TCR block in Fig. 2) group into 8 speaker clusters,
indicating the presence of explicit speaker discriminative in-
formation. As the layer deepens, the speaker clusters start to
overlap, eventually becoming indistinguishable. The low-level
block is close to the speech spectrogram and thus can easily
capture more speaker timbre information. In contrast, the high-
level block captures much finer speaker-related characteristics
but less speaker-discriminative information. This phenomenon
is consistent with a previous zero-shot study [28]. Please note
that this visualization only analyzes the representation from
global perspective, but the speaker representations used in the
MTCR-VC are time-varying features.

Therefore, to further investigate the impact of different TCR
blocks, we objectively evaluate the performance of MTCR-VC
by sequentially discarding blocks from the high-level layer to
the low-level layer. Specifically, the variant model w/o Zs3

only uses the first two TCR blocks in the speaker module and
is trained from scratch to verify the role of Zs3 , compared to
the proposed MTCR-VC. Besides, discarding both second and
third TCR blocks is also verified, forming the model w/o Zs2

& Zs3 . The validation results are presented in Table IV. As
can be seen, discarding the use of the third block in the model
w/o Zs3 leads to decreased speaker accuracy. It suggests that
the third block also learns time-varying speaker representation
which contains fine-grained speaker information, even though
the averaged Zs3 shows little discrimination among different
speakers from the global perspective in Fig 8. Furthermore,
removing the second block and third block in the model
w/o Zs2 & Zs3 leads to more performance degradation in
speaker accuracy. This indicates that the speaker representa-
tions learned in Zs2 and Zs3 that is important for speaker
accuracy in MTCR-VC. Additionally, it can be found that
discarding the use of TCR blocks increases the WER. This
outcome occurs because the speaker representation participates
in the speech representation fusion, and the performance of
speaker modeling affects the speech generation process.
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(b) Pitch contour of the utterance

𝐴𝑐1  𝐴𝑐2  𝐴𝑐3  

Low Level High Level

(c) Channel retrieval

𝐴𝑡1  𝐴𝑡2  𝐴𝑡3  
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(d) Temporal retrieval

Fig. 9. Visualization of attention map in each level retrieval. (a) Speaker speech. (b) Pitch contour. (c) Channel retrieval. (d) Temporal retrieval. Note that
the speaker’s speech with 64 frames is part of a long utterance, and the corresponding content in the speech is “The end for no”. The intervals between red
lines represent different segments. And in (c) and (d), arrows from left to right indicate the levels from low to high.

2) Speaker Retrieval Process: As described in Sec-
tion III-B, retrieving speaker information in temporal and
channel dimensions with multiple granularities is crucial for
speaker modeling in zero-shot voice conversion. Therefore, we
further investigate the speaker retrieval process in temporal and
channel dimensions at multi-level TCR blocks. The attention
map is a vital component in the retrieval process. Hence, we
first plot the attention map Atl and Acl learned in temporal
and channel retrieval from low-level TCR block to high-level
TCR block. To be specific, we use one speech utterance as
the input of the MTCR speaker module to obtain the attention
map. Fig. 9 shows the spectrogram of the speech utterance,
corresponding pitch contour, and the attention map. In Fig. 9
(c) and (d), the red line in the horizontal axis marks the
boundary of each segment. Note that the attention map of
each temporal or channel segment has the dimension of 1×γt
or 1 × γc. For visualization, we flat and repeat the Atl and
Acl to the origin temporal and channel length, respectively.
The vertical axis value ranges from 0 to 1 and represents
the proportion of each feature in the temporal or channel
dimensions within a segment. This proportion ensures that
the sum of weights within each segment is 1. As can be
seen, in the low-level block, the fluctuation of attention weight
in both temporal and channel retrieval is relatively small,
since the adjacent temporal and channel features within a
segment are similar. As the layer deepens, the attention weight
value begins to change sharply, indicating that the model is
more sensitive to the channel and temporal regions that are
highly correlated to the speaker’s SV embedding (e.g. speaker
timbre information). For instance, in At2 , the attention weight
increases at the fifth frame when the speaker begins to speak.
In the third segment, from frame 32 to 48, compared with the
unvoiced part, the voiced sound (from 44 to 48) with higher
attention weight provides more speaker information for the

model. And in voice sound from frame 48 to 64, the attention
weights change according to the correlation to the speaker
timbre. These observations suggest that the speaker retrieval
process enables the model to flexibly adjust its attention across
temporal and channel regions, considering variations in the
amount of speaker information present.

TABLE V
VALIDATION RESULTS OF THE SPEAKER RETRIEVAL PROCESS.

Block 1 Block 2 Block 3 Temporal Channel MTCR-VC

WER (↓) 1.722 1.801 1.882 2.021 1.836 1.648

ACC (↑) 0.842 0.783 0.817 0.744 0.837 0.915

To further quantify the effect of the speaker retrieval pro-
cess, we average the attention map in a specific retrieval
process, while keeping the other retrieval unchanged. For
example, to verify the retrieval process in the first TCR block,
only the attention weights of the first block are set to the fixed
average value, and the whole modified model is trained from
scratch. As shown in Table. V, we implement five variants
to verify the efficiency of the retrieval process. Experiments
are conducted on 8 unseen speakers mentioned above, and the
validation results of the speaker retrieval process are shown in
the table. The results show that discarding the retrieval process
in any one of the TCR blocks leads to a degradation of perfor-
mance on WER and ACC. Compared with the retrieval process
in block 2 and block 3, averaging the attention map in block
2 shows a relatively obvious degradation in speaker accuracy
which indicates the retrieval process in block 2 is important for
speaker modeling. Moreover, as shown in the fifth and sixth
columns of Table V, averaging attention maps in temporal
retrieval or channel retrieval in all blocks apparently shows
an increase in WER and a decrease in speaker accuracy. This
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result suggests that temporal and channel retrieval are helpful
for capturing speaker timbre. Interestingly, changing temporal
retrieval has a relatively large degradation in intelligibility,
because the attention map Atl learned in the temporal retrieval
is used for content-based alignment in the fusion block, as
shown in Fig. 2.

VI. CONCLUSION

In this paper, we introduce MTCR-VC, a new zero-shot VC
model with a novel speaker modeling approach. Specifically,
we propose the MTCR speaker module, which hierarchically
queries speaker timbre from the target speaker’s speech across
different temporal and channel granularities by stacking mul-
tiple TCR blocks. This allows the model for flexible alloca-
tion of attention across temporal and channel regions, based
on the richness of speaker information at different stages,
thus improving the robustness of speaker timbre modeling.
Moreover, applying the cycle-based training strategy facilitates
the process of speech reconstruction and disentanglement
toward the aim of the zero-shot VC task. Our experimental
results show that the proposed MTCR-VC achieves superior
performance in modeling speaker timbre while maintaining
good speech naturalness.

Although the experimental results have demonstrated good
performance of the proposed method on speaker timbre mod-
eling, we have to point out that there are still some limitations.
Specifically, the zero-shot VC performance, including natural-
ness and speaker similarity, varies among different speakers
and speeches with different recording conditions, likely due to
the limited speaker diversity and recording environments in the
training corpus. To address this limitation, future work should
consider modeling speaker timbre from more diverse speech
data, containing even a larger number of speakers and speech
recordings, to improve the performance and generalization of
zero-shot VC.
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