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Abstract
Voice conversion (VC) modifies voice characteristics while

preserving linguistic content. This paper presents the Stepback
network, a novel model for converting speaker identity using
non-parallel data. Unlike traditional VC methods that rely on
parallel data, our approach leverages deep learning techniques
to enhance disentanglement completion and linguistic content
preservation.

The Stepback network incorporates a dual flow of different
domain data inputs and uses constraints with self-destructive
amendments to optimize the content encoder. Extensive ex-
periments show that our model significantly improves VC per-
formance, reducing training costs while achieving high-quality
voice conversion. The Stepback network’s design offers a
promising solution for advanced voice conversion tasks.
Index Terms: Voice Conversion, Variational Autoencoder,
Content Disentanglement, Multi-Task Learning

1. Introduction
Voice conversion (VC) refers to the technology of altering
the voice characteristics of one speech utterance to match an-
other, without changing the linguistic content. This technol-
ogy is widely used in various fields, including speaker dis-
guise, singing voice conversion, computer-assisted pronuncia-
tion training, and voice cloning. VC is considered a core task
alongside Automatic Speech Recognition (ASR) and Text-to-
Speech (TTS) synthesis. VC models benefit significantly from
advances in these areas. Substantial progress and impressive
performance have been achieved in VC, particularly in the con-
version of emotion, timbre, and style[1][2]. In this paper, we
focus on the conversion of speaker identity, specifically on con-
tent disentanglement.

Voice conversion based on parallel data of paired speakers
has been extensively studied. However, due to the constraints
of frame-wise mapping and limitations in training data, much
more attention has shifted towards VC with non-parallel data.
Non-parallel data can have varying sequence lengths for the
source and the target. This shift is especially notable in those
methods leveraging deep learning. For instance, Generative
Adversarial Networks (GANs) play a significant role in voice
conversion by enabling the generation of matching and realis-
tic high-quality speech waveforms. The generator network in a
GAN can be trained to convert source speech into target speech,
while the discriminator ensures the converted speech is indis-
tinguishable from real speech of the target speaker. However,
GANs are known for their training difficulties and challenges in
maintaining stability[3][4].

Compared to this direct transformation methodology, Vari-
ational Autoencoders (VAEs) offer advantages in their suitabil-

ity for any-to-any voice conversion and their generalizability to
unseen speakers. VAEs consist of two main parts: a content
encoder and a decoder. The content encoder processes source
speech, transforms it into a latent representation, and removes
speaker information. The decoder takes the speaker identity,
combines it with the latent representation, and reconstructs the
speech[5]. A notable VAE approach is disentangling speaker
and content representations using instance normalization, which
supports one-shot learning and performs well on unseen data[6].

As a significant milestone, AutoVC combines the matching
accuracy of GANs with the training ease of VAEs. It achieves
this by deliberately designing a bottleneck, which enables zero-
shot style transfer[7]. AutoVC excels in conditioning speaker
embeddings. Moreover, voice conversion has recently been
considered from a broader perspective. One attractive method is
the Blow technique[8], which normalizes flows of non-parallel
and many-to-many data. Large models such as Diff-VC[9], a
diffusion-based voice conversion model, and its variants outper-
form many existing models in terms of naturalness and similar-
ity. However, these models are highly complex, with numerous
parameters to tune, making them challenging to train. Addition-
ally, there are models focused on achieving low latency. These
models are more applicable in real-world scenarios and achieve
comparable results in certain evaluation metrics[10].

Broadly speaking, most of these models are implemented
under the concept of multi-task learning[11]. Multi-task learn-
ing is a robust method for improving model training, reducing
the risk of overfitting, and saving training costs across multiple
tasks[12]. Typically, encoders are associated with speech recog-
nition, while decoders are linked to text-to-speech models[13].
This approach performs well when dealing with a single goal,
such as many-to-one synthesis. More subtly, adversarial train-
ing is quite common in various VC models, including GANs
and VAEs. This technique combines losses from several micro-
models and aims to maximize one of the losses to benefit
the main task. It helps focus training attention and avoids
oversmoothing[14].

In the subsequent stage, we incorporate two data sources:
one with the same speaker ID as the source speech and the other
with a random speaker ID. We allow two identical decoders to
operate simultaneously, taking latent representations from the
content encoder. The first speaker ID is processed by the first
decoder. After decoding, we calculate the distance between the
converted speech and the source speech, denoted as Loss A. The
second speaker ID is processed to generate a newly constructed
speech. This speech is then classified by a pretrained classifier,
using cross-entropy as Loss B.

Our overall goal is divided into two parts:
1. Train the content encoder and decoder to minimize Loss A

between source and target. This training makes the encoder
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and decoder proficient in handling speaker information and
reconstructing speech.

2. Train the content encoder and decoder to maximize Loss A
while minimizing Loss B. This dual objective enables the
system to eliminate residual speaker traces as much as possi-
ble while maintaining functionality.

To guide our investigation and address the relevant chal-
lenges in voice conversion, we propose the following research
questions:

1. Does the classifier, which is typically added to be fooled by
the latent representation from the content encoder, result in
performance damage, impurities, and oversmoothing?

2. How does the proposed dual flow of different domain data in-
puts address the problem identified in Question 1? The dual
flow, which is the two data sources mentioned before, is pro-
cessed by the same decoder and undergoes allied multi-task
learning with two combined loss functions. One loss function
employs relaxed adversarial learning that separates the origi-
nal fierce adversarial interaction. The other uses strengthened
positive learning.

2. Proposed method
2.1. Preparatory Stage

For simplicity, we denote the content encoder input (source
speech), the speaker identity, and the converted speech with x,
i, y ϵ X, I, Y, respectively. Additionally, (x, i) ϵ T, the training
set, and y ϵ Y, the output set.

2.1.1. Stabilizing Encoder and Decoder

In the preparatory stage, we use x and i, both from the same
speaker, to train the content encoder and decoder. This stage fol-
lows the classic design of the Variational Autoencoder (VAE),
excluding the classifier used in Chou’s stage 1[15]. The rea-
son for excluding this latent representation classifier will be dis-
cussed in Section 2.1.2. The objective of the content encoder in
this stage is to convert the sequence x into a latent representa-
tion, while the decoder’s role is to reconstruct the speech from
the latent representation produced by the content encoder and
the speaker identity input. This is achieved by minimizing the
reconstruction loss, as shown below (we minimize the Mean
Absolute Error as suggested), where θenc and θdec indicate the
parameters of the encoder and decoder respectively:

Lpre(θenc, θdec) =
∑

(x,i)ϵT

||y − x|| (1)

The preparatory stage is designed to initialize the model and
bring it to a stable state. During this stage, since the model is
fed data from the same speaker and trained to make the input
and output as similar as possible, it does not effectively learn
how to eliminate the speaker identity from the source speech.
To address this, we proceed to our proposed stage.

2.1.2. Speech Classifier

To better guide the proposed constraint factor, we pretrain a
speech classifier that predicts the speaker identity from its fea-
ture sequence input, rather than classifying based on latent rep-
resentation. This approach is more efficient because the latent
representations are highly abstract and not as concrete as the
source speech sequence. This classifier functions similarly to
classic audio speaker classification and is trained on X and I, en-

abling it to distinguish between different speakers as accurately
as possible. The loss function for this classifier is formulated
below:

Lclf (θclf ) =
∑
(x,i)

− logP (i|x) (2)

2.2. Proposed Stage

In our proposed approach, rather than simply adding a classi-
fier to adversarially train the content encoder—which may still
retain traces of the source speaker identity due to the need to
balance between maintaining input-output similarity and puri-
fying the latent representation from a single source input, and
can also result in instability with significant fluctuations—we
adopt a multi-task, multi-source, and multi-directional learning
strategy.

Specifically, we incorporate a standard optimizing con-
straint using a different source for the proposed auxiliary self-
destructive amendment steps. In this approach, the destruc-
tive component is constrained by the flow of Loss B, while
the amendment serves as the primary objective.This method fa-
cilitates a more effective separation of linguistic content from
speaker identity and tends to result in a simpler and more stable
training process.

This proposed stage can be conceived as a repetition and
iteration of a combination of two mini-stages, in which we es-
sentially do two things.

2.2.1. Mini-stage 1

The first task is to continue training and optimizing the content
encoder and decoder, exactly as described in Section 2.1.1, to
enhance the model’s robustness and reconstruction quality.

2.2.2. Mini-stage 2

The second part is the core of our proposed method. Here, we
take a step back from being overly aggressive in improving the
content encoder and decoder, which might lead to overfitting
and potential damage to linguistic content due to excessive fo-
cus on uniformity between input and output.

Figure 1: Basic Schematic diagram of mini-stage 2.

As shown in Figure 1, in this second mini-stage, we use two
identical decoders with the same parameters, allowing us to in-
put different speaker identities simultaneously during training.
First, we use the content encoder to generate latent represen-
tations from input x. These latent representations are then fed
to two decoder positions. Decoder 1 performs reconstruction
(constructing y from x). Meanwhile, Decoder 2 is fed with i′,



a different speaker identity, and aims to generate speech that
closely matches the speaker identity i′ while retaining the lin-
guistic content of x, as examined by the speech classifier.

We add a pretrained classifier to the end of Decoder 2 so it
can process y′ constructed by Decoder 2. The classifier can dis-
tinguish between different speakers with consistent parameters,
eliminating the need for additional training to adjust to chang-
ing latent representations due to the evolving content encoder.
This significantly reduces the training time cost. Although the
classifier’s accuracy may not be very high, it suffices for our
purposes, as our focus is on training the content encoder and
observing relative improvement.

The loss function for this part is derived from the log prob-
ability that y′ is classified as i′:

Llow(θenc, θdec) =
∑

(xi,i′)ϵT

− logP (i′|y′) (3)

During the training process, we aim to minimize this loss.
Additionally, for the upper part, we strive to maximize

the distance between x and y when the decoder is fed data
from the same speaker using a formula similar to Equation (1).
This ensures that the content encoder produces a more speaker-
independent representation by leading to a purposeful and ac-
curate self-destructive update.

In this update, we aim to impair the performance of the con-
tent encoder and decoder, lowering its ability but not randomly.
Instead, this is guided by the Loss B, which will significantly
help the system maintain its functionality by making the output
y′ as close as possible to the different source input i′. Simul-
taneously, introducing a new domain flow of source-different
speaker identity will strengthen the content encoder and de-
coder, enabling them to generalize better on new, unseen data
without adding to the training burden. We observe that by do-
ing so, the quality of both same-speaker and different-speaker
inputs is comparable and even enhanced, while the training time
cost is reduced to half of what was mentioned in Chou’s paper.

Therefore, the simplest approach is to combine these two
losses by addition:

Lback(θenc, θdec) = −λLupp + Llow (4)

Where:

Lupp(θenc, θdec) =
∑

(x,i)ϵT

||y − x|| (5)

Here, λ is a hyperparameter. We assume the weight for the
upper part will be smaller because self-destruction is not the
primary goal of the entire stage, but only auxiliary.

This structure forms the combination of the two mini-
stages. This combined process will be repeated, thus develop-
ing our proposed stage until all the residual information in the
latent representation is nearly eliminated, the valuable linguis-
tic content is preserved, and the system operates effectively for
the subsequent GAN stage while adapting to speaker-different
data. The subsequent GAN stage still follows the design of
Chou’s[15].

2.3. Dataset VCTK

We trained and evaluated our StepBack model using the CSTR
VCTK Corpus, which comprises speech data from 110 English
speakers with various accents. Each speaker reads approxi-
mately 400 sentences selected from newspapers, with each hav-
ing a unique set of texts. For our experiments, we selected

a subset of 20 speakers, evenly split between 10 females and
10 males. The dataset was randomly divided into training and
testing sets with a 90% and 10% split, respectively. Data lost
during download and transfer were excluded from the analysis,
with no adverse impact on the experiment[16].

This dataset is one of the most widely used in voice conver-
sion, making it easier for us to follow conventions and conduct
evaluations. Additionally, the use of non-parallel data, where
each speaker reads a unique set of newspaper texts, is partic-
ularly relevant to our research objectives. It enables our Step-
Back model to learn from a diverse range of sentence structures
and vocabulary, as well as different genders and nationalities,
thereby enhancing its ability to generalize to new, unseen data.
This approach ensures that the model is robust and effective in
handling various linguistic contexts, contributing to more accu-
rate and versatile speech processing capabilities.

2.4. Experimental Design

2.4.1. Parameter settings and configurations

The basic design of our model is based on Chou’s model and
incorporates the architecture from the CBHG module. The de-
tailed network architecture is outlined in Table 1 and Table 2.
To handle variable-length input, we did not use fully-connected
layers across time-steps. The convolution-bank is designed to
capture local acoustic feature information. We utilized the pixel
shuffle layer to generate higher resolution spectra. The term
”emb1(y)” refers to the speaker embedding in the 1-th layer,
acknowledging that the network may require different informa-
tion at each layer. This embedding is integrated by adding it to
the feature map[15].

All networks employ 1D convolution, except for the dis-
criminator and speaker classifier, which uses 2D convolution to
better capture texture. To introduce the necessary noise during
training, we applied dropout in the encoder, as recommended.
Additionally, we found that adding dropout in the classifier im-
proved the model’s robustness. We used a dropout rate of 0.5
in the encoder and 0.1 in both the speaker classifier and patch
discriminator[17].

Given the challenges in training GANs, we adopted the
Wasserstein GAN with gradient penalty (WGAN-GP) objective
function to stabilize the training process[18].

Hyper-parameters: In the initial stage of training, incor-
porating the distance loss Lupp(θenc, θdec) (as described in
Equation (5)) from the start hindered the autoencoder’s abil-
ity to accurately reconstruct the spectra. Therefore, we linearly
increased the hyper-parameter λ from 0 to 0.001 over the first
36,000 iterations to ensure the latent representation gradually
became speaker-independent.

These hyperparameters were selected based on extensive
testing and training. Initially, we ensured that every facility
was trained for at least the same number of rounds as speci-
fied in Chou’s paper. By monitoring the training process using
TensorBoard, we were able to determine the optimal hyperpa-
rameters and refine the training details. This approach allowed
us to balance training costs while enhancing the model’s ability
to generalize to unseen data.

We used log-magnitude spectrograms as the acoustic fea-
tures, with spectral analysis and synthesis settings consistent
with previous work. The experiments were conducted on a com-
puter equipped with an NVD RTX 3070 GPU.



Component Layer Details

Speaker Classifier
Conv block × 5 C-K-5, stride=2,

LReLU, IN
Conv layer C-32-1

Output layer FC-Nspeaker
(classifier-1)

Table 1: VIP model design, highlighting the primary changes. C
stands for convolution layer, and FC stands for fully-connected
layer. Conv1d-bank-K represents a convolution layer with ker-
nel sizes ranging from 1 to K. LReLU denotes leakyReLU acti-
vation, IN indicates instance normalization, Res signifies resid-
ual connection, and PS represents the pixel shuffle layer used
for upsampling. The kernel sizes K for the discriminator are
64-128-256-512-512.

2.4.2. Training and tests phases

We trained the network using the Adam optimizer with a learn-
ing rate of lr = 0.0001, β1 = 0.5, and β2=0.9. The batch size
was set to 32. We randomly sampled 128 frames of the spec-
trogram with overlap. Initially, we pre-trained the encoder and
decoder using the reconstruction loss Lpre(θenc, θdec) (as de-
scribed in Equation (1)) for 8000 mini-batches to stabilize the
model. Subsequently, we pre-trained the speaker classifier us-
ing the classification loss Lclf (θclf ) (as described in equation
(2)) for 40,000 mini-batches, completing the preparatory stage.

In the proposed stage, we alternated training, perform-
ing 4 mini-batches for the encoder and decoder with the loss
Lpre(θenc, θdec) (as described in equation (1)) from mini-stage
1, followed by 1 mini-batch for the same components with the
loss Ldes(θenc, θdec) (as described in equation (4)) from mini-
stage 2. This cycle was repeated for a total of 40,000 iterations.
Finally, we adopted stage 2 from Chou’s model, where the patch
discriminator/generator underwent an additional 50,000 mini-
batches of training. !In this stage, the discriminator was trained
for 5 iterations for every 1 iteration of the generator.

Overall, our model required only 70% of the training cost
compared to Chou’s model, with approximately 548,000 mini-
batches for our model versus 808,000 mini-batches in total for
Chou’s model.

2.4.3. Objective Evaluation

Objective evaluation will involve generating heatmaps of the
spectrogram and calculating the global variance for each fre-
quency index of the spectrogram for four conversion examples:
M2M (male-to-male), M2F (male-to-female), F2M (female-to-
male), and F2F (female-to-female)[19].

2.4.4. Subjective Evaluation

Subjective evaluation will consist of three parts within each
section[20]:

1. Naturalness Comparison: Participants will compare speech
samples from Chou’s model and our model, selecting the one
that sounds more natural in terms of pitch, tone, stress, and
human-likeness.

2. Linguistic Content Preservation: Participants will listen to
the source speech and choose the sample that better preserves
the linguistic content, including intonation, stress, pitch, and
words, without focusing on speaker identity.

3. Speaker Identity Similarity: Participants will listen to the tar-

Component Layer Details

Encoder

Conv-bank block Conv1d-bank-8,
LReLU, IN

Conv block × 3 C-512-5, LreLU
C-512-5,
stride=2,

LReLU, IN, Res
Dense block × 4 FC-512, IN, Res
Recurrent layer Bi-directional

GRU-512
Combine layer Recurrent

output + Dense
output

Decoder/Generator

Conv block × 3 embl(y),
C-1024-3,

LReLU, PS
C-512-3,

LReLU, IN, Res
Dense block × 4 embl(y),

FC-512, IN, Res
Recurrent layer embl(y),

Bi-directional
GRU-256

Combine layer Recurrent
output + Dense

output

Discriminator
Conv block × 5 C-K-5, stride=2,

LReLU, IN
Conv layer C-32-1

Output layer Scalar output,
FC-Nspeaker
(classifier-2)

Table 2: The rest network architectures. C indicates convolu-
tion layer. FC indicates fully-connected layer. Conv1d-bank-K
indicates con volution layer with kernel size from 1 to K. LReLU
indicates leakyReLU activation. IN indicates instance normal-
ization. Res indicates residual connection. PS indicates pixel
shuffle layer for upsampling. The kernel size K for discrimina-
tor is 64-128-256-512-512.

get speech and select the sample from the previous compar-
isons that is more similar to the target, primarily considering
speaker identity.

A total of 20 sections will be evaluated, involving 20 sub-
jects. Preliminary results indicate that our model preserves
more linguistic content, maintaining consistent tone, stress, and
words, while also achieving comparable or occasionally supe-
rior speaker similarity. Notably, our model was trained with
fewer mini-batches, indicating lower training costs.

3. General Discussion
3.1. Interpretation of the results

On one hand, we can view the entire process as using the maxi-
mization of differences as an auxiliary task to assist the primary
task of the lower part, which aims to improve the content en-
coder’s performance.

On the other hand, we are engaging in a self-destructive be-
havior. In the preparatory stage, the content encoder is overly
trained to convert speech from the same speaker, resulting in
residual traces of the source speech. Therefore, we hypothe-



size that by making the content encoder less effective when it
encounters data from the same speaker (i.e., by increasing the
loss), we can help eliminate these residual traces, leading to a
cleaner extraction of linguistic content. However, it is crucial
to add a constraint to prevent the encoder from becoming com-
pletely dysfunctional. This is where the lower part comes in,
maintaining solid quality and preventing a total breakdown of
the system.

The combination of these two strategies ensures a balanced
approach to refining the content encoder.

3.2. Strengths and limitations

Our model, trained with significantly less data, not only delivers
comparable or even superior quality in voice conversion but also
preserves more linguistic content.

However, due to the nature and purpose of this ablation
experiment, we have only modified the major components of
the model. In the future, we plan to incorporate more ad-
vanced training strategies and architectures that are becoming
prominent, such as the renowned ECAPA-TDNN[21]. This
model uses statistical pooling to transform variable-length utter-
ances into fixed-length embeddings that effectively characterize
speakers.

4. Conclusion
Based on extensive experiments and result analysis, the
Stepback network significantly improves upon the original
classifier-incorporation network in terms of disentanglement
completion, linguistic content preservation, and cost reduction.
We are eager to see this straightforward strategy applied to new
deep learning applications, aiding in feature disentanglement
through the addition of constraints to Stepback learning, such
as self-destructive amendments.
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