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(57) ABSTRACT

A voice conversion method and a related device are pro-
vided to implement diversified human voice beautification.
A method in embodiments of this application includes:
receiving a mode selection operation input by a user, where
the mode selection operation is for selecting a voice con-
version mode. A plurality of provided selectable modes
include: a style conversion mode, for performing speaking
style conversion on a to-be-converted first voice; a dialect
conversion mode, for adding an accent to or removing an
accent from the first voice; and a voice enhancement mode,
for implementing voice enhancement on the first voice. The
three modes have corresponding voice conversion networks.
Based on a target conversion mode selected by the user, a
target voice conversion network corresponding to the target
conversion mode is selected to convert the first voice, and
output a second voice obtained through conversion.

101

A terminal receives a mode selection operation input by a user,
where the mode sclection operation is for sclecting a voice
conversion mode

v

The terminal selects a target conversion mode from a plurality of
modes based on the mode selection operation, where the plurality of
modes include a voice style conversion mode, a dialect conversion
mode, and a voice enhancement mode

v

The terminal obtains a to-be-converted first voice

!

The terminal extracts feature information of the first voice

v

The terminal inputs the feature information of the first voice into a
target voice conversion network corresponding to the target
conversion mode, and outputs, over the target voice conversion
network, a second voice obtained through conversion
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Output the second voice
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A terminal receives a mode selection operation input by a user,
where the mode selection operation is for selecting a voice
conversion mode

v

The terminal selects a target conversion mode from a plurality of
modes based on the mode selection operation, where the plurality of
modes include a voice style conversion mode, a dialect conversion
mode, and a voice enhancement mode

v

The terminal obtains a to-be-converted first voice

The terminal extracts feature information of the first voice

Y

The terminal inputs the feature information of the first voice into a
target voice conversion network corresponding to the target
conversion mode, and outputs, over the target voice conversion
network, a second voice obtained through conversion
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Output the second voice
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A terminal obtains a to-be-converted first voice and a third voice for
extracting a style feature

'

The terminal inputs the first voice into a voice feature extraction
model, and extracts a PPG feature by using the voice feature
extraction model

'

The terminal inputs the third voice into a style separation model,
and separates the style feature of the third voice by using the style
separation model

'

The terminal inputs the style feature and the PPG feature into a
voice fusion model for fusion, to obtain a second voice

'

The terminal outputs the second voice
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VOICE CONVERSION METHOD AND
RELATED DEVICE

CROSS-REFERENCE TO RELATED
APPLICATION

[0001] This application is a continuation of International
Application No. PCT/CN2021/117945, filed on Sep. 13,
2021, which claims priority to Chinese Patent Application
No. 202010996501.5, filed on Sep. 21, 2020. The disclo-
sures of the aforementioned applications are hereby incor-
porated by reference in their entireties.

TECHNICAL FIELD

[0002] This application relates to the field of voice pro-
cessing technologies, and in particular, to a voice conversion
method and a related device.

BACKGROUND

[0003] Human voice beautification refers to modification
and beautification of sound to produce pleasant auditory
effect. Currently, voice recording functions of many record-
ing software or social applications (APPs) on the market
have a specific capability of human voice beautification. For
example, denoising a voice, increasing voice clarity or voice
volume, or the like is merely modifying a voice feature of a
speaker, and a human voice beautification mode is exces-
sively undiversified.

SUMMARY

[0004] Embodiments of this application provide a voice
conversion method and a related device, to provide a plu-
rality of human voice beautification modes and implement
diversified human voice beautification.

[0005] According to a first aspect, an embodiment of this
application provides a voice conversion method. The
method is applied to a voice conversion apparatus. For
example, the apparatus may be a terminal, and the method
may include: A terminal receives a mode selection operation
input by a user, where the mode selection operation is for
selecting a voice conversion mode; the terminal selects a
target conversion mode from a plurality of modes based on
the mode selection operation, where the plurality of modes
include a style conversion mode, a dialect conversion mode,
and a voice enhancement mode; the terminal may select a
target voice conversion network corresponding to the target
conversion mode, and implement voice conversion over the
target voice conversion network; the terminal device obtains
a to-be-converted first voice, and further extracts feature
information of the first voice, where the feature information
is for retaining content information of the first voice; the
terminal inputs the feature information of the first voice into
a target voice conversion network corresponding to the
target conversion mode, and outputs, over the target voice
conversion network, a second voice obtained through con-
version; and finally, the terminal outputs the second voice.
[0006] This embodiment provides the plurality of select-
able modes, for example, the style conversion mode, for
performing speaking style conversion on the first voice; the
dialect conversion mode, for adding an accent or removing
an accent; and the voice enhancement mode, for implement-
ing voice enhancement. The three modes have correspond-
ing voice conversion networks. The first voice can be
converted over the voice conversion network corresponding
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to the mode based on a requirement of the user. Therefore,
this implements diversified human voice beautification and
satisfies requirements of the user in different application
scenarios.

[0007] In an optional implementation, the extracting fea-
ture information of the first voice may specifically include:
The terminal inputs the feature information of the first voice
into a voice feature extraction model, and extracts a pho-
neme posteriorgram PPG feature of the first voice by using
the voice feature extraction model, where the PPG feature is
for retaining the content information of the first voice. The
PPG feature describes a probability of each phoneme in a
phoneme set corresponding to a voice frame, and is equiva-
lent to recognizing the phoneme. The PPG feature is for
retaining the content information of the first voice. In this
example, the voice does not need to be converted into a text
to retain the content information of the voice, instead, voice
input is directly performed, and the content information of
the first voice is retained by using the PPG feature, so that
robustness can be improved.

[0008] In an optional implementation, when the target
conversion mode is the style conversion mode, and the target
voice conversion network is a style conversion network, the
style conversion network includes a style separation model
and a voice fusion model, and the method may further
include: The terminal obtains a third voice for extracting a
style feature, inputs the third voice into the style separation
model, separates the style feature of the third voice by using
the style separation model, and then further inputs the style
feature and the feature information of the first voice into the
voice fusion model for fusion, to obtain the second voice.

[0009] In this embodiment, the terminal receives the to-
be-converted first voice and the third voice for extracting the
style feature, then inputs the first voice into the voice feature
extraction model, and extracts the PPG feature by using the
voice feature extraction model. The PPG feature is for
retaining the content information of the first voice, and a
voice is directly input by using the PPG feature. The
terminal inputs the third voice into the style separation
model, separates the style feature of the third voice by using
the style separation model, and finally inputs the style
feature and the PPG feature into the voice fusion model for
fusion, to obtain the second voice fusing the content of the
first voice and the style of the third voice. The third voice
may be a voice of any person, so that the first voice is
converted into a voice style of any person, to implement
diversified voice style conversion. In an optional implemen-
tation, the style feature includes a first feature, the first
feature includes a plurality of sub-features, and the inputting
the third voice into the style separation model, and separat-
ing the style feature of the third voice by using the style
separation model may specifically include: The terminal
inputs the third voice into the style separation model, and
extracts a vector of the first feature of the third voice by
using the style separation model, for example, the first
feature may be a timbre; then, the terminal inputs the third
voice into a sub-feature extraction model, and extracts a
vector of the sub-feature by using the sub-feature extraction
model; the terminal receives a weight of each of the plurality
of sub-features that is input by the user; and the terminal
determines the style feature of the third voice based on the
vector of the first feature, the vector of the sub-feature, and
the weight of the sub-feature.
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[0010] In this embodiment, a similarity between styles of
the to-be-converted voice and the third voice (namely, a
voice corresponding to a target template) is adjusted by
using the weight that corresponds to each sub-feature and
that is input by the user, where the similarity is determined
by the weight input by the user. The similarity between
styles of a finally output voice and the third voice is
determined by the weight. The user may flexibly adjust the
style of the to-be-converted voice by adjusting the input
weight. The style of the to-be-converted voice may be
completely the same as the style of the third voice, or may
be changed based on the style of the third voice, to imple-
ment diversified styles of the to-be-converted voice.

[0011] In an optional implementation, the determining the
style feature of the third voice based on the vector of the first
feature, the vector of the sub-feature, and the weight of the
sub-feature may include: The terminal inputs the vector of
the first feature into a multihead attention structure, inputs
the vector of the sub-feature and a product of the vector of
the sub-feature and the weight corresponding to the sub-
feature into the multihead attention structure, and outputs
the style feature of the third voice by using the multihead
attention structure.

[0012] In this embodiment, the multihead attention struc-
ture enables a model to extract a feature expression from
different subspaces. Each head corresponds to one sub-
feature space in a high-dimensional space. This is equivalent
to decomposing the high-dimensional space, and each head
is responsible for one sub-feature space. A multihead atten-
tion mechanism is equivalent to a plurality of attention
mechanisms having a same structure, so that a result output
by the multihead attention mechanism includes some tim-
bres of the third voice.

[0013] Inanoptional implementation, the obtaining a third
voice for extracting a style feature may include:

[0014] The terminal receives a template selection opera-
tion input by the user. The template selection operation is for
selecting a target template. For example, the target template
may be a style of a male announcer, or may be a style of a
voice of a “female announcer”. The terminal obtains a voice
corresponding to the target template, uses the voice corre-
sponding to the target template as the third voice, and fuses
the style feature of the third voice into the first voice, to
implement diversified voice styles.

[0015] Inanoptional implementation, the obtaining a third
voice for extracting a style feature may specifically include:
The terminal may further receive the third voice input by a
second speaker, where the first voice is a voice of a first
speaker, and the second speaker is any person different from
the first speaker, to implement diversified voice styles.

[0016] In an optional implementation, when the target
conversion mode is the dialect conversion mode, and the
target voice conversion network is a dialect conversion
network, the inputting the feature information of the first
voice into a target voice conversion network corresponding
to the target conversion mode, and outputting, over the target
voice conversion network, a second voice obtained through
conversion may further specifically include: The terminal
inputs the feature information of the first voice into the
dialect conversion network, and outputs the second voice
over the dialect conversion network. The first voice is a
voice of a first dialect, and the second voice is a voice of a
second dialect. This implements dialect conversion,
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enhances communication convenience of users in different
regions, and implements diversified voice conversion.
[0017] In an optional implementation, the dialect conver-
sion network includes a plurality of dialect conversion
models, and each dialect conversion model is for a different
dialect to be converted. The method further includes: The
terminal may receive a selection operation input by the user;
and the terminal inputs the feature information of the first
voice into a dialect conversion model corresponding to the
selection operation, and outputs the second voice by using
the dialect conversion model corresponding to the selection
operation. In this embodiment, the terminal may select a
corresponding dialect conversion model based on a specific
operation input by the user.

[0018] In an optional implementation, the method further
includes: The terminal inputs the first voice into a style
separation model, and separates a style feature of the first
voice by using the style separation model; and then, the
terminal inputs the style feature of the first voice and the
feature information of the first voice into the dialect con-
version network, and outputs the second voice over the
dialect conversion network, where a style of the second
voice is the same as that of the first voice.

[0019] In this embodiment, content of the second voice is
the same as content of the input voice (the first voice), and
a speaking style of the input voice (the first voice) is
retained.

[0020] In an optional implementation, the first voice is a
far-field voice. When the target conversion mode is the voice
enhancement mode, and the target voice conversion network
is a voice enhancement model, the inputting the feature
information of the first voice is input into the target voice
conversion network corresponding to the target conversion
mode, and outputting, over the target voice conversion
network, a second voice obtained through conversion may
include: The terminal inputs the feature information of the
first voice into a voice enhancement model corresponding to
the mode, and outputs the second voice by using the voice
enhancement model, where the second voice is a near-field
voice. In this example, the far-field voice is converted into
the near-field voice, to implement voice enhancement,
increase voice clarity, increase application scenarios, and
implement diversified voice conversion.

[0021] In an optional implementation, the method further
includes: The terminal inputs the first voice into a style
separation model, and separates a style feature of the first
voice by using the style separation model; and then, the
terminal inputs the style feature of the first voice and the
feature information of the first voice into the voice enhance-
ment model, and outputs the second voice by using the voice
enhancement model, where a style of the second voice is the
same as that of the first voice. In this example, the voice
obtained through conversion is the same as the input voice
(the first voice), and a speaking style of the input voice (the
first voice) is retained.

[0022] In an optional implementation, the obtaining a
to-be-converted first voice may include: receiving the first
voice input by the first speaker; or selecting the first voice
from a local storage file.

[0023] According to a second aspect, an embodiment of
this application provides a voice conversion apparatus. The
apparatus has a function performed by the terminal in the
first aspect. The function may be implemented by hardware,
or may be implemented by hardware executing correspond-
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ing software. The hardware or the software includes one or
more modules corresponding to the foregoing function.
[0024] According to a third aspect, an embodiment of this
application provides a terminal, including a processor,
where the processor is coupled to at least one memory, and
the processor is configured to read a computer program
stored in the at least one memory, so that the terminal
performs the method in any implementation of the first
aspect.

[0025] According to a fourth aspect, an embodiment of
this application provides a computer-readable medium. The
computer-readable storage medium stores a computer pro-
gram, and when the computer program is run on a computer,
the computer is enabled to perform the method in the first
aspect.

[0026] According to a fifth aspect, this application pro-
vides a chip system. The chip system includes a processor,
configured to support a terminal device in implementing
functions in the foregoing aspects. In a possible design, the
chip system further includes a memory. The memory is
configured to store program instructions and data that are
necessary for the terminal device. The chip system may
include a chip, or may include a chip and another discrete
component.

BRIEF DESCRIPTION OF DRAWINGS

[0027] FIG. 1 is a flowchart of steps of an embodiment of
a voice conversion method according to an embodiment of
this application;

[0028] FIG. 2 is a schematic diagram of a scenario of a
selection mode according to an embodiment of this appli-
cation;

[0029] FIG. 3 is a schematic diagram of a correspondence
between each mode and each voice conversion network
according to an embodiment of this application;

[0030] FIG. 4 is a flowchart of steps of another embodi-
ment of a voice conversion method according to an embodi-
ment of this application;

[0031] FIG. 5 is a schematic diagram of an example of a
style conversion process of a voice according to an embodi-
ment of this application;

[0032] FIG. 6A is a schematic diagram of a scenario of an
interface of a style conversion mode according to an
embodiment of this application;

[0033] FIG. 6B is a schematic diagram of another scenario
of an interface of a style conversion mode according to an
embodiment of this application;

[0034] FIG. 7 is a schematic diagram of training and
updating a style conversion network according to an
embodiment of this application;

[0035] FIG. 8 is a flowchart of steps of another embodi-
ment of a voice conversion method according to an embodi-
ment of this application;

[0036] FIG. 9 is a schematic diagram of an example of a
dialect conversion process of a voice according to an
embodiment of this application;

[0037] FIG. 10 is a schematic diagram of another example
of a dialect conversion process of a voice according to an
embodiment of this application;

[0038] FIG. 11A s a schematic diagram of a scenario of an
interface of a dialect conversion mode and a voice enhance-
ment mode according to an embodiment of this application;
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[0039] FIG. 11B is a schematic diagram of another sce-
nario of an interface of a dialect conversion mode and a
voice enhancement mode according to an embodiment of
this application;

[0040] FIG. 12 is a schematic diagram of training and
updating a dialect conversion model according to an
embodiment of this application;

[0041] FIG. 13 is a schematic diagram of a structure of an
embodiment of a voice conversion apparatus according to an
embodiment of this application;

[0042] FIG. 14 is a schematic diagram of a structure of an
example of a chip according to an embodiment of this
application; and

[0043] FIG. 15 is a schematic diagram of a structure of
another embodiment of a voice conversion apparatus
according to an embodiment of this application.

DESCRIPTION OF EMBODIMENTS

[0044] The following describes the technical solutions in
embodiments of this application with reference to the
accompanying drawings in embodiments of this application.
The term “and/or” in this application describes only an
association relationship for describing associated objects
and represents that three relationships may exist. For
example, A and/or B may represent the following three
cases: Only A exists, both A and B exist, and only B exists.
In addition, the character “/” in this application generally
indicates an “or” relationship between the associated
objects. In the specification, claims, and accompanying
drawings of this application, the terms “first”, “second”, and
so on are intended to distinguish between similar objects but
do not necessarily indicate a specific order or sequence. It
should be understood that the terminology termed in such a
way are interchangeable in proper circumstances so that the
embodiments of the present invention described herein can
be implemented in other orders than the order illustrated or
described herein. Moreover, the terms “include”, “contain”
and any other variants mean to cover the non-exclusive
inclusion, for example, a process, method, system, product,
or device that includes a list of steps or modules is not
necessarily limited to those steps or modules expressly
listed, but may include other steps or modules not expressly
listed or inherent to such a process, method, product, or
device.

[0045] Embodiments of this application provide a sound
conversion method. The method is applied to a terminal. The
terminal may be an intelligent terminal having a voice
function, such as a mobile phone, a tablet computer, a
notebook computer, or a smartwatch. The terminal device
may also be referred to as a terminal device, user equipment
(user equipment, UE), or the like. The terminal device may
be described by using a mobile phone as an example. A voice
processing neural network is configured in the terminal
device, and the voice processing neural network mainly
includes a style conversion network, a dialect conversion
network, and a voice enhancement model. The voice pro-
cessing neural network implements voice conversion (beau-
tification). This application provides a plurality of selectable
modes, for example, a style conversion mode, for perform-
ing speaking style conversion on a first voice; a dialect
conversion mode, for adding an accent or removing an
accent; and a voice enhancement mode, for implementing
voice enhancement. The three modes have corresponding
voice conversion networks. The terminal selects, based on a
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target conversion mode selected by a user, a target voice
conversion network corresponding to the target conversion
mode to convert the obtained to-be-converted first voice,
and output a second voice obtained through conversion.
Therefore, this implements diversified human voice beauti-
fication and satisfies requirements of the user in different
application scenarios.

[0046] To better understand this application, words in this
application are first described.

[0047] Sequence to sequence (sequence to sequence,
seq2seq) neural network: seq2seq belongs to an encoding
(encoder)-decoding (decoder) structure. An input sequence
(sequence) is compressed into a vector of a specified length
by using an encoder, and then the vector is input into a
decoder to obtain an output sequence (sequence). The
seq2seq neural network means that both the encoder and the
decoder include a neural network. The encoder (encoder) is
configured to encode the input sequence according to a
specific rule to generate the vector. The decoder (decoder) is
configured to convert the generated vector into the output
sequence.

[0048] Attention (attention) structure: A plurality of vec-
tors of a specified length are generated at an encoder. Each
vector is obtained by weighting an input feature. A weight is
related to an output of a decoder. The purpose is to enable
the output of the decoder to focus more on different key parts
of an input instead of the entire input.

[0049] Neural network vocoder (vocoder): The neural
network vocoder is essentially a neural network, and is
configured to convert an output feature of a voice processing
neural network into a highly natural voice.

[0050] Style feature: The style feature includes but is not
limited to a timbre. The timbre refers to quality of a voice,
which is referred to as tone quality. The timbre can reflect
unique quality of a sound made by a speaker. The timbre
includes but is not limited to a rhythm, an accent, and a
speaking speed.

[0051] Phoneme: The phoneme is the smallest phonetic
unit of a pronunciation action. For example, for hao (good),
there are three phonemes in total, and for wo (me), there are
two phonemes in total.

[0052] Phoneme posteriorgram (phoneme posteriorgram,
PPG) feature: The phoneme posteriorgram is a posterior
probability that each voice frame belongs to a group of
predefined voice units (phoneme or triphoneme/assistant
phoneme), and these voice units retain a language and voice
information of the voice.

[0053] Mel (mel) feature: A voice signal being stored as a
waveform diagram feature is represented as feature trans-
formation in time domain of the voice signal. However,
frequency distribution of the voice signal cannot be learned
only based on the waveform diagram feature. By analyzing
frequency domain of the voice signal, a voice feature can be
extracted. As a feature representation of the voice signal, the
mel feature can clearly represent a feature of a voice
resonance peak.

[0054] Refer to FIG. 1. This application provides an
embodiment of a voice conversion method. The method is
performed by a terminal device. Alternatively, the method
may be performed by a processor in the terminal device, or
the method may be performed by a chip in the terminal
device. In this embodiment of this application, for example,
the method is performed by a terminal. An example in which
the terminal is a mobile phone is used for description. A
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voice processing neural network is configured in the termi-
nal, and the voice processing neural network mainly
includes a style conversion network, a dialect conversion
network, and a voice enhancement model.

[0055] Step 101: The terminal receives a mode selection
operation input by a user, where the mode selection opera-
tion is for selecting a voice conversion mode.

[0056] Refer to FIG. 2. The mode selection operation may
be a tap operation, and a plurality of modes include a style
conversion mode, a dialect conversion mode, and a voice
enhancement mode. Each mode has a corresponding voice
conversion network, and the voice is converted over the
corresponding voice conversion network. For example, the
style conversion mode is for converting a voice style. The
dialect conversion mode is for dialect conversion, for
example, adding an accent or removing an accent. The voice
enhancement mode is for converting a far-field voice into a
near-field voice.

[0057] Step 102: The terminal selects a target conversion
mode from a plurality of modes based on the mode selection
operation, where the plurality of modes include the style
conversion mode, the dialect conversion mode, and the
voice enhancement mode.

[0058] A list of the plurality of modes may be displayed in
a display interface of the terminal. A user selects a target
conversion mode in the plurality of modes by performing a
tap operation based on a requirement. The target conversion
mode may be any one of the foregoing three modes.
[0059] The terminal selects a target voice conversion
network corresponding to the target conversion mode.
[0060] Refer to FIG. 3. The style conversion mode corre-
sponds to a style conversion network, the dialect conversion
mode corresponds to a dialect conversion network, and the
voice enhancement mode corresponds to a voice enhance-
ment model. The terminal determines, based on a correspon-
dence between a mode and a voice conversion network, the
target voice conversion network corresponding to the target
conversion mode. For example, when the user selects the
style conversion mode, the target voice conversion network
is the style conversion network. When the user selects the
dialect conversion mode, the target voice conversion net-
work is the dialect conversion network. When the user
selects the voice enhancement mode, the target voice con-
version network is the voice enhancement model.

[0061] Step 103: The terminal obtains a to-be-converted
first voice.
[0062] In a first implementation, the terminal receives the

first voice input by a first speaker.

[0063] The terminal device receives, by using a micro-
phone, the first voice input by the first speaker. The terminal
device receives a first operation input by the user (where the
user and the first speaker may be the same person, or may
be different persons), where the first operation is an opera-
tion of recording a voice. For example, the first operation
may be a tap operation. The user taps a “Start recording”
button on a screen of a mobile phone. After receiving the
first operation, the mobile phone starts to record the voice
input by the user. The voice is used as a voice (namely, the
first voice) that the user expects to beautify (or process).
[0064] In a second implementation, the terminal selects
the first voice from a local storage file.

[0065] The terminal device may obtain the first voice from
the local storage file. The terminal device receives a second
operation input by the user, where the second operation is an
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operation of selecting a voice file. For example, the user taps
a “Select file” button on the screen of the mobile phone, and
the mobile phone may display a to-be-selected voice list
based on the second operation. Then, the terminal device
receives a third operation input by the user, where the third
operation is for selecting a target voice, and the terminal
device uses the target voice as the first voice.

[0066] Step 104: The terminal extracts feature information
of the first voice.

[0067] The feature information may be a mel-frequency
cepstral coefficient (MFCC) feature. Alternatively, the fea-
ture information is a phoneme posteriorgram PPG feature. In
this embodiment of this application, an example in which the
feature information of the first voice is the PPG feature is
used for description. The PPG feature describes a probability
of each phoneme in a phoneme set corresponding to a voice
frame, and is equivalent to recognizing the phoneme. The
PPG feature is for retaining content information of the first
voice.

[0068] Step 105: The terminal inputs the feature informa-
tion of the first voice into the target voice conversion
network corresponding to the target conversion mode, and
outputs, over the target voice conversion network, a second
voice obtained through conversion.

[0069] Ina first mode, the target voice conversion network
is the style conversion network. For example, the terminal
obtains a third voice for extracting a style feature, and then
inputs the third voice into a style separation model, to
separate the style feature of the third voice by using the style
separation model. Finally, the style feature and the PPG
feature of the first voice are input into a voice fusion model
for fusion, to obtain the second voice.

[0070] In a second mode, the feature information of the
first voice is input into the dialect conversion network, and
the second voice is output over the dialect conversion
network. The first voice is a voice of a first dialect, and the
second voice is a voice of a second dialect.

[0071] In a third mode, the PPG feature of the first voice
is input into a voice enhancement model corresponding to
the mode, and the second voice is output by using the voice
enhancement model, where the second voice is a near-field
voice.

[0072] Human voice beautification includes the plurality
of modes, and the plurality of modes include the style
conversion mode, the dialect conversion mode, and the
voice enhancement mode. The first voice may be beautified
based on a mode selected by the user. For example, a style
of the first voice is beautified, dialect conversion is per-
formed on the first voice, or voice enhancement is performed
on the first voice, to implement diversified human voice
beautification.

[0073] Step 106: The terminal outputs the second voice.
[0074] The terminal outputs, by using a loudspeaker, the
second voice obtained through conversion.

[0075] This embodiment of this application provides the
plurality of selectable modes, for example, the style con-
version mode, for performing speaking style conversion on
the first voice; the dialect conversion mode, for adding an
accent or removing an accent; and the voice enhancement
mode, for implementing voice enhancement. The three
modes have corresponding voice conversion networks. The
first voice can be converted over the voice conversion
network corresponding to the mode based on a requirement
of the user. Therefore, this implements diversified human
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voice beautification and satisfies requirements of the user in
different application scenarios.

[0076] Refer to FIG. 4. An embodiment of this application
provides another embodiment of voice conversion. In this
embodiment, a style conversion mode is described, that is,
an example of performing style conversion on a first voice
is described. A mode is the style conversion mode, and a
target voice conversion network is a style conversion net-
work.

[0077] Step 401: A terminal obtains the to-be-converted
first voice and a third voice for extracting a style feature.
[0078] For a method for obtaining the first voice by the
terminal in this step, refer to the descriptions of step 103 in
the embodiment corresponding to FIG. 1. Details are not
described herein again.

[0079] Manners in which the terminal obtains the third
voice are as follows:

[0080] In a first implementation, the terminal receives a
template selection operation input by a user, and the terminal
selects, based on the template selection operation, a voice
corresponding to a target template, and then uses the voice
corresponding to the target template as the third voice. For
example, the target template includes but is not limited to
“Male announcer”, “Female announcer”, “Actor voice”, and
the like.

[0081] Optionally, the target template may alternatively be
a category. Further, the terminal device receives a sub-
template selection operation, and the terminal device selects,
based on the sub-template selection operation, a target voice
corresponding to a sub-template. For example, a sub-tem-
plate list in a “Male announcer” category includes
“Announcer A”, “Announcer B”, “Announcer C”, and the
like. A sub-template list in a “Female announcer” category
includes “Announcer D”, “Announcer C”, and the like. A
sub-template list in an “Actor voice” category includes
“Actor D”, “Actor F”, and the like. For example, if the user
selects “Announcer A”, the terminal device selects, based on
the sub-template selection operation input by the user, a
voice corresponding to “Announcer A as the third voice. It
should be noted that examples of the target template and the
sub-template in this embodiment are examples for descrip-
tion, and do not constitute a limitation.

[0082] In a second implementation, the terminal may
receive the third voice input by a second speaker. For
example, the terminal device receives a template selection
operation input by a user, where a target template selected by
the template selection operation is “Voice of any person”,
and the terminal may use a voice corresponding to “Voice of
any person” as the third voice. For example, the user taps a
“Voice of any person” option, and the terminal starts to
record the third voice, where the second speaker is any
person different from a first speaker.

[0083] Optionally, the third voice may be a locally pre-
stored recorded voice. For example, the third voice may be
a voice of a favorite character in a movie (a voice of a
cartoon character, or a voice of an actor). Optionally, the
third voice may alternatively be a voice that is downloaded
from the Internet in advance and stored in the terminal
device.

[0084] Step 402: The terminal inputs the first voice into a
voice feature extraction model, and extracts a PPG feature of
the first voice by using the voice feature extraction model,
where the PPG feature is for retaining content information of
the first voice.
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[0085] Refer to FIG. 5. The terminal inputs the first voice
into the voice feature extraction model, and extracts the PPG
feature of the first voice by using the voice feature extraction
model. For example, the voice feature extraction model may
be a deep neural network. The voice feature extraction
model includes a plurality of convolutional layers, two
LSTM layers, and one fully connected layer. The voice
feature extraction model outputs the PPG feature of the first
voice. The PPG feature describes a probability of each
phoneme in a phoneme set corresponding to a voice frame,
and is equivalent to recognizing the phoneme. The PPG
feature is for retaining the content information of the first
voice. The voice feature extraction model is obtained by
performing training in advance based on a large quantity of
corpuses.

[0086] In this embodiment, the PPG feature is used as a
content information input of the first voice, and these voice
units (phonemes) retain a language and voice information of
the voice. Compared with an automatic speech recognition
(ASR) technology, use of the PPG feature can further
improve robustness. In the ASR technology, a voice needs to
be first converted into a text. This increases a probability of
a voice content recognition error. In this embodiment, the
PPG feature is used as the content information input of the
first voice, that is, a voice can be directly input, and does not
need to be converted into text content. This improves
robustness of a system.

[0087] Step 403: The terminal inputs the third voice into
a style separation model, and separates the style feature of
the third voice by using the style separation model.

[0088] The style feature includes a first feature, and the
first feature includes a plurality of sub-features. For
example, the first feature is a timbre feature, and the plurality
of sub-features include a prosody, an accent, a speaking
speed, and the like.

[0089] A style separation model is for separating the style
feature of the third voice. The style separation model
includes a timbre separation model. The timbre separation
model is for separating a timbre feature of the third voice, to
obtain a vector (namely, a timbre feature vector) of the first
feature.

[0090] Optionally, the style conversion network further
includes a plurality of sub-feature extraction models and a
multihead attention structure. The terminal inputs the third
voice into the sub-feature extraction model, and extracts a
vector of the sub-feature by using the sub-feature extraction
model. For example, the plurality of sub-feature extraction
models include a prosody extraction model, an accent
extraction model, and a speaking speed extraction model.
For example, the prosody extraction model is for extracting
a prosody feature of the third voice, to obtain a prosody
vector. The accent extraction model is for extracting an
accent feature of the third voice, to obtain an accent vector.
The speaking speed extraction model is for extracting a
speaking speed feature of the third voice, to obtain a
speaking speed vector.

[0091] First, the terminal receives a weight of each of the
plurality of sub-features input by a user. In an example, a
screen of a mobile phone displays an adjustment bar for a
prosody, a speaking speed, and an accent, and the user may
input, by adjusting the adjustment bar for each sub-feature,
a weight corresponding to each sub-feature. The weight
corresponding to each sub-feature can be flexibly adjusted
based on a requirement of the user. For example, if
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“Prosody” is set to 10%, it indicates that a final output voice
is 10% similar to a prosody of a target template, that is, a
parameter whose value is 0.1 is transferred to the built-in
sub-feature extraction model.

[0092] In another example, several levels are preconfig-
ured. For example, there may be three levels, and a weight
of each sub-feature in each level is preconfigured based on
an empirical value. For example, in a first level, a weight of
a prosody is 0.1, a weight of a speaking speed is 0.2, and a
weight of an accent is 0.1. In a second level, a weight of the
prosody is 0.2, a weight of the speaking speed is 0.2, a
weight of the accent is 0.1, and so on. The terminal deter-
mines, by receiving a level input by the user, the weight
corresponding to each sub-feature. In this example, the user
does not need to adjust the weight of each sub-feature
separately, but only needs to select a level. This facilitates
user operations.

[0093] Then, the terminal determines the style feature of
the third voice based on the vector of the first feature, the
vector of each sub-feature, and the weight of each sub-
feature.

[0094] The terminal multiplies the weight that is input by
the user and that corresponds to each sub-feature and the
vector of each sub-feature. A result obtained through the
multiplication and the vector (for example, a timbre vector)
of the first feature are simultaneously input into a multihead
attention structure for attention alignment, so that the mul-
tihead attention structure outputs a style vector, where the
style vector is the style feature of the third voice. The
multihead attention structure enables a model to extract a
feature expression from different subspaces. Each head
corresponds to one sub-feature space in a high-dimensional
space. This is equivalent to decomposing the high-dimen-
sional space, and each head is responsible for one sub-
feature space. A multihead attention mechanism is equiva-
lent to a plurality of attention mechanisms having a same
structure, so that a result output by the multihead attention
mechanism includes some timbres of the third voice. For
example, a structure output by the multihead attention
mechanism may be a 256-dimensional style embedding
vector (a style feature).

[0095] In this embodiment, a similarity between styles of
the to-be-converted voice and the third voice is adjusted by
using the weight that corresponds to each sub-feature and
that is input by the user, where the similarity is determined
by the weight input by the user. The user may choose
whether to input the weight. If the user chooses to input the
weight, the similarity between the styles of the finally output
voice and the third voice is determined by the input weight.
If the user chooses not to input the weight, the style of the
finally output voice is completely the same as the style (or
a timbre, in which a style of the timbre is used as an
example) of the third voice. The user may flexibly adjust the
style of the to-be-converted voice by adjusting the input
weight. The style of the to-be-converted voice may be
completely the same as the style of the third voice, or may
be changed based on the style of the third voice, to imple-
ment diversified styles of the to-be-converted voice. For
example, the style of the to-be-converted voice may be a
voice style of a “Male announcer”, may be a voice style of
a “Female announcer”, or may be a style of a voice of any
person, and may also change based on the voice styles of a
“Male announcer”, a “Female announcer” or any person, to
implement diversified voice styles.
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[0096] Step 404: The terminal inputs the style feature and
the PPG feature into a voice fusion model for fusion, to
obtain a second voice.

[0097] For example, the voice fusion model is a seq2seq
neural network, and an attention mechanism is introduced
into the seq2seq neural network. The seq2seq neural net-
work includes an encoder, a decoder, and an attention
structure. Models of the encoder and the decoder may use
any combination of neural network models, for example,
any one or a combination of any two of a convolutional
neural network (CNN), a recurrent neural network (RNN),
and a long short-term memory (LSTM) network. For
example, in this application, the encoder may include three
convolutional layers and one bidirectional LSTM layer. The
PPG feature is first input into the encoder, and the encoder
encodes an input PPG sequence into a vector of a fixed
dimension. Because a length of the input sequence may be
long, it is difficult for a vector to express abundant infor-
mation during decoding. Therefore, the attention mechanism
is introduced. Then, a vector of the style feature and a PPG
vector output by the encoder are spliced in width, to obtain
an attention input matrix. Then, the attention input matrix is
sent to the attention structure frame by frame, and the
attention structure cooperates with the encoder to output a
mel (or may also be referred to as a mel spectrum) feature
of the second voice. The mel spectrum feature is a feature
representation form of the second voice. After encoding
ends, different weighting is performed on an output vector of
an encoding module to obtain several vectors, and each
vector corresponds to one output. This ensures that an output
sequence is focused on an input sequence instead of depend-
ing on all input sequences.

[0098] Step 405: The terminal outputs the second voice.

[0099] The mel spectrum feature is an intermediate rep-
resentation. Although a mel spectrum contains information
about an output voice, the mel spectrum cannot be directly
played, and an inverse process of converting a voice signal
into the mel spectrum needs to be performed. In this
application, a playable audio file may be generated by using
a vocoder by using an acoustic feature of the mel spectrum.
The vocoder may be a neural network vocoder, and the
network is responsible for converting the mel feature into a
voice signal with a high natural degree. The network
includes a plurality of convolutional layers and reverse
convolutional layers, and a final output is a playable voice.
Content in the voice is the same as that in the first voice, and
a speaking style is the same as that in the third voice. The
terminal may directly play the second voice. Optionally, the
user may choose whether to retain the second voice. If the
user chooses to retain the second voice, the terminal stores
the second voice.

[0100] In this embodiment, the terminal receives the to-
be-converted first voice and the third voice for extracting the
style feature, then inputs the first voice into the voice feature
extraction model, and extracts the PPG feature by using the
voice feature extraction model. The PPG feature is for
retaining the content information of the first voice, and a
voice is directly input by using the PPG feature. The
terminal inputs the third voice into the style separation
model, separates the style feature of the third voice by using
the style separation model, and finally inputs the style
feature and the PPG feature into the voice fusion model for
fusion, to obtain the second voice fusing the content of the
first voice and the style of the third voice. The third voice
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may be a voice of any person, so that the first voice is
converted into a voice style of any person, to implement
diversified voice style conversion.

[0101] In an application scenario, a voice processing neu-
ral network in this application is equipped in an application.
For example, the APP may be an instant messaging APP, or
a human voice beautification APP. The human voice beau-
tification APP may be applied to a voice recording or video
recording scenario. For example, a user may beautify a
to-be-sent voice by using the APP. In a voice recording and
video recording scenario, after recording a voice or a video
with a voice by using the terminal, the user may beautify the
voice by using an APP described in the present invention.
[0102] Refer to FIG. 6A and FIG. 6B. A method for
beautifying a human voice by the user by using the APP may
include the following steps.

[0103] 1. After tapping a “Start recording” button on a
screen, a user can record a voice (a first voice) that the user
wants to process. Alternatively, the user may tap “Select
file”, and then select a voice from a local file as the first
voice. In addition, the read first voice may be displayed by
using an audio waveform.

[0104] 2. The user selects a target template on an interface,
that is, selects a third voice. When the user selects “Actor F”,
“Male announcer”, or ‘“Female announcer”, a voice stored in
a terminal is used by default. When the user selects “Voice
of any person”, the user needs to tap the “Start recording” or
“Select file” button to input a voice of any person into the
APP.

[0105] If the user taps the “Start recording” button, the
terminal device starts to record the voice of any person, that
is, receives the third voice input by a second speaker. If the
user taps “Select file”, the terminal device selects a stored
voice of any person from the local file, and uses the voice as
the third voice.

[0106] 3. In “Adjust style similarity”, the user can choose
to input a style feature weight (which is also referred to as
a “sub-feature weight”). For example, if “Prosody” is set to
20%, it indicates that a final output voice is 20% similar to
a prosody of the target template, that is, the APP transfers a
parameter whose value is 0.2 to a built-in neural network
model. Similarly, if “Speaking speed” is set to 30%, it
indicates that the final output voice is 30% similar to a
speaking speed of the target template, and if “Accent” is set
to 40%, it indicates that the final output voice is 40% similar
to an accent of the target template. It should be noted that an
adjustable style feature includes but is not limited to a pitch,
an intensity, duration, a timbre, and the like. The timbre
includes but is not limited to a rhythm, a speaking speed, and
an accent.

[0107] 4. After the user taps a “Start beautification” but-
ton, inputs of steps 1, 2, and 3 are simultaneously input into
a trained built-in voice processing neural network of the
APP. After being processed by the voice processing neural
network, a segment of processed voice (a second voice) is
output. Content of the voice is the same as content of the first
voice, and a style of the voice is similar to that of the target
template. A similarity is determined by the style feature
weight used for input.

[0108] 5. The user can view a processed voice waveform
on the APP interface. In addition, three buttons “Play”,
“Save file”, and “Re-record” are displayed. When the user
taps “Play”, the processed voice (the second voice) is played
by using a loudspeaker of a mobile phone. When the user
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taps “Save file”, the terminal locally saves the processed
voice (the second voice). When the user taps “Re-record”,
the terminal starts re-processing, that is, the process goes
back to step 4.

[0109] The foregoing describes a style conversion net-
work and an application scenario. The following describes
training and update processes of the style conversion net-
work.

[0110] The style conversion network is a neural network
including three parts: a voice feature extraction part (namely,
a voice feature extraction model), a style separation part
(that is, including a style separation model, a multihead
attention structure, and a plurality of sub-feature extraction
models), and a voice fusion model.

[0111] Refer to FIG. 7. In FIG. 7, a black solid line
represents a flow direction of input data, and a black dashed
line represents a parameter update direction. In the style
conversion network, the style separation model and the
voice feature extraction model do not participate in a net-
work update.

[0112] The style separation model is trained in advance by
using a large amount of voice data of different speakers. To
be specific, a training dataset of the style separation model
includes a large quantity of corpuses of different speakers
(where voices of different speakers have different timbre
features), and the style separation model is trained by using
the training set, to obtain the style separation model. The
style separation model does not participate in a parameter
update of an entire network.

[0113] The voice feature extraction model is trained in
advance by using a large quantity of corpuses. For example,
an input of sample data included in a training dataset is a
voice, and a label is a PPG feature of the input voice. The
voice feature extraction model is for extracting the PPG
feature, and the voice feature extraction model does not
participate in the parameter update of the entire network.
[0114] In addition to the style separation model and the
voice feature extraction model in the entire network, another
model participates in training and update of the entire
network.

[0115] Refer to a model passed through by the black
dashed line in FIG. 7. In a multihead attention structure,
each sub-feature extraction model, and a seq2seq neural
network (including an encoder, a decoder, and an attention
structure), each structure may be a neural network, and each
neural network may include structure layers such as a
plurality of convolutional layers, fully connected layers, and
LSTM layers. However, a weight parameter of each layer
needs to be obtained through a large amount of data training.
[0116] A difference between updating the style conversion
network in this application and a conventional method lies
in that: In this application, the style separation model and the
voice feature extraction model are already trained in
advance, and do not participate in a network update, that is,
training of the style separation model does not need to be
considered. Therefore, an input and a label do not need to be
two voices (two voices spoken by two different people) with
same content. This greatly reduces an amount of sample
data. The label obtains a first melt feature by using a
short-time fourier transform (STFT) algorithm. After a voice
is input into the style conversion network, the network
outputs a second melt feature. A loss value and a gradient are
obtained by comparing the first melt feature and the second
melt feature. The melt features are obtained by using the
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STFT algorithm based on the output and input of the
network and the melt features are compared to obtain the
loss value and the gradient. The black dashed line in FIG. 7
is a gradient flow direction, a parameter in a structure is
updated only when the gradient flows through the corre-
sponding structure. The style separation model and the voice
feature extraction model are obtained through training in
advance, and do not need to participate in a parameter
update of the network. The loss value is an indicator for
determining when the network stops training. When the loss
value decreases to a specific value and does not show a
continued significant decrease trend, it indicates that the
network has converged and the training can be stopped.
[0117] The entire style conversion network does not use a
style label (that is, the input and the label are in the same
voice sequence) to obtain a voice beautification capability.
This network learning mode belongs to an unsupervised
learning mode. The style conversion network trained in the
unsupervised learning mode can support the user in manu-
ally adjusting a beautification degree of the recorded voice
and combining speaking styles of different speakers.
[0118] Refer to FIG. 8. An embodiment of this application
provides another embodiment of voice conversion. In this
embodiment, a dialect conversion mode and a voice
enhancement mode are described.

[0119] A dialect conversion network includes a plurality of
dialect conversion models, where the dialect conversion
model is for performing dialect conversion on an input first
voice. A voice enhancement model is for converting a
far-field voice into a near-field voice to implement voice
enhancement.

[0120] The plurality of dialect conversion models include
at least two types of dialect conversion models. A first type
is removing an accent, that is, converting a dialect into
Mandarin. For example, Sichuanese is converted into Man-
darin. A second type is adding an accent, that is, converting
Mandarin into a dialect. For example, Mandarin is converted
into Sichuanese. Each dialect conversion model is for a
different dialect to be converted. Dialect conversion can
enhance convenience of communication between users in
different regions and implement diversified voice conver-
sion. It should be noted that only two types of models are
used as examples for description herein. Certainly, in an
optional solution, the two dialect conversion models may
also be jointly used, to perform conversion between the two
dialects. For example, Sichuanese is converted into Canton-
ese. Sichuanese can be converted into Mandarin first, and
then Mandarin is converted into Cantonese.

[0121] Step 801: A terminal receives a mode selection
operation input by a user.

[0122] For example, different voice processing modes are
displayed in a user interface of the terminal. For example,
the processing modes may include “Switch dialect mode”
and “Enhance voice mode”. The model selection operation
may be a tap operation. When the user taps “Switch dialect
mode”, the user selects a dialect switching processing mode.
[0123] Step 802: The terminal receives a selection opera-
tion input by the user.

[0124] Optionally, when the mode selection operation is
for selecting a dialect switching mode, the mode selection
operation (a level-1 operation) may further include a plu-
rality of selection operations at a next level (a level-2
operation), for example, a first selection operation and a
second selection operation. The first selection operation is
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for selecting “Remove accent”, and the second selection
operation is for selecting “Add accent”. Each level-2 opera-
tion includes a plurality of level-3 operations. In an appli-
cation scenario, when the user selects “Switch accent dia-
lect”, a level-2 category “Remove accent” and “Add accent”
options are displayed. When the user selects “Add accent”,
the user interface of the terminal displays a level-3 category
label of accent options of different places, for example,
“Sichuan accent” and “Guangdong accent”. The terminal
receives a level-3 selection operation input by the user, for
example, a first operation or a second operation. The first
operation is for choosing to convert Sichuanese to Manda-
rin, and the second operation is for choosing to convert
Mandarin to Sichuanese, and the like. The terminal may
select a corresponding dialect conversion model based on a
specific operation input by the user.

[0125] Step 803: The terminal inputs feature information
of a first voice into a dialect conversion model correspond-
ing to the selection operation, and outputs a second voice by
using the dialect conversion model corresponding to the
selection operation.

[0126] Refer to FIG. 9. When the mode selection opera-
tion is for selecting the dialect switching mode, the terminal
inputs a PPG feature into a dialect switching model (a
seq2seq neural network) based on the mode selection opera-
tion, and outputs a melt feature form of the second voice by
using the dialect switching model. Then, a melt feature is
converted into a playable voice form by using a neural
network vocoder. The first voice is a voice of a first dialect,
and the second voice is a voice of a second dialect.

[0127] Optionally, the terminal inputs a third voice into a
style separation model, and separates a style feature of the
first voice by using the style separation model, to obtain a
timbre feature vector of the first voice. Then, the PPG
feature of the first voice and the timbre feature vector of the
first voice are input into the dialect conversion model
corresponding to the selection operation, and the second
voice is output by using the dialect conversion model
corresponding to the selection operation. Content of the
second voice is the same as content of the input voice (the
first voice), and a speaking style of the input voice (the first
voice) is retained.

[0128] It should be noted that, in this embodiment of this
application, a dialect is a “local language”, for example,
Sichuanese or Cantonese. Mandarin is also a type of dialect.
In Chinese, Mandarin uses a Beijing voice as a standard
voice, and may be understood as a dialect based on a
northern dialect. In other words, in this application, Man-
darin is also a type of dialect.

[0129] For example, the first dialect is Sichuanese, and the
second dialect is Mandarin. Alternatively, the first dialect is
Mandarin, the second dialect is Sichuanese, or the second
dialect is a northeast dialect. Specifically, the first dialect and
the second dialect are not limited.

[0130] Refer to FIG. 10. A dialect conversion network
includes N dialect conversion models, each dialect conver-
sion model is for a different dialect to be converted, and each
dialect conversion has a corresponding model. For example,
a first dialect conversion model among a plurality of dialect
conversion models is for converting Sichuanese into Man-
darin, and a second dialect conversion model is for convert-
ing Mandarin into Cantonese, and an integration model of
the first dialect conversion model and the second dialect
conversion model can convert Sichuanese into Cantonese. In
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this example, a first dialect and a second dialect are
described by using examples, and this does not constitute a
limitation on this application.

[0131] Optionally, when a mode corresponding to a mode
selection operation is a voice enhancement mode, a terminal
inputs a PPG feature of a first voice into a voice enhance-
ment model corresponding to the mode, and outputs a
second voice by using the voice enhancement model, where
the first voice is a far-field voice, and the second voice is a
near-field voice. The far-field voice is converted into the
near-field voice. This implements voice enhancement,
increases application scenarios, and implements diversified
voice conversion. The voice enhancement model is obtained
by learning sample data in a training dataset. The sample
data includes an input and a label. The input is a far-field
voice, and the label is a near-field voice.

[0132] Optionally, the first voice is input into a style
separation model, and a style feature of the first voice is
separated by using the style separation model. Then, the
style feature of the first voice and feature information of the
first voice are input into the voice enhancement model, and
the second voice is output by using the voice enhancement
model, where a style of the second voice is the same as that
of'the first voice. In this example, the voice obtained through
conversion is the same as the input voice (the first voice),
and a speaking style of the input voice (the first voice) is
retained.

[0133] For example, in an application scenario, refer to
FIG. 11A and FIG. 11B.

[0134] a. After a user taps a “Start recording” button, the
terminal records a voice (the first voice) that the user expects
to process. The user may also tap a “Select file” button, and
the terminal selects a segment of voice from a local file as
the first voice. Optionally, the terminal may display a
waveform of a read audio.

[0135] b. The user selects a voice processing mode on an
interface. A level-1 category label is displayed in the inter-
face. For example, the level-1 category label includes
“Switch dialect” and “Enhance voice”. When the user
selects “Switch dialect”, a level-2 category label is displayed
in the interface. For example, the level-2 category label
includes “Remove accent” and “Add accent”. When the user
selects “Add accent”, the interface displays a level-3 cat-
egory label of accent options of different places, for
example, “Guangdong accent”, “Sichuan accent”, and
“Fujian accent”. Alternatively, the user may select an
“Enhance voice” mode.

[0136] c. The terminal selects a corresponding model
based on the mode selected by the user.

[0137] d. After the user taps a “Start beautification” but-
ton, the first voice is input into a selected model (for
example, a dialect conversion model for converting Man-
darin into a Guangdong accent). The dialect conversion
model processes the first voice for a period of time, and
outputs a second voice obtained after processing. Content of
the second voice is the same as content of the input voice
(the first voice), and a speaking style of the input voice (the
first voice) is retained. Alternatively, the first voice is input
into the selected voice enhancement model. The voice
enhancement model processes the first voice for a period of
time, and outputs a second voice obtained after processing.
Content of the second voice is the same as content of the
input voice (the first voice), and a speaking style of the input
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voice (the first voice) is retained. The first voice is a far-field
voice, and the second voice is a near-field voice.

[0138] e. Finally, the user can view a processed voice
waveform on the display interface. Three buttons “Play”,
“Save file”, and “Re-record” are also displayed in the
display interface. When the user taps the “Play” button, the
processed voice is played by using a loudspeaker of a mobile
phone. When the user taps the “Save file” button, the
terminal locally saves the processed voice. When the user
taps the “Re-record” button, the terminal processes the first
voice again, selects a corresponding model based on a
selection operation of the user on the interface at the
moment, and returns to step d.

[0139] The following describes training and update pro-
cesses of the dialect conversion model.

[0140] Refer to FIG. 12. Structures of all dialect conver-
sion models are the same, and each dialect conversion model
is a seq2seq neural network. The seq2seq neural network
includes an encoder, a decoder, and an attention structure.
Different dialect conversion models correspond to different
training datasets, and parameters at different layers are
different. For example, a first dialect conversion model is
converting Sichuanese into Mandarin, and each piece of
sample data in a training dataset corresponding to the first
dialect conversion model includes an input and a label. The
input is Sichuanese, and the label is Mandarin with the same
content as Sichuanese. The second dialect conversion model
is converting Mandarin into Sichuanese. Fach piece of
sample data in a training dataset corresponding to the second
dialect conversion model includes an input and a label. The
input is Mandarin, the label is Sichuanese with the same
content as Mandarin, and the like. Different dialect conver-
sion models learn different training datasets. In FIG. 12, a
parameter update of each module in a dialect conversion
model is used as an example.

[0141] A training manner of this training solution is basi-
cally the same as that of a style conversion network. A style
separation model and a voice feature extraction model are
already trained in advance, and do not participate in a
network update, that is, training of the style separation
model and the voice feature extraction model does not need
to be considered. Therefore, a label obtains a third melt
feature by using an STFT algorithm, and the network
outputs a fourth melt feature. A loss value and a gradient are
obtained by comparing the third melt feature and the fourth
melt feature. The fourth melt feature output by the network
is compared with the third melt feature obtained by using the
input by using the STFT algorithm, to obtain the loss value
and the gradient. In FIG. 12, a black dashed line indicates a
gradient flow direction. When the gradient flows through a
corresponding structure (for example, an encoder, an atten-
tion structure, and a decoder), the parameter in the module
is updated. The style separation model and the voice feature
extraction model are obtained through training in advance,
and do not need to participate in a parameter update of the
network. The loss value is an indicator for determining when
the network stops training. When the loss value decreases to
a specific value and does not show a continued significant
decrease trend, it indicates that the network has converged
and the training can be stopped.

[0142] In this embodiment of this application, style fea-
tures such as a timbre, a rhythm, and a speaking speed in a
voice are extracted in an unsupervised learning manner, to
implement controllable beautification of a voice style. For a
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human voice beautification scenario in which a user expects
that a style of a processed voice is the same as a style of a
voice before processing, for example, an application sce-
nario of dialect conversion and voice enhancement, in this
application, the style of the processed voice can remain
unchanged, and dialect conversion or voice enhancement
can be implemented. In this application, an artificial intel-
ligence technology is used to provide a more convenient and
abundant method for implementing human voice beautifi-
cation, and this method can cover more scenarios. Effects of
removing an accent, adding an accent, or voice enhancement
of any person can be achieved, and input and output voice
styles can be unchanged.

[0143] Inthis embodiment of this application, training and
update of each model may be performed by a server. After
the server trains a voice processing neural network, the
terminal downloads the voice processing neural network to
alocal end. In actual application, the voice processing neural
network is equipped in an APP. For example, the APP is an
instant messaging APP.

[0144] The foregoing describes a voice conversion
method. Refer to FIG. 13. The following describes a voice
conversion apparatus 1300 to which the method is applied.
The voice conversion apparatus includes an input module
1320, a processing module 1310, an obtaining module 1330,
and an output module 1340.

[0145] An input module 1320 is configured to receive a
mode selection operation input by a user, where the mode
selection operation is for selecting a voice conversion mode.
[0146] A processing module 1310 is configured to select a
target conversion mode from a plurality of modes based on
the mode selection operation received by the input module
1320, where the plurality of modes include a style conver-
sion mode, a dialect conversion mode, and a voice enhance-
ment mode.

[0147] An obtaining module 1330 is configured to obtain
a to-be-converted first voice.

[0148] The processing module 1310 is further configured
to: extract feature information of the first voice obtained by
the obtaining module 1330; input the feature information of
the first voice into a target voice conversion network cor-
responding to the target conversion mode, and output, over
the target voice conversion network, a second voice obtained
through conversion.

[0149] An output module 1340 is configured to output the
second voice.
[0150] In an optional implementation, the processing

module 1310 is further configured to input the feature
information of the first voice into a voice feature extraction
model, and extract a phoneme posteriorgram PPG feature of
the first voice by using the voice feature extraction model,
where the PPG feature is for retaining content information of
the first voice.

[0151] In an optional implementation, when the target
conversion mode is the style conversion mode, the target
voice conversion network is a style conversion network, and
the style conversion network includes a style separation
model and a voice fusion model.

[0152] The obtaining module 1330 is configured to obtain
a third voice for extracting a style feature.

[0153] The processing module 1310 is further configured
to input the third voice into the style separation model, and
separate the style feature of the third voice by using the style
separation model.
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[0154] The processing module 1310 is further configured
to input the style feature and the feature information of the
first voice into the voice fusion model for fusion, to obtain
the second voice.

[0155] In an optional implementation, the style feature
includes a first feature, and the first feature includes a
plurality of sub-features.

[0156] The processing module 1310 is further configured
to: input the third voice into the style separation model, and
extract a vector of the first feature of the third voice by using
the style separation model; and input the third voice into a
sub-feature extraction model, and extract a vector of the
sub-feature by using the sub-feature extraction model.
[0157] The input module 1320 is further configured to
receive a weight of each of the plurality of sub-features that
is input by the user.

[0158] The processing module 1310 is further configured
to determine the style feature of the third voice based on the
vector of the first feature, the vector of the sub-feature
received by the input module 1320, and the weight of the
sub-feature received by the input module 1320.

[0159] In an optional implementation, the processing
module 1310 is further configured to input the vector of the
first feature into a multihead attention structure, input the
vector of the sub-feature and a product of the vector of the
sub-feature and the weight corresponding to the sub-feature
into the multihead attention structure, and output the style
feature of the third voice by using the multihead attention
structure.

[0160] In an optional implementation, the obtaining mod-
ule 1330 is further configured to: receive a template selec-
tion operation input by the user, where the template selection
operation is for selecting a target template; and obtain a
voice corresponding to the target template, and use the voice
corresponding to the target template as the third voice.
[0161] In an optional implementation, the obtaining mod-
ule 1330 is further configured to receive the third voice input
by a second speaker, where the first voice is a voice of a first
speaker, and the second speaker is any person different from
the first speaker.

[0162] In an optional implementation, the target conver-
sion mode is the dialect conversion mode, and the target
voice conversion network is a dialect conversion network.
The processing module 1310 is further configured to input
the feature information of the first voice into the dialect
conversion network, and output the second voice over the
dialect conversion network, where the first voice is a voice
of a first dialect, and the second voice is a voice of a second
dialect.

[0163] In an optional implementation, the dialect conver-
sion network includes a plurality of dialect conversion
models, and each dialect conversion model is for a different
dialect to be converted.

[0164] The input module 1320 is further configured to
receive a selection operation input by the user.

[0165] The processing module 1310 is further configured
to input the feature information of the first voice into a
dialect conversion model corresponding to the selection
operation, and output the second voice by using the dialect
conversion model corresponding to the selection operation.
[0166] In an optional implementation, the processing
module 1310 is further configured to input the first voice into
a style separation model, and separate a style feature of the
first voice by using the style separation model.
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[0167] The processing module 1310 is further configured
to input the style feature of the first voice and the feature
information of the first voice into the dialect conversion
network, and output the second voice over the dialect
conversion network, where a style of the second voice is the
same as that of the first voice.

[0168] In an optional implementation, the first voice is a
far-field voice, and when the target conversion mode is the
voice enhancement mode, and the target voice conversion
network is a voice enhancement model,

[0169] the processing module 1310 is further configured to
input the feature information of the first voice into a voice
enhancement model corresponding to the mode, and output
the second voice by using the voice enhancement model,
where the second voice is a near-field voice.

[0170] In an optional implementation, the processing
module 1310 is further configured to input the first voice into
a style separation model, and separate a style feature of the
first voice by using the style separation model.

[0171] The processing module 1310 is further configured
to input the style feature of the first voice and the feature
information of the first voice into a voice enhancement
model, and output the second voice by using the voice
enhancement model, where a style of the second voice is the
same as that of the first voice.

[0172] In an optional implementation, the obtaining mod-
ule 1330 is further configured to: receive the first voice input
by the first speaker; or select the first voice from a local
storage file.

[0173] In a possible design, the processing module 1310
may be a processing apparatus, and some or all functions of
the processing apparatus may be implemented by using
software.

[0174] Optionally, some or all functions of the processing
apparatus may be implemented by using software. In this
case, the processing apparatus may include a memory and a
processor. The memory is configured to store a computer
program, and the processor reads and executes the computer
program stored in the memory, to perform corresponding
processing and/or steps in any method embodiment.
[0175] Optionally, the processing apparatus may only
include the processor. The memory configured to store the
computer program is located outside the processing appa-
ratus, and the processor is connected to the memory through
a circuit/wire, to read and execute the computer program
stored in the memory.

[0176] Optionally, the processing apparatus may be one or
more chips, or one or more integrated circuits.

[0177] For example, an embodiment of this application
provides a chip structure. Refer to FIG. 14. The chip
includes:

[0178] The chip may be represented as a neural-network
processing unit 140 (neural-network processing unit, NPU).
The NPU is mounted to a host CPU (host CPU) as a
coprocessor, and the host CPU allocates a task. A core part
of the NPU is an operation circuit 1403. The operation
circuit 1403 is controlled by a controller 1404 to extract
matrix data in a memory and perform a multiplication
operation.

[0179] In some implementations, the operation circuit
1403 internally includes a plurality of processing units (PE).
In some implementations, the operation circuit 1403 is a
two-dimensional systolic array. The operation circuit 1403
may alternatively be a one-dimensional systolic array or
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another electronic circuit capable of performing mathemati-
cal operations such as multiplication and addition. In some
implementations, the operation circuit 1403 is a general-
purpose matrix processor.

[0180] For example, it is assumed that there are an input
matrix A, a weight matrix B, and an output matrix C. The
operation circuit fetches, from a weight memory 1402, data
corresponding to the matrix B, and buffers the data on each
PE in the operation circuit. The operation circuit obtains data
of the matrix A from the input memory 1401 to perform a
matrix operation with the matrix B, to obtain a partial result
or a final result of the matrix, and stores the partial result or
the final result in an accumulator 1408 (accumulator).
[0181] A unified memory 1406 is configured to store input
data and output data. Weight data is directly transferred to
the weight memory 1402 by using a storage unit access
controller 1405 (DMAC). The input data is also transferred
to the unified memory 1406 by using the DMAC.

[0182] A BIU is a bus interface unit, namely, a bus
interface unit 1410, and is configured to interact between an
AXI bus and the DMAC and between the AXI bus and an
instruction fetch buffer 1409 (Instruction Fetch Buffer).
[0183] The bus interface unit (BIU) 1410 is used by the
instruction fetch buffer 1409 to obtain instructions from an
external memory, and is further used by the storage unit
access controller 1405 to obtain original data of the input
matrix A or the weight matrix B from the external memory.
[0184] The DMAC is mainly configured to transfer input
data in the external memory DDR to the unified memory
1406, or transfer weight data to the weight memory 1402, or
transfer input data to the input memory 1401.

[0185] A vector calculation unit 1407 includes a plurality
of operation processing units. If necessary, further process-
ing is performed on output of the operation circuit, for
example, vector multiplication, vector addition, exponential
operation, logarithmic operation, and size comparison. The
vector calculation unit 1407 is mainly used for network
calculation at a non-convolution/FC layer in a neural net-
work, such as pooling (pooling), batch normalization (batch
normalization), and local response normalization (local
response normalization).

[0186] In some implementations, the vector calculation
unit 1407 can store a processed output vector in the unified
memory 1406. For example, the vector calculation unit 1407
may apply a non-linear function to an output of the operation
circuit 1403, for example, a vector of an accumulated value,
to generate an activation value. In some implementations,
the vector calculation unit 1407 generates a normalized
value, a combined value, or both. In some implementations,
the processed output vector can be used as an activated input
to the operation circuit 1403. For example, the processed
output vector can be used at a subsequent layer in the neural
network.

[0187] The instruction fetch buffer (instruction fetch buf-
fer) 1409 connected to the controller 1404 is configured to
store instructions used by the controller 1404.

[0188] The unified memory 1406, the input memory 1401,
the weight memory 1402, and the instruction fetch buffer
1409 are all on-chip memories. The external memory is
private for a hardware architecture of the NPU.

[0189] In this application, an operation of each layer in
each module in a voice feature extraction model, a style
separation model, a multihead attention structure, each sub-
feature extraction model, an encoder, a decoder, and an
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attention structure in a seq2seq neural network, a dialect
conversion model, and a voice enhancement model may be
performed by the operation circuit 1403 or the vector
calculation unit 1407.

[0190] The operation circuit 1403 or the vector calculation
unit 1407 obtains a parameter value (for example, a first
parameter value) through calculation. The host CPU is
configured to read a computer program stored in the at least
one memory, so that a terminal performs the method per-
formed by the terminal in the foregoing method embodi-
ments.

[0191] Refer to FIG. 15. An embodiment of the present
invention further provides another voice conversion appa-
ratus. As shown in FIG. 15, only a part related to this
embodiment of this application is shown. For specific tech-
nical details that are not disclosed, refer to the method part
in embodiments of this application. The voice conversion
apparatus may be a terminal. The terminal may be a mobile
phone, a tablet computer, a notebook computer, a smart-
watch, or the like. An example in which the terminal is a
mobile phone is used.

[0192] FIG. 15 shows a block diagram of a partial struc-
ture of a mobile phone related to the terminal provided in
this embodiment of the present invention. Refer to FIG. 15.
The mobile phone includes components such as a radio
frequency (RF) circuit 1510, a memory 1520, an input unit
1530, a display unit 1540, an audio circuit 1560, a processor
1580, and a power supply 1590. Persons skilled in the art
may understand that the structure of the mobile phone
shown in FIG. 15 does not constitute a limitation on the
mobile phone. The mobile phone may include more or fewer
components than those shown in the figure, or may include
a combination of some components, or may include different
component arrangements.

[0193] Each component of the mobile phone is specifically
described below with reference to FIG. 15.

[0194] The RF circuit 1510 may be configured to receive
and send a signal in an information receiving and sending
process or a call process. Particularly, after receiving down-
link information from a base station, the RF circuit 1510
sends the downlink information to the processor 1580 for
processing.

[0195] The memory 1520 may be configured to store a
software program and a module. By running the software
program and the module that are stored in the memory 1520,
the processor 1580 executes various function applications of
the mobile phone and processes data. The memory 1520
may mainly include a program storage area and a data
storage area. The program storage area may store an oper-
ating system, an application program required by at least one
function (for example, a sound play function), and the like.
In addition, the memory 1520 may include a high-speed
random access memory, and may further include a non-
volatile memory, for example, at least one magnetic disk
storage component, a flash memory component, or another
volatile solid-state storage component.

[0196] The input unit 1530 may be configured to receive
input digit or character information, and generate a key
signal input related to a user setting and function control of
the mobile phone. Specifically, the input unit 1530 may
include a touch panel 1531 and another input device 1532.
The touch panel 1531 is also referred to as a touchscreen and
may collect a touch operation on or near the touch panel
1531 (such as an operation performed by a user on the touch
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panel 1531 or near the touch panel 1531 by using any proper
object or accessory, such as a finger or a stylus), and drive
a corresponding connection apparatus according to a preset
program. Optionally, the touch panel 1531 may include two
parts: a touch detection apparatus and a touch controller. The
touch detection apparatus detects a touch orientation of a
user, detects a signal brought by the touch operation, and
sends the signal to the touch controller. The touch controller
receives touch information from the touch detection appa-
ratus, converts the touch information into contact coordi-
nates, and sends the contact coordinates to the processor
1580, and can receive and execute a command sent by the
processor 1580. The input unit 1530 may further include
another input device 1532 in addition to the touch panel
1531. Specifically, the another input device 1532 may
include but is not limited to one or more of a physical
keyboard, a function key (such as a volume control key or
an on/off key), a trackball, a mouse, a joystick, and the like.
[0197] In this application, the input unit 1530 is config-
ured to receive various operations input by the user, for
example, a mode selection operation. A function of the input
module 1320 in FIG. 13 may be performed by the input unit
1530, or a function of the obtaining module 1330 in FIG. 13
may be performed by the input unit 1530.

[0198] The display unit 1540 may be configured to display
information input by the user or information provided for the
user, and various menus of the mobile phone. The display
unit 1540 may include a display panel 1541. Optionally, the
display panel 1541 may be configured in a form of a liquid
crystal display (LCD), an organic light-emitting diode
(OLED), or the like. Further, the touch panel 1531 may
cover the display panel 1541. When detecting a touch
operation on or near the touch panel 1531, the touch panel
1531 transmits the touch operation to the processor 1580 to
determine a type of a touch event, and then the processor
1580 provides a corresponding visual output on the display
panel 1541 based on the type of the touch event. In FIG. 15,
the touch panel 1531 and the display panel 1541 act as two
independent components to implement input and output
functions of the mobile phone. However, in some embodi-
ments, the touch panel 1531 and the display panel 1541 may
be integrated to implement the input and output functions of
the mobile phone.

[0199] In this application, the display unit 1540 is config-
ured to display corresponding APP interfaces shown in FIG.
6A, FIG. 6B, FIG. 11A, and FIG. 11B in the method
embodiments.

[0200] The audio circuit 1560, a loudspeaker 1561, and a
microphone 1562 may provide an audio interface between
the user and the mobile phone. The audio circuit 1560 may
transmit an electrical signal converted from received audio
data to the loudspeaker 1561, and the loudspeaker 1561
converts the electrical signal into a sound signal for output.
In another aspect, the microphone 1562 converts the col-
lected sound signal into an electrical signal, the audio circuit
1560 receives the electrical signal, converts the electrical
signal into audio data, and then the audio circuit 1560
outputs the audio data to the processor 1580 for processing.
[0201] In this application, the audio circuit 1560 receives
a first voice of a first speaker or receives a third voice of a
second speaker by using the microphone 1562. The loud-
speaker 1561 is configured to output a processed second
voice. For example, the second voice is a voice obtained
after style conversion, the second voice is a voice obtained
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after dialect conversion, or the second voice is a voice
obtained after voice enhancement. The loudspeaker 1561 is
configured to output the second voice.

[0202] In a possible design, a function of the output
module 1340 in FIG. 13 may be performed by the loud-
speaker 1561.

[0203] The processor 1580 is a control center of the
mobile phone and is connected to each part of the entire
mobile phone by using various interfaces and lines. By
running or executing the software program and/or module
that are stored in the memory 1520 and invoking data stored
in the memory 1520, the processor 1580 implements various
functions of the mobile phone and processes data, to perform
overall monitoring on the mobile phone. Optionally, the
processor 1580 may include one or more processing units.
[0204] The mobile phone further includes the power sup-
ply 1590 (such as a battery) that supplies power to each part.
Preferably, the power supply may be logically connected to
the processor 1580 by using a power management system, to
implement management functions such as charging man-
agement, discharging management, and power consumption
management by using the power management system.
[0205] Although not shown, the mobile phone may further
include a camera, a Bluetooth module, and the like. Details
are not described herein.

[0206] In this application, when program instructions
stored in the memory are executed by the processor, the
methods performed by the terminal in the foregoing method
embodiments are implemented. For details, refer to the
descriptions in the foregoing method embodiments. Details
are not described herein again.

[0207] An embodiment of this application further provides
a computer-readable storage medium. The computer-read-
able storage medium stores a program. When the program is
run on a computer, the computer is enabled to perform the
steps performed by the terminal device in the methods
described in the foregoing method embodiments.

[0208] An embodiment of this application further provides
a computer program product. When the computer program
product is run on a computer, the computer is enabled to
perform the steps performed by the terminal in the methods
described in the foregoing method embodiments.

[0209] An embodiment of this application further provides
a circuit system. The circuit system includes a processing
circuit, and the processing circuit is configured to perform
the steps performed by the terminal device in the methods
described in the foregoing method embodiments.

[0210] In another possible design, when the apparatus is a
chip in the terminal, the chip includes a processing unit and
a communication unit. The processing unit may be, for
example, a processor, and the communication unit may be,
for example, an input/output interface, a pin, or a circuit. The
processing unit may execute computer-executable instruc-
tions stored in a storage unit, so that the chip in the terminal
performs the voice conversion method in any one of the
implementations of the first aspect. Optionally, the storage
unit is a storage unit in the chip, for example, a register or
a cache. Alternatively, the storage unit may be a storage unit
that is in the terminal and that is located outside the chip, for
example, a read-only memory (ROM) or another type of
static storage device that can store static information and
instructions, a random access memory (RAM), and the like.
[0211] Any processor mentioned above may be a general-
purpose central processing unit (CPU), a microprocessor, an
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application-specific integrated circuit (ASIC), or one or
more integrated circuits configured to control program
execution in the voice conversion method in the first aspect.

[0212] It may be clearly understood by persons skilled in
the art that, for the purpose of convenient and brief descrip-
tion, for a detailed working process of the foregoing system,
apparatus, and unit, refer to a corresponding process in the
foregoing method embodiments. Details are not described
herein again.

[0213] In the several embodiments provided in this appli-
cation, it should be understood that the disclosed system,
apparatus, and method may be implemented in another
manner. For example, the described apparatus embodiment
is merely an example. For example, division into the units is
merely logical function division and may be other division
in actual implementation. For example, a plurality of units or
components may be combined or integrated into another
system, or some features may be ignored or not performed.
In addition, the displayed or discussed mutual couplings or
direct couplings or communication connections may be
implemented through some interfaces. The indirect cou-
plings or communication connections between the appara-
tuses or units may be implemented in electronic, mechani-
cal, or other forms.

[0214] The units described as separate parts may or may
not be physically separate, and parts displayed as units may
or may not be physical units, may be located in one position,
or may be distributed on a plurality of network units. Some
or all of the units may be selected based on actual needs to
achieve the objective of the solutions of embodiments.

[0215] In addition, functional units in embodiments of this
application may be integrated into one processing unit, each
of the units may exist independently physically, or two or
more units may be integrated into one unit. The integrated
unit may be implemented in a form of hardware, or may be
implemented in a form of a software functional unit.

[0216] When the integrated unit is implemented in the
form of the software functional unit and sold or used as an
independent product, the integrated unit may be stored in a
computer-readable storage medium. Based on such an
understanding, the technical solutions of this application
essentially, or the part contributing to the conventional
technology, or all or some of the technical solutions may be
implemented in the form of a software product. The com-
puter software product is stored in a storage medium and
includes several instructions for instructing a computer
device (which may be a personal computer, a server, or a
network device) to perform all or some of the steps of the
methods described in embodiments of this application. The
foregoing storage medium includes any medium that can
store program code, such as a USB flash drive, a removable
hard disk, a read-only memory (ROM), a random access
memory (RAM), a magnetic disk, or an optical disc.

[0217] The foregoing embodiments are merely intended
for describing the technical solutions of this application
other than limiting this application. Although this applica-
tion is described in detail with reference to the foregoing
embodiments, persons of ordinary skill in the art should
understand that they may still make modifications to the
technical solutions described in the foregoing embodiments
or make equivalent replacements to some technical features
thereof, without departing from the spirit and scope of the
technical solutions of embodiments of this application.
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What is claimed is:

1. A voice conversion method, comprising:

receiving a mode selection operation input by a user,

wherein the mode selection operation is for selecting a
voice conversion mode;

selecting a target conversion mode from a plurality of

modes based on the mode selection operation, wherein
the plurality of modes comprise a style conversion
mode, a dialect conversion mode, and a voice enhance-
ment mode;

obtaining a to-be-converted first voice;

extracting feature information of the first voice;

inputting the feature information of the first voice into a

target voice conversion network corresponding to the
target conversion mode, and outputting, over the target
voice conversion network, a second voice obtained
through conversion; and

outputting the second voice.

2. The method according to claim 1, wherein the extract-
ing feature information of the first voice comprises:

inputting the feature information of the first voice into a

voice feature extraction model, and extracting a pho-
neme posteriorgram PPG feature of the first voice by
using the voice feature extraction model, wherein the
PPG feature is for retaining content information of the
first voice.

3. The method according to claim 1, wherein when the
target conversion mode is the style conversion mode, and the
target voice conversion network is a style conversion net-
work, the style conversion network comprises a style sepa-
ration model and a voice fusion model, and the method
further comprises:

obtaining a third voice for extracting a style feature;

inputting the third voice into the style separation model,

and separating the style feature of the third voice by
using the style separation model; and

the inputting the feature information of the first voice into

a target voice conversion network corresponding to the
target conversion mode, and outputting, over the target
voice conversion network, a second voice obtained
through conversion comprises:

inputting the style feature and the feature information of

the first voice into the voice fusion model for fusion, to
obtain the second voice.
4. The method according to claim 3, wherein the style
feature comprises a first feature, and the first feature com-
prises a plurality of sub-features; and
the inputting the third voice into the style separation
model, and separating the style feature of the third
voice by using the style separation model comprises:

inputting the third voice into the style separation model,
and extracting a vector of the first feature of the third
voice by using the style separation model;

inputting the third voice into a sub-feature extraction

model, and extracting a vector of the sub-feature by
using the sub-feature extraction model;

receiving a weight of each of the plurality of sub-features

that is input by the user; and

determining the style feature of the third voice based on

the vector of the first feature, the vector of the sub-
feature, and the weight of the sub-feature.

5. The method according to claim 4, wherein the deter-
mining the style feature of the third voice based on the
vector of the first feature, the vector of the sub-feature, and
the weight of the sub-feature comprises:
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inputting the vector of the first feature into a multihead
attention structure, inputting the vector of the sub-
feature and a product of the vector of the sub-feature
and the weight corresponding to the sub-feature into the
multihead attention structure, and outputting the style
feature of the third voice by using the multihead
attention structure.
6. The method according to claim 3, wherein the obtaining
a third voice for extracting a style feature comprises:
receiving a template selection operation input by the user,
wherein the template selection operation is for selecting
a target template; and

obtaining a voice corresponding to the target template,
and using the voice corresponding to the target tem-
plate as the third voice.

7. The method according to claim 3, wherein the obtaining
a third voice for extracting a style feature comprises:

receiving the third voice input by a second speaker,

wherein the first voice is a voice of a first speaker, and
the second speaker is any person different from the first
speaker.

8. The method according to claim 1, wherein when the
target conversion mode is the dialect conversion mode, and
the target voice conversion network is a dialect conversion
network, the inputting the feature information of the first
voice into a target voice conversion network corresponding
to the target conversion mode, and outputting, over the target
voice conversion network, a second voice obtained through
conversion comprises:

inputting the feature information of the first voice into the

dialect conversion network, and outputting the second
voice over the dialect conversion network, wherein the
first voice is a voice of a first dialect, and the second
voice is a voice of a second dialect.

9. The method according to claim 8, wherein the dialect
conversion network comprises a plurality of dialect conver-
sion models, each dialect conversion model is for a different
dialect to be converted, and the method further comprises:

receiving a selection operation input by the user; and

inputting the feature information of the first voice into a

dialect conversion model corresponding to the selec-
tion operation, and outputting the second voice by
using the dialect conversion model corresponding to
the selection operation.

10. The method according to claim 8, wherein the method
further comprises:

inputting the first voice into a style separation model, and

separating a style feature of the first voice by using the
style separation model; and

the inputting the feature information of the first voice into

the dialect conversion network, and outputting the
second voice over the dialect conversion network com-
prises:

inputting the style feature of the first voice and the feature

information of the first voice into the dialect conversion
network, and outputting the second voice over the
dialect conversion network, wherein a style of the
second voice is the same as that of the first voice.

11. The method according to claim 1, wherein the first
voice is a far-field voice, and when the target conversion
mode is the voice enhancement mode, and the target voice
conversion network is a voice enhancement model, the
inputting the feature information of the first voice into a
target voice conversion network corresponding to the target

Jul. 13,2023

conversion mode, and outputting, over the target voice
conversion network, a second voice obtained through con-
version comprises:

inputting the feature information of the first voice into a

voice enhancement model corresponding to the mode,
and outputting the second voice by using the voice
enhancement model, wherein the second voice is a
near-field voice.

12. The method according to claim 11, wherein the
method further comprises:

inputting the first voice into a style separation model, and

separating a style feature of the first voice by using the
style separation model; and

inputting the feature information of the first voice into a

voice enhancement model corresponding to the mode,
and outputting the second voice by using the voice
enhancement model comprises:

inputting the style feature of the first voice and the feature

information of the first voice into the voice enhance-
ment model, and outputting the second voice by using
the voice enhancement model, wherein a style of the
second voice is the same as that of the first voice.

13. The method according to claim 1, wherein the obtain-
ing a to-be-converted first voice comprises:

receiving the first voice input by the first speaker; or

selecting the first voice from a local storage file.

14. A terminal device, comprising a processor, wherein
the processor is coupled to a memory, the memory stores
program instructions; and when the program instructions
stored in the memory are executed by the processor, cause
the processor to perform the method comprising:

receiving a mode selection operation input by a user,

wherein the mode selection operation is for selecting a
voice conversion mode;

selecting a target conversion mode from a plurality of

modes based on the mode selection operation, wherein
the plurality of modes comprise a style conversion
mode, a dialect conversion mode, and a voice enhance-
ment mode;

obtaining a to-be-converted first voice;

extracting feature information of the first voice;

inputting the feature information of the first voice into a

target voice conversion network corresponding to the
target conversion mode, and outputting, over the target
voice conversion network, a second voice obtained
through conversion; and

outputting the second voice.

15. The terminal device according to claim 14, wherein
the extracting feature information of the first voice com-
prises:

inputting the feature information of the first voice into a

voice feature extraction model, and extracting a pho-
neme posteriorgram PPG feature of the first voice by
using the voice feature extraction model, wherein the
PPG feature is for retaining content information of the
first voice.

16. The terminal device according to claim 14, wherein
when the target conversion mode is the style conversion
mode, and the target voice conversion network is a style
conversion network, the style conversion network comprises
a style separation model and a voice fusion model, and the
method further comprises:
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obtaining a third voice for extracting a style feature;

inputting the third voice into the style separation model,

and separating the style feature of the third voice by
using the style separation model; and

the inputting the feature information of the first voice into

a target voice conversion network corresponding to the
target conversion mode, and outputting, over the target
voice conversion network, a second voice obtained
through conversion comprises:

inputting the style feature and the feature information of

the first voice into the voice fusion model for fusion, to
obtain the second voice.
17. The terminal device according to claim 16, wherein
the style feature comprises a first feature, and the first feature
comprises a plurality of sub-features; and
the inputting the third voice into the style separation
model, and separating the style feature of the third
voice by using the style separation model comprises:

inputting the third voice into the style separation model,
and extracting a vector of the first feature of the third
voice by using the style separation model;

inputting the third voice into a sub-feature extraction

model, and extracting a vector of the sub-feature by
using the sub-feature extraction model;

receiving a weight of each of the plurality of sub-features

that is input by the user; and

determining the style feature of the third voice based on

the vector of the first feature, the vector of the sub-
feature, and the weight of the sub-feature.

18. The terminal device according to claim 17, wherein
the determining the style feature of the third voice based on
the vector of the first feature, the vector of the sub-feature,
and the weight of the sub-feature comprises:

inputting the vector of the first feature into a multihead

attention structure, inputting the vector of the sub-
feature and a product of the vector of the sub-feature
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and the weight corresponding to the sub-feature into the
multihead attention structure, and outputting the style
feature of the third voice by using the multihead
attention structure.

19. A computer-readable storage medium, comprising a
program, wherein when the program is run on a computer,
the computer is enabled to perform the method comprising:

receiving a mode selection operation input by a user,
wherein the mode selection operation is for selecting a
voice conversion mode;

selecting a target conversion mode from a plurality of
modes based on the mode selection operation, wherein
the plurality of modes comprise a style conversion
mode, a dialect conversion mode, and a voice enhance-
ment mode;

obtaining a to-be-converted first voice;
extracting feature information of the first voice;

inputting the feature information of the first voice into a
target voice conversion network corresponding to the
target conversion mode, and outputting, over the target
voice conversion network, a second voice obtained
through conversion; and

outputting the second voice.

20. The computer-readable storage medium according to
claim 19, wherein the extracting feature information of the
first voice comprises:

inputting the feature information of the first voice into a
voice feature extraction model, and extracting a pho-
neme posteriorgram PPG feature of the first voice by
using the voice feature extraction model, wherein the
PPG feature is for retaining content information of the
first voice.
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