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RELATED APPLICATION 

[0001] This application claims priority to Chinese Patent Application No. 202211455842.7, 

entitled "METHOD AND APPARATUS FOR TRAINING SPEECH CONVERSION MODEL, 

DEVICE, AND MEDIUM" filed on November 21, 2022, which is incorporated herein by reference 

in its entirety. 

FIELD OF THE TECHNOLOGY 

[0002] Embodiments of this application relate to the field of audio processing technologies, 

and in particular, to a method and an apparatus for training a speech conversion model, a device, a 

medium. 

BACKGROUND OF THE DISCLOSURE 

[0003] With the continuous development of network technologies, more users are beginning 

to use virtual images for livestreaming, games, social networking, or online meetings on the 

Internet. 

[0004] To protect personal privacy and security, the user may set an accent for the virtual 

image during use of the virtual image. In this way, a user speech of an original accent is converted 

into the set accent and then played, and it is ensured that content of the user speech remains 

unchanged. In the related art, accent conversion is usually implemented by using a speech 

conversion model, and a large quantity of parallel corpora are required in a process of training the 

speech conversion model. The parallel corpora are different accent audio of the same speech 

content. 

[0005] However, the parallel corpora usually need to be manually recorded, resulting in 

high difficulty in obtaining the parallel corpora. In a case that the parallel corpora are insufficient, 

quality of the speech conversion model obtained through training is poor, thus affecting an accent 

conversion effect. 

SUMMARY 

[0006] Embodiments of this application provide a method and an apparatus for training a 

speech conversion model, a device, and a medium, which can ensure training quality of the speech 
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conversion model while reducing a need for manually recorded parallel corpora. The technical 

solutions are as follows: 

[0007] According to one aspect, an embodiment of this application provides a method for 

training a speech conversion model, the method being performed by a computer device and 

including: 

[0008] training a first automatic speech recognition (ASR) model based on first sample 

audio and training a second ASR model based on second sample audio, the first sample audio being 

corresponding to a first accent, and the second sample audio being corresponding to a second 

accent; 

[0009] training a first conversion model based on a first sample text and a first sample 

content feature that correspond to the first sample audio, the first sample content feature being 

extracted from the first sample audio by the first ASR model, and the first conversion model being 

configured for converting a text into a content feature of the first accent; 

[0010] constructing parallel sample data based on the first conversion model and a second 

sample text and a second sample content feature that correspond to the second sample audio, the 

second sample content feature being extracting from the second sample audio by the second ASR 

model, the parallel sample data including different content features, different content features being 

corresponding to different accents, and different content features being corresponding to a same 

text; 

[0011] training a second conversion model based on the parallel sample data, the second 

conversion model being configured for performing content feature conversion between the first 

accent and the second accent; 

[0012] training a third conversion model based on sample content features of different 

sample audio, the third conversion model being configured for converting a content feature into 

audio; and 

[0013] generating a speech conversion model based on the trained first ASR model, second 

conversion model, and third conversion model, the speech conversion model being configured for 

converting audio of the first accent into audio of the second accent. 

[0014] According to one aspect, an embodiment of this application provides a speech 

conversion method, the method being performed by a computer device, the computer device having 

a speech conversion model provided therein, the speech conversion model including a first ASR 

model, a second conversion model, and a third conversion model, and the method including: 
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[0015] obtaining first accent audio, the first accent audio being corresponding to a first 

accent; 

[0016] extracting a first content feature from the first accent audio through the first ASR 

model, the first content feature being corresponding to the first accent; 

[0017] converting the first content feature into a second content feature through the second 

conversion model, the second content feature being corresponding to a second accent; and 

[0018] performing audio conversion on the second content feature through the third 

conversion model to obtain second accent audio. 

[0019] According to another aspect, an embodiment of this application provides an 

apparatus for training a speech conversion model, the apparatus including: 

[0020] a training module, configured to train a first ASR model based on first sample audio 

and train a second ASR model based on second sample audio, the first sample audio being 

corresponding to a first accent, and the second sample audio being corresponding to a second 

accent; 

[0021] the training module being further configured to train a first conversion model based 

on a first sample text and a first sample content feature that correspond to the first sample audio, the 

first sample content feature being extracted from the first sample audio by the first ASR model, and 

the first conversion model being configured for converting a text into a content feature of the first 

accent; 

[0022] the training module being further configured to construct parallel sample data based 

on the first conversion model and a second sample text and a second sample content feature that 

correspond to the second sample audio, the second sample content feature being extracted from the 

second sample audio by the second ASR model, the parallel sample data including different content 

features, different content features being corresponding to different accents, and different content 

features being corresponding to a same text; and train a second conversion model based on the 

parallel sample data, the second conversion model being configured for performing content feature 

conversion between the first accent and the second accent; and 

[0023] the training module being further configured to train a third conversion model based 

on sample content features of different sample audio, the third conversion model being configured 

for converting a content feature into audio; and 

[0024] a generation module, configured to generate a speech conversion model based on the 

trained first ASR model, second conversion model, and third conversion model, the speech 
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conversion model being configured for converting audio of the first accent into audio of the second 

accent. 

[0025] According to another aspect, an embodiment of this application provides a speech 

conversion apparatus, the apparatus including: 

[0026] an obtaining module, configured to obtain first accent audio, the first accent audio 

being corresponding to a first accent; 

[0027] an extraction module, configured to extract the first accent audio through a first ASR 

model to obtain a first content feature, the first content feature being corresponding to the first 

accent; 

[0028] a content feature conversion module, configured to convert the first content feature 

into a second content feature through a second conversion model, the second content feature being 

corresponding to a second accent; and 

[0029] an audio conversion module, configured to perform audio conversion on the second 

content feature through a third conversion model to obtain second accent audio. 

[0030] According to another aspect, an embodiment of this application provides a computer 

device, including a processor and a memory, the memory storing at least one instruction, the at least 

one instruction being loaded and executed by the processor to implement the method for training a 

speech conversion model described in the foregoing aspects or the speech conversion method 

described in the foregoing aspects. 

[0031] According to another aspect, an embodiment of this application provides a computer-

readable storage medium, the readable storage medium storing at least one instruction, the at least 

one instruction being loaded and executed by a processor to implement the method for training a 

speech conversion model described in the foregoing aspects or the speech conversion method 

described in the foregoing aspects. 

[0032] According to another aspect, an embodiment of this application provides a computer 

program product, including computer instructions, the computer instructions being stored in a 

computer-readable storage medium; and a processor of a computer device reading the computer 

instructions from the computer-readable storage medium, and the processor executing the computer 

instructions to cause the computer device to perform the method for training a speech conversion 

model described in the foregoing aspects or the speech conversion method described in the 

foregoing aspects. 
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[0033] In the embodiments of this application, in a case of lack of a parallel corpus 

corresponding to a second sample audio of a second accent, a first conversion model configured for 

converting a text into a content feature is first trained based on first sample audio of a first accent. 

In this way, parallel sample data corresponding to the same text content but corresponding to 

different accents is constructed by using the first conversion model and a second sample text 

corresponding to the second sample audio. Then, a second conversion model for content feature 

conversion between different accents and a third conversion model configured for converting the 

content feature into audio are trained by using the parallel sample data, to complete training of a 

speech conversion model. During the model training, parallel corpora are constructed by using an 

intermediate model obtained through training, and there is no need to record parallel corpora of 

different accents before the model training. This can reduce a demand from model training for 

manually recorded parallel corpora while ensuring the quality of model training, thereby helping 

improve the efficiency of model training and improve the quality of model training in a case of 

insufficient samples. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0034] FIG. 1 is a schematic diagram of a speech conversion system according to an 

exemplary embodiment of this application. 

[0035] FIG. 2 is a flowchart of a method for training a speech conversion model according 

to an exemplary embodiment of this application. 

[0036] FIG. 3 is a flowchart of an accent conversion method according to an exemplary 

embodiment of this application. 

[0037] FIG. 4 is a schematic diagram of a speech setting interface according to an 

exemplary embodiment of this application. 

[0038] FIG. 5 is a schematic implementation diagram of an accent conversion process 

according to an exemplary embodiment of this application. 

[0039] FIG. 6 is a flowchart of a text-to-content feature process according to an exemplary 

embodiment of this application. 

[0040] FIG. 7 is a structural diagram of a feed forward transformer (FFT) according to an 

exemplary embodiment of this application. 

[0041] FIG. 8 is a schematic structural diagram of a first conversion model according to an 

exemplary embodiment of this application. 
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[0042] FIG. 9 is a flowchart of a training process of a second conversion model according to 

an exemplary embodiment of this application. 

[0043] FIG. 10 is a schematic structural diagram of a second conversion model according to 

an exemplary embodiment of this application. 

[0044] FIG. 11 is a schematic structural diagram of a third conversion model according to 

an exemplary embodiment of this application. 

[0045] FIG. 12 is a flowchart of a training process of a third conversion model according to 

an exemplary embodiment of this application. 

[0046] FIG. 13 is a schematic implementation diagram of an accent conversion process 

according to another exemplary embodiment of this application. 

[0047] FIG. 14 is a structural block diagram of an apparatus for training a speech 

conversion model according to an exemplary embodiment of this application. 

[0048] FIG. 15 is a structural block diagram of a speech conversion apparatus according to 

an exemplary embodiment of this application. 

[0049] FIG. 16 is a schematic structural diagram of a computer device according to an 

exemplary embodiment of this application. 

DESCRIPTION OF EMBODIMENTS 

[0050] To reduce dependence of a model training process on prerecorded parallel corpora, 

in the embodiments of this application, a speech conversion model is composed of a first ASR 

model (configured for converting audio into a text), a second conversion model (configured for 

content feature conversion between different accents), and a third conversion model (configured for 

converting a content feature into audio). In addition, in a training process, after training of the first 

ASR model is completed, a first conversion model for converting a text into a content feature is 

trained. In this way, parallel sample data is constructed by means of the first conversion model, for 

subsequent training of the second conversion model and the third conversion model. In the training 

process, parallel corpora are constructed by means of the conversion models obtained through 

training, and there is no need to manually record a large quantity of parallel corpora in advance, 

thereby reducing the dependence of the training process on the parallel corpora and ensuring the 

quality of model training. 

[0051] Information (including but not limited to user equipment information, user personal 

information, and the like), data (including but not limited to data for analysis, stored data, displayed 
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data, and the like), and signals involved in this application are all authorized by users or fully 

authorized by all parties, and collection, use, and processing of relevant data need to comply with 

relevant laws, regulations, and standards of relevant countries and regions. For example, audio, 

accents, and texts involved in this application are all obtained with full authorization. 

[0052] A speech conversion model obtained through training by using a training method 

provided in the embodiments of this application can be applied to various scenarios in which accent 

conversion is required. FIG. 1 is a schematic diagram of a speech conversion system according to 

an exemplary embodiment of this application. The speech conversion system includes an audio 

acquisition device 110, a terminal 120, and a server 130. 

[0053] The audio acquisition device 110 is a device configured to acquire a user speech. 

The audio acquisition device 110 may be a headset, a microphone, an augmented reality 

(AR)/virtual reality (VR) device having a sound recording function, or the like. This is not limited 

in the embodiments of this application. 

[0054] The audio acquisition device 110 is connected to the terminal 120 in a wired or 

wireless manner, and is configured to transmit the acquired user speech to the terminal 120. The 

terminal 120 further performs accent conversion processing on the user speech. The terminal 120 

may be an electronic device such as a smartphone, a tablet computer, a personal computer, or an in-

vehicle terminal. 

[0055] In some embodiments, an application (APP) having an accent conversion function is 

provided in the terminal 120. Through this APP, a user may set an accent conversion target, to 

convert a user speech from an original speech to a target speech. 

[0056] In a possible implementation, the accent conversion may be implemented locally by 

the terminal 120 (a speech conversion model is provided in the terminal 120). In another possible 

implementation, the accent conversion may be implemented by the terminal 120 by means of the 

server 130 (a speech conversion model is provided in the server 130, and the terminal 120 transmits 

an accent conversion requirement to the server 130). 

[0057] The server 130 may be an independent physical server, or may be a server cluster or 

a distributed system including a plurality of physical servers, or may be a cloud server that provides 

basic cloud computing services such as a cloud service, a cloud database, cloud computing, a cloud 

function, cloud storage, a network service, cloud communication, a middleware service, a domain 

name service, a security service, a content delivery network (CDN), and a big data and artificial 

intelligence (AI) platform. In this embodiment of this application, the server 130 may be a backend 
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server that implements an accent conversion function, and is configured to provide a conversion 

service between different accents. 

[0058] In some embodiments, a plurality of speech conversion models are provided in the 

server 130, and different speech conversion models are configured for implementing conversion 

between different accents. For example, when conversion of Mandarin into n local accents is 

supported, n speech conversion models are provided in the server 130. 

[0059] In addition, before the accent conversion function is implemented, the server 130 

obtains accent corpora of different accents. The accent corpora include audio and corresponding 

texts, so that the corresponding speech conversion models are trained based on the accent corpora. 

[0060] As shown in FIG. 1, before accent conversion is performed, a user sets, through the 

terminal 120, a first accent to be converted into a second accent. The terminal 120 transmits an 

accent conversion request to the server 130, to request the server 130 to perform accent conversion 

(convert the first accent into the second accent) by using a corresponding speech conversion model. 

[0061] The audio acquisition device 110 transmits an acquired user speech of the first 

accent to the terminal 120, and the terminal 120 transmits the user speech of the first accent to the 

server 130. The server 130 converts the user speech into a user speech of the second accent through 

the speech conversion model, and feeds back the user speech of the second accent to the terminal 

120 for further processing by the terminal 120. 

[0062] In different application scenarios, the terminal 120 processes a user speech in 

different manners. The following uses a centralized exemplary application scenario for description. 

[0063] 1. Virtual human content production scenario 

[0064] In a virtual human content production scenario, after obtaining a user speech 

obtained through conversion, the terminal fuses the user speech with produced content (for 

example, a short video of a virtual human or a long video of a virtual human) to obtain virtual 

human content. During the fusion, a mouth of the virtual human may be controlled according to the 

user speech obtained through conversion, to improve a matching degree between a mouth 

movement of the virtual human and the speech. 

[0065] For example, in a virtual human content production scenario, in an example of 

producing a short video of a virtual human, the terminal obtains first accent audio corresponding to 

a real user, the first accent audio being corresponding to a first accent of the real user, and the 

terminal extracts a first content feature at the first accent from the first accent audio through a first 

ASR model in a speech conversion model. The terminal converts the first content feature into a 
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second content feature through a second conversion model in the speech conversion model, the 

second content feature being corresponding to a second accent. After accent conversion is 

completed, the terminal performs audio conversion on the second content feature at the second 

accent through a third conversion model in the speech conversion model to obtain second accent 

audio corresponding to the virtual human. 

[0066] 2. Virtual anchor livestreaming scenario 

[0067] In a virtual anchor livestreaming scenario, a virtual anchor may preset a 

livestreaming accent through an accent setting interface. During livestreaming, the terminal 

transmits a user speech acquired through a microphone to the server, and the server converts the 

user speech of an original accent into a user speech of the livestreaming accent, and feeds back the 

user speech of the livestreaming accent to the terminal. The terminal merges the user speech of the 

livestreaming accent with a video stream including an image of the virtual anchor, so that a 

streaming server pushes an audio/video stream obtained through the merging to each viewer client 

in a livestreaming room. 

[0068] For example, in a virtual anchor livestreaming scenario, a livestreaming accent of a 

virtual anchor may be preset. The terminal acquires first accent audio corresponding to a real user 

through a microphone, the first accent audio being corresponding to a first accent of the real user, 

and the terminal extracts a first content feature at the first accent from the first accent audio through 

a first ASR model in a speech conversion model. The terminal converts the first content feature into 

a second content feature through a second conversion model in the speech conversion model, the 

second content feature being corresponding to a second accent. After accent conversion is 

completed, the terminal performs audio conversion on the second content feature at the second 

accent through a third conversion model in the speech conversion model to obtain second accent 

audio corresponding to the virtual anchor. That is, the virtual anchor performs live streaming with 

the second accent audio. 

[0069] 3. Metaverse scenario 

[0070] In a metaverse scenario, a user may set an accent for interaction in the metaverse. 

When the user controls a virtual character to interact with another virtual character in the metaverse, 

a user speech is acquired by a device such as a headset or AR/VR and transmitted to a terminal. The 

terminal further transmits the user speech to a server for accent conversion, and controls the virtual 

character to play accent audio obtained through conversion in the metaverse, to implement voice 

interaction with the another virtual character. 
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[0071] For example, in the metaverse scenario, a second accent for interaction with another 

virtual character may be selected in advance. During the interaction, the terminal acquires first 

accent audio corresponding to a real user through a microphone, the first accent audio being 

corresponding to a first accent of the real user, and the terminal extracts a first content feature at the 

first accent from the first accent audio through a first ASR model in a speech conversion model. 

The terminal converts the first content feature into a second content feature through a second 

conversion model in the speech conversion model, the second content feature being corresponding 

to a second accent. After accent conversion is completed, the terminal performs audio conversion 

on the second content feature at the second accent through a third conversion model in the speech 

conversion model to obtain second accent audio corresponding to the virtual character in the 

metaverse, that is, the virtual character in the metaverse interacts with the another virtual character 

with the second accent audio. 

[0072] The foregoing application scenarios are merely exemplary descriptions. The speech 

conversion model obtained through training by using the method provided in the embodiments of 

this application may alternatively be used in real-world application scenarios such as voice calls (to 

facilitate voice communication between callers with different accents) and translations. This is not 

limited in the embodiments of this application. 

[0073] In addition, for ease of description, in the following embodiments, descriptions are 

provided by using an example in which training and use of a speech conversion model are both used 

in a computer device (which may be a terminal or a server) and a speech conversion model 

configured for converting a first accent into a second accent is to be trained (other solutions for 

converting a source speech into a target speech are similar). However, this is not limited.  

[0074] FIG. 2 is a flowchart of a method for training a speech conversion model according 

to an exemplary embodiment of this application. The method is performed by a computer device. 

The method includes the following operations. 

[0075] Operation 201: Train a first ASR model based on first sample audio and train a 

second ASR model based on second sample audio, the first sample audio being corresponding to a 

first accent, and the second sample audio being corresponding to a second accent. 

[0076] The first accent is a source accent, and the second accent is a target speech, that is, a 

speech conversion model obtained through training is configured for converting a speech of the first 

accent into a speech of the second accent. 
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[0077] In some embodiments, the first sample audio corresponds to a first sample text, and 

the second sample audio corresponds to a second sample text. In this embodiment of this 

application, the first sample text does not need to be the same as the second sample text. Therefore, 

a public speech dataset may be directly used for model training. 

[0078] In an illustrative example, the computer device uses a Wenet Speech dataset as the 

first sample audio, and uses a KeSpeech dataset as the second sample audio. The Wenet Speech 

dataset includes ten thousand hours of ASR data. For an introduction, refer to the website: 

https://zhuanlan.zhihu.com/p/424118791. The KeSpeech dataset includes ASR data of different 

regional dialects. For an introduction, refer to the website: https://datasets-benchmarks-

proceedings.neurips.cc/paper/2021/hash/0336dcbab05b9d5ad24f4333c7658a0e-Abstract-

round2.html. 

[0079] Regarding a training manner of the ASR model, in a possible implementation, the 

computer device inputs sample audio to the ASR model to obtain a predicted text outputted by the 

ASR model, so that the ASR model is trained based on the predicted text and a sample text 

corresponding to the sample audio. 

[0080] In some embodiments, a model architecture of the ASR model includes but is not 

limited to Wenet, Wav2Vec2, Kaldi, and the like. This is not limited in the embodiments of this 

application. Wenet is a speech recognition toolkit that is used for industrial applications open-

sourced by the Mobvoi voice team in collaboration with the Speech Laboratory of Northwestern 

Polytechnical University. This tool provides a one-stop service from training to deployment of 

speech recognition with a concise solution. For an introduction, refer to the website: 

https://zhuanlan.zhihu.com/p/349586567. Wav2Vec is proposed in an article included in 

Interspeech 2019. The authors use an unsupervised pre-trained convolutional neural network to 

improve a speech recognition task, and propose a two-class task of noise contrast learning, so that 

Wav2Vec can be trained on a large amount of unannotated data. For an introduction, refer to the 

website: https://zhuanlan.zhihu.com/p/302463174. Kaldi is an open-source speech recognition tool, 

and uses a weighted finite state transducer (WFST) to implement a decoding algorithm. The main 

code of Kaldi is written in C + +. Based on this, some tools are made by using bash and python 

scripts. For an introduction, refer to the website: https://zhuanlan.zhihu.com/p/84050431. 

[0081] In some embodiments, the ASR model may be obtained through re-training based on 

the sample audio (applicable to a case that a quantity of sample audio is large), or by fine-tuning a 

pre-trained ASR model based on the sample audio (applicable to a case that a quantity of sample 

audio is small). 
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[0082] For example, when the first accent is Mandarin, and the second accent is a dialect, 

the first ASR model is obtained through re-training based on the first sample audio, and the second 

ASR model is obtained by fine-tuning the first ASR model based on the second sample audio. 

[0083] In this embodiment of this application, the ASR model obtained through training is 

configured for extracting a content feature from a speech. In some embodiments, the content feature 

is referred to as a bottleneck (BN) feature, and is usually a last-layer feature of the ASR model. The 

content feature of the speech is retained and other features such as a timbre and a tone are 

eliminated. 

[0084] In some embodiments, a training process of the first ASR model includes: The 

computer device inputs the first sample audio into the first ASR model to perform text extraction, to 

obtain a first predicted text. The computer device calculates a loss function value between the first 

predicted text and a first sample text corresponding to the first sample audio. The computer device 

updates a model parameter of the first ASR model based on the loss function value between the first 

predicted text and the first sample text, to implement training of the first ASR model. 

[0085] In some embodiments, a training process of the second ASR model includes: The 

computer device inputs the second sample audio into the second ASR model to perform text 

extraction, to obtain a second predicted text. The computer device calculates a loss function value 

between the second predicted text and a second sample text corresponding to the second sample 

audio. The computer device updates a model parameter of the second ASR model based on the loss 

function value between the second predicted text and the second sample text, to implement training 

of the second ASR model. 

[0086] Operation 202: Train a first conversion model based on a first sample text and a first 

sample content feature that correspond to the first sample audio, the first sample content feature 

being extracted from the first sample audio by the first ASR model, and the first conversion model 

being configured for converting a text into a content feature of the first accent. 

[0087] Because pronunciations are different when different accents are used to express the 

same text content, content features obtained by performing content feature extraction on speeches of 

different accents corresponding to the same text are also different. Correspondingly, the 

implementation of content feature conversion between different accents becomes a key to 

implementing accent conversion. 



 

 13  

[0088] In this embodiment of this application, a data augmentation solution is used to 

implement content feature conversion between non-parallel corpora (that is, corpora corresponding 

to different accents and corresponding to different texts). 

[0089] In some embodiments, the computer device performs feature extraction on the first 

sample audio through the trained first ASR model to obtain the first sample content feature of the 

first sample audio, to train the first conversion model based on the first sample text and the first 

sample content feature that correspond to the first sample audio. The first conversion model may be 

referred to as a text content feature conversion model (Text2BN model), and is configured for 

implementing conversion between a text and a source-accent content feature. 

[0090] In some embodiments, a training process of the first conversion model includes: The 

computer device inputs the first sample text into the first conversion model to obtain a first 

predicted content feature. The computer device extracts the first sample content feature from the 

first sample audio through the first ASR model. The computer device calculates a loss function 

value between the first predicted content feature and the first sample content feature. The computer 

device updates a model parameter of the first conversion model based on the loss function value 

between the first predicted content feature and the first sample content feature, to implement 

training of the first conversion model. 

[0091] Operation 203: Construct parallel sample data based on the first conversion model 

and a second sample text and a second sample content feature that correspond to the second sample 

audio, the second sample content feature being extracted from the second sample audio by the 

second ASR model, the parallel sample data including different content features, different content 

features being corresponding to different accents, and different content features being 

corresponding to a same text. 

[0092] In some embodiments, the computer device performs text conversion on the second 

sample text corresponding to the second sample audio based on the first conversion model, to obtain 

a content feature of the first accent that corresponds to the second sample text. The computer device 

summarizes the content feature of the first accent that corresponds to the second sample text and a 

content feature of the second accent that corresponds to the second sample text to obtain the parallel 

sample data. 

[0093] In some embodiments, the content feature of the second accent that corresponds to 

the second sample text is extracted by the second ASR model. 
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[0094] After the first conversion model is obtained through training, the computer device 

performs data augmentation based on the second sample text corresponding to the second sample 

audio and the first conversion model, to construct parallel sample data based on the second sample 

content feature and the content feature of the first accent that is obtained through the data 

augmentation. The parallel sample data includes a content feature of the first accent (generated by 

the first conversion model) and a content feature of the second accent (extracted by the second ASR 

model) that correspond to the same text. 

[0095] For example, in a case that dialect sample audio corresponding to a text A is 

included while Mandarin sample audio corresponding to the text A is not included, the computer 

device may construct, based on the first conversion model, the text A, and a dialect sample content 

feature of the dialect sample audio corresponding to the text A, parallel sample data corresponding 

to the text A. The parallel sample data includes Mandarin and dialect content features 

corresponding to the text A. 

[0096] Operation 204: Train a second conversion model based on the parallel sample data, 

the second conversion model being configured for performing content feature conversion between 

the first accent and the second accent. 

[0097] Further, the computer device trains the second conversion model based on the 

parallel sample data corresponding to the same text. The second conversion model may be referred 

to as a content feature conversion model (a BN2BN model), and is configured for converting a 

content feature of a source accent into a content feature of a target accent. The BN2BN model is 

configured for implementing an accent migration task. For an introduction, refer to the website: 

https://zhuanlan.zhihu.com/p/586037409. 

[0098] For example, when the first accent is Mandarin, and the second accent is a dialect, 

the computer device trains the second conversion model for converting a content feature of 

Mandarin into a content feature of the dialect. 

[0099] When the first sample audio and the second sample audio correspond to the same 

sample text, the sample content features corresponding to the first sample audio and the second 

sample audio may be directly used for training the second conversion model. 

[00100] In some embodiments, a training process of the second conversion model includes: 

The computer device extracts the second sample content feature from the second sample audio 

through the second ASR model. The computer device converts the second sample text 

corresponding to the second sample audio through the first conversion model to obtain a third 
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sample content feature, the third sample content feature being a content feature of audio generated 

by expressing the second sample text in the first accent. The computer device inputs the third 

sample content feature into the second conversion model to obtain a second predicted content 

feature. The computer device calculates a loss function value between the second predicted content 

feature and the second sample content feature. The computer device updates a model parameter of 

the second conversion model based on the loss function value between the second predicted content 

feature and the second sample content feature, to implement training of the second conversion 

model. 

[00101] Operation 205: Train a third conversion model based on sample content features of 

different sample audio, the third conversion model being configured for converting a content feature 

into audio. 

[00102] The third conversion model may be referred to as a content audio conversion model, 

and is configured for converting a content feature of a target speech into audio of the target speech. 

[00103] In some embodiments, the third conversion model may include an acoustic model 

and a vocoder. The acoustic model is configured for generating an audio spectrum based on the 

content feature. The vocoder is configured for generating audio based on the audio spectrum. 

[00104] In some embodiments, samples for training the third conversion model may be 

sample audio of various accents. 

[00105] The third conversion model may be executed after training of the ASR model is 

completed, that is, the third conversion model may be trained synchronously with the first and 

second conversion models. A training sequence of the models is not limited in the embodiments of 

this application. 

[00106] In some embodiments, a training process of the third conversion model includes: The 

computer device inputs the sample content features and speaker identifiers corresponding to the 

sample audio into the third conversion model to generate audio, to obtain predicted audio. The 

computer device calculates a loss function value between the predicted audio and the sample audio. 

The computer device updates a model parameter of the third conversion model based on the loss 

function value between the predicted audio and the sample audio, to implement training of the third 

conversion model. 

[00107] Operation 206: Generate a speech conversion model based on the trained first ASR 

model, second conversion model, and third conversion model, the speech conversion model being 

configured for converting audio of the first accent into audio of the second accent. 
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[00108] After the first ASR model, the second conversion model, and the third conversion 

model are obtained through training through the foregoing operations, the computer device 

combines the foregoing models to obtain a final speech conversion model. A splicing order between 

That is, an output of the first ASR model is inputted into the second conversion model, and an 

output of the second conversion model is inputted into the third conversion model. 

[00109] In an illustrative example, a trained speech conversion model for converting 

Mandarin into a dialect includes a Mandarin ASR model, a Mandarin-dialect content conversion 

model, and a content audio conversion model. 

[00110] Based on the above, in this embodiment of this application, in a case of lack of a 

parallel corpus corresponding to a second sample audio of a second accent, a first conversion model 

configured for converting a text into a content feature is first trained based on first sample audio of 

a first accent. In this way, parallel sample data corresponding to the same text content but 

corresponding to different accents is constructed by using the first conversion model and a second 

sample text corresponding to the second sample audio. Then, a second conversion model for content 

feature conversion between different accents and a third conversion model configured for 

converting the content feature into audio are trained by using the parallel sample data, to complete 

training of a speech conversion model. During the model training, parallel corpora are constructed 

by using an intermediate model obtained through training, and there is no need to record parallel 

corpora of different accents before the model training. This can reduce a demand from model 

training for manually recorded parallel corpora while ensuring the quality of model training, thereby 

helping improve the efficiency of model training and improve the quality of model training in a case 

of insufficient samples. 

[00111] An application process of the speech conversion model obtained through training by 

using the foregoing solution is described below. A speech conversion method can be implemented 

by using the speech conversion model. The speech conversion method is performed by a computer 

device. The speech conversion model includes a first ASR model, a second conversion model, and a 

third conversion model. During speech conversion, the computer device obtains first accent audio, 

the first accent audio being corresponding to a first accent. The computer device extracts a first 

content feature from the first accent audio through the first ASR model the first content feature 

being corresponding to the first accent. The computer device converts the first content feature into a 

second content feature through the second conversion model, the second content feature being 

corresponding to a second accent. The computer device performs audio conversion on the second 
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content feature through the third conversion model to obtain second accent audio, to complete the 

speech conversion. 

[00112] For example, after receiving the first accent audio of the first accent, the computer 

device performs content feature extraction through the first ASR model in the speech conversion 

model to obtain the first content feature. 

[00113] In some embodiments, the computer device inputs the first content feature extracted 

by the first ASR model into the second conversion model, and the second conversion model 

performs content feature conversion between the first accent and the second accent to obtain the 

second content feature at the second accent. 

[00114] The first content feature and the second content feature correspond to the same text 

(a text corresponding to the first accent audio). 

[00115] In some embodiments, the second conversion model includes a convolutional layer 

and an N-layer stacked FFT. After performing convolution processing on the first content feature 

through the convolutional layer in the second conversion model, the computer device inputs a 

convolution result into the N-layer stacked FFT for conversion to obtain the second content feature. 

[00116] In some embodiments, the computer device inputs the second content feature and a 

speaker identifier of a speaker corresponding to a target timbre into the third conversion model to 

obtain the second accent audio. 

[00117] Different speakers correspond to different speaker identifiers. 

[00118] In some embodiments, the third conversion model includes a third conversion sub-

model and a vocoder. The third conversion sub-model is configured for converting a content feature 

into an audio spectrum feature. The vocoder is configured for generating audio based on the audio 

spectrum feature. 

[00119] In some embodiments, the third conversion sub-model includes a convolutional layer 

and an N-layer stacked FFT. The audio spectrum feature may be a mel spectrogram feature, a mel-

frequency cepstral coefficient (MFCC) feature, or the like. This is not limited in the embodiments 

of this application. 

[00120] In some embodiments, the vocoder may be WaveNet or WaveRNN using 

autoregression, HiFi-GAN or MelGAN using non-autoregression, or the like. This is not limited in 

the embodiments of this application. 
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[00121] For ease of description, in the following embodiments, an example in which the 

audio spectrum feature is a mel spectrogram feature and the vocoder is HiFi-GAN is used for 

description, but this is not limited. 

[00122] In some embodiments, the computer device inputs the second content feature and a 

speaker identifier into the third conversion sub-model to obtain an audio spectrum feature. The 

computer device inputs the audio spectrum feature into the vocoder to obtain the second accent 

audio. 

[00123] An application process of the speech conversion model obtained through training by 

using the foregoing solution is described below. FIG. 3 is a flowchart of an accent conversion 

method according to an exemplary embodiment of this application. The method is performed by a 

computer device. The method includes the following operations. 

[00124] Operation 301: Extract a first content feature of first accent audio through the first 

ASR model in response to an accent conversion instruction, the first content feature being 

corresponding to the first accent, and the accent conversion instruction being configured for 

instructing to convert audio from the first accent to the second accent. 

[00125] In some embodiments, the accent conversion instruction is triggered after accent 

setting is completed. In a possible scenario, as shown in FIG. 4, in addition to a virtual character 

image setting option, a metaverse virtual character setting interface 41 also includes a speech setting 

option. A user may set a timbre and an accent of the virtual character through the speech setting 

option. After the speech and the image are set, the metaverse may be entered by triggering an entry 

button 42. After the entry button 42 is triggered, the computer device receives an accent conversion 

instruction. The accent conversion instruction includes accent identifiers of a source accent and a 

target accent. In this embodiment, descriptions are provided by using an example in which the 

source accent is the first accent and the target accent is the second accent. 

[00126] After receiving the first accent audio of the first accent, the computer device 

performs content feature extraction through the first ASR model in the speech conversion model to 

obtain the first content feature. The first content feature provides interference such as a timbre and a 

tone, and only a feature at a level of expressed content is retained. 

[00127] In some embodiments, the computer device uses a BN feature of a last layer of the 

first ASR model as the first content feature. 



 

 19  

[00128] For example, as shown in FIG. 5, when conversion from Mandarin to a dialect is 

required, the computer device performs feature extraction on Mandarin audio 51 through a 

Mandarin ASR model 52 to obtain a Mandarin content feature 53. 

[00129] Operation 302: Convert the first content feature into a second content feature through 

the second conversion model, the second content feature being corresponding to the second accent. 

[00130] Further, the computer device inputs the first content feature extracted by the first 

ASR model into the second conversion model, and the second conversion model performs content 

feature conversion between the first accent and the second accent to obtain the second content 

feature at the second accent. The first content feature and the second content feature correspond to 

the same text (a text corresponding to the first accent audio). 

[00131] For example, as shown in FIG. 5, a BN2BN model 54 is configured for content 

feature conversion between Mandarin and a dialect. After obtaining a Mandarin content feature 53, 

the computer device further performs feature conversion on the Mandarin content feature 53 

through the BN2BN model 54 to obtain a dialect content feature 55. 

[00132] Operation 303: Perform audio conversion on the second content feature through the 

third conversion model to obtain second accent audio. 

[00133] Further, the computer device inputs the second content feature into the third 

conversion model, and the third conversion model generates the second accent audio based on the 

content feature. 

[00134] For example, as shown in FIG. 5, the computer device inputs the dialect content 

feature 55 into a BN2Wav model 56 to obtain dialect audio 57 outputted by the BN2Wav model 56. 

[00135] The first conversion model serves as a key model for constructing the parallel 

sample data. In a process of training the first conversion model, the computer device inputs the first 

sample text into the first conversion model to obtain a first predicted content feature outputted by 

the first conversion model, so that the first conversion model is trained by using the first sample 

content feature as supervision of the first predicted content feature. 

[00136] In some embodiments, the computer device uses the first sample content feature as 

the supervision of the first predicted content feature, and determines a first conversion model loss 

based on a feature difference between the first predicted content feature and the first sample content 

feature, to train the first conversion model based on the first conversion model loss. The loss may 

be a mean square error (MSE) loss or another type of loss. This is not limited in this embodiment. 
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[00137] The MSE refers to an average of quadratic sums of feature difference values between 

the first predicted content feature and the first sample content feature, that is, an average of 

quadratic sums of errors. 

[00138] In some embodiments, a loss  of the first conversion model may be 

expressed as: 

 

[00139] where  is the first sample content feature extracted by the first ASR model, 

and  is the first predicted content feature outputted by the first conversion model. 

[00140] To improve the quality of conversion from a text to a content feature, in a possible 

design, the first conversion model includes a first conversion sub-model, a duration prediction sub-

model, and a second conversion sub-model. The first conversion sub-model is configured for 

implementing conversion from a text to a text encoding feature. The duration prediction sub-model 

is configured for predicting expression duration of the text. The second conversion sub-model is 

configured for converting the text encoding feature into the content feature. 

[00141] Correspondingly, a process in which the first conversion model converts the text into 

the content feature is shown in FIG. 6. 

[00142] Operation 601: Encode the first sample text through the first conversion sub-model 

to obtain a first text encoding feature. 

[00143] Because text representations have a contextual correlation, in this embodiment of 

this application, to improve quality of subsequent feature conversion, in a possible design, an N-

layer stacked FFT is used to form the first conversion sub-model. The FFT is configured for 

extracting deeper-level features by first mapping data into a space at a high latitude and then 

mapping the data into a space at a low latitude through linear transformation. 

[00144] In addition, the FFT includes a multi-head attention mechanism layer and a 

convolutional layer. In an illustrative example, a structure of the FFT is shown in FIG. 7. An 

original input is first processed by a multi-head attention layer 701. A multi-channel result obtained 

through processing by the multi-head attention layer 701 and the original input are jointly processed 

by weighting and normalization 702, and then inputted into a convolutional layer 703 for 

convolution processing. After an input and an output of the convolutional layer 703 are added, the 

weighting and normalization 702 continue to be performed on a result of the adding, and the 

processed result is finally outputted. 
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[00145] Because the FFT is implemented through a multi-head attention mechanism and a 

convolutional layer, and a residual network idea is used, performing text encoding by using the first 

conversion sub-model obtained by stacking a plurality of layers of FFTs can improve text encoding 

quality. 

[00146] Certainly, in addition to being implemented by using stacked FFTs, the first 

conversion sub-model may also be implemented by using another type of module (which needs to 

include an attention mechanism and keep input and output sizes consistent) such as a long short-

term memory (LSTM). This is not limited in this embodiment of this application. 

[00147] Operation 602: Perform duration prediction on the first text encoding feature through 

the duration prediction sub-model to obtain predicted duration, the predicted duration being 

configured for representing pronunciation duration of the first sample text. 

[00148] When a text is expressed in a spoken language, there is specific expression duration. 

Therefore, to improve the authenticity of audio obtained through subsequent conversion (to make a 

speech obtained through conversion conform to a speaking speed of a real person), the computer 

device performs duration prediction through the duration prediction sub-model to obtain the 

pronunciation duration of the first sample text. 

[00149] In some embodiments, the predicted duration includes pronunciation sub-duration 

corresponding to each sub-text in the first sample text. For example, if the first sample text is "Jin 

Tian Tian Qi Zhen Hao", the predicted duration includes pronunciation duration respectively 

corresponding to "Jin", "Tian", "Tian", "Qi", "Zhen", and "Hao". 

[00150] Operation 603: Perform feature expansion on the first text encoding feature based on 

the predicted duration to obtain a second text encoding feature. 

[00151] Further, the computer device performs feature expansion on the first text encoding 

feature based on the predicted duration, and copies a sub-feature in the first text encoding feature, 

so that duration corresponding to the copied sub-feature is consistent with pronunciation sub-

duration of a corresponding sub-text. 

[00152] In an illustrative example, the first text encoding feature is "abcd", and the second 

text encoding feature obtained after feature expansion is "aabbbcdddd". 

[00153] Operation 604: Convert the second text encoding feature through the second 

conversion sub-model to obtain the first predicted content feature. 
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[00154] In some embodiments, feature sizes of the first predicted content feature outputted 

by the second conversion sub-model and the outputted second text encoding feature are maintained 

to be consistent. 

[00155] In some embodiments, the second conversion sub-model includes an N-layer FFT, 

thereby improving the quality of conversion from the text encoding feature to the content feature. 

[00156] In an illustrative example, as shown in FIG. 8, a first conversion sub-model 81 first 

performs feature encoding on the first sample text to obtain a first text encoding feature, inputs the 

first text encoding feature into a duration prediction sub-model 82 to obtain predicted duration, and 

performs feature expansion processing on the first text encoding feature based on the predicted 

duration to obtain a second text encoding feature. Finally, feature conversion is performed on the 

second text encoding feature through a second conversion sub-model 83 to obtain a first predicted 

content feature. 

[00157] For the foregoing process of constructing the parallel sample data and training the 

second conversion model based on the parallel sample data, in a possible implementation, as shown 

in FIG. 9, the process may include the following operations. 

[00158] Operation 901: Convert the second sample text through the first conversion model to 

obtain a third sample content feature, the third sample content feature being a content feature of 

audio generated by expressing the second sample text in the first accent. 

[00159] When constructing the parallel sample data based on the second sample audio, the 

computer device performs content feature conversion on the second sample text corresponding to 

the second sample audio to obtain a third sample content feature. The first conversion model is 

configured for converting a text into a content feature of the first accent. Therefore, the third sample 

content feature obtained by performing content feature conversion on the second sample text by 

using the first conversion model is the content feature of the audio generated by expressing the 

second sample text in the first accent. 

[00160] With the first conversion model, even if there is lack of parallel corpora 

corresponding to the second sample audio, content features of the parallel corpora can be generated, 

thereby eliminating a process of manually recording the parallel corpora and performing content 

feature extraction on the parallel corpora. 

[00161] Operation 902: Construct the parallel sample data based on the second sample 

content feature and the third sample content feature. 
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[00162] Because the third sample content feature and the second sample content feature 

correspond to different accents and correspond to the same text, parallel sample data is constructed 

by combining the two. 

[00163] Operation 903: Input the third sample content feature into the second conversion 

model to obtain a second predicted content feature. 

[00164] In a possible design, to improve the quality of content feature conversion, the second 

conversion model includes a convolutional layer and an N-layer stacked FFT. For a specific 

structure of the FFT, refer to FIG. 7. Details are not described herein in this embodiment. During 

content feature conversion, the content feature first undergoes convolution processing by the 

convolutional layer and then is processed by the N-layer FFT to obtain the converted content 

feature. 

[00165] For example, as shown in FIG. 10, after performing convolution processing on the 

third sample content feature through a convolutional layer 1001, the computer device inputs a 

convolution result into an N-layer FFT 1002 to obtain a second predicted content feature. 

[00166] Operation 904: Train the second conversion model by using the second sample 

content feature as supervision of the second predicted content feature. 

[00167] To make a content conversion result of the second conversion model approximate to 

the second sample content feature of the second sample audio outputted by the second ASR model, 

in a possible implementation, the computer device determines a second conversion model loss 

based on a difference between the second sample content feature and the second predicted content 

feature, to train the second conversion model based on the second conversion model loss. 

[00168] The loss may be an MSE loss or another type of loss. This is not limited in this 

embodiment. 

[00169] In some embodiments, a loss  of the second conversion model may be 

expressed as: 

 

[00170] where  is the second sample content feature extracted by the second ASR 

model, and  is the second predicted content feature outputted by the second conversion 

model. 

[00171] The content feature eliminates impact of factors such as a timbre, and the sample 

audio has a timbre feature. Therefore, in a process of training the third conversion model, a speaker 
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identifier of the sample audio needs to be used as part of an input, so that the trained third 

conversion model can output audio with a specific timbre. 

[00172] In a possible implementation, the computer device inputs the sample content feature 

and the speaker identifier corresponding to the sample audio into the third conversion model to 

obtain predicted audio, thereby training the third conversion model based on the predicted audio 

and the sample audio. The predicted audio and the sample audio correspond to the same audio 

content and have the same timbre. 

[00173] In some embodiments, different speakers correspond to different speaker identifiers. 

In some embodiments, the speakers are grouped based on different timbres in advance, so that 

different speakers corresponding to the same timbre are assigned the same speaker identifier. 

[00174] In a possible design, the third conversion model includes a third conversion sub-

model and a vocoder. The third conversion sub-model is configured for converting the content 

feature into an audio spectrum feature. The vocoder is configured for generating audio based on the 

audio spectrum feature. 

[00175] In some embodiments, the third conversion model includes a convolutional layer and 

an N-layer stacked FFT. The audio spectrum feature may be a mel spectrogram feature, an MFCC 

feature, or the like. This is not limited in the embodiments of this application. 

[00176] In some embodiments, the vocoder may be WaveNet or WaveRNN using 

autoregression, HiFi-GAN or MelGAN using non-autoregression, or the like. This is not limited in 

the embodiments of this application. 

[00177] For ease of description, in the following embodiments, an example in which the 

audio spectrum feature is a mel spectrogram feature and the vocoder is HiFi-GAN is used for 

description, but this is not limited. 

[00178] Correspondingly, during training, the computer device inputs the sample content 

feature and the speaker identifier into the third conversion sub-model to obtain a predicted audio 

spectrum feature, and inputs the predicted audio spectrum feature into the vocoder to obtain the 

predicted audio. 

[00179] For example, as shown in FIG. 11, a BN2Wav model includes a BN2Mel sub-model 

1101 and a HiFi-GAN sub-model 1102. The BN2Mel sub-model 1101 includes a convolutional 

layer 11011 and an N-layer stacked FFT 11012. During model training, the computer device inputs 

a sample content feature BN of the sample audio and a speaker identifier spk_id into the BN2Mel 

sub-model 1101. The BN2Mel sub-model 1101 inputs a mel spectrum obtained through conversion 
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into the HiFi-GAN sub-model 1102, and the HiFi-GAN sub-model 1102 performs conversion to 

obtain predicted audio. 

[00180] In a possible implementation, the computer device trains the third conversion sub-

model and the vocoder jointly. 

[00181] In another possible implementation, the computer device first trains the third 

conversion sub-model, and then trains the vocoder based on the trained third conversion sub-model, 

thereby improving training efficiency. 

[00182] As shown in FIG. 12, a training process of the third conversion model may include 

the following operations. 

[00183] Operation 1201: Input the sample content feature and the speaker identifier into the 

third conversion sub-model to obtain a predicted audio spectrum feature. 

[00184] In a possible implementation, the computer device inputs the sample content feature 

and the speaker identifier into the third conversion sub-model to obtain a predicted mel spectrum 

corresponding to the sample audio. 

[00185] Operation 1202: Train the third conversion sub-model by using a sample audio 

spectrum feature of the sample audio as supervision of the predicted audio spectrum feature. 

[00186] In some embodiments, the computer device performs audio spectrum feature 

extraction on the sample audio to obtain a sample audio spectrum feature, thereby determining a 

third conversion sub-model loss based on a difference between the predicted audio spectrum feature 

and the sample audio spectrum feature, and thereby training the third conversion sub-model based 

on the third conversion sub-model loss. 

[00187] The loss may be an MSE loss or another type of loss. This is not limited in this 

embodiment. 

[00188] In some embodiments, a loss  of the third conversion sub-model may be 

expressed as: 

 

[00189] where  is the sample audio spectrum feature obtained by directly performing 

audio spectrum feature extraction on the sample audio, and  is the predicted audio spectrum 

feature outputted by the third conversion sub-model. 
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[00190] Operation 1203: Input, in a case that the training of the third conversion sub-model is 

completed, the predicted audio spectrum feature outputted by the trained third conversion sub-

model into the vocoder to obtain the predicted audio. 

[00191] After the training of the third conversion sub-model is completed, the computer 

device inputs the sample content feature and the speaker identifier into the trained third conversion 

sub-model to obtain a predicted audio spectrum feature, and then inputs the predicted audio 

spectrum feature into the vocoder to obtain predicted audio outputted by the vocoder. 

[00192] In an illustrative example, the computer device inputs a predicted mel spectrogram 

feature outputted by the trained BN2Mel sub-model into the HiFi-GAN to obtain predicted audio 

outputted by the HiFi-GAN. 

[00193] Operation 1204: Train the vocoder in the third conversion model based on the 

predicted audio and the sample audio. 

[00194] In some embodiments, the computer device uses the sample audio as supervision of 

the predicted audio, and determines a conversion loss of the vocoder, to train the vocoder based on 

the loss. 

[00195] In some embodiments, when the vocoder uses an adversarial network, using HiFi-

GAN as an example, the computer device uses an adversarial training idea, and adversarial training 

is performed through a generator and a discriminator. A loss of the generator in a process of the 

adversarial training may be expressed as: 

 

[00196] where ,  is a mel spectrogram feature 

obtained by re-converting audio  generated by the generator,  is a mel spectrogram 

feature extracted from the sample audio,  is a feature matching loss between the 

generated audio and the sample audio, and  is a discriminative loss of the generated 

audio. 

[00197] A loss of the discriminator in the process of the adversarial training may be 

expressed as: 

 

[00198] where  is a discrimination result of the discriminator for the sample audio, and 

 is a discrimination result of the discriminator for the predicted audio. 
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[00199] Apparently, through the third conversion model obtained through training in the 

foregoing manner, not only the content feature can be converted into audio, but also a specific 

timbre can be added to the audio obtained through conversion. Correspondingly, in an application 

process, in addition to selecting a target accent, a user may also select a target timbre. 

[00200] In a possible implementation, in a case that the accent conversion instruction 

includes the target timbre, the computer device inputs the second content feature and the speaker 

identifier of the speaker corresponding to the target timbre into the third conversion model to obtain 

second accent audio, the second accent audio having the second accent and the target timbre. 

[00201] For example, as shown in FIG. 13, when conversion from Mandarin to a dialect is 

required, and a target timbre is required, the computer device performs feature extraction on 

Mandarin audio 1301 through a Mandarin ASR model 1302 to obtain a Mandarin content feature 

1303. The computer device further performs feature conversion on the Mandarin content feature 

1303 through a BN2BN model 1304 to obtain a dialect content feature 1305. The computer device 

inputs the dialect content feature 1305 and a speaker identifier corresponding to a target timbre 

1306 into a BN2Wav model 1307 to obtain dialect audio 1308 with the target timbre that is 

outputted by the BN2Wav model 1307. 

[00202] When the same timbre needs to be maintained before and after accent conversion, 

corpus data (for example, speech data with cumulative duration of 30 minutes) of a current user 

needs to be obtained in advance, and a speaker identifier is assigned to the current user, so that the 

third conversion model is trained based on the corpus data of the current user and the speaker 

identifier. Details are not described herein in this embodiment. 

[00203] In this embodiment, in the process of training the third conversion model, in addition 

to using the content feature of the sample audio as an input, the speaker identifier corresponding to 

the sample audio is also used as an input, so that during the training of the third conversion model, 

audio conversion can be performed based on the content feature and a timbre feature of the speaker. 

During subsequent use, through inputting of different speaker identifiers, the third conversion 

model can output audio with different timbres for the same text content, thereby implementing both 

accent and timbre conversion. 

[00204] FIG. 14 is a structural block diagram of an apparatus for training a speech 

conversion model according to an exemplary embodiment of this application. The apparatus 

includes: 
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[00205] a training module 1401, configured to train a first ASR model based on first sample 

audio and train a second ASR model based on second sample audio, the first sample audio being 

corresponding to a first accent, and the second sample audio being corresponding to a second 

accent; 

[00206] the training module 1401 being further configured to train a first conversion model 

based on a first sample text and a first sample content feature that correspond to the first sample 

audio, the first sample content feature being extracted from the first sample audio by the first ASR 

model, and the first conversion model being configured for converting a text into a content feature 

of the first accent; 

[00207] the training module 1401 being further configured to construct parallel sample data 

based on the first conversion model and a second sample text and a second sample content feature 

that correspond to the second sample audio, the second sample content feature being extracted from 

the second sample audio by the second ASR model, the parallel sample data including different 

content features, different content features being corresponding to different accents, and different 

content features being corresponding to a same text; and train a second conversion model based on 

the parallel sample data, the second conversion model being configured for performing content 

feature conversion between the first accent and the second accent; and 

[00208] the training module 1401 being further configured to train a third conversion model 

based on sample content features of different sample audio, the third conversion model being 

configured for converting a content feature into audio; and 

[00209] a generation module 1402, configured to generate a speech conversion model based 

on the trained first ASR model, second conversion model, and third conversion model, the speech 

conversion model being configured for converting audio of the first accent into audio of the second 

accent. 

[00210] In some embodiments, the training module 1401 is configured to: 

[00211] convert the second sample text through the first conversion model to obtain a third 

sample content feature, the third sample content feature being a content feature of audio generated 

by expressing the second sample text in the first accent; and 

[00212] construct the parallel sample data based on the second sample content feature and the 

third sample content feature. 
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[00213] In some embodiments, the training module 1401 is configured to: input the third 

sample content feature into the second conversion model to obtain a second predicted content 

feature; and 

[00214] train the second conversion model by using the second sample content feature as 

supervision of the second predicted content feature. 

[00215] In some embodiments, the training module 1401 is configured to: input the first 

sample text into the first conversion model to obtain a first predicted content feature outputted by 

the first conversion model; and 

[00216] train the first conversion model by using the first sample content feature as 

supervision of the first predicted content feature. 

[00217] In some embodiments, the first conversion model includes a first conversion sub-

model, a duration prediction sub-model, and a second conversion sub-model; and 

[00218] the training module 1401 is configured to: 

[00219] encode the first sample text through the first conversion sub-model to obtain a first 

text encoding feature; 

[00220] perform duration prediction on the first text encoding feature through the duration 

prediction sub-model to obtain predicted duration, the predicted duration being configured for 

representing pronunciation duration of the first sample text; 

[00221] perform feature expansion on the first text encoding feature based on the predicted 

duration to obtain a second text encoding feature; and 

[00222] convert the second text encoding feature through the second conversion sub-model 

to obtain the first predicted content feature. 

[00223] In some embodiments, the first conversion sub-model and the second conversion 

sub-model include an FFT, and the FFT includes a multi-head attention mechanism layer and a 

convolutional layer. 

[00224] In some embodiments, the training module 1401 is configured to: 

[00225] input the sample content feature and a speaker identifier corresponding to the sample 

audio into the third conversion model to obtain predicted audio, the predicted audio and the sample 

audio being corresponding to same audio content and having a same timbre, and different speakers 

being corresponding to different speaker identifiers; and 
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[00226] train the third conversion model based on the predicted audio and the sample audio. 

[00227] In some embodiments, the third conversion model includes a third conversion sub-

model and a vocoder; and 

[00228] the training module 1401 is configured to: 

[00229] input the sample content feature and the speaker identifier into the third conversion 

sub-model to obtain a predicted audio spectrum feature; and 

[00230] input the predicted audio spectrum feature into the vocoder to obtain the predicted 

audio. 

[00231] In some embodiments, the training module 1401 is configured to: 

[00232] train the third conversion sub-model by using a sample audio spectrum feature of the 

sample audio as supervision of the predicted audio spectrum feature; 

[00233] input, in a case that the training of the third conversion sub-model is completed, the 

predicted audio spectrum feature outputted by the trained third conversion sub-model into the 

vocoder to obtain the predicted audio; and 

[00234] train the vocoder in the third conversion model based on the predicted audio and the 

sample audio. 

[00235] In some embodiments, the apparatus further includes: 

[00236] a conversion module, configured to extract a first content feature of first accent audio 

through the first ASR model in response to an accent conversion instruction, the first content feature 

being corresponding to the first accent, and the accent conversion instruction being configured for 

instructing to convert audio from the first accent to the second accent; 

[00237] convert the first content feature into a second content feature through the second 

conversion model, the second content feature being corresponding to the second accent; and 

[00238] perform audio conversion on the second content feature through the third conversion 

model to obtain second accent audio. 

[00239] In some embodiments, the accent conversion instruction includes a target timbre; and 

[00240] the conversion module is configured to: 

[00241] input the second content feature and a speaker identifier of a speaker corresponding 

to the target timbre into the third conversion model to obtain the second accent audio, different 

speakers being corresponding to different speaker identifiers. 
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[00242] Based on the above, in this embodiment of this application, in a case of lack of a 

parallel corpus corresponding to a second sample audio of a second accent, a first conversion model 

configured for converting a text into a content feature is first trained based on first sample audio of 

a first accent. In this way, parallel sample data corresponding to the same text content but 

corresponding to different accents is constructed by using the first conversion model and a second 

sample text corresponding to the second sample audio. Then, a second conversion model for content 

feature conversion between different accents and a third conversion model configured for 

converting the content feature into audio are trained by using the parallel sample data, to complete 

training of a speech conversion model. During the model training, parallel corpora are constructed 

by using an intermediate model obtained through training, and there is no need to record parallel 

corpora of different accents before the model training. This can reduce a demand from model 

training for manually recorded parallel corpora while ensuring the quality of model training, thereby 

helping improve the efficiency of model training and improve the quality of model training in a case 

of insufficient samples. 

[00243] The apparatus provided in the foregoing embodiment is illustrated only with an 

example of division of the foregoing function modules. In practical applications, the foregoing 

functions may be allocated to and completed by different function modules according to 

requirements. That is, the internal structure of the apparatus is divided into different function 

modules to complete all or some of the functions described above. In addition, the apparatus 

provided in the foregoing embodiment is based on the same concept as the method embodiment. 

For details of an implementation process of the apparatus, refer to the method embodiment. The 

details are not described herein again. 

[00244] FIG. 15 is a structural block diagram of a speech conversion apparatus according to 

an exemplary embodiment of this application. The apparatus includes: 

[00245] an obtaining module 1501, configured to obtain first accent audio, the first accent 

audio being corresponding to a first accent; 

[00246] an extraction module 1502, configured to extract the first accent audio through a first 

ASR model to obtain a first content feature, the first content feature being corresponding to the first 

accent; 

[00247] a content feature conversion module 1503, configured to convert the first content 

feature into a second content feature through a second conversion model, the second content feature 

being corresponding to a second accent; and 
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[00248] an audio conversion module 1504, configured to perform audio conversion on the 

second content feature through a third conversion model to obtain second accent audio. 

[00249] In some embodiments, the content feature conversion module 1503 is further 

configured to input the first content feature extracted by the first ASR model into the second 

conversion model, and perform content feature conversion between the first accent and the second 

accent through the second conversion model to obtain the second content feature at the second 

accent. 

[00250] In some embodiments, the second conversion model includes a convolutional layer 

and an N-layer stacked FFT. 

[00251] In some embodiments, the content feature conversion module 1503 is further 

configured to perform convolution processing on the first content feature through the convolutional 

layer in the second conversion model, and input a convolution result into the N-layer stacked FFT 

for conversion to obtain the second content feature. 

[00252] In some embodiments, the third conversion model includes a third conversion sub-

model and a vocoder, the third conversion sub-model being configured for converting a content 

feature into an audio spectrum feature, and the vocoder being configured to generate audio based on 

the audio spectrum feature. 

[00253] In some embodiments, the audio conversion module 1504 is further configured to 

input the second content feature and a speaker identifier into the third conversion sub-model to 

obtain an audio spectrum feature. 

[00254] In some embodiments, the audio conversion module 1504 is further configured to 

input the audio spectrum feature into the vocoder to obtain the second accent audio. 

[00255] In some embodiments, the third conversion sub-model includes a convolutional layer 

and an N-layer stacked FFT. 

[00256] FIG. 16 is a schematic structural diagram of a computer device according to an 

exemplary embodiment of this application. The computer device may be a screen projection device 

or a terminal in the foregoing embodiment. Specifically: the computer device 1600 includes a 

central processing unit (CPU) 1601, a system memory 1604 including a random access memory 

(RAM) 1602 and a read-only memory (ROM) 1603, and a system bus 1605 connecting the system 

memory 1604 and the CPU 1601. The computer device 1600 further includes a basic input/output 

(I/O) system 1606 assisting in information transmission between components in the computer, and a 
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mass storage device 1607 configured to store an operating system 1613, an application program 

1614, and another program module 1615. 

[00257] The basic I/O system 1606 includes a display 1608 configured to display information 

and an input device 1609 such as a mouse or a keyboard that is used for inputting information by a 

user. The display 1608 and the input device 1609 are both connected to the CPU 1601 through an 

I/O controller 1610 connected to the system bus 1605. The basic I/O system 1606 may further 

include the I/O controller 1610 to be configured to receive and process inputs from a plurality of 

other devices such as a keyboard, a mouse, and an electronic stylus. Similarly, the I/O controller 

1610 further provides an output to a display screen, a printer, or another type of output device. 

[00258] The mass storage device 1607 is connected to the CPU 1601 by using a mass storage 

controller (not shown) connected to the system bus 1605. The mass storage device 1607 and a 

computer-readable medium associated therewith provide non-volatile storage to the computer 

device 1600. In other words, the mass storage device 1607 may include a computer-readable 

medium (not shown) such as a hard disk or a drive. 

[00259] Without loss of generality, the computer-readable medium may include a computer 

storage medium and a communication medium. The computer storage medium includes volatile and 

non-volatile media, and removable and non-removable media implemented by using any method or 

technology used for storing information such as computer-readable instructions, data structures, 

program modules, or other data. The computer storage medium includes a RAM, a ROM, a flash 

memory or another solid-state storage technology, a compact disc ROM (CD-ROM), a digital 

versatile disc (DVD) or another optical memory, a magnetic cassette, a magnetic tape, a magnetic 

disk memory, or another magnetic storage device. Certainly, a person skilled in the art may learn 

that the computer storage medium is not limited to the foregoing several types. The system memory 

1604 and the mass storage device 1607 may be collectively referred to as a memory. 

[00260] The memory stores one or more programs. The one or more programs are configured 

for being executed by one or more CPUs 1601. The one or more programs include instructions 

configured for implementing the foregoing methods. The CPU 1601 executes the one or more 

programs to implement the methods provided in the foregoing method embodiments. 

[00261] According to the embodiments of this application, the computer device 1600 may 

further be connected, through a network such as the Internet, to a remote computer on the network 

and run. That is, the computer device 1600 may be connected to a network 1612 by using a network 

interface unit 1611 connected to the system bus 1605, or may be connected to another type of 

network or a remote computer system (not shown) by using a network interface unit 1611. 
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[00262] An embodiment of this application further provides a computer-readable storage 

medium, the readable storage medium storing at least one instruction, the at least one instruction 

being loaded and executed by a processor to implement the method for training a speech conversion 

model described in the foregoing embodiment or the speech conversion method described in the 

foregoing embodiment. 

[00263] In some embodiments, the computer-readable storage medium may include: a ROM, 

a RAM, a solid state drive (SSD), an optical disc, or the like. The RAM may include a resistance 

RAM (ReRAM) and a dynamic RAM (DRAM). 

[00264] An embodiment of this application provides a computer program product or a 

computer program. The computer program product or the computer program includes computer 

instructions. The computer instructions are stored in a computer-readable storage medium. A 

processor of a computer device reads the computer instructions from the computer-readable storage 

medium, and the processor executes the computer instructions, to cause the computer device to 

perform the method for training a speech conversion model described in the foregoing embodiment 

or the speech conversion method described in the foregoing embodiment. 
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CLAIMS 

 

1. A method for training a speech conversion model, the method being performed by a 

computer device and comprising: 

training a first automatic speech recognition (ASR) model based on first sample audio and 

training a second ASR model based on second sample audio, the first sample audio being 

corresponding to a first accent, and the second sample audio being corresponding to a second 

accent; 

training a first conversion model based on a first sample text and a first sample content feature 

that correspond to the first sample audio, the first sample content feature being extracted from the 

first sample audio by the first ASR model, and the first conversion model being configured for 

converting a text into a content feature of the first accent; 

constructing parallel sample data based on the first conversion model and a second sample text 

and a second sample content feature that correspond to the second sample audio, the second sample 

content feature being extracting from the second sample audio by the second ASR model, the 

parallel sample data comprising different content features, different content features being 

corresponding to different accents, and different content features being corresponding to a same 

text; 

training a second conversion model based on the parallel sample data, the second conversion 

model being configured for performing content feature conversion between the first accent and the 

second accent; 

training a third conversion model based on sample content features of different sample audio, 

the third conversion model being configured for converting a content feature into audio; and 

generating a speech conversion model based on the trained first ASR model, second 

conversion model, and third conversion model, the speech conversion model being configured for 

converting audio of the first accent into audio of the second accent. 

2. The method according to claim 1, wherein the constructing parallel sample data based on the 

first conversion model and a second sample text and a second sample content feature that 

correspond to the second sample audio comprises: 

converting the second sample text through the first conversion model to obtain a third sample 

content feature, the third sample content feature being a content feature of audio generated by 
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expressing the second sample text in the first accent; and 

constructing the parallel sample data based on the second sample content feature and the third 

sample content feature. 

3. The method according to claim 2, wherein the training a second conversion model based on 

the parallel sample data comprises: 

inputting the third sample content feature into the second conversion model to obtain a second 

predicted content feature; and 

training the second conversion model by using the second sample content feature as 

supervision of the second predicted content feature. 

4. The method according to claim 3, wherein the training the second conversion model by 

using the second sample content feature as supervision of the second predicted content feature 

comprises: 

determining a second conversion model loss according to a difference between the second 

sample content feature and the second predicted content feature, and training the second conversion 

model based on the second conversion model loss. 

5. The method according to any one of claims 1 to 4, wherein the training a first conversion 

model based on a first sample text and a first sample content feature that correspond to the first 

sample audio comprises: 

inputting the first sample text into the first conversion model to obtain a first predicted content 

feature outputted by the first conversion model; and 

training the first conversion model by using the first sample content feature as supervision of 

the first predicted content feature. 

6. The method according to claim 5, wherein the first conversion model comprises a first 

conversion sub-model, a duration prediction sub-model, and a second conversion sub-model; and 

the inputting the first sample text into the first conversion model to obtain a first predicted 

content feature outputted by the first conversion model comprises: 

encoding the first sample text through the first conversion sub-model to obtain a first text 

encoding feature; 

performing duration prediction on the first text encoding feature through the duration 

prediction sub-model to obtain predicted duration, the predicted duration being configured for 
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representing pronunciation duration of the first sample text; 

performing feature expansion on the first text encoding feature based on the predicted duration 

to obtain a second text encoding feature; and 

converting the second text encoding feature through the second conversion sub-model to 

obtain the first predicted content feature. 

7. The method according to claim 6, wherein the first conversion sub-model and the second 

conversion sub-model comprise a feed forward transformer (FFT), and the FFT comprises a multi-

head attention mechanism layer and a convolutional layer. 

8. The method according to claim 5, wherein the training the first conversion model by using 

the first sample content feature as supervision of the first predicted content feature comprises: 

determining a first conversion model loss according to a difference between the first sample 

content feature and the first predicted content feature, and training the first conversion model based 

on the first conversion model loss. 

9. The method according to any one of claims 1 to 8, wherein the training a third conversion 

model based on sample content features of different sample audio comprises: 

inputting the sample content feature and a speaker identifier corresponding to the sample audio 

into the third conversion model to obtain predicted audio, the predicted audio and the sample audio 

being corresponding to same audio content and having a same timbre, and different speakers being 

corresponding to different speaker identifiers; and 

training the third conversion model based on the predicted audio and the sample audio. 

10. The method according to claim 9, wherein the third conversion model comprises a third 

conversion sub-model and a vocoder; and 

the inputting the sample content feature and a speaker identifier corresponding to the sample 

audio into the third conversion model to obtain predicted audio comprises: 

inputting the sample content feature and the speaker identifier into the third conversion sub-

model to obtain a predicted audio spectrum feature; and 

inputting the predicted audio spectrum feature into the vocoder to obtain the predicted audio. 

11. The method according to claim 10, wherein before the inputting the predicted audio 

spectrum feature into the vocoder to obtain the predicted audio, the method further comprises: 

training the third conversion sub-model by using a sample audio spectrum feature of the 
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sample audio as supervision of the predicted audio spectrum feature; and 

the inputting the predicted audio spectrum feature into the vocoder to obtain the predicted 

audio comprises: 

inputting, in a case that the training of the third conversion sub-model is completed, the 

predicted audio spectrum feature outputted by the trained third conversion sub-model into the 

vocoder to obtain the predicted audio; and 

the training the third conversion model based on the predicted audio and the sample audio 

comprises: 

training the vocoder in the third conversion model based on the predicted audio and the sample 

audio. 

12. The method according to claim 11, wherein the training the third conversion sub-model by 

using a sample audio spectrum feature of the sample audio as supervision of the predicted audio 

spectrum feature comprises: 

performing audio spectrum feature extraction on the sample audio to obtain the sample audio 

spectrum feature; and 

determining a third conversion sub-model loss according to a difference between the predicted 

audio spectrum feature and the sample audio spectrum feature, and training the third conversion 

sub-model based on the third conversion sub-model loss. 

13. The method according to any one of claims 1 to 12, wherein the method comprises: 

extracting a first content feature of first accent audio through the first ASR model in response 

to an accent conversion instruction, the first content feature being corresponding to the first accent, 

and the accent conversion instruction being configured for instructing to convert audio from the first 

accent to the second accent; 

converting the first content feature into a second content feature through the second conversion 

model, the second content feature being corresponding to the second accent; and 

performing audio conversion on the second content feature through the third conversion model 

to obtain second accent audio. 

14. The method according to claim 13, wherein the accent conversion instruction comprises a 

target timbre; and 

the performing audio conversion on the second content feature through the third conversion 
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model to obtain second accent audio comprises: 

inputting the second content feature and a speaker identifier of a speaker corresponding to the 

target timbre into the third conversion model to obtain the second accent audio, different speakers 

being corresponding to different speaker identifiers. 

15. A speech conversion method, the method being performed by a computer device, the 

computer device having a speech conversion model provided therein, the speech conversion model 

comprising a first automatic speech recognition (ASR) model, a second conversion model, and a 

third conversion model, and the method comprising: 

obtaining first accent audio, the first accent audio being corresponding to a first accent; 

extracting a first content feature from the first accent audio through the first ASR model, the 

first content feature being corresponding to the first accent; 

converting the first content feature into a second content feature through the second conversion 

model, the second content feature being corresponding to a second accent; and 

performing audio conversion on the second content feature through the third conversion model 

to obtain second accent audio. 

16. An apparatus for training a speech conversion model, the apparatus comprising: 

a training module, configured to train a first automatic speech recognition (ASR) model based 

on first sample audio and train a second ASR model based on second sample audio, the first sample 

audio being corresponding to a first accent, and the second sample audio being corresponding to a 

second accent; 

the training module being further configured to train a first conversion model based on a first 

sample text and a first sample content feature that correspond to the first sample audio, the first 

sample content feature being extracted from the first sample audio by the first ASR model, and the 

first conversion model being configured for converting a text into a content feature of the first 

accent; 

the training module being further configured to construct parallel sample data based on the first 

conversion model and a second sample text and a second sample content feature that correspond to 

the second sample audio, the second sample content feature being extracted from the second sample 

audio by the second ASR model, the parallel sample data comprising different content features, 

different content features being corresponding to different accents, and different content features 

being corresponding to a same text; and train a second conversion model based on the parallel 
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sample data, the second conversion model being configured for performing content feature 

conversion between the first accent and the second accent; and 

the training module being further configured to train a third conversion model based on sample 

content features of different sample audio, the third conversion model being configured for 

converting a content feature into audio; and 

a generation module, configured to generate a speech conversion model based on the trained 

first ASR model, second conversion model, and third conversion model, the speech conversion 

model being configured for converting audio of the first accent into audio of the second accent. 

17. A speech conversion apparatus, the apparatus comprising: 

an obtaining module, configured to obtain first accent audio, the first accent audio being 

corresponding to a first accent; 

an extraction module, configured to extract the first accent audio through a first automatic 

speech recognition (ASR) model to obtain a first content feature, the first content feature being 

corresponding to the first accent; 

a content feature conversion module, configured to convert the first content feature into a 

second content feature through a second conversion model, the second content feature being 

corresponding to a second accent; and 

an audio conversion module, configured to perform audio conversion on the second content 

feature through a third conversion model to obtain second accent audio. 

18. A computer device, comprising a processor and a memory, the memory storing at least one 

instruction, the at least one instruction being loaded and executed by the processor to implement the 

method for training a speech conversion model according to any one of claims 1 to 14 or the speech 

conversion method according to claim 15. 

19. A computer-readable storage medium, the readable storage medium storing at least one 

instruction, the at least one instruction being loaded and executed by a processor to implement the 

method for training a speech conversion model according to any one of claims 1 to 14 or the speech 

conversion method according to claim 15. 

20. A computer program product, comprising computer instructions, the computer instructions 

being stored in a computer-readable storage medium; and a processor of a computer device reading 

the computer instructions from the computer-readable storage medium, and the processor executing 

the computer instructions to cause the computer device to perform the method for training a speech 
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conversion model according to any one of claims 1 to 14 or the speech conversion method 

according to claim 15. 

  


