ARTIFICIAL INTELLIGENCE-BASED AUDIO PROCESSING
METHOD AND APPARATUS, ELECTRONIC DEVICE,
COMPUTER READABLE STORAGE MEDIUM, AND COMPUTER
PROGRAM PRODUCT

RELATED APPLICATION

[0001] This application is filed on the basis of Chinese Patent Application No.
202011410814.4 filed December 03, 2020, and claims priority of the Chinese Patent Application,

the entire contents of which are incorporated herein by reference.

FIELD OF THE TECHNOLOGY

[0002] The present disclosure relates to a cloud technology and an artificial intelligence
technology, and in particular, to an artificial intelligence-based audio processing method, apparatus,

electronic device, computer-readable storage medium, and computer program product.

BACKGROUND OF THE DISCLOSURE

[0003] Artificial Intelligence (Al) is a comprehensive technology in computer science,
which studies the design principles and implementation methods of various intelligent machines, so
that the machines can perceive, infer, and make decisions. Artificial intelligence technology is a
comprehensive discipline covering a wide range of fields, such as natural language processing
technology and machine learning/deep learning. With the development of technologies, artificial
intelligence technology will be applied in more fields, and play a more increasingly important value.
For example, in cloud-based web conferencing scenarios, artificial intelligence technology is

introduced to improve audio quality.

[0004] However, audio processing methods in the related art are relatively simple. Although
the noise in the audio is suppressed, the quality of useful signals in the audio (for example, speech

signals) is inevitably reduced.

SUMMARY

[0005] Embodiments of the present disclosure provide an artificial intelligence-based audio

processing method, apparatus, electronic device, computer-readable storage medium, and computer



program product, which can improve audio quality by performing targeted audio processing based

on audio scenes.

[0006] The technical solutions of the embodiments of the present disclosure are

implemented as follows:

[0007] An embodiment of the present disclosure provides an artificial intelligence-based

audio processing method, including:
[0008] obtaining an audio clip of an audio scene, the audio clip including noise;

[0009] performing audio scene classification processing based on the audio clip to obtain an

audio scene type corresponding to the noise in the audio clip; and

[0010] determining a target audio processing mode corresponding to the audio scene type,
and applying the target audio processing mode to the audio clip according to a degree of

interference caused by the noise in the audio clip.

[0011] An embodiment of the present disclosure provides an audio processing apparatus,
including:
[0012] an obtaining module, configured to obtain an audio clip of an audio scene, the audio

clip including noise;

[0013] a classification module, configured to perform audio scene classification processing
based on the audio clip to obtain an audio scene type corresponding to the noise in the audio clip;

and

[0014] a processing module, configured to determine a target audio processing mode
corresponding to the audio scene type, and apply the target audio processing mode to the audio clip

according to a degree of interference caused by the noise in the audio clip.

[0015] An embodiment of the present disclosure provides an electronic device for audio

processing, including:
[0016] a memory, configured to store executable instructions; and

[0017] a processor, configured to execute the executable instructions stored in the memory
to implement the artificial intelligence-based audio processing method provided in the embodiments

of the present disclosure.

[0018] An embodiment of the present disclosure provides a computer-readable storage

medium, storing executable instructions, the executable instructions, when executed by a processor,



implementing the artificial intelligence-based audio processing method provided in the

embodiments of the present disclosure.

[0019] An embodiment of the present disclosure provides a computer program product,
including a computer program or instructions, the computer program or instructions causing a
computer to execute the artificial intelligence-based audio processing method provided in the

embodiments of the present disclosure.
[0020] This embodiment of the present disclosure has the following beneficial effects:

[0021] An audio scene type corresponding to an audio is identified based on an association
between noise and audio scene types, and targeted audio processing is performed based on the audio
scene type, so that an audio processing mode introduced in the audio scene is suitable for the noise
included in the audio scene, thereby maintaining useful information in the audio as much as

possible, and improving the accuracy of audio processing.

BRIEF DESCRIPTION OF THE DRAWINGS

[0022] FIG. 1 is a schematic diagram of an application scenario of an audio processing

system according to an embodiment of the present disclosure.

[0023] FIG. 2 is a schematic structural diagram of an electronic device for audio processing

according to an embodiment of the present disclosure.

[0024] FIG. 3 to FIG. 5 are each a schematic flowchart of an artificial intelligence-based

audio processing method according to an embodiment of the present disclosure.

[0025] FIG. 6 is a schematic structural diagram of a neural network model according to an

embodiment of the present disclosure.

[0026] FIG. 7 is a schematic overall flowchart of audio scene identification according to an

embodiment of the present disclosure.

[0027] FIG. 8 is a schematic flowchart of extracting a spectrum feature from a time-domain

acoustical signal according to an embodiment of the present disclosure.

[0028] FIG. 9 is a schematic structural diagram of a neural network model according to an

embodiment of the present disclosure.

[0029] FIG. 10 is a schematic structural diagram of a ResNet unit according to an

embodiment of the present disclosure.



DESCRIPTION OF EMBODIMENTS

[0030] Before the embodiments of the present disclosure are further described in detail,
terms involved in the embodiments of the present disclosure are described. The terms provided in

the embodiments of the present disclosure are applicable to the following explanations.

[0031] 1) Convolutional neural network (CNN): It is a type of feedforward neural network
(FNN) including convolutional computation and having a deep structure, and is one of the
representative algorithms of deep learning. The convolutional neural network has a representation
learning capability and can perform shift-invariant classification of input images according to its

hierarchical structure.

[0032] 2) Residual Network (ResNet): It is a convolutional neural network that is easy to
optimize and can improve the accuracy by adding a considerable depth. Residual blocks in the
residual network use skip connections to alleviate the gradient disappearance problem caused by

increasing the depth in deep neural networks.

[0033] 3) Audio processing mode: It is a mode for audio processing. By applying the audio
processing mode to an audio clip, the audio can be optimized to obtain a clear and smooth audio.
The audio processing mode in the embodiments of the present disclosure includes a noise reduction

processing mode and a bitrate switching processing mode.

[0034] In the related art, an adaptive bitrate streaming (ABR) technology can adjust the
video bitrate adaptively, and the bitrate adjustment algorithm is mostly used in video playback to
automatically adjust the video bitrate (i.e., resolution) according to a network status or a playback
buffer status at a client. The noise reduction algorithm based on pervasive noise uses a spectrum
feature of noisy speech as an input to the neural network and clean speech as a reference output of
the neural network to train a noise reduction model, and uses a least mean square (LMS) error as an
optimization goal. After the noise reduction function is turned on, the same noise reduction method

is used for various scene environments.

[0035] It is found during the implementation of the present disclosure that since the network
environment quality fluctuates frequently, the bitrate switching based on the network speed also
frequently changes accordingly, and the frequent resolution switching greatly affects the user
experience. Specific noise of a specific scene in an actual environment poses higher desirables and

challenges to the robustness of the noise reduction algorithm based on pervasive noise.

[0036] In order to solve the above problems, the embodiments of the present disclosure

provide an artificial intelligence-based audio processing method, apparatus, electronic device, and



computer-readable storage medium, which can improve audio quality by performing targeted audio

processing based on audio scenes.

[0037] The artificial intelligence-based audio processing method provided in the
embodiments of the present disclosure may be independently implemented by a terminal or a server,
or may be implemented jointly by a terminal and a server. For example, the terminal alone is
responsible for the artificial intelligence-based audio processing method described below.
Alternatively, terminal A transmits an audio optimization request (including an audio clip) to a
server; the server executes an artificial intelligence-based audio processing method according to the
received audio optimization request, applies a target audio processing mode (including a noise
reduction processing mode and a bitrate switching processing mode) to an audio clip of an audio
scene in response to the audio optimization request, and transmits the processed audio clip to

terminal B, so that terminal A and terminal B can have a clear voice call.

[0038] An electronic device for audio processing in the embodiments of the present
disclosure may be various types of terminal devices or servers. The server may be an independent
physical server, a server cluster or a distributed system including multiple physical servers, or a
cloud server that provides cloud computing services. The terminal may be a smartphone, a tablet
computer, a notebook computer, a desktop computer, a smart speaker, a smartwatch, or the like, but
is not limited thereto. The terminal and the server may be directly or indirectly connected in a wired

or wireless communication manner, which is not limited in the present disclosure.

[0039] For example, the server may be a server cluster deployed in a cloud to provide an Al
as a Service (AlaaS) to users. The AlaaS platform splits several types of common Al services and
provide independent services or packaged services in the cloud. Such a service model is similar to
an Al-themed mall. All users can access one or more artificial intelligence services provided by the

AlaaS platform through application programming interfaces.

[0040] For example, one of the artificial intelligence cloud services may be an audio
processing service, that is, an audio processing program provided in the embodiments of the present
disclosure is installed on a server in the cloud. The user calls the audio processing service in the
cloud service through the terminal (running a client, such as an audio recording client, an instant
messaging client, etc.), so that the server deployed in the cloud calls the installed audio processing
program to determine a target audio processing mode matching an audio scene type and apply the

target audio processing mode to the audio clip of the audio scene.

[0041] As an application example, for an audio recording client, a user may be a contracted

anchor of an audio platform and needs to release audios of an audio book regularly. However, the
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scene where the anchor records audios may change. For example, the anchor may record audios at
home, in a library, or even outdoors. Different noise is present in these scenes. Audio recording is
performed in the current audio scene, audio scene identification is performed on the recorded audio
clip to determine the audio scene type, targeted noise reduction processing is performed on the
audio clip based on the audio scene type, and the denoised audio clip is stored, thereby achieving a

function of audio recording with denoising.

[0042] As another application example, for an instant messaging client, a user may transmit
a voice message to a certain friend or to a certain chat group. However, the current scene where the
user is located may change. For example, the user may be in an office, a shopping mall, etc.
Different noise exists in different scenes. Speech scene identification is performed on the speech of
the current scene to determine a speech scene type, targeted noise reduction processing is performed
on the speech based on the speech scene type, and the denoised audio clip is transmitted, thereby

achieving a function of transmitting denoised speech.

[0043] As another application example, for a conference client, users participating in a
conference may have a voice call in different environments. For example, user A participating in
the conference is in an office, user B participating in the conference is on a high-speed rail.
Different noise is present in different scenes, and the communication signal strength varies with
different scenes. For example, the high-speed rail has car noise and relatively poor communication
signal strength. Speech scene identification is performed for the voice call of the participating users
to determine speech scene types of the participating users, and targeted bitrate switching processing
is performed on the speech of the participating users based on the voice speech scene types to

realize adaptive bitrate switching, thereby improving the call quality of the conference call.

[0044] Referring to FIG. 1, FIG. 1 is a schematic diagram of an applications scene of an
audio processing system 10 according to an embodiment of the present disclosure. A terminal 200 is
connected to a server 100 through a network 300. The network 300 may be a wide area network, a

local area network, or a combination of thereof.

[0045] The terminal 200 (on which a client, such as an audio recording client, an instant
messaging client, a call client, etc., runs) may be used to obtain an audio optimization request. For
example, the user inputs or records an audio clip of an audio scene through the terminal 200, and
the terminal 200 automatically obtains the audio clip of the audio scene and automatically generates

the audio optimization request.

[0046] In some embodiments, the client running in the terminal may be implanted with an
audio processing plug-in to implement the artificial intelligence-based audio processing method
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locally on the client. For example, after obtaining the audio optimization request (including the
audio clip of the audio scene), the terminal 200 calls the audio processing plug-in to implement the
artificial intelligence-based audio processing method to identify an audio scene type corresponding
to noise in the audio clip, and based on a target audio processing mode matching the audio scene
type, applies the target audio processing mode to the audio clip of the audio scene. For example, for
an audio recording application, the user performs audio recording in the current audio scene,
performs audio scene identification on the recorded audio clip to determine the audio scene type,
performs targeted noise reduction processing on the audio clip based on the audio scene type, and

stores the denoised audio clip, thereby achieving a function of audio recording with denoising.

[0047] In some embodiments, after obtaining the audio optimization request, the terminal
200 calls an audio processing interface of the server 100 (which may be provided in the form of a
cloud service, that is, an audio processing service). The server 100 identifies an audio scene type
corresponding to noise in the audio clip, and based on a target audio processing mode matching the
audio scene type, applies the target audio processing mode to the audio clip of the audio scene, and
transmits the audio clip having being processed by the target audio processing mode (optimized
audio clip) to the terminal 200 or other terminals. For example, for an audio recording application,
the user performs audio recording in the current audio scene. The terminal 200 obtains the
corresponding audio clip, automatically generates an audio optimization request, and transmits the
audio optimization request to the server 100. Based on the audio optimization request, the server
100 performs audio scene identification on the recorded audio clip to determine the audio scene
type, performs targeted noise reduction processing on the audio clip based on the audio scene type,
and stores the denoised audio clip, thereby achieving a function of audio recording with denoising.
For an instant messaging application, when a user transmits a voice message in the current speech
scene, the terminal 200 obtains a corresponding audio clip, automatically generates an audio
optimization request, and transmits the audio optimization request to the server 100. Based on the
audio optimization request, the server 100 performs speech scene identification on the audio clip to
determine the speech scene type, performs targeted noise reduction processing on the audio clip
based on the speech scene type, and transmits the denoised audio clip, thereby achieving a function
of transmitting the denoised speech; and performs targeted bitrate switching processing on the audio
clip based on the speech scene type to realize adaptive bitrate switching, thereby improving the
quality of the voice call. For a call application, user A has a voice call with user B. User A makes a
voice call in the current speech scene. The terminal 200 obtains an audio clip corresponding to user
A, automatically generates an audio optimization request, and transmits the audio optimization

request to the server 100. Based on the audio optimization request, the server 100 performs speech

7



scene identification on the audio clip of user A to determine the speech scene type, performs
targeted noise reduction processing on the audio clip based on the speech scene type, and transmits

the denoised audio clip of user A to user B, thereby achieving a voice call function with denoising.

[0048] The following describes the structure of the electronic device for audio processing
according to the embodiments of the present disclosure. Referring to FIG. 2, FIG. 2 is a schematic
structural diagram of an electronic device 500 for audio processing according to an embodiment of
the present disclosure. For example, the electronic device 500 is a server. The electronic device 500
for audio processing shown in FIG. 2 includes at least one processor 510, a memory 550, at least
one network interface 520, and a user interface 530. All the components in the electronic device 500
are coupled together by using a bus system 540. It may be understood that, the bus system 540 is
configured to implement connection and communication between the components. In addition to a
data bus, the bus system 540 further includes a power bus, a control bus, and a state signal bus.
However, for ease of clear description, all types of buses in FIG. 2 are marked as the bus system

540.

[0049] The processor 510 may be an integrated circuit chip having a signal processing
capability, for example, a general purpose processor, a digital signal processor (DSP), or another
programmable logic device (PLD), discrete gate, transistor logical device, or discrete hardware
component. The general purpose processor may be a microprocessor, any conventional processor,

or the like.

[0050] The memory 550 includes a volatile memory or a non-volatile memory, or may
include both a volatile memory and a non-volatile memory. The non-volatile memory may be a
read-only memory (ROM). The volatile memory may be a random access memory (RAM). The
memory 550 described in this embodiment of the present disclosure is to include any other suitable
type of memories. The memory 550 optionally includes one or more storage devices that are

physically remote from the processor 510.

[0051] In some embodiments, the memory 550 may store data to support various operations.
Examples of the data include a program, a module, and a data structure, or a subset or a superset

thereof, which are described below by using examples.

[0052] An operating system 551 includes a system program configured to process various
basic system services and perform a hardware-related task, such as a framework layer, a core library
layer, or a driver layer, and is configured to implement various basic services and process a

hardware-based task.



[0053] A network communication module 552 is configured to reach another computing
device through one or more (wired or wireless) network interfaces 520. Exemplary network
interfaces 520 include: Bluetooth, wireless compatible authentication (Wi-Fi), a universal serial bus

(USB), and the like.

[0054] In some embodiments, the audio processing apparatus provided in the embodiments
of the present disclosure may be implemented using software, and, for example, may be the audio
processing plug-in in the terminal described above, or the audio processing service in the server
described above. Of course, the present disclosure is not limited thereto, and the audio processing
apparatus provided in the embodiments of the present disclosure may be provided as various
software embodiments, including various forms including an application, software, a software

module, a script, or a code.

[0055] FIG. 2 shows an audio processing apparatus 555 stored in the memory 550, which
may be software in the form of a program or plug-in, such as an audio processing plug-in, and
includes a series of modules, including an obtaining module 5551, a classification module 5552, a
processing module 5553, and a training module 5554; The obtaining module 5551, the classification
module 5552, and the processing module 5553 are configured to implement the audio processing
function provided in the embodiments of the present disclosure, and the training module 5554 is
configured to train a neural network model. The audio scene classification processing is

implemented by the neural network model.

[0056] As mentioned above, the artificial intelligence-based audio processing method
provided in the embodiments of the present disclosure may be implemented by various types of
electronic devices. Referring to FIG. 3, FIG. 3 is a schematic flowchart of an artificial
intelligence-based audio processing method according to an embodiment of the present disclosure.

The method will be described below with reference to the steps shown in FIG. 3.

[0057] In the following steps, the audio scene refers to an environment in which an audio is
generated, such as a home environment, an office environment, and an external environment when

taking various types of transportation such as high-speed rail.
[0058] Step 101. Obtain an audio clip of an audio scene, the audio clip including noise.

[0059] As an example of obtaining the audio clip, a user inputs an audio through a terminal
(running a client) in the current audio scene. The terminal 200 obtains a corresponding audio clips,

automatically generates an audio optimization request, and transmits the audio optimization request



to a server. The server parses the audio optimization request to obtain the audio clip of the audio

scene, to subsequently perform audio scene identification based on the audio clip.

[0060] Step 102. Perform audio scene classification processing based on the audio clip to

obtain an audio scene type corresponding to the noise in the audio clip.

[0061] For example, after the audio clip of the audio scene is obtained, the neural network
model may be used to perform audio scene classification processing based on the audio clip to
obtain the audio scene type corresponding to the noise in the audio clip. The audio clip may be
inputted into the neural network model, or a time domain feature or frequency domain feature of the
audio clip may be inputted into the neural network model. The neural network model performs
audio scene classification processing based on the time domain feature or frequency domain feature
of the audio clip, to obtain the audio scene type corresponding to the noise in the audio clip. Taking
the frequency domain feature of the audio clip as an example, after the audio clip is obtained,
framing processing is first performed on a time-domain signal of the audio clip to obtain a
multi-frame audio signal, then the multi-frame audio signal is windowed, and a Fourier transform is
performed on the windowed audio signal to obtain a frequency domain signal of the audio clip. A
Mel band of the frequency domain signal is logarithmically processed to obtain the frequency

domain feature of the audio clip, that is, the audio clip used for audio scene classification.

[0062] In order to enable the neural network model to process a multi-channel input, a
derivative of the frequency domain feature of the audio clip obtained by logarithmic processing may
be found to obtain a first-order derivative of the audio clip, and then a derivative of the first-order
derivative may be found to a second-order derivative of the audio clip. Finally the frequency
domain feature, the first-order derivative, and the second-order derivative of the audio clip are
combined into three channels of input signals, and the three channels of input signals is used as an

audio clip used for audio scene classification.

[0063] In some embodiments, the audio scene classification processing is implemented by a
neural network model, and the neural network model learns an association between the noise
included in the audio clip and the audio scene type; and the performing audio scene classification
processing based on the audio clip to obtain an audio scene type corresponding to the noise in the
audio clip includes: calling the neural network model based on the audio clip to perform the audio
scene classification processing to obtain an audio scene type having an association with the noise

included in the audio clip.

[0064] For example, as shown in FIG. 6, the neural network model includes a mapping

network, a residual network, and a pooling network; and feature extraction processing is performed
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on the audio clip through the mapping network to obtain a first feature vector of the noise in the
audio clip; mapping processing is performed on the first feature vector through the residual network
to obtain a mapping vector of the audio clip; feature extraction processing is performed on the
mapping vector of the audio clip through the mapping network to obtain a second feature vector of
the noise in the audio clip; pooling processing is performed on the second feature vector through the
pooling network to obtain a pooled vector of the audio clip; and non-linear mapping processing is
performed on the pooled vector of the audio clip to obtain the audio scene type having an

association with the noise included in the audio clip.

[0065] In the above example, the mapping network includes a plurality of cascaded
mapping layers; and the calling a neural network model based on the audio clips to perform audio
scene classification processing includes: performing feature mapping processing on the audio clip
through a first mapping layer in the plurality of cascaded mapping layers; outputting a mapping
result of the first mapping layer to a subsequent mapping layer in the plurality of cascaded mapping
layers, and continuing to perform feature mapping and mapping result outputting through the
subsequent mapping layer, until an output is provided to a last mapping layer; and determining a
mapping result outputted by the last mapping layer as the first feature vector of the noise in the

audio clip.

[0066] The mapping network can effectively extract a scene noise feature in the audio clip.
The mapping layer may be a convolutional neural network. However, the embodiments of the

present disclosure are not limited thereto, and the mapping layer may also be other neural networks.

[0067] In some embodiments, the residual network includes a first mapping network and a
second mapping network; and the performing mapping processing on the first feature vector
through the residual network to obtain a mapping vector of the audio clip includes: performing
mapping processing on the first feature vector through the first mapping network to obtain a first
mapping vector of the audio clip; performing nonlinear mapping processing on the first mapping
vector to obtain a non-mapping vector of the audio clip; performing mapping processing on the
non-mapping vector of the audio clip through the first mapping network to obtain a second mapping
vector of the audio clip; and determining a summation result of the first feature vector of the audio

clip and the second mapping vector of the audio clip as the mapping vector of the audio clip.

[0068] The residual network can effectively prevent the gradient disappearance problem in
the training error propagation of the neural network, to speed up the training of the neural network

model.
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[0069] In some embodiments, the neural network model needs to be trained so that the
trained neural network model can perform audio scene classification. A training method is as
follows: constructing audio samples respectively corresponding to a plurality of different audio
scenes based on a noise-free audio signal and background noise respectively corresponding to the
plurality of different audio scenes; and training a neural network model based on the audio samples
respectively corresponding to the plurality of different audio scenes to obtain a neural network

model for audio scene classification.

[0070] In order to enhance the diversity of sample data, a method for constructing audio
samples is as follows: performing following processing for any one of the plurality of different
audio scenes: fusing the background noise of the audio scene and the noise-free audio signal based
on a fusion ratio of the background noise of the audio scene and the noise-free audio signal to
obtain a first fused audio signal of the audio scene; fusing the background noise of the audio scene
corresponding to a first random coefficient in the first fused audio signal to obtain a second fused
audio signal of the audio scene; and fusing the noise-free audio signal corresponding to a second

random coefficient in the second fused audio signal to obtain an audio sample of the audio scene.

[0071] For example, after maintained human voice (noise-free audio signal) and background
noise are fused at a fusion ratio of 1:1, the human voice and the background noise are further
superimposed based on some random ratios, for example, a noise superposition coefficient (first
random coefficient) which is a random number ranging from 0.3 to 0.5, and a human voice
superposition coefficient (second random coefficient) which is a random number ranging from 0.5

t0 0.7.

[0072] In some embodiments, the training a neural network model based on the audio
samples respectively corresponding to the plurality of different audio scenes to obtain a neural
network model for audio scene classification includes: performing audio scene classification
processing on the audio samples respectively corresponding to the plurality of different audio
scenes through the neural network model, to obtain predicted audio scene types of the audio
samples; constructing a loss function of the neural network model based on the predicted audio
scene types of the audio samples, audio scene annotations of the audio samples, and weights of the
audio samples; and updating a parameter of the neural network model until the loss function
converges, and determining the updated parameter of the neural network model that causes the loss

function to converge as a parameter of the neural network model for audio scene classification.

[0073] For example, after the value of the loss function of the neural network model is

determined based on the predicted audio scene types of the audio samples, the audio scene

12



annotations of the audio samples, and the weights of the audio samples, it may be determined
whether the value of the loss function of the neural network model exceeds a preset threshold.
When the value of the loss function of the neural network model exceeds the preset threshold, an
error signal of the neural network model is determined based on the loss function of the neural
network model, error information is back-propagated in the neural network model, and a model

parameter of each layer is updated during the propagation.

[0074] The back-propagation is described herein. Training sample data is inputted into an
input layer of a neural network model, passes through a hidden layer, and finally, and reaches an
output layer, and a result is outputted, which is a forward propagation process of the neural network
model. Because there is an error between an output result of the neural network model and an actual
result, an error between the output result and an actual value is calculated, and the error is
back-propagated from the output layer to the hidden layer until it is propagated to the input layer. In
the back-propagation process, the value of the model parameter is adjusted according to the error.

The process is iterated until convergence is achieved.

[0075] Step 103. Determine a target audio processing mode corresponding to the audio
scene type, and applying the target audio processing mode to the audio clip according to a degree of

interference caused by the noise in the audio clip.

[0076] For example, after the audio scene type is obtained, the target audio processing mode
matching the audio scene type is first determined, and then the target audio processing mode is
applied to the audio clip of the audio scene to perform targeted audio optimization, thereby

improving the accuracy of audio processing.

[0077] Referring to FIG. 4, FIG. 4 is an optional schematic flowchart of an artificial
intelligence-based audio processing method according to an embodiment of the present disclosure.
FIG. 4 shows that step 103 in FIG. 3 may be implemented through steps 1031A to 1032A shown in
FIG. 4: the target audio processing mode includes a noise reduction processing mode. Step 1031A.
Query a correspondence between different candidate audio scene types and candidate noise
reduction processing modes based on the audio scene type corresponding to the audio scene, to
obtain a noise reduction processing mode matching the audio scene type. Step 1032A. Perform
matching processing on the noise type matching the audio scene type and the noise in the audio clip,
and suppress the noise successfully matched with the noise type to obtain a suppressed audio clip, a
ratio of a speech signal strength to a noise signal strength in the suppressed audio clip being lower

than a signal-to-noise ratio threshold.
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[0078] For example, according to an actual application scene, a mapping table including the
correspondence between different candidate audio scene types and candidate noise reduction
processing modes is pre-built, and the mapping table is stored in a storage space. By reading the
correspondence between the different candidate audio scene types and candidate noise reduction
processing modes included in the mapping table in the storage space, the noise reduction processing
mode matching the audio scene type may be quickly found based on the audio scene type
corresponding to the audio scene, and then the noise reduction processing mode may be applied to
the audio clip of the audio scene to remove the noise of the audio clip of the audio scene, thereby
achieving targeted denoising and improving the audio quality (that is, the audio resolution) of the

audio clip.

[0079] In some embodiments, the target audio processing mode includes a noise reduction
processing mode; and the determining a target audio processing mode corresponding to the audio
scene type includes: determining a noise type matching the audio scene type based on the audio
scene type corresponding to the audio scene; and querying a correspondence between different
candidate noise types and candidate noise reduction processing modes based on the noise type
matching the audio scene type, to obtain a noise reduction processing mode corresponding to the

audio scene type, noise types matching different audio scene types being not exactly the same.

[0080] For example, the noise type matching the audio scene type is first determined based
on the audio scene type corresponding to the audio scene, and then the noise reduction processing
mode matching the audio scene type is obtained based on the noise type matching the audio scene
type, that is, decoupling of the audio scene types from candidate noise reduction processing modes
is implemented, so that subsequently the correspondence between audio scene types and candidate

noise reduction processing modes can be flexibly adjusted.

[0081] For example, since the client developer may have different strategies for assigning
noise reduction processing modes for different noise or different users may have different desirables
on noise reduction processing modes for different noise. Therefore, if a mapping relationship
between audio scene types of audio scenes and noise reduction processing modes is implemented
through the neural network model, a large number of models need to be trained. Once the
assignment of the noise reduction processing modes for different noise is changed, the neural

network model needs to be retrained, which consumes a lot of computing resources.

[0082] However, if only a mapping relationship between audio scene types of the audio
clips and noise is implemented through the neural network model, various desirables on the noise

reduction processing mode in practical applications can be satisfied by training one neural network

14



model, as long as the setting of the strategy for noise types and noise reduction processing modes is
realized in the client. Even if the assignment of the noise reduction processing modes for different
noise is changed, only the setting of the strategy for noise types and noise reduction processing
modes needs to be adjusted in the client, to avoid consuming a lot of computing resources to train

neural network models.

[0083] In some embodiments, the applying the target audio processing mode to the audio
clip according to a degree of interference caused by the noise in the audio clip includes: determining
the degree of interference caused by the noise in the audio clip; and applying the noise reduction
processing mode corresponding to the audio scene type to the audio clip of the audio scene in

response to the degree of interference being greater than an interference degree threshold.

[0084] For example, when the noise in the audio clip has little effect on the audio clip, the
noise reduction processing may not be performed, and the noise reduction processing is performed
on the audio clip only when the noise in the audio clip affects the audio clip. For example, when a
user 1s recording an audio, although some noises of the audio scene is recorded during the recording,
these noises do not affect the effect of the recording, so the noise reduction processing may not be
performed on the recording. When these noises affect the effect of the recording (for example, the
content of the recording cannot be heard clearly), the noise reduction processing may be performed

on the recording.

[0085] Referring to FIG. 5, FIG. 5 is an optional schematic flowchart of an artificial
intelligence-based audio processing method according to an embodiment of the present disclosure.
FIG. 5 shows that step 103 in FIG. 3 may be implemented through steps 1031B-1032B shown in
FIG. 5: the target audio processing mode includes a bitrate switching processing mode. Step 1031B.
Query a correspondence between different candidate audio scene types and candidate bitrate
switching processing modes based on the audio scene type corresponding to the audio scene, to
obtain a bitrate switching processing mode corresponding to the audio scene type. Step 1032B.
Apply the bitrate switching processing mode corresponding to the audio scene type to the audio

clip.

[0086] For example, according to an actual application scene, a mapping table including the
correspondence between different audio scene types and candidate bitrate switching processing
modes is pre-built, and the mapping table is stored in a storage space. By reading the
correspondence between the different audio scene types and candidate bitrate switching processing
modes included in the mapping table in the storage space, the bitrate switching processing mode

matching the audio scene type may be quickly found based on the audio scene type corresponding
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to the audio scene, and then the bitrate switching processing mode may be applied to the audio clip
of the audio scene to switch the bitrate of the audio clip, thereby achieving targeted bitrate

switching and improving the fluency of the audio clip.

[0087] In some embodiments, the target audio processing mode includes a bitrate switching
processing mode. the determining a target audio processing mode corresponding to the audio scene
type includes: comparing the audio scene type corresponding to the audio scene with a preset audio
scene type; and determining a bitrate switching processing mode associated with the preset audio
scene type as a bitrate switching processing mode corresponding to the audio scene type in response

to determining through the comparison that the audio scene type is the preset audio scene type.

[0088] For example, not all audio scenes require bitrate switching. For example, an office
environment where the communication signal strength is relatively stable does not require bitrate
switching, while a high-speed rail environment with weak and unstable signal strength requires
bitrate switching. Therefore, before determining the bitrate switching processing mode, it is
necessary to compare the audio scene type with the preset audio scene type that requires bitrate
switching. Only when it is determined through comparison that the audio scene type belongs to the
preset audio scene type that requires bitrate switching, the bitrate switching processing mode
associated with the preset audio scene type is determined as the bitrate switching processing mode
matching the audio scene type, to avoid resource waste caused in the case where bitrate switching is

required in all scenes.

[0089] In some embodiments, the applying the target audio processing mode to the audio
clip of the audio scene includes: reducing an audio bitrate of the audio clip according to a first set
ratio or a first set value in response to the communication signal strength of the audio scene being
less than a communication signal strength threshold; and increasing the audio bitrate of the audio
clip according to a second set ratio or a second set value in response to the communication signal

strength of the audio scene being greater than or equal to the communication signal strength

threshold.

[0090] Taking a voice call scene as an example, multiple people in different environments
are having a voice call, and transmit audio clips to a server through clients. The server receives the
audio clips transmitted by the clients, performs audio scene classification processing based on the
audio clips to obtain audio scene types corresponding to noise in the audio clips, and after
determining bitrate switching processing modes matching the audio scene types, determines
communication signal strengths of the audio scene. When the communication signal strength of the

audio scene is less than a communication signal strength threshold, it means that the signal strength

16



of the current audio scene is weak, and the bitrate needs to be reduced. Therefore, the audio bitrate
of the audio clip is reduced according to the first set ratio or first set value in the bitrate switching
processing mode matching the audio scene type, to facilitate subsequent smooth audio interaction to
avoid interruption of the voice call. When the communication signal strength of the audio scene is
greater than or equal to the communication signal strength threshold, it means that the
communication signal strength of the current audio scene is strong, and the call will not be
interrupted even if the bitrate is not lowered, i.e., the bitrate does not need to be reduced. Therefore,
the audio bitrate of the audio clip is increased according to the second set ratio or the second set
value in the bitrate switching processing mode, thereby improving the smoothness of audio
interaction. The first set ratio and the second set ratio may be the same or different. The first set
value and the second set value may be the same or different. The first set ratio, the second set ratio,

the first set value, and the second set value may be set according to actual desirables.

[0091] An example of the manner of obtaining the communication signal strength of the
audio scene is as follows: averaging communication signal strengths obtained by multiple times of
sampling in the audio scene, and using a result of the averaging as the communication signal
strength of the audio scene. For example, multiple sampling results of a user starting from the
beginning of the voice call are averaged, and a result of the averaging is used as the communication

signal strength of the user in the audio scene.

[0092] In some embodiments, the applying the target audio processing mode to the audio
clip of the audio scene includes: determining jitter information of a strength of a communication
signal in the audio scene based on strengths of the communication signal that are obtained by
multiple times of sampling in the audio scene; and reducing an audio bitrate of the audio clip
according to a third set ratio or a third set value in response to the jitter information indicating that

the communication signal is in an unstable state.

[0093] For example, the communication signal strength is sampled multiple times in the
audio scene, and the jitter change (i.e., jitter information) of the communication signal strength in
the audio scene is obtained by normal distribution. When the variance in the normal distribution
representing the jitter change is greater than a variance threshold, it means that data (that is, the
communication signal) in the normal distribution is relatively scattered, and the communication
signal strength jitters violently, which means that the communication signal strength is unstable. To
avoid the subsequently frequent switching of the audio bitrate while ensuring the audio fluency, the

audio bitrate of the audio clip may be reduced according to a preset ratio or preset value in the
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bitrate switching processing mode matching the audio scene type. The third set ratio and the third

set value may be set according to actual desirables.

[0094] It is further determined whether bitrate switching is required by determining the jitter
change of the communication signal strength in the audio scene, to avoid frequent switching of the

audio bitrate while ensuring the audio fluency, thereby improving the user experience.

[0095] In some embodiments, the applying the target audio processing mode to the audio
clip of the audio scene includes: reducing an audio bitrate of the audio clip according to a fourth set
ratio or a fourth set value in response to a type of a communication network for transmitting the

audio clip being a set type.

[0096] For example, after determining the bitrate switching processing mode matching the
audio scene type, it may also be determined whether the type of the communication network used to
transmit the audio clip is a set type (for example, a WiFi network, a cellular network, etc.). For
example, when it is determined that the type of the communication network used to transmit the
audio clip is a WiF1 network, indicating that the current audio clip is in an unstable environment,
the audio bitrate of the audio clip may be reduced according to a preset ratio or preset value in the
bitrate switching processing mode matching the audio scene type, to ensure the audio fluency. The

third set ratio and the third set value may be set according to actual desirables.

[0097] The following describes an exemplary application of this embodiment of the present

disclosure in an actual application scene.

[0098] The embodiments of the present disclosure may be applied to various speech
application scenes. For example, for an audio recording application, a user records an audio in the
current speech scene through an audio recording client running in a terminal. The audio recording
client performs speech scene identification on the recorded audio clip to determine a speech scene
type, performs targeted noise reduction processing on the audio clip based on the speech scene type,
and stores the denoised audio clip, thereby achieving a function of audio recording with denoising.
For an instant messaging application, a user transmits a voice message in the current voice scene
through an instant messaging client running in a terminal. The instant messaging client obtains a
corresponding audio clip, performs voice scene identification on the audio clip to determine a voice
scene type, performs targeted noise reduction processing on the audio clip based on the voice scene
type, and transmits the denoised audio clip through the instant messaging client, thereby achieving a
function of transmitting denoised speech. For a call application, user A has a voice call with user B.
User A makes a voice call in the current speech scene through a call client running in a terminal.

The call client obtains an audio clip of user A, automatically generates an audio optimization
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request based on the audio clip of user A, and transmits the audio optimization request to a server.
Based on the audio optimization request, the server performs speech scene identification on the
audio clip of user A to determine the speech scene type, performs targeted noise reduction
processing on the audio clip based on the speech scene type, and transmits the denoised audio clip

of user A to user B, thereby achieving a voice call function with denoising.

[0099] The embodiments of the present disclosure provide an artificial intelligence-based
audio processing method, where Mel frequency log energy features are extracted for an audio clip
and normalized, and the normalized features are inputted into a neural network to predict a scene
corresponding to the audio clip. Since the call scene is relatively more stable, the scene-based
bitrate control has better stability. According to the noise characteristics of different scenes,
adaptive learning, transfer learning, etc. may be used to obtain personalized noise reduction
solutions for specific scenes. Switching the dedicated noise reduction mode for specific scenes
based on the result of scene identification provides better noise reduction performance, thereby

improving the call quality and user experience.

[0100] For example, in a real-time communication conference, with the continuous
improvement of conference mobile terminals, users may join a conference in various environments
(audio scene, voice scene, etc.), such as an office environment, a home environment, or a mobile
transportation environment such as subway or high-speed rail. Different scenes bring scene-specific
challenges to the real-time processing of audio signals. For example, in scenes such as high-speed
rail where the signal strength is weak and unstable, audio communication often becomes
intermittent, seriously affecting the communication quality; The specific background noise in
different scenes (such as noise made by children playing, TV background sound, kitchen noise, etc.
in the home environment) poses higher desirables on the robustness of the noise reduction

algorithm.

[0101] In order to meet the needs of users for conferencing in various scenes and improve
the users' conference audio experience in complex environments, providing scene-specific solutions
based on environmental characteristics is an important trend to optimize audio processing
algorithms. Accurately identifying the scene where an audio occurs is an important basis and
foundation for realizing the scene-specific solutions. The embodiments of the present disclosure
propose an audio scene classification solution, where scene-specific audio processing algorithms are
adopted for the classification results of audio scenes. For example, in a high-speed rail scene where

the signal strength is weak and unstable, automatic bitrate switching is performed to reduce the
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audio bitrate to avoid intermittent connectivity issues. By applying a noise reduction solution

according to the identified scene, the experience of users joining a conference is improved.

[0102] The targeted noise reduction solution is mainly for reducing the noise in particular
scenes, for example, noise generated by keyboard pressing or friction of paper materials in the
office environment; kitchen noise, noise made by children playing, or TV background sound in the
home environment; station prompting sound of a moving vehicle, etc. Noise reduction models for
the scenes (models for eliminating typical noise in the corresponding scenes) are trained adaptively
based on a general noise reduction model. After a scene is identified, the noise reduction model
corresponding to the scene is adopted for noise reduction. Targeted bitrate switching is mainly used
in specific scenes, e.g., a transportation environment such as a high-speed rail where the signal
strength is weak, to reduce the bitrate of conference communication (for example, from 16k to 8k)
to reduce the transmission burden and reduce intermittent connectivity, thereby improving the

conference experience.

[0103] In the audio scene classification solution proposed in the embodiments of the present
disclosure, corresponding frequency-domain spectrum features, i.e., Mel frequency log filterbank
energy features, are first extracted according to a time-domain audio signal obtained, and then the
spectrum features are normalized. After normalization, these normalized spectrum features are
inputted into a neural network model, such as a deep residual network (ResNet) based on a
convolutional neural network (CNN), so that the neural network model constructs a model for the
normalized spectrum features. In an actual test, the log energy spectrum of the inputted audio signal
is first normalized and inputted to an established neural network model, and the neural network
model outputs a scene classification result for each input audio clip. According to the scene result
identified by the neural network model, the conference system may automatically switch the
adaptive audio bitrate, adopt the targeted noise reduction solution suitable for the scene, and so on,

to improve the overall voice call quality and user experience.

[0104] As shown in FIG. 7, FIG. 7 is a schematic overall flowchart of audio scene
identification according to an embodiment of the present disclosure. The audio scene identification
includes a training stage training and a testing stage, including five modules, namely: 1) scene noise
language material collection; 2) construction of training data; 3) extraction of training data features;

4) training of neural network model; and 5) Scene prediction.
[0105] 1) Scene noise language material collection

[0106] Background noise in different scenes are collected. The background noise includes,

for example, noise generated by keyboard pressing or friction of paper materials in the office
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environment; kitchen noise, noise made by children playing, or TV background sound in the home

environment; station prompting sound of a moving vehicle, etc.
[0107] 2) Construction of training data

[0108] The background noise collected in different scenes and different clean audio
(noise-free speech) are superimposed in the time domain to generate a mixed signal of scene noise
and clean audio, which is used as an input to train the neural network model. During superimposing,
in order to prevent the voice amplitude after superimposition from exceeding a system threshold
and enhance the data diversity to better simulate an audio in a real environment, not only human
voice and noise are superimposed at the original ratio of 1:1, but also the human voice and the
background noise are further superimposed based on some random ratios, for example, a human
voice superposition coefficient which is a random number ranging from 0.5 to 0.7 and a noise

superposition coefficient which is a random number ranging from 0.3 to 0.5.
[0109] 3) Extraction of training data features

[0110] Operations such as framing, windowing, and Fourier transform are performed on the

audio signal in the training data to obtain Mel log energy spectrum features.

[0111] As shown in FIG. 8, FIG. 8 is a schematic flowchart of extracting a spectrum feature
from a time-domain acoustical signal according to an embodiment of the present disclosure. First, a
framing operation is performed on the time domain signal according to a short-term transient
assumption, to convert a continuous signal into discrete vectors. Afterward, each frame of audio
signal is smoothed by windowing to eliminate edge discontinuity. Then a Fourier Transform (FT) is
performed on each frame to obtain a frequency domain signal. Then Mel bands are applied to the
frequency domain signal to obtain energy in each band. Based on the nonlinear response of human
ears to audio, Mel bands are used herein to replace linear bands to better simulate the human ear

response. Finally, a logarithmic operation is performed to obtain Mel log spectrum features.
[0112] 4) Training of neural network model

[0113] The input to the neural network model is three channels of Mel log energy spectrum
features of scene noise superimposed on clean audio, and the output of the neural network model is
the classification result of scene identification. During the training process, a cross entropy error is
used as the loss function, and the training objective is to minimize the loss function: ming L(8) =
— Y. ti logo;, where, t; represents a correct scene annotation of the input audio, and o; represents

the scene type predicted by the neural network model.
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[0114] As shown in FIG. 9, FIG. 9 is a schematic structural diagram of a neural network
model according to an embodiment of the present disclosure. The neural network model includes
two ResNet units, multiple CNN networks, and an average pooling layer. Mel log energy features,
first-order derivatives and second-order derivative thereof form three channels of input signals. The

neural network model finally outputs the scene classification result.

[0115] The neural network model uses ResNet units. As shown in FIG. 10, FIG. 10 is a
schematic structural diagram of a ResNet unit according to an embodiment of the present disclosure.
Each ResNet unit includes two CNN layers, where x and y represent the input and output of the
residual unit respectively, f; and f, respectively represent function mappings of the two CNN layers,
and W, and W, respectively represent weight parameters corresponding to the two CNN layers. The
CNN layer can effectively capture the scene noise features in the spectral information, and the
residual network can effectively prevent the gradient disappearance problem in the training error

propagation of the neural network.
[0116] 5) Scene prediction.

[0117] After training the neural network model, optimal model parameters are selected and
saved as a trained model. During testing, the spectrum features extracted from the normalized noisy
speech are inputted into the trained model, and the trained model outputs a predicted audio scene.
Subsequently, scene-specific audio processing algorithms are adopted for the classification results
of audio scenes. For example, in a high-speed rail scene where the signal strength is weak and
unstable, automatic bitrate switching is performed to reduce the audio bitrate to avoid intermittent
connectivity issues. By applying a noise reduction solution according to the identified scene, the

experience of users joining a conference is improved.

[0118] Based on the above, in the embodiments of the present disclosure, a lightweight
audio scene identification model is constructed, which requires less storage space and achieves a
higher prediction speed. As a front-end algorithm, the audio scene identification model may be used
as a basis and foundation for subsequent optimization of complex algorithms. Based on the audio
scene identification results, the audio bitrate is adjusted and controlled, and scene-specific audio

solutions such as scene-specific noise reduction solutions are adopted.

[0119] Thus, the artificial intelligence-based audio processing method provided in the
embodiments of the present disclosure has been described with reference to exemplary applications
and implementations of the server provided in the embodiments of the present disclosure. The
embodiments of the present disclosure further provide an audio processing method. In actual

applications, functional modules in the audio processing apparatus may be cooperatively
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implemented by hardware resources of an electronic device (such as a terminal device, a server or a
server cluster), for example, computing resources such as a processor, communication resources
(which are, for example, used for supporting implementation of various types of communication
such as optical cable communication and cellular communication), and a storage. FIG. 2 shows an
audio processing apparatus 555 stored in the memory 550, which may be software in the form of a
program or plug-in, for example, a software module designed in a programming language such as
C/C++ and Java, or a special software module, application programming interface, plug-in, cloud
service, etc. in application software or a large-scale software system designed in a programming

language such as C/C++ and Java. Different implementations are described below by way of

example.
[0120] Example 1. The audio processing apparatus is a mobile application and module
[0121] The audio processing apparatus 555 in the embodiments of the present disclosure

may be provided as a software module designed in a programming language such as software
C/C++ and Java, and may be embedded in various mobile applications based on systems such as
Android or 10S (e.g., stored as executable instructions in a storage medium of a mobile terminal,
and executed by a processor of the mobile terminal), to directly use computing resources of the
mobile terminal to implement the related information recommendation tasks and periodically or
irregularly transmit the processing results to a remote server through various network

communication methods or save the processing results locally on the mobile terminal.
[0122] Example 2. The audio processing apparatus is a server application and platform

[0123] The audio processing apparatus 555 in the embodiments of the present disclosure
may be provided as special software module in application software or a large-scale software
system designed in a programming language such as C/C++ and Java, and may be run on a server
terminal (e.g., stored as executable instructions in a storage medium of the server terminal, and
executed by a processor of the server terminal), and the server uses its own computing resources to

implement the related information recommendation tasks.

[0124] The embodiments of the present disclosure may further be provided on a distributed
and parallel computing platform including multiple servers, and be attached a customized and
readily interactive Web interface or various other user interfaces (UI), to form an information

recommendation platform (for recommending a list) for a person, a group or an enterprise to use.

[0125] Example 3: The audio processing apparatus is a server-side API and plug-in
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[0126] The audio processing apparatus 555 in the embodiments of the present disclosure
may be provided as a server-side API or plug-in for the user to call to execute the artificial
intelligence-based audio processing method according to the embodiments of the present disclosure

and be embedded in various applications.
[0127] Example 4. The audio processing apparatus is a mobile device client API and plug-in

[0128] The audio processing apparatus 555 in the embodiments of the present disclosure
may be provided as an API or plug-in on the mobile device side for the user to call to execute the

artificial intelligence-based audio processing method according to the embodiments of the present

disclosure.
[0129] Example 5. The audio processing apparatus is an open cloud service
[0130] The audio processing apparatus 555 in the embodiments of the present disclosure

may be provided as a cloud service for information recommendation developed for users, for a

person, group, or enterprise to obtain a recommended list.

[0131] The audio processing apparatus 555 includes a series of modules, including an
obtaining module 5551, a classification module 5552, a processing module 5553, and a training
module 5554. The following continues to describe the audio processing solution implemented
through cooperation of the modules in the audio processing apparatus 555 provided in the

embodiments of the present disclosure.

[0132] The obtaining module 5551 is configured to obtain an audio clip of an audio scene,
the audio clip including noise. The classification module 5552 is configured to perform audio scene
classification processing based on the audio clip to obtain an audio scene type corresponding to the
noise in the audio clip. The processing module 5553 is configured to determine a target audio
processing mode corresponding to the audio scene type, and apply the target audio processing mode

to the audio clip according to a degree of interference caused by the noise in the audio c

[0133] In some embodiments, the target audio processing mode includes a noise reduction
processing mode; and the processing module 5553 is further configured to query a correspondence
between different candidate audio scene types and candidate noise reduction processing modes
based on the audio scene type corresponding to the audio scene, to obtain a noise reduction

processing mode corresponding to the audio scene type.

[0134] In some embodiments, the target audio processing mode includes a noise reduction
processing mode; and the processing module 5553 is further configured to determine a noise type

matching the audio scene type based on the audio scene type corresponding to the audio scene; and
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query a correspondence between different candidate noise types and candidate noise reduction
processing modes based on the noise type matching the audio scene type, to obtain a noise
reduction processing mode corresponding to the audio scene type, noise types matching different

audio scene types being not exactly the same.

[0135] In some embodiments, before applying the target audio processing mode to the audio
clip of the audio scene, the processing module 5553 is further configured to determine the degree of
interference caused by the noise in the audio clip; and apply the noise reduction processing mode
corresponding to the audio scene type to the audio clip in response to the degree of interference

being greater than an interference degree threshold.

[0136] In some embodiments, the processing module 5553 is further configured to perform
matching processing on the noise type matching the audio scene type and the noise in the audio clip;
and suppress the noise successfully matched with the noise type to obtain a suppressed audio clip, a
ratio of a speech signal strength to a noise signal strength in the suppressed audio clip being lower

than a signal-to-noise ratio threshold.

[0137] In some embodiments, the target audio processing mode includes a bitrate switching
processing mode; and the processing module 5553 is further configured to query a correspondence
between different candidate audio scene types and candidate bitrate switching processing modes
based on the audio scene type corresponding to the audio scene, to obtain a bitrate switching

processing mode corresponding to the audio scene type.

[0138] In some embodiments, the target audio processing mode includes a bitrate switching
processing mode; and the processing module 5553 is further configured to compare the audio scene
type corresponding to the audio scene with a preset audio scene type; and determine a bitrate
switching processing mode associated with the preset audio scene type as a bitrate switching
processing mode corresponding to the audio scene type in response to determining through the

comparison that the audio scene type is the preset audio scene type.

[0139] In some embodiments, the processing module 5553 is further configured to obtain a
communication signal strength of the audio scene; reduce an audio bitrate of the audio clip
according to a first set ratio or a first set value in response to the communication signal strength of
the audio scene being less than a communication signal strength threshold; and increase the audio
bitrate of the audio clip according to a second set ratio or a second set value in response to the
communication signal strength of the audio scene being greater than or equal to the communication

signal strength threshold.
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[0140] In some embodiments, the processing module 5553 is further configured to
determine jitter information of a strength of a communication signal in the audio scene based on
strengths of the communication signal that are obtained by multiple times of sampling in the audio
scene; and reduce an audio bitrate of the audio clip according to a third set ratio or a third set value

in response to the jitter information indicating that the communication signal is in an unstable state.

[0141] In some embodiments, the processing module 5553 is further configured to reduce
an audio bitrate of the audio clip according to a fourth set ratio or set value in response to a type of a

communication network for transmitting the audio clip being a set type.

[0142] In some embodiments, the audio scene classification processing is implemented by a
neural network model, and the neural network model learns an association between the noise
included in the audio clip and the audio scene type; and the classification module 5552 is further
configured to call the neural network model based on the audio clip to perform the audio scene
classification processing to obtain an audio scene type having an association with the noise included

in the audio clip.

[0143] In some embodiments, the neural network model includes a mapping network, a
residual network, and a pooling network; and the classification module 5552 is further configured to
perform feature extraction processing on the audio clip through the mapping network to obtain a
first feature vector of the noise in the audio clip; perform mapping processing on the first feature
vector through the residual network to obtain a mapping vector of the audio clip; perform feature
extraction processing on the mapping vector of the audio clip through the mapping network to
obtain a second feature vector of the noise in the audio clip; perform pooling processing on the
second feature vector through the pooling network to obtain a pooled vector of the audio clip; and
perform non-linear mapping processing on the pooled vector of the audio clip to obtain the audio

scene type having an association with the noise included in the audio clip.

[0144] In some embodiments, the mapping network includes a plurality of cascaded
mapping layers; and the classification module 5552 is further configured to perform feature
mapping processing on the audio clip through a first mapping layer in the plurality of cascaded
mapping layers; output a mapping result of the first mapping layer to a subsequent mapping layer in
the plurality of cascaded mapping layers, and continue to perform feature mapping and mapping
result outputting through the subsequent mapping layer, until an output is provided to a last
mapping layer; and determine a mapping result outputted by the last mapping layer as the first

feature vector of the noise in the audio clip.

26



[0145] In some embodiments, the residual network includes a first mapping network and a
second mapping network; and the classification module 5552 is further configured to perform
mapping processing on the first feature vector through the first mapping network to obtain a first
mapping vector of the audio clip; perform nonlinear mapping processing on the first mapping vector
to obtain a non-mapping vector of the audio clip; perform mapping processing on the non-mapping
vector of the audio clip through the first mapping network to obtain a second mapping vector of the
audio clip; and determine a summation result of the first feature vector of the audio clip and the

second mapping vector of the audio clip as the mapping vector of the audio clip.

[0146] In some embodiments, the apparatus further includes: a training module 5554,
configured to construct audio samples respectively corresponding to a plurality of different audio
scenes based on a noise-free audio signal and background noise respectively corresponding to the
plurality of different audio scenes; and train a neural network model based on the audio samples
respectively corresponding to the plurality of different audio scenes to obtain a neural network

model for audio scene classification.

[0147] In some embodiments, the training module 5554 is further configured to perform
following processing for any one of the plurality of different audio scenes: fuse the background
noise of the audio scene and the noise-free audio signal based on a fusion ratio of the background
noise of the audio scene and the noise-free audio signal to obtain a first fused audio signal of the
audio scene; fuse the background noise of the audio scene corresponding to a first random
coefficient in the first fused audio signal to obtain a second fused audio signal of the audio scene;
and fuse the noise-free audio signal corresponding to a second random coefficient in the second

fused audio signal to obtain an audio sample of the audio scene.

[0148] In some embodiments, the training module 5554 is further configured to perform
audio scene classification processing on the audio samples respectively corresponding to the
plurality of different audio scenes through the neural network model, to obtain predicted audio
scene types of the audio samples; construct a loss function of the neural network model based on
the predicted audio scene types of the audio samples, audio scene annotations of the audio samples,
and weights of the audio samples; and update a parameter of the neural network model until the loss
function converges, and determine the updated parameter of the neural network model that causes
the loss function to converge as a parameter of the neural network model for audio scene

classification.

[0149] In some embodiments, before performing the audio scene classification processing

based on the audio clip, the obtaining module 5551 is further configured to perform framing
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processing on a time domain signal of the audio clip to obtain a multi-frame audio signal; window
the multi-frame audio signal, and perform a Fourier transform on the windowed audio signal to
obtain a frequency domain signal of the audio clip; and perform logarithmic processing on a Mel

band of the frequency domain signal to obtain the audio clip for the audio scene classification.

[0150] An embodiment of the present disclosure provides a computer program product or a
computer program. The computer program product or the computer program includes computer
instructions, and 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 executes the computer instructions, so that the computer device executes the artificial

intelligence-based audio processing method in the embodiments of the present disclosure.

[0151] An embodiment of the present disclosure provides a computer-readable storage
medium storing executable instructions, the executable instructions, when executed by a processor,
causing the processor to execute the artificial intelligence-based audio processing method provided
in the embodiments of the present disclosure, for example, the artificial intelligence-based audio

processing method shown in FIG. 3 to FIG. 5.

[0152] In some embodiments, the computer-readable storage medium may be a memory
such as a ferroelectric RAM (FRAM), a ROM, a programmable ROM (PROM), an electrically
programmable ROM (EPROM), an electrically erasable PROM (EEPROM), a flash memory, a
magnetic surface memory, an optical disk, or a CD-ROM, or may be any device including one of or

any combination of the foregoing memories.

[0153] In some embodiments, the executable instructions can be written in a form of a

program, software, a software module, a script, or code and according to a programming language
(including a compiler or interpreter language or a declarative or procedural language) in any form,
and may be deployed in any form, including an independent program or a module, a component, a

subroutine, or another unit suitable for use in a computing environment.

[0154] In an example, the executable instructions may, but do not necessarily, correspond to
a file in a file system, and may be stored in a part of a file that saves another program or other data,
for example, be stored in one or more scripts in a hypertext markup language (HTML) file, stored in
a file that is specially used for a program in discussion, or stored in the plurality of collaborative

files (for example, be stored in files of one or modules, subprograms, or code parts).

[0155] In an example, the executable instructions may be deployed to be executed on a

computing device, or deployed to be executed on a plurality of computing devices at the same
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location, or deployed to be executed on a plurality of computing devices that are distributed in a

plurality of locations and interconnected by using a communication network.

[0156] The foregoing descriptions are merely embodiments of the present disclosure and are
not intended to limit the protection scope of the present disclosure. Any modification, equivalent
replacement, or improvement made without departing from the spirit and range of the present

disclosure shall fall within the protection scope of the present disclosure.
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CLAIMS

What is claimed is:

1. An artificial intelligence-based audio processing method, comprising:
obtaining an audio clip of an audio scene, the audio clip comprising noise;

performing audio scene classification processing based on the audio clip to obtain an audio

scene type corresponding to the noise in the audio clip; and

determining a target audio processing mode corresponding to the audio scene type, and
applying the target audio processing mode to the audio clip according to a degree of interference

caused by the noise in the audio clip.
2. The method according to claim 1, wherein
the target audio processing mode comprises a noise reduction processing mode; and

the determining a target audio processing mode corresponding to the audio scene type

comprises:

querying a correspondence between different candidate audio scene types and candidate noise
reduction processing modes based on the audio scene type corresponding to the audio scene, to

obtain a noise reduction processing mode corresponding to the audio scene type.
3. The method according to claim 1, wherein
the target audio processing mode comprises a noise reduction processing mode; and

the determining a target audio processing mode corresponding to the audio scene type

comprises:

determining a noise type matching the audio scene type based on the audio scene type

corresponding to the audio scene; and

querying a correspondence between different candidate noise types and candidate noise
reduction processing modes based on the noise type matching the audio scene type, to obtain a

noise reduction processing mode corresponding to the audio scene type,
noise types matching different audio scene types being not exactly the same.

4. The method according to claim 2 or 3, wherein the applying the target audio processing
mode to the audio clip according to a degree of interference caused by the noise in the audio clip

comprises:
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determining the degree of interference caused by the noise in the audio clip; and

applying the noise reduction processing mode corresponding to the audio scene type to the
audio clip in response to the degree of interference being greater than an interference degree

threshold.

5. The method according to claim 2 or 3, wherein the applying the target audio processing

mode to the audio clip comprises:

performing matching processing on the noise type matching the audio scene type and the noise

in the audio clip; and

suppressing the noise successfully matched with the noise type to obtain a suppressed audio

clip,

a ratio of a speech signal strength to a noise signal strength in the suppressed audio clip being

lower than a signal-to-noise ratio threshold.
6. The method according to claim 1, wherein
the target audio processing mode comprises a bitrate switching processing mode; and

the determining a target audio processing mode corresponding to the audio scene type

comprises:

querying a correspondence between different candidate audio scene types and candidate bitrate
switching processing modes based on the audio scene type corresponding to the audio scene, to

obtain a bitrate switching processing mode corresponding to the audio scene type.
7. The method according to claim 1, wherein
the target audio processing mode comprises a bitrate switching processing mode; and

the determining a target audio processing mode corresponding to the audio scene type

comprises:
comparing the audio scene type corresponding to the audio scene with a preset audio scene
type; and

determining a bitrate switching processing mode associated with the preset audio scene type as
a bitrate switching processing mode corresponding to the audio scene type in response to

determining through the comparison that the audio scene type is the preset audio scene type.

8. The method according to claim 6 or 7, wherein the applying the target audio processing

mode to the audio clip comprises:
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obtaining a communication signal strength of the audio scene;

reducing an audio bitrate of the audio clip according to a first set ratio or a first set value in
response to the communication signal strength of the audio scene being less than a communication

signal strength threshold; and

increasing the audio bitrate of the audio clip according to a second set ratio or a second set
value in response to the communication signal strength of the audio scene being greater than or

equal to the communication signal strength threshold.

9. The method according to claim 6 or 7, wherein the applying the target audio processing

mode to the audio clip comprises:

determining jitter information of a strength of a communication signal in the audio scene based
on strengths of the communication signal that are obtained by multiple times of sampling in the

audio scene; and

reducing an audio bitrate of the audio clip according to a third set ratio or a third set value in

response to the jitter information indicating that the communication signal is in an unstable state.

10. The method according to claim 6 or 7, wherein the applying the target audio processing

mode to the audio clip comprises:

reducing an audio bitrate of the audio clip according to a fourth set ratio or set value in

response to a type of a communication network for transmitting the audio clip being a set type.
11. The method according to claim 1, wherein

the audio scene classification processing is implemented by a neural network model, and the
neural network model learns an association between the noise comprised in the audio clip and the

audio scene type; and

the performing audio scene classification processing based on the audio clip to obtain an audio

scene type corresponding to the noise in the audio clip comprises:

calling the neural network model based on the audio clip to perform the audio scene
classification processing to obtain an audio scene type having an association with the noise

comprised in the audio clip.
12. The method according to claim 11, wherein

the neural network model comprises a mapping network, a residual network, and a pooling

network; and
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the calling the neural network model based on the audio clip to perform the audio scene

classification processing comprises:

performing feature extraction processing on the audio clip through the mapping network to

obtain a first feature vector of the noise in the audio clip;

performing mapping processing on the first feature vector through the residual network to

obtain a mapping vector of the audio clip;

performing feature extraction processing on the mapping vector of the audio clip through the

mapping network to obtain a second feature vector of the noise in the audio clip;

performing pooling processing on the second feature vector through the pooling network to

obtain a pooled vector of the audio clip; and

performing non-linear mapping processing on the pooled vector of the audio clip to obtain the

audio scene type having an association with the noise comprised in the audio clip.
13. The method according to claim 12, wherein
the mapping network comprises a plurality of cascaded mapping layers; and

the performing feature extraction processing on the audio clip through the mapping network to

obtain a first feature vector of the noise in the audio clip comprises:

performing feature mapping processing on the audio clip through a first mapping layer in the

plurality of cascaded mapping layers;

outputting a mapping result of the first mapping layer to a subsequent mapping layer in the
plurality of cascaded mapping layers, and continuing to perform feature mapping and mapping
result outputting through the subsequent mapping layer, until an output is provided to a last

mapping layer; and

determining a mapping result outputted by the last mapping layer as the first feature vector of

the noise in the audio clip.
14. The method according to claim 12, wherein
the residual network comprises a first mapping network and a second mapping network; and

the performing mapping processing on the first feature vector through the residual network to

obtain a mapping vector of the audio clip comprises:

performing mapping processing on the first feature vector through the first mapping network to

obtain a first mapping vector of the audio clip;
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performing nonlinear mapping processing on the first mapping vector to obtain a non-mapping

vector of the audio clip;

performing mapping processing on the non-mapping vector of the audio clip through the first

mapping network to obtain a second mapping vector of the audio clip; and

determining a summation result of the first feature vector of the audio clip and the second

mapping vector of the audio clip as the mapping vector of the audio clip.
15. The method according to claim 1, further comprising:

constructing audio samples respectively corresponding to a plurality of different audio scenes
based on a noise-free audio signal and background noise respectively corresponding to the plurality

of different audio scenes; and

training a neural network model based on the audio samples respectively corresponding to the

plurality of different audio scenes to obtain a neural network model for audio scene classification.

16. The method according to claim 15, wherein the constructing audio samples respectively
corresponding to a plurality of different audio scenes based on a noise-free audio signal and

background noise respectively corresponding to the plurality of different audio scenes comprises:
performing following processing for any one of the plurality of different audio scenes:

fusing the background noise of the audio scene and the noise-free audio signal based on a
fusion ratio of the background noise of the audio scene and the noise-free audio signal to obtain a

first fused audio signal of the audio scene;

fusing the background noise of the audio scene corresponding to a first random coefficient in

the first fused audio signal to obtain a second fused audio signal of the audio scene; and

fusing the noise-free audio signal corresponding to a second random coefficient in the second

fused audio signal to obtain an audio sample of the audio scene.

17. The method according to claim 15, wherein the training a neural network model based on
the audio samples respectively corresponding to the plurality of different audio scenes to obtain a

neural network model for audio scene classification comprises:

performing audio scene classification processing on the audio samples respectively
corresponding to the plurality of different audio scenes through the neural network model, to obtain

predicted audio scene types of the audio samples;

constructing a loss function of the neural network model based on the predicted audio scene
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types of the audio samples, audio scene annotations of the audio samples, and weights of the audio

samples; and

updating a parameter of the neural network model until the loss function converges, and
determining the updated parameter of the neural network model that causes the loss function to

converge as a parameter of the neural network model for audio scene classification.

18. The method according to claim 1, further comprising: before the performing audio scene

classification processing based on the audio clip,

performing framing processing on a time domain signal of the audio clip to obtain a

multi-frame audio signal;

windowing the multi-frame audio signal, and performing a Fourier transform on the windowed

audio signal to obtain a frequency domain signal of the audio clip; and

performing logarithmic processing on a Mel band of the frequency domain signal to obtain the

audio clip for the audio scene classification.
19. An audio processing apparatus, comprising:

an obtaining module, configured to obtain an audio clip of an audio scene, the audio clip

comprising noise;

a classification module, configured to perform audio scene classification processing based on

the audio clip to obtain an audio scene type corresponding to the noise in the audio clip; and

a processing module, configured to determine a target audio processing mode corresponding to
the audio scene type, and apply the target audio processing mode to the audio clip according to a

degree of interference caused by the noise in the audio clip.
20. An electronic device, comprising:
a memory, configured to store executable instructions; and

a processor, configured to execute the executable instructions stored in the memory to

implement the artificial intelligence-based audio processing method according to any one of claims

1 to 18.

21. A computer-readable storage medium, storing executable instructions, the executable
instructions, when executed by a processor, implementing the artificial intelligence-based audio

processing method according to any one of claims 1 to 18.

22. A computer program product, comprising a computer program or instructions, the

35



computer program or instructions causing a computer to execute the artificial intelligence-based

audio processing method according to any one of claims 1 to 18.
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