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NEURAL NETWORK-BASED END-TO-END SPEECH ENHANCEMENT METHOD 

AND APPARATUS 

CROSS REFERENCE 5 

[0001] The present application claims priority to Chinese Patent Application No. 

202110367186.4 entitled “Method and apparatus for end-to-end speech enhancement based on 

a neural network”, filed on April 06, 2021, the content of which is incorporated herein by 

reference in its entirety. 
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TECHNICAL FIELD 

[0002] The present disclosure relates to the field of speech signal processing, and in particular, 

to a method for end-to-end speech enhancement based on a neural network, an apparatus for 

speech enhancement, a computer-readable storage medium, and an electronic device. 
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BACKGROUND 

[0003] In recent years, with the high-speed development of the deep learning technology, the 

recognition effect of the speech recognition technology is greatly improved, and the speech 

recognition accuracy of the technology in a noise-free scene has reached a standard that manual 

speech recognition standard can be replaced. 20 

[0004] At present, the speech recognition technology can be mainly applied to scenes such as 

intelligent customer service, conference recording and transliterating, and intelligent hardware. 

However, when there is noise in the background environment, for example, noise in the 

surrounding environment of the user during an intelligent customer service call or background 

noise in the conference record audio, affected by such noise, the speech recognition technology 25 

may not accurately recognize the semantics of the speaker, thus affecting the overall accuracy 

of speech recognition. 

[0005] Therefore, how to improve the accuracy of speech recognition in the case of noise 

becomes a difficulty that needs to be overcome in the speech recognition technology. 

[0006] It should be noted that the information disclosed in the above background part is only 30 

used to enhance the understanding of the background of the present disclosure, and therefore 

may include information that does not constitute related art known to those of ordinary skill in 

the art. 
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SUMMARY 

[0007] According to a first aspect of the present disclosure, there is provided a method for 

end-to-end speech enhancement based on a neural network, including: 

[0008] obtaining a time-domain smoothing feature of an original speech signal by performing 

feature extraction on the original speech signal using a time-domain convolution kernel; 5 

[0009] obtaining an enhanced speech signal by performing combined feature extraction on 

the original speech signal and the time-domain smoothing feature of the original speech signal. 

[0010] In an exemplary embodiment of the present disclosure, obtaining a time-domain 

smoothing feature of an original speech signal by performing feature extraction on the original 

speech signal using a time-domain convolution kernel includes:  10 

[0011] determining a time-domain smoothing parameter matrix according to a convolution 

sliding window and a time-domain smoothing factor;

[0012] obtaining a weight matrix of the time-domain convolution kernel by performing a 

product operation on the time-domain smoothing parameter matrix; 

[0013] obtaining the time-domain smoothing feature of the original speech signal by 15 

performing a convolution operation on the weight matrix of the time-domain convolution 

kernel and the original speech signal. 

[0014] In an exemplary embodiment of the present disclosure, determining a time-domain 

smoothing parameter matrix according to a convolution sliding window and a time-domain 

smoothing factor includes:  20 

[0015] initializing a plurality of time-domain smoothing factors; 

[0016] obtaining the time-domain smoothing parameter matrix based on a preset convolution 

sliding window and the plurality of time-domain smoothing factors. 

[0017] In an exemplary embodiment of the present disclosure, obtaining an enhanced speech 

signal by performing combined feature extraction on the original speech signal and the time-25 

domain smoothing feature of the original speech signal includes:  

[0018] obtaining a speech signal to be enhanced by combining the original speech signal and 

the time-domain smoothing feature of the original speech signal;

[0019] training a weight matrix of the time-domain convolution kernel by using a back 

propagation algorithm with the speech signal to be enhanced as an input of a deep neural 30 

network,  

[0020] obtaining the enhanced speech signal by performing combined feature extraction on 

the speech signal to be enhanced according to the weight matrix obtained by training. 

[0021] In an exemplary embodiment of the present disclosure, training a weight matrix of the 
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time-domain convolution kernel by using a back propagation algorithm with the speech signal 

to be enhanced as an input of a deep neural network includes:  

[0022] inputting the speech signal to be enhanced into the deep neural network, and 

constructing a time-domain loss function; 

[0023] training the weight matrix of the time-domain convolution kernel by using an error 5 

back propagation algorithm according to the time-domain loss function. 

[0024] In an exemplary embodiment of the present disclosure, obtaining the enhanced speech 

signal by performing combined feature extraction on the speech signal to be enhanced 

according to the weight matrix obtained by training includes:  

[0025] obtaining a first time-domain feature map by performing a convolution operation on 10 

the weight matrix obtained by training and an original speech signal in the speech signal to be 

enhanced;

[0026] obtaining a second time-domain feature map by performing a convolution operation 

on the weight matrix obtained by training and a smoothing feature in the speech signal to be 

enhanced; 15 

[0027] obtaining the enhanced speech signal by combining the first time-domain feature map 

and the second time-domain feature map. 

[0028] According to a second aspect of the present disclosure, there is provided an apparatus 

for end-to-end speech enhancement based on a neural network, including: 

[0029] a time-domain smoothing feature extraction module, configured to obtain a time-20 

domain smoothing feature of an original speech signal by performing feature extraction on the 

original speech signal using a time-domain convolution kernel; 

[0030] a combined feature extraction module, configured to obtain an enhanced speech signal 

by performing combined feature extraction on the original speech signal and the time-domain 

smoothing feature of the original speech signal. 25 

[0031] According to a third aspect of the present disclosure, there is provided a computer-

readable storage medium, where a computer program is stored on the computer-readable 

storage medium, and when the computer program is executed by a processor, the method 

according to any one of the above is implemented. 

[0032] According to a fourth aspect of the present disclosure, there is provided an electronic 30 

device, including: a processor; and a memory, configured to store an executable instruction of 

the processor; where the processor is configured to execute the method according to any one 

of the above by executing the executable instruction. 

[0033] It should be understood that the above general description and the following detailed 



4 

description are exemplary and explanatory only and are not intended to limit the present 

disclosure. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0034] The accompanying drawings, which are incorporated in and constitute a part of the 5 

description, illustrate embodiments consistent with the disclosure and together with the 

description serve to explain the principles of the disclosure. Obviously, the drawings in the 

following description are some embodiments of the present disclosure, and for those of 

ordinary skill in the art, other drawings can also be obtained from these drawings without 

creative efforts. 10 

[0035] FIG. 1 shows a schematic diagram of an exemplary system architecture of a method 

and an apparatus for end-to-end speech enhancement according to an embodiment of the 

present disclosure;

[0036] FIG. 2 shows a schematic structural diagram of a computer system suitable for 

implementing an electronic device according to an embodiment of the present disclosure;15 

[0037] FIG. 3 schematically shows a flowchart of a method for end-to-end speech 

enhancement according to an embodiment of the present disclosure;

[0038] FIG. 4 schematically shows a flowchart of time-domain smoothing feature extraction 

according to an embodiment of the present disclosure;

[0039] FIG. 5 schematically shows a flowchart of obtaining an enhanced speech signal 20 

according to an embodiment of the present disclosure;

[0040] FIG. 6 schematically shows a flowchart of combined feature extraction according to 

an embodiment of the present disclosure;

[0041] FIG. 7 schematically shows a flowchart of a method for end-to-end speech 

enhancement according to an embodiment of the present disclosure;25 

[0042] FIG. 8 schematically shows a block diagram of an apparatus for end-to-end speech 

enhancement according to an embodiment of the present disclosure. 

DETAILED DESCRIPTION 

[0043] Example embodiments will now be described more fully with reference to the 30 

accompanying drawings. Example embodiments, however, can be implemented in various 

forms and should not be construed as limited to the embodiments set forth herein; by contrast, 

these embodiments are provided so that the present disclosure will be thorough and complete, 

and will fully convey the concept of example embodiments to those skilled in the art. The 
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described features, structures, or characteristics may be combined into one or more 

embodiments in any suitable manner. In the following description, numerous specific details 

are provided to give a thorough understanding of embodiments of the present disclosure. 

However, those skilled in the art will realize that the technical solution of the present disclosure 

can be practiced while omitting one or more specific details, or employing other methods, 5 

components, devices, steps, etc. In other cases, commonly known technical solutions are not 

shown or described in detail, so as to avoid blurring various aspects of the present disclosure 

due to a reversal of the order of host and guest.  

[0044]  In addition, the drawings are merely schematic diagrams of the present disclosure, 

and the same reference numerals in the drawings represent the same or similar parts, and thus 10 

the repeated description of them will be omitted. Some block diagrams shown in the drawings 

are functional entities, and do not necessarily correspond to physical or logically independent 

entities. These functional entities may be implemented in the form of software, or these 

functional entities may be implemented in one or more hardware modules or integrated circuits, 

or these functional entities may be implemented in different networks and/or processor devices 15 

and/or microcontroller devices. 

[0045] FIG. 1 shows a schematic diagram of an exemplary system architecture of an 

application environment of a method and an apparatus for end-to-end speech enhancement 

according to an embodiment of the present disclosure. 

[0046] As shown in FIG. 1, the system architecture 100 may include one or more of the 20 

terminal devices 101, 102, 103, a network 104 and a server 105. The network 104 is configured 

to provide medium for communication links between the terminal devices 101, 102, 103 and 

server 105. The network 104 may include various connection types, such as wired, wireless 

communication links, or fiber optic cables, and the like. The terminal devices 101, 102, 103 

may be various electronic devices having a display screen, including but not limited to a 25 

desktop computer, a portable computer, a smartphone, a tablet computer, and the like. It should 

be understood that the number of terminal devices, networks, and servers in FIG. 1 is merely 

illustrative. According to implementation requirements, there may be any number of terminal 

devices, networks, and servers. For example, the server 105 may be a server cluster composed 

of a plurality of servers. 30 

[0047] The method for end-to-end speech enhancement provided in the embodiments of the 

present disclosure is generally performed by the server 105, and correspondingly, the apparatus 

for end-to-end speech enhancement is generally disposed in the server 105. However, it would 

be easy for those skilled in the art to understand that the method for end-to-end speech 
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enhancement provided in the embodiments of the present disclosure may also be performed by 

the terminal devices 101, 102, 103, and correspondingly, the apparatus for end-to-end speech 

enhancement may also be disposed in the terminal devices 101, 102, 103, which is not 

specifically limited in the present exemplary embodiments. 

[0048] FIG. 2 shows a schematic structural diagram of a computer system suitable for 5 

implementing an electronic device according to an embodiment of the present disclosure. 

[0049] It should be noted that the computer system 200 of the electronic device shown in FIG. 

2 is merely an example, and should not bring any limitation to the functions and use ranges of 

the embodiments of the present disclosure. 

[0050] As shown in FIG. 2, the computer system 200 includes a central processing unit (CPU) 10 

201 that can perform various appropriate actions and processes according to a program stored 

in a read-only memory (ROM) 202 or a program loaded into a random access memory (RAM) 

203 from a storage portion 208. In the RAM 203, various programs and data required for system 

operation are also stored. The CPU 201, the ROM 202, and the RAM 203 are connected to 

each other through a bus 204. An input/output (I/O) interface 205 is also connected to the bus 15 

204. 

[0051] The following components are connected to the I/O interface 205: an input portion 

206 including a keyboard, a mouse, or the like; an output portion 207 including a cathode ray 

tube (CRT), a liquid crystal display (LCD), a speaker, or the like; a storage portion 208 

including a hard disk or the like; and, a communication portion 209 including a network 20 

interface card such as a LAN card, a modem, or the like. The communication portion 209 

performs communication processing via a network such as the Internet. The driver 210 is also 

connected to the I/O interface 205 as needed. The removable medium 211, such as a magnetic 

disk, an optical disk, a magneto-optical disk, a semiconductor memory, or the like, is mounted 

on the driver 210 as needed so that the computer program read therefrom is installed into the 25 

storage portion 208 as needed. 

[0052] In particular, the processes described below with reference to the flowchart may be 

implemented as a computer software program in accordance with embodiments of the present 

disclosure. For example, embodiments of the present disclosure include a computer program 

product including a computer program carried on a computer-readable medium, the computer 30 

program including program code for performing the method shown in the flowchart. In such 

embodiments, the computer program may be downloaded from the network through the 

communication portion 209 and installed, and/or installed from the removable medium 211. 

When the computer program is executed by the central processing unit (CPU) 201, various 
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functions defined in the method and apparatus of the present application are performed. 

[0053] As another aspect, the present application further provides a computer-readable 

medium, and the computer-readable medium may be included in the electronic device 

described in the foregoing embodiments; or, the computer-readable medium may exist alone, 

but is not assembled into the electronic device. The computer-readable medium carries one or 5 

more programs, and when the one or more programs are executed by an electronic device, the 

electronic device is enabled to implement the method described in the following embodiments. 

For example, the electronic device may implement various steps, or the like, as shown in FIG. 

3 to FIG. 7. 

[0054] It should be noted that the computer-readable medium shown in the present disclosure 10 

may be a computer-readable signal medium or a computer-readable storage medium, or any 

combination of the above. The computer-readable storage medium may be, for example, but is 

not limited to, an electrical, magnetic, optical, electromagnetic, infrared, or semiconductor 

system, apparatus, or device, or any combination of the above. More specific examples of 

computer-readable storage medium may include, but are not limited to, an electrical connection 15 

with one or more wires, a portable computer disk, a hard disk, a random access memory (RAM), 

a read-only memory (ROM), an erasable programmable read-only memory (EPROM or flash 

memory), an optical fiber, a portable compact disk read-only memory (CD-ROM), an optical 

storage device, a magnetic storage device, or any suitable combination of the above. In the 

present disclosure, a computer-readable storage medium may be any tangible medium that 20 

includes or stores a program that may be used by or in connection with an instruction execution 

system, apparatus, or device. In the present disclosure, a computer-readable signal medium 

may include data signals propagated in a baseband or as part of a carrier, where a computer-

readable program code is carried. Such propagated data signals may take a variety of forms, 

including, but not limited to, electromagnetic signals, optical signals, or any suitable 25 

combination of above. The computer-readable signal medium may also be any computer-

readable medium other than a computer-readable storage medium, which may send, propagate, 

or transmit a program for use by or in connection with an instruction execution system, 

apparatus, or device. The program code included on the computer-readable medium may be 

transmitted with any suitable medium, including but not limited to: wireless, wire, optical cable, 30 

RF, etc., or any suitable combination of the above. 

[0055] The technical solutions of the embodiments of the present disclosure are described in 

detail below. 

[0056] In the time domain, the actually observed speech signal may be represented as a sum 
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of a pure speech signal and a noise signal, i.e.: 

[0057] 𝑦(𝑛) = 𝑥(𝑛) + 𝑤(𝑛), 

[0058] where, 𝑦(𝑛) represents a time-domain speech signal with a noise, 𝑥(𝑛) represents a 

time-domain pure speech signal, 𝑤(𝑛) represents a time-domain noise signal. 

[0059] When performing enhancement processing on the speech signal, the speech signal 5 

with a noise can be changed from a one-dimensional time-domain signal to a complex-domain 

two-dimensional variable 𝑌(𝑘, 𝑙)  through a short-time Fourier transform (STFT), and 

amplitude information of the variable can be taken, which corresponds to the following: 

[0060] |𝑌(𝑘, 𝑙)| = |𝑋(𝑘, 𝑙)| + |𝑊(𝑘, 𝑙)|, 

[0061] where, |𝑌(𝑘, 𝑙)| represents the amplitude information of the complex-domain speech 10 

signal, |𝑋(𝑘, 𝑙)|  represents the amplitude information of the complex-domain pure speech 

signal, |𝑊(𝑘, 𝑙)| represents the amplitude information of the complex-domain noise signal, 𝑘

represents the 𝑘th frequency grid on the frequency axis, and 𝑙 represents the 𝑙th time frame 

on the time axis. 

[0062] Specifically, noise reduction of the speech signal may be implemented by solving a 15 

gain function 𝐺(𝑘, 𝑙) . Among them, the gain function may be set as a time-varying and 

frequency-dependent function, and the STFT parameter 𝑋 (𝑘, 𝑙) of the predicted pure speech 

signal 𝑥̂(𝑛)  may be obtained through the gain function and the speech signal with a noise 

𝑌(𝑘, 𝑙), i.e.:

[0063] 𝑋 (𝑘, 𝑙) = 𝐺(𝑘, 𝑙) × |𝑌(𝑘, 𝑙)|. 20 

[0064] The pure speech signal 𝑋 (𝑘, 𝑙) may also be estimated by obtaining 𝑓𝜃(𝑌(𝑘, 𝑙))

through training a deep neural network, i.e.: 

[0065] 𝑋 (𝑘, 𝑙) = 𝑓𝜃(|𝑌(𝑘, 𝑙)|). 

[0066] In the above for method speech enhancement, when the pure speech signal 𝑥̂(𝑛) is 

predicted according to the amplitude information in the speech signal with a noise 𝑌(𝑘, 𝑙), the 25 

phase information of 𝑌(𝑘, 𝑙) is not enhanced. If the phase information is not enhanced, when 

the signal-to-noise ratio of 𝑌(𝑘, 𝑙) is high, the difference between 𝑥̂(𝑛) recovered according 

to the phase information of 𝑌(𝑘, 𝑙) as well as the predicted 𝑋 (𝑘, 𝑙) and actual pure speech 

signal 𝑥(𝑛) is not significant. However, when the signal-to-noise ratio of 𝑌(𝑘, 𝑙) is low, and 

if the signal-to-noise ratio is 0 𝑑𝑏 or less, if only the amplitude information is enhanced and 30 

the phase information is ignored, the difference between the finally recovered 𝑥̂(𝑛) and actual 

pure speech signal 𝑥(𝑛) will be significant, resulting in a poor overall speech enhancement 

effect.  



9 

[0067] Based on one or more of the above problems, there is provided a method for end-to-

end speech enhancement based on a neural network according to the present exemplary 

embodiment. The method may be applied to the server 105, or may be applied to one or more 

of the terminal devices 101, 102, and 103, which is not specifically limited in the present 

exemplary embodiment. Referring to FIG. 3, the method for end-to-end speech enhancement 5 

may include the following steps S310 and S320. 

[0068] In step S310, a time-domain smoothing feature of the original speech signal is 

obtained by performing feature extraction on the original speech signal using a time-domain 

convolution kernel. 

[0069] In step S320, an enhanced speech signal is obtained by performing combined feature 10 

extraction on the original speech signal and the time-domain smoothing feature of the original 

speech signal. 

[0070] In the method for speech enhancement provided by the embodiment of the present 

disclosure, a time-domain smoothing feature of the original speech signal is obtained by 

performing feature extraction on the original speech signal using the time-domain convolution 15 

kernel; and, an enhanced speech signal is obtained by performing combined feature extraction 

on the original speech signal and the time-domain smoothing feature of the original speech 

signal. On one hand, by performing enhancement on both the amplitude information and the 

phase information in the original speech signal, the overall effect of speech enhancement can 

be improved; on the other hand, the time-domain smoothing feature extraction is performed on 20 

the original speech signal through the convolutional neural network, self-learning of the time-

domain noise reduction parameter can be realized in combination with the deep neural network, 

and the quality of the speech signal can be further improved. 

[0071] The above steps in the embodiments of the present example are described in more 

detail. 25 

[0072] In step S310, a time-domain smoothing feature of the original speech signal is 

obtained by performing feature extraction on the original speech signal using a time-domain 

convolution kernel. 

[0073] End-to-end speech enhancement may directly process the original speech signal, 

avoiding extracting acoustic features through intermediate transformation. The interference of 30 

the environmental noise in the speech communication process is inevitable, and the actually 

observed original speech signal is generally a speech signal with a noise in the time domain. 

Before performing feature extraction on the original speech signal, the original speech signal 

may be obtained firstly. 
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[0074] The original speech signal is a continuously changing analog signal, and the analog 

sound signal can be converted into a discrete digital signal by sampling, quantizing and 

encoding. For example, a value of an analog quantity of the analog signal may be measured at 

a certain frequency every other period of time, a point obtained by sampling may be quantized, 

and the quantized value may be represented by a set of binary values. Therefore, the obtained 5 

original speech signal may be represented by a one-dimensional vector. 

[0075] In an example implementation, the original speech signal may be input into a deep 

neural network for time-varying feature extraction. For example, based on the correlation 

between adjacent frames of the speech signal, the local feature of the original speech signal 

may be calculated by performing smoothing processing in a time dimension, where speech 10 

enhancement may be performed on both the phase information and the amplitude information 

in the original speech signal. 

[0076] Noise reduction processing can be performed on the original speech signal in the time 

domain, and the accuracy of speech recognition can be improved by enhancing the original 

speech signal. For example, speech enhancement may be performed by using a deep neural 15 

network model; when noise reduction processing is performed on the time-domain speech 

signal through a smoothing algorithm, the smoothing algorithm may be incorporated into a 

convolution module of the deep neural network; a multi-layer filter may be used in the 

convolution module to implement extraction of different features, and then different features 

may be combined into new different features. 20 

[0077] For example, a time-domain smoothing algorithm may be incorporated into the deep 

neural network as a one-dimensional convolution module, and the one-dimensional 

convolution module may be a TRAL (Time-Domain Recursive Averaging Layer) module, 

corresponding to the noise smoothing in the time axis dimension. The original speech signal 

may be used as the input of the TRAL module, and the original speech signal may be filtered 25 

through the TRAL module, that is to perform noise smoothing in the time axis dimension. For 

example, the amplitude spectrum information of each time point on the time axis to be 

smoothed may be predicted by using a weighted moving average method, where the weighted 

moving average method may predict the future value according to the influence degree 

(corresponding to different weights) of the data at different times in a same moving section on 30 

the predicted value. 

[0078] Referring to FIG. 4, noise smoothing may be performed on the time-domain speech 

signal according to steps S410 to S430. 

[0079] In step S410, a time-domain smoothing parameter matrix is determined according to 
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a convolution sliding window and a time-domain smoothing factor. 

[0080] In an example implementation, the TRAL module may perform processing on the 

original input information by using a plurality of time-domain smoothing factors. Specifically, 

the smoothing on the time-domain speech signal by the TRAL module may be implemented 

through a sliding window, and the corresponding smoothing algorithm may be as follows: 5 

[0081] 𝑅(𝑛) = ∑ 𝛼𝐷−𝑖(1 − 𝛼)𝑦(𝑛)𝐷
𝑖=1 ，𝛼 = [𝛼0 ⋯ 𝛼𝑁], 

[0082] where, 𝑛 represents a sampling point of the original speech signal;

[0083] 𝐷 represents a width of the sliding window, which may be set according to actual 

situations. In this example, it is preferable that the width of the sliding window may be set to 

32 frames;10 

[0084] 𝛼 is a time-domain smoothing factor, representing the utilization degree of the speech 

signal 𝑦(𝑛) of each sampling point within the width of the sliding window when smoothing 

processing is performed on the time-domain speech signal; [𝛼0 ⋯ 𝛼𝑁]  is different 

smoothing factors; the value range of each smoothing factor is [0, 1]; corresponding to the 

value of 𝛼, the number of convolution kernels in the TRAL module may be 𝑁;15 

[0085] 𝑦(𝑛) represents a speech signal of each sampling point within the width of the sliding 

window. In this example, the speech signal of each sampling point may be utilized. For example, 

the speech signal of the 32th frame of sampling points may be composed of the speech signal 

of the previous 31 frame of sampling points within the width of the sliding window. 

[0086] In addition, there is 𝑖 ∈ [1，𝐷]. When the farther a certain sampling point away from 20 

the current sampling point, the smaller the value of 𝛼𝐷−𝑖, the smaller the weight of the speech 

signal of the sampling point; when the closer to the speech signal of the sampling point, the 

greater the value of 𝛼𝐷−𝑖, the greater the weight of the speech signal of the sampling point;

[0087] 𝑅(𝑛) represents a new speech signal obtained by superimposing the speech signal of 

each historical sampling point within the width of the sliding window, which is also a speech 25 

signal obtained through smoothing in the time domain. 

[0088] It can be understood that in the TRAL module, the time-domain smoothing parameter 

matrix may be determined according to the convolution sliding window and the time-domain 

smoothing factor, that is, the first time-domain smoothing parameter matrix [𝛼0  ⋯  𝛼𝐷−𝑖] and 

the second time-domain smoothing parameter matrix [1 − 𝛼] may be determined according to 30 

the sliding window width D and the time-domain smoothing factor 𝛼 = [𝛼0 ⋯ 𝛼𝑁].  

[0089] In step S420, a weight matrix of the time-domain convolution kernel is obtained by 

performing a product operation on the time-domain smoothing parameter matrix. 
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[0090] Before performing time-domain feature extraction on the original speech signal, firstly, 

the weight matrix of the time-domain convolution kernel may be determined. For example, a 

plurality of time-domain smoothing factors 𝛼 may be initialized, such as 𝛼 = [𝛼0 ⋯ 𝛼𝑁], 

and a time-domain smoothing parameter matrix may be obtained based on a preset convolution 

sliding window and a plurality of time-domain smoothing factors. Specifically, when 5 

performing smoothing on the time axis, there may be N convolution kernels correspondingly 

in the TRAL module, and each convolution kernel corresponds to a different smoothing factor. 

Among them, the first time-domain smoothing parameter matrix corresponding to each 

convolution kernel may be [𝛼0  ⋯  𝛼𝐷−𝑖 ]; by combining the first time-domain smoothing 

parameter matrix with the second time-domain smoothing parameter matrix [1 − 𝛼 ], for 10 

example, by performing a product operation on the first time-domain smoothing parameter 

matrix and the second time-domain smoothing parameter matrix, a final weight matrix 𝑁(𝛼)of 

the time-domain convolution kernel may be obtained. 

[0091] In step S430, a time-domain smoothing feature of the original speech signal is 

obtained by performing a convolution operation on the weight matrix of the time-domain 15 

convolution kernel and the original speech signal. 

[0092] The original speech signal may be used as an original input. The original speech signal 

may be a 1 ∗ 𝑁 one-dimensional vector, and a time-domain smoothing feature of the original 

speech signal may be obtained by performing a convolution operation on the one-dimensional 

vector and the weight matrix 𝑁(𝛼) of the time-domain convolution kernel. In this example, 20 

the noise reduction algorithm is made into a convolution kernel by using the concept of 

convolution kernel in the convolutional neural network, and noise reduction of the time-varying 

speech signal is realized in the neural network through the combination of a plurality of 

convolution kernels. Moreover, by performing smoothing on the speech signal with a noise in 

the time domain, the signal-to-noise ratio of the original input information may be improved, 25 

where the input information may include the amplitude information and the phase information 

of the speech signal with a noise. 

[0093] In step S320, an enhanced speech signal is obtained by performing combined feature 

extraction on the original speech signal and the time-domain smoothing feature of the original 

speech signal. 30 

[0094] Referring to FIG. 5, an enhanced speech signal may be obtained according to steps 

S510 to S530. 

[0095] In step S510, a speech signal to be enhanced is obtained by combining the original 
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speech signal and the time-domain smoothing feature of the original speech signal. 

[0096] In an example implementation, in order to better preserve the speech feature of the 

original input, the original input feature and the output of the TRAL module can be spliced, so 

that the features of the original speech signal can be preserved, and deep level features can be 

learned. 5 

[0097] Correspondingly, the input of the deep neural network may be changed from the 

original input 𝑦(𝑛) to a combined input, and the combined input may be as follows: 

[0098] 𝐼𝑖(𝑛) = {
𝑦(𝑛), 𝑖 = 1    

𝑅(𝑛), 𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒
 ,

[0099] where, 𝐼𝑖(𝑛) is the speech signal to be enhanced obtained by combining; 𝑦(𝑛) is 

the original input speech signal with a noise; and, 𝑅(𝑛) is the output of the TRAL module, 10 

that is, the speech signal smoothed along the time axis. 

[00100] In this example, the smoothing factor of a filter in the TRAL module is 0, that is, 

smoothing processing is not performed on the original information, and the original input is 

maintained. Other filters can implement different smoothing processing on the original 

information through different smoothing factors, thus not only maintaining the input of the 15 

original information, but also increasing the input information of the deep neural network. 

Moreover, the TRAL module has the interpretability of the noise reduction algorithm 

developed by expert knowledge and the powerful fitting capability formed after being 

incorporated in to the neural network, is an interpretable neural network module, and can 

effectively combine the advanced signal processing algorithm in the field of speech noise 20 

reduction with the deep neural network. 

[00101]  In step S520, the weight matrix of the time-domain convolution kernel is trained by 

using a back propagation algorithm with the speech signal to be enhanced as an input of a deep 

neural network. 

[00102] The speech signal to be enhanced may be input into the deep neural network, and a 25 

time-domain loss function, such as a mean square error loss function, may be constructed. 

Based on the deep neural network, the speech enhancement task in the time-domain may be 

expressed as follows: 

[00103] 𝑥̂(𝑛) = 𝑓𝜃(𝐼𝑖(𝑛)). 

[00104] In an example implementation, a U-Net convolutional neural network model with an 30 

encoder-decoder structure may be constructed as an end-to-end speech enhancement model, 

and the TRAL module may be incorporated into the neural network model. The U-net 

convolutional neural network model may include a full convolution portion (Encoder layer) 
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and a deconvolution portion (Decoder layer). Among them, the full convolution portion can be 

used for performing feature extraction to obtain a low-resolution feature map, which is 

equivalent to a filter in the time domain, can encode the input information, and can also encode 

the output information of an upper Encoder layer again to realize the extraction of the high-

level features. The deconvolution portion can obtain the feature map of the same size as the 5 

original size by up-sampling the feature map of a small size, that is, the information encoded 

by the Encoder layer may be decoded. In addition, a jump connection may be performed 

between the Encoder layer and the Decoder layer to enhance the decoding effect. 

[00105] Specifically, based on the following: 

[00106] 𝑓𝜃(𝐼𝑖(𝑛)) = 𝑔𝐿(𝑤𝐿𝑔𝐿−1(⋯ 𝑔1(𝑤1 ∗ 𝐼𝑖(𝑛)))), 10 

[00107] the enhanced speech signal may be calculated. Among them, 𝐼𝑖(𝑛) is the final input 

information in the U-Net convolutional neural network, that is, the combined speech signal to 

be enhanced; 𝑤𝐿 may represent the weight matrix of the 𝐿th layer in the U-Net convolutional 

neural network; 𝑔𝐿 may represent the nonlinear activation function of the 𝐿th layer. It can be 

seen that the weight matrix 𝑤𝐿  of the Encoder layer and the Decoder layer may be 15 

implemented through parameter self-learning; that is, the filter may be automatically generated 

by learning during the training process through gradient back propagation; a low-level feature 

is firstly generated, and then a high-level feature is combined from the low-level feature. 

[00108] According to the time-domain loss function, the weight matrix 𝑁(𝛼) of the time-

domain convolution kernel and the weight matrix 𝑤𝐿 of the neural network are trained by 20 

using an error back propagation algorithm. For example, the training process of the neural 

network model may adopt a BP (Error Back Propagation) algorithm; by randomly initializing 

the parameters, the parameters can be continuously updated along with the deepening of the 

training. For example, the output of the output layer can be obtained by sequentially calculating 

from front to back according to the original input; the difference between the current output 25 

and the target output can be calculated, that is, to calculate the time-domain loss function; the 

time-domain loss function can be minimized by using a gradient descent algorithm, an Adam 

optimization algorithm, or the like, to sequentially update the parameters from back to front, 

that is, to sequentially update the weight matrix 𝑁(𝛼) of the time-domain convolution kernel 

and the weight matrix 𝑤𝐿 of the neural network. 30 

[00109] Among them, the error pack propagation process may be that the 𝑗 th weight value is 

the 𝑗 − 1 th weight minus a learning rate and an error gradient, that is: 

[00110] 𝛼𝑗 = 𝛼𝑗−1 − 𝜆
𝜕𝐸(𝛼𝑗−1)

𝜕𝛼𝑗−1
= 𝛼𝑗−1 − 𝜆

𝜕𝐸

𝜕𝑰

𝜕𝑰

𝜕𝛼𝑗−1
, 
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[00111] where, 𝜆 is the learning rate; 𝜕𝐸 is an error pack propagated to the TRAL by the U-

Net convolutional neural network; 𝜕𝐸(𝛼𝑗−1)/𝜕𝛼𝑗−1 is the error gradient pack propagated to 

the TRAL by the U-Net convolutional neural network; and, according to the following: 

[00112]
𝜕𝐸

𝜕𝑰
= (𝒘𝟏)𝑇 ∗ (𝑔1)′ ∗ (𝒘𝟐)𝑇 ∗ (𝑔2)′ ⋯ (𝒘𝑳)𝑇 ∗ (𝑔𝐿)′

[00113]
𝜕𝑰

𝜕𝛼𝑗−1
= −𝜶𝑗−1

𝐷−1𝐼𝑖(𝑛) − ∑ 𝜶𝑗−1
𝐷−𝑖𝐼𝑖(𝑛)𝐷−1

𝑖=1 , 5 

[00114] the smoothing factor matrix 𝜶 = [𝛼0 ⋯ 𝛼𝑁] can be updated. Specifically, the 

initial weight 𝑤0
𝐿 of the deep neural network may be set first, the 𝑖th sample speech signal is 

used as a reference signal, and a noise signal is added to construct a corresponding 𝑖th original 

speech signal; according to the 𝑖th original speech signal, the corresponding 𝑖th first feature 

is obtained through forward calculation by the deep neural network; according to the 𝑖th first 10 

feature and the 𝑖th sample speech signal, a mean square error is calculated and an 𝑖th mean 

square error is obtained; the 𝑖th sample speech signal is squared, averaged, and is made a ratio 

to the obtained 𝑖th mean square error, so as to obtain an optimal weight coefficient 𝑤𝐿 of 

each layer after training; The output value of the deep neural network may be calculated 

according to the optimal weight coefficient.  15 

[00115] In step S530, the enhanced speech signal is obtained by performing combined feature 

extraction on the speech signal to be enhanced according to the weight matrix obtained by 

training. 

[00116] The original speech signal can be input into the TRAL module, and the original speech 

signal and the output of the TRAL module can be combined and input into the U-NET 20 

convolutional neural network model; after each weight factor is trained, combined feature 

extraction can be performed on the original input and the output of the TRAL module. 

[00117] Referring to FIG. 6, combined feature extraction may be implemented according to 

steps S610 to S630. 

[00118] In step S610, a first time-domain feature map is obtained by performing a convolution 25 

operation on the weight matrix obtained by training and an original speech signal in the speech 

signal to be enhanced. 

[00119] The original speech signal may be used as an input of a deep neural network. The 

original speech signal may be a 1 ∗ 𝑁 one-dimensional vector. The first time-domain feature 

map may be obtained by performing a convolution operation on the one-dimensional vector 30 

and the weight matrix 𝑤  ⃗ 0 obtained by training. 

[00120] In step S620, a second time-domain feature map is obtained by performing a 
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convolution operation on the weight matrix obtained by training and the smoothing feature in 

the speech signal to be enhanced. 

[00121] The smoothing feature may be used as an input of the deep neural network to perform 

a convolution operation on the smoothing feature and the weight matrix obtained by training, 

so as to obtain the second time-domain feature map.  5 

[00122] In step S630, the enhanced speech signal is obtained by combining the first time-

domain feature map and the second time-domain feature map. 

[00123] In this example, the time-domain signal smoothing algorithm is taken as an one-

dimensional TRAL module, and can be successfully incorporated into the deep neural network 

model, and can be ideally combined with the convolutional neural network, the recurrent neural 10 

network and the fully connected neural network to realize gradient propagation, so that 

convolution kernel parameters in the TRAL module, namely the parameters of the noise 

reduction algorithm, can be driven by data, and optimal weight coefficient in statistical 

significance can be obtained without expert knowledge as prior information. In addition, when 

predicting the pure speech signal by directly performing speech enhancement on the time-15 

domain speech signal with a noise, the amplitude information and the phase information in the 

time-domain speech signal can be used, and the method for speech enhancement is more 

practical with a better speech enhancement effect. 

[00124] FIG. 7 schematically shows a flowchart of speech enhancement combining a TRAL 

module with a deep neural network. The process may include steps S701 to S703. 20 

[00125] In step S701, a speech signal 𝑦(𝑛) is input, the signal being a speech signal with a 

noise, including a pure speech signal and a noise signal. 

[00126] In step S702, the speech signal with a noise is input into a TRAL module, and time-

domain smoothing feature extraction is performed on the phase information and the amplitude 

information of the speech signal with a noise, so as to obtain a speech signal 𝑅(𝑛) after noise 25 

reduction along the time axis. 

[00127] In step S703, it is input into the deep neural network. The speech signal with a noise 

𝑦(𝑛) and the speech signal 𝑅(𝑛) after noise reduction along the time axis are input into the 

deep neural network to perform combined feature extraction, so as to obtain an enhanced 

speech signal. 30 

[00128] In this example, a time-domain signal smoothing algorithm is incorporated into an 

end-to-end (i.e. sequence-to-sequence) speech enhancement task, and the algorithm is made 

into a one-dimensional convolution module, that is, a TRAL module, which is equivalent to 
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that a filter including expert knowledge is added. The signal-to-noise ratio of the original input 

information can be improved, the input information of the deep neural network can be increased, 

and then the speech enhancement evaluation index, such as PESQ (Percept Evaluation of 

Speech Quality), STOI (Short-Time Objective Intelligibility), FW SNR (Frequency Weighted 

Signal-to-Noise Ratio), or the like, can be improved. In addition, the TRAL module and the 5 

deep neural network can be connected through gradient back propagation, so that self-learning 

of the noise reduction parameter can be realized, and then an optimal parameter of statistical 

significance can be obtained. The process does not need to manually design an operator or need 

expert knowledge as a priori. That is, the TRAL module not only incorporates expert 

knowledge in the field of signal processing, but also performs parameter optimization in 10 

combination with a gradient back propagation algorithm of a deep neural network, the 

advantages of both of which are fused, thus improving the final speech enhancement effect. 

[00129] In the method for speech enhancement provided by the embodiment of the present 

disclosure, a time-domain smoothing feature of the original speech signal is obtained by 

performing feature extraction on the original speech signal using the time-domain convolution 15 

kernel; and, an enhanced speech signal is obtained by performing combined feature extraction 

on the original speech signal and the time-domain smoothing feature of the original speech 

signal. On one hand, by performing enhancement on both the amplitude information and the 

phase information in the original speech signal, the overall effect of speech enhancement can 

be improved; on the other hand, the time-domain smoothing feature extraction is performed on 20 

the original speech signal through the convolutional neural network, self-learning of the time-

domain noise reduction parameter can be realized in combination with the deep neural network, 

and the quality of the speech signal can be further improved. 

[00130] It should be noted that although the various steps of the methods in the present 

disclosure are described in a particular order in the drawings, this does not require or imply 25 

that these steps must be performed in the particular order, or that all of the illustrated steps must 

be performed to achieve the desired results. Additionally or alternatively, some steps may be 

omitted, a plurality of steps may be combined into one step for execution, and/or one step may 

be decomposed into multiple steps for execution, etc. 

[00131] Furthermore, in the example implementation, there is further provided an apparatus 30 

for end-to-end speech enhancement based on a neural network, and the apparatus may be 

applied to a server or a terminal device. Referring to FIG. 8, the apparatus 800 for end-to-end 

speech enhancement may include a time-domain smoothing feature extraction module 810 and 

a combined feature extraction module 820, where: 
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[00132] The time-domain smoothing feature extraction module 810 is configured to obtain a 

time-domain smoothing feature of an original speech signal by performing feature extraction 

on the original speech signal using a time-domain convolution kernel. 

[00133] The combined feature extraction module 820 is configured to obtain an enhanced 

speech signal by performing combined feature extraction on the original speech signal and the 5 

time-domain smoothing feature of the original speech signal. 

[00134] In an optional implementation, the time-domain smoothing feature extraction module 

810 includes: 

[00135] a parameter matrix determination unit, configured to determine a time-domain 

smoothing parameter matrix according to a convolution sliding window and a time-domain 10 

smoothing factor;

[00136] a weight matrix determination unit, configured to obtain a weight matrix of the time-

domain convolution kernel by performing a product operation on the time-domain smoothing 

parameter matrix;

[00137] a time-domain operation unit, configured to obtain the time-domain smoothing feature 15 

of the original speech signal by performing a convolution operation on the weight matrix of 

the time-domain convolution kernel and the original speech signal. 

[00138] In an optional implementation, the parameter matrix determination unit includes: 

[00139] a data initialization subunit, configured to initialize a plurality of time-domain 

smoothing factors;20 

[00140] a matrix determination subunit, configured to obtain the time-domain smoothing 

parameter matrix based on a preset convolution sliding window and the plurality of time-

domain smoothing factors;

[00141] In an optional implementation, the combined feature extraction module 820 includes: 

[00142] an input signal obtaining unit, configured to obtain a speech signal to be enhanced by 25 

combining the original speech signal and the time-domain smoothing feature of the original 

speech signal;

[00143] a weight matrix training unit, configured to train a weight matrix of the time-domain 

convolution kernel by using a back propagation algorithm with the speech signal to be 

enhanced as an input of a deep neural network;30 

[00144] an enhanced speech signal obtaining unit, configured to obtain the enhanced speech 

signal by performing combined feature extraction on the speech signal to be enhanced 

according to the weight matrix obtained by training. 

[00145] In an optional implementation, the weight matrix training unit includes: 
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[00146] a data input subunit, configured to input the speech signal to be enhanced into a deep 

neural network, and construct a time-domain loss function;

[00147] a data training subunit, configured to train the weight matrix of the time-domain 

convolution kernel by using an error back propagation algorithm according to the time-domain 

loss function. 5 

[00148] In an optional implementation, the enhanced speech signal obtaining unit includes: 

[00149] a first feature map obtaining subunit, configured to obtain a first time-domain feature 

map by performing a convolution operation on the weight matrix obtained by training and an 

original speech signal in the speech signal to be enhanced;

[00150] a second feature map obtaining subunit, configured to obtain a second time-domain 10 

feature map by performing a convolution operation on the weight matrix obtained by training 

and a smoothing feature in the speech signal to be enhanced;

[00151] a feature combination subunit, configured to obtain the enhanced speech signal by 

combining the first time-domain feature map and the second time-domain feature map. 

[00152] The specific details of each module in the apparatus for end-to-end speech 15 

enhancement have been described in detail in the corresponding method for speech 

enhancement, and therefore, details are not described here again. 

[00153] It should be noted that although several modules or units of a device for action 

execution are mentioned in the above detailed description, such partitioning is not mandatory. 

Indeed, according to embodiments of the present disclosure, the features and functions of the 20 

two or more modules or units described above may be embodied in one module or unit for

concretization. Conversely, the features and functions of one module or unit described above 

may be further divided into a plurality of modules or units for concretization. 

[00154] It should be understood that the present disclosure is not limited to the exact 

construction that has been described above and illustrated in the accompanying drawings, and 25 

that various modifications and changes may be made without departing from the scope of the 

present disclosure. The scope of the present disclosure is limited only by the appended claims. 
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WHAT IS CLAIMED IS: 

1. A method for end-to-end speech enhancement based on a neural network, comprising:  

obtaining a time-domain smoothing feature of an original speech signal by performing 

feature extraction on the original speech signal using a time-domain convolution kernel; and 

obtaining an enhanced speech signal by performing combined feature extraction on the 

original speech signal and the time-domain smoothing feature of the original speech signal. 

2. The method for end-to-end speech enhancement according to claim 1, wherein 

obtaining a time-domain smoothing feature of an original speech signal by performing feature 

extraction on the original speech signal using a time-domain convolution kernel comprises:  

determining a time-domain smoothing parameter matrix according to a convolution 

sliding window and a time-domain smoothing factor;

obtaining a weight matrix of the time-domain convolution kernel by performing a product 

operation on the time-domain smoothing parameter matrix; and  

obtaining the time-domain smoothing feature of the original speech signal by performing 

a convolution operation on the weight matrix of the time-domain convolution kernel and the 

original speech signal. 

3. The method for end-to-end speech enhancement according to claim 2, wherein 

determining a time-domain smoothing parameter matrix according to a convolution sliding 

window and a time-domain smoothing factor comprises:  

initializing a plurality of time-domain smoothing factors; and  

obtaining the time-domain smoothing parameter matrix based on a preset convolution 

sliding window and the plurality of time-domain smoothing factors. 

4. The method for end-to-end speech enhancement according to claim 1, wherein 

obtaining an enhanced speech signal by performing combined feature extraction on the original 

speech signal and the time-domain smoothing feature of the original speech signal comprises:  

obtaining a speech signal to be enhanced by combining the original speech signal and the 

time-domain smoothing feature of the original speech signal;

training a weight matrix of the time-domain convolution kernel by using a back 

propagation algorithm with the speech signal to be enhanced as an input of a deep neural 

network, and;

obtaining the enhanced speech signal by performing combined feature extraction on the 
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speech signal to be enhanced according to the weight matrix obtained by training. 

5. The method for end-to-end speech enhancement according to claim 4, wherein training 

a weight matrix of the time-domain convolution kernel by using a back propagation algorithm 

with the speech signal to be enhanced as an input of a deep neural network comprises:  

inputting the speech signal to be enhanced into the deep neural network, and constructing 

a time-domain loss function; and  

training the weight matrix of the time-domain convolution kernel by using an error back 

propagation algorithm according to the time-domain loss function. 

6. The method for end-to-end speech enhancement according to claim 4, wherein 

obtaining the enhanced speech signal by performing combined feature extraction on the speech 

signal to be enhanced according to the weight matrix obtained by training comprises:  

obtaining a first time-domain feature map by performing a convolution operation on the 

weight matrix obtained by training and an original speech signal in the speech signal to be 

enhanced;

obtaining a second time-domain feature map by performing a convolution operation on 

the weight matrix obtained by training and a smoothing feature in the speech signal to be 

enhanced; and 

obtaining the enhanced speech signal by combining the first time-domain feature map and 

the second time-domain feature map. 

7. An apparatus for end-to-end speech enhancement based on a neural network, 

comprising: 

a time-domain smoothing feature extraction module, configured to obtain a time-domain 

smoothing feature of an original speech signal by performing feature extraction on the original 

speech signal using a time-domain convolution kernel; and  

a combined feature extraction module, configured to obtain an enhanced speech signal by 

performing combined feature extraction on the original speech signal and the time-domain 

smoothing feature of the original speech signal. 

8. The apparatus for end-to-end speech enhancement according to claim 7, wherein the 

time-domain smoothing feature extraction module comprises:  

a parameter matrix determination unit, configured to determine a time-domain smoothing 
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parameter matrix according to a convolution sliding window and a time-domain smoothing 

factor;

a weight matrix determination unit, configured to obtain a weight matrix of the time-

domain convolution kernel by performing a product operation on the time-domain smoothing 

parameter matrix; and  

a time-domain operation unit, configured to obtain the time-domain smoothing feature of 

the original speech signal by performing a convolution operation on the weight matrix of the 

time-domain convolution kernel and the original speech signal. 

9. The apparatus for end-to-end speech enhancement according to claim 8, wherein the 

parameter matrix determination unit comprises:  

a data initialization subunit, configured to initialize a plurality of time-domain smoothing 

factors; and  

a matrix determination subunit, configured to obtain the time-domain smoothing 

parameter matrix based on a preset convolution sliding window and the plurality of time-

domain smoothing factors. 

10. The apparatus for end-to-end speech enhancement according to claim 7, wherein the 

combined feature extraction module comprises:  

an input signal obtaining unit, configured to obtain a speech signal to be enhanced by 

combining the original speech signal and the time-domain smoothing feature of the original 

speech signal;

a weight matrix training unit, configured to train a weight matrix of the time-domain 

convolution kernel by using a back propagation algorithm with the speech signal to be 

enhanced as an input of a deep neural network; and  

an enhanced speech signal obtaining unit, configured to obtain the enhanced speech signal 

by performing combined feature extraction on the speech signal to be enhanced according to 

the weight matrix obtained by training. 

11. The apparatus for end-to-end speech enhancement according to claim 10, wherein the 

weight matrix training unit comprises:  

a data input subunit, configured to input the speech signal to be enhanced into a deep 

neural network, and construct a time-domain loss function; and  

a data training subunit, configured to train the weight matrix of the time-domain 
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convolution kernel by using an error back propagation algorithm according to the time-domain 

loss function. 

12. The apparatus for end-to-end speech enhancement according to claim 10, wherein the 

enhanced speech signal obtaining unit comprises:  

a first feature map obtaining subunit, configured to obtain a first time-domain feature map 

by performing a convolution operation on the weight matrix obtained by training and an 

original speech signal in the speech signal to be enhanced;

a second feature map obtaining subunit, configured to obtain a second time-domain 

feature map by performing a convolution operation on the weight matrix obtained by training 

and a smoothing feature in the speech signal to be enhanced; and  

a feature combination subunit, configured to obtain the enhanced speech signal by 

combining the first time-domain feature map and the second time-domain feature map. 

13. A computer-readable storage medium, with a computer program stored thereon; 

wherein, when the computer program is executed by a processor, the method according to any 

one of claims 1-6 is implemented. 

14. An electronic device, comprising:  

a processor; and  

a memory, configured to store an executable instruction of the processor;

wherein the processor is configured to execute the method according to any one of claims 

1-6 by executing the executable instruction. 


