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INTENT RECOGNITION METHOD, APPARATUS, STORAGE 

MEDIUM AND COMPUTER DEVICE 

TECHNICAL FIELD 

[0001] The present disclosure relates to the technical field of information, and in particular to 

an intent recognition method, an intent recognition apparatus, a computer readable storage 

medium and a computer device. 

BACKGROUND 

[0002] With the continuous development of society, there is an increasing demand for 

Artificial Intelligence (AI), and one of the most widely used applications is human-machine 

dialogue scenarios. In order to improve the accuracy of human-machine dialogue, it becomes 

especially important to accurately recognize the speaker's intention. 

[0003] Currently, the speaking content of a client is generally recognized first in an intent 

recognition process. Then the speaking content is transcribed into a corresponding text, and 

then the intent of a speaker is recognized in the corresponding text. However, the quality of 

recognizing the speaker's intention is directly affected by the accuracy of converting the voice 

into the text in this intent recognition process. For example, the accuracy of intent recognition 

will also be lowered if the accuracy of text conversion is low due to the background noise or 

the speaker's accent. Furthermore, text conversion will take some time and may lead to low 

efficient in intent recognition. 

SUMMARY 

[0004] In view of this, an intent recognition method, an intent recognition apparatus, a storage 

medium and a computer device are provided, aiming to improve the accuracy and the efficiency 

of the intent recognition. 

[0005] According to a first aspect of the present disclosure, an intent recognition method is 
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provided. The method includes: 

[0006] acquiring user’s audio to be recognized; 

[0007] determining multi-frame audio feature vectors corresponding to the audio to be 

recognized; 

[0008] inputting the multi-frame audio feature vectors into a preset intent recognition model 

to obtain multiple output sequences corresponding to the multi-frame audio feature vectors, 

wherein the output sequences include blank characters and non-blank characters; and 

[0009] determining a target intent corresponding to the audio to be recognized based on the 

multiple output sequences. 

[0010] Optionally, before the acquiring user’s audio to be recognized, the method further 

includes: 

[0011] formulating a preset initial intent recognition model and acquiring a sample audio and 

an actual output sequence corresponding to the sample audio; 

[0012] determining multi-frame sample audio feature vectors corresponding to the sample 

audio; 

[0013] inputting the multi-frame sample audio feature vectors into the preset initial intent 

recognition model to obtain a predicted output sequence corresponding to the multi-frame 

sample audio feature vectors; 

[0014] formulating a loss function corresponding to the preset initial intent recognition model 

based on the predicted output sequence and the actual output sequence; and 

[0015] formulating the preset intent recognition model based on the loss function. 

[0016] Optionally, the determining multi-frame audio feature vectors corresponding to the 

audio to be recognized includes: 

[0017] cutting the audio to be recognized in a preset length threshold unit to obtain a plurality 

of short-time frame audios; 

[0018] windowing the short-time frame audios by using a preset Hamming Window function 

to obtain a plurality of windowed audios corresponding to the short-time frame audios 

respectively; 

[0019] performing first-order high-pass filtering on the plurality of windowed audios to obtain 
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a plurality of high-frequency short-time frame audios;  

[0020] performing transformation on the plurality of high-frequency short-time frame audios 

by utilizing a preset Fourier transform function respectively to obtain a plurality of processed 

high-frequency short-time frame audios; 

[0021] determining power spectrums corresponding to the processed high-frequency short-

time frame audios respectively; 

[0022] performing convolution operation between the power spectrums and a preset triangular 

filtering function group to obtain a result filtered by triangular filtering functions in the preset 

triangular filtering function group; 

[0023] performing logarithmic operation on the result filtered by the triangular filtering 

functions to obtain high-dimensional audio features corresponding to the plurality of short-time 

frame audios respectively; and 

[0024] performing discrete cosine transform on the high-dimensional audio features 

corresponding to the plurality of short-time frame audios respectively to obtain the multi-frame 

audio feature vectors corresponding to the audio to be recognized. 

[0025] Optionally, the inputting the multi-frame audio feature vectors into a preset intent 

recognition model to obtain multiple output sequences corresponding to the multi-frame audio 

feature vectors includes: 

[0026] inputting the multi-frame audio feature vectors into the preset intent recognition model 

to obtain multiple output characters corresponding to the multi-frame audio feature vectors 

respectively; and 

[0027] splicing an arbitrary output character corresponding to the multi-frame audio feature 

vectors sequentially to obtain one of the output sequences corresponding to the multi-frame 

audio feature vectors. 

[0028] Optionally, the determining a target intent corresponding to the audio to be recognized 

based on the multiple output sequences includes: 

[0029] calculating probability values corresponding to the multiple output sequences 

respectively; and 

[0030] determining a maximum probability value in the probability values and then 
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determining the target intent corresponding to the audio to be recognized based on the output 

sequence corresponding to the maximum probability value. 

[0031] Optionally, the calculating probability values corresponding to the multiple output 

sequences respectively includes: 

[0032] removing the blank characters of an arbitrary output sequence in the multiple output 

sequences to obtain a processed output sequence; 

[0033] merging the duplicate non-blank characters in the processed output sequence to obtain 

a simplified output sequence; 

[0034] tokenizing the simplified output sequence to obtain multiple tokens corresponding to 

the arbitrary output sequence; 

[0035] determining token frequencies of the tokens in the arbitrary output sequence; and 

[0036] multiplying the token frequencies corresponding to the tokens to obtain a probability 

value corresponding to the arbitrary output sequence. 

[0037] The determining the target intent corresponding to the audio to be recognized based on 

the output sequence corresponding to the maximum probability value includes: 

[0038] combining the tokens of the output sequence corresponding to the maximum 

probability value in sequence to obtain the target intent corresponding to the audio to be 

recognized. 

[0039] Optionally, the determining token frequencies of the tokens in the arbitrary output 

sequence includes: 

[0040] determining total character count of the characters corresponding to the arbitrary 

output sequence, wherein the characters include blank characters and non-blank characters; 

[0041] determining quantity of the blank characters that are adjacent in forward order to an 

arbitrary token in the tokens, and determining quantity of the duplicate characters that are the 

same as the arbitrary token; 

[0042] dividing the quantity of the blank characters by the total quantity of the characters to 

obtain a blank token frequency corresponding to the arbitrary token;  

[0043] dividing a sum of the quantity of the duplicate character and 1 by the total quantity of 

the characters to obtain a duplicate token frequency corresponding to the arbitrary token; and 
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[0044] multiplying the blank token frequency by the duplicate token frequency to obtain the 

token frequency of the arbitrary token in the arbitrary output sequence. 

[0045] According to a second aspect of the present disclosure, an intent recognition apparatus 

is provided. The apparatus includes an acquiring unit, a first determining unit, a recognition 

unit and a second determining unit. 

[0046] The acquiring unit is configured to acquire user’s audio to be recognized. 

[0047] The first determining unit is configured to determine multi-frame audio feature vectors 

corresponding to the audio to be recognized. 

[0048] The recognition unit is configured to input the multi-frame audio feature vectors into 

a preset intent recognition model to obtain multiple output sequences corresponding to the 

multi-frame audio feature vectors, wherein the output sequences include blank characters and 

non-blank characters. 

[0049] The second determining unit is configured to determine a target intent corresponding 

to the audio to be recognized based on the multiple output sequences. 

[0050] According to a third aspect of the present disclosure, a computer readable storage 

medium is provided. The computer readable storage medium stores a computer program. The 

computer program, when executed by a processor, performs the above intent recognition 

method. 

[0051] According to a fourth aspect of the present disclosure, a computer device is provided. 

The computer device includes: a memory; a processor; and a computer program that is stored 

in the memory and executable by the processor. The computer program, when executed by the 

processor, performs the above intent recognition method. 

[0052] An intent recognition method, an intent recognition apparatus, a storage medium and 

a computer device are provided according to the present disclosure. In the present disclosure, 

the user’s audio to be recognized is acquired, in comparison with the present mode that the 

speaking content of a client is generally recognized, the speaking content is transcribed into a 

corresponding text, and then the intent of a speaker is recognized in the transcribed text. The 

multi-frame audio feature vectors corresponding to the audio to be recognized are determined. 

The multi-frame audio feature vectors are input into a preset intent recognition model to obtain 
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multiple output sequences corresponding to the multi-frame audio feature vectors, wherein the 

output sequences include blank characters and non-blank characters. The target intent 

corresponding to the audio to be recognized is determined based on the multiple output 

sequences. Therefore, the final intent recognition result is obtained by directly extracting the 

audio features of the audio to be recognized and directly inputting the audio features into the 

model. By directly utilizing the model to recognize the audio features, conversion errors and 

time wasted in conversion caused by converting audio to text can be avoided, so that the present 

disclosure is able to improve the accuracy and the efficiency of the intent recognition. 

BRIEF DESCRIPTION OF DRAWINGS 

[0053] The drawings described herein are intended to provide a further understanding of the 

present disclosure and constitute a part of the present disclosure. The illustrative embodiments 

of the present disclosure and the description thereof are intended to explain the present 

disclosure, and do not constitute an undue limitation to the present disclosure. In the 

accompanying drawings: 

[0054] FIG. 1 is a flowchart illustrating an intent recognition method according to an 

embodiment of the present disclosure; 

[0055] FIG. 2 is a flowchart illustrating an intent recognition method according to another 

embodiment of the present disclosure; 

[0056] FIG. 3 is a schematic structural diagram illustrating an intent recognition apparatus 

according to an embodiment of the present disclosure; 

[0057] FIG. 4 is a schematic structural diagram illustrating an intent recognition apparatus 

according to another embodiment of the present disclosure; 

[0058] FIG. 5 is a schematic physical structure diagram illustrating a computer device 

according to an embodiment of the present disclosure. 

DETAILED DESCRIPTION OF THE EMBODIMENTS 

[0059] The present disclosure is described in detail below with reference to the accompanying 
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drawings and in conjunction with the embodiments. It should be noted that the embodiments of 

the present disclosure and features in the embodiments may be combined with each other 

without conflict. 

[0060] Currently, the speaking content of a client is generally recognized first. Secondly, the 

speaking content is transcribed into a corresponding text, and then the intent of a speaker is 

recognized in the transcribed text. If the accuracy of text conversion is low due to background 

noise or speaker's accent, the accuracy of intent recognition will also be lowered. At the same 

time, text conversion takes some time and may lead to less efficient intent recognition. 

[0061] To solve the above problem, an intent recognition method is provided according to an 

embodiment of the present disclosure. As shown in FIG. 1, the method includes steps 101 to 

104. 

[0062] In 101, the user’s audio to be recognized is acquired. 

[0063] The audio to be recognized may be an audio for communicating with the AI customer 

service. According to the embodiment of the present disclosure, the audio of the user can be 

acquired in real time in the process of the communication between the user and the AI customer 

service. An intent analysis is carried out on the audio of the user to obtain the intent of the user. 

A satisfactory answer is replied to the user according to the intent of the user, so that the 

answering efficiency and the answering accuracy for the user can be improved, and the user 

experience is improved. 

[0064] In 102, multi-frame audio feature vectors corresponding to the audio to be recognized 

are determined. 

[0065] Specifically, to improve the accuracy of intent recognition, it is further required to 

determine the audio feature vectors corresponding to the audio to be recognized after the audio 

to be recognized of the user is acquired. The audio feature vectors are features of all frames of 

the audio. For example, for a 2 s audio with a frame shift of 10 ms, there are 20 frames, i.e., 

there are 20 frames of audio feature vectors in total. The multi-frame audio feature vectors are 

then input into a preset intent recognition model to obtain multiple output sequences 

corresponding to the multi-frame audio feature vectors. So that by directly determining the 

feature of the voice of the user and analyzing the voice feature by using the model, the efficiency 
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and the accuracy of the intent recognition can be improved. 

[0066] In 103, the multi-frame audio feature vectors are input into a preset intent recognition 

model to obtain multiple output sequences corresponding to the multi-frame audio feature 

vectors, wherein the output sequences include blank characters and non-blank characters. 

[0067] The preset intent recognition model may be a pre-trained neural network model. In the 

embodiment of the present disclosure, after the multi-frame audio feature vectors of the audio 

to be recognized are acquired, the multi-frame audio feature vectors are directly input into the 

preset intent recognition model. The multi-frame audio feature vectors are sequentially input 

into the preset intent recognition model. Each frame of audio is input into the preset intent 

recognition model and has a plurality of corresponding output results. Take the three-frame 

audio feature vectors as an example, the first frame audio feature vector is input into the preset 

intent recognition model. With the preset intent recognition model, a plurality of output results 

corresponding to the first frame audio feature vector can be output. The second frame audio 

feature vector is input into the preset intent recognition model. With the preset intent recognition 

model, a plurality of output results (e.g., two results) corresponding to the second frame audio 

feature vector can be output. The third frame audio feature vector is input into a preset intent 

recognition model. With the preset intent recognition model, a plurality of output results 

corresponding to the third frame audio feature vector can be output. The output result 

corresponding to each frame audio feature vector may include a blank result. At this time, a 

blank character “-” may be used for substitution. And then any one of the output results 

corresponding to the three-frame audio feature vectors is sequentially combined to obtain 

multiple output sequences. For example, if a certain output result corresponding to the first 

frame audio feature vector is “-”, a certain output result corresponding to the second frame 

audio feature vector is “school”, and a certain output result corresponding to the third frame 

audio feature vector is “student”, the output sequence after final combining is: the “- school 

student”. Because each frame of audio feature vector corresponds to a plurality of output results, 

multiple output sequences will be obtained. Finally, the target intent corresponding to the audio 

to be recognized is determined based on the multiple output sequences, which can improve the 

efficiency and the accuracy of the intent recognition. 
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[0068] In 104, a target intent corresponding to the audio to be recognized based on the multiple 

output sequences is determined. 

[0069] In the embodiment of the present disclosure, after the multiple output sequences are 

output from the preset intent recognition model, the optimal output sequence is determined 

among the multiple output sequences. The target intent corresponding to the audio to be 

recognized is determined according to the optimal output sequence. Therefore, the final intent 

recognition result is obtained by directly extracting the audio features of the audio to be 

recognized and directly inputting the audio features into the model. By directly utilizing the 

model to recognize the audio features, conversion errors and time wasted in conversion caused 

by converting audio to text can be avoided, so that the present disclosure is able to improve the 

accuracy and the efficiency of the intent recognition. 

[0070] An intent recognition is provided according to the present disclosure. In the present 

disclosure, the user’s audio to be recognized is acquired, in comparison with the present mode 

that the speaking content of a client is generally recognized, the speaking content is transcribed 

into a corresponding text, and then the intent of a speaker is recognized in the transcribed text. 

The multi-frame audio feature vectors corresponding to the audio to be recognized are 

determined. The multi-frame audio feature vectors are input into a preset intent recognition 

model to obtain multiple output sequences corresponding to the multi-frame audio feature 

vectors, wherein the output sequences include blank characters and non-blank characters. The 

target intent corresponding to the audio to be recognized is determined based on the multiple 

output sequences. Therefore, the final intent recognition result is obtained by directly extracting 

the audio features of the audio to be recognized and directly inputting the audio features into 

the model. By directly utilizing the model to recognize the audio features, conversion errors 

and time wasted in conversion caused by converting audio to text can be avoided, so that the 

present disclosure is able to improve the accuracy and the efficiency of the intent recognition. 

[0071] Further, to better explain the above intent recognition process, as a refinement and 

extension of the above embodiment, an intent recognition method is provided according to 

another embodiment of the present disclosure. As shown in FIG. 2, the method includes steps 

201 to 205. 
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[0072] In 201, user’s audio to be recognized is acquired.  

[0073] Specifically, in the process of a user communicating with an AI customer service, the 

audio of the user, namely the audio to be recognized, is obtained in real time. The audio feature 

vectors corresponding to the audio to be recognized are determined. The audio feature vectors 

are analyzed by using a preset intent recognition model to determine the intent. On the basis, to 

improve the recognition accuracy of the preset intent recognition model, the preset intent 

recognition model needs to be trained and formulated firstly. In view of this, the method 

includes: formulating a preset initial intent recognition model and acquiring a sample audio and 

an actual output sequence corresponding to the sample audio; determining multi-frame sample 

audio feature vectors corresponding to the sample audio; inputting the multi-frame sample 

audio feature vectors into the preset initial intent recognition model to obtain a predicted output 

sequence corresponding to the multi-frame sample audio feature vectors; formulating a loss 

function corresponding to the preset initial intent recognition model based on the predicted 

output sequence and the actual output sequence; and formulating the preset intent recognition 

model based on the loss function. 

[0074] Specifically, a plurality of preset initial intent recognition models is formulated, the 

model structures of the preset initial intent recognition models may be the same or different. 

Then the sample audio (which may be obtained in the conversation process of a historical user 

with an AI customer service) is obtained. An actual output sequence corresponding to the 

sample audio is determined. Multi-frame sample audio feature vectors corresponding to the 

sample audio are determined. A mapping relationship is established between the sample audio 

and the actual output sequence to obtain a sample set. The sample set is divided into a training 

set and a testing set. The training set is divided into a plurality of sub-training sets, wherein 

different sub-training sets correspond to different preset initial intent recognition models. 

Specifically, in the training process, the multi-frame sample audio feature vectors 

corresponding to the sample audio in the sub-training sets are input into the corresponding 

preset initial intent recognition model to obtain a predicted output sequence. The predicted 

output sequence is compared with the actual output sequence. The loss function corresponding 

to the preset initial intent recognition model is formulated according to the comparison result. 
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The preset initial intent recognition model is trained according to the loss function, so that each 

preset initial intent recognition model can be trained. After the training is finished, each trained 

preset initial intent recognition model is tested by using the testing set to determine the 

prediction accuracy corresponding to each preset initial intent recognition model. Finally, the 

preset initial intent recognition model with the highest prediction accuracy is selected as the 

preset intent recognition model in the embodiment of the present disclosure. Therefore, the 

accuracy of intent recognition can be improved by training and formulating the preset intent 

recognition model. 

[0075] In 202, multi-frame audio feature vectors corresponding to the audio to be recognized 

are determined. 

[0076] In the embodiment of the present disclosure, to further improve the recognition 

accuracy of the preset intent recognition model, firstly, the multi-frame audio feature vectors 

corresponding to the audio to be recognized needs to be determined. In view of this, step 202 

specifically includes: cutting the audio to be recognized in a preset length threshold unit to 

obtain a plurality of short-time frame audios; windowing the short-time frame audios by using 

a preset Hamming Window function to obtain a plurality of windowed audios corresponding to 

the short-time frame audios respectively; performing first-order high-pass filtering on the 

plurality of windowed audios to obtain a plurality of high-frequency short-time frame audios; 

performing transformation on the plurality of high-frequency short-time frame audios by 

utilizing a preset Fourier transform function respectively to obtain a plurality of processed high-

frequency short-time frame audios; determining power spectrums corresponding to the 

processed high-frequency short-time frame audios respectively; performing convolution 

operation between the power spectrums and a preset triangular filtering function group to obtain 

a result filtered by triangular filtering functions in the preset triangular filtering function group; 

performing logarithmic operation on the result filtered by the triangular filtering functions to 

obtain high-dimensional audio features corresponding to the plurality of short-time frame 

audios respectively; and performing discrete cosine transform on the high-dimensional audio 

features corresponding to the plurality of short-time frame audios respectively to obtain the 

multi-frame audio feature vectors corresponding to the audio to be recognized.  
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[0077] Wherein, the preset length threshold is set according to actual requirements. 

Specifically, before performing audio feature extraction, preprocessing needs to be performed 

on the audio to be recognized. The purpose of the preprocessing is to remove noise, normalize 

signal strength, and the like. Common preprocessing methods include speech signal framing, 

windowing, pre-emphasis, and the like. The speech signal of the audio to be recognized is 

usually continuous. For the convenience of subsequent processing, the audio to be recognized 

needs to be framed. The purpose of framing is to cut the continuous speech signal into a plurality 

of short-time frames to obtain a plurality of short-time frame audios. For example, each frame 

may have a length of 20 ms – 40 ms. The frames may be slid by using a window with a fixed 

size. There is usually an overlap between adjacent frames. Furthermore, to avoid abrupt change 

at the frame boundary, a Hamming Window function needs to be preset to perform windowing 

on the short-time frame audios to obtain a plurality of windowed audios corresponding to the 

short-time frame audios respectively. After windowing, each frame of audio is smooth in time. 

Further, because the high-frequency components tend to be seriously attenuated in the 

transmission process of the audio, on the basis, to compensate for the influence caused by the 

high-frequency attenuation, pre-emphasis processing needs to be performed on the plurality of 

windowed audios. The pre-emphasis processing aims to enhance the high-frequency 

components by performing first-order high-pass filtering on the plurality of windowed audios 

to obtain high-frequency short-time frame audios. Further, after framing, windowing and pre-

emphasis, the short-time frame audios are converted into discrete signals in a time domain. The 

discrete signals need to be converted into signals in a frequency domain, on the basis, a preset 

Fourier transform function needs to be used for respectively performing transform processing 

on the high-frequency short-time frame audios to obtain a plurality of processed high-frequency 

short-time frame audios. The time domain signals are converted into frequency domain signals 

through the preset Fourier transform function. Further, power spectrums corresponding to the 

processed high-frequency short-time frame audios respectively are calculated. The calculated 

power spectrums may reflect the intensity of each frequency component. Further, convolution 

operation is performed between the power spectrums and a preset triangular filtering function 

group to obtain a result filtered by triangular filtering functions in the preset triangular filtering 
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function group. Logarithmic operation is performed on the result filtered by the triangular 

filtering functions to obtain high-dimensional audio features corresponding to the plurality of 

short-time frame audios respectively. Discrete cosine transform is performed on the high-

dimensional audio features corresponding to the plurality of short-time frame audios 

respectively to obtain the multi-frame audio feature vectors corresponding to the audio to be 

recognized. 

[0078] In 203, the multi-frame audio feature vectors are input into a preset intent recognition 

model to obtain multiple output sequences corresponding to the multi-frame audio feature 

vectors, wherein the output sequences include blank characters and non-blank characters. 

[0079] In the embodiment of the present disclosure, after the multi-frame audio feature vectors 

corresponding to the audio to be recognized are determined, the multi-frame audio feature 

vectors need to be input into a preset intent recognition model, to determine the intent 

corresponding to the audio to be recognized. In view of this, step 203 specifically includes: 

inputting the multi-frame audio feature vectors into the preset intent recognition model to obtain 

multiple output characters corresponding to the multi-frame audio feature vectors respectively; 

and splicing an arbitrary output character corresponding to the multi-frame audio feature 

vectors sequentially to obtain one of the output sequences corresponding to the multi-frame 

audio feature vectors. 

[0080] Specifically, each frame audio feature vector is input into a preset intent recognition 

model and has multiple output results. If the audio feature vector is not output, a preset character 

“-” is used for representing the output result. Take the four-frame audio feature vectors as an 

example, the first frame audio feature vector is input into the preset intent recognition model. 

One of the output results corresponding to the first frame audio feature vector may be output as 

“-” through the preset intent recognition model. The second frame audio feature vector is input 

into the preset intent recognition model. One of the output results corresponding to the second 

frame audio feature vector may be output as “school” through the preset intent recognition 

model. The third frame audio feature vector is input into the preset intent recognition model. 

One of the output results corresponding to the third frame audio feature vector may be output 

as “school” through the preset intent recognition model. The fourth frame audio feature vector 
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is input into the preset intent recognition model. One of the output results corresponding to the 

fourth frame audio feature vector may be output as “student” through the preset intent 

recognition model. The output results of the four frames audio feature vectors are combined 

sequentially to obtain a combined output sequence as “- school school student”. Wherein, “-” 

represents a blank character, and “school” and “student” represent non-blank characters. Since 

each frame audio feature vector has multiple output results, multiple output sequences may be 

obtained finally. For example, if there are 20-frame audio feature vectors, the final output 

sequence may be: “- - - - I I I - am am - a - middle - school - student - ”and “- - - I I I - am - a - 

middle - - school - - student - -”. 

[0081] In 204, probability values corresponding to the multiple output sequences respectively 

are calculated. 

[0082] In the embodiment of the present disclosure, after the multiple output sequences are 

determined, it is necessary to calculate probability values corresponding to the multiple output 

sequences, to determine the optimal output sequence among the multiple output sequences. In 

view of this, step 204 specifically includes: removing the blank characters of an arbitrary output 

sequence in the multiple output sequences to obtain a processed output sequence; merging the 

duplicate non-blank characters in the processed output sequence to obtain a simplified output 

sequence; tokenizing the simplified output sequence to obtain multiple tokens corresponding to 

the arbitrary output sequence; determining token frequencies of the tokens in the arbitrary 

output sequence; and multiplying the token frequencies corresponding to the tokens to obtain a 

probability value corresponding to the arbitrary output sequence. wherein the determining token 

frequencies of the tokens in the arbitrary output sequence includes: determining total character 

count of the characters corresponding to the arbitrary output sequence, wherein the characters 

include blank characters and non-blank characters; determining quantity of the blank characters 

that are adjacent in forward order to an arbitrary token in the tokens, and determining quantity 

of the duplicate characters that are the same as the arbitrary token; dividing the quantity of the 

blank characters by the total quantity of the characters to obtain a blank token frequency 

corresponding to the arbitrary token; dividing a sum of the quantity of the duplicate character 

and 1 by the total quantity of the characters to obtain a duplicate token frequency corresponding 
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to the arbitrary token; and multiplying the blank token frequency by the duplicate token 

frequency to obtain the token frequency of the arbitrary token in the arbitrary output sequence. 

[0083] Specifically, for example, if the arbitrary output sequence is “- - - - I I I - am am - a - 

middle - school - student - ”, the simplified output sequence of “I a middle school student" is 

obtained by a strategy of merging consecutive identical characters and removing blank 

characters. The simplified output sequence is then tokenized, and the tokens of this arbitrary 

output sequence are: “I  am  a  middle  school  student”. The final formula for calculating 

the probability values of this arbitrary output sequence is: P (i) = P (I) × P (am) × P (a) × P 

(middle) × P (school) × P (student), where P (i) represents a probability value of an arbitrary 

output sequence, P (I) represents a token frequency of the token “I” in the arbitrary output 

sequence, P (am) represents a token frequency of the token “am” in the arbitrary output 

sequence, P (a) represents a token frequency of the token “a” in the arbitrary output sequence, 

and so on. Wherein i ranges from 1 to a maximum value N of all sequences, N represents a total 

number of output sequences. For example, the P (I) is calculated as follows. Firstly, a partial 

sequence corresponding to the token “I” is found in the output sequence as follows: “- - - - I I 

I”; the number of blank characters “-” 4 is divide by the total number of characters in the output 

sequence 20 to get 0.2, which represents the blank token frequency corresponding to the token 

“I”. Meanwhile, the number of the duplicate character which is the same as the token “I” in the 

partial sequence is 2, the result 3 of adding 2 and 1 is obtained. The result 3 is divided by the 

total quantity of the characters 20 to get 0.15, which represents the duplicate token frequency 

of the token “I”. The blank token frequency is multiplied by the duplicate token frequency to 

obtain the token frequency of the token “I” in the arbitrary output sequence. Similarly， the P 

(am) represents the product of the probability of “- am am”. Therefore, the token frequency 

corresponding to each token can be calculated. The token frequencies corresponding to the 

tokens are multiplied to obtain the probability value corresponding to the arbitrary output 

sequence. 

[0084] In 205, a maximum probability value in the probability values is determined, and then 

the target intent corresponding to the audio to be recognized is determined based on the output 

sequence corresponding to the maximum probability value. 
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[0085] In the embodiment of the present disclosure, after the probability values corresponding 

to the multiple output sequences are determined, a maximum probability value in the probability 

values is determined, and then the target intent corresponding to the audio to be recognized 

needs to be determined based on the output sequence corresponding to the maximum 

probability value. In view of this, step 205 specifically includes: combining the tokens of the 

output sequence corresponding to the maximum probability value in sequence to obtain the 

target intent corresponding to the audio to be recognized. 

[0086] Specifically, as known from above step 204, if the output sequence corresponding to 

the maximum probability value is “I I I - am - a - middle - - school - - student - - - -”, the tokens 

corresponding to this arbitrary output sequence are “I  am  a  middle  school  student”. 

The above tokens are combined in sequence to obtain a final target intent corresponding to the 

audio to be recognized: “I am a middle school student”. 

[0087] An intent recognition is provided according to another embodiment of the present 

disclosure. In the present disclosure, the user’s audio to be recognized is acquired, in 

comparison with the present mode that the speaking content of a client is generally recognized, 

the speaking content is transcribed into a corresponding text, and then the intent of a speaker is 

recognized in the transcribed text. The multi-frame audio feature vectors corresponding to the 

audio to be recognized are determined. The multi-frame audio feature vectors are input into a 

preset intent recognition model to obtain multiple output sequences corresponding to the multi-

frame audio feature vectors, wherein the output sequences include blank characters and non-

blank characters. The target intent corresponding to the audio to be recognized is determined 

based on the multiple output sequences. Therefore, the final intent recognition result is obtained 

by directly extracting the audio features of the audio to be recognized and directly inputting the 

audio features into the model. By directly utilizing the model to recognize the audio features, 

conversion errors and time wasted in conversion caused by converting audio to text can be 

avoided, so that the present disclosure is able to improve the accuracy and the efficiency of the 

intent recognition. 

[0088] Further, as a specific implementation of FIG. 1, an intent recognition apparatus is 

provided according to an embodiment of the present disclosure. As shown in FIG. 3, the 
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apparatus includes: an acquiring unit 31, a first determining unit 32, a recognition unit 33 and 

a second determining unit 34. 

[0089] The acquiring unit 31 may be configured to acquire user’s audio to be recognized. 

[0090] The first determining unit 32 may be configured to determine multi-frame audio 

feature vectors corresponding to the audio to be recognized. 

[0091] The recognition unit 33 may be configured to input the multi-frame audio feature 

vectors into a preset intent recognition model to obtain multiple output sequences 

corresponding to the multi-frame audio feature vectors, wherein the output sequences include 

blank characters and non-blank characters. 

[0092] The second determining unit 34 may be configured to determine a target intent 

corresponding to the audio to be recognized based on the multiple output sequences. 

[0093] In a specific application scenario, to formulate the preset intent recognition model, as 

shown in FIG. 4, the apparatus further includes a formulating unit 35. 

[0094] The formulating unit 35 may be configured to formulate a preset initial intent 

recognition model, and acquire a sample audio and an actual output sequence corresponding to 

the sample audio. 

[0095] The first determining unit 32 may be further configured to determine multi-frame 

sample audio feature vectors corresponding to the sample audio. 

[0096] The recognition unit 33 may be further configured to input the multi-frame sample 

audio feature vectors into the preset initial intent recognition model to obtain a predicted output 

sequence corresponding to the multi-frame sample audio feature vectors. 

[0097] The formulating unit 35 may be specifically configured to formulate a loss function 

corresponding to the preset initial intent recognition model based on the predicted output 

sequence and the actual output sequence. 

[0098] The formulating unit 35 may be specifically configured to formulate the preset intent 

recognition model based on the loss function. 

[0099] In a specific application scenario, to determine the multi-frame audio feature vectors 

corresponding to the audio to be recognized, the first determining unit 32 includes a cutting 

module 321, a windowing module 322, a filtering module 323, a transforming module 324, a 
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first determining module 325, a convolution module 326, a logarithm processing module 327, 

and a discrete transforming module 328. 

[0100] The cutting module 321 may be configured to cut the audio to be recognized in a preset 

length threshold unit to obtain a plurality of short-time frame audios. 

[0101] The windowing module 322 may be configured to window the short-time frame audios 

by using a preset Hamming Window function to obtain a plurality of windowed audios 

corresponding to the short-time frame audios respectively. 

[0102] The filtering module 323 may be configured to perform first-order high-pass filtering 

on the plurality of windowed audios to obtain a plurality of high-frequency short-time frame 

audios. 

[0103] The transforming module 324 may be configured to perform transformation on the 

plurality of high-frequency short-time frame audios by utilizing a preset Fourier transform 

function respectively to obtain a plurality of processed high-frequency short-time frame audios. 

[0104] The first determining module 325 may be configured to determine power spectrums 

corresponding to the processed high-frequency short-time frame audios respectively. 

[0105] The convolution module 326 may be configured to convolution operation between the 

power spectrums and a preset triangular filtering function group to obtain a result filtered by 

triangular filtering functions in the preset triangular filtering function group. 

[0106] The logarithm processing module 327 may be configured to perform logarithmic 

operation on the result filtered by the triangular filtering functions to obtain high-dimensional 

audio features corresponding to the plurality of short-time frame audios respectively. 

[0107] The discrete transforming module 328 may be configured to perform discrete cosine 

transform on the high-dimensional audio features corresponding to the plurality of short-time 

frame audios respectively to obtain the multi-frame audio feature vectors corresponding to the 

audio to be recognized. 

[0108] In a specific application scenario, in order to determine the multiple output sequences 

corresponding to multi-frame audio feature vectors, the recognition unit 33 includes a 

recognition module 331 and a combining module 332. 

[0109] The recognition module 331 may be configured to input the multi-frame audio feature 
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vectors into the preset intent recognition model to obtain multiple output characters 

corresponding to the multi-frame audio feature vectors respectively. 

[0110] The combining module 332 may be configured to splice an arbitrary output character 

corresponding to the multi-frame audio feature vectors sequentially to obtain one of the output 

sequences corresponding to the multi-frame audio feature vectors. 

[0111] In a specific application scenario, to determine the target intent corresponding to the 

audio to be recognized, the second determining unit 34 includes a calculating module 341 and 

a second determining module 342. 

[0112] The calculating module 341 may be configured to calculate probability values 

corresponding to the multiple output sequences respectively. 

[0113] The second determining module 342 may be configured to determine a maximum 

probability value in the probability values and then determine the target intent corresponding 

to the audio to be recognized based on the output sequence corresponding to the maximum 

probability value. 

[0114] In a specific application scenario, in order to calculate probability values 

corresponding to multiple output sequences, the calculating module 341 may be specifically 

configured to: remove the blank characters of an arbitrary output sequence in the multiple 

output sequences to obtain a processed output sequence; merge the duplicate non-blank 

characters in the processed output sequence to obtain a simplified output sequence; tokenize 

the simplified output sequence to obtain multiple tokens corresponding to the arbitrary output 

sequence; determine token frequencies of the tokens in the arbitrary output sequence; and 

multiply the token frequencies corresponding to the tokens to obtain a probability value 

corresponding to the arbitrary output sequence. 

[0115] In a specific application scenario, to determine the target intent corresponding to the 

audio to be recognized, the second determining module 342 may be specifically configured to 

combine the tokens of the output sequence corresponding to the maximum probability value in 

sequence to obtain the target intent corresponding to the audio to be recognized. 

[0116] In a specific application scenario, in order to determine token frequencies of the tokens 

in the arbitrary output sequence, the calculating module 341 may be specifically configured to: 
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determine total character count of the characters corresponding to the arbitrary output sequence, 

wherein the characters include blank characters and non-blank characters; determine quantity 

of the blank characters that are adjacent in forward order to an arbitrary token in the tokens, and 

determine quantity of the duplicate characters that are the same as the arbitrary token; divide 

the quantity of the blank characters by the total quantity of the characters to obtain a blank token 

frequency corresponding to the arbitrary token; divide a sum of the quantity of the duplicate 

character and 1 by the total quantity of the characters to obtain a duplicate token frequency 

corresponding to the arbitrary token; and multiply the blank token frequency by the duplicate 

token frequency to obtain the token frequency of the arbitrary token in the arbitrary output 

sequence. 

[0117] It should be noted that other corresponding descriptions of the functional modules 

related to the intent recognition apparatus provided in the embodiment of the present disclosure 

may refer to the corresponding description of the method shown in FIG. 1, and are not described 

herein again. 

[0118] Based on the method shown in FIG. 1, correspondingly, a computer readable storage 

medium is provided according to an embodiment of the present disclosure. The computer 

readable storage medium stores a computer program. The computer program, when executed 

by a processor, implements the following steps: acquiring user’s audio to be recognized; 

determining multi-frame audio feature vectors corresponding to the audio to be recognized; 

inputting the multi-frame audio feature vectors into a preset intent recognition model to obtain 

multiple output sequences corresponding to the multi-frame audio feature vectors, wherein the 

output sequences include blank characters and non-blank characters; and determining a target 

intent corresponding to the audio to be recognized based on the multiple output sequences. 

[0119] Based on the above embodiments of the method shown in FIG. 1 and the apparatus 

shown in FIG. 3, a computer device is further provided according to an embodiment of the 

present disclosure. As shown in FIG. 5, the computer device includes: a processor 41, a memory 

42, and a computer program that is stored in the memory 42 and executable by the processor, 

wherein the memory 42 and the processor 41 are each arranged on a bus 43. The computer 

program, when executed by the processor 41, implements the following steps: acquiring user’s 
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audio to be recognized; determining multi-frame audio feature vectors corresponding to the 

audio to be recognized; inputting the multi-frame audio feature vectors into a preset intent 

recognition model to obtain multiple output sequences corresponding to the multi-frame audio 

feature vectors, wherein the output sequences include blank characters and non-blank 

characters; and determining a target intent corresponding to the audio to be recognized based 

on the multiple output sequences. 

[0120] According to the technical solutions of the present disclosure, the user’s audio to be 

recognized is acquired. The multi-frame audio feature vectors corresponding to the audio to be 

recognized are determined. The multi-frame audio feature vectors are input into a preset intent 

recognition model to obtain multiple output sequences corresponding to the multi-frame audio 

feature vectors, wherein the output sequences include blank characters and non-blank 

characters. The target intent corresponding to the audio to be recognized is determined based 

on the multiple output sequences. Therefore, the final intent recognition result is obtained by 

directly extracting the audio features of the audio to be recognized and directly inputting the 

audio features into the model. By directly utilizing the model to recognize the audio features, 

conversion errors and time wasted in conversion caused by converting audio to text can be 

avoided, so that the present disclosure is able to improve the accuracy and the efficiency of the 

intent recognition. 

[0121] Apparently, those skilled in the art should understand that the modules or steps in the 

present disclosure described above may be implemented by a general-purpose computing 

apparatus, which may be integrated on a single computing apparatus or distributed over a 

network including multiple computing apparatus. Alternatively, the modules or steps in the 

present disclosure may be implemented with program codes executable by a computing 

apparatus, such that the modules or steps in the present disclosure may be stored in a storage 

apparatus for execution by a computing apparatus. In some cases, the steps may be performed 

in a different order than that shown or described herein. Or the modules or steps in the present 

disclosure may be separately implemented by various integrated circuit modules, or multiple of 

the modules or steps are implemented in a single integrated circuit module. Thus, the present 

disclosure is not limited to any specific combination of hardware and software. 
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[0122] The above descriptions are only preferred examples of the present invention, and are 

not intended to limit the present invention. For those skilled in the art, the present invention 

may have various modifications and changes. Any modification, equivalent substitution and 

improvement made within the spirit and principle of the present application are deemed to fall 

into the protection scope of claims of the present disclosure. 
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What is claimed is:  

1. An intent recognition method, comprising: 

acquiring user’s audio to be recognized; 

determining multi-frame audio feature vectors corresponding to the audio to be recognized; 

inputting the multi-frame audio feature vectors into a preset intent recognition model to 

obtain multiple output sequences corresponding to the multi-frame audio feature vectors, 

wherein the output sequences comprise blank characters and non-blank characters; and 

determining a target intent corresponding to the audio to be recognized based on the 

multiple output sequences; 

wherein the determining a target intent corresponding to the audio to be recognized based 

on the multiple output sequences comprises: 

calculating probability values corresponding to the multiple output sequences respectively; 

and 

determining a maximum probability value in the probability values, and then determining 

the target intent corresponding to the audio to be recognized based on the output sequence 

corresponding to the maximum probability value; 

wherein the calculating probability values corresponding to the multiple output sequences 

respectively comprises: 

removing the blank characters of an arbitrary output sequence in the multiple output 

sequences to obtain a processed output sequence; 

merging the duplicate non-blank characters in the processed output sequence to obtain a 

simplified output sequence; 

tokenizing the simplified output sequence to obtain multiple tokens corresponding to the 

arbitrary output sequence; 

determining token frequencies of the tokens in the arbitrary output sequence; and 

multiplying the token frequencies corresponding to the tokens to obtain a probability value 

corresponding to the arbitrary output sequence; 

wherein the determining the target intent corresponding to the audio to be recognized 

based on the output sequence corresponding to the maximum probability value comprises: 
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splicing the tokens of the output sequence corresponding to the maximum probability 

value in sequence to obtain the target intent corresponding to the audio to be recognized; and 

wherein the determining token frequencies of the tokens in the arbitrary output sequence 

comprises: 

determining total quantity of the characters corresponding to the arbitrary output sequence, 

wherein the characters comprise blank characters and non-blank characters; 

determining quantity of the blank characters that are adjacent in forward order to an 

arbitrary token in the tokens, and determining quantity of the duplicate characters that are the 

same as the arbitrary token; 

dividing the quantity of the blank characters by the total quantity of the characters to obtain 

a blank token frequency corresponding to the arbitrary token; 

dividing a sum of the quantity of the duplicate character and 1 by the total quantity of the 

characters to obtain a duplicate token frequency corresponding to the arbitrary token; and 

multiplying the blank token frequency by the duplicate token frequency to obtain the token 

frequency of the arbitrary token in the arbitrary output sequence. 

2. The method according to claim 1, wherein before the acquiring user’s audio to be 

recognized, the method further comprises: 

formulating a preset initial intent recognition model and acquiring a sample audio and an 

actual output sequence corresponding to the sample audio; 

determining multi-frame sample audio feature vectors corresponding to the sample audio; 

inputting the multi-frame sample audio feature vectors into the preset initial intent 

recognition model to obtain a predicted output sequence corresponding to the multi-frame 

sample audio feature vectors; 

formulating a loss function corresponding to the preset initial intent recognition model 

based on the predicted output sequence and the actual output sequence; and 

formulating the preset intent recognition model based on the loss function. 

3. The method according to claim 1, wherein the determining multi-frame audio feature 

vectors corresponding to the audio to be recognized comprises: 

cutting the audio to be recognized in a preset length threshold unit to obtain a plurality of 
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short-time frame audios; 

windowing the short-time frame audios by using a preset Hamming Window function to 

obtain a plurality of windowed audios corresponding to the short-time frame audios 

respectively; 

performing first-order high-pass filtering on the plurality of windowed audios to obtain a 

plurality of high-frequency short-time frame audios; 

performing transformation on the plurality of high-frequency short-time frame audios by 

utilizing a preset Fourier transform function respectively to obtain a plurality of processed high-

frequency short-time frame audios; 

determining power spectrums corresponding to the processed high-frequency short-time 

frame audios respectively; 

performing convolution operation between the power spectrums and a preset triangular 

filtering function group to obtain a result filtered by triangular filtering functions in the preset 

triangular filtering function group; 

performing logarithmic operation on the result filtered by the triangular filtering functions 

to obtain high-dimensional audio features corresponding to the plurality of short-time frame 

audios respectively; and 

performing discrete cosine transform on the high-dimensional audio features 

corresponding to the plurality of short-time frame audios respectively to obtain the multi-frame 

audio feature vectors corresponding to the audio to be recognized. 

4. The method according to claim 1, wherein the inputting the multi-frame audio feature 

vectors into a preset intent recognition model to obtain multiple output sequences 

corresponding to the multi-frame audio feature vectors comprises:  

inputting the multi-frame audio feature vectors into the preset intent recognition model  

to obtain multiple output characters corresponding to the multi-frame audio feature vectors 

respectively; and 

splicing an arbitrary output character corresponding to the multi-frame audio feature 

vectors sequentially to obtain one of the output sequences corresponding to the multi-frame 

audio feature vectors. 
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5. An intent recognition apparatus, comprising: 

an acquiring unit configured to acquire user’s audio to be recognized; 

a first determining unit configured to determine multi-frame audio feature vectors 

corresponding to the audio to be recognized; 

a recognition unit configured to input the multi-frame audio feature vectors into a preset 

intent recognition model to obtain multiple output sequences corresponding to the multi-frame 

audio feature vectors, wherein the output sequences comprise blank characters and non-blank 

characters; and 

a second determining unit configured to determine a target intent corresponding to the 

audio to be recognized based on the multiple output sequences; 

wherein the second determining unit is further configured to: calculate probability values 

corresponding to the multiple output sequences respectively; determine a maximum probability 

value in the probability values, and then determine the target intent corresponding to the audio 

to be recognized based on the output sequence corresponding to the maximum probability value; 

wherein the calculating probability values corresponding to the multiple output sequences 

respectively comprises: removing the blank characters of an arbitrary output sequence in the 

multiple output sequences to obtain a processed output sequence; merging the duplicate non-

blank characters in the processed output sequence to obtain a simplified output sequence; 

tokenizing the simplified output sequence to obtain multiple tokens corresponding to the 

arbitrary output sequence; determining token frequencies of the tokens in the arbitrary output 

sequence; and multiplying the token frequencies corresponding to the tokens to obtain a 

probability value corresponding to the arbitrary output sequence;  

wherein the determining the target intent corresponding to the audio to be recognized 

based on the output sequence corresponding to the maximum probability value comprises: 

splicing the tokens of the output sequence corresponding to the maximum probability value in 

sequence to obtain the target intent corresponding to the audio to be recognized; and wherein 

the determining token frequencies of the tokens in the arbitrary output sequence comprises: 

determining total quantity of the characters corresponding to the arbitrary output sequence, 

wherein the characters comprise blank characters and non-blank characters; determining 
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quantity of the blank characters that are adjacent in forward order to an arbitrary token in the 

tokens, and determining quantity of the duplicate characters that are the same as the arbitrary 

token; dividing the quantity of the blank characters by the total quantity of the characters to 

obtain a blank token frequency corresponding to the arbitrary token; dividing a sum of the 

quantity of the duplicate character and 1 by the total quantity of the characters to obtain a 

duplicate token frequency corresponding to the arbitrary token; and multiplying the blank token 

frequency by the duplicate token frequency to obtain the token frequency of the arbitrary token 

in the arbitrary output sequence. 

6. A computer readable storage medium storing a computer program, wherein the 

computer program, when executed by a processor, performs steps of the method according to 

any one of claims 1 to 4.  

7. A computer device, comprising: a memory; a processor; and a computer program that is 

stored in the memory and executable by the processor, wherein the computer program, when 

executed by the processor, performs steps of the method according to any one of claims 1 to 4.  

  


