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This application claims priority to Chinese Patent Application No. 5 
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APPARATUS, ELECTRONIC DEVICE, AND COMPUTER STORAGE MEDIUM,” 

which is incorporated herein by reference in its entirety. 
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TECHNICAL FIELD 

Embodiments of the present application relate to the field of speech processing, 

and, more particularly, to a method, apparatus, electronic device and computer storage 

medium for role separation, meeting minutes recording, and role display. 
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BACKGROUND 

With the continuous development of information technology, the demand for 

high-precision information analysis is increasing. Calls or meetings based on electronic 

devices are an indispensable part of people's lives. Correspondingly, the recording and 

analysis of call content or meeting content has become a hotspot for researchers in 20 

relevant technical fields. For example, in the fields of public alarm calls, various hotlines, 

company meetings, etc., call content or meeting content can be recorded and analyzed, 

which can be further used to summarize and retrieve information at a later stage. 

Role separation is an important step in meeting content analysis, and the real-time 

nature of the separation directly affects user experiences. Currently, role separation is 25 

mostly implemented based on voiceprint identification. Since voiceprint identification 

requires the accumulation of speech data for a certain length of time to guarantee high 

identification accuracy, most role separation systems based on voiceprint identification 

on the market are based on offline speech data to complete role separation, which is 

difficult to implement role separation in real time. How to separate a role in real time to 30 

improve user experiences has become a technical problem that needs to be solved 

urgently. 
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SUMMARY 

In light of the foregoing, the embodiments of the present invention provide a role 

separation solution to at least partially solve the above-mentioned technical problem. 

According to a first aspect of the embodiments of the present invention, a role 

separation method is provided. The method comprises: acquiring sound source angle data 5 

corresponding to a speech data frame of a to-be-separated role collected by a speech 

collection device; performing identification on the to-be-separated role based on the 

sound source angle data to obtain a first identification result of the to-be-separated role; 

and separating the role based on the first identification result of the to-be-separated role. 

According to a second aspect of the embodiments of the present specification, a 10 

role separation method is provided. The method comprises: sending to a cloud a role 

separation request carrying a speech data frame of a to-be-separated role, so that the cloud 

acquires sound source angle data corresponding to the speech data frame based on the 

role separation request, performs identification on the to-be-separated role based on the 

sound source angle data, and separates the role based on an identification result of the to-15 

be-separated role; and receiving a separation result of the role sent by the cloud based on 

the role separation request. 

According to a third aspect of the embodiments of the present invention, a role 

separation method is provided. The method comprises: receiving from a speech collection 

device a role separation request carrying a speech data frame of a to-be-separated role; 20 

acquiring sound source angle data corresponding to the speech data frame based on the 

role separation request; performing identification on the to-be-separated role based on the 

sound source angle data to obtain an identification result of the to-be-separated role; and 

separating the role based on the identification result of the to-be-separated role, and 

sending to the speech collection device a role separation result corresponding to the role 25 

separation request. 

According to a fourth aspect of the embodiments of the present specification, a 

meeting minutes recording method is provided. The method comprises: acquiring sound 

source angle data corresponding to a speech data frame of a meeting role collected by a 

speech collection device disposed in a meeting room; performing identification on the 30 

meeting role based on the sound source angle data to obtain an identification result of the 

meeting role; and recording meeting minutes of the meeting role based on the 

identification result of the meeting role. 
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According to a fifth aspect of the embodiments of the present invention, a role 

display method is provided. The method comprises: acquiring sound source angle data 

corresponding to a speech data frame of a role collected by a speech collection device; 

performing identification on the role based on the sound source angle data to obtain an 

identification result of the role; and displaying identity data of the role on an interactive 5 

interface of the speech collection device based on the identification result of the role. 

According to a sixth aspect of the embodiments of the present invention, a role 

separation apparatus is provided. The apparatus comprises: a first acquisition module, 

configured to acquire sound source angle data corresponding to a speech data frame of a 

to-be-separated role collected by a speech collection device; a first identification module, 10 

configured to perform identification on the to-be-separated role based on the sound 

source angle data to obtain a first identification result of the to-be-separated role; and a 

separation module, configured to separate the to-be-separated role based on the first 

identification result of the to-be-separated role. 

According to a seventh aspect of the embodiments of the present invention, a role 15 

separation apparatus is provided. The apparatus comprises: a first sending module, 

configured to send to a cloud a role separation request carrying a speech data frame of a 

to-be-separated role, so that the cloud acquires sound source angle data corresponding to 

the speech data frame based on the role separation request, performs identification on the 

to-be-separated role based on the sound source angle data, and separates the role based 20 

on an identification result of the to-be-separated role; and a first receiving module, 

configured to receive a separation result of the role sent by the cloud based on the role 

separation request. 

According to an eighth aspect of the embodiments of the present invention, a role 

separation apparatus is provided. The apparatus comprises: a second receiving module, 25 

configured to receive from a speech collection device a role separation request carrying 

a speech data frame of a to-be-separated role; a third acquisition module, configured to 

acquire sound source angle data corresponding to the speech data frame based on the role 

separation request; a second identification module, configured to perform identification 

on the to-be-separated role based on the sound source angle data to obtain an 30 

identification result of the to-be-separated role; and a second sending module, configured 

to separate the role based on the identification result of the to-be-separated role, and send 

to the speech collection device a role separation result corresponding to the role 
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separation request. 

According to a ninth aspect of the embodiments of the present specification, a 

meeting minutes recording apparatus is provided. The apparatus comprises: a fourth 

acquisition module, configured to acquire sound source angle data corresponding to a 

speech data frame of a meeting role collected by a speech collection device disposed in a 5 

meeting room; a third identification module, configured to perform identification on the 

meeting role based on the sound source angle data to obtain an identification result of the 

meeting role; and a recording module, configured to record meeting minutes of the 

meeting role based on the identification result of the meeting role. 

According to a tenth aspect of the embodiments of the present invention, a role 10 

display apparatus is provided. The apparatus comprises: a fifth acquisition module, 

configured to acquire sound source angle data corresponding to a speech data frame of a 

role collected by a speech collection device; a fourth identification module, configured 

to perform identification on the role based on the sound source angle data to obtain an 

identification result of the role; and a first display module, configured to display identity 15 

data of the role on an interactive interface of the speech collection device based on the 

identification result of the role. 

According to an eleventh aspect of the embodiments of the present invention, an 

electronic device is provided, comprising: a processor, a memory, a communications 

interface, and a communications bus, wherein the processor, the memory, and the 20 

communications interface communicate with each other through the communications bus; 

the memory is configured to store at least one executable instruction that causes the 

processor to execute an operation corresponding to the role separation method according 

to the first, second, or third aspect, or an operation corresponding to the meeting minutes 

recording method according to the fourth aspect, or an operation corresponding to the 25 

role display method according to the fifth aspect. 

According to a twelfth aspect of the embodiments of the present invention, a 

computer storage medium having a computer program stored thereon is provided, 

wherein the program, when executed by a processor, is caused to implement the role 

separation method according to the first, second, or third aspect, or the meeting minutes 30 

recording method according to the fourth aspect, or the role display method according to 

the fifth aspect. 
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The role separation solution provided according to the embodiments of the 

present invention comprises acquiring sound source angle data corresponding to a speech 

data frame of a to-be-separated role collected by a speech collection device; performing 

identification on the to-be-separated role based on the sound source angle data to obtain 

a first identification result of the to-be-separated role; and separating the role based on 5 

the first identification result of the to-be-separated role. By performing identification on 

the to-be-separated role based on the sound source angle data corresponding to the speech 

data frame of the to-be-separated role collected by the speech collection device and 

separating the role based on the identification result of the to-be-separated role, the 

solution can separate the role in real time, thereby creating smoother user experiences 10 

than existing other solutions in the prior art. 

 

BRIEF DESCRIPTION OF DRAWINGS 

In order to more clearly describe the technical solutions in the embodiments of 

the present invention or in the prior art, the following briefly describes the accompanying 15 

drawings needed for describing the embodiments or the prior art. Apparently, the 

accompanying drawings described below only show some of the embodiments of the 

present invention, and those of ordinary skill in the art may derive other accompanying 

drawings therefrom. 

FIG. 1A is a flowchart of the steps of a role separation method provided in a first 20 

embodiment of the present application; 

FIG. 1B is a schematic diagram of sound propagation in a near-field model 

provided in the first embodiment of the present application; 

FIG. 1C is a schematic diagram of the scene of the role separation method 

provided in the first embodiment of the present application; 25 

FIG. 2A is a flowchart of the steps of a role separation method provided in a 

second embodiment of the present application; 

FIG. 2B is a schematic diagram of the scene of the role separation method 

provided in the second embodiment of the present application; 

FIG. 3A is a flowchart of the steps of a role separation method provided in a third 30 

embodiment of the present application; 

FIG. 3B is a schematic diagram of the scene of the role separation method 

provided in the third embodiment of the present application; 
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FIG. 4A is a flowchart of the steps of a role separation method provided in a fourth 

embodiment of the present application; 

FIG. 4B is a schematic diagram of the scene of the role separation method 

provided in the fourth embodiment of the present application; 

FIG. 5 is a flowchart of the steps of a meeting minutes recording method provided 5 

in a fifth embodiment of the present application; 

FIG. 6 is a flowchart of the steps of a role display method provided in a sixth 

embodiment of the present application; 

FIG. 7 is a schematic structural diagram of a role separation apparatus provided 

in a seventh embodiment of the present application. 10 

FIG. 8 is a schematic structural diagram of a role separation apparatus provided 

in an eighth embodiment of the present application; 

FIG. 9 is a schematic structural diagram of a role separation apparatus provided 

in a ninth embodiment of the present application; 

FIG. 10 is a schematic structural diagram of a role separation apparatus provided 15 

in a tenth embodiment of the present application; 

FIG. 11 is a schematic structural diagram of a meeting minutes recording 

apparatus provided in an eleventh embodiment of the present application; 

FIG. 12 is a schematic structural diagram of a role display apparatus provided in 

a twelfth embodiment of the present application; and 20 

FIG. 13 is a schematic structural diagram of an electronic device provided in a 

thirteenth embodiment of the present application. 

 

DESCRIPTION OF EMBODIMENTS 

In order to enable those skilled in the art to better understand the technical solution 25 

in the embodiments of the present invention, the technical solution in the embodiments 

of the present invention will be clearly and completely described below with reference to 

the accompanying drawings in the embodiments of the present invention. Obviously, the 

described embodiments are merely some but not all of the embodiments of the present 

invention. Based on the embodiments of the present invention, all other embodiments 30 

obtained by those of ordinary skill in the art shall fall within the protection scope of the 

embodiments of the present invention. 
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The implementation of the embodiments of the present invention will be further 

illustrated with reference to the accompanying drawings of the embodiments of the 

present invention. 

Referring to FIG. 1A, it shows a flowchart of the steps of a role separation method 

provided in a first embodiment of the present application. 5 

Specifically, the role separation method provided in this embodiment comprises 

the following steps: 

Step S101: acquire sound source angle data corresponding to a speech data frame 

of a to-be-separated role collected by a speech collection device. 

In this embodiment of the present application, the speech collection device may 10 

comprise a pickup. The to-be-separated role may be a to-be-separated meeting role, a to-

be-separated caller, or the like. The speech data frame may be understood as a speech 

fragment with a duration of 20 - 30 milliseconds. The sound source angle data may be 

understood as the angle of the to-be-separated role relative to the speech collection device 

when speaking. It can be understood that the above description is exemplary only, which 15 

is not limited by this embodiment of the present application. 

In some optional embodiments, the speech collection device comprises a 

microphone array. When acquiring the sound source angle data corresponding to the 

speech data frame of the to-be-separated role collected by the speech collection device, 

acquire a covariance matrix of the speech data frame received by at least some 20 

microphones in the microphone array; perform eigenvalue decomposition on the 

covariance matrix to obtain multiple eigenvalues; select a first quantity of largest 

eigenvalues from the multiple eigenvalues, and form a speech signal sub-space based on 

eigenvectors corresponding to the selected eigenvalues, wherein the first quantity is 

equivalent to an estimated quantity of sound sources; and determine the sound source 25 

angle data based on the speech signal sub-space. It can be understood that the above 

description is exemplary only, which is not limited by this embodiment of the present 

application. 

For example, the microphone array may be set up on a device (such as the pickup) 

that supports speech interaction to receive nearby sound inputs. The microphone array is 30 

formed by a set of omnidirectional microphones at different locations in space and 

arranged in a certain shape. It is an apparatus for spatial sampling of spatially propagated 

sound inputs, and the collected signal contains its spatial location information. Depending 
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on the topology of the microphone array, it can be divided into a linear array, a planar 

array, a 3D array, and the like. Depending on the distance between a sound source and 

the microphone array, the array can be divided into a near-field model and a far-field 

model. The near-field model regards a sound wave as a spherical wave, which considers 

the amplitude difference between the received signals of the microphone array elements; 5 

while the far-field model regards a sound wave as a plane wave, which ignores the 

amplitude difference between the received signals of the microphone array elements, and 

approximates a simple time-delay relationship between the received signals. Sound 

source localization may be performed according to signals received by at least some 

microphones in the microphone array to determine the location information of the role. 10 

The determined location information may be the two-dimensional coordinates of the 

role's location or the azimuth and distance of the role relative to the at least some 

microphones. Here, the azimuth is the role's azimuth in the coordinate system where the 

at least some microphones are located, that is, the sound source angle data, and the 

distance is the distance between the role and the center position of the at least some 15 

microphones. As an example, according to signals received by some or all microphones 

in the microphone array, a multiple signal classification (MUSIC) algorithm may be used 

to perform sound source localization. The basic idea of the MUSIC algorithm is to 

perform eigenvalue decomposition on the covariance matrix of the output data of any 

array, so as to obtain a signal sub-space corresponding to the signal component and a 20 

noise sub-space orthogonal to the signal component, and then use the orthogonality of 

these two sub-spaces to estimate the parameters of the signal (incidence direction, 

polarization information, and signal strength). For example, the orthogonality of these 

two sub-spaces can be used to form a spatial scanning spectrum, and a global search for 

spectral peaks can be performed, thereby realizing the parameter estimation of the signal. 25 

Taking a microphone array applied to a pickup as an example, the microphone 

array can be a linear array, and the sound field model can be regarded as a near-field 

model. In the near field, the time difference between the sound source signals reaching 

each microphone in the microphone array is τ, which, compared with that in the far field, 

changes not only with the angle but also with the distance. As shown in FIG. 1B, 30 

assuming the distances from the to-be-separated role to each microphone in the 

microphone array are R1, R2, ..., RN-1, RN respectively, and the propagation speed of sound 

waves in the air is C, then the time difference between the sound waves reaching the i-th 
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microphone and reaching the first microphone is τi, wherein 

 

The sound source localization process in the near-field model is described as 

follows. 

First, a covariance matrix of the signals received by at least some microphones in 5 

the microphone array is acquired. For example, the covariance matrix can be expressed 

as R(f), and R(f)＝E[X(f)X(f)H], wherein X(f) is the data of the signals received by the 

at least some microphones in the microphone array at different frequency points f after 

the signals are subjected to Fourier transform (e.g., short-time Fourier transform), which 

is frequency domain data. X(f) can be regarded as a vector, and each element in the vector 10 

represents the data of the signal received by a microphone at different frequency points f 

after the Fourier transform. For example, X(f) can be expressed as 

X(f)＝{X1(f), X2(f)…XM(f)} 

Here, X1(f), X2(f)…XM(f) represent the data of the signals received by different 

microphones at different frequency points f after the signals are subjected to Fourier 15 

transform (e.g., short-time Fourier transform), and M is the number of microphones. In 

fact, a time variable t is implied in the expression of X(f), and the complete representation 

should be X(f, t), which represents the data contained in the time period t. E represents 

the mathematical expectation and, to solve the mathematical expectation or mean, 

actually for the time period t, it can be understood as E[X(f, t) X(f, t )H], or 20 

 

wherein N2-N1 represents the time period corresponding to X(f, t), N1 represents 

the start time, and N2 represents the end time. 

Then, eigenvalue decomposition is performed on the covariance matrix to obtain 

multiple eigenvalues. A first quantity of largest eigenvalues can be selected from the 25 

multiple eigenvalues, and a signal sub-space can be formed based on eigenvectors 

corresponding to the selected eigenvalues. Eigenvectors corresponding to the remaining 

eigenvalues can form a noise sub-space, wherein the first quantity is equivalent to an 

estimated quantity of sound sources. For example, when it is considered that there are 

three sound source signals, eigenvectors corresponding to three largest eigenvalues can 30 

be selected to form the signal sub-space. The estimated quantity of sound sources can be 
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calculated according to experiences or other estimation methods, which will not be 

elaborated herein. For example, after being subjected to eigenvalue decomposition, R(f)

＝Us(f)ΣsUs(f)H+UN(f)ΣNUN(f)H, wherein Us(f) is the signal sub-space formed by 

eigenvectors corresponding to large eigenvalues, UN(f) is the noise sub-space formed by 

eigenvectors corresponding to small eigenvalues, S and N represent different divisions of 5 

the signal U, S stands for signal, N stands for noise, the divided Us represents the signal 

sub-space, and the divided UN represents the noise sub-space. Σ represents a diagonal 

matrix consisting of eigenvalues. In fact, after being subjected to eigenvalue 

decomposition, R(f)＝U(f)ΣU(f)H, wherein Σ is a matrix only with main diagonal 

elements, the main diagonal elements in Σ are the eigenvalues obtained by decomposition, 10 

and according to the size of the main diagonal elements (eigenvalues) in Σ, U and Σ can 

be divided into a large category S (namely the signal sub-space formed by eigenvectors 

corresponding to large eigenvalues), and a small category N (namely the noise sub-space 

formed by eigenvectors corresponding to remaining small eigenvalues), then R(f)＝

Us(f)ΣsUs(f)H+UN(f)ΣNUN(f)H. 15 

Based on the signal sub-space, the sound source location can be determined. For 

example, the maximum response of the signal in a two-dimensional space can be 

determined based on the signal sub-space, and based on the direction of arrival (DOA) 

corresponding to the maximum response, the sound source location, that is, the location 

information of the role, can be determined. 20 

As an example, the calculation formula of a response of a target signal in a two-

dimensional space is: 

 

f is a value range, and a(R,θ,f) can be obtained based on the relative time 

difference τ. Here, a(R,θ,f) represents the steering vector of the microphone array. R is 25 

the distance between the sound source and the center of the microphone array, and θ is 

the azimuth of the sound source in the coordinate system of the microphone array. 

Assuming the sound source is located at (R,θ), the relative time difference τ is defined as 

the difference of the time needed for the sound source to reach each microphone relative 

to the time needed for the sound source to reach the first microphone, τ＝(τ1, τ2…τM), and 30 

τ1＝0, then the steering vector a(R,θ,f)＝(a1 , a2, …, aM) of the corresponding location 
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(R,θ) at the frequency f can be obtained, wherein  . The two-dimensional 

coordinates of the to-be-separated role are (Rtarget, θtarget) = argmax(R,θ)SR,θ. In other 

words, when the response SR,θ is the largest, (R，θ) is the location of the to-be-separated 

role. It can be understood that the above description is exemplary only, which is not 

limited by this embodiment of the present application. 5 

In some optional embodiments, after acquiring the sound source angle data 

corresponding to the speech data frame of the to-be-separated role collected by the speech 

collection device, the method further comprises: performing voice activity detection on 

the speech data frame of the to-be-separated role to obtain a speech data frame with a 

voice activity; filtering and smoothing the speech data frame with the voice activity based 10 

on an energy spectrum of the speech data frame of the to-be-separated role to obtain a 

filtered and smoothed speech data frame; and updating the sound source angle data based 

on the filtered and smoothed speech data frame to obtain updated sound source angle data. 

In this way, by performing voice activity detection, and filtering and smoothing on the 

speech data frame of the to-be-separated role, more stable sound source angle data can 15 

be obtained. It can be understood that the above description is exemplary only, which is 

not limited by this embodiment of the present application. 

In an example, voice activity detection (VAD), also known as speech activity 

detection, is to determine the start and end points of a speech from a signal containing 

the speech, and then extract the corresponding non-silent speech signal, thereby 20 

eliminating the interference of silent segments and non-speech signals, so that the 

processing quality is guaranteed. In addition, efficient activity detection can minimize the 

processing time. The voice activity detection performed on the speech data frame of the 

to-be-separated role may be based on spatial entropy or based on a neural network model. 

Here, the voice activity detection based on spatial entropy proceeds as follows: since the 25 

sound signal received by the microphone array may contain the sound of the to-be-

separated role and the surrounding environmental noise, the voice activity detection may 

be performed according to the degree of chaos in the signal space of the sound signal 

received by at least some microphones in the microphone array. In this embodiment, the 

degree of chaos of the signal space can be characterized by spatial entropy. If the spatial 30 

entropy is small, it can be considered that a voice activity exists; and if the spatial entropy 

is large, it can be considered that no voice activity exists. As an example, a covariance 
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matrix of the signals received by at least some microphones in the microphone array may 

be acquired first, and then eigenvalue decomposition is performed on the covariance 

matrix to obtain multiple eigenvalues. As described above, the signal sub-space formed 

by large eigenvalues may be considered as the speech sub-space, and the signal sub-space 

formed by small eigenvalues may be considered as the noise sub-space. Therefore, 5 

whether a voice activity exists or not may be determined by analyzing the multiple 

eigenvalues. If each eigenvalue can be considered as a signal sub-space (i.e., a signal 

source), the entropy (i.e., the spatial entropy) of the multiple eigenvalues can be 

calculated, and whether a voice activity exists or not can be determined based on the size 

of the calculated spatial entropy. For example, the multiple eigenvalues can be 10 

normalized, and the spatial entropy of multiple values obtained after normalization can 

be calculated. By comparing the spatial entropy with a predetermined threshold, whether 

a voice activity exists or not can be determined based on the comparison result. For 

example, if the spatial entropy is smaller than the predetermined threshold, it can be 

determined that a voice activity exists; and if the spatial entropy is larger or equal to the 15 

predetermined threshold, it can be determined that no voice activity exists. Here, the 

predetermined threshold can be set according to the actual situation. For example, it can 

be related to a selected localization frequency band. For example, when the localization 

frequency band is 500 - 5000 (Hz), the predetermined threshold can be 1. When the space 

entropy is less than 1, it can be determined that a voice activity exists; otherwise, it can 20 

be determined that it is noise and no voice activity exists. Here, the space entropy is ES,  

 

pi is the value obtained after an eigenvalue is normalized, N is the quantity of 

eigenvalues obtained after the covariance matrix is subjected to eigenvalue 

decomposition, and the base number of the log is a value greater than 1, such as 2, 10, 25 

and e, which is not limited herein. Here, the voice activity detection based on a neural 

network model proceeds as follows: a voice activity detection model can be used to 

predict the speech data frame acquired based on at least some microphones in the 

microphone array to determine whether a voice activity exists or not. Here, the voice 

activity detection model is used to predict the voice activity state of the input speech data 30 

frame, which may be a neural network-based model, and the prediction model may be 

obtained by supervised machine learning. It can be understood that the above description 
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is exemplary only, which is not limited by this embodiment of the present application. 

In some optional embodiments, when filtering and smoothing the speech data 

frame with the voice activity based on an energy spectrum of the speech data frame of 

the to-be-separated role to obtain a filtered and smoothed speech data frame, filter and 

smooth the speech data frame with the voice activity through a median filter based on 5 

spectral flatness of the energy spectrum of the speech data frame of the to-be-separated 

role to obtain the filtered and smoothed speech data frame. In this way, by filtering and 

smoothing the speech data frame with the voice activity through the median filter based 

on the spectral flatness of the energy spectrum of the speech data frame of the to-be-

separated role, the filtering and smoothing effect for the speech data frame with the voice 10 

activity can be effectively improved. It can be understood that the above description is 

exemplary only, which is not limited by this embodiment of the present application. 

In an example, median filtering is a non-linear digital filtering technique that is 

often used to remove noise from images or other signals. The median filter is designed to 

check a sample of an input signal and determine if it represents the signal. An observation 15 

window formed by an odd quantity of samples is used to achieve this function. The values 

in the observation window are sorted, with the median in the middle of the observation 

window as the output. Then, the oldest value is discarded, a new sample is taken, and the 

above calculation process is repeated. The spectral flatness of the energy spectrum of the 

speech data frame of the to-be-separated role can be understood as the flatness of the 20 

energy spectrum of the speech data frame of the to-be-separated role, which is a 

characteristic parameter of the energy spectrum. By calculating the energy spectrum of 

the speech data frame of the to-be-separated role, the flatness of the energy spectrum of 

the speech data frame of the to-be-separated role can be obtained. When filtering and 

smoothing the speech data frame with the voice activity through the median filter based 25 

on the spectral flatness of the energy spectrum of the speech data frame of the to-be-

separated role, filter and smooth the energy spectrum of the speech data frame with the 

voice activity through the median filter based on the spectral flatness of the energy 

spectrum of the speech data frame of the to-be-separated role to obtain a filtered and 

smoothed energy spectrum; and determine the filtered and smoothed speech data frame 30 

based on the filtered and smoothed energy spectrum. It can be understood that the above 

description is exemplary only, which is not limited by this embodiment of the present 

application. 
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In some optional embodiments, when updating the sound source angle data based 

on the filtered and smoothed speech data frame, acquire sound source angle data 

corresponding to the filtered and smoothed speech data frame; and use the sound source 

angle data corresponding to the filtered and smoothed speech data frame to update the 

sound source angle data corresponding to the speed data frame of the to-be-separated role. 5 

Here, the implementation manner of acquiring sound source angle data corresponding to 

the filtered and smoothed speech data frame is similar to that of acquiring sound source 

angle data corresponding to a speech data frame of a to-be-separated role collected by a 

speech collection device described above, and will not be elaborated herein. It can be 

understood that the above description is exemplary only, which is not limited by this 10 

embodiment of the present application. 

Step S102: perform identification on the to-be-separated role based on the sound 

source angle data to obtain a first identification result of the to-be-separated role. 

In some optional embodiments, when performing identification on the to-be-

separated role based on the sound source angle data to obtain a first identification result 15 

of the to-be-separated role, perform sequence clustering on the sound source angle data 

to obtain a sequence clustering result of the sound source angle data; and determine that 

a role identifier corresponding to the sequence clustering result of the sound source angle 

data is the first identification result of the to-be-separated role. Here, the role identifier 

may be a name, a nickname, an identity code, or the like of the role. In this way, by 20 

performing sequence clustering on the sound source angle data, the first identification 

result of the to-be-separated role can be accurately obtained. It can be understood that the 

above description is exemplary only, which is not limited by this embodiment of the 

present application. 

In an example, sequence clustering is typically a non-supervised method for 25 

classifying data in a certain quantity of homogeneous data sets (or clusters). In this case, 

the quantity of clusters is not predetermined, but is gradually increased in sequence (one 

after the other) according to given criteria until an appropriate stop condition is met. A 

sequence clustering algorithm has two advantages. First, it avoids unnecessary redundant 

calculations of a large quantity of clusters. Second, the clusters are usually extracted in 30 

sequence from the most important cluster (with the largest capacity) to the least important 

cluster (with the smallest capacity). When performing sequence clustering on the sound 

source angle data to obtain a sequence clustering result of the sound source angle data, 
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determine a distance between the sound source angle data and a sound source angle 

sequence clustering center; and determine the sequence clustering result of the sound 

source angle data based on the distance between the sound source angle data and the 

sound source angle sequence clustering center. Here, the sound source angle sequence 

clustering center may be understood as the central angle of each sequence clustering of 5 

the sound source angle. For example, assuming there are three sequence clusterings of 

the sound source angle, then the central angles of the three sequence clusterings of the 

sound source angle may be 30 degrees, 60 degrees, or 90 degrees. When determining the 

distance between the sound source angle data and the sound source angle sequence 

clustering center, determine that the absolute value of the difference between the sound 10 

source angle data and the sound source angle sequence clustering center is the distance 

between the sound source angle data and the sound source angle sequence clustering 

center. When determining the sequence clustering result of the sound source angle data 

based on the distance between the sound source angle data and the sound source angle 

sequence clustering center, compare the distance between the sound source angle data 15 

and the sound source angle sequence clustering center with a preset distance threshold: if 

the distance between the sound source angle data and the sound source angle sequence 

clustering center is less than the preset distance threshold, determine that the sequence 

clustering result of the sound source angle data is a sequence clustering where the sound 

source angle sequence clustering center is located; and if the distance between the sound 20 

source angle data and the sound source angle sequence clustering center is equal to or 

greater than the preset distance threshold, determine that the sequence clustering result 

of the sound source angle data is not a sequence clustering where the sound source angle 

sequence clustering center is located. It can be understood that the above description is 

exemplary only, which is not limited by this embodiment of the present application. 25 

Step S103: separate the role based on the first identification result of the to-be-

separated role. 

In this embodiment of the present application, after the first identification result 

of the to-be-separated role is obtained, the first identification result of the to-be-separated 

role can be used to distinguish the to-be-separated role, thereby achieving the separation 30 

of the to-be-separated role. It can be understood that the above description is exemplary 

only, which is not limited by this embodiment of the present application. 

 



 

16 

In an example, as shown in FIG. 1C, the speech data frame of the to-be-separated 

role is collected by a speech collection device. After the speech data frame of the to-be-

separated role is collected by the speech collection device, the following steps are 

performed: perform voice activity detection on the speech data frame of the to-be-

separated role to obtain a speech data frame with a voice activity; filter and smooth the 5 

speech data frame with the voice activity based on an energy spectrum of the speech data 

frame of the to-be-separated role to obtain a filtered and smoothed speech data frame; 

perform sound source localization on the filtered and smoothed speech data frame to 

determine sound source angle data; perform sequence clustering on the sound source 

angle data to obtain a sequence clustering result of the sound source angle data; determine 10 

that a role identifier corresponding to the sequence clustering result of the sound source 

angle data is an identification result of the to-be-separated role; and finally separate the 

role based on the identification result of the to-be-separated role. It can be understood 

that the above description is exemplary only, which is not limited by this embodiment of 

the present application. 15 

By the role separation method provided in this embodiment of the present 

application, acquire sound source angle data corresponding to a speech data frame of a 

to-be-separated role collected by a speech collection device; perform identification on the 

to-be-separated role based on the sound source angle data to obtain a first identification 

result of the to-be-separated role; and separate the role based on the first identification 20 

result of the to-be-separated role. By performing identification on the to-be-separated role 

based on the sound source angle data corresponding to the speech data frame of the to-

be-separated role collected by the speech collection device, and separating the role based 

on the identification result of the to-be-separated role, the method can separate the role 

in real time, thereby creating smoother user experiences than existing methods in the prior 25 

art. 

The role separation method provided in this embodiment can be executed by any 

suitable device with data processing capability, which includes but is not limited to 

cameras, terminal devices, mobile terminals, PCs, servers, vehicle-mounted devices, 

entertainment devices, advertising devices, personal digital assistants (PDAs), tablets, 30 

laptops, handheld game consoles, smart glasses, smart watches, wearable devices, virtual 

display devices, augmented reality display devices, etc. 
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Referring to FIG. 2A, it shows a flowchart of the steps of a role separation method 

provided in a second embodiment of the present application. 

Specifically, the role separation method provided in this embodiment comprises 

the following steps: 

Step S201: acquire sound source angle data corresponding to a speech data frame 5 

of a to-be-separated role collected by a speech collection device. 

Since the implementation manner of this step S201 is similar to that of the above-

described step S101, it will not be elaborated herein. 

Step S202: perform identification on the to-be-separated role based on the sound 

source angle data to obtain a first identification result of the to-be-separated role. 10 

Since the implementation manner of this step S202 is similar to that of the above-

described step S102, it will not be elaborated herein. 

Step S203: perform voiceprint identification on a speech data frame of the to-be-

separated role within a preset time period to obtain a second identification result of the 

to-be-separated role. 15 

In this embodiment of the present application, voiceprint refers to a sound wave 

spectrum carrying speech information in a human speech, which has unique biological 

features and the function of identification. Voiceprint identification, also known as role 

identification, is a biometric technology that extracts speech features from a speech signal 

sent by a role and authenticates the role accordingly. The process of voiceprint 20 

identification usually proceeds as follows: pre-store the voiceprint information of one or 

some users (the user whose voiceprint information is stored is a registered user); compare 

a speech feature extracted from a role's speech signal with the pre-stored voiceprint to 

obtain a similarity score; and then compare the score with a threshold: if the score is 

greater than the threshold, the role is considered to be the registered user corresponding 25 

to the voiceprint; and if the score is less than or equal to the threshold, the role is not 

considered to be the registered user corresponding to the voiceprint. The preset time 

period may be set by those skilled in the art according to actual requirements, which is 

not limited by this embodiment of the present application. It can be understood that the 

above description is exemplary only, which is not limited by this embodiment of the 30 

present application. 

In an example, the speech data frame of the to-be-separated role within the preset 

time period may undergo different levels of preprocessing before voiceprint identification. 
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Such preprocessing can facilitate more efficient voiceprint identification. In various 

implementation manners, the preprocessing may comprise: sampling; quantification; 

removing non-speech audio data and silent audio data; framing and windowing audio 

data containing a speech for subsequent processing, and the like. After preprocessing, a 

speech feature of the speech data frame of the to-be-separated role in the preset time 5 

period can be extracted, and based on the speech feature of the speech data frame, a 

matching operation can be performed between the speech data frame and a user's 

voiceprint. The speech feature may be one of a Filter Bank (FBank) , a Mel Frequency 

Cepstral Coefficient (MFCC), a Perceptual Linear Prediction Coefficient (PLP), a Deep 

Feature, and a Power Normalized Cepstral Coefficient (PNCC), or a combination thereof. 10 

In an embodiment, the extracted speech feature may also be normalized. Then, based on 

the speech feature of the speech data frame, a matching operation is performed between 

the speech data frame and a user's voiceprint to obtain a similarity score between the 

speech data frame and the user's voiceprint, and based on the similarity score, the user 

matching with the speech data frame is determined. Specifically, in some implementation 15 

manners, the user's voiceprint is described with a voiceprint model, such as a hidden 

Markov model (HMM model), a Gaussian mixture model (GMM model), and the like. 

The user's voiceprint model is characterized by a speech feature and is obtained by 

training using audio data containing the user's speech (hereinafter referred to as the user's 

audio data). A matching operation function may be used to calculate the similarity 20 

between the speech data frame and the user's voiceprint. For example, the posterior 

probability that the speech feature of the speech data frame matches the user's voiceprint 

model can be calculated as the similarity score, and the likelihood between the speech 

feature of the speech data frame and the user's voiceprint model can also be calculated as 

the similarity score. However, since training the user's voiceprint model requires a large 25 

amount of the user's audio data, in some implementation manners, the user's voiceprint 

model can be obtained by training with a small amount of the user's audio data based on 

a user-independent universal background model (also characterized by a speech feature). 

For example, user-independent audio data of multiple roles can be used first to obtain a 

universal background model (UBM) by training with an expectation–maximization (EM) 30 

algorithm, so as to represent user-independent feature distribution. Then, based on the 

UBM model, a small amount of the user's audio data is used to obtain a GMM model by 

training with an adaptive algorithm (such as maximum a posteriori (MAP) probability 
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and maximum-likelihood linear regression (MLLR)) (the GMM model obtained in this 

way is called a GMM-UBM model) to represent the user's feature distribution. The 

GMM-UBM model is the user's voiceprint model. At this point, based on the speech 

feature of the speech data frame, a matching operation may be performed between the 

speech data frame and the user's voiceprint model and the universal background model 5 

respectively to obtain a similarity score between the speech data frame and the user's 

voiceprint. For example, calculate the likelihoods between the speech feature of the 

speech data frame and the above-mentioned UBM model and GMM-UBM model 

respectively, then divide the two likelihoods and take the logarithm, and use the obtained 

value as the similarity score between the speech data frame and the user's voiceprint. 10 

In other implementation manners, the user's voiceprint is described with a 

voiceprint vector, such as i-vector, d-vector, x-vector, j-vector, and so on. The voiceprint 

vector of the speech data frame may be extracted at least based on the speech feature of 

the speech data frame. According to an embodiment, a voiceprint model of a to-be-

separated role may be trained first by using a speech feature of a speech data frame. 15 

Similar to the foregoing, the voiceprint model of the to-be-separated role can be obtained 

by training with the speech feature of the speech data frame based on the above-

mentioned user-independent universal background model that is pre-trained. After the 

voiceprint model of the to-be-separated role is obtained, a mean supervector of the speech 

data frame can be extracted according to the voiceprint model. For example, means of all 20 

GMM components of a GMM-UBM model of the to-be-separated role can be spliced to 

obtain a mean supervector of the GMM-UBM model of the to-be-separated role, namely 

the mean supervector of the speech data frame. Then, the joint factor analysis (JFA) 

method or the simplified JFA method can be used to extract a low-dimensional voiceprint 

vector from the mean supervector of the speech data frame. Taking the i-vector as an 25 

example, after the above-mentioned user-independent universal background model 

(UBM model) is obtained by training, the mean supervector of the universal background 

model can be extracted, and the total variability space (T) matrix can be estimated. Then, 

based on the mean supervector of the speech data frame, the T matrix, and the mean 

supervector of the universal background model, the i-vector of the speech data frame is 30 

calculated. Specifically, the i-vector can be calculated according to the following formula: 

Ms,h＝mu+Tωs,h 
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Herein, Ms,h is a mean supervector obtained from a speech h of a role s; mu is the 

mean supervector of the universal background model; T is the total variability space 

matrix; ωs,h is the total variability factor, namely the i-vector. 

According to another embodiment, a trained deep neural network (DNN) can also 

be used to obtain a voiceprint vector of a speech data frame. Taking the d-vector as an 5 

example, DNN may comprise an input layer, a hidden layer, and an output layer. An 

FBank feature of the speech data frame can be input to the DNN input layer first, and the 

output of the last hidden layer of the DNN is the d-vector. 

After the voiceprint vector of the speech data frame is obtained, a similarity score 

between the speech data frame and a user's voiceprint can be calculated based on the 10 

voiceprint vector of the speech data frame and the user's voiceprint vector. Here, 

algorithms such as a Support Vector Machine (SVM), a Linear Discriminant Analysis 

(LDA), a Probabilistic Linear Discriminant Analysis (PLDA), a likelihood, and a cosine 

distance can be used to calculate the similarity score between the speech data frame and 

the user's voiceprint. 15 

Taking the PLDA algorithm as an example, assuming that a speech is composed 

of speeches of I roles, each role has J segments of different speeches, and the jth segment 

of speech of the ith role is defined as Yij, then the generative model of Yij is defined as 

follows: 

Yij＝μ+Fhi+Gwij+εij 20 

wherein μ is the mean of the voiceprint vector, and F and G are spatial feature 

matrices, which respectively represent the inter-class feature space and the intra-class 

feature space of a role. Each column of F is equivalent to the feature vector of the inter-

class feature space, and each column of G is equivalent to the feature vector of the intra-

class feature space. The vectors hi and wij can be regarded as the feature representations 25 

of the speech in their respective spaces, and εij is the noise covariance. The higher the 

likelihood that the hi features of two speeches are the same, that is, the higher the 

similarity score, the more likely they are from the same role. 

A PLDA model involves 4 parameters, namely μ, F, G, and εij, which is iteratively 

trained with an EM algorithm. Typically, a simplified PLDA model can be used, which 30 

ignores the training of the intra-class feature space matrix G and only trains the inter-

class feature space matrix F, that is: 
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Yij＝μ+Fhi+εij 

Based on the voiceprint vector of the speech data frame, the hi feature of the 

speech data frame can be obtained with reference to the above formula. Similarly, based 

on the user's voiceprint vector, the hi feature of the user's speech can be obtained with 

reference to the above formula. Then, the log-likelihood ratio or cosine distance of the 5 

two hi features can be calculated as the similarity score between the speech data frame 

and the user's voiceprint. 

It should be noted that the voiceprint is not limited to the above-mentioned 

voiceprint vectors (i-vector, d-vector, x-vector, etc.) and the above-mentioned voiceprint 

models (HMM model, GMM model, etc.), and the corresponding similarity scoring 10 

algorithm can also be arbitrarily selected according to the selected voiceprint, which is 

not limited herein. 

In various implementation manners, if the obtained similarity score exceeds a 

similarity threshold, it is determined that the speech data frame matches the user's 

voiceprint, that is, it is determined that the speech data frame matches the user 15 

corresponding to the voiceprint. Otherwise, it is determined that the speech data frame 

does not match the user's voiceprint. It can be understood that the above description is 

exemplary only, which is not limited by this embodiment of the present application. 

Step S204: if the first identification result is different from the second 

identification result, use the second identification result to correct the first identification 20 

result to obtain a final identification result of the to-be-separated role. 

In this embodiment of the present application, if the first identification result is 

the same as second identification result, it is unnecessary to use the second identification 

result to correct the first identification result, and the first identification result is 

determined as the final identification result of the to-be-separated role. It can be 25 

understood that the above description is exemplary only, which is not limited by this 

embodiment of the present application. 

Step S205: separate the role based on the final identification result of the to-be-

separated role. 

In this embodiment of the present application, after the final identification result 30 

of the to-be-separated role is obtained, the final identification result of the to-be-separated 

role can be used to distinguish the role, thereby achieving the separation of the to-be-
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separated role. It can be understood that the above description is exemplary only, which 

is not limited by this embodiment of the present application. 

In some optional embodiments, after obtaining the final identification result of 

the to-be-separated role, the method further comprises: acquiring face image data of the 

to-be-separated role collected by an image collection device; performing face recognition 5 

on the face image data to obtain a third identification result of the to-be-separated role; 

and if the third identification result is different from the second identification result, using 

the third identification result to correct the second identification result to obtain the final 

identification result of the to-be-separated role. In this way, when the result of voiceprint 

identification performed on the speech data frame of the to-be-separated role within the 10 

preset time period is different from the result of face recognition performed on the face 

image data, by using the result of face recognition performed on the face image data to 

correct the result of voiceprint identification performed on the speech data frame of the 

to-be-separated role within the preset time period, the identification result of the to-be-

separated role can be accurately obtained, and then the role can be accurately separated 15 

based thereon. It can be understood that the above description is exemplary only, which 

is not limited by this embodiment of the present application. 

In an example, the image collection device may be a camera. The speech 

collection device can acquire from the camera the face image data of the to-be-separated 

role collected by the camera. When performing face recognition on the face image data, 20 

it can perform face recognition on the face image data based on a face recognition model 

to obtain the third identification result of the to-be-separated role. Here, the face 

recognition model may be a neural network model used for face recognition. If the third 

identification result is the same as the second identification result, it is unnecessary to use 

the third identification result to correct the second identification result, and the second 25 

identification result is determined as the final identification result of the to-be-separated 

role. After the final identification result of the to-be-separated role is obtained, the final 

identification result of the to-be-separated role can be used to distinguish the role, thereby 

achieving the separation of the to-be-separated role. It can be understood that the above 

description is exemplary only, which is not limited by this embodiment of the present 30 

application. 

In an example, as shown in FIG. 2B, the speech data frame of the to-be-separated 

role is collected by a speech collection device. After the speech data frame of the to-be-
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separated role is collected by the speech collection device, the following steps are 

performed: perform voice activity detection on the speech data frame of the to-be-

separated role to obtain a speech data frame with a voice activity; filter and smooth the 

speech data frame with the voice activity based on an energy spectrum of the speech data 

frame of the to-be-separated role to obtain a filtered and smoothed speech data frame; 5 

perform sound source localization on the filtered and smoothed speech data frame to 

determine sound source angle data; perform sequence clustering on the sound source 

angle data to obtain a sequence clustering result of the sound source angle data; determine 

that a role identifier corresponding to the sequence clustering result of the sound source 

angle data is a first identification result of the to-be-separated role; perform voiceprint 10 

identification on a speech data frame of the to-be-separated role within a preset time 

period to obtain a second identification result of the to-be-separated role; if the first 

identification result is different from the second identification result, use the second 

identification result to correct the first identification result to obtain a final identification 

result of the to-be-separated role; and finally separate the role based on the final 15 

identification result of the to-be-separated role. It can be understood that the above 

description is exemplary only, which is not limited by this embodiment of the present 

application. 

Based on the above-described first embodiment, the following steps are 

performed: perform voiceprint identification on a speech data frame of the to-be-20 

separated role within a preset time period to obtain a second identification result of the 

to-be-separated role; if the first identification result is different from the second 

identification result, use the second identification result to correct the first identification 

result to obtain a final identification result of the to-be-separated role; and finally separate 

the to-be-separated role based on the final identification result of the to-be-separated role. 25 

By using the result of voiceprint identification performed on the speech data frame of the 

role within the preset time period to correct the identification result obtained based on the 

sound source angle data when the identification result obtained based on the sound source 

angle data is different from the result of voiceprint identification performed on the speech 

data frame of the role within the preset time period, it can accurately obtain the 30 

identification result of the role and then accurately separate the role based thereon 

compared with existing methods in the prior art. 

The role separation method provided in this embodiment can be executed by any 
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suitable device with data processing capability, which includes but is not limited to 

cameras, terminal devices, mobile terminals, PCs, servers, vehicle-mounted devices, 

entertainment devices, advertising devices, personal digital assistants (PDAs), tablets, 

laptops, handheld game consoles, smart glasses, smart watches, wearable devices, virtual 

display devices, augmented reality display devices, etc. 5 

Referring to FIG. 3A, it shows a flowchart of the steps of a role separation method 

provided in a third embodiment of the present application. 

Specifically, the role separation method provided in this embodiment comprises 

the following steps: 

Step S301: send to a cloud a role separation request carrying a speech data frame 10 

of a to-be-separated role, so that the cloud acquires sound source angle data 

corresponding to the speech data frame based on the role separation request, performs 

identification on the to-be-separated role based on the sound source angle data, and 

separates the role based on an identification result of the to-be-separated role. 

In this embodiment of the present application, a speech collection device sends to 15 

a cloud a role separation request carrying a speech data frame of a to-be-separated role, 

so that the cloud acquires sound source angle data corresponding to the speech data frame 

based on the role separation request, performs identification on the to-be-separated role 

based on the sound source angle data, and separates the role based on an identification 

result of the to-be-separated role. Here, the implementation manner of acquiring, by the 20 

cloud, sound source angle data corresponding to the speech data frame based on the role 

separation request is similar to that of acquiring sound source angle data corresponding 

to a speech data frame of a to-be-separated role collected by a speech collection device 

in the above-described first embodiment, and will not be elaborated herein. The 

implementation manner of performing, by the cloud, identification on the to-be-separated 25 

role based on the sound source angle data is similar to that of performing identification 

on the to-be-separated role based on the sound source angle data in the above-described 

first embodiment, and will not be elaborated herein. The implementation manner of 

separating, by the cloud, the role based on an identification result of the to-be-separated 

role is similar to that of separating the role based on an identification result of the to-be-30 

separated role in the above-described first embodiment, and will not be elaborated herein. 

It can be understood that the above description is exemplary only, which is not limited by 

this embodiment of the present application. 
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S302: receive a separation result of the role sent by the cloud based on the role 

separation request 

In this embodiment of the present application, a speech collection device receives 

a separation result of the role sent by the cloud based on the role separation request. It 

can be understood that the above description is exemplary only, which is not limited by 5 

this embodiment of the present application. 

In an example, as shown in FIG. 3B, the speech data frame of the to-be-separated 

role is collected by a speech collection device. After the speech data frame of the to-be-

separated role is collected by the speech collection device, the speech data frame of the 

to-be-separated role is sent to the cloud to separate the role. Specifically, the cloud 10 

performs voice activity detection on the speech data frame of the to-be-separated role to 

obtain a speech data frame with a voice activity; filters and smooths the speech data frame 

with the voice activity based on an energy spectrum of the speech data frame of the to-

be-separated role to obtain a filtered and smoothed speech data frame; performs sound 

source localization on the filtered and smoothed speech data frame to determine sound 15 

source angle data; performs sequence clustering on the sound source angle data to obtain 

a sequence clustering result of the sound source angle data; determines that a role 

identifier corresponding to the sequence clustering result of the sound source angle data 

is an identification result of the to-be-separated role; and finally separates the role based 

on the identification result of the to-be-separated role, and sends a separation result of the 20 

role to the speech collection device. It can be understood that the above description is 

exemplary only, which is not limited by this embodiment of the present application. 

By the role separation method provided in this embodiment of the present 

application, a speech collection device sends to a cloud a role separation request carrying 

a speech data frame of a to-be-separated role, the cloud acquires sound source angle data 25 

corresponding to the speech data frame based on the role separation request, performs 

identification on the to-be-separated role based on the sound source angle data, and 

separates the role based on an identification result of the to-be-separated role, and the 

speech collection device receives a separation result of the role sent by the cloud based 

on the role separation request. By performing identification on the to-be-separated role 30 

based on the sound source angle data corresponding to the speech data frame of the to-

be-separated role carried by the role separation request, and separating the role based on 

the identification result of the to-be-separated role, the method can separate the role in 
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real time, thereby creating smoother user experiences than existing methods in the prior 

art. 

The role separation method provided in this embodiment can be executed by any 

suitable device with data processing capability, which includes but is not limited to 

cameras, terminal devices, mobile terminals, PCs, servers, vehicle-mounted devices, 5 

entertainment devices, advertising devices, personal digital assistants (PDAs), tablets, 

laptops, handheld game consoles, smart glasses, smart watches, wearable devices, virtual 

display devices, augmented reality display devices, etc. 

Referring to FIG. 4A, it shows a flowchart of the steps of a role separation method 

provided in a fourth embodiment of the present application 10 

Specifically, the role separation method provided in this embodiment comprises 

the following steps: 

Step S401: receive from a speech collection device a role separation request 

carrying a speech data frame of a to-be-separated role. 

In this embodiment of the present application, a cloud receives from a speech 15 

collection device a role separation request carrying a speech data frame of a to-be-

separated role. It can be understood that the above description is exemplary only, which 

is not limited by this embodiment of the present application. 

Step S402: acquire sound source angle data corresponding to the speech data 

frame based on the role separation request. 20 

In this embodiment of the present application, the implementation manner of 

acquiring, by the cloud, sound source angle data corresponding to the speech data frame 

based on the role separation request is similar to that of acquiring sound source angle data 

corresponding to a speech data frame of a to-be-separated role collected by a speech 

collection device in the above-described first embodiment, and will not be elaborated 25 

herein. It can be understood that the above description is exemplary only, which is not 

limited by this embodiment of the present application. 

Step S403: perform identification on the to-be-separated role based on the sound 

source angle data to obtain an identification result of the to-be-separated role. 

In this embodiment of the present application, the implementation manner of 30 

performing, by the cloud, identification on the to-be-separated role based on the sound 

source angle data to obtain an identification result of the to-be-separated role is similar 

to that of performing identification on the to-be-separated role based on the sound source 



 

27 

angle data to obtain a first identification result of the to-be-separated role in the above-

described first embodiment, and will not be elaborated herein. It can be understood that 

the above description is exemplary only, which is not limited by this embodiment of the 

present application. 

Step S404: separate the role based on the identification result of the to-be-5 

separated role, and send to the speech collection device a role separation result 

corresponding to the role separation request. 

In this embodiment of the present application, the cloud separates the role based 

on the identification result of the to-be-separated role and sends to the speech collection 

device a role separation result corresponding to the role separation request. It can be 10 

understood that the above description is exemplary only, which is not limited by this 

embodiment of the present application. 

In an example, as shown in FIG. 4B, the speech data frame of the to-be-separated 

role is collected by a speech collection device. After the speech data frame of the to-be-

separated role is collected by the speech collection device, the speech data frame of the 15 

to-be-separated role is sent to the cloud to separate the role. Specifically, the cloud 

performs voice activity detection on the speech data frame of the to-be-separated role to 

obtain a speech data frame with a voice activity; filters and smooths the speech data frame 

with the voice activity based on an energy spectrum of the speech data frame of the to-

be-separated role to obtain a filtered and smoothed speech data frame; performs sound 20 

source localization on the filtered and smoothed speech data frame to determine sound 

source angle data; performs sequence clustering on the sound source angle data to obtain 

a sequence clustering result of the sound source angle data; determines that a role 

identifier corresponding to the sequence clustering result of the sound source angle data 

is a first identification result of the to-be-separated role; performs voiceprint 25 

identification on a speech data frame of the to-be-separated role within a preset time 

period to obtain a second identification result of the to-be-separated role; if the first 

identification result is different from the second identification result, uses the second 

identification result to correct the first identification result to obtain a final identification 

result of the to-be-separated role; and finally separates the role based on the final 30 

identification result of the to-be-separated role, and sends a separation result of the to-be-

separated role to the speech collection device. It can be understood that the above 

description is exemplary only, which is not limited by this embodiment of the present 



 

28 

application. 

By the role separation method provided in this embodiment of the present 

application, a cloud receives from a speech collection device a role separation request 

carrying a speech data frame of a to-be-separated role, acquires sound source angle data 

corresponding to the speech data frame based on the role separation request, performs 5 

identification on the to-be-separated role based on the sound source angle data to obtain 

an identification result of the to-be-separated role, separates the role based on the 

identification result of the to-be-separated role, and finally sends to the speech collection 

device a separation result of the role corresponding to the role separation request. By 

performing identification on the to-be-separated role based on the sound source angle 10 

data corresponding to the speech data frame of the to-be-separated role carried by the role 

separation request, and separating the role based on the identification result of the to-be-

separated role, the method can separate the role in real time, thereby creating smoother 

user experiences than existing methods in the prior art. 

The role separation method provided in this embodiment can be executed by any 15 

suitable device with data processing capability, which includes but is not limited to 

cameras, terminal devices, mobile terminals, PCs, servers, vehicle-mounted devices, 

entertainment devices, advertising devices, personal digital assistants (PDAs), tablets, 

laptops, handheld game consoles, smart glasses, smart watches, wearable devices, virtual 

display devices, augmented reality display devices, etc. 20 

Referring to FIG. 5, it shows a flowchart of the steps of a meeting minutes 

recording method provided in a fifth embodiment of the present application. 

Specifically, the meeting minutes recording method provided in this embodiment 

comprises the following steps: 

Step S501: acquire sound source angle data corresponding to a speech data frame 25 

of a meeting role collected by a speech collection device disposed in a meeting room. 

In this embodiment of the present application, the speech collection device 

disposed in the meeting room may be a pickup disposed in the meeting room. The meeting 

role can be understood as a person attending a meeting. Here, the implementation manner 

of acquiring sound source angle data corresponding to a speech data frame of a meeting 30 

role collected by a speech collection device disposed in a meeting room is similar to that 

of acquiring sound source angle data corresponding to a speech data frame of a to-be-

separated role collected by a speech collection device in the above-described first 
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embodiment, and will not be elaborated herein. It can be understood that the above 

description is exemplary only, which is not limited by this embodiment of the present 

application. 

Step S502: perform identification on the meeting role based on the sound source 

angle data to obtain an identification result of the meeting role. 5 

In this embodiment of the present application, the implementation manner of 

performing identification on the meeting role based on the sound source angle data to 

obtain an identification result of the meeting role is similar to that of performing 

identification on the to-be-separated role based on the sound source angle data to obtain 

a first identification result of the to-be-separated role in the above-described first 10 

embodiment, and will not be elaborated herein. It can be understood that the above 

description is exemplary only, which is not limited by this embodiment of the present 

application. 

Step S503: record meeting minutes of the meeting role based on the identification 

result of the meeting role. 15 

In this embodiment of the present application, after the identification result of the 

meeting role is obtained, the identification result of the meeting role can be used to 

distinguish the meeting role, and then the meeting minutes of the meeting role can be 

recorded in real time. It can be understood that the above description is exemplary only, 

which is not limited by this embodiment of the present application. 20 

In an example, when recording meeting minutes of the meeting role based on the 

identification result of the meeting role, perform speech recognition on speech data of the 

meeting minutes of the meeting role based on the identification result of the meeting role 

to obtain text data of the meeting minutes of the meeting role, and record the text data of 

the meeting minutes of the meeting role. It can be understood that the above description 25 

is exemplary only, which is not limited by this embodiment of the present application. 

By the meeting minutes recording method provided in this embodiment of the 

present application, acquire sound source angle data corresponding to a speech data frame 

of a meeting role collected by a speech collection device disposed in a meeting room; 

perform identification on the meeting role based on the sound source angle data to obtain 30 

an identification result of the meeting role; and record meeting minutes of the meeting 

role based on the identification result of the meeting role. By performing identification 

on the meeting role based on the sound source angle data corresponding to the speech 
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data frame of the meeting role collected by the speech collection device disposed in the 

meeting room, and recording the meeting minutes of the meeting role based on the 

identification result of the meeting role, the method can record the meeting minutes of 

the meeting role in real time, thereby effectively improving the efficiency of recording 

the meeting minutes of the meeting role compared with existing methods in the prior art. 5 

The meeting minutes recording method provided in this embodiment can be 

executed by any suitable device with data processing capability, which includes but is not 

limited to cameras, terminal devices, mobile terminals, PCs, servers, vehicle-mounted 

devices, entertainment devices, advertising devices, personal digital assistants (PDAs), 

tablets, laptops, handheld game consoles, smart glasses, smart watches, wearable devices, 10 

virtual display devices, augmented reality display devices, etc. 

Referring to FIG. 6, it shows a flowchart of the steps of a role display method 

provided in a sixth embodiment of the present application. 

Specifically, the role display method provided in this embodiment comprises the 

following steps: 15 

Step S601: acquire sound source angle data corresponding to a speech data frame 

of a role collected by a speech collection device. 

In this embodiment of the present application, the implementation manner of 

acquiring sound source angle data corresponding to a speech data frame of a role 

collected by a speech collection device is similar to that of acquiring sound source angle 20 

data corresponding to a speech data frame of a to-be-separated role collected by a speech 

collection device in the above-described first embodiment, and will not be elaborated 

herein. It can be understood that the above description is exemplary only, which is not 

limited by this embodiment of the present application. 

Step S602: perform identification on the role based on the sound source angle 25 

data to obtain an identification result of the role. 

In this embodiment of the present application, the implementation manner of 

performing identification on the role based on the sound source angle data to obtain an 

identification result of the role is similar to that of performing identification on the to-be-

separated role based on the sound source angle data to obtain a first identification result 30 

of the to-be-separated role in the above-described first embodiment, and will not be 

elaborated herein. It can be understood that the above description is exemplary only, 

which is not limited by this embodiment of the present application. 
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In some optional embodiments, after acquiring the sound source angle data 

corresponding to the speech data frame of the role collected by the speech collection 

device, the method further comprises: switching on lamps of the speech collection device 

in a sound source direction indicated by the sound source angle data. In this way, by 

switching on the lamps of the speech collection device in the sound source direction 5 

indicated by the sound source angle data, the sound source direction can be effectively 

indicated. It can be understood that the above description is exemplary only, which is not 

limited by this embodiment of the present application. 

In an example, the lamps of the speech collection device are arranged in various 

directions of the speech collection device in an array manner, so that the sound source 10 

direction can be effectively indicated. It can be understood that the above description is 

exemplary only, which is not limited by this embodiment of the present application. 

Step S603: display identity data of the role on an interactive interface of the 

speech collection device based on the identification result of the role. 

In this embodiment of the present application, the interactive interface of the 15 

speech collection device may be a touch screen of the speech collection device. The 

identity data of the role may be the role's face image data, identification data, and the like. 

It can be understood that the above description is exemplary only, which is not limited by 

this embodiment of the present application. 

In some optional embodiments, the method further comprises: displaying 20 

speaking action images or speech waveform images of the role on the interactive interface 

of the speech collection device. In this way, the image of the role when speaking can be 

more vividly displayed. It can be understood that the above description is exemplary only, 

which is not limited by this embodiment of the present application. 

In an example, a sequence of the speaking action images or speech waveform 25 

images of the role can be dynamically displayed on the interactive interface of the speech 

collection device. It can be understood that the above description is exemplary only, 

which is not limited by this embodiment of the present application. 

By the role display method provided in this embodiment of the present application, 

acquire sound source angle data corresponding to a speech data frame of a role collected 30 

by a speech collection device; perform identification on the role based on the sound 

source angle data to obtain an identification result of the role; and display identity data 

of the role on an interactive interface of the speech collection device based on the 
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identification result of the role. By performing identification on the role based on the 

sound source angle data corresponding to the speech data frame of the role collected by 

the speech collection device, and displaying the identity data of the role on the interactive 

interface of the speech collection device based on the identification result of the role, the 

method can display the identity data of the role in real time, thereby creating smoother 5 

user experiences than existing methods in the prior art. 

The role display method provided in this embodiment can be executed by any 

suitable device with data processing capability, which includes but is not limited to 

cameras, terminal devices, mobile terminals, PCs, servers, vehicle-mounted devices, 

entertainment devices, advertising devices, personal digital assistants (PDAs), tablets, 10 

laptops, handheld game consoles, smart glasses, smart watches, wearable devices, virtual 

display devices, augmented reality display devices, etc. 

Referring to FIG. 7, it shows a schematic structural diagram of a role separation 

apparatus provided in a seventh embodiment of the present application. 

The role separation apparatus provided in this embodiment comprises: a first 15 

acquisition module 701, configured to acquire sound source angle data corresponding to 

a speech data frame of a to-be-separated role collected by a speech collection device; a 

first identification module 702, configured to perform identification on the to-be-

separated role based on the sound source angle data to obtain a first identification result 

of the to-be-separated role; and a separation module 703, configured to separate the to-20 

be-separated role based on the first identification result of the to-be-separated role. 

The role separation apparatus provided in this embodiment is used for 

implementing the corresponding role separation methods in the multiple method 

embodiments described above and has the beneficial effects of the corresponding method 

embodiments, which will not be elaborated herein. 25 

Referring to FIG. 8, it shows a schematic structural diagram of a role separation 

apparatus provided in an eighth embodiment of the present application. 

The role separation apparatus provided in this embodiment comprises: a first 

acquisition module 801, configured to acquire sound source angle data corresponding to 

a speech data frame of a to-be-separated role collected by a speech collection device; a 30 

first identification module 805, configured to perform identification on the to-be-

separated role based on the sound source angle data to obtain a first identification result 

of the to-be-separated role; and a separation module 808, configured to separate the to-
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be-separated role based on the first identification result of the to-be-separated role. 

Optionally, after the first acquisition module 801, the apparatus further comprises: 

a detection module 802, configured to perform voice activity detection on the speech data 

frame of the to-be-separated role to obtain a speech data frame with a voice activity; a 

filtering and smoothing module 803, configured to filter and smooth the speech data 5 

frame with the voice activity based on an energy spectrum of the speech data frame of 

the to-be-separated role to obtain a filtered and smoothed speech data frame; and an 

update module 804, configured to update the sound source angle data based on the filtered 

and smoothed speech data frame to obtain updated sound source angle data. 

Optionally, the filtering and smoothing module 803 is configured to: filter and 10 

smooth the speech data frame with the voice activity through a median filter based on 

spectral flatness of the energy spectrum of the speech data frame of the to-be-separated 

role to obtain the filtered and smoothed speech data frame. 

Optionally, the first identification module 805 comprises: a clustering sub-module 

8051, configured to perform sequence clustering on the sound source angle data to obtain 15 

a sequence clustering result of the sound source angle data; and a determination sub-

module 8052, configured to determine that a role identifier corresponding to the sequence 

clustering result of the sound source angle data is the first identification result of the to-

be-separated role. 

Optionally, the clustering sub-module 8051 is configured to: determine a distance 20 

between the sound source angle data and a sound source angle sequence clustering center; 

and determine the sequence clustering result of the sound source angle data based on the 

distance between the sound source angle data and the sound source angle sequence 

clustering center. 

Optionally, after the first identification module 805, the apparatus further 25 

comprises: a voiceprint identification module 806, configured to perform voiceprint 

identification on a speech data frame of the to-be-separated role within a preset time 

period to obtain a second identification result of the to-be-separated role; and a first 

correction module 807, configured to, if the first identification result is different from the 

second identification result, use the second identification result to correct the first 30 

identification result to obtain a final identification result of the to-be-separated role. 

Optionally, the speech collection device comprises a microphone array, and the 

first acquisition module 801 is configured to: acquire a covariance matrix of the speech 
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data frame received by at least some microphones in the microphone array; perform 

eigenvalue decomposition on the covariance matrix to obtain multiple eigenvalues; select 

a first quantity of largest eigenvalues from the multiple eigenvalues, and form a speech 

signal sub-space based on eigenvectors corresponding to the selected eigenvalues, 

wherein the first quantity is equivalent to an estimated quantity of sound sources; and 5 

determine the sound source angle data based on the speech signal sub-space. 

Optionally, after the first correction module 807, the apparatus further comprises: 

a second acquisition module 809, configured to acquire face image data of the to-be-

separated role collected by an image collection device; a face recognition module 810, 

configured to perform face recognition on the face image data to obtain a third 10 

identification result of the to-be-separated role; and a second correction module 811, 

configured to, if the third identification result is different from the second identification 

result, use the third identification result to correct the second identification result to obtain 

the final identification result of the to-be-separated role. 

The role separation apparatus provided in this embodiment is used for 15 

implementing the corresponding role separation methods in the multiple method 

embodiments described above and has the beneficial effects of the corresponding method 

embodiments, which will not be elaborated herein. 

Referring to FIG. 9, it shows a schematic structural diagram of a role separation 

apparatus provided in a ninth embodiment of the present application. 20 

The role separation apparatus provided in this embodiment comprises: a first 

sending module 901, configured to send to a cloud a role separation request carrying a 

speech data frame of a to-be-separated role, so that the cloud acquires sound source angle 

data corresponding to the speech data frame based on the role separation request, 

performs identification on the to-be-separated role based on the sound source angle data, 25 

and separates the role based on an identification result of the to-be-separated role; and a 

first receiving module 902, configured to receive a separation result of the role sent by 

the cloud based on the role separation request. 

The role separation apparatus provided in this embodiment is used for 

implementing the corresponding role separation methods in the multiple method 30 

embodiments described above and has the beneficial effects of the corresponding method 

embodiments, which will not be elaborated herein. 
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Referring to FIG. 10, it shows a schematic structural diagram of a role separation 

apparatus provided in a tenth embodiment of the present application. 

The role separation apparatus provided in this embodiment comprises: a second 

receiving module 1001, configured to receive from a speech collection device a role 

separation request carrying a speech data frame of a to-be-separated role; a third 5 

acquisition module 1002, configured to acquire sound source angle data corresponding 

to the speech data frame based on the role separation request; a second identification 

module 1003, configured to perform identification on the to-be-separated role based on 

the sound source angle data to obtain an identification result of the to-be-separated role; 

and a second sending module 1004, configured to separate the role based on the 10 

identification result of the to-be-separated role, and send to the speech collection device 

a role separation result corresponding to the role separation request. 

The role separation apparatus provided in this embodiment is used for 

implementing the corresponding role separation methods in the multiple method 

embodiments described above and has the beneficial effects of the corresponding method 15 

embodiments, which will not be elaborated herein. 

Referring to FIG. 11, it shows a schematic structural diagram of a meeting 

minutes recording apparatus provided in an eleventh embodiment of the present 

application. 

The meeting minutes recording apparatus provided in this embodiment comprises: 20 

a fourth acquisition module 1101, configured to acquire sound source angle data 

corresponding to a speech data frame of a meeting role collected by a speech collection 

device disposed in a meeting room; a third identification module 1102, configured to 

perform identification on the meeting role based on the sound source angle data to obtain 

an identification result of the meeting role; and a recording module 1103, configured to 25 

record meeting minutes of the meeting role based on the identification result of the 

meeting role. 

The meeting minutes recording apparatus provided in this embodiment is used for 

implementing the corresponding meeting minutes recording methods in the multiple 

method embodiments described above, and has the beneficial effects of the corresponding 30 

method embodiments, which will not be elaborated herein. 

Referring to FIG. 12, it shows a schematic structural diagram of a role display 

apparatus provided in a twelfth embodiment of the present application. 
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The role display apparatus provided in this embodiment comprises: a fifth 

acquisition module 1201, configured to acquire sound source angle data corresponding 

to a speech data frame of a role collected by a speech collection device; a fourth 

identification module 1203, configured to perform identification on the role based on the 

sound source angle data to obtain an identification result of the role; and a first display 5 

module 1204, configured to display identity data of the role on an interactive interface of 

the speech collection device based on the identification result of the role. 

Optionally, after the fifth acquisition module 1201, the apparatus further 

comprises: a switching-on module 1202, configured to switch on lamps of the speech 

collection device in a sound source direction indicated by the sound source angle data. 10 

Optionally, the apparatus further comprises: a second display module 1205, 

configured to display speaking action images or speech waveform images of the role on 

the interactive interface of the speech collection device. 

The role display apparatus provided in this embodiment is used for implementing 

the corresponding role display methods in the multiple method embodiments described 15 

above, and has the beneficial effects of the corresponding method embodiments, which 

will not be elaborated herein. 

Referring to FIG. 13, it shows a schematic structural diagram of an electronic 

device provided in a thirteenth embodiment of the present invention. The implementation 

manners of the electronic device are not limited by the embodiments of the present 20 

invention. 

As shown in FIG. 13, the electronic device may comprise: a processor 1302, a 

communications interface 1304, a memory 1306, and a communications bus 1308. 

Here, 

the processor 1302, the communications interface 1304, and the memory 1306 25 

communicate with each other through the communications bus 1308. 

The communications interface 1304 is configured to communicate with other 

electronic devices or servers. 

The processor 1302 is configured to execute a program 1310, and specifically 

may execute the relevant steps in the above-described role separation method 30 

embodiments. 

For example, the program 1310 may include program codes, and the program 

codes include computer operation instructions. 
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The processor 1302 may be a central processing unit (CPU), or an application 

specific integrated circuit (ASIC), or one or more integrated circuits configured to 

implement the embodiments of the present invention. One or more processors included 

in a smart device may be the same type of processors, such as one or more CPUs; or may 

be different types of processors, such as one or more CPUs and one or more ASICs. 5 

The memory 1306 is configured to store the program 1310. The memory 1306 

may include a high-speed random-access memory (RAM), and may also include a non-

volatile memory such as at least one disk memory. 

The program 1310 can be configured to cause the processor 1302 to execute the 

following operations: acquire sound source angle data corresponding to a speech data 10 

frame of a to-be-separated role collected by a speech collection device; perform 

identification on the to-be-separated role based on the sound source angle data to obtain 

a first identification result of the to-be-separated role; and separate the role based on the 

first identification result of the to-be-separated role. 

In an optional implementation manner, the program 1310 is further configured to 15 

cause the processor 1302 to, after acquiring the sound source angle data corresponding 

to the speech data frame of the to-be-separated role collected by the speech collection 

device, perform voice activity detection on the speech data frame of the to-be-separated 

role to obtain a speech data frame with a voice activity; filter and smooth the speech data 

frame with the voice activity based on an energy spectrum of the speech data frame of 20 

the to-be-separated role to obtain a filtered and smoothed speech data frame; and update 

the sound source angle data based on the filtered and smoothed speech data frame to 

obtain updated sound source angle data. 

In an optional implementation manner, the program 1310 is further configured to 

cause the processor 1302 to, when filtering and smoothing the speech data frame with the 25 

voice activity based on an energy spectrum of the speech data frame of the to-be-

separated role to obtain a filtered and smoothed speech data frame, filter and smooth the 

speech data frame with the voice activity through a median filter based on spectral 

flatness of the energy spectrum of the speech data frame of the to-be-separated role to 

obtain the filtered and smoothed speech data frame. 30 

In an optional implementation manner, the program 1310 is further configured to 

cause the processor 1302 to, when performing identification on the to-be-separated role 

based on the sound source angle data to obtain a first identification result of the to-be-
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separated role, perform sequence clustering on the sound source angle data to obtain a 

sequence clustering result of the sound source angle data; and determine that a role 

identifier corresponding to the sequence clustering result of the sound source angle data 

is the first identification result of the to-be-separated role. 

In an optional implementation manner, the program 1310 is further configured to 5 

cause the processor 1302 to, when performing sequence clustering on the sound source 

angle data to obtain a sequence clustering result of the sound source angle data, determine 

a distance between the sound source angle data and a sound source angle sequence 

clustering center; and determine the sequence clustering result of the sound source angle 

data based on the distance between the sound source angle data and the sound source 10 

angle sequence clustering center. 

In an optional implementation manner, the program 1310 is further configured to 

cause the processor 1302 to, after obtaining the first identification result of the to-be-

separated role, perform voiceprint identification on a speech data frame of the to-be-

separated role within a preset time period to obtain a second identification result of the 15 

to-be-separated role; and if the first identification result is different from the second 

identification result, use the second identification result to correct the first identification 

result to obtain a final identification result of the to-be-separated role. 

In an optional implementation manner, the speech collection device comprises a 

microphone array, and the program 1310 is further configured to cause the processor 1302 20 

to, when acquiring the sound source angle data corresponding to the speech data frame 

of the to-be-separated role collected by the speech collection device, acquire a covariance 

matrix of the speech data frame received by at least some microphones in the microphone 

array; perform eigenvalue decomposition on the covariance matrix to obtain multiple 

eigenvalues; select a first quantity of largest eigenvalues from the multiple eigenvalues, 25 

and form a speech signal sub-space based on eigenvectors corresponding to the selected 

eigenvalues, wherein the first quantity is equivalent to an estimated quantity of sound 

sources; and determine the sound source angle data based on the speech signal sub-space. 

In an optional implementation manner, the program 1310 is further configured to 

cause the processor 1302 to, after obtaining the final identification result of the to-be-30 

separated role, acquire face image data of the to-be-separated role collected by an image 

collection device; perform face recognition on the face image data to obtain a third 

identification result of the to-be-separated role; and if the third identification result is 
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different from the second identification result, use the third identification result to correct 

the second identification result to obtain the final identification result of the to-be-

separated role. 

For the implementation of each step in the program 1310, reference may be made 

to the corresponding description of the corresponding step and unit in the above-5 

described role separation method embodiments, which will not be elaborated herein. 

Those skilled in the art can clearly understand that, for the convenience and brevity of 

description, reference may be made to the corresponding process descriptions in the 

above-described method embodiments for the specific working process of the above-

described devices and modules, which will not be elaborated here. 10 

By the electronic device provided in this embodiment, acquire sound source angle 

data corresponding to a speech data frame of a to-be-separated role collected by a speech 

collection device; perform identification on the to-be-separated role based on the sound 

source angle data to obtain a first identification result of the to-be-separated role; and 

separate the to-be-separated role based on the first identification result of the to-be-15 

separated role. By performing identification on the to-be-separated role based on the 

sound source angle data corresponding to the speech data frame of the to-be-separated 

role collected by the speech collection device, and separating the role based on the 

identification result of the to-be-separated role, it can separate the role in real time, 

thereby creating smoother user experiences than existing methods in the prior art. 20 

The program 1310 can be configured to cause the processor 1302 to execute the 

following operations: send to a cloud a role separation request carrying a speech data 

frame of a to-be-separated role, so that the cloud acquires sound source angle data 

corresponding to the speech data frame based on the role separation request, performs 

identification on the to-be-separated role based on the sound source angle data, and 25 

separates the role based on an identification result of the to-be-separated role; and receive 

a separation result of the role sent by the cloud based on the role separation request. 

For the implementation of each step in the program 1310, reference may be made 

to the corresponding description of the corresponding step and unit in the above-

described role separation method embodiments, which will not be elaborated herein. 30 

Those skilled in the art can clearly understand that, for the convenience and brevity of 

description, reference may be made to the corresponding process descriptions in the 

above-described method embodiments for the specific working process of the above-
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described devices and modules, which will not be elaborated here. 

By the electronic device provided in this embodiment, a speech collection device 

sends to a cloud a role separation request carrying a speech data frame of a to-be-

separated role, the cloud acquires sound source angle data corresponding to the speech 

data frame based on the role separation request, performs identification on the to-be-5 

separated role based on the sound source angle data, and separates the role based on an 

identification result of the to-be-separated role, and the speech collection device receives 

a separation result of the role sent by the cloud based on the role separation request. By 

performing identification on the to-be-separated role based on the sound source angle 

data corresponding to the speech data frame of the to-be-separated role carried by the role 10 

separation request, and separating the role based on the identification result of the to-be-

separated role, it can separate the role in real time, thereby creating smoother user 

experiences than existing methods in the prior art. 

The program 1310 can be configured to cause the processor 1302 to execute the 

following operations: receive from a speech collection device a role separation request 15 

carrying a speech data frame of a to-be-separated role; acquire sound source angle data 

corresponding to the speech data frame based on the role separation request; perform 

identification on the to-be-separated role based on the sound source angle data to obtain 

an identification result of the to-be-separated role; and separate the role based on the 

identification result of the to-be-separated role, and send to the speech collection device 20 

a role separation result corresponding to the role separation request. 

For the implementation of each step in the program 1310, reference may be made 

to the corresponding description of the corresponding step and unit in the above-

described role separation method embodiments, which will not be elaborated herein. 

Those skilled in the art can clearly understand that, for the convenience and brevity of 25 

description, reference may be made to the corresponding process descriptions in the 

above-described method embodiments for the specific working process of the above-

described devices and modules, which will not be elaborated here. 

By the electronic device provided in this embodiment, a cloud receives from a 

speech collection device a role separation request carrying a speech data frame of a to-30 

be-separated role, acquires sound source angle data corresponding to the speech data 

frame based on the role separation request, performs identification on the to-be-separated 

role based on the sound source angle data to obtain an identification result of the to-be-
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separated role, separates the role based on the identification result of the to-be-separated 

role, and finally sends to the speech collection device a separation result of the role 

corresponding to the role separation request. By performing identification on the to-be-

separated role based on the sound source angle data corresponding to the speech data 

frame of the to-be-separated role carried by the role separation request, and separating 5 

the role based on the identification result of the to-be-separated role, it can separate the 

role in real time, thereby creating smoother user experiences than existing methods in the 

prior art. 

The program 1310 can be configured to cause the processor 1302 to execute the 

following operations: acquire sound source angle data corresponding to a speech data 10 

frame of a meeting role collected by a speech collection device disposed in a meeting 

room; perform identification on the meeting role based on the sound source angle data to 

obtain an identification result of the meeting role; and record meeting minutes of the 

meeting role based on the identification result of the meeting role. 

For the implementation of each step in the program 1310, reference may be made 15 

to the corresponding description of the corresponding step and unit in the above-

described meeting minutes recording method embodiments, which will not be elaborated 

herein. Those skilled in the art can clearly understand that, for the convenience and 

brevity of description, reference may be made to the corresponding process descriptions 

in the above-described method embodiments for the specific working process of the 20 

above-described devices and modules, which will not be elaborated here. 

By the electronic device provided in this embodiment, acquire sound source angle 

data corresponding to a speech data frame of a meeting role collected by a speech 

collection device disposed in a meeting room; perform identification on the meeting role 

based on the sound source angle data to obtain an identification result of the meeting role; 25 

and record meeting minutes of the meeting role based on the identification result of the 

meeting role. By performing identification on the meeting role based on the sound source 

angle data corresponding to the speech data frame of the meeting role collected by the 

speech collection device disposed in the meeting room, and recording the meeting 

minutes of the meeting role based on the identification result of the meeting role, it can 30 

record the meeting minutes of the meeting role in real time, thereby effectively improving 

the efficiency of recording the meeting minutes of the meeting role compared with 

existing methods in the prior art. 
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The program 1310 can be configured to cause the processor 1302 to execute the 

following operations: acquire sound source angle data corresponding to a speech data 

frame of a role collected by a speech collection device; perform identification on the role 

based on the sound source angle data to obtain an identification result of the role; and 

display identity data of the role on an interactive interface of the speech collection device 5 

based on the identification result of the role. 

In an optional implementation manner, the program 1310 is further configured to 

cause the processor 1302 to, after acquiring the sound source angle data corresponding 

to the speech data frame of the role collected by the speech collection device, switch on 

lamps of the speech collection device in a sound source direction indicated by the sound 10 

source angle data. 

In an optional implementation manner, the program 1310 is further configured to 

cause the processor 1302 to display speaking action images or speech waveform images 

of the role on the interactive interface of the speech collection device. 

For the implementation of each step in the program 1310, reference may be made 15 

to the corresponding description of the corresponding step and unit in the above-

described role display method embodiments, which will not be elaborated herein. Those 

skilled in the art can clearly understand that, for the convenience and brevity of 

description, reference may be made to the corresponding process descriptions in the 

above-described method embodiments for the specific working process of the above-20 

described devices and modules, which will not be elaborated here. 

By the electronic device provided in this embodiment, acquire sound source angle 

data corresponding to a speech data frame of a role collected by a speech collection device; 

perform identification on the role based on the sound source angle data to obtain an 

identification result of the role; and display identity data of the role on an interactive 25 

interface of the speech collection device based on the identification result of the role. By 

performing identification on the role based on the sound source angle data corresponding 

to the speech data frame of the role collected by the speech collection device, and 

displaying the identity data of the role on the interactive interface of the speech collection 

device based on the identification result of the role, it can display the identity data of the 30 

role in real time, thereby creating smoother user experiences than existing methods in the 

prior art. 
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It should be noted that according to the needs of implementation, each 

component/step described in the embodiments of the present invention may be split into 

more components/steps, or two or more components/steps or some operations of 

components/steps may be combined into new components/steps to achieve the purpose 

of the embodiments of the present invention. 5 

The above-described methods according to the embodiments of the present 

invention may be implemented in hardware, firmware, or implemented as software or 

computer codes that may be stored in a recording medium (such as CD ROMs, RAMs, 

floppy disks, hard disks, or magneto-optical disks), or implemented as computer codes 

downloaded over a network and originally stored in a remote recording medium or non-10 

transitory machine-readable medium and to be stored in a local recording medium, so 

that the methods described herein can be processed by such software stored on a 

recording medium using a general-purpose computer, a special-purpose processor or 

programmable or dedicated hardware (such as ASICs or FPGAs). It can be understood 

that a computer, a processor, a microprocessor controller, or programmable hardware 15 

includes storage components (for example, RAMs, ROMs, flash memories, etc.) that can 

store or receive software or computer codes, and the software or computer codes, when 

accessed and executed by the computer, processor, or hardware, implement the role 

separation methods, the meeting minutes recording methods, or the role display methods 

described herein. Further, when a general-purpose computer accesses codes for 20 

implementing the role separation methods, the meeting minutes recording methods, or 

the role display methods described herein, the execution of the codes converts the 

general-purpose computer to a dedicated computer for performing the role separation 

methods, the meeting minutes recording methods, or the role display methods described 

herein. 25 

Those of ordinary skill in the art can realize that the units and method steps of 

each example described in conjunction with the embodiments disclosed herein can be 

implemented in electronic hardware or a combination of computer software and 

electronic hardware. Whether these functions are performed in hardware or software 

depends on the application and design constraints of the technical solution. Those skilled 30 

in the art may implement the described functions using different methods for each 

application, but such implementation should not be considered to be beyond the scope of 

the embodiments of the present invention. 
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The above-described implementation manners are only used to illustrate the 

embodiments of the present invention, but not to limit the embodiments of the present 

invention. Those of ordinary skill in the art can also make various changes and 

modifications without departing from the spirit and scope of the embodiments of the 

present invention. Therefore, all equivalent technical solutions also belong to the scope 5 

of the embodiments of the present invention, and the scope of patent protection of the 

embodiments of the present invention should be defined by the claims. 

 

 

  10 
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CLAIMS 

 

What is claimed is: 

1.  A role separation method, comprising: 

acquiring sound source angle data corresponding to a speech data frame of a to-5 

be-separated role collected by a speech collection device; 

performing identification on the to-be-separated role based on the sound source 

angle data to obtain a first identification result of the to-be-separated role; and 

separating a role based on the first identification result of the to-be-separated role. 

 10 

2.  The method according to claim 1, wherein after the acquiring the sound 

source angle data corresponding to the speech data frame of the to-be-separated role 

collected by the speech collection device, the method further comprises: 

performing voice activity detection on the speech data frame of the to-be-

separated role to obtain a speech data frame with a voice activity; 15 

filtering and smoothing the speech data frame with the voice activity based on an 

energy spectrum of the speech data frame of the to-be-separated role to obtain a filtered 

and smoothed speech data frame; and 

updating the sound source angle data based on the filtered and smoothed speech 

data frame to obtain updated sound source angle data. 20 

 

3.  The method according to claim 2, wherein the filtering and smoothing the 

speech data frame with the voice activity based on the energy spectrum of the speech data 

frame of the to-be-separated role to obtain the filtered and smoothed speech data frame 

comprises: 25 

filtering and smoothing the speech data frame with the voice activity through a 

median filter based on spectral flatness of the energy spectrum of the speech data frame 

of the to-be-separated role to obtain the filtered and smoothed speech data frame. 

 

4.  The method according to claim 1, wherein the performing the 30 

identification on the to-be-separated role based on the sound source angle data to obtain 

the first identification result of the to-be-separated role comprises: 

performing sequence clustering on the sound source angle data to obtain a 
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sequence clustering result of the sound source angle data; and 

determining that a role identifier corresponding to the sequence clustering result 

of the sound source angle data is the first identification result of the to-be-separated role. 

 

5.  The method according to claim 4, wherein the performing the sequence 5 

clustering on the sound source angle data to obtain the sequence clustering result of the 

sound source angle data comprises: 

determining a distance between the sound source angle data and a sound source 

angle sequence clustering center; and 

determining the sequence clustering result of the sound source angle data based 10 

on the distance between the sound source angle data and the sound source angle sequence 

clustering center. 

 

6.  The method according to claim 1, wherein after the obtaining the first 

identification result of the to-be-separated role, the method further comprises: 15 

performing voiceprint identification on a speech data frame of the to-be-separated 

role within a preset time period to obtain a second identification result of the to-be-

separated role; and 

if the first identification result is different from the second identification result, 

using the second identification result to correct the first identification result to obtain a 20 

final identification result of the to-be-separated role. 

 

7.  The method according to claim 1, wherein the speech collection device 

comprises a microphone array, and the acquiring the sound source angle data 

corresponding to the speech data frame of the to-be-separated role collected by the speech 25 

collection device further comprises: 

acquiring a covariance matrix of the speech data frame received by at least some 

microphones in the microphone array; 

performing eigenvalue decomposition on the covariance matrix to obtain multiple 

eigenvalues; 30 

selecting a first quantity of largest eigenvalues from the multiple eigenvalues, and 

forming a speech signal sub-space based on eigenvectors corresponding to the selected 

eigenvalues, wherein the first quantity is equivalent to an estimated quantity of sound 
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sources; and 

determining the sound source angle data based on the speech signal sub-space. 

 

8.  The method according to claim 6, wherein after the obtaining the final 

identification result of the to-be-separated role, the method further comprises: 5 

acquiring face image data of the to-be-separated role collected by an image 

collection device; 

performing face recognition on the face image data to obtain a third identification 

result of the to-be-separated role; and 

if the third identification result is different from the second identification result, 10 

using the third identification result to correct the second identification result to obtain the 

final identification result of the to-be-separated role. 

 

9.  A role separation method, comprising: 

sending to a cloud a role separation request carrying a speech data frame of a to-15 

be-separated role, so that the cloud acquires sound source angle data corresponding to the 

speech data frame based on the role separation request, performs identification on the to-

be-separated role based on the sound source angle data, and separates the role based on 

an identification result of the to-be-separated role; and 

receiving a separation result of the role sent by the cloud based on the role 20 

separation request. 

 

10.  A role separation method, comprising: 

receiving from a speech collection device a role separation request carrying a 

speech data frame of a to-be-separated role; 25 

acquiring sound source angle data corresponding to the speech data frame based 

on the role separation request; 

performing identification on the to-be-separated role based on the sound source 

angle data to obtain an identification result of the to-be-separated role; and 

separating the role based on the identification result of the to-be-separated role, 30 

and sending to the speech collection device a role separation result corresponding to the 

role separation request. 
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11.  A meeting minutes recording method, comprising: 

acquiring sound source angle data corresponding to a speech data frame of a 

meeting role collected by a speech collection device disposed in a meeting room; 

performing identification on the meeting role based on the sound source angle 

data to obtain an identification result of the meeting role; and 5 

recording meeting minutes of the meeting role based on the identification result 

of the meeting role. 

 

12.  A role display method, comprising: 

acquiring sound source angle data corresponding to a speech data frame of a role 10 

collected by a speech collection device; 

performing identification on the role based on the sound source angle data to 

obtain an identification result of the role; and 

displaying identity data of the role on an interactive interface of the speech 

collection device based on the identification result of the role. 15 

 

13.  The method according to claim 12, wherein after the acquiring the sound 

source angle data corresponding to the speech data frame of the role collected by the 

speech collection device, the method further comprises: 

switching on lamps of the speech collection device in a sound source direction 20 

indicated by the sound source angle data. 

 

14.  The method according to claim 12, further comprising: 

displaying speaking action images or speech waveform images of the role on the 

interactive interface of the speech collection device. 25 

 

15.  A role separation apparatus, comprising: 

a first acquisition module, configured to acquire sound source angle data 

corresponding to a speech data frame of a to-be-separated role collected by a speech 

collection device; 30 

a first identification module, configured to perform identification on the to-be-

separated role based on the sound source angle data to obtain a first identification result 

of the to-be-separated role; and 
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a separation module, configured to separate the to-be-separated role based on the 

first identification result of the to-be-separated role. 

 

16.  A role separation apparatus, comprising: 

a first sending module, configured to send to a cloud a role separation request 5 

carrying a speech data frame of a to-be-separated role, so that the cloud acquires sound 

source angle data corresponding to the speech data frame based on the role separation 

request, performs identification on the to-be-separated role based on the sound source 

angle data, and separates the role based on an identification result of the to-be-separated 

role; and 10 

a first receiving module, configured to receive a separation result of the role sent 

by the cloud based on the role separation request. 

 

17.  A role separation apparatus, comprising: 

a second receiving module, configured to receive from a speech collection device 15 

a role separation request carrying a speech data frame of a to-be-separated role; 

a third acquisition module, configured to acquire sound source angle data 

corresponding to the speech data frame based on the role separation request; 

a second identification module, configured to perform identification on the to-be-

separated role based on the sound source angle data to obtain an identification result of 20 

the to-be-separated role; and 

a second sending module, configured to separate the role based on the 

identification result of the to-be-separated role, and send to the speech collection device 

a role separation result corresponding to the role separation request. 

 25 

18.  A meeting minutes recording apparatus, comprising: 

a fourth acquisition module, configured to acquire sound source angle data 

corresponding to a speech data frame of a meeting role collected by a speech collection 

device disposed in a meeting room; 

a third identification module, configured to perform identification on the meeting 30 

role based on the sound source angle data to obtain an identification result of the meeting 

role; and 

a recording module, configured to record meeting minutes of the meeting role 
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based on the identification result of the meeting role. 

 

19.  A role display apparatus, comprising: 

a fifth acquisition module, configured to acquire sound source angle data 

corresponding to a speech data frame of a role collected by a speech collection device; 5 

a fourth identification module, configured to perform identification on the role 

based on the sound source angle data to obtain an identification result of the role; and 

a first display module, configured to display identity data of the role on an 

interactive interface of the speech collection device based on the identification result of 

the role. 10 

 

20.  An electronic device, comprising: a processor, a memory, a 

communications interface, and a communications bus, wherein the processor, the 

memory, and the communications interface communicate with each other through the 

communications bus; 15 

the memory is configured to store at least one executable instruction that causes 

the processor to execute an operation corresponding to the role separation method 

according to any one of claims 1 - 8, or an operation corresponding to the role separation 

method according to claim 9, or an operation corresponding to the role separation method 

according to claim 10, or an operation corresponding to the meeting minutes recording 20 

method according to claim 11, or an operation corresponding to the role display method 

according to any one of claims 12 - 14. 

 

21.  A computer storage medium having a computer program stored thereon, 

wherein the program, when executed by a processor, is caused to implement the role 25 

separation method according to any one of claims 1 - 8, or the role separation method 

according to claim 9, or the role separation method according to claim 10, or the meeting 

minutes recording method according to claim 11, or the role display method according to 

any one of claims 12 - 14. 

  30 




