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for a music signal, due to diversity/complexity of its signal characteristics, recognition of the music

signal is generally more difficult that of a speech signal. In addition, a recognition delay is also one

of very important indicators. Due to fuzziness of characteristics of speech/music in a short time, it

generally needs to take a relatively long time before the speech/music can be recognized relatively

accurately. Generally, at an intermediate section of a same type of signals, a longer recognition5

delay indicates more accurate recognition. However, at a transition section of two types of signals, a

longer recognition delay indicates lower recognition accuracy, which is especially severe in a

situation in which a hybrid signal (such as a speech having background music) is input. Therefore,

having both a high recognition rate and a low recognition delay is a necessary attribute of a

high-performance speech/music recognizer. In addition, classification stability is also an important10

attribute that affects encoding quality of a hybrid encoder. Generally, when the hybrid encoder

switches between different types of encoders, quality deterioration may occur. If frequent type

switching occurs in a classifier in a same type of signals, encoding quality is affected relatively

greatly; therefore, it is required that an output classification result of the classifier should be

accurate and smooth. Additionally, in some applications, such as a classification algorithm in a15

communications system, it is also required that calculation complexity and storage overheads of the

classification algorithm should be as low as possible, to satisfy commercial requirements.

[0006] The ITU-T standard G.720.1 includes a speech/music classifier. This classifier uses a

main parameter: a frequency spectrum fluctuation variance var_flux as a main basis for signal

classification, and uses two different frequency spectrum peakiness parameters p1 and p2 as an20

auxiliary basis. Classification of an input signal according to var_flux is completed in an FIFO

var_flux buffer according to local statistics of var_flux. A specific process is summarized as follows:

First, a frequency spectrum fluctuation flux is extracted from each input audio frame and buffered

in a first buffer, and flux herein is calculated in four latest frames including a current input frame, or

may be calculated by using another method. Then, a variance of flux of N latest frames including25

the current input frame is calculated, to obtain var_flux of the current input frame, and var_flux is

buffered in a second buffer. Then, a quantity K of frames whose var_flux is greater than a first

threshold among M latest frames including the current input frame in the second buffer is counted.

If a ratio of K to M is greater than a second threshold, it is determined that the current input frame is

a speech frame; otherwise the current input frame is a music frame. The auxiliary parameters p1 and30

p2 are mainly used to modify classification, and are also calculated for each input audio frame.

When p1 and/or p2 is greater than a third threshold and/or a fourth threshold, it is directly

determined that the current input audio frame is a music frame.

[0007] Disadvantages of this speech/music classifier are as follows: on one hand, an absolute



3

recognition rate for music still needs to be improved, and on the other hand, because target

applications of the classifier are not specific to an application scenario of a hybrid signal, there is

also still room for improvement in recognition performance for a hybrid signal.

[0008] Many existing speech/music classifiers are designed based on a mode recognition

principle. This type of classifiers generally extract multiple (a dozen to several dozens)5

characteristic parameters from an input audio frame, and feed these parameters into a classifier

based on a Gaussian hybrid model, or a neural network, or another classical classification method to

perform classification.

[0009] This type of classifiers have a relatively solid theoretical basis, but generally have

relatively high calculation or storage complexity, and therefore, implementation costs are relatively10

high.

SUMMARY

[0010] An objective of embodiments of the present invention is to provide an audio signal

classification method and apparatus, to reduce signal classification complexity while ensuring a

classification recognition rate of a hybrid audio signal.15

[0011] According to a first aspect, an audio signal classification method is provided, where the

method includes:

determining, according to voice activity of a current audio frame, whether to obtain a

frequency spectrum fluctuation of the current audio frame and store the frequency spectrum

fluctuation in a frequency spectrum fluctuation memory, where the frequency spectrum fluctuation20

denotes an energy fluctuation of a frequency spectrum of an audio signal;

updating, according to whether the audio frame is percussive music or activity of a

historical audio frame, frequency spectrum fluctuations stored in the frequency spectrum fluctuation

memory; and

classifying the current audio frame as a speech frame or a music frame according to25

statistics of a part or all of effective data of the frequency spectrum fluctuations stored in the

frequency spectrum fluctuation memory.

[0012] In a first possible implementation manner, the determining, according to voice activity

of a current audio frame, whether to obtain a frequency spectrum fluctuation of the current audio

frame and store the frequency spectrum fluctuation in a frequency spectrum fluctuation memory30

includes:

if the current audio frame is an active frame, storing the frequency spectrum fluctuation

of the current audio frame in the frequency spectrum fluctuation memory.
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[0013] In a second possible implementation manner, the determining, according to voice

activity of a current audio frame, whether to obtain a frequency spectrum fluctuation of the current

audio frame and store the frequency spectrum fluctuation in a frequency spectrum fluctuation

memory includes:

if the current audio frame is an active frame, and the current audio frame does not5

belong to an energy attack, storing the frequency spectrum fluctuation of the current audio frame in

the frequency spectrum fluctuation memory.

[0014] In a third possible implementation manner, the determining, according to voice activity

of a current audio frame, whether to obtain a frequency spectrum fluctuation of the current audio

frame and store the frequency spectrum fluctuation in a frequency spectrum fluctuation memory10

includes:

if the current audio frame is an active frame, and none of multiple consecutive frames

including the current audio frame and a historical frame of the current audio frame belongs to an

energy attack, storing the frequency spectrum fluctuation of the audio frame in the frequency

spectrum fluctuation memory.15

[0015] With reference to the first aspect or the first possible implementation manner of the first

aspect or the second possible implementation manner of the first aspect or the third possible

implementation manner of the first aspect, in a fourth possible implementation manner, the updating,

according to whether the current audio frame is percussive music, frequency spectrum fluctuations

stored in the frequency spectrum fluctuation memory includes:20

if the current audio frame belongs to percussive music, modifying values of the

frequency spectrum fluctuations stored in the frequency spectrum fluctuation memory.

[0016] With reference to the first aspect or the first possible implementation manner of the first

aspect or the second possible implementation manner of the first aspect or the third possible

implementation manner of the first aspect, in a fifth possible implementation manner, the updating,25

according to activity of a historical audio frame, frequency spectrum fluctuations stored in the

frequency spectrum fluctuation memory includes:

if it is determined that the frequency spectrum fluctuation of the current audio frame is

stored in the frequency spectrum fluctuation memory, and a previous audio frame is an inactive

frame, modifying data of other frequency spectrum fluctuations stored in the frequency spectrum30

fluctuation memory except the frequency spectrum fluctuation of the current audio frame into

ineffective data; or

if it is determined that the frequency spectrum fluctuation of the current audio frame is

stored in the frequency spectrum fluctuation memory, and three consecutive historical frames before
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the current audio frame are not all active frames, modifying the frequency spectrum fluctuation of

the current audio frame into a first value; or

if it is determined that the frequency spectrum fluctuation of the current audio frame is

stored in the frequency spectrum fluctuation memory, and a historical classification result is a music

signal and the frequency spectrum fluctuation of the current audio frame is greater than a second5

value, modifying the frequency spectrum fluctuation of the current audio frame into the second

value, where the second value is greater than the first value.

[0017] With reference to the first aspect or the first possible implementation manner of the first

aspect or the second possible implementation manner of the first aspect or the third possible

implementation manner of the first aspect or the fourth possible implementation manner of the first10

aspect or the fifth possible implementation manner of the first aspect, in a sixth possible

implementation manner, the classifying the current audio frame as a speech frame or a music frame

according to statistics of a part or all of effective data of the frequency spectrum fluctuations stored

in the frequency spectrum fluctuation memory includes:

obtaining an average value of a part or all of the effective data of the frequency spectrum15

fluctuations stored in the frequency spectrum fluctuation memory; and

when the obtained average value of the effective data of the frequency spectrum

fluctuations satisfies a music classification condition, classifying the current audio frame as a music

frame; otherwise classifying the current audio frame as a speech frame.

[0018] With reference to the first aspect or the first possible implementation manner of the first20

aspect or the second possible implementation manner of the first aspect or the third possible

implementation manner of the first aspect or the fourth possible implementation manner of the first

aspect or the fifth possible implementation manner of the first aspect, in a seventh possible

implementation manner, the audio signal classification method further includes:

obtaining a frequency spectrum high-frequency-band peakiness, a frequency spectrum25

correlation degree, and a linear prediction residual energy tilt of the current audio frame, where the

frequency spectrum high-frequency-band peakiness denotes a peakiness or an energy acutance, on a

high frequency band, of a frequency spectrum of the current audio frame; the frequency spectrum

correlation degree denotes stability, between adjacent frames, of a signal harmonic structure of the

current audio frame; and the linear prediction residual energy tilt denotes an extent to which linear30

prediction residual energy of the audio signal changes as a linear prediction order increases; and

determining, according to the voice activity of the current audio frame, whether to store

the frequency spectrum high-frequency-band peakiness, the frequency spectrum correlation degree,

and the linear prediction residual energy tilt in memories,
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where the classifying the audio frame according to statistics of a part or all of data of the

frequency spectrum fluctuations stored in the frequency spectrum fluctuation memory includes:

obtaining an average value of the effective data of the stored frequency spectrum

fluctuations, an average value of effective data of stored frequency spectrum high-frequency-band

peakiness, an average value of effective data of stored frequency spectrum correlation degrees, and5

a variance of effective data of stored linear prediction residual energy tilts separately; and

when one of the following conditions is satisfied, classifying the current audio frame as

a music frame; otherwise classifying the current audio frame as a speech frame: the average value

of the effective data of the frequency spectrum fluctuations is less than a first threshold; or the

average value of the effective data of the frequency spectrum high-frequency-band peakiness is10

greater than a second threshold; or the average value of the effective data of the frequency spectrum

correlation degrees is greater than a third threshold; or the variance of the effective data of the linear

prediction residual energy tilts is less than a fourth threshold.

[0019] According to a second aspect, an audio signal classification apparatus is provided, where

the apparatus is configured to classify an input audio signal, and includes:15

a storage determining unit, configured to determine, according to voice activity of the

current audio frame, whether to obtain and store a frequency spectrum fluctuation of the current

audio frame, where the frequency spectrum fluctuation denotes an energy fluctuation of a frequency

spectrum of an audio signal;

a memory, configured to store the frequency spectrum fluctuation when the storage20

determining unit outputs a result that the frequency spectrum fluctuation needs to be stored;

an updating unit, configured to update, according to whether a speech frame is

percussive music or activity of a historical audio frame, frequency spectrum fluctuations stored in

the memory; and

a classification unit, configured to classify the current audio frame as a speech frame or a25

music frame according to statistics of a part or all of effective data of the frequency spectrum

fluctuations stored in the memory.

[0020] In a first possible implementation manner, the storage determining unit is specifically

configured to: when it is determined that the current audio frame is an active frame, output a result

that the frequency spectrum fluctuation of the current audio frame needs to be stored.30

[0021] In a second possible implementation manner, the storage determining unit is specifically

configured to: when it is determined that the current audio frame is an active frame, and the current

audio frame does not belong to an energy attack, output a result that the frequency spectrum

fluctuation of the current audio frame needs to be stored.
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[0022] In a third possible implementation manner, the storage determining unit is specifically

configured to: when it is determined that the current audio frame is an active frame, and none of

multiple consecutive frames including the current audio frame and a historical frame of the current

audio frame belongs to an energy attack, output a result that the frequency spectrum fluctuation of

the current audio frame needs to be stored.5

[0023] With reference to the second aspect or the first possible implementation manner of the

second aspect or the second possible implementation manner of the second aspect or the third

possible implementation manner of the second aspect, in a fourth possible implementation manner,

the updating unit is specifically configured to: if the current audio frame belongs to percussive

music, modify values of the frequency spectrum fluctuations stored in the frequency spectrum10

fluctuation memory.

[0024] With reference to the second aspect or the first possible implementation manner of the

second aspect or the second possible implementation manner of the second aspect or the third

possible implementation manner of the second aspect, in a fifth possible implementation manner,

the updating unit is specifically configured to: if the current audio frame is an active frame, and a15

previous audio frame is an inactive frame, modify data of other frequency spectrum fluctuations

stored in the memory except the frequency spectrum fluctuation of the current audio frame into

ineffective data; or

if the current audio frame is an active frame, and three consecutive frames before the

current audio frame are not all active frames, modify the frequency spectrum fluctuation of the20

current audio frame into a first value; or

if the current audio frame is an active frame, and a historical classification result is a

music signal and the frequency spectrum fluctuation of the current audio frame is greater than a

second value, modify the frequency spectrum fluctuation of the current audio frame into the second

value, where the second value is greater than the first value.25

[0025] With reference to the second aspect or the first possible implementation manner of the

second aspect or the second possible implementation manner of the second aspect or the third

possible implementation manner of the second aspect or the fourth possible implementation manner

of the second aspect or the fifth possible implementation manner of the second aspect, in a sixth

possible implementation manner, the classification unit includes:30

a calculating unit, configured to obtain an average value of a part or all of the effective

data of the frequency spectrum fluctuations stored in the memory; and

a determining unit, configured to compare the average value of the effective data of the

frequency spectrum fluctuations with a music classification condition; and when the average value
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of the effective data of the frequency spectrum fluctuations satisfies the music classification

condition, classify the current audio frame as a music frame; otherwise classify the current audio

frame as a speech frame.

[0026] With reference to the second aspect or the first possible implementation manner of the

second aspect or the second possible implementation manner of the second aspect or the third5

possible implementation manner of the second aspect or the fourth possible implementation manner

of the second aspect or the fifth possible implementation manner of the second aspect, in a seventh

possible implementation manner, the audio signal classification apparatus further includes:

a parameter obtaining unit, configured to obtain a frequency spectrum

high-frequency-band peakiness, a frequency spectrum correlation degree, a voicing parameter, and10

a linear prediction residual energy tilt of the current audio frame, where the frequency spectrum

high-frequency-band peakiness denotes a peakiness or an energy acutance, on a high frequency

band, of a frequency spectrum of the current audio frame; the frequency spectrum correlation

degree denotes stability, between adjacent frames, of a signal harmonic structure of the current

audio frame; the voicing parameter denotes a time domain correlation degree between the current15

audio frame and a signal before a pitch period; and the linear prediction residual energy tilt denotes

an extent to which linear prediction residual energy of the audio signal changes as a linear

prediction order increases; where

the storage determining unit is further configured to determine, according to the voice

activity of the current audio frame, whether to store the frequency spectrum high-frequency-band20

peakiness, the frequency spectrum correlation degree, and the linear prediction residual energy tilt

in memories;

the storage unit is further configured to: when the storage determining unit outputs a

result that the frequency spectrum high-frequency-band peakiness, the frequency spectrum

correlation degree, and the linear prediction residual energy tilt need to be stored, store the25

frequency spectrum high-frequency-band peakiness, the frequency spectrum correlation degree, and

the linear prediction residual energy tilt; and

the classification unit is specifically configured to obtain statistics of effective data of

the stored frequency spectrum fluctuations, statistics of effective data of stored frequency spectrum

high-frequency-band peakiness, statistics of effective data of stored frequency spectrum correlation30

degrees, and statistics of effective data of stored linear prediction residual energy tilts, and classify

the audio frame as a speech frame or a music frame according to the statistics of the effective data.

[0027] With reference to the seventh possible implementation manner of the second aspect, in

an eighth possible implementation manner, the classification unit includes:
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a calculating unit, configured to obtain an average value of the effective data of the

stored frequency spectrum fluctuations, an average value of the effective data of the stored

frequency spectrum high-frequency-band peakiness, an average value of the effective data of the

stored frequency spectrum correlation degrees, and a variance of the effective data of the stored

linear prediction residual energy tilts separately; and5

a determining unit, configured to: when one of the following conditions is satisfied,

classify the current audio frame as a music frame; otherwise classify the current audio frame as a

speech frame: the average value of the effective data of the frequency spectrum fluctuations is less

than a first threshold; or the average value of the effective data of the frequency spectrum

high-frequency-band peakiness is greater than a second threshold; or the average value of the10

effective data of the frequency spectrum correlation degrees is greater than a third threshold; or the

variance of the effective data of the linear prediction residual energy tilts is less than a fourth

threshold.

[0028] According to a third aspect, an audio signal classification method is provided, where the

method includes:15

performing frame division processing on an input audio signal;

obtaining a linear prediction residual energy tilt of a current audio frame, where the

linear prediction residual energy tilt denotes an extent to which linear prediction residual energy of

the audio signal changes as a linear prediction order increases;

storing the linear prediction residual energy tilt in a memory; and20

classifying the audio frame according to statistics of a part of data of prediction residual

energy tilts in the memory.

[0029] In a first possible implementation manner, before the storing the linear prediction

residual energy tilt in a memory, the method further includes:

determining, according to voice activity of the current audio frame, whether to store the25

linear prediction residual energy tilt in the memory; and storing the linear prediction residual energy

tilt in the memory when it is determined that the linear prediction residual energy tilt needs to be

stored.

[0030] With reference to the third aspect or the first possible implementation manner of the

third aspect, in a second possible implementation manner, the statistics of the part of the data of the30

prediction residual energy tilts is a variance of the part of the data of the prediction residual energy

tilts; and the classifying the audio frame according to statistics of a part of data of prediction

residual energy tilts in the memory includes:

comparing the variance of the part of the data of the prediction residual energy tilts with
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a music classification threshold, and when the variance of the part of the data of the prediction

residual energy tilts is less than the music classification threshold, classifying the current audio

frame as a music frame; otherwise classifying the current audio frame as a speech frame.

[0031] With reference to the third aspect or the first possible implementation manner of the

third aspect, in a third possible implementation manner, the audio signal classification method5

further includes:

obtaining a frequency spectrum fluctuation, a frequency spectrum high-frequency-band

peakiness, and a frequency spectrum correlation degree of the current audio frame, and storing the

frequency spectrum fluctuation, the frequency spectrum high-frequency-band peakiness, and the

frequency spectrum correlation degree in corresponding memories,10

where the classifying the audio frame according to statistics of a part of data of

prediction residual energy tilts in the memory includes:

obtaining statistics of effective data of stored frequency spectrum fluctuations, statistics

of effective data of stored frequency spectrum high-frequency-band peakiness, statistics of effective

data of stored frequency spectrum correlation degrees, and statistics of effective data of the stored15

linear prediction residual energy tilts, and classifying the audio frame as a speech frame or a music

frame according to the statistics of the effective data, where the statistics of the effective data refer

to a data value obtained after a calculation operation is performed on the effective data stored in the

memories.

[0032] With reference to the third possible implementation manner of the third aspect, in a20

fourth possible implementation manner, the obtaining statistics of effective data of stored frequency

spectrum fluctuations, statistics of effective data of stored frequency spectrum high-frequency-band

peakiness, statistics of effective data of stored frequency spectrum correlation degrees, and statistics

of effective data of the stored linear prediction residual energy tilts, and classifying the audio frame

as a speech frame or a music frame according to the statistics of the effective data includes:25

obtaining an average value of the effective data of the stored frequency spectrum

fluctuations, an average value of the effective data of the stored frequency spectrum

high-frequency-band peakiness, an average value of the effective data of the stored frequency

spectrum correlation degrees, and a variance of the effective data of the stored linear prediction

residual energy tilts separately; and30

when one of the following conditions is satisfied, classifying the current audio frame as

a music frame; otherwise classifying the current audio frame as a speech frame: the average value

of the effective data of the frequency spectrum fluctuations is less than a first threshold; or the

average value of the effective data of the frequency spectrum high-frequency-band peakiness is
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greater than a second threshold; or the average value of the effective data of the frequency spectrum

correlation degrees is greater than a third threshold; or the variance of the effective data of the linear

prediction residual energy tilts is less than a fourth threshold.

[0033] With reference to the third aspect or the first possible implementation manner of the

third aspect, in a fifth possible implementation manner, the audio signal classification method5

further includes:

obtaining a frequency spectrum tone quantity of the current audio frame and a ratio of

the frequency spectrum tone quantity on a low frequency band, and storing the frequency spectrum

tone quantity and the ratio of the frequency spectrum tone quantity on the low frequency band in

corresponding memories,10

where the classifying the audio frame according to statistics of a part of data of

prediction residual energy tilts in the memory includes:

obtaining statistics of the stored linear prediction residual energy tilts and statistics of

stored frequency spectrum tone quantities separately; and

classifying the audio frame as a speech frame or a music frame according to the statistics15

of the linear prediction residual energy tilts, the statistics of the frequency spectrum tone quantities,

and the ratio of the frequency spectrum tone quantity on the low frequency band, where the

statistics refer to a data value obtained after a calculation operation is performed on data stored in

the memories.

[0034] With reference to the fifth possible implementation manner of the third aspect, in a sixth20

possible implementation manner, the obtaining statistics of the stored linear prediction residual

energy tilts and statistics of stored frequency spectrum tone quantities separately includes:

obtaining a variance of the stored linear prediction residual energy tilts; and

obtaining an average value of the stored frequency spectrum tone quantities; and

the classifying the audio frame as a speech frame or a music frame according to the25

statistics of the linear prediction residual energy tilts, the statistics of the frequency spectrum tone

quantities, and the ratio of the frequency spectrum tone quantity on the low frequency band

includes:

when the current audio frame is an active frame, and one of the following conditions is

satisfied, classifying the current audio frame as a music frame; otherwise classifying the current30

audio frame as a speech frame:

the variance of the linear prediction residual energy tilts is less than a fifth threshold; or

the average value of the frequency spectrum tone quantities is greater than a sixth

threshold; or
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the ratio of the frequency spectrum tone quantity on the low frequency band is less than

a seventh threshold.

[0035] With reference to the third aspect or the first possible implementation manner of the

third aspect or the second possible implementation manner of the third aspect or the third possible

implementation manner of the third aspect or the fourth possible implementation manner of the5

third aspect or the fifth possible implementation manner of the third aspect or the sixth possible

implementation manner of the third aspect, in a seventh possible implementation manner, the

obtaining a linear prediction residual energy tilt of a current audio frame includes:

obtaining the linear prediction residual energy tilt of the current audio frame according

to the following formula:10
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where epsP(i) denotes prediction residual energy of ith-order linear prediction of the

current audio frame; and n is a positive integer, denotes a linear prediction order, and is less than or

equal to a maximum linear prediction order.

[0036] With reference to the fifth possible implementation manner of the third aspect or the15

sixth possible implementation manner of the third aspect, in an eighth possible implementation

manner, the obtaining a frequency spectrum tone quantity of the current audio frame and a ratio of

the frequency spectrum tone quantity on a low frequency band includes:

counting a quantity of frequency bins of the current audio frame that are on a frequency

band from 0 to 8 kHz and have frequency bin peak values greater than a predetermined value, to use20

the quantity as the frequency spectrum tone quantity; and

calculating a ratio of a quantity of frequency bins of the current audio frame that are on a

frequency band from 0 to 4 kHz and have frequency bin peak values greater than the predetermined

value to the quantity of the frequency bins of the current audio frame that are on the frequency band

from 0 to 8 kHz and have frequency bin peak values greater than the predetermined value, to use25

the ratio as the ratio of the frequency spectrum tone quantity on the low frequency band.

[0037] According to a fourth aspect, a signal classification apparatus is provided, where the

apparatus is configured to classify an input audio signal, and includes:

a frame dividing unit, configured to perform frame division processing on an input audio

signal;30

a parameter obtaining unit, configured to obtain a linear prediction residual energy tilt of

a current audio frame, where the linear prediction residual energy tilt denotes an extent to which
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linear prediction residual energy of the audio signal changes as a linear prediction order increases;

a storage unit, configured to store the linear prediction residual energy tilt; and

a classification unit, configured to classify the audio frame according to statistics of a

part of data of prediction residual energy tilts in a memory.

[0038] In a first possible implementation manner, the signal classification apparatus further5

includes:

a storage determining unit, configured to determine, according to voice activity of the

current audio frame, whether to store the linear prediction residual energy tilt in the memory, where

the storage unit is specifically configured to: when the storage determining unit

determines that the linear prediction residual energy tilt needs to be stored, store the linear10

prediction residual energy tilt in the memory.

[0039] With reference to the fourth aspect or the first possible implementation manner of the

fourth aspect, in a second possible implementation manner, the statistics of the part of the data of

the prediction residual energy tilts is a variance of the part of the data of the prediction residual

energy tilts; and15

the classification unit is specifically configured to compare the variance of the part of the

data of the prediction residual energy tilts with a music classification threshold, and when the

variance of the part of the data of the prediction residual energy tilts is less than the music

classification threshold, classify the current audio frame as a music frame; otherwise classify the

current audio frame as a speech frame.20

[0040] With reference to the fourth aspect or the first possible implementation manner of the

fourth aspect, in a third possible implementation manner, the parameter obtaining unit is further

configured to: obtain a frequency spectrum fluctuation, a frequency spectrum high-frequency-band

peakiness, and a frequency spectrum correlation degree of the current audio frame, and store the

frequency spectrum fluctuation, the frequency spectrum high-frequency-band peakiness, and the25

frequency spectrum correlation degree in corresponding memories; and

the classification unit is specifically configured to obtain statistics of effective data of

stored frequency spectrum fluctuations, statistics of effective data of stored frequency spectrum

high-frequency-band peakiness, statistics of effective data of stored frequency spectrum correlation

degrees, and statistics of effective data of the stored linear prediction residual energy tilts, and30

classify the audio frame as a speech frame or a music frame according to the statistics of the

effective data, where the statistics of the effective data refer to a data value obtained after a

calculation operation is performed on the effective data stored in the memories.

[0041] With reference to the third possible implementation manner of the fourth aspect, in a
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fourth possible implementation manner, the classification unit includes:

a calculating unit, configured to obtain an average value of the effective data of the

stored frequency spectrum fluctuations, an average value of the effective data of the stored

frequency spectrum high-frequency-band peakiness, an average value of the effective data of the

stored frequency spectrum correlation degrees, and a variance of the effective data of the stored5

linear prediction residual energy tilts separately; and

a determining unit, configured to: when one of the following conditions is satisfied,

classify the current audio frame as a music frame; otherwise classify the current audio frame as a

speech frame: the average value of the effective data of the frequency spectrum fluctuations is less

than a first threshold; or the average value of the effective data of the frequency spectrum10

high-frequency-band peakiness is greater than a second threshold; or the average value of the

effective data of the frequency spectrum correlation degrees is greater than a third threshold; or the

variance of the effective data of the linear prediction residual energy tilts is less than a fourth

threshold.

[0042] With reference to the fourth aspect or the first possible implementation manner of the15

fourth aspect, in a fifth possible implementation manner, the parameter obtaining unit is further

configured to obtain a frequency spectrum tone quantity of the current audio frame and a ratio of

the frequency spectrum tone quantity on a low frequency band, and store the frequency spectrum

tone quantity and the ratio of the frequency spectrum tone quantity on the low frequency band in

memories; and20

the classification unit is specifically configured to obtain statistics of the stored linear

prediction residual energy tilts and statistics of stored frequency spectrum tone quantities separately;

and classify the audio frame as a speech frame or a music frame according to the statistics of the

linear prediction residual energy tilts, the statistics of the frequency spectrum tone quantities, and

the ratio of the frequency spectrum tone quantity on the low frequency band, where the statistics of25

the effective data refer to a data value obtained after a calculation operation is performed on data

stored in the memories.

[0043] With reference to the fifth possible implementation manner of the fourth aspect, in a

sixth possible implementation manner, the classification unit includes:

a calculating unit, configured to obtain a variance of effective data of the stored linear30

prediction residual energy tilts and an average value of the stored frequency spectrum tone

quantities; and

a determining unit, configured to: when the current audio frame is an active frame, and

one of the following conditions is satisfied, classify the current audio frame as a music frame;
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otherwise classify the current audio frame as a speech frame: the variance of the linear prediction

residual energy tilts is less than a fifth threshold; or the average value of the frequency spectrum

tone quantities is greater than a sixth threshold; or the ratio of the frequency spectrum tone quantity

on the low frequency band is less than a seventh threshold.

[0044] With reference to the fourth aspect or the first possible implementation manner of the5

fourth aspect or the second possible implementation manner of the fourth aspect or the third

possible implementation manner of the fourth aspect or the fourth possible implementation manner

of the fourth aspect or the fifth possible implementation manner of the fourth aspect or the sixth

possible implementation manner of the fourth aspect, in a seventh possible implementation manner,

the parameter obtaining unit obtains the linear prediction residual energy tilt of the current audio10

frame according to the following formula:
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where epsP(i) denotes prediction residual energy of ith-order linear prediction of the

current audio frame; and n is a positive integer, denotes a linear prediction order, and is less than or

equal to a maximum linear prediction order.15

[0045] With reference to the fifth possible implementation manner of the fourth aspect or the

sixth possible implementation manner of the fourth aspect, in an eighth possible implementation

manner, the parameter obtaining unit is configured to count a quantity of frequency bins of the

current audio frame that are on a frequency band from 0 to 8 kHz and have frequency bin peak

values greater than a predetermined value, to use the quantity as the frequency spectrum tone20

quantity; and the parameter obtaining unit is configured to calculate a ratio of a quantity of

frequency bins of the current audio frame that are on a frequency band from 0 to 4 kHz and have

frequency bin peak values greater than the predetermined value to the quantity of the frequency bins

of the current audio frame that are on the frequency band from 0 to 8 kHz and have frequency bin

peak values greater than the predetermined value, to use the ratio as the ratio of the frequency25

spectrum tone quantity on the low frequency band.

[0046] In the embodiments of the present invention, an audio signal is classified according to

long-time statistics of frequency spectrum fluctuations; therefore, there are relatively few

parameters, a recognition rate is relatively high, and complexity is relatively low. In addition, the

frequency spectrum fluctuations are adjusted with consideration of factors such as voice activity30

and percussive music; therefore, the present invention has a higher recognition rate for a music

signal, and is suitable for hybrid audio signal classification.
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BRIEF DESCRIPTION OF DRAWINGS

[0047] To describe the technical solutions in the embodiments of the present invention or in the

prior art more clearly, the following briefly introduces the accompanying drawings required for

describing the embodiments or the prior art. Apparently, the accompanying drawings in the

following description show merely some embodiments of the present invention, and a person of5

ordinary skill in the art may still derive other drawings from these accompanying drawings without

creative efforts.

[0048] FIG. 1 is a schematic diagram of dividing an audio signal into frames;

[0049] FIG. 2 is a schematic flowchart of an embodiment of an audio signal classification

method according to the present invention;10

[0050] FIG. 3 is a schematic flowchart of an embodiment of obtaining a frequency spectrum

fluctuation according to the present invention;

[0051] FIG. 4 is a schematic flowchart of another embodiment of an audio signal classification

method according to the present invention;

[0052] FIG. 5 is a schematic flowchart of another embodiment of an audio signal classification15

method according to the present invention;

[0053] FIG. 6 is a schematic flowchart of another embodiment of an audio signal classification

method according to the present invention;

[0054] FIG. 7 to FIG. 10 are specific classification flowcharts of audio signal classification

according to the present invention;20

[0055] FIG. 11 is a schematic flowchart of another embodiment of an audio signal classification

method according to the present invention;

[0056] FIG. 12 is a specific classification flowchart of audio signal classification according to

the present invention;

[0057] FIG. 13 is a schematic structural diagram of an embodiment of an audio signal25

classification apparatus according to the present invention;

[0058] FIG. 14 is a schematic structural diagram of an embodiment of a classification unit

according to the present invention;

[0059] FIG. 15 is a schematic structural diagram of another embodiment of an audio signal

classification apparatus according to the present invention;30

[0060] FIG. 16 is a schematic structural diagram of another embodiment of an audio signal

classification apparatus according to the present invention;

[0061] FIG. 17 is a schematic structural diagram of an embodiment of a classification unit

according to the present invention;
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[0062] FIG. 18 is a schematic structural diagram of another embodiment of an audio signal

classification apparatus according to the present invention; and

[0063] FIG. 19 is a schematic structural diagram of another embodiment of an audio signal

classification apparatus according to the present invention.

DESCRIPTION OF EMBODIMENTS5

[0064] The following clearly and completely describes the technical solutions in the

embodiments of the present invention with reference to the accompanying drawings in the

embodiments of the present invention. Apparently, the described embodiments are merely some but

not all of the embodiments of the present invention. All other embodiments obtained by a person of

ordinary skill in the art based on the embodiments of the present invention without creative efforts10

shall fall within the protection scope of the present invention.

[0065] In the field of digital signal processing, audio codecs and video codecs are widely

applied in various electronic devices, for example, a mobile phone, a wireless apparatus, a personal

digital assistant (PDA), a handheld or portable computer, a GPS receiver/navigator, a camera, an

audio/video player, a video camera, a video recorder, and a monitoring device. Generally, this type15

of electronic device includes an audio encoder or an audio decoder, where the audio encoder or

decoder may be directly implemented by a digital circuit or a chip, for example, a DSP (digital

signal processor), or be implemented by software code driving a processor to execute a process in

the software code. In an audio encoder, an audio signal is first classified, different types of audio

signals are encoded in different encoding modes, and then a bitstream obtained after the encoding is20

transmitted to a decoder side.

[0066] Generally, an audio signal is processed in a frame division manner, and each frame of

signal represents an audio signal of a specified duration. Referring to FIG. 1, an audio frame that is

currently input and needs to be classified may be referred to as a current audio frame, and any audio

frame before the current audio frame may be referred to as a historical audio frame. According to a25

time sequence from the current audio frame to historical audio frames, the historical audio frames

may sequentially become a previous audio frame, a previous second audio frame, a previous third

audio frame, and a previous Nth audio frame, where N is greater than or equal to four.

[0067] In this embodiment, an input audio signal is a broadband audio signal sampled at 16 kHz,

and the input audio signal is divided into frames by using 20 ms as a frame, that is, each frame has30

320 time domain sampling points. Before a characteristic parameter is extracted, an input audio

signal frame is first downsampled at a sampling rate of 12.8 kHz, that is, there are 256 sampling

points in each frame. Each input audio signal frame in the following refers to an audio signal frame
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obtained after downsampling.

[0068] Referring to FIG. 2, an embodiment of an audio signal classification method includes:

[0069] S101: Perform frame division processing on an input audio signal, and determine,

according to voice activity of a current audio frame, whether to obtain a frequency spectrum

fluctuation of the current audio frame and store the frequency spectrum fluctuation in a frequency5

spectrum fluctuation memory, where the frequency spectrum fluctuation denotes an energy

fluctuation of a frequency spectrum of an audio signal.

[0070] Audio signal classification is generally performed on a per frame basis, and a parameter

is extracted from each audio signal frame to perform classification, to determine whether the audio

signal frame belongs to a speech frame or a music frame, and perform encoding in a corresponding10

encoding mode. In an embodiment, a frequency spectrum fluctuation of a current audio frame may

be obtained after frame division processing is performed on an audio signal, and then it is

determined according to voice activity of the current audio frame whether to store the frequency

spectrum fluctuation in a frequency spectrum fluctuation memory. In another embodiment, after

frame division processing is performed on an audio signal, it may be determined according to voice15

activity of a current audio frame whether to store a frequency spectrum fluctuation in a frequency

spectrum fluctuation memory, and when the frequency spectrum fluctuation needs to be stored, the

frequency spectrum fluctuation is obtained and stored.

[0071] The frequency spectrum fluctuation flux denotes a short-time or long-time energy

fluctuation of a frequency spectrum of a signal, and is an average value of absolute values of20

logarithmic energy differences between corresponding frequencies of a current audio frame and a

historical frame on a low and mid-band spectrum, where the historical frame refers to any frame

before the current audio frame. In an embodiment, a frequency spectrum fluctuation is an average

value of absolute values of logarithmic energy differences between corresponding frequencies of a

current audio frame and a historical frame of the current audio frame on a low and mid-band25

spectrum. In another embodiment, a frequency spectrum fluctuation is an average value of absolute

values of logarithmic energy differences between corresponding frequency spectrum peak values of

a current audio frame and a historical frame on a low and mid-band spectrum.

[0072] Referring to FIG. 3, an embodiment of obtaining a frequency spectrum fluctuation

includes the following steps:30

[0073] S1011: Obtain a frequency spectrum of a current audio frame.

[0074] In an embodiment, a frequency spectrum of an audio frame may be directly obtained; in

another embodiment, frequency spectrums, that is, energy spectrums, of any two subframes of a

current audio frame are obtained, and a frequency spectrum of the current audio frame is obtained
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by using an average value of the frequency spectrums of the two subframes.

[0075] S1012: Obtain a frequency spectrum of a historical frame of the current audio frame.

[0076] The historical frame refers to any audio frame before the current audio frame, and may

be the third audio frame before the current audio frame in an embodiment.

[0077] S1013: Calculate an average value of absolute values of logarithmic energy differences5

between corresponding frequencies of the current audio frame and the historical frame on a low and

mid-band spectrum, to use the average value as a frequency spectrum fluctuation of the current

audio frame.

[0078] In an embodiment, an average value of absolute values of differences between

logarithmic energy of all frequency bins of a current audio frame on a low and mid-band spectrum10

and logarithmic energy of corresponding frequency bins of a historical frame on the low and

mid-band spectrum may be calculated.

[0079] In another embodiment, an average value of absolute values of differences between

logarithmic energy of frequency spectrum peak values of a current audio frame on a low and

mid-band spectrum and logarithmic energy of corresponding frequency spectrum peak values of a15

historical frame on the low and mid-band spectrum may be calculated.

[0080] The low and mid-band spectrum is, for example, a frequency spectrum range of 0 to fs/4

or 0 to fs/3.

[0081] An example in which an input audio signal is a broadband audio signal sampled at 16

kHz and the input audio signal uses 20 ms as a frame is used, former FFT of 256 points and latter20

FFT of 256 points are performed on a current audio frame of every 20 ms, two FFT windows are

overlapped by 50%, and frequency spectrums (energy spectrums) of two subframes of the current

audio frame are obtained, and are respectively marked as C0(i) and C1(i), i = 0, 1, …, 127, where

Cx(i) denotes a frequency spectrum of an xth subframe. Data of a second subframe of a previous

frame needs to be used for FFT of a first subframe of the current audio frame, where25

)()()( 22 iimgireliC x  ,

where rel(i) and img(i) denote a real part and an imaginary part of an FFT coefficient of

the ith frequency bin respectively. The frequency spectrum C(i) of the current audio frame is

obtained by averaging the frequency spectrums of the two subframes, where

))()((
2

1
)( 10 iCiCiC 

.30

[0082] The frequency spectrum fluctuation flux of the current audio frame is an average value

of absolute values of logarithmic energy differences between corresponding frequencies of the

current audio frame and a frame 60 ms ahead of the current audio frame on a low and mid-band
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spectrum in an embodiment, and the interval may not be 60 ms in another embodiment, where

 

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42
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3 ))(log(10))(log(10

42
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,

where C–3(i) denotes a frequency spectrum of the third historical frame before the

current audio frame, that is, a historical frame 60 ms ahead of the current audio frame when a frame

length is 20 ms in this embodiment. Each form similar to X–n() in this specification denotes a5

parameter X of the nth historical frame of the current audio frame, and a subscript 0 may be omitted

for the current audio frame. log(.) denotes a logarithm with 10 as a base.

[0083] In another embodiment, the frequency spectrum fluctuation flux of the current audio

frame may also be obtained by using the following method, that is, the frequency spectrum

fluctuation flux is an average value of absolute values of logarithmic energy differences between10

corresponding frequency spectrum peak values of the current audio frame and a frame 60 ms ahead

of the current audio frame on a low and mid-band spectrum, where

 



K

i

iPiP
K

flux
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3 ))(log(10))(log(10
1

,

where P(i) denotes energy of the ith local peak value of the frequency spectrum of the

current audio frame, a frequency bin at which a local peak value is located is a frequency bin, on the15

frequency spectrum, whose energy is greater than energy of an adjacent higher frequency bin and

energy of an adjacent lower frequency bin, and K denotes a quantity of local peak values on the low

and mid-band spectrum.

[0084] The determining, according to voice activity of a current audio frame, whether to store a

frequency spectrum fluctuation in a frequency spectrum fluctuation memory may be implemented20

in multiple manners:

[0085] In an embodiment, if a voice activity parameter of the audio frame denotes that the audio

frame is an active frame, the frequency spectrum fluctuation of the audio frame is stored in the

frequency spectrum fluctuation memory; otherwise the frequency spectrum fluctuation is not stored.

[0086] In another embodiment, it is determined, according to the voice activity of the audio25

frame and whether the audio frame is an energy attack, whether to store the frequency spectrum

fluctuation in the memory. If a voice activity parameter of the audio frame denotes that the audio

frame is an active frame, and a parameter denoting whether the audio frame is an energy attack

denotes that the audio frame does not belong to an energy attack, the frequency spectrum

fluctuation of the audio frame is stored in the frequency spectrum fluctuation memory; otherwise30

the frequency spectrum fluctuation is not stored. In another embodiment, if the current audio frame

is an active frame, and none of multiple consecutive frames including the current audio frame and a
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historical frame of the current audio frame belongs to an energy attack, the frequency spectrum

fluctuation of the audio frame is stored in the frequency spectrum fluctuation memory; otherwise

the frequency spectrum fluctuation is not stored. For example, if the current audio frame is an active

frame, and none of the current audio frame, a previous audio frame and a previous second audio

frame belongs to an energy attack, the frequency spectrum fluctuation of the audio frame is stored5

in the frequency spectrum fluctuation memory; otherwise the frequency spectrum fluctuation is not

stored.

[0087] A voice activity flag vad_flag denotes whether a current input signal is an active

foreground signal (speech, music, or the like) or a silent background signal (such as background

noise or mute) of a foreground signal, and is obtained by a voice activity detector VAD. vad_flag =10

1 denotes that the input signal frame is an active frame, that is, a foreground signal frame; otherwise,

vad_flag = 0 denotes a background signal frame. Because the VAD does not belong to inventive

content of the present invention, a specific algorithm of the VAD is not described in detail herein.

[0088] A voice attack flag attack_flag denotes whether the current audio frame belongs to an

energy attack in music. When several historical frames before the current audio frame are mainly15

music frames, if frame energy of the current audio frame increases relatively greatly relative to that

of a first historical frame before the current audio frame, and increases relatively greatly relative to

average energy of audio frames that are within a period of time ahead of the current audio frame,

and a time domain envelope of the current audio frame also increases relatively greatly relative to

an average envelope of audio frames that are within a period of time ahead of the current audio20

frame, it is considered that the current audio frame belongs to an energy attack in music.

[0089] According to the voice activity of the current audio frame, the frequency spectrum

fluctuation of the current audio frame is stored only when the current audio frame is an active frame,

which can reduce a misjudgment rate of an inactive frame, and improve a recognition rate of audio

classification.25

[0090] When the following conditions are satisfied, attack_flag is set to 1, that is, it denotes that

the current audio frame is an energy attack in a piece of music:
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where etot denotes logarithmic frame energy of the current audio frame; etot-1 denotes

logarithmic frame energy of a previous audio frame; lp_speech denotes a long-time moving average30

of the logarithmic frame energy etot; log_max_spl and mov_log_max_spl denotes a time domain
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maximum logarithmic sampling point amplitude of the current audio frame and a long-time moving

average of the time domain maximum logarithmic sampling point amplitude respectively; and

mode_mov denotes a long-time moving average of historical final classification results in signal

classification.

[0091] The meaning of the foregoing formula is: when several historical frames before the5

current audio frame are mainly music frames, if frame energy of the current audio frame increases

relatively greatly relative to that of a first historical frame before the current audio frame, and

increases relatively greatly relative to average energy of audio frames that are within a period of

time ahead of the current audio frame, and a time domain envelope of the current audio frame also

increases relatively greatly relative to an average envelope of audio frames that are within a period10

of time ahead of the current audio frame, it is considered that the current audio frame belongs to an

energy attack in music.

[0092] The logarithmic frame energy etot is denoted by logarithmic total subband energy of an

input audio frame:
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where hb(j) and lb(j) denote a high frequency boundary and a low frequency boundary

of the jth subband in a frequency spectrum of the input audio frame respectively; and C (i) denotes

the frequency spectrum of the input audio frame.

[0093] The long-time moving average mov_log_max_spl of the time domain maximum

logarithmic sampling point amplitude of the current audio frame is only updated in an active voice20

frame:
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[0094] In an embodiment, the frequency spectrum fluctuation flux of the current audio frame is

buffered in an FIFO flux historical buffer. In this embodiment, the length of the flux historical

buffer is 60 (60 frames). The voice activity of the current audio frame and whether the audio frame25

is an energy attack are determined, and when the current audio frame is a foreground signal frame

and none of the current audio frame and two frames before the current audio frame belongs to an

energy attack of music, the frequency spectrum fluctuation flux of the current audio frame is stored

in the memory.

[0095] Before flux of the current audio frame is buffered, it is checked whether the following30

conditions are satisfied:
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
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;

if the conditions are satisfied, flux is buffered; otherwise flux is not buffered.

[0096] vad_flag denotes whether the current input signal is an active foreground signal or a

silent background signal of a foreground signal, and vad_flag = 0 denotes a background signal

frame; and attack_flag denotes whether the current audio frame belongs to an energy attack in5

music, and attack_flag = 1 denotes that the current audio frame is an energy attack in a piece of

music.

[0097] The meaning of the foregoing formula is: the current audio frame is an active frame, and

none of the current audio frame, the previous audio frame, and the previous second audio frame

belongs to an energy attack.10

[0098] S102: Update, according to whether the audio frame is percussive music or activity of a

historical audio frame, frequency spectrum fluctuations stored in the frequency spectrum fluctuation

memory.

[0099] In an embodiment, if a parameter denoting whether the audio frame belongs to

percussive music denotes that the current audio frame belongs to percussive music, values of the15

frequency spectrum fluctuations stored in the frequency spectrum fluctuation memory are modified,

and valid frequency spectrum fluctuation values in the frequency spectrum fluctuation memory are

modified into a value less than or equal to a music threshold, where when a frequency spectrum

fluctuation of an audio frame is less than the music threshold, the audio is classified as a music

frame. In an embodiment, the valid frequency spectrum fluctuation values are reset to 5. That is,20

when a percussive sound flag percus_flag is set to 1, all valid buffer data in the flux historical buffer

is reset to 5. Herein, the valid buffer data is equivalent to a valid frequency spectrum fluctuation

value. Generally, a frequency spectrum fluctuation value of a music frame is relatively small, while

a frequency spectrum fluctuation value of a speech frame is relatively large. When the audio frame

belongs to percussive music, the valid frequency spectrum fluctuation values are modified into a25

value less than or equal to the music threshold, which can improve a probability that the audio

frame is classified as a music frame, thereby improving accuracy of audio signal classification.

[0100] In another embodiment, the frequency spectrum fluctuations in the memory are updated

according to activity of a historical frame of the current audio frame. Specifically, in an

embodiment, if it is determined that the frequency spectrum fluctuation of the current audio frame is30

stored in the frequency spectrum fluctuation memory, and a previous audio frame is an inactive
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frame, data of other frequency spectrum fluctuations stored in the frequency spectrum fluctuation

memory except the frequency spectrum fluctuation of the current audio frame is modified into

ineffective data. When the previous audio frame is an inactive frame while the current audio frame

is an active frame, the voice activity of the current audio frame is different from that of the

historical frame, a frequency spectrum fluctuation of the historical frame is invalidated, which can5

reduce an impact of the historical frame on audio classification, thereby improving accuracy of

audio signal classification.

[0101] In another embodiment, if it is determined that the frequency spectrum fluctuation of the

current audio frame is stored in the frequency spectrum fluctuation memory, and three consecutive

frames before the current audio frame are not all active frames, the frequency spectrum fluctuation10

of the current audio frame is modified into a first value. The first value may be a speech threshold,

where when the frequency spectrum fluctuation of the audio frame is greater than the speech

threshold, the audio is classified as a speech frame. In another embodiment, if it is determined that

the frequency spectrum fluctuation of the current audio frame is stored in the frequency spectrum

fluctuation memory, and a classification result of a historical frame is a music frame and the15

frequency spectrum fluctuation of the current audio frame is greater than a second value, the

frequency spectrum fluctuation of the current audio frame is modified into the second value, where

the second value is greater than the first value.

[0102] If flux of the current audio frame is buffered, and the previous audio frame is an inactive

frame (vad_flag = 0), except the current audio frame flux newly buffered in the flux historical20

buffer, the remaining data in the flux historical buffer is all reset to –1 (equivalent to that the data is

invalidated).

[0103] If flux is buffered in the flux historical buffer, and three consecutive frames before the

current audio frame are not all active frames (vad_flag = 1), the current audio frame flux just

buffered in the flux historical buffer is modified into 16; that is, it is checked whether the following25

conditions are satisfied:
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;

if the conditions are not satisfied, the current audio frame flux just buffered in the flux

historical buffer is modified into 16; and

if the three consecutive frames before the current audio frame are all active frames30

(vad_flag = 1), it is checked whether the following conditions are satisfied:
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
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



20

9.0_mod

flux

move

;

if the conditions are satisfied, the current audio frame flux just buffered in the flux

historical buffer is modified into 20; otherwise no operation is performed,

where mode_mov denotes a long-time moving average of historical final classification

results in signal classification; mode_mov > 0.9 denotes that the signal is in a music signal, and flux5

is limited according to the historical classification result of the audio signal, to reduce a probability

that a speech characteristic occurs in flux and improve stability of determining classification.

[0104] When the three consecutive historical frames before the current audio frame are all

inactive frames, and the current audio frame is an active frame, or when the three consecutive

frames before the current audio frame are not all active frames, and the current audio frame is an10

active frame, classification is in an initialization phase. In an embodiment, to make the

classification result prone to speech (music), the frequency spectrum fluctuation of the current audio

frame may be modified into a speech (music) threshold or a value close to the speech (music)

threshold. In another embodiment, if a signal before a current signal is a speech (music) signal, the

frequency spectrum fluctuation of the current audio frame may be modified into a speech (music)15

threshold or a value close to the speech (music) threshold, to improve stability of determining

classification. In another embodiment, to make the classification result prone to music, the

frequency spectrum fluctuation may be limited, that is, the frequency spectrum fluctuation of the

current audio frame may be modified, so that the frequency spectrum fluctuation is not greater than

a threshold, to reduce a probability of determining that the frequency spectrum fluctuation is a20

speech characteristic.

[0105] The percussive sound flag percus_flag denotes whether a percussive sound exists in an

audio frame. That percus_flag is set to 1 denotes that a percussive sound is detected, and that

percus_flag is set to 0 denotes that no percussive sound is detected.

[0106] When a relatively acute energy protrusion occurs in the current signal (that is, several25

latest signal frames including the current audio frame and several historical frames of the current

audio frame) in both a short time and a long time, and the current signal has no obvious voiced

sound characteristic, if the several historical frames before the current audio frame are mainly music

frames, it is considered that the current signal is a piece of percussive music; otherwise, further, if

none of subframes of the current signal has an obvious voiced sound characteristic and a relatively30

obvious increase also occurs in the time domain envelope of the current signal relative to a

long-time average of the time domain envelope, it is also considered that the current signal is a

piece of percussive music.
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[0107] The percussive sound flag percus_flag is obtained by performing the following step:

[0108] Logarithmic frame energy etot of an input audio frame is first obtained, where the

logarithmic frame energy etot is denoted by logarithmic total subband energy of the input audio

frame:
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where hb(j) and lb(j) denote a high frequency boundary and a low frequency boundary

of the jth subband in a frequency spectrum of the input frame respectively, and C (i) denotes the

frequency spectrum of the input audio frame.

[0109] When the following conditions are satisfied, percus_flag is set to 1; otherwise

percus_flag is set to 0:10
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where etot denotes logarithmic frame energy of the current audio frame; lp_speech

denotes a long-time moving average of the logarithmic frame energy etot; voicing(0), voicing–1(0),15

and voicing–1(1) denote normalized open-loop pitch correlation degrees of a first subframe of a

current input audio frame and first and second subframes of a first historical frame respectively, and

a voicing parameter voicing is obtained by means of linear prediction and analysis, represents a

time domain correlation degree between the current audio frame and a signal before a pitch period,
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and has a value between 0 and 1; mode_mov denotes a long-time moving average of historical final

classification results in signal classification; log_max_spl–2 and mov_log_max_spl–2 denote a time

domain maximum logarithmic sampling point amplitude of a second historical frame and a

long-time moving average of the time domain maximum logarithmic sampling point amplitude

respectively. lp_speech is updated in each active voice frame (that is, a frame whose vad_flag = 1),5

and a method for updating lp_speech is:

etotspeechlpspeechlp   01.0_99.0_ 1 .

[0110] The meaning of the foregoing two formulas is: when a relatively acute energy protrusion

occurs in the current signal (that is, several latest signal frames including the current audio frame

and several historical frames of the current audio frame) in both a short time and a long time, and10

the current signal has no obvious voiced sound characteristic, if the several historical frames before

the current audio frame are mainly music frames, it is considered that the current signal is a piece of

percussive music; otherwise, further, if none of subframes of the current signal has an obvious

voiced sound characteristic and a relatively obvious increase also occurs in the time domain

envelope of the current signal relative to a long-time average thereof, it is also considered that the15

current signal is a piece of percussive music.

[0111] The voicing parameter voicing, that is, a normalized open-loop pitch correlation degree,

denotes a time domain correlation degree between the current audio frame and a signal before a

pitch period, may be obtained by means of ACELP open-loop pitch search, and has a value between

0 and 1. This belongs to the prior art and is therefore not described in detail in the present invention.20

In this embodiment, a voicing is calculated for each of two subframes of the current audio frame,

and the voicings are averaged to obtain a voicing parameter of the current audio frame. The voicing

parameter of the current audio frame is also buffered in a voicing historical buffer, and in this

embodiment, the length of the voicing historical buffer is 10.

[0112] mode_mov is updated in each active voice frame and when more than 30 consecutive25

active voice frames have occurred before the frame, and an updating method is:

emovmovemove mod05.0_95.0_mod 1   ,

where mode is a classification result of a current input audio frame, and has a binary

value, where "0" denotes a speech category, and "1" denotes a music category.

[0113] S103: Classify the current audio frame as a speech frame or a music frame according to30

statistics of a part or all of data of the frequency spectrum fluctuations stored in the frequency

spectrum fluctuation memory. When statistics of effective data of the frequency spectrum

fluctuations satisfy a speech classification condition, the current audio frame is classified as a

speech frame; when the statistics of the effective data of the frequency spectrum fluctuations satisfy
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a music classification condition, the current audio frame is classified as a music frame.

[0114] The statistics herein is a value obtained by performing a statistical operation on a valid

frequency spectrum fluctuation (that is, effective data) stored in the frequency spectrum fluctuation

memory,. For example, the statistical operation may be an operation for obtaining average value or

a variance. Statistics in the following embodiments have similar meaning.5

[0115] In an embodiment, step S103 includes:

obtaining an average value of a part or all of the effective data of the frequency spectrum

fluctuations stored in the frequency spectrum fluctuation memory; and

when the obtained average value of the effective data of the frequency spectrum

fluctuations satisfies a music classification condition, classifying the current audio frame as a music10

frame; otherwise classifying the current audio frame as a speech frame.

[0116] For example, when the obtained average value of the effective data of the frequency

spectrum fluctuations is less than a music classification threshold, the current audio frame is

classified as a music frame; otherwise the current audio frame is classified as a speech frame.

[0117] Generally, a frequency spectrum fluctuation value of a music frame is relatively small,15

while a frequency spectrum fluctuation value of a speech frame is relatively large. Therefore, the

current audio frame may be classified according to the frequency spectrum fluctuations. Certainly,

signal classification may also be performed on the current audio frame by using another

classification method. For example, a quantity of pieces of effective data of the frequency spectrum

fluctuations stored in the frequency spectrum fluctuation memory is counted; the frequency20

spectrum fluctuation memory is divided, according to the quantity of the pieces of effective data,

into at least two intervals of different lengths from a near end to a remote end, and an average value

of effective data of frequency spectrum fluctuations corresponding to each interval is obtained,

where a start point of the intervals is a storage location of the frequency spectrum fluctuation of the

current frame, the near end is an end at which the frequency spectrum fluctuation of the current25

frame is stored, and the remote end is an end at which a frequency spectrum fluctuation of a

historical frame is stored; the audio frame is classified according to statistics of frequency spectrum

fluctuations in a relatively short interval, and if the statistics of the parameters in this interval are

sufficient to distinguish a type of the audio frame, the classification process ends; otherwise the

classification process is continued in the shortest interval of the remaining relatively long intervals,30

and the rest can be deduced by analogy. In a classification process of each interval, the current

audio frame is classified according to a classification threshold corresponding to each interval, the

current audio frame is classified as a speech frame or a music frame, and when the statistics of the

effective data of the frequency spectrum fluctuations satisfy the speech classification condition, the
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current audio frame is classified as a speech frame; when the statistics of the effective data of the

frequency spectrum fluctuations satisfy the music classification condition, the current audio frame

is classified as a music frame.

[0118] After signal classification, different signals may be encoded in different encoding modes.

For example, a speech signal is encoded by using an encoder based on a speech generating model5

(such as CELP), and a music signal is encoded by using an encoder based on conversion (such as an

encoder based on MDCT).

[0119] In the foregoing embodiment, because an audio signal is classified according to

long-time statistics of frequency spectrum fluctuations, there are relatively few parameters, a

recognition rate is relatively high, and complexity is relatively low. In addition, the frequency10

spectrum fluctuations are adjusted with consideration of factors such as voice activity and

percussive music; therefore, the present invention has a higher recognition rate for a music signal,

and is suitable for hybrid audio signal classification.

[0120] Referring to FIG. 4, in another embodiment, after step S102, the method further

includes:15

[0121] S104: Obtain a frequency spectrum high-frequency-band peakiness, a frequency

spectrum correlation degree, and a linear prediction residual energy tilt of the current audio frame,

and store the frequency spectrum high-frequency-band peakiness, the frequency spectrum

correlation degree, and the linear prediction residual energy tilt in memories, where the frequency

spectrum high-frequency-band peakiness denotes a peakiness or an energy acutance, on a high20

frequency band, of a frequency spectrum of the current audio frame; the frequency spectrum

correlation degree denotes stability, between adjacent frames, of a signal harmonic structure; and

the linear prediction residual energy tilt denotes the linear prediction residual energy tilt denotes an

extent to which linear prediction residual energy of the input audio signal changes as a linear

prediction order increases.25

[0122] Optionally, before these parameters are stored, the method further includes: determining,

according to the voice activity of the current audio frame, whether to store the frequency spectrum

high-frequency-band peakiness, the frequency spectrum correlation degree, and the linear prediction

residual energy tilt in the memories; and if the current audio frame is an active frame, storing the

parameters; otherwise skipping storing the parameters.30

[0123] The frequency spectrum high-frequency-band peakiness denotes a peakiness or an

energy acutance, on a high frequency band, of a frequency spectrum of the current audio frame. In

an embodiment, the frequency spectrum high-frequency-band peakiness ph is calculated by using

the following formula:
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where p2v_map(i) denotes a peakiness of the ith frequency bin of a frequency spectrum,

and the peakiness p2v_map(i) is obtained by using the following formula:
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where peak(i) = C(i) if the ith frequency bin is a local peak value of the frequency5

spectrum; otherwise peak(i) = 0; and vl(i) and vr(i) denote local frequency spectrum valley values

v(n) that are most adjacent to the ith frequency bin on a high-frequency side and a low-frequency

side of the ith frequency bin respectively, where



 


else

iCiCiCiCiC
ipeak

0

)1()(),1()()(
)(

, and

)1()(),1()()(  iCiCiCiCiCv .10

[0124] The frequency spectrum high-frequency-band peakiness ph of the current audio frame is

also buffered in a ph historical buffer, and in this embodiment, the length of the ph historical buffer

is 60.

[0125] The frequency spectrum correlation degree cor_map_sum denotes stability, between

adjacent frames, of a signal harmonic structure, and is obtained by performing the following steps:15

[0126] First, a floor-removed frequency spectrum C'(i) of an input audio frame C(i) is obtained,

where

)()()(' iflooriCiC  ,

where floor(i) denotes a spectrum floor of a frequency spectrum of the input audio frame,

where i = 0, 1, …, 127; and20
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where idx[x] denotes a location of x on the frequency spectrum, where idx[x] = 0, 1, …,

127.

[0127] Then, between every two adjacent frequency spectrum valley values, a correlation cor(n)

between the floor-removed frequency spectrum of the input audio frame and a floor-removed25

frequency spectrum of a previous frame is obtained, where
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where lb(n) and hb(n) respectively denote endpoint locations of the nth frequency

spectrum valley value interval (that is, an area located between two adjacent valley values), that is,

locations limiting two frequency spectrum valley values of the valley value interval.

[0128] Finally, the frequency spectrum correlation degree cor_map_sum of the input audio5

frame is calculated by using the following formula:
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where inv[f] denotes an inverse function of a function f.

[0129] The linear prediction residual energy tilt epsP_tilt denotes an extent to which linear

prediction residual energy of the input audio signal changes as a linear prediction order increases,10

and may be calculated and obtained by using the following formula:
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where epsP(i) denotes prediction residual energy of ith-order linear prediction; and n is a

positive integer, denotes a linear prediction order, and is less than or equal to a maximum linear

prediction order. For example, in an embodiment, n = 15.15

[0130] Therefore, step S103 may be replaced with the following step:

[0131] S105: Obtain statistics of effective data of the stored frequency spectrum fluctuations,

statistics of effective data of stored frequency spectrum high-frequency-band peakiness, statistics of

effective data of stored frequency spectrum correlation degrees, and statistics of effective data of

stored linear prediction residual energy tilts, and classify the audio frame as a speech frame or a20

music frame according to the statistics of the effective data, where the statistics of the effective data

refer to a data value obtained after a calculation operation is performed on the effective data stored

in the memories, where the calculation operation may include an operation for obtaining an average

value, an operation for obtaining a variance, or the like.

[0132] In an embodiment, this step includes:25

obtaining an average value of the effective data of the stored frequency spectrum

fluctuations, an average value of the effective data of the stored frequency spectrum
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high-frequency-band peakiness, an average value of the effective data of the stored frequency

spectrum correlation degrees, and a variance of the effective data of the stored linear prediction

residual energy tilts separately; and

when one of the following conditions is satisfied, classifying the current audio frame as

a music frame; otherwise classifying the current audio frame as a speech frame: the average value5

of the effective data of the frequency spectrum fluctuations is less than a first threshold; or the

average value of the effective data of the frequency spectrum high-frequency-band peakiness is

greater than a second threshold; or the average value of the effective data of the frequency spectrum

correlation degrees is greater than a third threshold; or the variance of the effective data of the linear

prediction residual energy tilts is less than a fourth threshold.10

[0133] Generally, a frequency spectrum fluctuation value of a music frame is relatively small,

while a frequency spectrum fluctuation value of a speech frame is relatively large; a frequency

spectrum high-frequency-band peakiness value of a music frame is relatively large, and a frequency

spectrum high-frequency-band peakiness of a speech frame is relatively small; a frequency

spectrum correlation degree value of a music frame is relatively large, and a frequency spectrum15

correlation degree value of a speech frame is relatively small; a change in a linear prediction

residual energy tilt of a music frame is relatively small, and a change in a linear prediction residual

energy tilt of a speech frame is relatively large. Therefore, the current audio frame may be classified

according to the statistics of the foregoing parameters. Certainly, signal classification may also be

performed on the current audio frame by using another classification method. For example, a20

quantity of pieces of effective data of the frequency spectrum fluctuations stored in the frequency

spectrum fluctuation memory is counted; the memory is divided, according to the quantity of the

pieces of effective data, into at least two intervals of different lengths from a near end to a remote

end, an average value of effective data of frequency spectrum fluctuations corresponding to each

interval, an average value of effective data of frequency spectrum high-frequency-band peakiness,25

an average value of effective data of frequency spectrum correlation degrees, and a variance of

effective data of linear prediction residual energy tilts are obtained, where a start point of the

intervals is a storage location of the frequency spectrum fluctuation of the current frame, the near

end is an end at which the frequency spectrum fluctuation of the current frame is stored, and the

remote end is an end at which a frequency spectrum fluctuation of a historical frame is stored; the30

audio frame is classified according to statistics of effective data of the foregoing parameters in a

relatively short interval, and if the statistics of the parameters in this interval are sufficient to

distinguish the type of the audio frame, the classification process ends; otherwise the classification

process is continued in the shortest interval of the remaining relatively long intervals, and the rest
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can be deduced by analogy. In a classification process of each interval, the current audio frame is

classified according to a classification threshold corresponding to each interval, and when one of

the following conditions is satisfied, the current audio frame is classified as a music frame;

otherwise the current audio frame is classified as a speech frame: the average value of the effective

data of the frequency spectrum fluctuations is less than a first threshold; or the average value of the5

effective data of the frequency spectrum high-frequency-band peakiness is greater than a second

threshold; or the average value of the effective data of the frequency spectrum correlation degrees is

greater than a third threshold; or the variance of the effective data of the linear prediction residual

energy tilts is less than a fourth threshold.

[0134] After signal classification, different signals may be encoded in different encoding modes.10

For example, a speech signal is encoded by using an encoder based on a speech generating model

(such as CELP), and a music signal is encoded by using an encoder based on conversion (such as an

encoder based on MDCT).

[0135] In the foregoing embodiment, an audio signal is classified according to long-time

statistics of frequency spectrum fluctuations, frequency spectrum high-frequency-band peakiness,15

frequency spectrum correlation degrees, and linear prediction residual energy tilts; therefore, there

are relatively few parameters, a recognition rate is relatively high, and complexity is relatively low.

In addition, the frequency spectrum fluctuations are adjusted with consideration of factors such as

voice activity and percussive music, and the frequency spectrum fluctuations are modified

according to a signal environment in which the current audio frame is located; therefore, the present20

invention improves a classification recognition rate, and is suitable for hybrid audio signal

classification.

[0136] Referring to FIG. 5, another embodiment of an audio signal classification method

includes:

[0137] S501: Perform frame division processing on an input audio signal.25

[0138] Audio signal classification is generally performed on a per frame basis, and a parameter

is extracted from each audio signal frame to perform classification, to determine whether the audio

signal frame belongs to a speech frame or a music frame, and perform encoding in a corresponding

encoding mode.

[0139] S502: Obtain a linear prediction residual energy tilt of a current audio frame, where the30

linear prediction residual energy tilt denotes an extent to which linear prediction residual energy of

the audio signal changes as a linear prediction order increases.

[0140] In an embodiment, the linear prediction residual energy tilt epsP_tilt may be calculated

and obtained by using the following formula:
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where epsP(i) denotes prediction residual energy of ith-order linear prediction; and n is a

positive integer, denotes a linear prediction order, and is less than or equal to a maximum linear

prediction order. For example, in an embodiment, n = 15.

[0141] S503: Store the linear prediction residual energy tilt in a memory.5

[0142] The linear prediction residual energy tilt may be stored in the memory. In an

embodiment, the memory may be an FIFO buffer, and the length of the buffer is 60 storage units

(that is, 60 linear prediction residual energy tilts can be stored).

[0143] Optionally, before the storing the linear prediction residual energy tilt, the method

further includes: determining, according to voice activity of the current audio frame, whether to10

store the linear prediction residual energy tilt in the memory; and if the current audio frame is an

active frame, storing the linear prediction residual energy tilt; otherwise skipping storing the linear

prediction residual energy tilt.

[0144] S504: Classify the audio frame according to statistics of a part of data of prediction

residual energy tilts in the memory.15

[0145] In an embodiment, the statistics of the part of the data of the prediction residual energy

tilts is a variance of the part of the data of the prediction residual energy tilts, and therefore step

S504 includes:

comparing the variance of the part of the data of the prediction residual energy tilts with

a music classification threshold, and when the variance of the part of the data of the prediction20

residual energy tilts is less than the music classification threshold, classifying the current audio

frame as a music frame; otherwise classifying the current audio frame as a speech frame.

[0146] Generally, a change in a linear prediction residual energy tilt value of a music frame is

relatively small, and a change in a linear prediction residual energy tilt value of a speech frame is

relatively large. Therefore, the current audio frame may be classified according to statistics of the25

linear prediction residual energy tilts. Certainly, signal classification may also be performed on the

current audio frame with reference to another parameter by using another classification method.

[0147] In another embodiment, before step S504, the method further includes: obtaining a

frequency spectrum fluctuation, a frequency spectrum high-frequency-band peakiness, and a

frequency spectrum correlation degree of the current audio frame, and storing the frequency30

spectrum fluctuation, the frequency spectrum high-frequency-band peakiness, and the frequency

spectrum correlation degree in corresponding memories. Therefore, step S504 is specifically:
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obtaining statistics of effective data of stored frequency spectrum fluctuations, statistics

of effective data of stored frequency spectrum high-frequency-band peakiness, statistics of effective

data of stored frequency spectrum correlation degrees, and statistics of effective data of the stored

linear prediction residual energy tilts, and classifying the audio frame as a speech frame or a music

frame according to the statistics of the effective data, where the statistics of the effective data refer5

to a data value obtained after a calculation operation is performed on the effective data stored in the

memories.

[0148] Further, the obtaining statistics of effective data of stored frequency spectrum

fluctuations, statistics of effective data of stored frequency spectrum high-frequency-band peakiness,

statistics of effective data of stored frequency spectrum correlation degrees, and statistics of10

effective data of the stored linear prediction residual energy tilts, and classifying the audio frame as

a speech frame or a music frame according to the statistics of the effective data includes:

obtaining an average value of the effective data of the stored frequency spectrum

fluctuations, an average value of the effective data of the stored frequency spectrum

high-frequency-band peakiness, an average value of the effective data of the stored frequency15

spectrum correlation degrees, and a variance of the effective data of the stored linear prediction

residual energy tilts separately; and

when one of the following conditions is satisfied, classifying the current audio frame as

a music frame; otherwise classifying the current audio frame as a speech frame: the average value

of the effective data of the frequency spectrum fluctuations is less than a first threshold; or the20

average value of the effective data of the frequency spectrum high-frequency-band peakiness is

greater than a second threshold; or the average value of the effective data of the frequency spectrum

correlation degrees is greater than a third threshold; or the variance of the effective data of the linear

prediction residual energy tilts is less than a fourth threshold.

[0149] Generally, a frequency spectrum fluctuation value of a music frame is relatively small,25

while a frequency spectrum fluctuation value of a speech frame is relatively large; a frequency

spectrum high-frequency-band peakiness value of a music frame is relatively large, and a frequency

spectrum high-frequency-band peakiness of a speech frame is relatively small; a frequency

spectrum correlation degree value of a music frame is relatively large, and a frequency spectrum

correlation degree value of a speech frame is relatively small; a change in a linear prediction30

residual energy tilt value of a music frame is relatively small, and a change in a linear prediction

residual energy tilt value of a speech frame is relatively large. Therefore, the current audio frame

may be classified according to the statistics of the foregoing parameters.

[0150] In another embodiment, before step S504, the method further includes: obtaining a
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frequency spectrum tone quantity of the current audio frame and a ratio of the frequency spectrum

tone quantity on a low frequency band, and storing the frequency spectrum tone quantity and the

ratio of the frequency spectrum tone quantity on the low frequency band in corresponding

memories. Therefore, step S504 is specifically:

obtaining statistics of the stored linear prediction residual energy tilts and statistics of5

stored frequency spectrum tone quantities separately; and

classifying the audio frame as a speech frame or a music frame according to the statistics

of the linear prediction residual energy tilts, the statistics of the frequency spectrum tone quantities,

and the ratio of the frequency spectrum tone quantity on the low frequency band, where the

statistics refer to a data value obtained after a calculation operation is performed on data stored in10

the memories.

[0151] Further, the obtaining statistics of the stored linear prediction residual energy tilts and

statistics of stored frequency spectrum tone quantities separately includes: obtaining a variance of

the stored linear prediction residual energy tilts; and obtaining an average value of the stored

frequency spectrum tone quantities. The classifying the audio frame as a speech frame or a music15

frame according to the statistics of the linear prediction residual energy tilts, the statistics of the

frequency spectrum tone quantities, and the ratio of the frequency spectrum tone quantity on the

low frequency band includes:

when the current audio frame is an active frame, and one of the following conditions is

satisfied, classifying the current audio frame as a music frame; otherwise classifying the current20

audio frame as a speech frame:

the variance of the linear prediction residual energy tilts is less than a fifth threshold; or

the average value of the frequency spectrum tone quantities is greater than a sixth

threshold; or

the ratio of the frequency spectrum tone quantity on the low frequency band is less than25

a seventh threshold.

[0152] The obtaining a frequency spectrum tone quantity of the current audio frame and a ratio

of the frequency spectrum tone quantity on a low frequency band includes:

counting a quantity of frequency bins of the current audio frame that are on a frequency

band from 0 to 8 kHz and have frequency bin peak values greater than a predetermined value, to use30

the quantity as the frequency spectrum tone quantity; and

calculating a ratio of a quantity of frequency bins of the current audio frame that are on a

frequency band from 0 to 4 kHz and have frequency bin peak values greater than the predetermined

value to the quantity of the frequency bins of the current audio frame that are on the frequency band
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from 0 to 8 kHz and have frequency bin peak values greater than the predetermined value, to use

the ratio as the ratio of the frequency spectrum tone quantity on the low frequency band. In an

embodiment, the predetermined value is 50.

[0153] The frequency spectrum tone quantity Ntonal denotes a quantity of frequency bins of the

current audio frame that are on a frequency band from 0 to 8 kHz and have frequency bin peak5

values greater than a predetermined value. In an embodiment, the quantity may be obtained in the

following manner: counting a quantity of frequency bins of the current audio frame that are on a

frequency band from 0 to 8 kHz and have peak values p2v_map(i) greater than 50, that is, Ntonal,

where p2v_map(i) denotes a peakiness of the ith frequency bin of the frequency spectrum, and for a

calculating manner of p2v_map(i), refer to description of the foregoing embodiment.10

[0154] The ratio ratio_Ntonal_lf of the frequency spectrum tone quantity on the low frequency

band denotes a ratio of a low-frequency-band tone quantity to the frequency spectrum tone quantity.

In an embodiment, the ratio may be obtained in the following manner: counting a quantity

Ntonal_lf of the current audio frame that is on a frequency band from 0 to 4 kHz and has p2v_map(i)

greater than 50. ratio_Ntonal_lf is a ratio of Ntonal_lf to Ntonal, that is, Ntonal_lf/Ntonal.15

p2v_map(i) denotes a peakiness of the ith frequency bin of the frequency spectrum, and for a

calculating manner of p2v_map(i), refer to description of the foregoing embodiment. In another

embodiment, an average of multiple stored Ntonal values and an average of multiple stored

Ntonal_lf values are separately obtained, and a ratio of the average of the Ntonal_lf values to the

average of the Ntonal values is calculated to be used as the ratio of the frequency spectrum tone20

quantity on the low frequency band.

[0155] In this embodiment, an audio signal is classified according to long-time statistics of

linear prediction residual energy tilts. In addition, both classification robustness and a classification

recognition speed are taken into account; therefore, there are relatively few classification

parameters, but a result is relatively accurate, complexity is low, and memory overheads are low.25

[0156] Referring to FIG. 6, another embodiment of an audio signal classification method

includes:

[0157] S601: Perform frame division processing on an input audio signal.

[0158] S602: Obtain a frequency spectrum fluctuation, a frequency spectrum

high-frequency-band peakiness, a frequency spectrum correlation degree, and a linear prediction30

residual energy tilt of a current audio frame.

[0159] The frequency spectrum fluctuation flux denotes a short-time or long-time energy

fluctuation of a frequency spectrum of a signal, and is an average value of absolute values of

logarithmic energy differences between corresponding frequencies of a current audio frame and a
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historical frame on a low and mid-band spectrum, where the historical frame refers to any frame

before the current audio frame. The frequency spectrum high-frequency-band peakiness ph denotes

a peakiness or an energy acutance, on a high frequency band, of a frequency spectrum of the current

audio frame. The frequency spectrum correlation degree cor_map_sum denotes stability, between

adjacent frames, of a signal harmonic structure. The linear prediction residual energy tilt epsP_tilt5

denotes an extent to which linear prediction residual energy of the input audio signal changes as a

linear prediction order increases. For a specific method for calculating these parameters, refer to the

foregoing embodiment.

[0160] Further, a voicing parameter may be obtained; and the voicing parameter voicing

denotes a time domain correlation degree between the current audio frame and a signal before a10

pitch period. The voicing parameter voicing is obtained by means of linear prediction and analysis,

represents a time domain correlation degree between the current audio frame and a signal before a

pitch period, and has a value between 0 and 1. This belongs to the prior art, and is therefore not

described in detail in the present invention. In this embodiment, a voicing is calculated for each of

two subframes of the current audio frame, and the voicings are averaged to obtain a voicing15

parameter of the current audio frame. The voicing parameter of the current audio frame is also

buffered in a voicing historical buffer, and in this embodiment, the length of the voicing historical

buffer is 10.

[0161] S603: Store the frequency spectrum fluctuation, the frequency spectrum

high-frequency-band peakiness, the frequency spectrum correlation degree, and the linear prediction20

residual energy tilt in corresponding memories.

[0162] Optionally, before these parameters are stored, the method further includes:

[0163] In an embodiment, it is determined according to the voice activity of the current audio

frame whether to store the frequency spectrum fluctuation in the frequency spectrum fluctuation

memory. If the current audio frame is an active frame, the frequency spectrum fluctuation of the25

current audio frame is stored in the frequency spectrum fluctuation memory.

[0164] In another embodiment, it is determined, according to the voice activity of the audio

frame and whether the audio frame is an energy attack, whether to store the frequency spectrum

fluctuation in the memory. If the current audio frame is an active frame, and the current audio frame

does not belong to an energy attack, the frequency spectrum fluctuation of the current audio frame30

is stored in the frequency spectrum fluctuation memory. In another embodiment, if the current audio

frame is an active frame, and none of multiple consecutive frames including the current audio frame

and a historical frame of the current audio frame belongs to an energy attack, the frequency

spectrum fluctuation of the audio frame is stored in the frequency spectrum fluctuation memory;
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otherwise the frequency spectrum fluctuation is not stored. For example, if the current audio frame

is an active frame, and neither a previous frame of the current audio frame nor a second historical

frame of the current audio frame belongs to an energy attack, the frequency spectrum fluctuation of

the audio frame is stored in the frequency spectrum fluctuation memory; otherwise the frequency

spectrum fluctuation is not stored.5

[0165] For definitions and obtaining manners of the voice activity flag vad_flag and the voice

attack flag attack_flag, refer to description of the foregoing embodiment.

[0166] Optionally, before these parameters are stored, the method further includes:

determining, according to the voice activity of the current audio frame, whether to store

the frequency spectrum high-frequency-band peakiness, the frequency spectrum correlation degree,10

and the linear prediction residual energy tilt in the memories; and if the current audio frame is an

active frame, storing the parameters; otherwise skipping storing the parameters.

[0167] S604: Obtain statistics of effective data of stored frequency spectrum fluctuations,

statistics of effective data of stored frequency spectrum high-frequency-band peakiness, statistics of

effective data of stored frequency spectrum correlation degrees, and statistics of effective data of15

stored linear prediction residual energy tilts, and classify the audio frame as a speech frame or a

music frame according to the statistics of the effective data, where the statistics of the effective data

refer to a data value obtained after a calculation operation is performed on the effective data stored

in the memories, where the calculation operation may include an operation for obtaining an average

value, an operation for obtaining a variance, or the like.20

[0168] Optionally, before step S604, the method may further include:

updating, according to whether the current audio frame is percussive music, the

frequency spectrum fluctuations stored in the frequency spectrum fluctuation memory. In an

embodiment, if the current audio frame is percussive music, valid frequency spectrum fluctuation

values in the frequency spectrum fluctuation memory are modified into a value less than or equal to25

a music threshold, where when a frequency spectrum fluctuation of an audio frame is less than the

music threshold, the audio is classified as a music frame. In an embodiment, if the current audio

frame is percussive music, valid frequency spectrum fluctuation values in the frequency spectrum

fluctuation memory are reset to 5.

[0169] Optionally, before step S604, the method may further include:30

updating the frequency spectrum fluctuations in the memory according to activity of a

historical frame of the current audio frame. In an embodiment, if it is determined that the frequency

spectrum fluctuation of the current audio frame is stored in the frequency spectrum fluctuation

memory, and a previous audio frame is an inactive frame, data of other frequency spectrum
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fluctuations stored in the frequency spectrum fluctuation memory except the frequency spectrum

fluctuation of the current audio frame is modified into in effective data. In another embodiment, if it

is determined that the frequency spectrum fluctuation of the current audio frame is stored in the

frequency spectrum fluctuation memory, and three consecutive frames before the current audio

frame are not all active frames, the frequency spectrum fluctuation of the current audio frame is5

modified into a first value. The first value may be a speech threshold, where when the frequency

spectrum fluctuation of the audio frame is greater than the speech threshold, the audio is classified

as a speech frame. In another embodiment, if it is determined that the frequency spectrum

fluctuation of the current audio frame is stored in the frequency spectrum fluctuation memory, and a

classification result of a historical frame is a music frame and the frequency spectrum fluctuation of10

the current audio frame is greater than a second value, the frequency spectrum fluctuation of the

current audio frame is modified into the second value, where the second value is greater than the

first value.

[0170] For example, if a previous frame of the current audio frame is an inactive frame

(vad_flag = 0), except the current audio frame flux newly buffered in the flux historical buffer, the15

remaining data in the flux historical buffer is all reset to –1 (equivalent to that the data is

invalidated). If three consecutive frames before the current audio frame are not all active frames

(vad_flag = 1), the current audio frame flux just buffered in the flux historical buffer is modified

into 16. If the three consecutive frames before the current audio frame are all active frames

(vad_flag = 1), a long-time smooth result of a historical signal classification result is a music signal20

and the current audio frame flux is greater than 20, the frequency spectrum fluctuation of the

buffered current audio frame is modified into 20. For calculation of the active frame and the

long-time smooth result of the historical signal classification result, refer to the foregoing

embodiment.

[0171] In an embodiment, step S604 includes:25

obtaining an average value of the effective data of the stored frequency spectrum

fluctuations, an average value of the effective data of the stored frequency spectrum

high-frequency-band peakiness, an average value of the effective data of the stored frequency

spectrum correlation degrees, and a variance of the effective data of the stored linear prediction

residual energy tilts separately; and30

when one of the following conditions is satisfied, classifying the current audio frame as

a music frame; otherwise classifying the current audio frame as a speech frame: the average value

of the effective data of the frequency spectrum fluctuations is less than a first threshold; or the

average value of the effective data of the frequency spectrum high-frequency-band peakiness is
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greater than a second threshold; or the average value of the effective data of the frequency spectrum

correlation degrees is greater than a third threshold; or the variance of the effective data of the linear

prediction residual energy tilts is less than a fourth threshold.

[0172] Generally, a frequency spectrum fluctuation value of a music frame is relatively small,

while a frequency spectrum fluctuation value of a speech frame is relatively large; a frequency5

spectrum high-frequency-band peakiness value of a music frame is relatively large, and a frequency

spectrum high-frequency-band peakiness of a speech frame is relatively small; a frequency

spectrum correlation degree value of a music frame is relatively large, and a frequency spectrum

correlation degree value of a speech frame is relatively small; a linear prediction residual energy tilt

value of a music frame is relatively small, and a linear prediction residual energy tilt value of a10

speech frame is relatively large. Therefore, the current audio frame may be classified according to

the statistics of the foregoing parameters. Certainly, signal classification may also be performed on

the current audio frame by using another classification method. For example, a quantity of pieces of

effective data of the frequency spectrum fluctuations stored in the frequency spectrum fluctuation

memory is counted; the memory is divided, according to the quantity of the pieces of effective data,15

into at least two intervals of different lengths from a near end to a remote end, an average value of

effective data of frequency spectrum fluctuations corresponding to each interval, an average value

of effective data of frequency spectrum high-frequency-band peakiness, an average value of

effective data of frequency spectrum correlation degrees, and a variance of effective data of linear

prediction residual energy tilts are obtained, where a start point of the intervals is a storage location20

of the frequency spectrum fluctuation of the current frame, the near end is an end at which the

frequency spectrum fluctuation of the current frame is stored, and the remote end is an end at which

a frequency spectrum fluctuation of a historical frame is stored; the audio frame is classified

according to statistics of the effective data of the foregoing parameters in a relatively short interval,

and if parameter statistics in this interval are sufficient to distinguish a type of the audio frame, the25

classification process ends; otherwise the classification process is continued in the shortest interval

of the remaining relatively long intervals, and the rest can be deduced by analogy. In a classification

process of each interval, the current audio frame is classified according to a classification threshold

corresponding to each interval, and when one of the following conditions is satisfied, the current

audio frame is classified as a music frame; otherwise the current audio frame is classified as a30

speech frame: the average value of the effective data of the frequency spectrum fluctuations is less

than a first threshold; or the average value of the effective data of the frequency spectrum

high-frequency-band peakiness is greater than a second threshold; or the average value of the

effective data of the frequency spectrum correlation degrees is greater than a third threshold; or the
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variance of the effective data of the linear prediction residual energy tilts is less than a fourth

threshold.

[0173] After signal classification, different signals may be encoded in different encoding modes.

For example, a speech signal is encoded by using an encoder based on a speech generating model

(such as CELP), and a music signal is encoded by using an encoder based on conversion (such as an5

encoder based on MDCT).

[0174] In this embodiment, classification is performed according to long-time statistics of

frequency spectrum fluctuations, frequency spectrum high-frequency-band peakiness, frequency

spectrum correlation degrees, and linear prediction residual energy tilts. In addition, both

classification robustness and a classification recognition speed are taken into account; therefore,10

there are relatively few classification parameters, but a result is relatively accurate, a recognition

rate is relatively high, and complexity is relatively low.

[0175] In an embodiment, after the frequency spectrum fluctuation flux, the frequency spectrum

high-frequency-band peakiness ph, the frequency spectrum correlation degree cor_map_sum, and

the linear prediction residual energy tilt epsP_tilt are stored in the corresponding memories,15

classification may be performed according to a quantity of pieces of effective data of the stored

frequency spectrum fluctuations by using different determining processes. If the voice activity flag

is set to 1, that is, the current audio frame is an active voice frame, the quantity N of the pieces of

effective data of the stored frequency spectrum fluctuations is checked.

[0176] If a value of the quantity N of the pieces of effective data of the frequency spectrum20

fluctuations stored in the memory changes, a determining process also changes.

[0177] (1) Referring to FIG. 7, if N = 60, an average value of all data in the flux historical buffer

is obtained and marked as flux60, an average value of 30 pieces of data at a near end is obtained

and marked as flux30, and an average value of 10 pieces of data at the near end is obtained and

marked as flux10. An average value of all data in the ph historical buffer is obtained and marked as25

ph60, an average value of 30 pieces of data at a near end is obtained and marked as ph30, and an

average value of 10 pieces of data at the near end is obtained and marked as ph10. An average value

of all data in the cor_map_sum historical buffer is obtained and marked as cor_map_sum60, an

average value of 30 pieces of data at a near end is obtained and marked as cor_map_sum30, and an

average value of 10 pieces of data at the near end is obtained and marked as cor_map_sum10. In30

addition, a variance of all data in the epsP_tilt historical buffer is obtained and marked as

epsP_tilt60, a variance of 30 pieces of data at a near end is obtained and marked as epsP_tilt30, and

a variance of 10 pieces of data at the near end is obtained and marked as epsP_tilt10. A quantity

voicing_cnt of pieces of data whose value is greater than 0.9 in the voicing historical buffer is
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obtained. The near end is an end at which the foregoing parameters corresponding to the current

audio frame are stored.

[0178] First, it is checked whether flux10, ph10, epsP_tilt10, cor_map_sum10, and voicing_cnt

satisfy the following conditions: flux10 < 10 or epsPtilt10 < 0.0001 or ph10 > 1050 or

cor_map_sum10 > 95, and voicing_cnt < 6. If the conditions are satisfied, the current audio frame is5

classified as a music type (that is, Mode = 1). Otherwise, it is checked whether flux10 is greater

than 15 and whether voicing_cnt is greater than 2, or whether flux10 is greater than 16. If the

conditions are satisfied, the current audio frame is classified as a speech type (that is, Mode = 0).

Otherwise, it is checked whether flux30, flux10, ph30, epsP_tilt30, cor_map_sum30, and

voicing_cnt satisfy the following conditions: flux30 < 13 and flux10 < 15, or epsPtilt30 < 0.001 or10

ph30 > 800 or cor_map_sum30 > 75. If the conditions are satisfied, the current audio frame is

classified as a music type. Otherwise, it is checked whether flux60, flux30, ph60, epsP_tilt60, and

cor_map_sum60 satisfy the following conditions: flux60 < 14.5 or cor_map_sum30 > 75 or ph60 >

770 or epsP_tilt10 < 0.002, and flux30 < 14. If the conditions are satisfied, the current audio frame

is classified as a music type; otherwise the current audio frame is classified as a speech type.15

[0179] (2) Referring to FIG. 8, if N < 60 and N ≥ 30, an average value of N pieces of data at a 

near end in the flux historical buffer, an average value of N pieces of data at a near end in the ph

historical buffer, and an average value of N pieces of data at a near end in the cor_map_sum

historical buffer are separately obtained and marked as fluxN, phN, and cor_map_sumN. In addition,

a variance of N pieces of data at a near end in the epsP_tilt historical buffer is obtained and marked20

as epsP_tiltN. It is checked whether fluxN, phN, epsP_tiltN, and cor_map_sumN satisfy the

following condition: fluxN < 13 + (N – 30)/20 or cor_map_sumN > 75 + (N – 30)/6 or phN > 800

or epsP_tiltN < 0.001. If the condition is satisfied, the current audio frame is classified as a music

type; otherwise the current audio frame is classified as a speech type.

[0180] (3) Referring to FIG. 9, if N < 30 and N ≥ 10, an average value of N pieces of data at a 25

near end in the flux historical buffer, an average value of N pieces of data at a near end in the ph

historical buffer, and an average value of N pieces of data at a near end in the cor_map_sum

historical buffer are separately obtained and marked as fluxN, phN, and cor_map_sumN. In addition,

a variance of N pieces of data at a near end in the epsP_tilt historical buffer is obtained and marked

as epsP_tiltN.30

[0181] First, it is checked whether a long-time moving average mode_mov of a historical

classification result is greater than 0.8. If yes, it is checked whether fluxN, phN, epsP_tiltN, and

cor_map_sumN satisfy the following condition: fluxN < 16 + (N – 10)/20 or phN > 1000 – 12.5 x

(N–10) or epsP_tiltN < 0.0005 + 0.000045 x (N – 10) or cor_map_sumN > 90 – (N – 10).
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Otherwise, a quantity voicing_cnt of pieces of data whose value is greater than 0.9 in the voicing

historical buffer is obtained, and it is checked whether the following conditions are satisfied: fluxN

< 12 + (N – 10)/20 or phN > 1050 – 12.5 x (N – 10) or epsP_tiltN < 0.0001 + 0.000045 x (N – 10)

or cor_map_sumN > 95 – (N – 10), and voicing_cnt < 6. If any group of the foregoing two groups

of conditions is satisfied, the current audio frame is classified as a music type; otherwise the current5

audio frame is classified as a speech type.

[0182] (4) Referring to FIG. 10, if N < 10 and N > 5, an average value of N pieces of data at a

near end in the ph historical buffer and an average value of N pieces of data at a near end in the

cor_map_sum historical buffer are obtained and marked as phN and cor_map_sumN, and a variance

of N pieces of data at a near end in the epsP_tilt historical buffer is obtained and marked as10

epsP_tiltN. In addition, a quantity voicing_cnt6 of pieces of data whose value is greater than 0.9

among six pieces of data at a near end in the voicing historical buffer is obtained.

[0183] It is checked whether the following conditions are satisfied: epsP_tiltN < 0.00008 or

phN > 1100 or cor_map_sumN > 100, and voicing_cnt < 4. If the conditions are satisfied, the

current audio frame is classified as a music type; otherwise the current audio frame is classified as a15

speech type.

[0184] (5) If N ≤ 5, a classification result of a previous audio frame is used as a classification 

type of the current audio frame.

[0185] The foregoing embodiment is a specific classification process in which classification is

performed according to long-time statistics of frequency spectrum fluctuations, frequency spectrum20

high-frequency-band peakiness, frequency spectrum correlation degrees, and linear prediction

residual energy tilts, and a person skilled in the art can understand that, classification may be

performed by using another process. The classification process in this embodiment may be applied

to corresponding steps in the foregoing embodiment, to serve as, for example, a specific

classification method of step 103 in FIG. 2, step 105 in FIG. 4, or step 604 in FIG. 6.25

[0186] Referring to FIG. 11, another embodiment of an audio signal classification method

includes:

[0187] S1101: Perform frame division processing on an input audio signal.

[0188] S1102: Obtain a linear prediction residual energy tilt and a frequency spectrum tone

quantity of a current audio frame and a ratio of the frequency spectrum tone quantity on a low30

frequency band.

[0189] The linear prediction residual energy tilt epsP_tilt denotes an extent to which linear

prediction residual energy of the input audio signal changes as a linear prediction order increases;

the frequency spectrum tone quantity Ntonal denotes a quantity of frequency bins of the current
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audio frame that are on a frequency band from 0 to 8 kHz and have frequency bin peak values

greater than a predetermined value; the ratio ratio_Ntonal_lf of the frequency spectrum tone

quantity on the low frequency band denotes a ratio of a low-frequency-band tone quantity to the

frequency spectrum tone quantity. For specific calculation, refer to description of the foregoing

embodiment.5

[0190] S1103: Store the linear prediction residual energy tilt epsP_tilt, the frequency spectrum

tone quantity, and the ratio of the frequency spectrum tone quantity on the low frequency band in

corresponding memories.

[0191] The linear prediction residual energy tilt epsP_tilt and the frequency spectrum tone

quantity of the current audio frame are buffered in respective historical buffers, and in this10

embodiment, lengths of the two buffers are also both 60.

[0192] Optionally, before these parameters are stored, the method further includes: determining,

according to voice activity of the current audio frame, whether to store the linear prediction residual

energy tilt, the frequency spectrum tone quantity, and the ratio of the frequency spectrum tone

quantity on the low frequency band in the memories; and storing the linear prediction residual15

energy tilt in a memory when it is determined that the linear prediction residual energy tilt needs to

be stored. If the current audio frame is an active frame, the parameters are stored; otherwise the

parameters are not stored.

[0193] S1104: Obtain statistics of stored linear prediction residual energy tilts and statistics of

stored frequency spectrum tone quantities separately, where the statistics refer to a data value20

obtained after a calculation operation is performed on data stored in the memories, where the

calculation operation may include an operation for obtaining an average value, an operation for

obtaining a variance, or the like.

[0194] In an embodiment, the obtaining statistics of stored linear prediction residual energy tilts

and statistics of stored frequency spectrum tone quantities separately includes: obtaining a variance25

of the stored linear prediction residual energy tilts; and obtaining an average value of the stored

frequency spectrum tone quantities.

[0195] S1105: Classify the audio frame as a speech frame or a music frame according to the

statistics of the linear prediction residual energy tilts, the statistics of the frequency spectrum tone

quantities, and the ratio of the frequency spectrum tone quantity on the low frequency band.30

[0196] In an embodiment, this step includes:

when the current audio frame is an active frame, and one of the following conditions is

satisfied, classifying the current audio frame as a music frame; otherwise classifying the current

audio frame as a speech frame:
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the variance of the linear prediction residual energy tilts is less than a fifth threshold; or

the average value of the frequency spectrum tone quantities is greater than a sixth

threshold; or

the ratio of the frequency spectrum tone quantity on the low frequency band is less than

a seventh threshold.5

[0197] Generally, a linear prediction residual energy tilt value of a music frame is relatively

small, and a linear prediction residual energy tilt value of a speech frame is relatively large; a

frequency spectrum tone quantity of a music frame is relatively large, and a frequency spectrum

tone quantity of a speech frame is relatively small; a ratio of a frequency spectrum tone quantity of

a music frame on a low frequency band is relatively low, and a ratio of a frequency spectrum tone10

quantity of a speech frame on the low frequency band is relatively high (energy of the speech frame

is mainly concentrated on the low frequency band). Therefore, the current audio frame may be

classified according to the statistics of the foregoing parameters. Certainly, signal classification may

also be performed on the current audio frame by using another classification method.

[0198] After signal classification, different signals may be encoded in different encoding modes.15

For example, a speech signal is encoded by using an encoder based on a speech generating model

(such as CELP), and a music signal is encoded by using an encoder based on conversion (such as an

encoder based on MDCT).

[0199] In the foregoing embodiment, an audio signal is classified according to long-time

statistics of linear prediction residual energy tilts and frequency spectrum tone quantities and a ratio20

of a frequency spectrum tone quantity on a low frequency band; therefore, there are relatively few

parameters, a recognition rate is relatively high, and complexity is relatively low.

[0200] In an embodiment, after the linear prediction residual energy tilt epsP_tilt, the frequency

spectrum tone quantity Ntonal, and the ratio ratio_Ntonal_lf of the frequency spectrum tone

quantity on the low frequency band are stored in corresponding buffers, a variance of all data in the25

epsP_tilt historical buffer is obtained and marked as epsP_tilt60. An average value of all data in the

Ntonal historical buffer is obtained and marked as Ntonal 60. An average value of all data in the

Ntonal_lf historical buffer is obtained, and a ratio of the average value to Ntonal60 is calculated and

marked as ratio_Ntonal_lf60. Referring to FIG. 12, a current audio frame is classified according to

the following rule:30

[0201] If a voice activity flag is 1 (that is, vad_flag = 1), that is, the current audio frame is an

active voice frame, it is checked whether the following condition is satisfied: epsP_tilt60 < 0.002 or

Ntonal60 > 18 or ratio_Ntonal_lf60 < 0.42, if the condition is satisfied, the current audio frame is

classified as a music type (that is, Mode = 1); otherwise the current audio frame is classified as a
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determined that the current audio frame is an active frame, output a result that the frequency

spectrum fluctuation of the current audio frame needs to be stored.

[0207] In another embodiment, the storage determining unit is specifically configured to: when

it is determined that the current audio frame is an active frame, and the current audio frame does not

belong to an energy attack, output a result that the frequency spectrum fluctuation of the current5

audio frame needs to be stored.

[0208] In another embodiment, the storage determining unit is specifically configured to: when

it is determined that the current audio frame is an active frame, and none of multiple consecutive

frames including the current audio frame and a historical frame of the current audio frame belongs

to an energy attack, output a result that the frequency spectrum fluctuation of the current audio10

frame needs to be stored.

[0209] In an embodiment, the updating unit is specifically configured to: if the current audio

frame belongs to percussive music, modify values of the frequency spectrum fluctuations stored in

the frequency spectrum fluctuation memory.

[0210] In another embodiment, the updating unit is specifically configured to: if the current15

audio frame is an active frame, and a previous audio frame is an inactive frame, modify data of

other frequency spectrum fluctuations stored in the memory except the frequency spectrum

fluctuation of the current audio frame into ineffective data; or if the current audio frame is an active

frame, and three consecutive frames before the current audio frame are not all active frames, modify

the frequency spectrum fluctuation of the current audio frame into a first value; or if the current20

audio frame is an active frame, and a historical classification result is a music signal and the

frequency spectrum fluctuation of the current audio frame is greater than a second value, modify the

frequency spectrum fluctuation of the current audio frame into the second value, where the second

value is greater than the first value.

[0211] Referring to FIG. 14, in an embodiment, the classification unit 1303 includes:25

a calculating unit 1401, configured to obtain an average value of a part or all of the

effective data of the frequency spectrum fluctuations stored in the memory; and

a determining unit 1402, configured to compare the average value of the effective data

of the frequency spectrum fluctuations with a music classification condition; and when the average

value of the effective data of the frequency spectrum fluctuations satisfies the music classification30

condition, classify the current audio frame as a music frame; otherwise classify the current audio

frame as a speech frame.

[0212] For example, when the obtained average value of the effective data of the frequency

spectrum fluctuations is less than a music classification threshold, the current audio frame is
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classified as a music frame; otherwise the current audio frame is classified as a speech frame.

[0213] In the foregoing embodiment, because an audio signal is classified according to

long-time statistics of frequency spectrum fluctuations, there are relatively few parameters, a

recognition rate is relatively high, and complexity is relatively low. In addition, the frequency

spectrum fluctuations are adjusted with consideration of factors such as voice activity and5

percussive music; therefore, the present invention has a higher recognition rate for a music signal,

and is suitable for hybrid audio signal classification.

[0214] In another embodiment, the audio signal classification apparatus further includes:

a parameter obtaining unit, configured to obtain a frequency spectrum

high-frequency-band peakiness, a frequency spectrum correlation degree, and a linear prediction10

residual energy tilt of the current audio frame, where the frequency spectrum high-frequency-band

peakiness denotes a peakiness or an energy acutance, on a high frequency band, of a frequency

spectrum of the current audio frame; the frequency spectrum correlation degree denotes stability,

between adjacent frames, of a signal harmonic structure of the current audio frame; and the linear

prediction residual energy tilt denotes an extent to which linear prediction residual energy of the15

audio signal changes as a linear prediction order increases; where

the storage determining unit is further configured to determine, according to the voice

activity of the current audio frame, whether to store the frequency spectrum high-frequency-band

peakiness, the frequency spectrum correlation degree, and the linear prediction residual energy tilt;

the storage unit is further configured to: when the storage determining unit outputs a20

result that the frequency spectrum high-frequency-band peakiness, the frequency spectrum

correlation degree, and the linear prediction residual energy tilt need to be stored, store the

frequency spectrum high-frequency-band peakiness, the frequency spectrum correlation degree, and

the linear prediction residual energy tilt; and

the classification unit is specifically configured to obtain statistics of effective data of25

the stored frequency spectrum fluctuations, statistics of effective data of stored frequency spectrum

high-frequency-band peakiness, statistics of effective data of stored frequency spectrum correlation

degrees, and statistics of effective data of stored linear prediction residual energy tilts, and classify

the audio frame as a speech frame or a music frame according to the statistics of the effective data;

and when the statistics of the effective data of the frequency spectrum fluctuations satisfy a speech30

classification condition, classify the current audio frame as a speech frame; or when the statistics of

the effective data of the frequency spectrum fluctuations satisfy a music classification condition,

classify the current audio frame as a music frame.

[0215] In an embodiment, the classification unit specifically includes:
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a calculating unit, configured to obtain an average value of the effective data of the

stored frequency spectrum fluctuations, an average value of the effective data of the stored

frequency spectrum high-frequency-band peakiness, an average value of the effective data of the

stored frequency spectrum correlation degrees, and a variance of the effective data of the stored

linear prediction residual energy tilts separately; and5

a determining unit, configured to: when one of the following conditions is satisfied,

classify the current audio frame as a music frame; otherwise classify the current audio frame as a

speech frame: the average value of the effective data of the frequency spectrum fluctuations is less

than a first threshold; or the average value of the effective data of the frequency spectrum

high-frequency-band peakiness is greater than a second threshold; or the average value of the10

effective data of the frequency spectrum correlation degrees is greater than a third threshold; or the

variance of the effective data of the linear prediction residual energy tilts is less than a fourth

threshold.

[0216] In the foregoing embodiment, an audio signal is classified according to long-time

statistics of frequency spectrum fluctuations, frequency spectrum high-frequency-band peakiness,15

frequency spectrum correlation degrees, and linear prediction residual energy tilts; therefore, there

are relatively few parameters, a recognition rate is relatively high, and complexity is relatively low.

In addition, the frequency spectrum fluctuations are adjusted with consideration of factors such as

voice activity and percussive music, and the frequency spectrum fluctuations are modified

according to a signal environment in which the current audio frame is located; therefore, the present20

invention improves a classification recognition rate, and is suitable for hybrid audio signal

classification.

[0217] Referring to FIG. 15, the present invention provides another embodiment of an audio

signal classification apparatus, where the apparatus is configured to classify an input audio signal,

and includes:25

a frame dividing unit 1501, configured to perform frame division processing on an input

audio signal;

a parameter obtaining unit 1502, configured to obtain a linear prediction residual energy

tilt of a current audio frame, where the linear prediction residual energy tilt denotes an extent to

which linear prediction residual energy of the audio signal changes as a linear prediction order30

increases;

a storage unit 1503, configured to store the linear prediction residual energy tilt; and

a classification unit 1504, configured to classify the audio frame according to statistics

of a part of data of prediction residual energy tilts in a memory.
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[0218] Referring to FIG. 16, the audio signal classification apparatus further includes:

a storage determining unit 1505, configured to determine, according to voice activity of

the current audio frame, whether to store the linear prediction residual energy tilt in the memory,

where

the storage unit 1503 is specifically configured to: when the storage determining unit5

determines that the linear prediction residual energy tilt needs to be stored, store the linear

prediction residual energy tilt in the memory.

[0219] In an embodiment, the statistics of the part of the data of the prediction residual energy

tilts is a variance of the part of the data of the prediction residual energy tilts; and

the classification unit is specifically configured to compare the variance of the part of the10

data of the prediction residual energy tilts with a music classification threshold, and when the

variance of the part of the data of the prediction residual energy tilts is less than the music

classification threshold, classify the current audio frame as a music frame; otherwise classify the

current audio frame as a speech frame.

[0220] In another embodiment, the parameter obtaining unit is further configured to: obtain a15

frequency spectrum fluctuation, a frequency spectrum high-frequency-band peakiness, and a

frequency spectrum correlation degree of the current audio frame, and store the frequency spectrum

fluctuation, the frequency spectrum high-frequency-band peakiness, and the frequency spectrum

correlation degree in corresponding memories; and

the classification unit is specifically configured to obtain statistics of effective data of20

stored frequency spectrum fluctuations, statistics of effective data of stored frequency spectrum

high-frequency-band peakiness, statistics of effective data of stored frequency spectrum correlation

degrees, and statistics of effective data of the stored linear prediction residual energy tilts, and

classify the audio frame as a speech frame or a music frame according to the statistics of the

effective data, where the statistics of the effective data refer to a data value obtained after a25

calculation operation is performed on the effective data stored in the memories.

[0221] Referring to FIG. 17, specifically, in an embodiment, the classification unit 1504

includes:

a calculating unit 1701, configured to obtain an average value of the effective data of the

stored frequency spectrum fluctuations, an average value of the effective data of the stored30

frequency spectrum high-frequency-band peakiness, an average value of the effective data of the

stored frequency spectrum correlation degrees, and a variance of the effective data of the stored

linear prediction residual energy tilts separately; and

a determining unit 1702, configured to: when one of the following conditions is satisfied,
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classify the current audio frame as a music frame; otherwise classify the current audio frame as a

speech frame: the average value of the effective data of the frequency spectrum fluctuations is less

than a first threshold; or the average value of the effective data of the frequency spectrum

high-frequency-band peakiness is greater than a second threshold; or the average value of the

effective data of the frequency spectrum correlation degrees is greater than a third threshold; or the5

variance of the effective data of the linear prediction residual energy tilts is less than a fourth

threshold.

[0222] In another embodiment, the parameter obtaining unit is further configured to obtain a

frequency spectrum tone quantity of the current audio frame and a ratio of the frequency spectrum

tone quantity on a low frequency band, and store the frequency spectrum tone quantity and the ratio10

of the frequency spectrum tone quantity on the low frequency band in memories; and

the classification unit is specifically configured to obtain statistics of the stored linear

prediction residual energy tilts and statistics of stored frequency spectrum tone quantities separately;

and classify the audio frame as a speech frame or a music frame according to the statistics of the

linear prediction residual energy tilts, the statistics of the frequency spectrum tone quantities, and15

the ratio of the frequency spectrum tone quantity on the low frequency band, where the statistics of

the effective data refer to a data value obtained after a calculation operation is performed on data

stored in the memories.

[0223] Specifically, the classification unit includes:

a calculating unit, configured to obtain a variance of effective data of the stored linear20

prediction residual energy tilts and an average value of the stored frequency spectrum tone

quantities; and

a determining unit, configured to: when the current audio frame is an active frame, and

one of the following conditions is satisfied, classify the current audio frame as a music frame;

otherwise classify the current audio frame as a speech frame: the variance of the linear prediction25

residual energy tilts is less than a fifth threshold; or the average value of the frequency spectrum

tone quantities is greater than a sixth threshold; or the ratio of the frequency spectrum tone quantity

on the low frequency band is less than a seventh threshold.

[0224] Specifically, the parameter obtaining unit obtains the linear prediction residual energy

tilt of the current audio frame according to the following formula:30
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where epsP(i) denotes prediction residual energy of ith-order linear prediction of the
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current audio frame; and n is a positive integer, denotes a linear prediction order, and is less than or

equal to a maximum linear prediction order.

[0225] Specifically, the parameter obtaining unit is configured to count a quantity of frequency

bins of the current audio frame that are on a frequency band from 0 to 8 kHz and have frequency

bin peak values greater than a predetermined value, to use the quantity as the frequency spectrum5

tone quantity; and the parameter obtaining unit is configured to calculate a ratio of a quantity of

frequency bins of the current audio frame that are on a frequency band from 0 to 4 kHz and have

frequency bin peak values greater than the predetermined value to the quantity of the frequency bins

of the current audio frame that are on the frequency band from 0 to 8 kHz and have frequency bin

peak values greater than the predetermined value, to use the ratio as the ratio of the frequency10

spectrum tone quantity on the low frequency band.

[0226] In this embodiment, an audio signal is classified according to long-time statistics of

linear prediction residual energy tilts. In addition, both classification robustness and a classification

recognition speed are taken into account; therefore, there are relatively few classification

parameters, but a result is relatively accurate, complexity is low, and memory overheads are low.15

[0227] The present invention provides another embodiment of an audio signal classification

apparatus, where the apparatus is configured to classify an input audio signal, and includes:

a frame dividing unit, configured to perform frame division processing on an input audio

signal;

a parameter obtaining unit, configured to obtain a frequency spectrum fluctuation, a20

frequency spectrum high-frequency-band peakiness, a frequency spectrum correlation degree, and a

linear prediction residual energy tilt of a current audio frame, where the frequency spectrum

fluctuation denotes an energy fluctuation of a frequency spectrum of the audio signal; the frequency

spectrum high-frequency-band peakiness denotes a peakiness or an energy acutance, on a high

frequency band, of a frequency spectrum of the current audio frame; the frequency spectrum25

correlation degree denotes stability, between adjacent frames, of a signal harmonic structure of the

current audio frame; and the linear prediction residual energy tilt denotes an extent to which linear

prediction residual energy of the audio signal changes as a linear prediction order increases;

a storage unit, configured to store the frequency spectrum fluctuation, the frequency

spectrum high-frequency-band peakiness, the frequency spectrum correlation degree, and the linear30

prediction residual energy tilt; and

a classification unit, configured to obtain statistics of effective data of stored frequency

spectrum fluctuations, statistics of effective data of stored frequency spectrum high-frequency-band

peakiness, statistics of effective data of stored frequency spectrum correlation degrees, and statistics
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of effective data of stored linear prediction residual energy tilts, and classify the audio frame as a

speech frame or a music frame according to the statistics of the effective data, where the statistics of

the effective data refer to a data value obtained after a calculation operation is performed on the

effective data stored in the memories, where the calculation operation may include an operation for

obtaining an average value, an operation for obtaining a variance, or the like.5

[0228] In an embodiment, the audio signal classification apparatus may further include:

a storage determining unit, configured to determine, according to voice activity of the

current audio frame, whether to store the frequency spectrum fluctuation, the frequency spectrum

high-frequency-band peakiness, the frequency spectrum correlation degree, and the linear prediction

residual energy tilt of the current audio frame; and10

the storage unit is specifically configured to: when the storage determining unit outputs a

result that the frequency spectrum fluctuation, the frequency spectrum high-frequency-band

peakiness, the frequency spectrum correlation degree, and the linear prediction residual energy tilt

need to be stored, store the frequency spectrum fluctuation, the frequency spectrum

high-frequency-band peakiness, the frequency spectrum correlation degree, and the linear prediction15

residual energy tilt.

[0229] Specifically, in an embodiment, the storage determining unit determines, according to

the voice activity of the current audio frame, whether to store the frequency spectrum fluctuation in

the frequency spectrum fluctuation memory. If the current audio frame is an active frame, the

storage determining unit outputs a result that the parameter needs to be stored; otherwise the storage20

determining unit outputs a result that the parameter does not need to be stored. In another

embodiment, the storage determining unit determines, according to the voice activity of the audio

frame and whether the audio frame is an energy attack, whether to store the frequency spectrum

fluctuation in the memory. If the current audio frame is an active frame, and the current audio frame

does not belong to an energy attack, the frequency spectrum fluctuation of the current audio frame25

is stored in the frequency spectrum fluctuation memory. In another embodiment, if the current audio

frame is an active frame, and none of multiple consecutive frames including the current audio frame

and a historical frame of the current audio frame belongs to an energy attack, the frequency

spectrum fluctuation of the audio frame is stored in the frequency spectrum fluctuation memory;

otherwise the frequency spectrum fluctuation is not stored. For example, if the current audio frame30

is an active frame, and neither a previous frame of the current audio frame nor a second historical

frame of the current audio frame belongs to an energy attack, the frequency spectrum fluctuation of

the audio frame is stored in the frequency spectrum fluctuation memory; otherwise the frequency

spectrum fluctuation is not stored.
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[0230] In an embodiment, the classification unit includes:

a calculating unit, configured to obtain an average value of the effective data of the

stored frequency spectrum fluctuations, an average value of the effective data of the stored

frequency spectrum high-frequency-band peakiness, an average value of the effective data of the

stored frequency spectrum correlation degrees, and a variance of the effective data of the stored5

linear prediction residual energy tilts separately; and

a determining unit, configured to: when one of the following conditions is satisfied,

classify the current audio frame as a music frame; otherwise classify the current audio frame as a

speech frame: the average value of the effective data of the frequency spectrum fluctuations is less

than a first threshold; or the average value of the effective data of the frequency spectrum10

high-frequency-band peakiness is greater than a second threshold; or the average value of the

effective data of the frequency spectrum correlation degrees is greater than a third threshold; or the

variance of the effective data of the linear prediction residual energy tilts is less than a fourth

threshold.

[0231] For a specific manner for calculating the frequency spectrum fluctuation, the frequency15

spectrum high-frequency-band peakiness, the frequency spectrum correlation degree, and the linear

prediction residual energy tilt of the current audio frame, refer to the foregoing method

embodiment.

[0232] Further, the audio signal classification apparatus may further include:

an updating unit, configured to update, according to whether a speech frame is20

percussive music or activity of a historical audio frame, the frequency spectrum fluctuations stored

in the memory. In an embodiment, the updating unit is specifically configured to: if the current

audio frame belongs to percussive music, modify values of the frequency spectrum fluctuations

stored in the frequency spectrum fluctuation memory. In another embodiment, the updating unit is

specifically configured to: if the current audio frame is an active frame, and a previous audio frame25

is an inactive frame, modify data of other frequency spectrum fluctuations stored in the memory

except the frequency spectrum fluctuation of the current audio frame into ineffective data; or if the

current audio frame is an active frame, and three consecutive frames before the current audio frame

are not all active frames, modify the frequency spectrum fluctuation of the current audio frame into

a first value; or if the current audio frame is an active frame, and a historical classification result is a30

music signal and the frequency spectrum fluctuation of the current audio frame is greater than a

second value, modify the frequency spectrum fluctuation of the current audio frame into the second

value, where the second value is greater than the first value.

[0233] In this embodiment, classification is performed according to long-time statistics of
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frequency spectrum fluctuations, frequency spectrum high-frequency-band peakiness, frequency

spectrum correlation degrees, and linear prediction residual energy tilts. In addition, both

classification robustness and a classification recognition speed are taken into account; therefore,

there are relatively few classification parameters, but a result is relatively accurate, a recognition

rate is relatively high, and complexity is relatively low.5

[0234] The present invention provides another embodiment of an audio signal classification

apparatus, where the apparatus is configured to classify an input audio signal, and includes:

a frame dividing unit, configured to perform frame division processing on an input audio

signal;

a parameter obtaining unit, configured to obtain a linear prediction residual energy tilt10

and a frequency spectrum tone quantity of a current audio frame and a ratio of the frequency

spectrum tone quantity on a low frequency band, where the linear prediction residual energy tilt

epsP_tilt denotes an extent to which linear prediction residual energy of the input audio signal

changes as a linear prediction order increases; the frequency spectrum tone quantity Ntonal denotes

a quantity of frequency bins of the current audio frame that are on a frequency band from 0 to 8 kHz15

and have frequency bin peak values greater than a predetermined value; and the ratio

ratio_Ntonal_lf of the frequency spectrum tone quantity on the low frequency band denotes a ratio

of a low-frequency-band tone quantity to the frequency spectrum tone quantity, where for specific

calculation, refer to description of the foregoing embodiment;

a storage unit, configured to store the linear prediction residual energy tilt, the frequency20

spectrum tone quantity, and the ratio of the frequency spectrum tone quantity on the low frequency

band; and

a classification unit, configured to obtain statistics of stored linear prediction residual

energy tilts and statistics of stored frequency spectrum tone quantities separately; and classify the

audio frame as a speech frame or a music frame according to the statistics of the linear prediction25

residual energy tilts, the statistics of the frequency spectrum tone quantities, and the ratio of the

frequency spectrum tone quantity on the low frequency band, where the statistics of the effective

data refer to a data value obtained after a calculation operation is performed on data stored in

memories.

[0235] Specifically, the classification unit includes:30

a calculating unit, configured to obtain a variance of effective data of the stored linear

prediction residual energy tilts and an average value of the stored frequency spectrum tone

quantities; and

a determining unit, configured to: when the current audio frame is an active frame, and
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one of the following conditions is satisfied, classify the current audio frame as a music frame;

otherwise classify the current audio frame as a speech frame: the variance of the linear prediction

residual energy tilts is less than a fifth threshold; or the average value of the frequency spectrum

tone quantities is greater than a sixth threshold; or the ratio of the frequency spectrum tone quantity

on the low frequency band is less than a seventh threshold.5

[0236] Specifically, the parameter obtaining unit obtains the linear prediction residual energy

tilt of the current audio frame according to the following formula:
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where epsP(i) denotes prediction residual energy of ith-order linear prediction of the

current audio frame; and n is a positive integer, denotes a linear prediction order, and is less than or10

equal to a maximum linear prediction order.

[0237] Specifically, the parameter obtaining unit is configured to count a quantity of frequency

bins of the current audio frame that are on a frequency band from 0 to 8 kHz and have frequency

bin peak values greater than a predetermined value, to use the quantity as the frequency spectrum

tone quantity; and the parameter obtaining unit is configured to calculate a ratio of a quantity of15

frequency bins of the current audio frame that are on a frequency band from 0 to 4 kHz and have

frequency bin peak values greater than the predetermined value to the quantity of the frequency bins

of the current audio frame that are on the frequency band from 0 to 8 kHz and have frequency bin

peak values greater than the predetermined value, to use the ratio as the ratio of the frequency

spectrum tone quantity on the low frequency band.20

[0238] In the foregoing embodiment, an audio signal is classified according to long-time

statistics of linear prediction residual energy tilts and frequency spectrum tone quantities and a ratio

of a frequency spectrum tone quantity on a low frequency band; therefore, there are relatively few

parameters, a recognition rate is relatively high, and complexity is relatively low.

[0239] The foregoing audio signal classification apparatus may be connected to different25

encoders, and encode different signals by using the different encoders. For example, the audio

signal classification apparatus is connected to two encoders, encodes a speech signal by using an

encoder based on a speech generating model (such as CELP), and encodes a music signal by using

an encoder based on conversion (such as an encoder based on MDCT). For a definition and an

obtaining method of each specific parameter in the foregoing apparatus embodiment, refer to related30

description of the method embodiment.

[0240] Associated with the foregoing method embodiment, the present invention further
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actual needs to achieve the objectives of the solutions of the embodiments.

[0248] In addition, functional units in the embodiments of the present invention may be

integrated into one processing unit, or each of the units may exist alone physically, or two or more

units are integrated into one unit.

[0249] The foregoing are merely exemplary embodiments of the present invention. A person5

skilled in the art may make various modifications and variations to the present invention without

departing from the spirit and scope of the present invention.














