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METHOD AND DEVICE FOR AUDIO SIGNAL CLASSIFICATION

[0001] This application claims priority to Chinese Patent Application No. 200910129157.3,
filed with the Chinese Patent Office on March 27, 2009 and entitled "METHOD AND DEVICE
FOR AUDIO SIGNAL CLASSIFICATION", which is incorporated herein by reference in its

entirety.

FIELD OF THE INVENTION

[0002}] The present invention relates to the field of communications technologies, and in

particular, to a method and a device for audio signal classification.

BACKGROUND OF THE INVENTION

[0003] A voice encoder is good at encoding voice-type audio signals under mid-to-low bit rates,
while has a poor effect on encoding music-type audio signals. An audio encoder is applicable to
encoding of the voice-type and music-type. audio signals under a high bit rate, but has an
unsatisfactory effect on encoding the voice-type audio signals under the mid-to-low bit rates. In
order to achieve a satisfactory encoding effect on audio signals mixed by voice and audio under the
mid-to-low bit rates, an encoding process that is applicable to the voice/audio encoder under the
mid-to-low bit rates mainly includes: first judging a type of an audio signal by using a signal
classification module, and then selecting a corresponding encoding method according to the judged
type of the audio signal, and selecting a voice encoder for the voice-type audio signal, and selecting
an audio encoder for the music-type audio signal.

[0004] In the prior art, a method for judging the type of the audio signal mainly includes:

[0005] 1. Divide an input signal into a series of overlapping frames by using a window function.
[0006] 2. Calculate a spectral coefficient of each frame by using Fast Fourier Transform (FFT).
[0007] 3. Calculate characteristic parameters in five aspects for each segment according to the
spectral coefficient of each frame, namely, harmony, noise, tail, drag out and rhythm.

[0008] 4. Divide the audio signal into six types based on values of the characteristic parameters,
including a voice type, a music type, a noise type, a short segment, a segment to be determined, and
a short segment to be determined.

[0009] During implementation of judging the type of the audio signal, the inventor finds that the
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prior art at least has the following problems: In the method, characteristic parameters of multiple
aspects need to be calculated during a classification process; audio signal classification is complex,

which result in high complexity of the classification.

SUMMARY OF THE INVENTION

[0010] Embodiments of the present invention provide a method and a device for audio signal
classification, so as to reduce complexity of audio signal classification and decrease a calculation
amount,

[0011] In order to achieve the objectives, the embodiments of the present invention adopt the
following technical solutions.

[0012] A method for audio signal classification includes:

obtaining a tonal characteristic parameter of an audio signal to be classified, where the
tonal characteristic parameter of the audio signal to be classified is in at least one sub-band; and

determining, according to the obtained characteristic parameter, a type of the audio
signal to be classified.

[0013] A device for audio signal classification includes:

a tone obtaining module, configured to obtain a tonal characteristic parameter of an
audio signal to be classified, where the tonal characteristic parameter of the audio signal to be
classified is in at least one sub-band; and

a classification module, configured to determine, according to the obtained characteristic
parameter, a type of the audio signal to be classified.

[0014] The solutions provided in the embodiments of the present invention adopt a technical
means of classifying the audio signal through a tonal characteristic of the audio signal, which
overcomes a technical problem of high complexity of audio signal classification in the prior art,
thus achieving technical effects of reducing complexity of the audio signal classification and

decreasing a calculation amount required during the classification.

BRIEF DESCRIPTION OF THE DRAWINGS

[0015] To illustrate the technical solutions according to the embodiments of the present
invention or in the prior art more clearly, accompanying drawings required for describing the
embodiments or the prior art are introduced below briefly. Apparently, the accompanying drawings
in the following descriptions are merely some embodiments of the present invention, and persons of
ordinary skill in the art may obtain other drawings according to the accompanying drawings without
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creative efforts.

[0016] FIG 1 is a flow chart of a method for audio signal classification according to a first
embodiment of the present invention;

[0017] FIG. 2 is a flow chart of a method for audio signal classification according to a second
embodiment of the present invention;

[0018]  FIGs. 3A and 3B are flow charts of a method for audio signal classification according to
a third embodiment of the present invention;

[0019] FIG. 4 is a block diagram of a device for audio signal classification according to a fourth
embodiment of the present invention;

[0020] FIG 5 is a block diagram of a device for audio signal classification according to a fifth
embodiment of the present invention; and

[0021]  FIG. 6 is a block diagram of a device for audio signal classification according to a sixth

embodiment of the present invention.

DETAILED DESCRIPTION OF THE EMBODIMENTS

[0022]  The technical solutions of the present invention are clearly and fully described in the
following with reference to the accompanying drawings in the embodiments of the present
invention. Obviously, the embodiments to be described are only part of rather than all of the
embodiments of the present invention. All other embodiments obtained by persons of ordinary skill
in the art based on the embodiments of the present invention without creative efforts shall fall
within the protection scope of the present invention.

[0023] Embodiments of the present invention provide a method and a device for audio signal
classification. A specific execution process of the method includes: obtaining a tonal characteristic
parameter of an audio signal to be classified, where the tonal characteristic parameter of the audio
signal to be classified is in at least one sub-band; and determining, according to the obtained
characteristic parameter, a type of the audio signal to be classified.

[0024] The method is implemented through a device including the following modules: a tone
obtaining module and a classification module. The tone obtaining module is configured to obtain a
tonal characteristic parameter of an audio signal to be classified, where the tonal characteristic
parameter of the audio signal to be classified is in at least one sub-band; and the classification
module is configured to determine, according to the obtained characteristic parameter, a type of the
audio signal to be classified.

[0025] In the method and the device for audio signal classification according to the

embodiments of the present invention, the type of the audio signal to be classified may be judged
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through obtaining the tonal characteristic parameter. Aspects of characteristic parameters that need
to be calculated are few, and the classification method is simple, thus decreasing a calculation

amount during a classification process.

Embodiment 1

[0026] This embodiment provides a method for audio signal classification. As shown in FIG. 1,
the method includes the following steps.

[0027] Step 501: Receive a current frame audio signal, where the audio signal is an audio signal
to be classified.

[0028] Specifically, it is assumed that a sampling frequency is 48 kHz, and a frame length N =
1024 sample points, and the received current frame audio signal is a k™ frame audio signal.

[0029] A process of calculating a tonal characteristic parameter of the current frame audio
signal is described below.

[0030] Step 502: Calculate a power spectral density of the current frame audio signal.

[0031] Specifically, windowing processing of adding a Hanning window is performed on
time-domain data of the k™ frame audio signal.

[0032]  Calculation may be performed through the following Hanning window formula:

h(1)=\/go.s-[l—cos(zn-—]%ﬂ, 0<I<N-1 6y

where N represents a frame length, h(1) represents Hanning window data of a first
sample point of the k™ frame audio signal.
[0033]  An FFT with a length of N is performed on the time-domain data of the k™ frame audio
signal after windowing (because the FFT is symmetrical about N/2, an FFT with a length of N/2 is
actually calculated), and a k™ power spectral density in the k™ frame audio signal is calculated by
using an FFT coefficient.
[0034]  The k™ power spectral density in the k™ frame audio signal may be calculated through
the following formula:

2
X(8)=10-Tog 510 -4 1271) <20 10g,

1=0

0<k'<N/2,0<I<N-1

N-1
h(1)- s(1)-et ">y ap
:0{( s(l)-e @)

1
N

-~

where s(1) represents an original input sample point of the k™ frame audio signal, and
X(k") represents the k"™ power spectral density in the k™ frame audio signal.
[0035] The calculated power spectral density X(k') is corrected, so that a maximum value of the

power spectral density is a reference sound pressure level (96 dB).
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[0036] Step 503: Detect whether a tone exists in each sub-band of a frequency area by using the
power spectral density, collect statistics about the number of tones existing in the corresponding
sub-band, and use the number of tones as the number of sub-band tones in the sub-band.

[0037] Specifically, the frequency area is divided into four frequency sub-bands, which are
respectively represented by sb,, sb, sb,, and sb,. If the power spectral density X(k') and a

certain adjacent power spectral density meet a certain condition, where the certain condition in this
embodiment may be a condition shown as the following formula (3), it is considered that a
sub-band corresponding to the X(k') has a tone. Collect statistics about the number of tones to
obtain the number of sub-band tones NTy ; in the sub-band, where the NT, ; represents the number
of sub-band tones of the k™ frame audio signal in the sub-band sbi (i represents a serial number of
the sub-band, andi=0, 1, 2, 3).
X(k'-1)<X(k)<X(k'+1) and X(k')-X(k'+j)=7dB )
where, values of j are stipulated as follows:
- 2,42 Jor 2<k'<63
-3,-2,+2,+3 Sfor 63 < k'<127
-6, ,—2,42,-++,+6 for 127 < k'< 255
=12, ,=2,42,--- +12  for 255 < k'< 500

j=

[0038] In this embodiment, it is known that the number of coefficients (namely the length) of
the power spectral density is N/2. Corresponding to the stipulation of the values of j, a meaning of a
value interval of k' is further described below.

[0039] sb, : corresponding to an interval of 2 < k' < 63; a corresponding power spectral density
coefficient is 0 to (N/16-1)™, and a corresponding frequency range is [0kHz, 3kHz).

[0040] sb, : corresponding to an interval of 63 < k' < 127; a corresponding power spectral
density coefficient is N/16™ to (N/8-1)%, and a corresponding frequency range is [3kHz, 6kHz).

[0041] sb," corresponding to an interval of 127 < k' < 255; a corresponding power spectral
density coefficient is N/8™ to (N/4-1)‘h, and a corresponding frequency range is [6kHz, 12kHz).
[0042] sb,: corresponding to an interval of 255 < k' < 500; a corresponding power spectral
density coefficient is N/4" to N/2% and a corresponding frequency range is [12kHz, 24kHz).

[0043] sb, and sb, correspond to a low-frequency sub-band part; sb, corresponds to a
relatively high-frequency sub-band part; and sb, corresponds to a high-frequency sub-band part.

[0044] A specific process of collecting statistics about the NTy ; is described as follows.

[0045] For the sub-band sb,, values of k' are taken one by one from the interval of 2 <k' < 63.
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For each value of k', judge whether the value meets the condition of the formula (3). After the entire
value interval of k' is traversed, collect statistics about the number of values of k' that meet the
condition. The number of values of k' that meet the condition is the number of sub-band tones NTy
of the k™ frame audio signal existing in the sub-band sb, .

[0046] For example, if the formula (3) is correct when k' =3, k' =5, and k' = 10, it is considered
that the sub-band sb, has three sub-band tones, namely NTy o = 3.

[0047] Similarly, for the sub-band sb,, values of k' are taken one by one from the interval of 63
< k' < 127. For each value of k', judge whether the value meets the condition of the formula (3).
After the entire value interval of k' is traversed, collect statistics about the number of values of k'
that meet the condition. The number of values of k' that meet the condition is the number of

sub-band tones NTy_; of the k™ frame audio signal existing in the sub-band sb, .

[0048] Similarly, for the sub-band Sb2 , values of k' are taken one by one from the interval of
127 <k' < 255. For each value of k', judge whether the value meets the condition of the formula (3).

After the entire value interval of k' is traversed, collect statistics about the number of values of k'

that meet the condition. The number of values of k' that meet the condition is the number of
sub-band tones NTj ; of the k™ frame audio signal existing in the sub-band sz .

[0049] Statistics about the number of sub-band tones NTy 3 of the k® frame audio signal
existing in the sub-band sb, may also be collected by using the same method.

[0050] Step 504: Calculate the total number of tones of the current frame audio signal.
[0051] Specifically, a sum of the number of sub-band tones of the k™ frame audio signal in the

four sub-bands sb,, sb, sb, and sb; is calculated according to the NTy ;, the statistics about

which are collected in step 503.
[0052] The sum of the number of sub-band tones of the k™ frame audio signal in the four

sub-bands sb,, sb,, sb, and sb, is the number of tones in the k™ frame audio signal, which

may be calculated through the following formula:
3
NTI'c_sum = ZN‘T;J (4)
i=0
where NTy aum represents the total number of tones of the k™ frame audio si gnal.
[0053] Step 505: Calculate an average value of the number of sub-band tones of the current
frame audio signal in the corresponding sub-band among the stipulated number of frames.
[0054] Specifically, it is assumed that the stipulated number of frames is M, and the M frames

include the k™ frame audio signal and (M-1) frames audio signals before the k™ frame. The average
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value of the number of sub-band tones of the k™ frame audio signal in each sub-band of the M
frames audio signals is calculated according to a relationship between a value of M and a value of k.
[0055]  The average value of the number of sub-band tones may be calculated through the

following formula (5):

[k
ZNT,_,.
=0 k< (M -1
ave _NT,={ k+1 (5)
'kZ:MAllTj_i
Jzk-Mr if k>(M -1
\ I; if ( )

where NTj, represents the number of sub-band tones of a i frame audio signal in a
sub-band i, and ave NT; represents the average value of the number of sub-band tones in the
sub-band i. Particularly, it can be known from the formula (5) that a proper formula may be selected
for calculation according to the relationship between the value of k and the value of M.

[0056]) Particularly, in this embodiment, according to design requirements, it is unnecessary to
calculate the average value of the number of sub-band tones in each sub-band as long as an average

value ave NT, of the number of sub-band tones in the low-frequency sub-band sb, and an

ave_NT, of the number of sub-band tones in the relatively high-frequency sub-band sb, are
calculated.

[0057] Step 506: Calculate an average value of the total number of tones of the current frame
audio signal among the stipulated number of frames.

[0058] Specifically, it is assumed that the stipulated number of frames is M, and the M frames
include the k™ frame audio signal and (M-1) frames audio signals before the k™ frame. The average
value of the total number of tones of the k™ frame audio signal in each frame audio signal among
the M frames audio signals is calculated according to the relationship between the value of M and
the value of k.

[0059] The total number of tones may be specifically calculated according to the following

formula (6):

k

Z N]—_'i__sum

2 k<M=

ave_NT,, = kk +1 (6)

Z N]—_'i_sum

SEM k> (M -1

v; if k2 (M ~1)

where NT; um represents the total number of tones in the jth frame, and ave NTgn

represents the average value of the total number of tones. Particularly, it can be known from the
7
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formula (6) that a proper formula may be selected for calculation according to the relationship
between the value of k and the value of M.

[0060] Step 507: Respectively use a ratio between the calculated average value of the number of
sub-band tones in at least one sub-band and the average value of the total number of tones as a tonal
characteristic parameter of the current frame audio signal in the corresponding sub-band.

[0061] The tonal characteristic parameter may be calculated through the following formula (7):

ave _NT _ratio, = _ave NI, )
ave _NT,,,

where ave NT; represents the average value of the number of sub-band tones in the
sub-band i, ave NTg,y, represents the average value of the total number of tones, and ave_NT _ratio;
represents the ratio between the average value of the number of sub-band tones of the k™ frame
audio signal in the sub-band i and the average value of the total number of tones.

[0062] Particularly, in this embodiment, by using the average value ave NT, of the number of

sub-band tones in the low-frequency sub-band sb, and the average value ave_NT; of the number
of sub-band tones in the relatively high-frequency sub-band sb, that are calculated in step 505, a
tonal characteristic parameter ave NT _ratiog of the k™ frame audio signal in the sub-band sb, and

a tonal characteristic parameter ave NT_ratio, of the k™ frame audio signal in the sub-band sb,

are calculated through the formula (7), and ave_NT ratiop and ave NT_ratio, are used as the tonal
characteristic parameters of the k™ frame audio signal.

[0063] In this embodiment, the tonal characteristic parameters that need to be considered are the
tonal characteristic parameters in the low-frequency sub-band and the relatively high-frequency
sub-band. However, the design solution of the present invention is not limited to the one in this
embodiment, and tonal characteristic parameters in other sub-bands may also be calculated
according to the design requirements.

[0064] Step 508: Judge a type of the current frame audio signal according to the tonal
characteristic parameter calculated in the foregoing process.

[0065] Specifically, judge whether the tonal characteristic parameter ave NT ratiop in the
sub-band sb, and the tonal characteristic parameter ave_NT_ratio, in the sub-band sb, that are
calculated in step 507 meet a certain relationship with a first parameter and a second parameter. In
this embodiment, the certain relationship may be the following relational expression (12):

(ave_ NT _ratio, > a) and (ave__ NT _ratio, < ,6’) (12)

where ave NT ratiog represents the tonal characteristic parameter of the k™ frame audio
signal in the low-frequency sub-band, ave NT ratio, represents the tonal characteristic parameter
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of the k™ frame audio signal in the relatively high-frequency sub-band, o represents a first
coefficient, and f represents a second coefficient.

[0066] If the relational expression (12) is met, it is determined that the k™ frame audio signal is
a voice-type audio signal; if the relational expression (12) is not met, it is determined that the k™
frame audio signal is a music-type audio signal.

[0067] A process of smoothing processing on the current frame audio signal is described below.
[0068] Step 509: For the current frame audio signal with the type of the audio signal already
judged, further judge whether a type of a previous frame audio signal of the current frame audio
signal is the same as a type of a next frame audio signal of the current frame audio signal, if the type
of the previous frame audio signal of the current frame audio signal is the same as the type of the
next frame audio signal of the current frame audio signal, execute step 510; if the type of the
previous frame audio signal of the current frame audio signal is different from the type of the next
frame audio signal of the current frame audio signal, execute step 512.

[0069] Specifically, judge whether the type of the (k-1)™ frame audio signal is the same as the
type of the (k+1)® frame audio signal. If it is determined that the type of the (k-1)™ frame audio
signal is the same as the type of the (k+1)™ frame audio signal, execute step 510; if it is determined
that the type of the (k-1)" frame audio signal is different from the type of the (k+1)® frame audio
signal, execute step 512.

[0070] Step 510: Judge whether the type of the current frame audio signal is the same as the
type of the previous frame audio signal of the current frame audio signal; if it is determined that the
type of the current frame audio signal is different from the type of the previous frame audio signal
of the current frame audio signal, execute step 511; if it is determined that the type of the current
frame audio signal is the same as the type of the previous frame audio signal of the current frame
audio signal, execute step 512.

[0071] Specifically, judge whether the type of the k™ frame audio signal is the same as the type
of the (k-1)™ frame audio signal. If the judgment result is that the type of the k™ frame audio signal
is different from the type of the (k-1)™ frame audio signal, execute step 511; if the judgment result is
that the type of the k™ frame audio signal is the same as the type of the (k-1)" frame audio signal,
execute step 512.

[0072] Step 511: Modify the type of the current frame audio signal to the type of the previous
frame audio signal.

[0073] Specifically, the type of the k™ frame audio signal is modified to the type of the k-D"
frame audio signal.

[0074] During the smoothing processing on the current frame audio signal in this embodiment,
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specifically, when it is judged whether the smoothing processing needs to be performed on the
current frame audio signal, a technical solution of knowing the types of the previous frame and next
frame audio signal is adopted. However, the method belongs to a process of knowing related
information of the previous and next frames, and adoption of the method for knowing previous
frames and next frames is not limited by descriptions of this embodiment. During the process, the
solution of specifically knowing types of at least one previous frame audio signal and at least one
next frame audio signal is applicable to the embodiments of the present invention.

[0075] Step 512: The process ends.

[0076] In the prior art, five types of characteristic parameters need to be considered during type
classification of audio signals. In the method provided in this embodiment, types of most audio-
signals may be judged through calculating the tonal characteristic parameters of the audio signals.

Compared with the prior art, the classification method is easy, and a calculation amount is small.

Embodiment 2

[0077] This embodiment discloses a method for audio signal classification. As shown in FIG. 2,
the method includes:

[0078] Step 101: Receive a current frame audio signal, where the audio signal is an audio signal
to be classified.

[0079] Step 102: Obtain a tonal characteristic parameter of the current frame audio signal,
where the tonal characteristic parameter of the current frame audio signal is in at least one
sub-band.

[0080] Generally, a frequency area is divided into four frequency sub-bands. In each sub-band,
the current frame audio signal may obtain a corresponding tonal characteristic parameter. Certainly,
according to design requirements, a tonal characteristic parameter of the current frame audio signal
in one or two of the sub-bands may be obtained.

[0081] Step 103: Obtain a spectral tilt characteristic parameter of the current frame audio signal.
[0082] In this embodiment, an execution sequence of step 102 and step 103 is not restricted, and
step 102 and step 103 may even be executed at the same time.

[0083] Step 104: Judge a type of the current frame audio signal according to at least one tonal
characteristic parameter obtained in step 102 and the spectral tilt characteristic parameter obtained
in step 103.

[0084] In the technical solution provided in this embodiment, a technical means of judging the
type of the audio signal according to the tonal characteristic parameter of the audio signal and the

spectral tilt characteristic parameter of the audio signal is adopted, which solves a technical problem
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of complexity in the classification method in which five types of characteristic parameters, such as
harmony, noise and rhythm, are required for type classification of audio signals in the prior art, thus
achieving technical effects of reducing complexity of the classification method and reducing a

classification calculation amount during the audio signal classification.

Embodiment 3

[0085] This embodiment provides a method for audio signal classification. As shown in FIGs.
3A and 3B, the method includes the following steps.

[0086] Step 201: Receive a current frame audio signal, where the audio signal is an audio signal
to be classified.

[0087] Specifically, it is assumed that a sampling frequency is 48 kHz, and a frame length N =
1024 sample points, and the received current frame audio signal is a k™ frame audio signal.

[0088] A process of calculating a tonal characteristic parameter of the current frame audio
signal is described below.

[0089] Step 202: Calculate a power spectral density of the current frame audio signal.

[0090] Specifically, windowing processing of adding a Hanning window is performed on
time-domain data of the k™ frame audio signal.

[0091] Calculation may be performed through the following Hanning window formula:

h(l):\/gO.S-{l—cos(Zn-%ﬂ, 0<I<N-1 (1)

where N represents a frame length, h(1) represents Hanning window data of a first
sample point of the k™ frame audio signal.
[0092]  An FFT with a length of N is performed on the time-domain data of the k™ frame audio
signal after windowing (because the FFT is symmetrical about N/2, an FFT with a length of N/2 is
actually calculated), and a k"™ power spectral density in the k™ frame audio signal is calculated by
using an FFT coefficient.
[0093] The k™ power spectral density in the k™ frame audio signal may be calculated through
the following formula:

06)=10-tog 85050 0 e 20 g,

1=0

0<k'sN/2,0<I<N-1

N-1

1
-~ hl s(1 [-jk122/N] dB
Nl:o{ ) sty-¢ @)

where s(1) represents an original input sample point of the k™ frame audio signal, and
X (k') represents the k"™ power spectral density in the k™ frame audio signal.
[0094] The calculated power spectral density X(k') is corrected, so that a maximum value of the

11
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power spectral density is a reference sound pressure level (96 dB).

[0095] Step 203: Detect whether a tone exists in each sub-band of a frequency area by using the
power spectral density, collect statistics about the number of tones existing in the corresponding
sub-band, and use the number of tones as the number of sub-band tones in the sub-band.

[0096] Specifically, the frequency area is divided into four frequency sub-bands, which are
respectively represented by sb,, sb,, sb,, and sb;. If the power spectral density X(k') and a

certain adjacent power spectral density meet a certain condition, where the certain condition in this
embodiment may be a condition shown as the following formula (3), it is considered that a
sub-band corresponding to the X(k") has a tone. Collect statistics about the number of the tones to
obtain the number of sub-band tones NTy ; in the sub-band, where the NTy ; represents the number
of sub-band tones of the k™ frame audio signal in the sub-band sbi (i represents a serial number of
the sub-band, and 1 =0, 1, 2, 3).
X(k'-1)<X (k) <X (k1) and X(k')-X(k'+j)27dB @)
where, values of j are stipulated as follows:
- 2,42 for 2<k'< 63
-3,-2,+2,+3 for 63 <k'<127

=0, ,~2,+2,--- ,+6 SJor 127 < k'< 255
=12, ,=2,42,--- +12  for 255 < k'< 500

j:

[0097] In this embodiment, it is known that the number of coefficients (namely the length) of
the power spectral density is N/2. Corresponding to the stipulation of the values of j, a meaning of a

value interval of k' is further described below.

[0098] sb,: corresponding to an interval of 2 <k' < 63; a corresponding power spectral density
coefficient is 0" to (N/16-1)™, and a corresponding frequency range is [0kHz, 3kHz).

[0099] sb, : corresponding to an interval of 63 < k' < 127; a corresponding power spectral
density coefficient is N/16™ to (N/8-1)", and a corresponding frequency range is [3kHz, 6kHz).
[0100] sb," corresponding to an interval of 127 < k' < 255; a corresponding power spectral
density coefficient is N/8" to (N/4-1)™, and a corresponding frequency range is [6kHz, 12kHz).
[0101] sb, . corresponding to an interval of 255 < k' < 500; a corresponding power spectral
density coefficient is N/4™ to N/2" and a corresponding frequency range is [12kHz, 24kHz).

[0102]  sb, and sb, correspond to a low-frequency sub-band part; sb, corresponds to a

relatively high-frequency sub-band part; and sb, corresponds to a high-frequency sub-band part.

[0103] A specific process of collecting statistics about the NTy ; is as follows.

12
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[0104] For the sub-band sb,, values of k' are taken one by one from the interval of 2 <k' < 63.

For each value of k', judge whether the value meets the condition of the formula (3). After the entire
value interval of k' is traversed, collect statistics about the number of values of k' that meet the

condition. The number of values of k' that meet the condition is the number of sub-band tones NTy
of the k™ frame audio signal existing in the sub-band sb,.

[0105] For example, if the formula (3) is correct when k' = 3, k'= 5, and k' = 10, it is considered
that the sub-band sb, has three sub-band tones, namely NTy o = 3.

[0106] Similarly, for the sub-band sb,, values of k' are taken one by one from the interval of 63

< k' < 127. For each value of k', judge whether the value meets the condition of the formula (3).
After the entire value interval of k' is traversed, collect statistics about the number of values of k'

that meet the condition. The number of values of k' that meet the condition is the number of

sub-band tones NTy ; of the k™ frame audio signal existing in the sub-band Sb1 .
[0107] Similarly, for the sub-band sb,, values of k' are taken one by one from the interval of

127 <k' < 255. For each value of k', judge whether the value meets the condition of the formula (3).
After the entire value interval of k' is traversed, collect statistics about the number of values of k'

that meet the condition. The number of values of k' that meet the condition is the number of
sub-band tones NTy » of the k™ frame audio signal existing in the sub-band sb, .

[0108] Statistics about the number of sub-band tones NTi 3 of the k® frame audio signal
existing in the sub-band sb, may also be collected by using the same method.

[0109] Step 204: Calculate the total number of tones of the current frame audio signal.
[0110] Specifically, a sum of the number of sub-band tones of the k™ frame audio signal in the

four sub-bands sb,, sb, sb, and sb, is calculated according to the NTj j, the statistics about

which are collected in step 203.
[0111) The sum of the number of sub-band tones of the k™ frame audio signal in the four

sub-bands sb,, sb,, sb, and sb; isthe number of tones in the k™ frame audio signal, which may

be calculated through the following formula:
N];c_sum = Z Ny;c_i (4)

where NTy qum represents the total number of tones of the k™ frame audio signal.
[0112] Step 205: Calculate an average value of the number of sub-band tones of the current
frame audio signal in the corresponding sub-band among the speculated number of frames.

[0113] Specifically, it is assumed that the stipulated number of frames is M, and the M frames
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include the k™ frame audio signal and (M-1) frames audio signals before the k™ frame. The average
value of the number of sub-band tones of the k™ frame audio signal in each sub-band of the M
frames audio signals is calculated according to a relationship between a value of M and a value of k.

[0114] The average value of the number of sub-band tones may be calculated through the

following formula (5):

k

2 N

i B if k<M -1)

ave _ NT, = 1 kk""l (5)

j kZMAllTj'i

I W k2(M -1
i; if ( )

where NTj; represents the number of sub-band tones of a j™ frame audio signal in a
sub-band i, and ave NT; represents the average value of the number of sub-band tones in the
sub-band i. Particularly, it can be known from the formula (5) that a proper formula may be selected
for calculation according to the relationship between the value of k and the value of M.

[0115] Particularly, in this embodiment, according to design requirements, it is unnecessary to
calculate the average value of the number of sub-band tones in each sub-band as long as an average

value ave_NT, of the number of sub-band tones in the low-frequency sub-band sb, and an

ave_NT, of the number of sub-band tones in the relatively high-frequency sub-band sb, are
calculated.

[0116] Step 206: Calculate an average value of the total number of tones of the current frame
audio signal in the stipulated number of frames.

[0117] Specifically, it is assumed that the stipulated number of frames is M, and the M frames
include the k™ frame audio signal and (M-1) frames audio signals before the k™ frame. The average
value of the total number of tones of the k™ frame audio signal in each frame audio signal among
the M frames audio signals is calculated according to the relationship between the value of M and
the value of k.

[0118] The total number of tones may be specifically calculated according to the following
formula (6):

k

ZNT'j_sum

2 ifk<(M-1)

.I;,[]\lly}_sum

M k> (M -1
V if k=(M-1)

where NTj sum represents the total number of tones in the jth frame, and ave NTgn
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represents the average value of the total number of tones. Particularly, it can be known from the
formula (6) that a proper formula may be selected for calculation according to the relationship
between the value of k and the value of M.

[0119] Step 207: Respectively use a ratio between the calculated average value of the number of
sub-band tones in at least one sub-band and the average value of the total number of tones as a tonal
characteristic parameter of the current frame audio signal in the corresponding sub-band.

[0120] The tonal characteristic parameter may be calculated through the following formula (7):
o

sum

ave _NT _ratio, =

where ave NT; represents the average value of the number of sub-band tones in the
sub-band i, ave NTg,n, represents the average value of the total number of tones, and ave NT _ratio;
represents the ratio between the average value of the number of sub-band tones of the k™ frame
audio signal in the sub-band i and the average value of the total number of tones.

[0121] Particularly, in this embodiment, by using the average value ave_NT, of the number of

sub-band tones in the low-frequency sub-band sb, and the average value ave NT, of the number
of sub-band tones in the relatively high-frequency sub-band sb, that are calculated in step 205, a
tonal characteristic parameter ave NT _ratio, of the k™ frame audio signal in the sub-band s&, and

a tonal characteristic parameter ave NT ratio, of the k™ frame audio signal in the sub-band sb,
are calculated through the formula (7), and ave NT ratiop and ave NT _ratio, are used as the tonal
characteristic parameters of the k™ frame audio signal.

[0122] In this embodiment, the tonal characteristic parameters that need to be considered are the
tonal characteristic parameters in the low-frequency sub-band and the relatively high-frequency
sub-band. However, the design solution of the present invention is not limited to the one in this
embodiment, and tonal characteristic parameters in other sub-bands may also be calculated
according to the design requirements.

[0123] A process of calculating a spectral tilt characteristic parameter of the current frame audio
signal is described below.

[0124] Step 208: Calculate a spectral tilt of one frame audio signal.

[0125] Specifically, calculate a spectral tilt of the k™ frame audio signal.

[0126] The spectral tilt of the k™ frame audio signal may be calculated through the following
formula (8):
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where s(n) represents an n”™ time-domain sample point of the k™ frame audio signal, r

®)

spec _tilt, =

(1) _
)

represents an autocorrelation parameter, and spec_tilty represents the spectral tilt of the k™ frame
audio signal.

[0127]  Step 209: Calculate, according to the spectral tilt of one frame calculated above, a
spectral tilt average value of the current frame audio signal in the stipulated number of frames.
[0128] Specifically, it is assumed that the stipulated number of frames is M, and the M frames
include the k™ frame audio signal and (M-1) frames audio signals before the k™ frame. The average
spectral tilt of each frame audio signal among the M frames audio signals, namely the spectral tilt
average value in the M frames audio signals, is calculated according to the relationship between the
value of M and the value of k.

[0129] The spectral tilt average value may be calculated through the following formula (9):

[k
Zspec_tiltj
2 ifk<(M-))
ave _spec _tilt=3 k+1 &)
Zspec_tiltj
J=k-M+1 .
k>(M -1
v if k=(M-1)

where k represents a frame number of the current frame audio signal, M represents the
stipulated number of frames, spec_tilt; represents the spectral tilt of the i™ frame audio signal, and
ave_spec tilt represents the spectral tilt average value. Particularly, it can be known from the
formula (9) that a proper formula may be selected for calculation according to the relationship
between the value of k and the value of M.
[0130] Step 210: Use a mean-square error between the spectral tilt of at least one audio signal
and the calculated spectral tilt average value as a spectral tilt characteristic parameter of the current
frame audio signal.
[0131] Specifically, it is assumed that the stipulated number of frames is M, and the M frames
include the k™ frame audio signal and (M-1) frames audio signals before the k™ frame. The
mean-square error between the spectral tilt of at least one audio signal and the spectral tilt average
value is calculated according to the relationship between the value of M and the value of k. The
mean-square error is the spectral tilt characteristic parameter of the current frame audio signal.
[0132] The spectral tilt characteristic parameter may be calculated through the following

formula (10): ‘
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k
[(spec _tilt; —ave _spec _tilt)2 ]
= if k<(M-1)
dif _spec_tilt=5 k+1 (10)
Z (spec _tilt; —ave _spec _tilt)2 ]
J=k-M+1 . k_>_ M —1
\ IY; ifk2(M-1)

where k represents the frame number of the current frame audio signal, ave spec tilt
represents the spectral tilt average value, and dif spec_tilt represents the spectral tilt characteristic
parameter. Particularly, it can be known from the formula (10) that a proper formula may be
selécted for calculation according to the relationship between the value of k and the value of M.
[0133]  An execution sequence of a process of calculating the tonal characteristic parameter
(step 202 to step 207) and a process of calculating the spectral tilt characteristic parameter (step 208
to step 210) in the foregoing description of this embodiment is not restricted, and the two processes
may even be executed at the same time.
[0134] Step 211: Judge a type of the current frame audio signal according to the tonal
characteristic parameter and the spectral tilt characteristic parameter that are calculated in the
foregoing processes.

[0135] Specifically, judge whether the tonal characteristic parameter ave NT ratiop in the

sub-band sb, and the tonal characteristic parameter ave NT _ratio; in the sub-band sb, that are

calculated in step 207, and the spectral tilt characteristic parameter dif spec_tilt calculated in step
210 meet a certain relationship with a first parameter, a second parameter and a third parameter. In
this embodiment, the certain relationship may be the following relational expression (11):
(ave___NT _ratio, > a)and (ave _NT _ratio, < ﬂ)and (dif _spec _tilt > }/) 48))
where ave NT _ratiog represents the tonal characteristic parameter of the k™ frame audio
signal in the low-frequency sub-band, ave NT ratio, represents the tonal characteristic parameter
of the k™ frame audio signal in the relatively high-frequency sub-band, dif spec tilt represents the
spectral tilt characteristic parameter of the k™ frame audio signal, o represents a first coefficient, B
represents a second coefficient, and y represents a third coefficient.
[0136] If the certain relationship, namely the relational expression (11), is met, it is determined
that the k™ frame audio signal is a voice-type audio signal; if the relational expression (11) is not
met, it is determined that the k™ frame audio signal is a music-type audio signal.
[0137] A process of smoothing processing on the current frame audio signal is described below.
[0138] Step 212: For the current frame audio signal with the type of the audio signal already
judged, further judge whether a type of a previous frame audio signal of the current frame audio

signal is the same as a type of a next frame audio signal of the current frame audio signal, if the type
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of the previous frame audio signal of the current frame audio signal is the same as the type of the
next frame audio signal of the current frame audio signal, execute step 213; if the type of the
previous frame audio signal of the current frame audio signal is different from the type of the next
frame audio signal of the current frame audio signal, execute step 215.

[0139] Specifically, judge whether the type of the (k-1)® frame audio signal is the same as the
type of the (k+1) frame audio signal. If the judgment result is that the type of the (k-1)® frame
audio signal is the same as the type of the (k+1)™ frame audio signal, execute step 213; if the
judgment result is that the type of the (k-1)® frame audio signal is different from the type of the
(k+1)™ frame audio signal, execute step 215.

[0140] Step 213: Judge whether the type of the current frame audio signal is the same as the
type of the previous frame audio signal of the current frame audio signal; if it is determined that the
type of the current frame audio signal is different from the type of the previous frame audio signal
of the current frame audio signal, cxccute step 214; if it is determined that the type of the current
frame audio signal is the same as the type of the previous frame audio signal of the current frame
audio signal, execute step 215.

[0141] Specifically, judge whether the type of the k™ frame audio signal is the same as the type
of the (k-1)™ frame audio signal. If the judgment result is that the type of the k™ frame audio signal
is different from the type of the (k-1)™ frame audio signal, execute step 214; if the judgment result
is that the type of the k™ frame audio signal is the same as the type of the (k-1)™ frame audio signal,
execute step 215.

[0142] Step 214: Modify the type of the current frame audio signal to the type of the previous
frame audio signal.

0143} Specifically, the type of the k™ frame audio signal is modified to the type of the (k-1)®
frame audio signal.

[0144] During the smoothing processing on the current frame audio signal described in this
embodiment, when the type of the current frame audio signal, namely the type of the k™ frame
audio signal is judged in step 212, the next step 213 cannot be performed until the type of the
(k+1)™ frame audio signal is judged. It seems that a frame of delay is introduced here to wait for the
type of the (k+1)™ frame audio signal to be judged. However, generally, an encoder algorithm has a
frame of delay when encoding each frame audio signal, and this embodiment happens to utilize the
frame of delay to carry out the smoothing processing, which not only avoids misjudgment of the
type of the current frame audio signal, but also prevents the introduction of an extra delay, so as to
achieve a technical effect of real-time classification of the audio signal.

[0145] When requirements on delay are not restrict, during the smoothing processing on the
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current frame audio signal in this embodiment, it may also be decided whether the smoothing
processing needs to be performed on a current audio signal through judging types of previous three
frames and types of next three frames of the current audio signal, or types of previous five frames
and types of next five frames of the current audio signal. The specific number of the related
previous and next frames that need to be known is not limited by the description in this embodiment.
Because more related information of previous and next frames is known, an effect of the smoothing
processing may be better.

[0146]  Step 215: The process ends.

[0147] Compared with the prior art in which type classification of audio signals is implemented
according to five types of characteristic parameters, the method for audio signal classification
provided in this embodiment may implement the type classification of audio signals merely
according to two types of characteristic parameters. A classification algorithm is simple; complexity
is low; and a calculation amount during a classification process is reduced. At the same time, in the
solution of this embodiment, a technical means of performing smoothing processing on the
classified audio signal is also adopted, so as to achieve beneficial effects of improving a recognition
rate of the type of the audio signal, and giving full play to functions of a voice encoder and an audio

encoder during a subsequent encoding process.

Embodiment 4

[0148] Corresponding to the first embodiment, this embodiment specifically provides a device
for audio signal classification. As shown in FIG. 4, the device includes a receiving module 40, a
tone obtaining module 41, a classification module 43, a first judging module 44, a second judging
module 45, a smoothing module 46 and a first setting module 47.

[0149] The receiving module 40 is configured to receive a current frame audio signal, where the
current frame audio signal is an audio signal to be classified. The tone obtaining module 41 is
configured to obtain a tonal characteristic parameter of the audio signal to be classified, where the
tonal characteristic parameter of the audio signal to be classified is in at least one sub-band. The
classification module 43 is configured to determine, according to the tonal characteristic parameter
obtained by the tone obtaining module 41, a type of the audio signal to be classified. The first
judging module 44 is configured to judge whether a type of at least one previous frame audio signal
of the audio signal to be classified is the same as a type of at least one corresponding next frame
audio signal of the audio signal to be classified after the classification module 43 classifies the type
of the audio signal to be classified. The second judging module 45 is configured to judge whether
the type of the audio signal to be classified is different from the type of the at least one previous
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frame audio signal when the first judging module 44 determines that the type of the at least one
previous frame audio signal of the audio signal to be classified is the same as the type of the at least
one corresponding next frame audio signal of the audio signal to be classified. The smoothing
module 46 is configured to perform smoothing processing on the audio signal to be classified when
the second judging module 45 determines that the type of the audio signal to be classified is
different from the type of the at least one previous frame audio signal. The first setting module 47 is
configured to preset the stipulated number of frames for calculation.

[0150] In this embodiment, if the tonal characteristic parameter in at least one sub-band
obtained by the tone obtaining module 41 is: a tonal characteristic parameter in a low-frequency
sub-band and a tonal characteristic parameter in a relatively high-frequency sub-band, the
classification module 43 includes a judging unit 431 and a classification unit 432.

[0151]  The judging unit 431 is configured to judge whether the tonal characteristic parameter of
the audio signal to be classified, where the tonal characteristic parameter of the audio signal to bc
classified is in the low-frequency sub-band, is greater than a first coefficient, and whether the tonal
characteristic parameter in the relatively high-frequency sub-band is smaller than a second
coefficient. The classification unit 432 is configured to determine that the type of the audio signal to
be classified is a voice type when the judging unit 431 determines that the tonal characteristic
parameter of the audio signal to be classified, where the tonal characteristic parameter of the audio
signal to be classified is in the low-frequency sub-band, is greater than the first coefficient and the
tonal characteristic parameter in the relatively high-frequency band is smaller than the second
coefficient, and determine that the type of the audio signal to be classified is a music type when the
judging unit 431 determines that the tonal characteristic parameter of the audio signal to be
classified, where the tonal characteristic parameter of the audio signal to be classified is in the
low-frequency sub-band, is not greater than the first coefficient or the tonal characteristic parameter
in the relatively high-frequency band is not smaller than the second coefficient.

[0152] The tone obtaining module 41 is configured to calculate the tonal characteristic
parameter according to the number of tones of the audio signal to be classified, where the number of
tones of the audio signal to be classified is in at least one sub-band, and the total number of tones of
the audio signal to be classified.

[0153] Further, the tone obtaining module 41 in this embodiment includes a first calculation
unit 411, a second calculation unit 412 and a tonal characteristic unit 413.

[0154] The first calculation unit 411 is configured to calculate an average value of the number
of sub-band tones of the audio signal to be classified, where the number of sub-band tones of the

audio signal to be classified is in at least one sub-band. The second calculation unit 412 is
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configured to calculate an average value of the total number of tones of the audio signal to be
classified. The tonal characteristic unit 413 is configured to respectively use a ratio between the
average value of the number of sub-band tones in at least one sub-band and the average value of the
total number of tones as a tonal characteristic parameter of the audio signal to be classified, where
the tonal characteristic parameter of the audio signal to be classified is in the corresponding
sub-band.

[0155] The calculating, by the first calculation unit 411, the average value of the number of
sub-band tones of the audio signal to be classified, where the number of sub-band tones of the audio
signal to be classified is in at least one sub-band, includes: calculating the average value of the
number of sub-band tones in one sub-band according to a relationship between the stipulated
number of frames for calculation, where the stipulated number of frames for calculation is set by the
first setting module 47, and a frame number of the audio signal to be classified.

[0156] The calculating, by second calculation unit 412, the average value of the total number of
tones of the audio signal to be classified includes: calculating the average value of the total number
of tones according to the relationship between the stipulated number of frames for calculation,
where the stipulated number of the frames for calculation is set by the first setting module, and the
frame number of the audio signal to be classified.

[0157] With the device for audio signal classification provided in this embodiment, a technical
means of obtaining the tonal characteristic parameter of the audio signal is adopted, so as to achieve
a technical effect of judging types of most audio signals, reducing complexity of a classification
method for audio signal classification, and meanwhile decreasing a calculation amount during the

audio signal classification.

Embodiment 5

[0158]  Corresponding to the method for audio signal classification in the second embodiment,
this embodiment discloses a device for audio signal classification. As shown in FIG. 5, the device
includes a receiving module 30, a tone obtaining module 31, a spectral tilt obtaining module 32 and
a classification module 33.

[0159] The receiving module 30 is configured to receive a current frame audio signal. The tone
obtaining module 31 is configured to obtain a tonal characteristic parameter of an audio signal to be
classified, where the tonal characteristic parameter of the audio signal to be classified is in at least
one sub-band. The spectral tilt obtaining module 32 is configured to obtain a spectral tilt
characteristic parameter of the audio signal to be classified. The classification module 33 is

configured to determine a type of the audio signal to be classified according to the tonal
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characteristic parameter obtained by the tone obtaining module 31 and the spectral tilt characteristic
parameter obtained by the spectral tilt obtaining module 32.

[0160] In the prior art, multiple aspects of characteristic parameters of audio signals need to be
considered during audio signal classification, which leads to high complexity of classification and a
great calculation amount. However, in the solution provided in this embodiment, during the audio
signal classification, the type of the audio signal may be recognized merely according to two
characteristic parameters, namely the tonal characteristic parameter of the audio signal and the
spectral tilt characteristic parameter of the audio signal, so that the audio signal classification

becomes easy, and the calculation amount during the classification is also decreased.

Embodiment 6

[0161] This embodiment specifically provides a device for audio signal classification. As shown
in FIG. 6, the device includes a receiving module 40, a tone obtaining module 41, a spectral tilt
obtaining module 42, a classification module 43, a first judging module 44, a second judging
module 45, a smoothing module 46, a first setting module 47 and a second setting module 48.

[0162] The receiving module 40 is configured to receive a current frame audio signal, where the
current frame audio signal is an audio signal to be classified. The tone obtaining module 41 is
configured to obtain a tonal characteristic parameter of the audio signal to be classified, where the
tonal characteristic parameter of the audio signal to be classified is in at least one sub-band. The
spectral tilt obtaining module 42 is configured to obtain a spectral tilt characteristic parameter of the
audio signal to be classified. The classification module 43 is configured to judge a type of the audio
signal to be classified according to the tonal characteristic parameter obtained by the tone obtaining
module 41 and the spectral tilt characteristic parameter obtained by the spectral tilt obtaining
module 42. The first judging module 44 is configured to judge whether a type of at least one
previous frame audio signal of the audio signal to be classified is the same as a type of at least one
corresponding next frame audio signal of the audio signal to be classified after the classification
module 43 classifies the type of the audio signal to be classified. The second judging module 45 is
configured to judge whether the type of the audio signal to be classified is different from the type of
the at least one previous frame audio signal when the first judging module 44 determines that the
type of the at least one previous frame audio signal of the audio signal to be classified is the same as
the type of the at least one corresponding next frame audio signal of the audio signal to be classified.
The smoothing module 46 is configured to perform smoothing processing on the audio signal to be
classified when the second judging module 45 determines that the type of the audio signal to be

classified is different from the type of the at least one previous frame audio signal. The first setting
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module 47 is configured to preset the stipulated number of frames for calculation during calculation
of the tonal characteristic parameter. The second sefting module 48 is configured to preset the
stipulated number of frames for calculation during calculation of the spectral tilt characteristic
parameter.

[0163] The tone obtaining module 41 is configured to calculate the tonal characteristic
parameter according to the number of tones of the audio signal to be classified, where the number of
tones of the audio signal to be classified is in at least one sub-band, and the total number of tones of
the audio signal to be classified.

[0164] In this embodiment, if the tonal characteristic parameter in at least one sub-band, where
the tonal characteristic parameter in at least one sub-band is obtained by the tone obtaining module
41, is: a tonal characteristic parameter in a low-frequency sub-band and a tonal characteristic
parameter in a relatively high-frequency sub-band, the classification module 43 includes a judging
unit 431 and a classification unit 432.

[0165] The judging unit 431 is configured to judge whether the spectral tilt characteristic
parameter of the audio signal is greater than a third coefficient when the tonal characteristic
parameter of the audio signal to be classified, where the tonal characteristic parameter of the audio
signal to be classified is in the low-frequency sub-band, is greater than a first coefficient, and the
tonal characteristic parameter in the relatively high-frequency sub-band is smaller than a second
coefficient. The classification unit 432 is configured to determine that the type of the audio signal to
be classified is a voice type when the judging unit determines that the spectral tilt characteristic
parameter of the audio signal to be classified is greater than the third coefficient, and determine that
the type of the audio signal to be classified is a music type when the judging unit determines that
the spectral tilt characteristic parameter of the audio signal to be classified is not greater than the
third coefficient.

[0166] Further, the tone obtaining module 41 in this embodiment includes a first calculation
unit 411, a second calculation unit 412 and a tonal characteristic unit 413.

[0167] The first calculation unit 411 is configured to calculate an average value of the number
of sub-band tones of the audio signal to be classified, where the average value of the number of
sub-band tones of the audio signal to be classified is in at least one sub-band. The second
calculation unit 412 is configured to calculate an average value of the total number of tones of the
audio signal to be classified. The tonal characteristic unit 413 is configured to respectively use a
ratio between the average value of the number of sub-band tones in at least one sub-band and the
average value of the total number of tones as a tonal characteristic parameter of the audio signal to

be classified, where the tonal characteristic parameter of the audio signal to be classified is in the
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corresponding sub-band.

[0168]  The calculating, by the first calculation unit 411, the average value of the number of
sub-band tones of the audio signal to be classified, where the average value of the number of
sub-band tones of the audio signal to be classified is in at least one sub-band includes: calculating
the average value of the number of sub-band tones in one sub-band according to a relationship
between the stipulated number of frames for calculation, where the stipulated number of frames for
calculation is set by the first setting module 47, and a frame number of the audio signal to be
classified.

[0169]  The calculating, by the second calculation unit 412, the average value of the total
number of tones of the audio signal to be classified includes: calculating the average value of the
total number of tones according to the relationship between the stipulated number of frames for
calculation, where the stipulated number of frames for calculation is set by the first setting module
47, and the frame number of the audio signal to be classified.

[0170] Further, in this embodiment, the spectral tilt obtaining module 42 includes a third
calculation unit 421 and a spectral tilt characteristic unit 422.

[0171] The third calculation unit 421 is configured to calculate a spectral tilt average value of
the audio signal to be classified. The spectral tilt characteristic unit 422 is configure to use a
mean-square error between the spectral tilt of at least one audio signal and the spectral tilt average
value as the spectral tilt characteristic parameter of the audio signal to be classified.

[0172] The calculating, by the third calculation unit 421, the spectral tilt average value of the
audio signal to be classified includes: calculating the spectral tilt average value according to the
relationship between the stipulated number of frames for calculation, where the stipulated number
of frames for calculation is set by the second setting module 48, and the frame number of the audio
signal to be classified.

[0173]  The calculating, by the spectral tilt characteristic unit 422, the mean-square error
between the spectral tilt of at least one audio signal and the spectral tilt average value includes:
calculating the spectral tilt characteristic parameter according to the relationship between the
stipulated number of frames for calculation, where the stipulated number of frames for calculation
is set by the second setting module 48, and the frame number of the audio signal to be classified.
[0174] The first setting module 47 and the second setting module 48 in this embodiment may be
implemented through a program or a module, or the first setting module 47 and the second setting
module 48 may even set the same stipulated number of frames for calculation.

[0175] The solution provided in this embodiment has the following beneficial effects: easy

classification, low complexity and a small calculation amount; no extra delay is introduced to an
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encoder, and requirements of real-time encoding and low complexity of a voice/audio encoder
during a classification process under mid-to-low bit rates are satisfied.

[0176] The embodiments of the present invention is mainly applied to the fields of
communications technologies, and implements fast, accurate and real-time type classification of
audio signals. With the development of network technologies, the embodiments of the present
invention may be applied to other scenarios in the field, and may also be used in other similar or
close fields of technologies.

[0177]  Through the description of the preceding embodiments, persons skilled in the art may
clearly understand that the present invention may certainly be implemented by hardware, but more
preferably in most cases, may be implemented by software on a necessary universal hardware
platform. Based on such understanding, the technical solution of the present invention or the part
that makes contributions to the prior art may be substantially embodied in the form of a software
product. The computer software product may be stored in a readable storage medium, for example,
a floppy disk, hard disk, or optical disk of the computer, and contain several instructions used to
instruct an encoder to implement the method according to the embodiments of the present
invention.

[0178]  The foregoing is only the specific implementations of the present invention, but the

protection scope of the present invention is not limited here. Any change or replacement that can be

.easily figured out by persons skilled in the art within the technical scope disclosed by the present

invention shall be covered by the protection scope of the present invention. Therefore, the

protection scope of the present invention shall be subject to the protection scope of the claims.
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CLAIMS
1. A method for audio signal classification, characterized by comprising:

obtaining a tonal characteristic parameter of an audio signal to be classified, wherein the tonal
characteristic parameter of the audio signal to be classified is: a tonal characteristic parameter in a
low-frequency sub-band and a tonal characteristic parameter in a relatively high-frequency sub-band;
wherein the tonal characteristic parameter in a sub-band is a ratio between the average value among
a stipulated number of frames of the number of sub-band tones in said sub-band and the average

value among a stipulated number of frames of the total number of tones and

determining, according to the obtained tonal characteristic parameter, a type of the audio

signal to be classified; wherein the determining, comprises:

judging whether the tonal characteristic parameter of the audio signal to be classified in the
low-frequency sub-band is greater than a first coefficient, and whether the tonal characteristic

parameter in the relatively high-frequency sub-band is smaller than a second coefficient; and

if the tonal characteristic parameter of the audio signal to be classified in the low-frequency
sub-band is greater than the first coefficient, and the tonal characteristic parameter in the relatively
high-frequency sub-band is smaller than the second coefficient then determining that the type of the
audio signal to be classified is a voice type; if the tonal characteristic parameter of the audio signal to
be classified in the low-frequency sub-band is not greater than the first coefficient, or the tonal
characteristic parameter in the relatively high-frequency sub-band is not smaller than the second

coefficient then determining that the type of the audio signal to be classified is a music type.
2. The method for audio signal classification according to claim 1, further comprising:
obtaining a spectral tilt characteristic parameter of the audio signal to be classified; and

the determining, according to the obtained tonal characteristic parameter, a type of the audio

signal to be classified comprises:

determining, according to the obtained tonal characteristic parameter and the obtained

spectral tilt characteristic parameter, the type of the audio signal to be classified.

3. The method for audio signal classification according to claim 2, wherein the determined type

of the audio signal to be classified comprises:

when the tonal characteristic parameter of the audio signal to be classified in the low-

frequency sub-band is greater than the first coefficient, and the tonal characteristic parameter in the
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relatively high-frequency sub-band is smaller than the second coefficient, judging whether the spectral

tilt characteristic parameter of the audio signal to be classified is greater than a third coefficient; and

if the spectral tilt characteristic parameter of the audio signal to be classified is greater than
the third coefficient then determining that the type of the audio signal to be classified is a voice type; if
the spectral tilt characteristic parameter of the audio signal to be classified is not greater than the third

coefficient then determining that the audio signal to be classified is a music type.

4. The method for audio signal classification according to claim 1, wherein the obtaining the
tonal characteristic parameter of the audio signal to be classified is in at least one sub-band

comprises:

calculating an average value of the number of sub-band tones of the audio signal to be
classified, wherein the number of sub-band tones of the audio signal to be classified is determined in

one sub-band;

calculating an average value of the total number of tones of the audio signal to be classified;

and

respectively using a ratio between the average value of the number of sub-band tones in said one
sub-band and the average value of the total number of tones as a tonal characteristic parameter of

the audio signal to be classified.

5. The method for audio signal classification according to claim 4, comprising:

presetting the stipulated number of frames for calculating the average value of the number of
sub-band tones in one sub-band according to a relationship between the stipulated number of frames

for calculation and a frame number of the audio signal to be classified.

6. The method for audio signal classification according to claim 4, comprising: presetting the
stipulated number of frames for calculating the average value of the total number of tones according
to a relationship between the stipulated number of frames for calculation and a frame number of the

audio signal to be classified.

7. The method for audio signal classification according to claim 2, wherein the obtaining the

spectral tilt characteristic parameter of the audio signal to be classified comprises:

calculating a spectral tilt average value of the audio signal to be classified; and

using a mean-square error between a spectral tilt of at least one audio signal and the spectral

tilt average value as the spectral tilt characteristic parameter of the audio signal to be classified.
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8. The method for audio signal classification according to claim 7, comprising:

presetting the stipulated number of frames for calculating the spectral tilt average value
according to a relationship between the stipulated number of frames for calculation and a frame

number of the audio signal to be classified.

9. The method for audio signal classification according to claim 7, comprising:

presetting the stipulated number of frames for calculation, wherein the mean-square error

between the spectral tilt of at least one audio signal and the spectral tilt average value comprises:

calculating the spectral tilt characteristic parameter according to the stipulated number of

frames for calculation and the frame number of the audio signal to be classified.

10. A device for audio signal classification, characterized by comprising:

a tone obtaining module, configured to obtain a tonal characteristic parameter of an audio
signal to be classified, wherein the tonal characteristic parameter of the audio signal to be classified is
in at least one sub-band, the tonal characteristic parameter in at least one sub-band is obtained by
the fone obtaining module, is: a tonal characteristic parameter in a low-frequency sub-band and a
tonal characteristic parameter in a relatively high-frequency sub-band; wherein the tonal characteristic
parameter in a sub-band is a ratio between the average value among a stipulated number of frames
of the number of sub-band tones in said sub-band and the average value among a stipulated number

of frames of the total number of tones; and

a classification module, configured to determine, according to the obtained tonal characteristic

parameter, a type of the audio signal to be classified; wherein the classification module comprises:

a judging unit, configured to judge whether the tonal characteristic parameter of the audio
signal to be classified in the low-frequency sub-band, is greater than a first coefficient, and whether
the tonal characteristic parameter in the relatively high-frequency sub-band is smaller than a second

coefficient; and

a classification unit, configured to determine that the type of audio signal to be classified is a
voice type when the judging unit determines that the tonal characteristic parameter of the audio signal
to be classified in the low-frequency sub-band is greater than the first coefficient, and the tonal
characteristic parameter in the relatively high-frequency sub-band is smaller than the second
coefficient, and determine that the type of the audio signal to be classified is a music type when the

judging unit determines that the tonal characteristic parameter of the audio signal to be classified in
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the low-frequency sub-band is not greater than the first coefficient, or the tonal characteristic

parameter in the relatively high-frequency sub-band is not smaller than the second coefficient.

11. The device for audio signal classification according to claim 10, further comprising:

a spectral tilt obtaining module, configured to obtain a spectral tilt characteristic parameter of

the audio signal to be classified,

wherein the classification module is further configured to determine, according to the spectral
tilt characteristic parameter obtained by the spectral tilt obtaining module, the determined type of the

audio signal to be classified.

12. The device for audio signal classification according to claim 11, the judging unit is further
configured to judge whether the spectral tilt characteristic parameter of the audio signal is greater
than a third coefficient when the tonal characteristic parameter of the audio signal to be classified in
the low-frequency sub-band is greater than the first coefficient, and the tonal characteristic parameter

in the relatively high-frequency sub-band is smaller than the second coefficient; and

the classification unit is further configured to determine that the type of the audio signal to be
classified is a voice type when the judging unit determines that the spectral tilt characteristic
parameter of the audio signal to be classified is greater than the third coefficient, and determine that
the type of the audio signal to be classified is a music type when the judging unit determines that the
spectral tilt characteristic parameter of the audio signal to be classified is not greater than the third

coefficient.

13. The device for audio signal classification according to claim 12, wherein the tone obtaining

module comprises:

a first calculation unit, configured to calculate an average value of the number of sub-band

tones of the audio signal to be classified in one sub-band;

a second calculation unit, configured to calculate an average value of the total number of

tones of the audio signal to be classified; and
a tonal characteristic unit, configured to respectively use a ratio between the average value of
the number of sub-band tones in said one sub-band and the average value of the total number of

tones as a tonal characteristic parameter in a sub-band of the audio signal to be classified.

14. The device for audio signal classification according to claim 13, further comprising:
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a first setting module, configured to preset the stipulated number of frames for calculation,
wherein the calculating, by the first calculation unit, the average value of the number of sub-band
tones of the audio signal to be classified in at least one sub-band, comprises: calculating the average
value of the number of sub-band tones in one sub-band according to a relationship between the
stipulated number of the frames for calculation, wherein the stipulated number of the frames for

calculation is set by the first setting module, and a frame number of the audio signal to be classified.

15. The device for audio signal classification according to claim 13, further comprising:

a first setting module, configured to preset the stipulated number of frames for calculation,
wherein the calculating, by the second calculation unit, the average value of the total number of tones
of the audio signal to be classified comprises: calculating the average value of the total number of
tones according to a relationship between the stipulated number of frames for calculation, wherein the
stipulated number of the frames for calculation is set by the first setting module, and a frame number

of the audio signal to be classified.

16. The device for audio signal classification according to claim 10, wherein the spectral tilt

obtaining module comprises:

a third calculation unit, configured to calculate a spectral tilt average value of the audio signal

to be classified; and

a spectral tilt characteristic unit, configured to respectively use a mean-square error between
a spectral tilt of at least one audio signal and the spectral tilt average value as the spectral tilt

characteristic parameter of the audio signal to be classified.

17. The device for audio signal classification according to claim 16, further comprising:

a second setting module, configured to preset the stipulated number of frames for calculation,
wherein the calculating, by the third calculation unit, the spectral tilt average value of the audio signal
to be classified comprises: calculating the spectral tilt average value according to the relationship
between the stipulated number of frames for calculation ; and the frame number of the audio signal to

be classified.

18. The device for audio signal classification according to claim 16, further comprising:

a second setting module, configured to preset the stipulated number of frames for calculation,
wherein the calculating, by the spectral tilt characteristic unit, the mean-square error between the
spectral tilt of at least one audio signal and the spectral tilt average value comprises: calculating the
spectral tilt characteristic parameter according to the relationship between the stipulated number of

frames for calculation and the frame number of the audio signal to be classified.
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