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METHOD FOR PROCESSING SPEECH/AUDIO SIGNAL AND
APPARATUS

[0001] This application claims priority to Chinese Patent Application No. 201410242233.2,
filed with the Chinese Patent Office on June 3, 2014 and entitled "METHOD FOR PROCESSING
SPEECH/AUDIO SIGNAL AND APPARATUS", which is incorporated herein by reference in its

entirety.

TECHNICAL FIELD

[0002] The present invention relates to the communications field, and in particular, to a method

for processing a speech/audio signal and an apparatus.

BACKGROUND

[0003] At present, to achieve better auditory quality, when decoding coded information of a
speech/audio signal, an electronic device reconstructs a noise component of a speech/audio signal
obtained by means of decoding.

[0004] At present, an electronic device reconstructs a noise component of a speech/audio signal
generally by adding a random noise signal to the speech/audio signal. Specifically, weighted
addition is performed on the speech/audio signal and the random noise signal, to obtain a signal
after the noise component of the speech/audio signal is reconstructed. The speech/audio signal may
be a time-domain signal, a frequency-domain signal, or an excitation signal, or may be a low
frequency signal, a high frequency signal, or the like.

[0005] However, it is found that, if the speech/audio signal is a signal having an onset or an
offset, this method for reconstructing a noise component of a speech/audio signal results in that a
signal obtained after the noise component of the speech/audio signal is reconstructed has an echo,

thereby affecting auditory quality of the signal obtained after the noise component is reconstructed.
SUMMARY

[0006] Embodiments of the present invention provide a method for processing a speech/audio

signal and an apparatus, so that for a speech/audio signal having an onset or an offset, when a noise
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component of the speech/audio signal is reconstructed, a signal obtained after the noise component
of the speech/audio signal is reconstructed does not have an echo, thereby improving auditory
quality of the signal obtained after the noise component is reconstructed.
[0007] According to a first aspect, an embodiment of the present invention provides a method
for processing a speech/audio signal, where the method includes:

receiving a bitstream, and decoding the bitstream, to obtain a speech/audio signal;

determining a first speech/audio signal according to the speech/audio signal, where the
first speech/audio signal is a signal, whose noise component needs to be reconstructed, in the
speech/audio signal;

determining a symbol of each sample value in the first speech/audio signal and an
amplitude value of each sample value in the first speech/audio signal;

determining an adaptive normalization length;

determining an adjusted amplitude value of each sample value according to the adaptive
normalization length and the amplitude value of each sample value; and

determining a second speech/audio signal according to the symbol of each sample value
and the adjusted amplitude value of each sample value, where the second speech/audio signal is a
signal obtained after the noise component of the first speech/audio signal is reconstructed.
[0008] With reference to the first aspect, in afirst possible implementation manner of the first
aspect, the determining an adjusted amplitude value of each sample value according to the adaptive
normalization length and the amplitude value of each sample value includes:

calculating, according to the amplitude value of each sample value and the adaptive
normalization length, an average amplitude value corresponding to each sample value, and
determining, according to the average amplitude value corresponding to each sample value, an
amplitude disturbance value corresponding to each sample value; and

caculating the adjusted amplitude value of each sample value according to the
amplitude value of each sample value and according to the amplitude disturbance value
corresponding to each sample value.
[0009] With reference to the first possible implementation manner of the first aspect, in a
second possible implementation manner of the first aspect, the calculating, according to the
amplitude value of each sample value and the adaptive normalization length, an average amplitude
value corresponding to each sample value includes:

determining, for each sample value and according to the adaptive normalization length, a
subband to which the sample value belongs; and

calculating an average value of amplitude values of al sample values in the subband to
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which the sample value belongs, and using the average value obtained by means of calculation as
the average amplitude value corresponding to the sample value.
[0010] With reference to the second possible implementation manner of the first aspect, in a
third possible implementation manner of the first aspect, the determining, for each sample value and
according to the adaptive normalization length, a subband to which the sample value belongs
includes:

performing subband grouping on al sample values in a preset order according to the
adaptive normalization length; and for each sample value, determining a subband including the
sample value as the subband to which the sample value belongs; or

for each sample value, determining a subband consisting of m sample vaues before the
sample value, the sample value, and n sample values after the sample value as the subband to which
the sample value belongs, where m and n depend on the adaptive normalization length, m is an
integer not less than 0, and n is an integer not less than O.
[0011] With reference to the first possible implementation manner of the first aspect, and/or the
second possible implementation manner of the first aspect, and/or the third possible implementation
manner of the first aspect, in a fourth possible implementation manner of the first aspect, the
calculating the adjusted amplitude value of each sample value according to the amplitude value of
each sample value and according to the amplitude disturbance vaue corresponding to each sample
value includes:

subtracting the amplitude disturbance value corresponding to each sample vaue from
the amplitude value of each sample value, to obtain a difference between the amplitude value of
each sample value and the amplitude disturbance value corresponding to each sample vaue, and
using the obtained difference as the adjusted amplitude value of each sample value.
[0012] With reference to the first aspect, and/or the first possible implementation manner of the
first aspect, and/or the second possible implementation manner of the first aspect, and/or the third
possible implementation manner of the first aspect, and/or the fourth possible implementation
manner of the first aspect, in a fifth possible implementation manner of the first aspect, the
determining an adaptive normalization length includes:

dividing alow frequency band signal in the speech/audio signal into N subbands, where
N isanatural number;

caculating a peak-to-average ratio of each subband, and determining a quantity of
subbands whose peak-to-average ratios are greater than a preset peak-to-average ratio threshold;
and

caculating the adaptive normalization length according to a signal type of a high
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frequency band signal in the speech/audio signal and the quantity of the subbands.
[0013] With reference to the fifth possible implementation manner of the first aspect, in a sixth
possible implementation manner of the first aspect, the calculating the adaptive normalization
length according to a signal type of a high frequency band signal in the speech/audio signal and the
guantity of the subbands includes:

calculating the adaptive normalization length according to a formula L =K +axM |
where

L is the adaptive normalization length; K is a numerical value corresponding to the
signa type of the high frequency band signal in the speech/audio signal, and different signal types
of high frequency band signals correspond to different numerical values K; M is the quantity of the
subbands whose peak-to-average ratios are greater than the preset peak-to-average ratio threshold;
and o is a constant less than 1.
[0014] With reference to the first aspect, and/or the first possible implementation manner of the
first aspect, and/or the second possible implementation manner of the first aspect, and/or the third
possible implementation manner of the first aspect, and/or the fourth possible implementation
manner of the first aspect, in a seventh possible implementation manner of the first aspect, the
determining an adaptive normalization length includes:

calculating a peak-to-average ratio of a low frequency band signal in the speech/audio
signal and a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and
when an absolute value of a difference between the peak-to-average ratio of the low frequency band
signa and the peak-to-average ratio of the high frequency band signal is less than a preset
difference threshold, determining the adaptive normalization length as a preset first length value, or
when an absolute value of a difference between the peak-to-average ratio of the low frequency band
signa and the peak-to-average ratio of the high frequency band signa is not less than a preset
difference threshold, determining the adaptive normalization length as a preset second length value,
where the first length value is greater than the second length value; or

calculating a peak-to-average ratio of a low frequency band signal in the speech/audio
signa and a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and
when the peak-to-average ratio of the low frequency band signal is less than the peak-to-average
ratio of the high frequency band signal, determining the adaptive normalization length as a preset
first length value, or when the peak-to-average ratio of the low frequency band signal is not less
than the peak-to-average ratio of the high frequency band signal, determining the adaptive
normalization length as a preset second length value; or

determining the adaptive normalization length according to a signa type of a high
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frequency band signal in the speech/audio signal, where different signa types of high frequency
band signals correspond to different adaptive normalization lengths.
[0015] With reference to the first aspect, and/or the first possible implementation manner of the
first aspect, and/or the second possible implementation manner of the first aspect, and/or the third
possible implementation manner of the first aspect, and/or the fourth possible implementation
manner of the first aspect, and/or the fifth possible implementation manner of the first aspect,
and/or the sixth possible implementation manner of the first aspect, and/or the seventh possible
implementation manner of the first aspect, in an eighth possible implementation manner of the first
aspect, the determining a second speech/audio signal according to the symbol of each sample value
and the adjusted amplitude value of each sample value includes:

determining a new value of each sample value according to the symbol and the adjusted
amplitude value of each sample value, to obtain the second speech/audio signal; or

calculating a modification factor; performing modification processing on an adjusted
amplitude value, which is greater than 0, in the adjusted amplitude values of the sample values
according to the modification factor; and determining a new value of each sample value according
to the symbol of each sample value and an adjusted amplitude value that is obtained after the
modification processing, to obtain the second speech/audio signal.
[0016] With reference to the eighth possible implementation manner of the first aspect, in a
ninth possible implementation manner of the first aspect, the calculating a modification factor
includes:

calculating the modification factor by using a formula f = a/L, where B is the
modification factor, L is the adaptive normalization length, and ais a constant greater than 1.
[0017] With reference to the eighth possible implementation manner of the first aspect, and/or
the ninth possible implementation manner of the first aspect, in a tenth possible implementation
manner of the first aspect, the performing modification processing on an adjusted amplitude value,
which is greater than O, in the adjusted amplitude values of the sample values according to the
modification factor includes:

performing modification processing on the adjusted amplitude value, which is greater

than 0, in the adjusted amplitude values of the sample values by using the following formula:
Y=yx(b-f).
where Y is the adjusted amplitude value obtained after the modification processing; y is
the adjusted amplitude value, which is greater than O, in the adjusted amplitude values of the sample

values, and bisaconstant,and0<b< 2.
[0018] According to a second aspect, an embodiment of the present invention provides an
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apparatus for reconstructing a noise component of a speech/audio signal, including:

a bitstream processing unit, configured to receive a bitstream and decode the bitstream,
to obtain a speech/audio signal;

asigna determining unit, configured to determine a first speech/audio signal according
to the speech/audio signal obtained by the bitstream processing unit, where the first speech/audio
signa is a signal, whose noise component needs to be reconstructed, in the speech/audio signal
obtained by means of decoding;

afirst determining unit, configured to determine a symbol of each sample value in the
first speech/audio signal determined by the signal determining unit and an amplitude value of each
sample value in the first speech/audio signal determined by the signal determining unit;

a second determining unit, configured to determine an adaptive normalization length;

a third determining unit, configured to determine an adjusted amplitude value of each
sample value according to the adaptive normalization length determined by the second determining
unit and the amplitude value that is of each sample value and is determined by the first determining
unit; and

a fourth determining unit, configured to determine a second speech/audio signd
according to the symbol that is of each sample value and is determined by the first determining unit
and the adjusted amplitude value that is of each sample value and is determined by the third
determining unit, where the second speech/audio signal is a signa obtained after the noise
component of the first speech/audio signal is reconstructed.

[0019] With reference to the second aspect, in a first possible implementation manner of the
second aspect, the third determining unit includes:

a determining subunit, configured to calculate, according to the amplitude value of each
sample value and the adaptive normalization length, an average amplitude value corresponding to
each sample value, and determine, according to the average amplitude value corresponding to each
sample value, an amplitude disturbance value corresponding to each sample value; and

an adjusted amplitude value calculation unit, configured to calculate the adjusted
amplitude value of each sample value according to the amplitude value of each sample value and
according to the amplitude disturbance val ue corresponding to each sample value.

[0020] With reference to the first possible implementation manner of the second aspect, in a
second possible implementation manner of the second aspect, the determining subunit includes:

a determining module, configured to determine, for each sample value and according to
the adaptive normalization length, a subband to which the sample value belongs; and

a calculation module, configured to calculate an average value of amplitude values of all
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sample values in the subband to which the sample value belongs, and use the average value
obtained by means of calculation as the average amplitude val ue corresponding to the sample value.
[0021] With reference to the second possible implementation manner of the second aspect, in a
third possible implementation manner of the second aspect, the determining module is specifically
configured to:

perform subband grouping on all sample values in a preset order according to the
adaptive normalization length; and for each sample value, determine a subband including the
sample value as the subband to which the sample value belongs; or

for each sample value, determine a subband consisting of m sample values before the
sample value, the sample value, and n sample values after the sample value as the subband to which
the sample value belongs, where m and n depend on the adaptive normalization length, m is an
integer not less than 0, and n is an integer not less than 0.
[0022] With reference to the first possible implementation manner of the second aspect, and/or
the second possible implementation manner of the second aspect, and/or the third possible
implementation manner of the second aspect, in a fourth possible implementation manner of the
second aspect, the adjusted amplitude value calculation subunit is specifically configured to:

subtract the amplitude disturbance value corresponding to each sample value from the
amplitude value of each sample value, to obtain a difference between the amplitude value of each
sample value and the amplitude disturbance value corresponding to each sample value, and use the
obtained difference as the adjusted amplitude val ue of each sample value.
[0023] With reference to the second aspect, and/or the first possible implementation manner of
the second aspect, and/or the second possible implementation manner of the second aspect, and/or
the third possible implementation manner of the second aspect, and/or the fourth possible
implementation manner of the second aspect, in a fifth possible implementation manner of the
second aspect, the second determining unit includes:

adivision subunit, configured to divide alow frequency band signal in the speech/audio
signa into N subbands, where N is a natural number;

a quantity determining subunit, configured to calculate a peak-to-average ratio of each
subband, and determine a quantity of subbands whose peak-to-average ratios are greater than a
preset peak-to-average ratio threshold; and

a length calculation subunit, configured to calculate the adaptive normalization length
according to a signal type of a high frequency band signa in the speech/audio signal and the
quantity of the subbands.

[0024] With reference to the fifth possible implementation manner of the second aspect, in a
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sixth possible implementation manner of the second aspect, the length calculation subunit is
specifically configured to:

calculate the adaptive normalization length according to a formula L=K +axM |
where

L is the adaptive normalization length; K is a numerical value corresponding to the
signal type of the high frequency band signal in the speech/audio signal, and different signal types
of high frequency band signals correspond to different numerical values K; M is the quantity of the
subbands whose peak-to-average ratios are greater than the preset peak-to-average ratio threshold;
and o is a constant less than 1.
[0025] With reference to the second aspect, and/or the first possible implementation manner of
the second aspect, and/or the second possible implementation manner of the second aspect, and/or
the third possible implementation manner of the second aspect, and/or the fourth possible
implementation manner of the second aspect, in a seventh possible implementation manner of the
second aspect, the second determining unit is specifically configured to:

calculate a peak-to-average ratio of a low frequency band signal in the speech/audio
signa and a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and
when an absolute value of a difference between the peak-to-average ratio of the low frequency band
signal and the peak-to-average ratio of the high frequency band signa is less than a preset
difference threshold, determine the adaptive normalization length as a preset first length value, or
when an absolute value of a difference between the peak-to-average ratio of the low frequency band
signa and the peak-to-average ratio of the high frequency band signa is not less than a preset
difference threshold, determine the adaptive normalization length as a preset second length value,
where the first length value is greater than the second length value; or

calculate a peak-to-average ratio of a low frequency band signal in the speech/audio
signa and a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and
when the peak-to-average ratio of the low frequency band signal is less than the peak-to-average
ratio of the high frequency band signal, determine the adaptive normalization length as a preset first
length value, or when the peak-to-average ratio of the low frequency band signal is not less than the
peak-to-average ratio of the high frequency band signal, determine the adaptive normalization
length as a preset second length value; or

determine the adaptive normalization length according to a signa type of a high
frequency band signal in the speech/audio signal, where different signal types of high frequency
band signals correspond to different adaptive normalization lengths.
[0026] With reference to the second aspect, and/or the first possible implementation manner of
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the second aspect, and/or the second possible implementation manner of the second aspect, and/or
the third possible implementation manner of the second aspect, and/or the fourth possible
implementation manner of the second aspect, and/or the fifth possible implementation manner of
the second aspect, and/or the sixth possible implementation manner of the second aspect, and/or the
seventh possible implementation manner of the second aspect, in an eighth possible implementation
manner of the second aspect, the fourth determining unit is specifically configured to:

determine a new value of each sample value according to the symbol and the adjusted
amplitude value of each sample value, to obtain the second speech/audio signal; or

calculate a modification factor; perform modification processing on an adjusted
amplitude value, which is greater than 0, in the adjusted amplitude values of the sample values
according to the modification factor; and determine a new value of each sample value according to
the symbol of each sample value and an adjusted amplitude value that is obtained after the
modification processing, to obtain the second speech/audio signal.
[0027] With reference to the eighth possible implementation manner of the second aspect, in a
ninth possible implementation manner of the second aspect, the fourth determining unit is
specifically configured to calculate the modification factor by using a formula = a/L, where B is
the modification factor, L is the adaptive normalization length, and ais a constant greater than 1.
[0028] With reference to the eighth possible implementation manner of the second aspect and/or
the ninth possible implementation manner of the second aspect, in a tenth possible implementation
manner of the second aspect, the fourth determining unit is specifically configured to:

perform modification processing on the adjusted amplitude value, which is greater than
0, in the adjusted amplitude values of the sample values by using the following formula:

Y=yx(b-p),

where Y is the adjusted amplitude value obtained after the modification processing; y is
the adjusted amplitude value, which is greater than O, in the adjusted amplitude values of the sample
values; and bisaconstant,and 0 <b < 2.
[0029] In the embodiments, a bitstream is received, and the bitstream is decoded, to obtain a
speech/audio signal; afirst speech/audio signal is determined according to the speech/audio signal;
a symbol of each sample value in the first speech/audio signa and an amplitude value of each
sample value in the first speech/audio signa are determined; an adaptive normalization length is
determined; an adjusted amplitude value of each sample value is determined according to the
adaptive normalization length and the amplitude value of each sample vaue; and a second
speech/audio signal is determined according to the symbol of each sample value and the adjusted
amplitude value of each sample value. In this process, only an origina signal, that is, the first
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speech/audio signal is processed, and no new signal is added to the first speech/audio signal, so that
no new energy is added to a second speech/audio signal obtained after a noise component is
reconstructed. Therefore, if the first speech/audio signal has an onset or an offset, no echo is added
to the second speech/audio signal, thereby improving auditory quality of the second speech/audio
signal.

[0030] It should be understood that, the foregoing genera descriptions and the following
detailed descriptions are merely exemplary, and do not intend to limit the protection scope of the

present invention.

BRIEF DESCRIPTION OF DRAWINGS

[0031] 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 of
ordinary skill in the art may still derive other drawings from these accompanying drawings without
credtive efforts.

[0032] FIG. 1 is a schematic flowchart of a method for reconstructing a noise component of a
speech/audio signal according to an embodiment of the present invention;

[0033] FIG. 1A is a schematic diagram of an example of grouping sample values according to
an embodiment of the present invention;

[0034] FIG. 1B is another schematic diagram of an example of grouping sample values
according to an embodiment of the present invention;

[0035] FIG. 2 is a schematic flowchart of another method for reconstructing a noise component
of a speech/audio signal according to an embodiment of the present invention;

[0036] FIG. 3 is aschematic flowchart of another method for reconstructing a noise component
of a speech/audio signal according to an embodiment of the present invention;

[0037] FIG. 4 is a schematic structural diagram of an apparatus for reconstructing a noise
component of a speech/audio signal according to an embodiment of the present invention; and
[0038] FIG. 5 is a schematic structural diagram of an electronic device according to an
embodiment of the present invention.

[0039] The foregoing accompanying drawings show specific embodiments of the present
invention, and more detailed descriptions are provided in the following. The accompanying
drawings and text descriptions are not intended to limit the scope of the idea of the present

invention in any manner, but are intended to describe the concept of the present invention for a
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person skilled in the art with reference to particular embodi ments.

DESCRIPTION OF EMBODIMENTS

[0040] 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 a part
rather than 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 efforts shall fall within the protection scope of the present invention.

[0041] Numerous specific details are mentioned in the following detailed descriptions to
provide a thorough understanding of the present invention. However, a person skilled in the art
should understand that the present invention may be implemented without these specific details. In
other embodiments, a method, a process, a component, and a circuit that are publicly known are not
described in detail so as not to unnecessarily obscure the embodiments.

[0042] Referring to FIG. 1, FIG. 1 is a flowchart of a method for reconstructing a noise
component of a speech/audio signal according to an embodiment of the present invention. The
method includes:

[0043] Step 101: Receive a bitstream, and decode the bitstream, to obtain a speech/audio signal.
[0044] Details on how to decode a bitstream, to obtain a speech/audio signal is not described
herein.

[0045] Step 102: Determine a first speech/audio signa according to the speech/audio signal,
where the first speech/audio signal is a signal, whose noise component needs to be reconstructed, in
the speech/audio signal obtained by means of decoding.

[0046] The first speech/audio signal may be alow frequency band signal, a high frequency band
signal, afullband signal, or the like in the speech/audio signal obtained by means of decoding.
[0047] The speech/audio signal obtained by means of decoding may include a low frequency
band signal and a high frequency band signal, or may include afullband signal.

[0048] Step 103: Determine a symbol of each sample value in the first speech/audio signal and
an amplitude value of each sample value in the first speech/audio signal.

[0049] When the first speech/audio signal has different implementation manners,
implementation manners of the sample value may also be different. For example, if the first
speech/audio signal is a frequency-domain signal, the sample value may be a spectrum coefficient;
if the speech/audio signal is atime-domain signal, the sample value may be a sample point value.

[0050] Step 104: Determine an adaptive normalization length.
11
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[0051] The adaptive normalization length may be determined according to a related parameter
of a low frequency band signa and/or a high frequency band signal of the speech/audio signal
obtained by means of decoding. Specificaly, the related parameter may include a signal type, a
peak-to-average ratio, and the like. For example, in a possible implementation manner, the
determining an adaptive normalization length may include:

dividing the low frequency band signal in the speech/audio signal into N subbands,
where N is anatura number;

caculating a peak-to-average ratio of each subband, and determining a quantity of
subbands whose peak-to-average ratios are greater than a preset peak-to-average ratio threshold;
and

calculating the adaptive normalization length according to a signal type of the high
frequency band signal in the speech/audio signal and the quantity of the subbands.
[0052] Optionally, the calculating the adaptive normalization length according to a signal type
of the high frequency band signal in the speech/audio signal and the quantity of the subbands may
include:

calculating the adaptive normalization length according to a formula L =K +axM |
where

L is the adaptive normalization length; K is a numerical value corresponding to the
signal type of the high frequency band signal in the speech/audio signal, and different signal types
of high frequency band signals correspond to different numerical values K; M is the quantity of the
subbands whose peak-to-average ratios are greater than the preset peak-to-average ratio threshold;
and o is a constant less than 1.
[0053] In another possible implementation manner, the adaptive normalization length may be
calculated according to a signa type of the low frequency band signa in the speech/audio signal
and the quantity of the subbands. For a specific caculation formula, refer to the formula
L=K+axM  Adifferenceliesin only that, in this case, K is anumerica value corresponding to
the signal type of the low frequency band signal in the speech/audio signal. Different signal types of
low frequency band signals correspond to different numerical values K.
[0054] In a third possible implementation manner, the determining an adaptive normalization
length may include:

calculating a peak-to-average ratio of the low frequency band signal in the speech/audio
signal and a peak-to-average ratio of the high frequency band signal in the speech/audio signal; and
when an absolute value of a difference between the peak-to-average ratio of the low frequency band

signal and the peak-to-average ratio of the high frequency band signa is less than a preset
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difference threshold, determining the adaptive normalization length as a preset first length value, or
when an absolute value of a difference between the peak-to-average ratio of the low frequency band
signa and the peak-to-average ratio of the high frequency band signa is not less than a preset
difference threshold, determining the adaptive normalization length as a preset second length value.
The first length value is greater than the second length value. The first length value and the second
length value may also be obtained by means of calculation by using a ratio of the peak-to-average
ratio of the low frequency band signal to the peak-to-average ratio of the high frequency band signa
or a difference between the peak-to-average ratio of the low frequency band signal and the
peak-to-average ratio of the high frequency band signal. A specific calculation method is not
limited.
[0055] In a fourth possible implementation manner, the determining an adaptive normalization
length may include:

calculating a peak-to-average ratio of the low frequency band signal in the speech/audio
signa and a peak-to-average ratio of the high frequency band signal in the speech/audio signal; and
when the peak-to-average ratio of the low frequency band signal is less than the peak-to-average
ratio of the high frequency band signal, determining the adaptive normalization length as a preset
first length value, or when the peak-to-average ratio of the low frequency band signal is not less
than the peak-to-average ratio of the high frequency band signal, determining the adaptive
normalization length as a preset second length value. The first length value is greater than the
second length value. The first length value and the second length value may also be obtained by
means of calculation by using aratio of the peak-to-average ratio of the low frequency band signal
to the peak-to-average ratio of the high frequency band signa or a difference between the
peak-to-average ratio of the low frequency band signal and the peak-to-average ratio of the high
frequency band signal. A specific calculation method is not limited.
[0056] In a fifth possible implementation manner, the determining an adaptive normalization
length may include: determining the adaptive normalization length according to a signal type of the
high frequency band signal in the speech/audio signal. Different signal types correspond to different
adaptive normalization lengths. For example, when the signal type is a harmonic signal, a
corresponding adaptive normalization length is 32; when the signal type is a norma signa, a
corresponding adaptive normalization length is 16; when the signa type is a transient signal, a
corresponding adaptive normalization length is 8.
[0057] Step 105: Determine an adjusted amplitude value of each sample value according to the
adaptive normalization length and the amplitude value of each sample value.

[0058] The determining an adjusted amplitude value of each sample value according to the

13



10

15

20

25

30

adaptive normalization length and the amplitude value of each sample value may include:

calculating, according to the amplitude value of each sample value and the adaptive
normalization length, an average amplitude value corresponding to each sample value, and
determining, according to the average amplitude value corresponding to each sample value, an
amplitude disturbance value corresponding to each sample value; and

calculating the adjusted amplitude value of each sample vaue according to the
amplitude value of each sample value and according to the amplitude disturbance vaue
corresponding to each sample value.
[0059] The calculating, according to the amplitude value of each sample value and the adaptive
normalization length, an average amplitude value corresponding to each sample value may include:

determining, for each sample value and according to the adaptive normalization length, a
subband to which the sample value belongs; and

calculating an average value of amplitude values of al sample values in the subband to
which the sample value belongs, and using the average value obtained by means of calculation as
the average amplitude value corresponding to the sample value.
[0060] The determining, for each sample value and according to the adaptive normalization
length, a subband to which the sample value belongs may include:

performing subband grouping on al sample values in a preset order according to the
adaptive normalization length; and for each sample value, determining a subband including the
sample value as the subband to which the sample value belongs.
[0061] The preset order may be, for example, an order from a low frequency to a high
frequency or an order from a high frequency to alow frequency, which is not limited herein.
[0062] For example, referring to FIG. 1A, assuming that sample values in ascending order are
respectively x1, x2, x3, ..., and xn, and the adaptive normalization length is 5, x1 to x5 may be
grouped into one subband, and x6 to x10 may be grouped into one subband. By analogy, several
subbands are obtained. Therefore, for each sample value in x1 to x5, a subband x1 to x5 is a
subband to which each sample value belongs, and for each sample value in x6 to x10, a subband x6
to x10 is a subband to which each sample value belongs.
[0063] Alternatively, the determining, for each sample value and according to the adaptive
normalization length, a subband to which the sample value belongs may include:

for each sample value, determining a subband consisting of m sample vaues before the
sample value, the sample value, and n sample values after the sample value as the subband to which
the sample value belongs, where m and n depend on the adaptive normalization length, m is an

integer not less than 0, and n is an integer not less than O.
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[0064] For example, referring to FIG. 1B, it is assumed that sample values in ascending order
arerespectively x1, x2, x3, ..., and xn, the adaptive normalization length is5, mis2, and nis 2. For
the sample value x3, a subband consisting of x1 to x5 is a subband to which the sample value x3
belongs. For the sample value x4, a subband consisting of x2 to x6 is a subband to which the sample
value x4 belongs. The rest can be deduced by analogy. Because there is not enough sample values
before the sample values x1 and x2 to form subbands to which the sample values x1 and x2 belong,
and there is not enoughsample values after the sample values x(n-1) and xn to form subbands to
which the sample values x(n-1) and xn belong, in an actual application, the subbands to which x1,
x2, X(n-1), and xn belong may be autonomously set. For example, the sample value itself may be
added to compensate for alack of a sample value in the subband to which the sample value belongs.
For example, for the sample value x1, there is no sample value before the sample value x1, and x1,
x1, x1, X2, and x3 may be used as the subband to which the sample value x1 belongs.
[0065] When the amplitude disturbance value corresponding to each sample value is determined
according to the average amplitude value corresponding to each sample vaue, the average
amplitude value corresponding to each sample value may be directly used as the amplitude
disturbance value corresponding to each sample value. Alternatively, a preset operation may be
performed on the average amplitude value corresponding to each sample value, to obtain the
amplitude disturbance value corresponding to each sample value. The preset operation may be, for
example, that the average amplitude value is multiplied by a numerical value. The numerical value
isgenerally greater than 0.
[0066] The calculating the adjusted amplitude value of each sample value according to the
amplitude value of each sample value and according to the amplitude disturbance value
corresponding to each sample value may include:

subtracting the amplitude disturbance value corresponding to each sample vaue from
the amplitude value of each sample value, to obtain a difference between the amplitude value of
each sample value and the amplitude disturbance value corresponding to each sample vaue, and
using the obtained difference as the adjusted amplitude value of each sample vaue.
[0067] Step 106: Determine a second speech/audio signal according to the symbol of each
sample value and the adjusted amplitude value of each sample value, where the second
speech/audio signal is asignal obtained after the noise component of the first speech/audio signadl is
reconstructed.
[0068] In a possible implementation manner, a new value of each sample value may be
determined according to the symbol and the adjusted amplitude value of each sample value, to

obtain the second speech/audio signal.
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[0069] In another possible implementation manner, the determining a second speech/audio
signa according to the symbol of each sample vaue and the adjusted amplitude value of each
sample value may include:

calculating a modification factor;

performing modification processing on an adjusted amplitude value, which is greater
than O, in the adjusted amplitude values of the sample values according to the modification factor;
and

determining a new value of each sample value according to the symbol of each sample
value and an adjusted amplitude value that is obtained after the modification processing, to obtain
the second speech/audio signal.
[0070] In a possible implementation manner, the obtained second speech/audio signal may
include new values of all the sample values.
[0071] The modification factor may be calculated according to the adaptive normalization
length. Specifically, the modification factor f may be equal to a/L, where a is a constant greater than
1
[0072] The performing modification processing on an adjusted amplitude vaue, which is
greater than 0, in the adjusted amplitude values of the sample values according to the modification
factor may include:

performing modification processing on the adjusted amplitude value, which is greater
than 0, in the adjusted amplitude values of the sample values by using the following formula:

Y=yx(b-).

where Y is the adjusted amplitude value obtained after the modification processing; y is
the adjusted amplitude value, which is greater than 0, in the adjusted amplitude values of the sample
values; and bisaconstant,and 0 <b < 2.
[0073] The step of extracting the symbol of each sample value in the first speech/audio signal in
step 103 may be performed at any time before step 106. There is no necessary execution order
between the step of extracting the symbol of each sample value in the first speech/audio signal and
step 104 and step 105.
[0074] An execution order between step 103 and step 104 is not limited.
[0075] In the prior art, when a speech/audio signal is a signal having an onset or an offset, a
time-domain signal in the speech/audio signal may be within one frame. In this case, a part of the
speech/audio signa has an extremely large signal sample point value and extremely powerful signal
energy, while another part of the speech/audio signal has an extremely small signa sample point
value and extremely weak signa energy. In this case, a random noise signa is added to the
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speech/audio signal in a frequency domain, to obtain a signal obtained after a noise component is
reconstructed. Because energy of the random noise signal is even within one frame in a time
domain, when a frequency-domain signal obtained after a noise component is reconstructed is
converted into a time-domain signal, the newly added random noise signal generally causes signal
energy of a part, whose original sample point value is extremely small, in the time-domain signal
obtained by means of conversion to increase. A signa sample point value of this part also
correspondingly becomes relatively large. Consequently, the signal obtained after a noise
component is reconstructed has some echoes, which affects auditory quality of the signal obtained
after a noise component is reconstructed.

[0076] In this embodiment, a first speech/audio signa is determined according to a
speech/audio signal; a symbol of each sample value in the first speech/audio signal and an
amplitude value of each sample value in the first speech/audio signal are determined; an adaptive
normalization length is determined; an adjusted amplitude value of each sample value is determined
according to the adaptive normalization length and the amplitude value of each sample value; and a
second speech/audio signal is determined according to the symbol of each sample value and the
adjusted amplitude value of each sample value. In this process, only an origina signal, that is, the
first speech/audio signal is processed, and no new signal is added to the first speech/audio signal, so
that no new energy is added to a second speech/audio signal obtained after a noise component is
reconstructed. Therefore, if the first speech/audio signal has an onset or an offset, no echo is added
to the second speech/audio signal, thereby improving auditory quality of the second speech/audio
signal.

[0077] Referring to FIG. 2, FIG. 2 is another schematic flowchart of a method for
reconstructing a noise component of a speech/audio signal according to an embodiment of the
present invention. The method includes:

[0078] Step 201: Receive a bitstream, decode the bitstream, to obtain a speech/audio signal,
where the speech/audio signal obtained by means of decoding includes alow frequency band signal
and a high frequency band signal; and determine the high frequency band signa as a first
speech/audio signal.

[0079] How to decode the bitstream is not limited in the present invention.

[0080] Step 202: Determine a symbol of each sample value in the high frequency band signal
and an amplitude value of each sample value in the high frequency band signal.

[0081] For example, if a coefficient of a sample vaue in the high frequency band signal is—4, a
symbol of the sample valueis"—", and an amplitude value is 4.

[0082] Step 203: Determine an adaptive normalization length.

17



10

15

20

25

30

[0083] For details on how to determine the adaptive normalization length, refer to related
descriptions in step 104. Details are not described herein again.

[0084] Step 204: Determine, according to the amplitude value of each sample value and the
adaptive normalization length, an average amplitude value corresponding to each sample value, and
determine, according to the average amplitude value corresponding to each sample vaue, an
amplitude disturbance value corresponding to each sample value.

[0085] For how to determine the average amplitude value corresponding to each sample value,
refer to related descriptions in step 105. Details are not described herein again.

[0086] Step 205: Calculate an adjusted amplitude value of each sample value according to the
amplitude value of each sample value and according to the amplitude disturbance value
corresponding to each sample value.

[0087] For how to determine the adjusted amplitude value of each sample value, refer to related
descriptions in step 105. Details are not described herein again.

[0088] Step 206: Determine a second speech/audio signal according to the symbol and the
adjusted amplitude value of each sample value.

[0089] The second speech/audio signal is a signal obtained after a noise component of the first
speech/audio signal is reconstructed.

[0090] For specific implementation in this step, refer to related descriptions in step 106. Details
are not described herein again.

[0091] The step of determining the symbol of each sample value in the first speech/audio signal
in step 202 may be performed at any time before step 206. There is no necessary execution order
between the step of determining the symbol of each sample value in the first speech/audio signa
and step 203, step 204, and step 205.

[0092] An execution order between step 202 and step 203 is not limited.

[0093] Step 207: Combine the second speech/audio signal and the low frequency band signal in
the speech/audio signal obtained by means of decoding, to obtain an output signal.

[0094] If the first speech/audio signa is alow frequency band signal in the speech/audio signal
obtained by means of decoding, the second speech/audio signal and a high frequency band signal in
the speech/audio signal obtained by means of decoding may be combined, to obtain an output
signal.

[0095] If the first speech/audio signal is a high frequency band signal in the speech/audio signal
obtained by means of decoding, the second speech/audio signal and a low frequency band signal in
the speech/audio signal obtained by means of decoding may be combined, to obtain an output

signa.
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[0096] If the first speech/audio signal is afullband signal in the speech/audio signal obtained by
means of decoding, the second speech/audio signal may be directly determined as the output signal.

[0097] In this embodiment, by reconstructing a noise component of a high frequency band
signa in a speech/audio signal obtained by means of decoding, the noise component of the high
frequency band signal is finally reconstructed, to obtain a second speech/audio signal. Therefore, if
the high frequency band signal has an onset or an offset, no echo is added to the second
speech/audio signal, thereby improving auditory quality of the second speech/audio signal and
further improving auditory quality of the output signal finally outpuit.

[0098] Referring to FIG. 3, FIG. 3 is another schematic flowchart of a method for
reconstructing a noise component of a speech/audio signal according to an embodiment of the
present invention. The method includes:

[0099] Step 301 to step 305 are the same as step 201 to step 205, and details are not described
herein again.

[0100] Step 306: Calculate a modification factor; and perform modification processing on an
adjusted amplitude value, which is greater than O, in the adjusted amplitude values of the sample
values according to the modification factor.

[0101] For specific implementation in this step, refer to related descriptions in step 106. Details
are not described herein again.

[0102] Step 307: Determine a second speech/audio signal according to the symbol of each
sample value and an adjusted amplitude value obtained after the modification processing.

[0103] For specific implementation in this step, refer to related descriptions in step 106. Details
are not described herein again.

[0104] The step of determining the symbol of each sample value in the first speech/audio signal
in step 302 may be performed at any time before step 307. There is no necessary execution order
between the step of determining the symbol of each sample value in the first speech/audio signa
and step 303, step 304, step 305, and step 306.

[0105] An execution order between step 302 and step 303 is not limited.

[0106] Step 308: Combine the second speech/audio signal and a low frequency band signal in
the speech/audio signal obtained by means of decoding, to obtain an output signal.

[0107] Relative to the embodiment shown in FIG. 2, in this embodiment, after the adjusted
amplitude value of each sample value is obtained, and an adjusted amplitude value, which is greater
than 0, in the adjusted amplitude values is further modified, thereby further improving auditory
quality of the second speech/audio signal, and further improving auditory quality of the output
signal finally output.

19



10

15

20

25

30

[0108] In the exemplary methods for reconstructing a noise component of a speech/audio signal
in FIG. 2 and FIG. 3 according to the embodiments of the present invention, a high frequency band
signa in the speech/audio signal obtained by means of decoding is determined as the first
speech/audio signal, and a noise component of the first speech/audio signal is reconstructed, to
finally obtain the second speech/audio signal. In an actual application, according to the method for
reconstructing a noise component of a speech/audio signa according to the embodiments of the
present invention, a noise component of a fullband signal of the speech/audio signal obtained by
means of decoding may be reconstructed, or a noise component of a low frequency band signal of
the speech/audio signal obtained by means of decoding is reconstructed, to finally obtain a second
speech/audio signal. For an implementation process thereof, refer to the exemplary methods shown
in FIG. 2 and FIG. 3. A difference lies in only that, when a first speech/audio signal is to be
determined, afullband signal or alow frequency band signal is determined as the first speech/audio
signal. Descriptions are not provided by using examples one by one herein.

[0109] Referring to FIG. 4, FIG. 4 is a schematic structural diagram of an apparatus for
reconstructing a noise component of a speech/audio signal according to an embodiment of the
present invention. The apparatus may be disposed in an electronic device. An apparatus 400 may
include:

a bitstream processing unit 410, configured to receive a bitstream and decode the
bitstream, to obtain a speech/audio signal; and determine afirst speech/audio signal according to the
speech/audio signal, where the first speech/audio signal is a signal, whose noise component needs
to be reconstructed, in the speech/audio signal obtained by means of decoding;

a signa determining unit 420, configured to determine the first speech/audio signal
according to the speech/audio signal obtained by the bitstream processing unit 410;

afirst determining unit 430, configured to determine a symbol of each sample value in
the first speech/audio signal determined by the signal determining unit 420 and an amplitude value
of each sample value in the first speech/audio signal determined by the signal determining unit 420;

a second determining unit 440, configured to determine an adaptive normalization
length;

a third determining unit 450, configured to determine an adjusted amplitude value of
each sample value according to the adaptive normalization length determined by the second
determining unit 440 and the amplitude value that is of each sample value and is determined by the
first determining unit 430; and

a fourth determining unit 460, configured to determine a second speech/audio signal

according to the symbol that is of each sample value and is determined by the first determining unit
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430 and the adjusted amplitude value that is of each sample value and is determined by the third
determining unit 450, where the second speech/audio signal is a signal obtained after the noise
component of the first speech/audio signal is reconstructed.

[0110] Optionally, the third determining unit 450 may include:

a determining subunit, configured to calculate, according to the amplitude value of each
sample value and the adaptive normalization length, an average amplitude value corresponding to
each sample value, and determine, according to the average amplitude value corresponding to each
sample value, an amplitude disturbance value corresponding to each sample value; and

an adjusted amplitude value calculation subunit, configured to calculate the adjusted
amplitude value of each sample value according to the amplitude value of each sample value and
according to the amplitude disturbance val ue corresponding to each sample value.

[0111] Optionally, the determining subunit may include:

a determining module, configured to determine, for each sample value and according to
the adaptive normalization length, a subband to which the sample value belongs; and

a calculation module, configured to calculate an average value of amplitude values of all
sample values in the subband to which the sample value belongs, and use the average value
obtained by means of calculation as the average amplitude val ue corresponding to the sample value.
[0112] Optionally, the determining module may be specifically configured to:

perform subband grouping on all sample values in a preset order according to the
adaptive normalization length; and for each sample value, determine a subband including the
sample value as the subband to which the sample value belongs; or

for each sample value, determine a subband consisting of m sample values before the
sample value, the sample value, and n sample values after the sample value as the subband to which
the sample value belongs, where m and n depend on the adaptive normalization length, m is an
integer not less than 0, and n is an integer not less than 0.

[0113] Optionally, the adjusted amplitude value calculation subunit is specifically configured
to:

subtract the amplitude disturbance value corresponding to each sample vaue from the
amplitude value of each sample value, to obtain a difference between the amplitude value of each
sample value and the amplitude disturbance value corresponding to each sample value, and use the
obtained difference as the adjusted amplitude value of each sample value.

[0114] Optionally, the second determining unit 440 may include:
adivision subunit, configured to divide alow frequency band signal in the speech/audio

signa into N subbands, where N is a natural number;
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a quantity determining subunit, configured to calculate a peak-to-average ratio of each
subband, and determine a quantity of subbands whose peak-to-average ratios are greater than a
preset peak-to-average ratio threshold; and

a length calculation subunit, configured to calculate the adaptive normalization length
according to a signal type of a high frequency band signa in the speech/audio signa and the
guantity of the subbands.
[0115] Optionally, the length cal culation subunit may be specifically configured to:

calculate the adaptive normalization length according to a formula L=K +axM |
where

L is the adaptive normalization length; K is a numerical value corresponding to the
signal type of the high frequency band signal in the speech/audio signal, and different signal types
of high frequency band signals correspond to different numerical values K; M is the quantity of the
subbands whose peak-to-average ratios are greater than the preset peak-to-average ratio threshold;
and o is a constant less than 1.
[0116] Optionally, the second determining unit 440 may be specifically configured to:

calculate a peak-to-average ratio of a low frequency band signal in the speech/audio
signa and a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and
when an absolute value of a difference between the peak-to-average ratio of the low frequency band
signal and the peak-to-average ratio of the high frequency band signa is less than a preset
difference threshold, determine the adaptive normalization length as a preset first length value, or
when an absolute value of a difference between the peak-to-average ratio of the low frequency band
signa and the peak-to-average ratio of the high frequency band signa is not less than a preset
difference threshold, determine the adaptive normalization length as a preset second length value,
where the first length value is greater than the second length value; or

calculate a peak-to-average ratio of a low frequency band signal in the speech/audio
signal and a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and
when the peak-to-average ratio of the low frequency band signal is less than the peak-to-average
ratio of the high frequency band signal, determine the adaptive normalization length as a preset first
length value, or when the peak-to-average ratio of the low frequency band signal is not less than the
peak-to-average ratio of the high frequency band signal, determine the adaptive normalization
length as a preset second length value; or

determine the adaptive normalization length according to a signa type of a high
frequency band signal in the speech/audio signal, where different signa types of high frequency
band signals correspond to different adaptive normalization lengths.
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[0117] Optionally, the fourth determining unit 460 may be specifically configured to:

determine a new value of each sample value according to the symbol and the adjusted
amplitude value of each sample value, to obtain the second speech/audio signal; or

caculate a modification factor; perform modification processing on an adjusted
amplitude value, which is greater than 0, in the adjusted amplitude values of the sample values
according to the modification factor; and determine a new value of each sample value according to
the symbol of each sample value and an adjusted amplitude value that is obtained after the
modification processing, to obtain the second speech/audio signal.
[0118] Optionally, the fourth determining unit 460 may be specifically configured to calculate
the modification factor by using a formula B = a/L, where B is the modification factor, L is the
adaptive normalization length, and ais a constant greater than 1.
[0119] Optionally, the fourth determining unit 460 may be specifically configured to:

perform modification processing on the adjusted amplitude value, which is greater than
0, in the adjusted amplitude values of the sample values by using the following formula:

Y=yx(b-p).

where Y is the adjusted amplitude value obtained after the modification processing; y is
the adjusted amplitude value, which is greater than O, in the adjusted amplitude values of the sample
values; and bisaconstant,and 0 <b < 2.
[0120] In this embodiment, a first speech/audio signal is determined according to a
speech/audio signal; a symbol of each sample value in the first speech/audio signa and an
amplitude value of each sample value in the first speech/audio signal are determined; an adaptive
normalization length is determined; an adjusted amplitude value of each sample value is determined
according to the adaptive normalization length and the amplitude value of each sample value; and a
second speech/audio signal is determined according to the symbol of each sample value and the
adjusted amplitude value of each sample value. In this process, only an origina signal, that is, the
first speech/audio signal is processed, and no new signal is added to the first speech/audio signal, so
that no new energy is added to a second speech/audio signal obtained after a noise component is
reconstructed. Therefore, if the first speech/audio signal has an onset or an offset, no echo is added
to the second speech/audio signal, thereby improving auditory quality of the second speech/audio
signal.
[0121] Referring to FIG. 5, FIG. 5 is a structural diagram of an electronic device according to
an embodiment of the present invention. An electronic device 500 includes a processor 510, a
memory 520, atransceiver 530, and a bus 540.

[0122] The processor 510, the memory 520, and the transceiver 530 are connected to each other
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by using the bus 540, and the bus 540 may be an ISA bus, a PCI bus, an EISA bus, or the like. The
bus may be classified into an address bus, a data bus, a control bus, or the like. For ease of
indication, the bus shown in FIG. 5 isindicated by using only one bold line, but it does not indicate
that there is only one bus or only one type of bus.
[0123] The memory 520 is configured to store a program. Specifically, the program may
include program code, and the program code includes a computer operation instruction. The
memory 520 may include a high-speed RAM memory, and may further include a non-volatile
memory (non-volatile memory), such as at least one magnetic disk storage.
[0124] The transceiver 530 is configured to connect to another device, and communicate with
the another device. Specifically, the transceiver 530 may be configured to receive a bitstream.
[0125] The processor 510 executes the program code stored in the memory 520 and is
configured to: decode the bitstream, to obtain a speech/audio signal; determine a first speech/audio
signa according to the speech/audio signal; determine a symbol of each sample value in the first
speech/audio signal and an amplitude value of each sample value in the first speech/audio signal;
determine an adaptive normalization length; determine an adjusted amplitude value of each sample
value according to the adaptive normalization length and the amplitude value of each sample value;
and determine a second speech/audio signal according to the symbol of each sample value and the
adjusted amplitude value of each sample value.
[0126] Optionally, the processor 510 may be specifically configured to:

calculate, according to the amplitude value of each sample value and the adaptive
normalization length, an average amplitude value corresponding to each sample value, and
determine, according to the average amplitude value corresponding to each sample value, an
amplitude disturbance value corresponding to each sample value; and

calculate the adjusted amplitude value of each sample value according to the amplitude
value of each sample value and according to the amplitude disturbance val ue corresponding to each
sample value.
[0127] Optionally, the processor 510 may be specifically configured to:

determine, for each sample value and according to the adaptive normalization length, a
subband to which the sample value belongs; and

calculate an average value of amplitude values of al sample values in the subband to
which the sample value belongs, and use the average value obtained by means of calculation as the
average amplitude val ue corresponding to the sample value.
[0128] Optionally, the processor 510 may be specifically configured to:

perform subband grouping on all sample values in a preset order according to the
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adaptive normalization length; and for each sample value, determine a subband including the
sample value as the subband to which the sample value belongs; or

for each sample value, determine a subband consisting of m sample values before the
sample value, the sample value, and n sample values after the sample value as the subband to which
the sample value belongs, where m and n depend on the adaptive normalization length, m is an
integer not less than 0, and n is an integer not less than 0.
[0129] Optionally, the processor 510 may be specifically configured to:

subtract the amplitude disturbance value corresponding to each sample vaue from the
amplitude value of each sample value, to obtain a difference between the amplitude value of each
sample value and the amplitude disturbance value corresponding to each sample value, and use the
obtained difference as the adjusted amplitude val ue of each sample value.
[0130] Optionally, the processor 510 may be specifically configured to:

divide alow frequency band signal in the speech/audio signal into N subbands, where N
Isanatural number;

calculate a peak-to-average ratio of each subband, and determine a quantity of subbands
whose peak-to-average ratios are greater than a preset peak-to-average ratio threshold; and

caculate the adaptive normalization length according to a signal type of a high
frequency band signal in the speech/audio signal and the quantity of the subbands.
[0131] Optionally, the processor 510 may be specifically configured to:

calculate the adaptive normalization length according to a formula L =K +axM |
where

L is the adaptive normalization length; K is a numerical value corresponding to the
signal type of the high frequency band signal in the speech/audio signal, and different signal types
of high frequency band signals correspond to different numerical values K; M is the quantity of the
subbands whose peak-to-average ratios are greater than the preset peak-to-average ratio threshold;
and a is a constant less than 1.
[0132] Optionally, the processor 510 may be specifically configured to:

calculate a peak-to-average ratio of a low frequency band signal in the speech/audio
signa and a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and
when an absolute value of a difference between the peak-to-average ratio of the low frequency band
signal and the peak-to-average ratio of the high frequency band signa is less than a preset
difference threshold, determine the adaptive normalization length as a preset first length value, or
when an absolute value of a difference between the peak-to-average ratio of the low frequency band
signa and the peak-to-average ratio of the high frequency band signa is not less than a preset
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difference threshold, determine the adaptive normalization length as a preset second length value,
where the first length value is greater than the second length value; or

calculate a peak-to-average ratio of a low frequency band signal in the speech/audio
signal and a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and
when the peak-to-average ratio of the low frequency band signal is less than the peak-to-average
ratio of the high frequency band signal, determine the adaptive normalization length as a preset first
length value, or when the peak-to-average ratio of the low frequency band signal is not less than the
peak-to-average ratio of the high frequency band signal, determine the adaptive normalization
length as a preset second length value; or

determine the adaptive normalization length according to a signa type of a high
frequency band signal in the speech/audio signal, where different signal types of high frequency
band signals correspond to different adaptive normalization lengths.
[0133] Optionally, the processor 510 may be specifically configured to:

determine a new value of each sample value according to the symbol and the adjusted
amplitude value of each sample value, to obtain the second speech/audio signal; or

caculate a modification factor; perform modification processing on an adjusted
amplitude value, which is greater than 0, in the adjusted amplitude values of the sample values
according to the modification factor; and determine a new value of each sample value according to
the symbol of each sample value and an adjusted amplitude vaue that is obtained after the
modification processing, to obtain the second speech/audio signal.
[0134] Optionally, the processor 510 may be specifically configured to:

calculate the modification factor by using a formula 3 = a/L, where f is the modification
factor, L isthe adaptive normalization length, and ais a constant greater than 1.
[0135] Optionally, the processor 510 may be specifically configured to:

perform modification processing on the adjusted amplitude value, which is greater than
0, in the adjusted amplitude values of the sample values by using the following formula:

Y=yx(b-p).

where Y is the adjusted amplitude value obtained after the modification processing; y is
the adjusted amplitude value, which is greater than O, in the adjusted amplitude values of the sample
values; and bisaconstant,and 0 <b < 2.
[0136] In this embodiment, the electronic device determines a first speech/audio signal
according to a speech/audio signal; determines a symbol of each sample value in the first
speech/audio signal and an amplitude value of each sample value in the first speech/audio signal;
determines an adaptive normalization length; determines an adjusted amplitude value of each
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sample value according to the adaptive normalization length and the amplitude value of each
sample value; and determines a second speech/audio signal according to the symbol of each sample
value and the adjusted amplitude value of each sample value. In this process, only an origina signal,
that is, the first speech/audio signal is processed, and no new signa is added to the first
speech/audio signal, so that no new energy is added to a second speech/audio signal obtained after a
noise component is reconstructed. Therefore, if the first speech/audio signal has an onset or an
offset, no echo is added to the second speech/audio signal, thereby improving auditory quality of
the second speech/audio signal.

[0137] A system embodiment basically corresponds to a method embodiment, and therefore for
related parts, reference may be made to partial descriptions in the method embodiment. The
described system embodiment is merely exemplary. The units described as separate parts may or
may not be physically separate, and parts displayed as units may or may not be physical units, may
be located in one position, or may be distributed on a plurality of network units. A part or al of the
modules may be selected according to actual needs to achieve the objectives of the solutions of the
embodiments. A person of ordinary skill in the art may understand and implement the embodiments
of the present invention without creative efforts.

[0138] The present invention can be described in the general context of executable computer
instructions executed by a computer, for example, a program module. Generdly, the program unit
includes a routine, a program, an object, a component, a data structure, and the like for executing a
particular task or implementing a particular abstract data type. The present invention may also be
practiced in distributed computing environments in which tasks are performed by remote processing
devices that are connected by using a communications network. In a distributed computing
environment, program modules may be located in both local and remote computer storage media
including storage devices.

[0139] A person of ordinary skill in the art may understand that all or a part of the steps of the
implementation manners in the method may be implemented by a program instructing relevant
hardware. The program may be stored in a computer readable storage medium, such as a ROM, a
RAM, amagnetic disc, or an optical disc.

[0140] It should be further noted that in the specification, relational terms such as first and
second are used only to differentiate an entity or operation from another entity or operation, and do
not require or imply that any actual relationship or sequence exists between these entities or
operations. Moreover, the terms "include”, "comprise”, or their any other variant is intended to
cover a non-exclusive inclusion, so that a process, a method, an article, or a device that includes a

list of elements not only includes those elements but aso includes other elements which are not
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expressly listed, or further includes elements inherent to such process, method, article, or apparatus.
An element preceded by "includes a..." does not, without more constraints, preclude the existence of
additional identical elements in the process, method, article, or apparatus that includes the element.

[0141] The foregoing descriptions are merely exemplary embodiments of the present invention,
but are not intended to limit the protection scope of the present invention. In this specification,
specific examples are used to describe the principle and implementation manners of the present
invention, and the description of the embodiments is only intended to make the method and core
idea of the present invention more comprehensible. Moreover, a person of ordinary skill in the art
may, based on the idea of the present invention, make modifications with respect to the specific
implementation manners and the application scope. In conclusion, the content in this specification
shall not be construed as a limitation to the present invention. Any modification, equivalent
replacement, or improvement made without departing from the principle of the present invention

shall fall within the protection scope of the present invention.
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CLAIMS

1. A method for processing a speech/audio signal, wherein the method comprises:

receiving a bitstream, and decoding the bitstream, to obtain a speech/audio signal;

determining a first speech/audio signal according to the speech/audio signal, the first
speech/audio signal having at least one sample value, wherein the first speech/audio signal is a
signal having a noise component to be reconstructed;

determining a symbol of each sample value in the first speech/audio signal and an amplitude
value of each sample value in the first speech/audio signal;

determining an adaptive normalization length;

determining an adjusted amplitude value of each sample value according to the adaptive
normalization length and the amplitude value of each sample value; and

reconstructing the noise component of the first speech/audio signal by determining a second
speech/audio signal according to the symbol of each sample value and the adjusted amplitude value
of each sample value.

2. The method according to claim 1, wherein the determining an adjusted amplitude value of
each sample value according to the adaptive normalization length and the amplitude value of each
sample value comprises:

calculating, according to the amplitude value of each sample value and the adaptive
normalization length, an average amplitude value corresponding to each sample value, and
determining, according to the average amplitude value corresponding to each sample value, an
amplitude disturbance value corresponding to each sample value; and

calculating the adjusted amplitude value of each sample value according to the amplitude value
of each sample value and according to the amplitude disturbance value corresponding to each
sample value;

wherein the calculating, according to the amplitude value of each sample value and the
adaptive normalization length, an average amplitude value corresponding to each sample value
comprises:

determining, for each sample value and according to the adaptive normalization length, a
subband to which the sample value belongs; and

calculating an average value of amplitude values of all sample values in the subband to which
the sample value belongs, and using the average value obtained by means of calculation as the
average amplitude value corresponding to the sample value;

3. The method according to claim 2, wherein the determining, for each sample value and
according to the adaptive normalization length, a subband to which the sample value belongs
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comprises:

performing subband grouping on all sample values in a preset order according to the adaptive
normalization length; and for each sample value, determining a subband comprising the sample
value as the subband to which the sample value belongs; or

for each sample value, determining a subband consisting of m sample values before the sample
value, the sample value, and n sample values after the sample value as the subband to which the
sample value belongs, wherein m and n depend on the adaptive normalization length, m is an
integer not less than 0, and n is an integer not less than 0.

4. The method according to any one of claims 2 or 3, wherein the calculating the adjusted
amplitude value of each sample value according to the amplitude value of each sample value and
according to the amplitude disturbance value corresponding to each sample value comprises:

subtracting the amplitude disturbance value corresponding to each sample value from the
amplitude value of each sample value, to obtain a difference between the amplitude value of each
sample value and the amplitude disturbance value corresponding to each sample value, and using
the obtained difference as the adjusted amplitude value of each sample value.

5. The method according to any one of claims 1 to 4, wherein the determining an adaptive
normalization length comprises:

dividing a low frequency band signal in the speech/audio signal into N subbands, wherein N is
a natural number;

calculating a peak-to-average ratio of each subband, and determining a quantity of subbands
whose peak-to-average ratios are greater than a preset peak-to-average ratio threshold; and

calculating the adaptive normalization length according to a signal type of a high frequency
band signal in the speech/audio signal and the quantity of the subbands;

wherein the calculating the adaptive normalization length according to a signal type of a high
frequency band signal in the speech/audio signal and the quantity of the subbands comprises:

calculating the adaptive normalization length according to a formula £ = K +a xM wherein

L is the adaptive normalization length; K is a numerical value corresponding to the signal type
of the high frequency band signal in the speech/audio signal, and different signal types of high
frequency band signals correspond to different numerical values K; M is the quantity of the
subbands whose peak-to-average ratios are greater than the preset peak-to-average ratio threshold;
and o, is a constant less than 1.

6. The method according to any one of claims | to 4, wherein the determining an adaptive
normalization length comprises:

calculating a peak-to-average ratio of a low frequency band signal in the speech/audio signal
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and a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and when an
absolute value of a difference between the peak-to-average ratio of the low frequency band signal
and the peak-to-average ratio of the high frequency band signal is less than a preset difference
threshold, determining the adaptive normalization length as a preset first length value, or when an
absolute value of a difference between the peak-to-average ratio of the low frequency band signal
and the peak-to-average ratio of the high frequency band signal is not less than a preset difference
threshold, determining the adaptive normalization length as a preset second length value, wherein
the first length value is greater than the second length value; or

calculating a peak-to-average ratio of a low frequency band signal in the speech/audio signal
and a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and when
the peak-to-average ratio of the low frequency band signal is less than the peak-to-average ratio of
the high frequency band signal, determining the adaptive normalization length as a preset first
length value, or when the peak-to-average ratio of the low frequency band signal is not less than the
peak-to-average ratio of the high frequency band signal, determining the adaptive normalization
length as a preset second length value; or

determining the adaptive normalization length according to a signal type of a high frequency
band signal in the speech/audio signal, wherein different signal types of high frequency band
signals correspond to different adaptive normalization lengths.

7. The method according to any one of claims 1 to 6, wherein the determining a second
speech/audio signal according to the symbol of each sample value and the adjusted amplitude value
of each sample value comprises:

determining a new value of each sample value according to the symbol and the adjusted
amplitude value of each sample value, to obtain the second speech/audio signal; or

calculating a modification factor; performing modification processing on an adjusted
amplitude value, which is greater than 0, in the adjusted amplitude values of the sample values
according to the modification factor; and determining a new value of each sample value according
to the symbol of each sample value and an adjusted amplitude value that is obtained after the
modification processing, to obtain the second speech/audio signal;

wherein the calculating a modification factor comprises:

calculating the modification factor by using a formula = a/L, wherein B is the modification
factor, L is the adaptive normalization length, and a is a constant greater than 1;

wherein the performing modification processing on an adjusted amplitude value, which is
greater than 0, in the adjusted amplitude values of the sample values according to the modification

factor comprises:
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performing modification processing on the adjusted amplitude value, which is greater than 0,
in the adjusted amplitude values of the sample values by using the following formula:

Y=yx(b-p).

wherein Y is the adjusted amplitude value obtained after the modification processing; y is the
adjusted amplitude value, which is greater than 0, in the adjusted amplitude values of the sample
values; and b is a constant, and 0 <b <2.

8. An apparatus for reconstructing a noise component of a speech/audio signal, comprising:

a bitstream processing unit, configured to receive a bitstream and decode the bitstream, to
obtain a speech/audio signal;

a signal determining unit, configured to determine a first speech/audio signal according to the
speech/audio signal obtained by the bitstream processing unit, the first speech/audio signal having
at least one sample value, wherein the first speech/audio signal is a signal having a noise component
to be reconstructed;

a first determining unit, configured to determine a symbol of each sample value in the first
speech/audio signal determined by the signal determining unit and an amplitude value of each
sample value in the first speech/audio signal determined by the signal determining unit;

a second determining unit, configured to determine an adaptive normalization length;

a third determining unit, configured to determine an adjusted amplitude value of each sample
value according to the adaptive normalization length determined by the second determining unit and
the amplitude value that is of each sample value and is determined by the first determining unit; and

a fourth determining unit, configured to reconstruct the noise component of the first
speech/audio signal by determining a second speech/audio signal according to the symbol that is of
each sample value and is determined by the first determining unit and the adjusted amplitude value
that is of each sample value and is determined by the third determining unit.

9. The apparatus according to claim 8 wherein the third determining unit comprises:

a determining subunit, configured to calculate, according to the amplitude value of each
sample value and the adaptive normalization length, an average amplitude value corresponding to
each sample value, and determine, according to the average amplitude value corresponding to each
sample value, an amplitude disturbance value corresponding to each sample value; and

an adjusted amplitude value calculation subunit, configured to calculate the adjusted amplitude
value of each sample value according to the amplitude value of each sample value and according to
the amplitude disturbance value corresponding to each sample value;

wherein the determining subunit comprises:

a determining module, configured to determine, for each sample value and according to the
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adaptive normalization length, a subband to which the sample value belongs; and

a calculation module, configured to calculate an average value of amplitude values of all
sample values in the subband to which the sample value belongs, and use the average value
obtained by means of calculation as the average amplitude value corresponding to the sample value.

10. The apparatus according to claim 9, wherein the determining module is specifically
configured to:

perform subband grouping on all sample values in a preset order according to the adaptive
normalization length; and for each sample value, determine a subband comprising the sample value
as the subband to which the sample value belongs; or

for each sample value, determine a subband consisting of m sample values before the sample
value, the sample value, and n sample values after the sample value as the subband to which the
sample value belongs, wherein m and n depend on the adaptive normalization length, m is an
integer not less than 0, and n is an integer not less than 0.

1. The apparatus according to any one of claims 9 or 10, wherein the adjusted amplitude
value calculation subunit is specifically configured to:

subtract the amplitude disturbance value corresponding to each sample value from the
amplitude value of each sample value, to obtain a difference between the amplitude value of each
sample value and the amplitude disturbance value corresponding to each sample value, and use the
obtained difference as the adjusted amplitude value of each sample value.

12. The apparatus according to any one of claims 8 to 11, wherein the second determining unit
comprises:

a division subunit, configured to divide a low frequency band signal in the speech/audio signal
into N subbands, wherein N is a natural number;

a quantity determining subunit, configured to calculate a peak-to-average ratio of each subband,
and determine a quantity of subbands whose peak-to-average ratios are greater than a preset
peak-to-average ratio threshold; and

a length calculation subunit, configured to calculate the adaptive normalization length
according to a signal type of a high frequency band signal in the speech/audio signal and the
quantity of the subbands;

wherein the length calculation subunit is specifically configured to:

calculate the adaptive normalization length according to a formula £ = K + a xM wherein

L is the adaptive normalization length; K is a numerical value corresponding to the signal type
of the high frequency band signal in the speech/audio signal, and different signal types of high

frequency band signals correspond to different numerical values K; M is the quantity of the
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subbands whose peak-to-average ratios are greater than the preset peak-to-average ratio threshold;
and o is a constant less than 1.

13. The apparatus according to any one of claims 8§ to 11, wherein the second determining unit
is specifically configured to:

calculate a peak-to-average ratio of a low frequency band signal in the speech/audio signal and
a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and when an
absolute value of a difference between the peak-to-average ratio of the low frequency band signal
and the peak-to-average ratio of the high frequency band signal is less than a preset difference
threshold, determine the adaptive normalization length as a preset first length value, or when an
absolute value of a difference between the peak-to-average ratio of the low frequency band signal
and the peak-to-average ratio of the high frequency band signal is not less than a preset difference
threshold, determine the adaptive normalization length as a preset second length value, wherein the
first length value is greater than the second length value; or

calculate a peak-to-average ratio of a low frequency band signal in the speech/audio signal and
a peak-to-average ratio of a high frequency band signal in the speech/audio signal; and when the
peak-to-average ratio of the low frequency band signal is less than the peak-to-average ratio of the
high frequency band signal, determine the adaptive normalization length as a preset first length
value, or when the peak-to-average ratio of the low frequency band signal is not less than the
peak-to-average ratio of the high frequency band signal, determine the adaptive normalization
length as a preset second length value; or

determine the adaptive normalization length according to a signal type of a high frequency
band signal in the speech/audio signal, wherein different signal types of high frequency band
signals correspond to different adaptive normalization lengths.

14. The apparatus according to any one of claims 8 to 13, wherein the fourth determining unit
is specifically configured to:

determine a new value of each sample value according to the symbol and the adjusted
amplitude value of each sample value, to obtain the second speech/audio signal; or

calculate a modification factor; perform modification processing on an adjusted amplitude
value, which is greater than 0, in the adjusted amplitude values of the sample values according to
the modification factor; and determine a new value of each sample value according to the symbol of
each sample value and an adjusted amplitude value that is obtained after the modification
processing, to obtain the second speech/audio signal;

wherein the fourth determining unit is specifically configured to calculate the modification

factor by using a formula B = a/L, wherein B is the modification factor, L is the adaptive
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normalization length, and a is a constant greater than 1;
wherein the fourth determining unit is specifically configured to:
perform modification processing on the adjusted amplitude value, which is greater than 0, in

the adjusted amplitude values of the sample values by using the following formula:

Y=yx(b-p).

wherein Y is the adjusted amplitude value obtained after the modification processing; y is the
adjusted amplitude value, which is greater than 0, in the adjusted amplitude values of the sample

values; and b is a constant, and 0 <b < 2.
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