(19 DANMARK (10 DK/EP 3460794 T3

(12) Overseettelse af
europaeisk patentskrift

Patent- og
Varemeaerkestyrelsen

(51) Int.CI.: G10L 19/02(2013.01) G10L 19/20 (2013.01) G10L 19/22 (2013.01)
(45) Oversaettelsen bekendtgjort den: 2021-08-16

(80) Dato for Den Europaeiske Patentmyndigheds
bekendtgerelse om meddelelse af patentet: 2021-05-26

(86) Europaeisk ansggning nr.: 18167140.5

(86) Europaeisk indleveringsdag: 2015-06-23

(87) Den europeeiske ansggnings publiceringsdag: 2019-03-27
(30) Prioritet: ~ 2014-06-24 CN 201410288983

(62) Stamansggningsnr: 15811228.4

(84) Designerede stater: AL AT BE BG CH CY CZ DE DK EE ES FI FR GB GR HR HU IE IS IT LI LT LU LV
MC MK MT NL NO PL PT RO RS SE SI SK SM TR

(73) Patenthaver: Huawei Technologies Co., Ltd., Huawei Administration, Building Bantian, Longgang District,
Shenzhen, Guangdong 518129, Kina

(72) Opfinder: Wang, Zhe, Huawei Technologies Co.,Ltd., Intellectual, Property Department, G1-2F, Bantian,
Longgang District, Shenzhen, Guangdong, Kina

(74) Fuldmaegtig i Danmark: RWS Group, Europa House, Chiltern Park, Chiltern Hill, Chalfont St Peter, Bucks SL9
9FG, Storbritannien

(54) Benaevnelse: FREMGANGSMADE OG APPARAT TIL LYDINDKODNING
(56) Fremdragne publikationer:

WO-A1-2008/045846
WO-A2-2012/024379



DK/EP 3460794 T3



DK/EP 3460794 T3

DESCRIPTION

TECHNICAL FIELD

[0001] Embodiments of the present invention relate to the field of signal processing
technologies, and more specifically, to an audio encoding method and an apparatus.

BACKGROUND

[0002] In the prior art, a hybrid encoder is usually used to encode an audio signal in a voice
communications system. Specifically, the hybrid encoder usually includes two sub encoders.
One sub encoder is suitable to encoding a speech signal, and the other encoder is suitable to
encoding a non-speech signal. For a received audio signal, each sub encoder of the hybrid
encoder encodes the audio signal. The hybrid encoder directly compares quality of encoded
audio signals to select an optimum sub encoder. However, such a closed-loop encoding
method has high operation complexity.

[0003] Document WO 2008/045846 A1 discloses techniques for efficiently encoding an input
signal. In one design, a generalized encoder encodes the input signal (e.g., an audio signal)
based on at least one detector and multiple encoders. The at least one detector may include a
signal activity detector, a noise-like signal detector, a sparseness detector, some other
detector, or a combination thereof. The multiple encoders may include a silence encoder, a
noise-like signal encoder, a time-domain encoder, a transform-domain encoder, some other
encoder, or a combination thereof. The characteristics of the input signal may be determined
based on the at least one detector. An encoder may be selected from among the multiple
encoders based on the characteristics of the input signal. The input signal may be encoded
based on the selected encoder. The input signal may include a sequence of frames, and
detection and encoding may be performed for each frame.

[0004] Document WO 2012/024379 A2 discloses a scheme for injecting noise at uncoded
elements of a spectrum is controlled according to a measure of a distribution of energy of the
original spectrum among the locations of the uncoded elements.

SUMMARY

[0005] In view of the prior art, it is an object of the present invention provide an audio encoding
method and an apparatus, which can reduce encoding complexity and ensure that encoding is
of relatively high accuracy. This object is solved by a method according to claim 1, and an
apparatus according to claim 4.
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BRIEF DESCRIPTION OF DRAWINGS

[0006] To describe the technical solutions in the embodiments of the present invention more
clearly, the following briefly describes the accompanying drawings required for describing the
embodiments of the present invention. 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
creative efforts.

FIG. 1 is a schematic flowchart of an audio encoding method according to an embodiment of
the present invention;

FIG. 2 is a structural block diagram of an apparatus according to an embodiment of the
present invention; and

FIG. 3 is a structural block diagram of an apparatus according to an embodiment of the
present invention.

DESCRIPTION OF EMBODIMENTS

[0007] 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.

[0008] FIG. 1 is a schematic flowchart of an audio encoding method according to an
embodiment of the present invention.

[0009] 101: Determine sparseness of distribution, on a spectrum, of energy of N input audio
frames, where the N audio frames include a current audio frame, and N is a positive integer.

[0010] 102: Determine, according to the sparseness of distribution, on the spectrum, of the
energy of the N audio frames, whether to use a first encoding method or a second encoding
method to encode the current audio frame, where the first encoding method is an encoding
method that is based on time-frequency transform and transform coefficient quantization and
that is not based on linear prediction, and the second encoding method is a linear-prediction-
based encoding method.
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[0011] According to the method shown in FIG. 1, when an audio frame is encoded, sparseness
of distribution, on a spectrum, of energy of the audio frame is considered, which can reduce
encoding complexity and ensure that encoding is of relatively high accuracy.

[0012] During selection of an appropriate encoding method for an audio frame, sparseness of
distribution, on a spectrum, of energy of the audio frame may be considered. There may be
three types of sparseness of distribution, on a spectrum, of energy of an audio frame: general
sparseness, burst sparseness, and band-limited sparseness.

[0013] Optionally, in an embodiment, an appropriate encoding method may be selected for the
current audio frame by using the general sparseness. In this case, the determining sparseness
of distribution, on a spectrum, of energy of N input audio frames includes: dividing a spectrum
of each of the N audio frames into P spectral envelopes, where P is a positive integer; and
determining a general sparseness parameter according to energy of the P spectral envelopes
of each of the N audio frames, where the general sparseness parameter indicates the
sparseness of distribution, on the spectrum, of the energy of the N audio frames.

[0014] Specifically, an average value of minimum bandwidths of distribution, on a spectrum, of
specific-proportion energy of N input consecutive audio frames may be defined as the general
sparseness. A smaller bandwidth indicates stronger general sparseness, and a larger
bandwidth indicates weaker general sparseness. In other words, stronger general sparseness
indicates that energy of an audio frame is more centralized, and weaker general sparseness
indicates that energy of an audio frame is more disperse. Efficiency is high when the first
encoding method is used to encode an audio frame whose general sparseness is relatively
strong. Therefore, an appropriate encoding method may be selected by determining general
sparseness of an audio frame, to encode the audio frame. To help determine general
sparseness of an audio frame, the general sparseness may be quantized to obtain a general
sparseness parameter.

[0015] According to the invention, N is 1, and the general sparseness is a minimum bandwidth
of distribution, on a spectrum, of specific-proportion energy of the current audio frame.

[0016] Further, according to the invention, the general sparseness parameter includes a first
minimum bandwidth. Hence, the determining a general sparseness parameter according to
energy of the P spectral envelopes of each of the N audio frames includes: determining an
average value of minimum bandwidths of distribution, on the spectrum, of first-preset-
proportion energy of the N audio frames according to the energy of the P spectral envelopes of
each of the N audio frames, where the average value of the minimum bandwidths of
distribution, on the spectrum, of the first-preset-proportion energy of the N audio frames is the
first minimum bandwidth. The determining, according to the sparseness of distribution, on the
spectrum, of the energy of the N audio frames, whether to use a first encoding method or a
second encoding method to encode the current audio frame includes: when the first minimum
bandwidth is less than a first preset value, determining to use the first encoding method to
encode the current audio frame; or when the first minimum bandwidth is greater than the first
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preset value, determining to use the second encoding method to encode the current audio
frame. As noted according to the invention, N is 1, and the N audio frames are the current
audio frame, and the average value of the minimum bandwidths of distribution, on the
spectrum, of the first-preset-proportion energy of the N audio frames is a minimum bandwidth
of distribution, on the spectrum, of first-preset-proportion energy of the current audio frame.

[0017] A person skilled in the art may understand that, the first preset value and the first preset
proportion may be determined according to a simulation experiment. An appropriate first
preset value and first preset proportion may be determined by means of a simulation
experiment, so that a good encoding effect can be obtained when an audio frame meeting the
foregoing condition is encoded by using the first encoding method or the second encoding
method. Generally, a value of the first preset proportion is generally a number between 0 and 1
and relatively close to 1, for example, 90% or 80%. The selection of the first preset value is
related to the value of the first preset proportion, and also related to a selection tendency
between the first encoding method and the second encoding method. For example, a first
preset value corresponding to a relatively large first preset proportion is generally greater than
a first preset value corresponding to a relatively small first preset proportion. For another
example, a first preset value corresponding to a tendency to select the first encoding method is
generally greater than a first preset value corresponding to a tendency to select the second
encoding method.

[0018] The determining an average value of minimum bandwidths of distribution, on the
spectrum, of first-preset-proportion energy of the N audio frames according to the energy of
the P spectral envelopes of each of the N audio frames includes: sorting the energy of the P
spectral envelopes of each audio frame in descending order; determining, according to the
energy, sorted in descending order, of the P spectral envelopes of each of the N audio frames,
a minimum bandwidth of distribution, on the spectrum, of energy that accounts for not less
than the first preset proportion of each of the N audio frames; and determining, according to
the minimum bandwidth of distribution, on the spectrum, of the energy that accounts for not
less than the first preset proportion of each of the N audio frames, an average value of
minimum bandwidths of distribution, on the spectrum, of energy that accounts for not less than
the first preset proportion of the N audio frames. For example, an input audio signal is a
wideband signal sampled at 16 kHz, and the input signal is input in a frame of 20 ms. Each
frame of signal is 320 time domain sampling points. Time-frequency transform is performed on
a time domain signal. For example, time-frequency transform is performed by means of fast
Fourier transform (Fast Fourier Transformation, FFT), to obtain 160 spectral envelopes S(k),
that is, 160 FFT energy spectrum coefficients, where k=0, 1, 2, ..., 159. A minimum bandwidth
is found from the spectral envelopes S(k) in a manner that a proportion that energy on the
bandwidth accounts for in total energy of the frame is the first preset proportion. Specifically,
determining a minimum bandwidth of distribution, on a spectrum, of first-preset-proportion
energy of an audio frame according to energy, sorted in descending order, of P spectral
envelopes of the audio frame includes: sequentially accumulating energy of frequency bins in
the spectral envelopes S(k) in descending order; and comparing energy obtained after each
time of accumulation with the total energy of the audio frame, and if a proportion is greater
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than the first preset proportion, ending the accumulation process, where a quantity of times of
accumulation is the minimum bandwidth. For example, the first preset proportion is 90%, and if
a proportion that an energy sum obtained after 30 times of accumulation accounts for in the
total energy exceeds 90%, a proportion that an energy sum obtained after 29 times of
accumulation accounts for in the total energy is less than 90%, and a proportion that an energy
sum obtained after 31 times of accumulation accounts for in the total energy exceeds the
proportion that the energy sum obtained after 30 times of accumulation accounts for in the
total energy, it may be considered that a minimum bandwidth of distribution, on the spectrum,
of energy that accounts for not less than the first preset proportion of the audio frame is 30.
The foregoing minimum bandwidth determining process is executed for each of the N audio
frames, to separately determine the minimum bandwidths of distribution, on the spectrum, of
the energy that accounts for not less than the first preset proportion of the N audio frames
including the current audio frame, and calculate the average value of the N minimum
bandwidths. The average value of the N minimum bandwidths may be referred to as the first
minimum bandwidth, and the first minimum bandwidth may be used as the general sparseness
parameter. When the first minimum bandwidth is less than the first preset value, it is
determined to use the first encoding method to encode the current audio frame. When the first
minimum bandwidth is greater than the first preset value, it is determined to use the second
encoding method to encode the current audio frame.

[0019] Optionally, in another embodiment, the general sparseness parameter may include a
first energy proportion. In this case, the determining a general sparseness parameter
according to energy of the P spectral envelopes of each of the N audio frames includes:
selecting P1 spectral envelopes from the P spectral envelopes of each of the N audio frames;

and determining the first energy proportion according to energy of the P4 spectral envelopes of
each of the N audio frames and total energy of the respective N audio frames, where P4 is a

positive integer less than P. The determining, according to the sparseness of distribution, on
the spectrum, of the energy of the N audio frames, whether to use a first encoding method or a
second encoding method to encode the current audio frame includes: when the first energy
proportion is greater than a second preset value, determining to use the first encoding method
to encode the current audio frame; or when the first energy proportion is less than the second
preset value, determining to use the second encoding method to encode the current audio
frame. Optionally, in an embodiment, when N is 1, the N audio frames are the current audio
frame, and the determining the first energy proportion according to energy of the P4 spectral
envelopes of each of the N audio frames and total energy of the respective N audio frames
includes: determining the first energy proportion according to energy of P4 spectral envelopes

of the current audio frame and total energy of the current audio frame.

[0020] Specifically, the first energy proportion may be calculated by using the following
formula:

> r(n)

R — -l
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Formula 1.1
where Ri represents the first energy proportion, Epq(n) represents an energy sum of P4

selected spectral envelopes in an n" audio frame, Eg(n) represents total energy of the nt

audio frame, and r(n) represents a proportion that the energy of the P spectral envelopes of

the ni" audio frame in the N audio frames accounts for in the total energy of the audio frame.

[0021] A person skilled in the art may understand that, the second preset value and selection
of the P4 spectral envelopes may be determined according to a simulation experiment. An
appropriate second preset value, an appropriate value of P4, and an appropriate method for
selecting the P4 spectral envelopes may be determined by means of a simulation experiment,
so that a good encoding effect can be obtained when an audio frame meeting the foregoing
condition is encoded by using the first encoding method or the second encoding method.
Generally, the value of P4 may be a relatively small number. For example, P4 is selected in a
manner that a proportion of P4 to P is less than 20%. For the second preset value, a number
corresponding to an excessively small proportion is generally not selected. For example, a
number less than 10% is not selected. The selection of the second preset value is related to
the value of Py and a selection tendency between the first encoding method and the second
encoding method. For example, a second preset value corresponding to relatively large P is
generally greater than a second preset value corresponding to relatively small P4. For another
example, a second preset value corresponding to a tendency to select the first encoding
method is generally less than a second preset value corresponding to a tendency to select the
second encoding method. Optionally, in an embodiment, energy of any one of the P4 spectral
envelopes is greater than energy of any one of the remaining (P-P4) spectral envelopes in the

P spectral envelopes.

[0022] For example, an input audio signal is a wideband signal sampled at 16 kHz, and the
input signal is input in a frame of 20 ms. Each frame of signal is 320 time domain sampling
points. Time-frequency transform is performed on a time domain signal. For example, time-
frequency transform is performed by means of fast Fourier transform, to obtain 160 spectral
envelopes S(k), where k=0, 1, 2, ..., 159. P4 spectral envelopes are selected from the 160

spectral envelopes, and a proportion that an energy sum of the P; spectral envelopes

accounts for in total energy of the audio frame is calculated. The foregoing process is executed
for each of the N audio frames. That is, a proportion that an energy sum of the P4 spectral

envelopes of each of the N audio frames accounts for in respective total energy is calculated.
An average value of the proportions is calculated. The average value of the proportions is the
first energy proportion. When the first energy proportion is greater than the second preset
value, it is determined to use the first encoding method to encode the current audio frame.
When the first energy proportion is less than the second preset value, it is determined to use
the second encoding method to encode the current audio frame. Energy of any one of the P4

spectral envelopes is greater than energy of any one of the other spectral envelopes in the P
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spectral envelopes except the P4 spectral envelopes. Optionally, in an embodiment, the value

of P41 may be 20.

[0023] Optionally, in another embodiment, the general sparseness parameter may include a
second minimum bandwidth and a third minimum bandwidth. In this case, the determining a
general sparseness parameter according to energy of the P spectral envelopes of each of the
N audio frames includes: determining an average value of minimum bandwidths of distribution,
on the spectrum, of second-preset-proportion energy of the N audio frames and determining
an average value of minimum bandwidths of distribution, on the spectrum, of third-preset-
proportion energy of the N audio frames according to the energy of the P spectral envelopes of
each of the N audio frames, where the average value of the minimum bandwidths of
distribution, on the spectrum, of the second-preset-proportion energy of the N audio frames is
used as the second minimum bandwidth, the average value of the minimum bandwidths of
distribution, on the spectrum, of the third-preset-proportion energy of the N audio frames is
used as the third minimum bandwidth, and the second preset proportion is less than the third
preset proportion. The determining, according to the sparseness of distribution, on the
spectrum, of the energy of the N audio frames, whether to use a first encoding method or a
second encoding method to encode the current audio frame includes: when the second
minimum bandwidth is less than a third preset value and the third minimum bandwidth is less
than a fourth preset value, determining to use the first encoding method to encode the current
audio frame; when the third minimum bandwidth is less than a fifth preset value, determining to
use the first encoding method to encode the current audio frame; or when the third minimum
bandwidth is greater than a sixth preset value, determining to use the second encoding
method to encode the current audio frame. The fourth preset value is greater than or equal to
the third preset value, the fifth preset value is less than the fourth preset value, and the sixth
preset value is greater than the fourth preset value. Optionally, in an embodiment, when Nis 1,
the N audio frames are the current audio frame. The determining an average value of
minimum bandwidths of distribution, on the spectrum, of second-preset-proportion energy of
the N audio frames as the second minimum bandwidth includes: determining a minimum
bandwidth of distribution, on the spectrum, of second-preset-proportion energy of the current
audio frame as the second minimum bandwidth. The determining an average value of
minimum bandwidths of distribution, on the spectrum, of third-preset-proportion energy of the
N audio frames as the third minimum bandwidth includes: determining a minimum bandwidth of
distribution, on the spectrum, of third-preset-proportion energy of the current audio frame as
the third minimum bandwidth.

[0024] A person skilled in the art may understand that, the third preset value, the fourth preset
value, the fifth preset value, the sixth preset value, the second preset proportion, and the third
preset proportion may be determined according to a simulation experiment. Appropriate preset
values and preset proportions may be determined by means of a simulation experiment, so
that a good encoding effect can be obtained when an audio frame meeting the foregoing
condition is encoded by using the first encoding method or the second encoding method.

[0025] The determining an average value of minimum bandwidths of distribution, on the
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spectrum, of second-preset-proportion energy of the N audio frames and determining an
average value of minimum bandwidths of distribution, on the spectrum, of third-preset-
proportion energy of the N audio frames according to the energy of the P spectral envelopes of
each of the N audio frames includes: sorting the energy of the P spectral envelopes of each
audio frame in descending order; determining, according to the energy, sorted in descending
order, of the P spectral envelopes of each of the N audio frames, a minimum bandwidth of
distribution, on the spectrum, of energy that accounts for not less than the second preset
proportion of each of the N audio frames; determining, according to the minimum bandwidth of
distribution, on the spectrum, of the energy that accounts for not less than the second preset
proportion of each of the N audio frames, an average value of minimum bandwidths of
distribution, on the spectrum, of energy that accounts for not less than the second preset
proportion of the N audio frames; determining, according to the energy, sorted in descending
order, of the P spectral envelopes of each of the N audio frames, a minimum bandwidth of
distribution, on the spectrum, of energy that accounts for not less than the third preset
proportion of each of the N audio frames; and determining, according to the minimum
bandwidth of distribution, on the spectrum, of the energy that accounts for not less than the
third preset proportion of each of the N audio frames, an average value of minimum
bandwidths of distribution, on the spectrum, of energy that accounts for not less than the third
preset proportion of the N audio frames. For example, an input audio signal is a wideband
signal sampled at 16 kHz, and the input signal is input in a frame of 20 ms. Each frame of
signal is 320 time domain sampling points. Time-frequency transform is performed on a time
domain signal. For example, time-frequency transform is performed by means of fast Fourier
transform, to obtain 160 spectral envelopes S(k), where k=0, 1, 2, ..., 159. A minimum
bandwidth is found from the spectral envelopes S(k) in a manner that a proportion that energy
on the bandwidth accounts for in total energy of the frame is the second preset proportion. A
bandwidth continues to be found from the spectral envelopes S(k) in a manner that a
proportion that energy on the bandwidth accounts for in the total energy is the third preset
proportion. Specifically, determining, according to energy, sorted in descending order, of P
spectral envelopes of the audio frame, a minimum bandwidth of distribution, on a spectrum, of
energy that accounts for not less than the second preset proportion of an audio frame and a
minimum bandwidth of distribution, on the spectrum, of energy that accounts for not less than
the third preset proportion of the audio frame includes: sequentially accumulating energy of
frequency bins in the spectral envelopes S(k) in descending order. Energy obtained after each
time of accumulation is compared with total energy of the audio frame, and if a proportion is
greater than the second preset proportion, a quantity of times of accumulation is a minimum
bandwidth that meets being not less than the second preset proportion. The accumulation is
continued, and if a proportion of energy obtained after accumulation to the total energy of the
audio frame is greater than the third preset proportion, the accumulation is ended, and a
quantity of times of accumulation is a minimum bandwidth that meets being not less than the
third preset proportion. For example, the second preset proportion is 85%, and the third preset
proportion is 95%. If a proportion that an energy sum obtained after 30 times of accumulation
accounts for in the total energy exceeds 85%, it may be considered that the minimum
bandwidth of distribution, on the spectrum, of the second-preset-proportion energy of the audio
frame is 30. The accumulation is continued, and if a proportion that an energy sum obtained
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after 35 times of accumulation accounts for in the total energy is 95%, it may be considered
that the minimum bandwidth of distribution, on the spectrum, of the third-preset-proportion
energy of the audio frame is 35. The foregoing process is executed for each of the N audio
frames, to separately determine the minimum bandwidths of distribution, on the spectrum, of
the energy that accounts for not less than the second preset proportion of the N audio frames
including the current audio frame and the minimum bandwidths of distribution, on the
spectrum, of the energy that accounts for not less than the third preset proportion of the N
audio frames including the current audio frame. The average value of the minimum bandwidths
of distribution, on the spectrum, of the energy that accounts for not less than the second preset
proportion of the N audio frames is the second minimum bandwidth. The average value of the
minimum bandwidths of distribution, on the spectrum, of the energy that accounts for not less
than the third preset proportion of the N audio frames is the third minimum bandwidth. When
the second minimum bandwidth is less than the third preset value and the third minimum
bandwidth is less than the fourth preset value, it is determined to use the first encoding method
to encode the current audio frame. When the third minimum bandwidth is less than the fifth
preset value, it is determined to use the first encoding method to encode the current audio
frame. When the third minimum bandwidth is greater than the sixth preset value, it is
determined to use the second encoding method to encode the current audio frame.

[0026] Optionally, in another embodiment, the general sparseness parameter includes a
second energy proportion and a third energy proportion. In this case, the determining a
general sparseness parameter according to energy of the P spectral envelopes of each of the
N audio frames includes: selecting P> spectral envelopes from the P spectral envelopes of

each of the N audio frames; determining the second energy proportion according to energy of
the P, spectral envelopes of each of the N audio frames and total energy of the respective N

audio frames; selecting P3 spectral envelopes from the P spectral envelopes of each of the N
audio frames; and determining the third energy proportion according to energy of the Pj3

spectral envelopes of each of the N audio frames and the total energy of the respective N
audio frames. The determining, according to the sparseness of distribution, on the spectrum,
of the energy of the N audio frames, whether to use a first encoding method or a second
encoding method to encode the current audio frame includes: when the second energy
proportion is greater than a seventh preset value and the third energy proportion is greater
than an eighth preset value, determining to use the first encoding method to encode the
current audio frame; when the second energy proportion is greater than a ninth preset value,
determining to use the first encoding method to encode the current audio frame; or when the
third energy proportion is less than a tenth preset value, determining to use the second
encoding method to encode the current audio frame. P, and P3 are positive integers less than

P, and P, is less than P5. Optionally, in an embodiment, when N is 1, the N audio frames are

the current audio frame. The determining the second energy proportion according to energy of
the P, spectral envelopes of each of the N audio frames and total energy of the respective N

audio frames includes: determining the second energy proportion according to energy of P>

spectral envelopes of the current audio frame and total energy of the current audio frame. The
determining the third energy proportion according to energy of the P3 spectral envelopes of
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each of the N audio frames and the total energy of the respective N audio frames includes:
determining the third energy proportion according to energy of P3 spectral envelopes of the

current audio frame and the total energy of the current audio frame.

[0027] A person skilled in the art may understand that, values of P and P3, the seventh preset

value, the eighth preset value, the ninth preset value, and the tenth preset value may be
determined according to a simulation experiment. Appropriate preset values may be
determined by means of a simulation experiment, so that a good encoding effect can be
obtained when an audio frame meeting the foregoing condition is encoded by using the first
encoding method or the second encoding method. Optionally, in an embodiment, the P

spectral envelopes may be P» spectral envelopes having maximum energy in the P spectral
envelopes; and the P3 spectral envelopes may be P3 spectral envelopes having maximum

energy in the P spectral envelopes.

[0028] For example, an input audio signal is a wideband signal sampled at 16 kHz, and the
input signal is input in a frame of 20 ms. Each frame of signal is 320 time domain sampling
points. Time-frequency transform is performed on a time domain signal. For example, time-
frequency transform is performed by means of fast Fourier transform, to obtain 160 spectral
envelopes S(k), where k=0, 1, 2, ..., 159. P, spectral envelopes are selected from the 160

spectral envelopes, and a proportion that an energy sum of the P, spectral envelopes

accounts for in total energy of the audio frame is calculated. The foregoing process is executed
for each of the N audio frames. That is, a proportion that an energy sum of the P> spectral

envelopes of each of the N audio frames accounts for in respective total energy is calculated.
An average value of the proportions is calculated. The average value of the proportions is the
second energy proportion. P3 spectral envelopes are selected from the 160 spectral

envelopes, and a proportion that an energy sum of the P5 spectral envelopes accounts for in

the total energy of the audio frame is calculated. The foregoing process is executed for each of
the N audio frames. That is, a proportion that an energy sum of the P3 spectral envelopes of

each of the N audio frames accounts for in the respective total energy is calculated. An
average value of the proportions is calculated. The average value of the proportions is the third
energy proportion. When the second energy proportion is greater than the seventh preset
value and the third energy proportion is greater than the eighth preset value, it is determined to
use the first encoding method to encode the current audio frame. When the second energy
proportion is greater than the ninth preset value, it is determined to use the first encoding
method to encode the current audio frame. When the third energy proportion is less than the
tenth preset value, it is determined to use the second encoding method to encode the current
audio frame. The P> spectral envelopes may be P, spectral envelopes having maximum

energy in the P spectral envelopes; and the P3 spectral envelopes may be P3 spectral

envelopes having maximum energy in the P spectral envelopes. Optionally, in an embodiment,
the value of P> may be 20, and the value of P3 may be 30.

[0029] Optionally, in another embodiment, an appropriate encoding method may be selected
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for the current audio frame by using the burst sparseness. For the burst sparseness, global
sparseness, local sparseness, and short-time burstiness of distribution, on a spectrum, of
energy of an audio frame need to be considered. In this case, the sparseness of distribution of
the energy on the spectrum may include global sparseness, local sparseness, and short-time
burstiness of distribution of the energy on the spectrum. In this case, a value of N may be 1,
and the N audio frames are the current audio frame. The determining sparseness of
distribution, on a spectrum, of energy of N input audio frames includes: dividing a spectrum of
the current audio frame into Q sub bands; and determining a burst sparseness parameter
according to peak energy of each of the Q sub bands of the spectrum of the current audio
frame, where the burst sparseness parameter is used to indicate global sparseness, local
sparseness, and short-time burstiness of the current audio frame. The burst sparseness
parameter includes: a global peak-to-average proportion of each of the Q sub bands, a local
peak-to-average proportion of each of the Q sub bands, and a short-time energy fluctuation of
each of the Q sub bands, where the global peak-to-average proportion is determined
according to the peak energy in the sub band and average energy of all the sub bands of the
current audio frame, the local peak-to-average proportion is determined according to the peak
energy in the sub band and average energy in the sub band, and the short-time peak energy
fluctuation is determined according to the peak energy in the sub band and peak energy in a
specific frequency band of an audio frame before the audio frame. The determining, according
to the sparseness of distribution, on the spectrum, of the energy of the N audio frames,
whether to use a first encoding method or a second encoding method to encode the current
audio frame includes: determining whether there is a first sub band in the Q sub bands, where
a local peak-to-average proportion of the first sub band is greater than an eleventh preset
value, a global peak-to-average proportion of the first sub band is greater than a twelfth preset
value, and a short-time peak energy fluctuation of the first sub band is greater than a thirteenth
preset value; and when there is the first sub band in the Q sub bands, determining to use the
first encoding method to encode the current audio frame. The global peak-to-average
proportion of each of the Q sub bands, the local peak-to-average proportion of each of the Q
sub bands, and the short-time energy fluctuation of each of the Q sub bands respectively
represent the global sparseness, the local sparseness, and the short-time burstiness.

[0030] Specifically, the global peak-to-average proportion may be determined by using the
following formula:

P N
p2s(i) = e(i)/[l* > s(k) \
P iz )

Formula 1.2
where e(i) represents peak energy of an if" sub band in the Q sub bands, s(k) represents

energy of a k! spectral envelope in the P spectral envelopes, and p2s(i) represents a global

peak-to-average proportion of the it" sub band.

[0031] The local peak-to-average proportion may be determined by using the following
formula:

pZd(l)—e(l)/(h(ﬂ_”i\+1*Zys(k)
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Formula 1.3
where e(i) represents the peak energy of the i sub band in the Q sub bands, s(k) represents
the energy of the ki" spectral envelope in the P spectral envelopes, h(i) represents an index of
a spectral envelope that is included in the i sub band and that has a highest frequency, I(i)
represents an index of a spectral envelope that is included in the i" sub band and that has a

lowest frequency, p2a(i) represents a local peak-to-average proportion of the it" sub band, and
h(i) is less than or equal to P-1.

[0032] The short-time peak energy fluctuation may be determined by using the following
formula:

dev(i) = (2%e(i))/ (e, +e,)
Formula 1.4
where e(i) represents the peak energy of the i" sub band in the Q sub bands of the current
audio frame, and ei and e5 represent peak energy of specific frequency bands of audio frames

before the current audio frame. Specifically, assuming that the current audio frame is an Mt

audio frame, a spectral envelope in which peak energy of the i" sub band of the current audio
frame is located is determined. It is assumed that the spectral envelope in which the peak

energy is located is i;. Peak energy within a range from an (i1-t)" spectral envelope to an
(i4+t)t" spectral envelope in an (M-1)I" audio frame is determined, and the peak energy is ei.
Similarly, peak energy within a range from an (i1-t)!" spectral envelope to an (i;+)" spectral

envelope in an (M-2)™" audio frame is determined, and the peak energy is e».

[0033] A person skilled in the art may understand that, the eleventh preset value, the twelfth
preset value, and the thirteenth preset value may be determined according to a simulation
experiment. Appropriate preset values may be determined by means of a simulation
experiment, so that a good encoding effect can be obtained when an audio frame meeting the
foregoing condition is encoded by using the first encoding method.

[0034] Optionally, in another embodiment, an appropriate encoding method may be selected
for the current audio frame by using the band-limited sparseness. In this case, the sparseness
of distribution of the energy on the spectrum includes band-limited sparseness of distribution of
the energy on the spectrum. In this case, the determining sparseness of distribution, on a
spectrum, of energy of N input audio frames includes: determining a demarcation frequency of
each of the N audio frames; and determining a band-limited sparseness parameter according
to the demarcation frequency of each N audio frame. The band-limited sparseness parameter
may be an average value of the demarcation frequencies of the N audio frames. For example,

an N;i" audio frame is any one of the N audio frames, and a frequency range of the N;i" audio

frame is from Fp to Fg, where Fy is less than Fg. Assuming that a start frequency is Fb, a

method for determining a demarcation frequency of the Nii" audio frame may be searching for
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a frequency F4 by starting from Fb, where Fg meets the following conditions: a proportion of an

energy sum from Fp, to F to total energy of the Nt" audio frame is not less than a fourth preset

proportion, and a proportion of an energy sum from Fb to any frequency less than Fg to the
total energy of the N;!" audio frame is less than the fourth preset proportion, where Fg is the

demarcation frequency of the N" audio frame. The foregoing demarcation frequency

determining step is performed for each of the N audio frames. In this way, the N demarcation
frequencies of the N audio frames may be obtained. The determining, according to the
sparseness of distribution, on the spectrum, of the energy of the N audio frames, whether to
use a first encoding method or a second encoding method to encode the current audio frame
includes: when it is determined that the band-limited sparseness parameter of the audio
frames is less than a fourteenth preset value, determining to use the first encoding method to
encode the current audio frame.

[0035] A person skilled in the art may understand that, the fourth preset proportion and the
fourteenth preset value may be determined according to a simulation experiment. An
appropriate preset value and preset proportion may be determined according to a simulation
experiment, so that a good encoding effect can be obtained when an audio frame meeting the
foregoing condition is encoded by using the first encoding method. Generally, a number less
than 1 but close to 1, for example, 95% or 99%, is selected as a value of the fourth preset
proportion. For the selection of the fourteenth preset value, a number corresponding to a
relatively high frequency is generally not selected. For example, in some embodiments, if a
frequency range of an audio frame is 0 Hz to 8 kHz, a number less than a frequency of 5 kHz
may be selected as the fourteenth preset value.

[0036] For example, energy of each of P spectral envelopes of the current audio frame may be
determined, and a demarcation frequency is searched for from a low frequency to a high
frequency in a manner that a proportion that energy that is less than the demarcation
frequency accounts for in total energy of the current audio frame is the fourth preset
proportion. Assuming that N is 1, the demarcation frequency of the current audio frame is the
band-limited sparseness parameter. Assuming that N is an integer greater than 1, it is
determined that the average value of the demarcation frequencies of the N audio frames is the
band-limited sparseness parameter. A person skilled in the art may understand that, the
demarcation frequency determining mentioned above is merely an example. Alternatively, the
demarcation frequency determining method may be searching for a demarcation frequency
from a high frequency to a low frequency or may be another method.

[0037] Further, to avoid frequent switching between the first encoding method and the second
encoding method, a hangover period may be further set. For an audio frame in the hangover
period, an encoding method used for an audio frame at a start position of the hangover period
may be used. In this way, a switching quality decrease caused by frequent switching between
different encoding methods can be avoided.

[0038] If a hangover length of the hangover period is L, L audio frames after the current audio
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frame all belong to a hangover period of the current audio frame. If sparseness of distribution,
on a spectrum, of energy of an audio frame belonging the hangover period is different from
sparseness of distribution, on a spectrum, of energy of an audio frame at a start position of the
hangover period, the audio frame is still encoded by using an encoding method that is the
same as that used for the audio frame at the start position of the hangover period.

[0039] The hangover period length may be updated according to sparseness of distribution, on
a spectrum, of energy of an audio frame in the hangover period, until the hangover period
length is O.

[0040] For example, if it is determined to use the first encoding method for an 1" audio frame
and a length of a preset hangover period is L, the first encoding method is used for an (I+1)®
audio frame to an (I+L)!" audio frame. Then, sparseness of distribution, on a spectrum, of
energy of the (I+1)!" audio frame is determined, and the hangover period is re-calculated
according to the sparseness of distribution, on the spectrum, of the energy of the (I+1)" audio

frame. If the (1+1)!" audio frame still meets a condition of using the first encoding method, a
subsequent hangover period is still the preset hangover period L. That is, the hangover period

starts from an (L+2)!" audio frame to an (I+1+L)!" audio frame. If the (1+1)!" audio frame does
not meet the condition of using the first encoding method, the hangover period is re-
determined according to the sparseness of distribution, on the spectrum, of the energy of the

(1+1)!" audio frame. For example, it is re-determined that the hangover period is L-L1, where
L1 is a positive integer less than or equal to L. If L1 is equal to L, the hangover period length is
updated to 0. In this case, the encoding method is re-determined according to the sparseness

of distribution, on the spectrum, of the energy of the (I+1)1" audio frame. If L1 is an integer less
than L, the encoding method is re-determined according to sparseness of distribution, on a

spectrum, of energy of an (I+1+L-L1)!" audio frame. However, because the (1+1)!" audio frame

is in a hangover period of the 1" audio frame, the (1+1)" audio frame is still encoded by using
the first encoding method. L1 may be referred to as a hangover update parameter, and a
value of the hangover update parameter may be determined according to sparseness of
distribution, on a spectrum, of energy of an input audio frame. In this way, hangover period
update is related to sparseness of distribution, on a spectrum, of energy of an audio frame.

[0041] For example, when a general sparseness parameter is determined and the general
sparseness parameter is a first minimum bandwidth, the hangover period may be re-
determined according to a minimum bandwidth of distribution, on a spectrum, of first-preset-
proportion energy of an audio frame. It is assumed that it is determined to use the first

encoding method to encode the 1" audio frame, and a preset hangover period is L. A minimum
bandwidth of distribution, on a spectrum, of first-preset-proportion energy of each of H

consecutive audio frames including the (I+1)1" audio frame is determined, where H is a positive

integer greater than 0. If the (I+1)1" audio frame does not meet the condition of using the first
encoding method, a quantity of audio frames whose minimum bandwidths of distribution, on a
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spectrum, of first-preset-proportion energy are less than a fifteenth preset value (the quantity is
briefly referred to as a first hangover parameter) is determined. VWWhen a minimum bandwidth of

distribution, on a spectrum, of first-preset-proportion energy of an (L+1)" audio frame is
greater than a sixteenth preset value and is less than a seventeenth preset value, and the first
hangover parameter is less than an eighteenth preset value, the hangover period length is
subtracted by 1, that is, the hangover update parameter is 1. The sixteenth preset value is
greater than the first preset value. WWhen the minimum bandwidth of distribution, on the

spectrum, of the first-preset-proportion energy of the (L+1)!" audio frame is greater than the
seventeenth preset value and is less than a nineteenth preset value, and the first hangover
parameter is less than the eighteenth preset value, the hangover period length is subtracted by
2, that is, the hangover update parameter is 2. When the minimum bandwidth of distribution,

on the spectrum, of the first-preset-proportion energy of the (L+1)" audio frame is greater than
the nineteenth preset value, the hangover period is set to 0. When the first hangover
parameter and the minimum bandwidth of distribution, on the spectrum, of the first-preset-

proportion energy of the (L+1)!" audio frame do not meet one or more of the sixteenth preset
value to the nineteenth preset value, the hangover period remains unchanged.

[0042] A person skilled in the art may understand that, the preset hangover period may be set
according to an actual status, and the hangover update parameter also may be adjusted
according to an actual status. The fifteenth preset value to the nineteenth preset value may be
adjusted according to an actual status, so that different hangover periods may be set.

[0043] Similarly, when the general sparseness parameter includes a second minimum
bandwidth and a third minimum bandwidth, or the general sparseness parameter includes a
first energy proportion, or the general sparseness parameter includes a second energy
proportion and a third energy proportion, a corresponding preset hangover period, a
corresponding hangover update parameter, and a related parameter used to determine the
hangover update parameter may be set, so that a corresponding hangover period can be
determined, and frequent switching between encoding methods is avoided.

[0044] When the encoding method is determined according to the burst sparseness (that is,
the encoding method is determined according to global sparseness, local sparseness, and
short-time burstiness of distribution, on a spectrum, of energy of an audio frame), a
corresponding hangover period, a corresponding hangover update parameter, and a related
parameter used to determine the hangover update parameter may be set, to avoid frequent
switching between encoding methods. In this case, the hangover period may be less than the
hangover period that is set in the case of the general sparseness parameter.

[0045] When the encoding method is determined according to a band-limited characteristic of
distribution of energy on a spectrum, a corresponding hangover period, a corresponding
hangover update parameter, and a related parameter used to determine the hangover update
parameter may be set, to avoid frequent switching between encoding methods. For example, a
proportion of energy of a low spectral envelope of an input audio frame to energy of all spectral
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envelopes may be calculated, and the hangover update parameter is determined according to
the proportion. Specifically, the proportion of the energy of the low spectral envelope to the
energy of all the spectral envelopes may be determined by using the following formula:

¥

2.8

_ k=0
R . =1 Formula

> s(k)

k=0

1.5
where Ry, represents the proportion of the energy of the low spectral envelope to the energy

of all the spectral envelopes, s(k) represents energy of a ki spectral envelope, y represents an
index of a highest spectral envelope of a low frequency band, and P indicates that the audio
frame is divided into P spectral envelopes in total. In this case, if Rjg, is greater than a

twentieth preset value, the hangover update parameter is 0. Otherwise, if Ry, is greater than a

twenty-first preset value, the hangover update parameter may have a relatively small value,
where the twentieth preset value is greater than the twenty-first preset value. If Rjgy is not

greater than the twenty-first preset value, the hangover parameter may have a relatively large
value. A person skilled in the art may understand that, the twentieth preset value and the
twenty-first preset value may be determined according to a simulation experiment, and the
value of the hangover update parameter also may be determined according to an experiment.
Generally, a number that is an excessively small proportion is generally not selected as the
twenty-first preset value. For example, a number greater than 50% may be generally selected.
The twentieth preset value ranges between the twenty-first preset value and 1.

[0046] In addition, when the encoding method is determined according to a band-limited
characteristic of distribution of energy on a spectrum, a demarcation frequency of an input
audio frame may be further determined, and the hangover update parameter is determined
according to the demarcation frequency, where the demarcation frequency may be different
from a demarcation frequency used to determine a band-limited sparseness parameter. If the
demarcation frequency is less than a twenty-second preset value, the hangover update
parameter is 0. Otherwise, if the demarcation frequency is less than a twenty-third preset
value, the hangover update parameter has a relatively small value. The twenty-third preset
value is greater than the twenty-second preset value. If the demarcation frequency is greater
than the twenty-third preset value, the hangover update parameter may have a relatively large
value. A person skilled in the art may understand that, the twenty-second preset value and the
twenty-third preset value may be determined according to a simulation experiment, and the
value of the hangover update parameter also may be determined according to an experiment.
Generally, a number corresponding to a relatively high frequency is not selected as the twenty-
third preset value. For example, if a frequency range of an audio frame is 0 Hz to 8 kHz, a
number less than a frequency of 5 kHz may be selected as the twenty-third preset value.

[0047] FIG. 2 is a structural block diagram of an apparatus according to an embodiment of the
present invention. The apparatus 200 shown in FIG. 2 can perform the steps in FIG. 1. As
shown in FIG. 2, the apparatus 200 includes an obtaining unit 201 and a determining unit 202.
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[0048] The obtaining unit 201 is configured to obtain N audio frames, where the N audio
frames include a current audio frame, and N is a positive integer.

[0049] The determining unit 202 is configured to determine sparseness of distribution, on the
spectrum, of energy of the N audio frames obtained by the obtaining unit 201.

[0050] The determining unit 202 is further configured to determine, according to the
sparseness of distribution, on the spectrum, of the energy of the N audio frames, whether to
use a first encoding method or a second encoding method to encode the current audio frame,
where the first encoding method is an encoding method that is based on time-frequency
transform and transform coefficient quantization and that is not based on linear prediction, and
the second encoding method is a linear-prediction-based encoding method.

[0051] According to the apparatus shown in FIG. 2, when an audio frame is encoded,
sparseness of distribution, on a spectrum, of energy of the audio frame is considered, which
can reduce encoding complexity and ensure that encoding is of relatively high accuracy.

[0052] During selection of an appropriate encoding method for an audio frame, sparseness of
distribution, on a spectrum, of energy of the audio frame may be considered. There may be
three types of sparseness of distribution, on a spectrum, of energy of an audio frame: general
sparseness, burst sparseness, and band-limited sparseness.

[0053] Optionally, in an embodiment, an appropriate encoding method may be selected for the
current audio frame by using the general sparseness. In this case, the determining unit 202 is
specifically configured to divide a spectrum of each of the N audio frames into P spectral
envelopes, and determine a general sparseness parameter according to energy of the P
spectral envelopes of each of the N audio frames, where P is a positive integer, and the
general sparseness parameter indicates the sparseness of distribution, on the spectrum, of the
energy of the N audio frames.

[0054] Specifically, an average value of minimum bandwidths of distribution, on a spectrum, of
specific-proportion energy of N input consecutive audio frames may be defined as the general
sparseness. A smaller bandwidth indicates stronger general sparseness, and a larger
bandwidth indicates weaker general sparseness. In other words, stronger general sparseness
indicates that energy of an audio frame is more centralized, and weaker general sparseness
indicates that energy of an audio frame is more disperse. Efficiency is high when the first
encoding method is used to encode an audio frame whose general sparseness is relatively
strong. Therefore, an appropriate encoding method may be selected by determining general
sparseness of an audio frame, to encode the audio frame. To help determine general
sparseness of an audio frame, the general sparseness may be quantized to obtain a general
sparseness parameter. Optionally, when N is 1, the general sparseness is a minimum
bandwidth of distribution, on a spectrum, of specific-proportion energy of the current audio
frame.
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[0055] Optionally, in an embodiment, the general sparseness parameter includes a first
minimum bandwidth. In this case, the determining unit 202 is specifically configured to
determine an average value of minimum bandwidths of distribution, on the spectrum, of first-
preset-proportion energy of the N audio frames according to the energy of the P spectral
envelopes of each of the N audio frames, where the average value of the minimum bandwidths
of distribution, on the spectrum, of the first-preset-proportion energy of the N audio frames is
the first minimum bandwidth. The determining unit 202 is specifically configured to: when the
first minimum bandwidth is less than a first preset value, determine to use the first encoding
method to encode the current audio frame; or when the first minimum bandwidth is greater
than the first preset value, determine to use the second encoding method to encode the
current audio frame.

[0056] A person skilled in the art may understand that, the first preset value and the first preset
proportion may be determined according to a simulation experiment. An appropriate first
preset value and first preset proportion may be determined by means of a simulation
experiment, so that a good encoding effect can be obtained when an audio frame meeting the
foregoing condition is encoded by using the first encoding method or the second encoding
method.

[0057] The determining unit 202 is specifically configured to: sort the energy of the P spectral
envelopes of each audio frame in descending order; determine, according to the energy,
sorted in descending order, of the P spectral envelopes of each of the N audio frames, a
minimum bandwidth of distribution, on the spectrum, of energy that accounts for not less than
the first preset proportion of each of the N audio frames; and determine, according to the
minimum bandwidth of distribution, on the spectrum, of the energy that accounts for not less
than the first preset proportion of each of the N audio frames, an average value of minimum
bandwidths of distribution, on the spectrum, of energy that accounts for not less than the first
preset proportion of the N audio frames. For example, an audio signal obtained by the
obtaining unit 201 is a wideband signal sampled at 16 kHz, and the obtained audio signal is
obtained in a frame of 20 ms. Each frame of signal is 320 time domain sampling points. The
determining unit 202 may perform time-frequency transform on a time domain signal, for
example, perform time-frequency transform by means of fast Fourier transform (Fast Fourier
Transformation, FFT), to obtain 160 spectral envelopes S(k), that is, 160 FFT energy spectrum
coefficients, where k=0, 1, 2, ..., 159. The determining unit 202 may find a minimum bandwidth
from the spectral envelopes S(k) in a manner that a proportion that energy on the bandwidth
accounts for in total energy of the frame is the first preset proportion. Specifically, the
determining unit 202 may sequentially accumulate energy of frequency bins in the spectral
envelopes S(k) in descending order; and compare energy obtained after each time of
accumulation with the total energy of the audio frame, and if a proportion is greater than the
first preset proportion, end the accumulation process, where a quantity of times of
accumulation is the minimum bandwidth. For example, the first preset proportion is 90%, and if
a proportion that an energy sum obtained after 30 times of accumulation accounts for in the
total energy exceeds 90%, it may be considered that a minimum bandwidth of energy that
accounts for not less than the first preset proportion of the audio frame is 30. The determining
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unit 202 may execute the foregoing minimum bandwidth determining process for each of the N
audio frames, to separately determine the minimum bandwidths of the energy that accounts for
not less than the first preset proportion of the N audio frames including the current audio
frame. The determining unit 202 may calculate an average value of the minimum bandwidths
of the energy that accounts for not less than the first preset proportion of the N audio frames.
The average value of the minimum bandwidths of the energy that accounts for not less than
the first preset proportion of the N audio frames may be referred to as the first minimum
bandwidth, and the first minimum bandwidth may be used as the general sparseness
parameter. When the first minimum bandwidth is less than the first preset value, the
determining unit 202 may determine to use the first encoding method to encode the current
audio frame. When the first minimum bandwidth is greater than the first preset value, the
determining unit 202 may determine to use the second encoding method to encode the current
audio frame.

[0058] Optionally, in another embodiment, the general sparseness parameter may include a
first energy proportion. In this case, the determining unit 202 is specifically configured to select
P4 spectral envelopes from the P spectral envelopes of each of the N audio frames, and

determine the first energy proportion according to energy of the P4 spectral envelopes of each
of the N audio frames and total energy of the respective N audio frames, where P is a positive

integer less than P. The determining unit 202 is specifically configured to: when the first energy
proportion is greater than a second preset value, determine to use the first encoding method to
encode the current audio frame; and when the first energy proportion is less than the second
preset value, determine to use the second encoding method to encode the current audio
frame. Optionally, in an embodiment, when N is 1, the N audio frames are the current audio
frame, and the determining unit 202 is specifically configured to determine the first energy
proportion according to energy of P4 spectral envelopes of the current audio frame and total

energy of the current audio frame. The determining unit 202 is specifically configured to
determine the P4 spectral envelopes according to the energy of the P spectral envelopes,

where energy of any one of the P4 spectral envelopes is greater than energy of any one of the

other spectral envelopes in the P spectral envelopes except the P4 spectral envelopes.

[0059] Specifically, the determining unit 202 may calculate the first energy proportion by using
the following formula:

N
Zr(n)
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Formula 1.6
where Ri represents the first energy proportion, Epq(n) represents an energy sum of P4

selected spectral envelopes in an n" audio frame, E4(n) represents total energy of the nth

audio frame, and r(n) represents a proportion that the energy of the P spectral envelopes of
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the nt" audio frame in the N audio frames accounts for in the total energy of the audio frame.

[0060] A person skilled in the art may understand that, the second preset value and selection
of the P4 spectral envelopes may be determined according to a simulation experiment. An

appropriate second preset value, an appropriate value of P4, and an appropriate method for
selecting the P4 spectral envelopes may be determined by means of a simulation experiment,

so that a good encoding effect can be obtained when an audio frame meeting the foregoing
condition is encoded by using the first encoding method or the second encoding method.
Optionally, in an embodiment, the P4 spectral envelopes may be P4 spectral envelopes having

maximum energy in the P spectral envelopes.

[0061] For example, an audio signal obtained by the obtaining unit 201 is a wideband signal
sampled at 16 kHz, and the obtained audio signal is obtained in a frame of 20 ms. Each frame
of signal is 320 time domain sampling points. The determining unit 202 may perform time-
frequency transform on a time domain signal, for example, perform time-frequency transform
by means of fast Fourier transform, to obtain 160 spectral envelopes S(k), where k=0, 1, 2, ...,
159. The determining unit 202 may select P spectral envelopes from the 160 spectral

envelopes, and calculate a proportion that an energy sum of the P4 spectral envelopes

accounts for in total energy of the audio frame. The determining unit 202 may execute the
foregoing process for each of the N audio frames, that is, calculate a proportion that an energy
sum of the P4 spectral envelopes of each of the N audio frames accounts for in respective total

energy. The determining unit 202 may calculate an average value of the proportions. The
average value of the proportions is the first energy proportion. When the first energy proportion
is greater than the second preset value, the determining unit 202 may determine to use the
first encoding method to encode the current audio frame. When the first energy proportion is
less than the second preset value, the determining unit 202 may determine to use the second
encoding method to encode the current audio frame. The P4 spectral envelopes may be P4

spectral envelopes having maximum energy in the P spectral envelopes. That is, the
determining unit 202 is specifically configured to determine, from the P spectral envelopes of
each of the N audio frames, P4 spectral envelopes having maximum energy. Optionally, in an

embodiment, the value of P4 may be 20.

[0062] Optionally, in another embodiment, the general sparseness parameter may include a
second minimum bandwidth and a third minimum bandwidth. In this case, the determining unit
202 is specifically configured to determine an average value of minimum bandwidths of
distribution, on the spectrum, of second-preset-proportion energy of the N audio frames and
determine an average value of minimum bandwidths of distribution, on the spectrum, of third-
preset-proportion energy of the N audio frames according to the energy of the P spectral
envelopes of each of the N audio frames, where the average value of the minimum bandwidths
of distribution, on the spectrum, of the second-preset-proportion energy of the N audio frames
is used as the second minimum bandwidth, the average value of the minimum bandwidths of
distribution, on the spectrum, of the third-preset-proportion energy of the N audio frames is
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used as the third minimum bandwidth, and the second preset proportion is less than the third
preset proportion. The determining unit 202 is specifically configured to: when the second
minimum bandwidth is less than a third preset value and the third minimum bandwidth is less
than a fourth preset value, determine to use the first encoding method to encode the current
audio frame; when the third minimum bandwidth is less than a fifth preset value, determine to
use the first encoding method to encode the current audio frame; and when the third minimum
bandwidth is greater than a sixth preset value, determine to use the second encoding method
to encode the current audio frame. Optionally, in an embodiment, when N is 1, the N audio
frames are the current audio frame. The determining unit 202 may determine a minimum
bandwidth of distribution, on the spectrum, of second-preset-proportion energy of the current
audio frame as the second minimum bandwidth. The determining unit 202 may determine a
minimum bandwidth of distribution, on the spectrum, of third-preset-proportion energy of the
current audio frame as the third minimum bandwidth.

[0063] A person skilled in the art may understand that, the third preset value, the fourth preset
value, the fifth preset value, the sixth preset value, the second preset proportion, and the third
preset proportion may be determined according to a simulation experiment. Appropriate preset
values and preset proportions may be determined by means of a simulation experiment, so
that a good encoding effect can be obtained when an audio frame meeting the foregoing
condition is encoded by using the first encoding method or the second encoding method.

[0064] The determining unit 202 is specifically configured to: sort the energy of the P spectral
envelopes of each audio frame in descending order; determine, according to the energy,
sorted in descending order, of the P spectral envelopes of each of the N audio frames, a
minimum bandwidth of distribution, on the spectrum, of energy that accounts for not less than
the second preset proportion of each of the N audio frames; determine, according to the
minimum bandwidth of distribution, on the spectrum, of the energy that accounts for not less
than the second preset proportion of each of the N audio frames, an average value of
minimum bandwidths of distribution, on the spectrum, of energy that accounts for not less than
the second preset proportion of the N audio frames; determine, according to the energy, sorted
in descending order, of the P spectral envelopes of each of the N audio frames, a minimum
bandwidth of distribution, on the spectrum, of energy that accounts for not less than the third
preset proportion of each of the N audio frames; and determine, according to the minimum
bandwidth of distribution, on the spectrum, of the energy that accounts for not less than the
third preset proportion of each of the N audio frames, an average value of minimum
bandwidths of distribution, on the spectrum, of energy that accounts for not less than the third
preset proportion of the N audio frames. For example, an audio signal obtained by the
obtaining unit 201 is a wideband signal sampled at 16 kHz, and the obtained audio signal is
obtained in a frame of 20 ms. Each frame of signal is 320 time domain sampling points. The
determining unit 202 may perform time-frequency transform on a time domain signal, for
example, perform time-frequency transform by means of fast Fourier transform, to obtain 160
spectral envelopes S(k), where k=0, 1, 2, ..., 159. The determining unit 202 may find a
minimum bandwidth from the spectral envelopes S(k) in a manner that a proportion that
energy on the bandwidth accounts for in total energy of the frame is not less than the second



DK/EP 3460794 T3

preset proportion. The determining unit 202 may continue to find a bandwidth from the spectral
envelopes S(k) in a manner that a proportion that energy on the bandwidth accounts for in the
total energy is not less than the third preset proportion. Specifically, the determining unit 202
may sequentially accumulate energy of frequency bins in the spectral envelopes S(k) in
descending order. Energy obtained after each time of accumulation is compared with the total
energy of the audio frame, and if a proportion is greater than the second preset proportion, a
quantity of times of accumulation is a minimum bandwidth that is not less than the second
preset proportion. The determining unit 202 may continue the accumulation. If a proportion of
energy obtained after accumulation to the total energy of the audio frame is greater than the
third preset proportion, the accumulation is ended, and a quantity of times of accumulation is a
minimum bandwidth that is not less than the third preset proportion. For example, the second
preset proportion is 85%, and the third preset proportion is 95%. If a proportion that an energy
sum obtained after 30 times of accumulation accounts for in the total energy exceeds 85%, it
may be considered that the minimum bandwidth of distribution, on the spectrum, of the energy
that accounts for not less than the second preset proportion of the audio frame is 30. The
accumulation is continued, and if a proportion that an energy sum obtained after 35 times of
accumulation accounts for in the total energy is 95%, it may be considered that the minimum
bandwidth of distribution, on the spectrum, of the energy that accounts for not less than the
third preset proportion of the audio frame is 35. The determining unit 202 may execute the
foregoing process for each of the N audio frames. The determining unit 202 may separately
determine the minimum bandwidths of distribution, on the spectrum, of the energy that
accounts for not less than the second preset proportion of the N audio frames including the
current audio frame and the minimum bandwidths of distribution, on the spectrum, of the
energy that accounts for not less than the third preset proportion of the N audio frames
including the current audio frame. The average value of the minimum bandwidths of
distribution, on the spectrum, of the energy that accounts for not less than the second preset
proportion of the N audio frames is the second minimum bandwidth. The average value of the
minimum bandwidths of distribution, on the spectrum, of the energy that accounts for not less
than the third preset proportion of the N audio frames is the third minimum bandwidth. When
the second minimum bandwidth is less than the third preset value and the third minimum
bandwidth is less than the fourth preset value, the determining unit 202 may determine to use
the first encoding method to encode the current audio frame. VWhen the third minimum
bandwidth is less than the fifth preset value, the determining unit 202 may determine to use the
first encoding method to encode the current audio frame. When the third minimum bandwidth
is greater than the first preset value, the determining unit 202 may determine to use the
second encoding method to encode the current audio frame.

[0065] Optionally, in another embodiment, the general sparseness parameter includes a
second energy proportion and a third energy proportion. In this case, the determining unit 202
is specifically configured to: select P, spectral envelopes from the P spectral envelopes of each

of the N audio frames, determine the second energy proportion according to energy of the P>

spectral envelopes of each of the N audio frames and total energy of the respective N audio
frames, select P3 spectral envelopes from the P spectral envelopes of each of the N audio

frames, and determine the third energy proportion according to energy of the P5; spectral
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envelopes of each of the N audio frames and the total energy of the respective N audio
frames, where P> and P3 are positive integers less than P, and P> is less than P3. The

determining unit 202 is specifically configured to: when the second energy proportion is greater
than a seventh preset value and the third energy proportion is greater than an eighth preset
value, determine to use the first encoding method to encode the current audio frame; when the
second energy proportion is greater than a ninth preset value, determine to use the first
encoding method to encode the current audio frame; and when the third energy proportion is
less than a tenth preset value, determine to use the second encoding method to encode the
current audio frame. Optionally, in an embodiment, when N is 1, the N audio frames are the
current audio frame. The determining unit 202 may determine the second energy proportion
according to energy of P> spectral envelopes of the current audio frame and total energy of the

current audio frame. The determining unit 202 may determine the third energy proportion
according to energy of P53 spectral envelopes of the current audio frame and the total energy of

the current audio frame.

[0066] A person skilled in the art may understand that, values of P, and P3, the seventh preset

value, the eighth preset value, the ninth preset value, and the tenth preset value may be
determined according to a simulation experiment. Appropriate preset values may be
determined by means of a simulation experiment, so that a good encoding effect can be
obtained when an audio frame meeting the foregoing condition is encoded by using the first
encoding method or the second encoding method. Optionally, in an embodiment, the
determining unit 202 is specifically configured to determine, from the P spectral envelopes of
each of the N audio frames, P, spectral envelopes having maximum energy, and determine,

from the P spectral envelopes of each of the N audio frames, P3 spectral envelopes having

maximum energy.

[0067] For example, an audio signal obtained by the obtaining unit 201 is a wideband signal
sampled at 16 kHz, and the obtained audio signal is obtained in a frame of 20 ms. Each frame
of signal is 320 time domain sampling points. The determining unit 202 may perform time-
frequency transform on a time domain signal, for example, perform time-frequency transform
by means of fast Fourier transform, to obtain 160 spectral envelopes S(k), where k=0, 1, 2, ...,
159. The determining unit 202 may select P, spectral envelopes from the 160 spectral

envelopes, and calculate a proportion that an energy sum of the P, spectral envelopes

accounts for in total energy of the audio frame. The determining unit 202 may execute the
foregoing process for each of the N audio frames, that is, calculate a proportion that an energy
sum of the P, spectral envelopes of each of the N audio frames accounts for in respective total

energy. The determining unit 202 may calculate an average value of the proportions. The
average value of the proportions is the second energy proportion. The determining unit 202
may select P3 spectral envelopes from the 160 spectral envelopes, and calculate a proportion
that an energy sum of the P5 spectral envelopes accounts for in the total energy of the audio
frame. The determining unit 202 may execute the foregoing process for each of the N audio
frames, that is, calculate a proportion that an energy sum of the P53 spectral envelopes of each
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of the N audio frames accounts for in the respective total energy. The determining unit 202
may calculate an average value of the proportions. The average value of the proportions is the
third energy proportion. When the second energy proportion is greater than the seventh preset
value and the third energy proportion is greater than the eighth preset value, the determining
unit 202 may determine to use the first encoding method to encode the current audio frame.
When the second energy proportion is greater than the ninth preset value, the determining unit
202 may determine to use the first encoding method to encode the current audio frame. When
the third energy proportion is less than the tenth preset value, the determining unit 202 may
determine to use the second encoding method to encode the current audio frame. The P»

spectral envelopes may be P, spectral envelopes having maximum energy in the P spectral
envelopes; and the P3 spectral envelopes may be P53 spectral envelopes having maximum
energy in the P spectral envelopes. Optionally, in an embodiment, the value of P, may be 20,

and the value of P3 may be 30.

[0068] Optionally, in another embodiment, an appropriate encoding method may be selected
for the current audio frame by using the burst sparseness. For the burst sparseness, global
sparseness, local sparseness, and short-time burstiness of distribution, on a spectrum, of
energy of an audio frame need to be considered. In this case, the sparseness of distribution of
the energy on the spectrum may include global sparseness, local sparseness, and short-time
burstiness of distribution of the energy on the spectrum. In this case, a value of N may be 1,
and the N audio frames are the current audio frame. The determining unit 202 is specifically
configured to divide a spectrum of the current audio frame into Q sub bands, and determine a
burst sparseness parameter according to peak energy of each of the Q sub bands of the
spectrum of the current audio frame, where the burst sparseness parameter is used to indicate
global sparseness, local sparseness, and short-time burstiness of the current audio frame.

[0069] Specifically, the determining unit 202 is specifically configured to determine a global
peak-to-average proportion of each of the Q sub bands, a local peak-to-average proportion of
each of the Q sub bands, and a short-time energy fluctuation of each of the Q sub bands,
where the global peak-to-average proportion is determined by the determining unit 202
according to the peak energy in the sub band and average energy of all the sub bands of the
current audio frame, the local peak-to-average proportion is determined by the determining
unit 202 according to the peak energy in the sub band and average energy in the sub band,
and the short-time peak energy fluctuation is determined according to the peak energy in the
sub band and peak energy in a specific frequency band of an audio frame before the audio
frame. The global peak-to-average proportion of each of the Q sub bands, the local peak-to-
average proportion of each of the Q sub bands, and the short-time energy fluctuation of each
of the Q sub bands respectively represent the global sparseness, the local sparseness, and
the short-time burstiness. The determining unit 202 is specifically configured to: determine
whether there is a first sub band in the Q sub bands, where a local peak-to-average proportion
of the first sub band is greater than an eleventh preset value, a global peak-to-average
proportion of the first sub band is greater than a twelfth preset value, and a short-time peak
energy fluctuation of the first sub band is greater than a thirteenth preset value; and when
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there is the first sub band in the Q sub bands, determine to use the first encoding method to
encode the current audio frame.

[0070] Specifically, the determining unit 202 may calculate the global peak-to-average

proportion by using the following formula:
Pl N
p2s(i) :e(i)/(%*Zs(_k)J

k=0

Formula 1.7

where e(i) represents peak energy of an if" sub band in the Q sub bands, s(k) represents
energy of a ki spectral envelope in the P spectral envelopes, and p2s(i) represents a global

peak-to-average proportion of the it sub band.

[0071] The determining unit 202 may calculate the local peak-to-average proportion by using
the following formula:

p2adi) = e(l)/(h(i) 1) +1 kZL;)S(k)]

Formula 1.8

where e(i) represents the peak energy of the it" sub band in the Q sub bands, s(k) represents
the energy of the ki" spectral envelope in the P spectral envelopes, h(i) represents an index of
a spectral envelope that is included in the " sub band and that has a highest frequency, I(i)
represents an index of a spectral envelope that is included in the i" sub band and that has a

lowest frequency, p2a(i) represents a local peak-to-average proportion of the it" sub band, and
h(i) is less than or equal to P-1.

[0072] The determining unit 202 may calculate the short-time peak energy fluctuation by using

the following formula:
dev(i)=(2*e))/ (e, +e,)

Formula 1.9
where e(i) represents the peak energy of the if" sub band in the Q sub bands of the current
audio frame, and ei and e5 represent peak energy of specific frequency bands of audio frames

before the current audio frame. Specifically, assuming that the current audio frame is an Mt

audio frame, a spectral envelope in which peak energy of the it" sub band of the current audio
frame is located is determined. It is assumed that the spectral envelope in which the peak

energy is located is i;. Peak energy within a range from an (i1-)!" spectral envelope to an
(i1+)1" spectral envelope in an (M-1)" audio frame is determined, and the peak energy is ei.
Similarly, peak energy within a range from an (i1-t)!" spectral envelope to an (i;+)" spectral

envelope in an (M-2)™" audio frame is determined, and the peak energy is e».

[0073] A person skilled in the art may understand that, the eleventh preset value, the twelfth
preset value, and the thirteenth preset value may be determined according to a simulation
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experiment. Appropriate preset values may be determined by means of a simulation
experiment, so that a good encoding effect can be obtained when an audio frame meeting the
foregoing condition is encoded by using the first encoding method.

[0074] Optionally, in another embodiment, an appropriate encoding method may be selected
for the current audio frame by using the band-limited sparseness. In this case, the sparseness
of distribution of the energy on the spectrum includes band-limited sparseness of distribution of
the energy on the spectrum. In this case, the determining unit 202 is specifically configured to
determine a demarcation frequency of each of the N audio frames. The determining unit 202 is
specifically configured to determine a band-limited sparseness parameter according to the
demarcation frequency of each of the N audio frames.

[0075] A person skilled in the art may understand that, the fourth preset proportion and the
fourteenth preset value may be determined according to a simulation experiment. An
appropriate preset value and preset proportion may be determined according to a simulation
experiment, so that a good encoding effect can be obtained when an audio frame meeting the
foregoing condition is encoded by using the first encoding method.

[0076] For example, the determining unit 202 may determine energy of each of P spectral
envelopes of the current audio frame, and search for a demarcation frequency from a low
frequency to a high frequency in a manner that a proportion that energy that is less than the
demarcation frequency accounts for in total energy of the current audio frame is the fourth
preset proportion. The band-limited sparseness parameter may be an average value of the
demarcation frequencies of the N audio frames. In this case, the determining unit 202 is
specifically configured to: when it is determined that the band-limited sparseness parameter of
the audio frames is less than a fourteenth preset value, determine to use the first encoding
method to encode the current audio frame. Assuming that N is 1, the demarcation frequency of
the current audio frame is the band-limited sparseness parameter. Assuming that N is an
integer greater than 1, the determining unit 202 may determine that the average value of the
demarcation frequencies of the N audio frames is the band-limited sparseness parameter. A
person skilled in the art may understand that, the demarcation frequency determining
mentioned above is merely an example. Alternatively, the demarcation frequency determining
method may be searching for a demarcation frequency from a high frequency to a low
frequency or may be another method.

[0077] Further, to avoid frequent switching between the first encoding method and the second
encoding method, the determining unit 202 may be further configured to set a hangover
period. The determining unit 202 may be configured to: for an audio frame in the hangover
period, use an encoding method used for an audio frame at a start position of the hangover
period. In this way, a switching quality decrease caused by frequent switching between
different encoding methods can be avoided.

[0078] If a hangover length of the hangover period is L, the determining unit 202 may be
configured to determine that L audio frames after the current audio frame all belong to a



DK/EP 3460794 T3

hangover period of the current audio frame. If sparseness of distribution, on a spectrum, of
energy of an audio frame belonging the hangover period is different from sparseness of
distribution, on a spectrum, of energy of an audio frame at a start position of the hangover
period, the determining unit 202 may be configured to determine that the audio frame is still
encoded by using an encoding method that is the same as that used for the audio frame at the
start position of the hangover period.

[0079] The hangover period length may be updated according to sparseness of distribution, on
a spectrum, of energy of an audio frame in the hangover period, until the hangover period
length is O.

[0080] For example, if the determining unit 202 determines to use the first encoding method
for an 1" audio frame and a length of a preset hangover period is L, the determining unit 202

may determine that the first encoding method is used for an (I+1)" audio frame to an (I+L)®
audio frame. Then, the determining unit 202 may determine sparseness of distribution, on a

spectrum, of energy of the (1+1)!" audio frame, and re-calculate the hangover period according
to the sparseness of distribution, on the spectrum, of the energy of the (I+1)!" audio frame. If

the (I+1)" audio frame still meets a condition of using the first encoding method, the
determining unit 202 may determine that a subsequent hangover period is still the preset

hangover period L. That is, the hangover period starts from an (L+2)" audio frame to an

(1+1+L)" audio frame. If the (1+1)!" audio frame does not meet the condition of using the first
encoding method, the determining unit 202 may re-determine the hangover period according

to the sparseness of distribution, on the spectrum, of the energy of the (I+1)i audio frame. For
example, the determining unit 202 may re-determine that the hangover period is L-L1, where
L1 is a positive integer less than or equal to L. If L1 is equal to L, the hangover period length is
updated to 0. In this case, the determining unit 202 may re-determine the encoding method

according to the sparseness of distribution, on the spectrum, of the energy of the (I+1)!" audio
frame. If L1 is an integer less than L, the determining unit 202 may re-determine the encoding

method according to sparseness of distribution, on a spectrum, of energy of an (I+1+L-L1)®
audio frame. However, because the (I+1)!" audio frame is in a hangover period of the 1" audio

frame, the (1+1)!" audio frame is still encoded by using the first encoding method. L1 may be
referred to as a hangover update parameter, and a value of the hangover update parameter
may be determined according to sparseness of distribution, on a spectrum, of energy of an
input audio frame. In this way, hangover period update is related to sparseness of distribution,
on a spectrum, of energy of an audio frame.

[0081] For example, when a general sparseness parameter is determined and the general
sparseness parameter is a first minimum bandwidth, the determining unit 202 may re-
determine the hangover period according to a minimum bandwidth of distribution, on a
spectrum, of first-preset-proportion energy of an audio frame. It is assumed that it is

determined to use the first encoding method to encode the I audio frame, and a preset
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hangover period is L. The determining unit 202 may determine a minimum bandwidth of
distribution, on a spectrum, of first-preset-proportion energy of each of H consecutive audio

frames including the (1+1)!" audio frame, where H is a positive integer greater than 0. If the

(+1)" audio frame does not meet the condition of using the first encoding method, the
determining unit 202 may determine a quantity of audio frames whose minimum bandwidths of
distribution, on a spectrum, of first-preset-proportion energy are less than a fifteenth preset
value (the quantity is briefly referred to as a first hangover parameter). Vw\hen a minimum

bandwidth of distribution, on a spectrum, of first-preset-proportion energy of an (L+1)" audio
frame is greater than a sixteenth preset value and is less than a seventeenth preset value, and
the first hangover parameter is less than an eighteenth preset value, the determining unit 202
may subtract the hangover period length by 1, that is, the hangover update parameter is 1.
The sixteenth preset value is greater than the first preset value. VWWhen the minimum bandwidth

of distribution, on the spectrum, of the first-preset-proportion energy of the (L+1)" audio frame
is greater than the seventeenth preset value and is less than a nineteenth preset value, and
the first hangover parameter is less than the eighteenth preset value, the determining unit 202
may subtract the hangover period length by 2, that is, the hangover update parameter is 2.
When the minimum bandwidth of distribution, on the spectrum, of the first-preset-proportion

energy of the (L+1)!" audio frame is greater than the nineteenth preset value, the determining
unit 202 may set the hangover period to 0. When the first hangover parameter and the
minimum bandwidth of distribution, on the spectrum, of the first-preset-proportion energy of the

(L+1)!" audio frame do not meet one or more of the sixteenth preset value to the nineteenth
preset value, the determining unit 202 may determine that the hangover period remains
unchanged.

[0082] A person skilled in the art may understand that, the preset hangover period may be set
according to an actual status, and the hangover update parameter also may be adjusted
according to an actual status. The fifteenth preset value to the nineteenth preset value may be
adjusted according to an actual status, so that different hangover periods may be set.

[0083] Similarly, when the general sparseness parameter includes a second minimum
bandwidth and a third minimum bandwidth, or the general sparseness parameter includes a
first energy proportion, or the general sparseness parameter includes a second energy
proportion and a third energy proportion, the determining unit 202 may set a corresponding
preset hangover period, a corresponding hangover update parameter, and a related
parameter used to determine the hangover update parameter, so that a corresponding
hangover period can be determined, and frequent switching between encoding methods is
avoided.

[0084] When the encoding method is determined according to the burst sparseness (that is,
the encoding method is determined according to global sparseness, local sparseness, and
short-time burstiness of distribution, on a spectrum, of energy of an audio frame), the
determining unit 202 may set a corresponding hangover period, a corresponding hangover
update parameter, and a related parameter used to determine the hangover update
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parameter, to avoid frequent switching between encoding methods. In this case, the hangover
period may be less than the hangover period that is set in the case of the general sparseness
parameter.

[0085] When the encoding method is determined according to a band-limited characteristic of
distribution of energy on a spectrum, the determining unit 202 may set a corresponding
hangover period, a corresponding hangover update parameter, and a related parameter used
to determine the hangover update parameter, to avoid frequent switching between encoding
methods. For example, the determining unit 202 may calculate a proportion of energy of a low
spectral envelope of an input audio frame to energy of all spectral envelopes, and determine
the hangover update parameter according to the proportion. Specifically, the determining unit
202 may determine the proportion of the energy of the low spectral envelope to the energy of
all the spectral envelopes by using the following formula:

M

Y s(k)

R =40 Formula 1.10

low P-1

> s(k)

k=0
where Rjqy represents the proportion of the energy of the low spectral envelope to the energy

of all the spectral envelopes, s(k) represents energy of a ki spectral envelope, y represents an
index of a highest spectral envelope of a low frequency band, and P indicates that the audio
frame is divided into P spectral envelopes in total. In this case, if Riqy is greater than a

twentieth preset value, the hangover update parameter is 0. If Rjo is greater than a twenty-

first preset value, the hangover update parameter may have a relatively small value, where the
twentieth preset value is greater than the twenty-first preset value. If Riq, is not greater than

the twenty-first preset value, the hangover parameter may have a relatively large value. A
person skilled in the art may understand that, the twentieth preset value and the twenty-first
preset value may be determined according to a simulation experiment, and the value of the
hangover update parameter also may be determined according to an experiment.

[0086] In addition, when the encoding method is determined according to a band-limited
characteristic of distribution of energy on a spectrum, the determining unit 202 may further
determine a demarcation frequency of an input audio frame, and determine the hangover
update parameter according to the demarcation frequency, where the demarcation frequency
may be different from a demarcation frequency used to determine a band-limited sparseness
parameter. If the demarcation frequency is less than a twenty-second preset value, the
determining unit 202 may determine that the hangover update parameter is 0. If the
demarcation frequency is less than a twenty-third preset value, the determining unit 202 may
determine that the hangover update parameter has a relatively small value. If the demarcation
frequency is greater than the twenty-third preset value, the determining unit 202 may
determine that the hangover update parameter may have a relatively large value. A person
skilled in the art may understand that, the twenty-second preset value and the twenty-third
preset value may be determined according to a simulation experiment, and the value of the
hangover update parameter also may be determined according to an experiment.
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[0087] FIG. 3 is a structural block diagram of an apparatus according to an embodiment of the
present invention. The apparatus 300 shown in FIG. 3 can perform the steps in FIG. 1. As
shown in FIG. 3, the apparatus 300 includes a processor 301 and a memory 302.

[0088] Components in the apparatus 300 are coupled by using a bus system 303. The bus
system 303 further includes a power supply bus, a control bus, and a status signal bus in
addition to a data bus. However, for ease of clear description, all buses are marked as the bus
system 303 in FIG. 3.

[0089] The method disclosed in the foregoing embodiments of the present invention may be
applied to the processor 301, or implemented by the processor 301. The processor 301 may
be an integrated circuit chip and has a signal processing capability. In an implementation
process, the steps of the method may be completed by using an integrated logic circuit of
hardware in the processor 301 or an instruction in a software form. The processor 301 may be
a general purpose processor, a digital signal processor (Digital Signal Processor, DSP), an
application-specific integrated circuit (Application Specific Integrated Circuit, ASIC), a field
programmable gate array (Field Programmable Gate Array, FPGA) or another programmable
logical device, a discrete gate or transistor logic device, or a discrete hardware component.
The processor 301 may implement or execute methods, steps and logical block diagrams
disclosed in the embodiments of the present invention. The general purpose processor may be
a microprocessor or the processor may be any common processor, and the like. Steps of the
methods disclosed with reference to the embodiments of the present invention may be directly
executed and completed by means of a hardware decoding processor, or may be executed
and completed by using a combination of hardware and software modules in the decoding
processor. The software module may be located in a storage medium that is mature in the art
such as a random access memory (Random Access Memory, RAM), a flash memory, a read-
only memory (Read-Only Memory, ROM), a programmable read-only memory or an electrically
erasable programmable memory, or a register. The storage medium is located in the memory
302. The processor 301 reads the instruction from the memory 302, and completes the steps
of the method in combination with hardware thereof.

[0090] The processor 301 is configured to obtain N audio frames, where the N audio frames
include a current audio frame, and N is a positive integer.

[0091] The processor 301 is configured to determine sparseness of distribution, on the
spectrum, of energy of the N audio frames obtained by the processor 301.

[0092] The processor 301 is further configured to determine, according to the sparseness of
distribution, on the spectrum, of the energy of the N audio frames, whether to use a first
encoding method or a second encoding method to encode the current audio frame, where the
first encoding method is an encoding method that is based on time-frequency transform and
transform coefficient quantization and that is not based on linear prediction, and the second
encoding method is a linear-prediction-based encoding method.
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[0093] According to the apparatus shown in FIG. 3, when an audio frame is encoded,
sparseness of distribution, on a spectrum, of energy of the audio frame is considered, which
can reduce encoding complexity and ensure that encoding is of relatively high accuracy.

[0094] During selection of an appropriate encoding method for an audio frame, sparseness of
distribution, on a spectrum, of energy of the audio frame may be considered. There may be
three types of sparseness of distribution, on a spectrum, of energy of an audio frame: general
sparseness, burst sparseness, and band-limited sparseness.

[0095] Optionally, in an embodiment, an appropriate encoding method may be selected for the
current audio frame by using the general sparseness. In this case, the processor 301 is
specifically configured to divide a spectrum of each of the N audio frames into P spectral
envelopes, and determine a general sparseness parameter according to energy of the P
spectral envelopes of each of the N audio frames, where P is a positive integer, and the
general sparseness parameter indicates the sparseness of distribution, on the spectrum, of the
energy of the N audio frames.

[0096] Specifically, an average value of minimum bandwidths of distribution, on a spectrum, of
specific-proportion energy of N input consecutive audio frames may be defined as the general
sparseness. A smaller bandwidth indicates stronger general sparseness, and a larger
bandwidth indicates weaker general sparseness. In other words, stronger general sparseness
indicates that energy of an audio frame is more centralized, and weaker general sparseness
indicates that energy of an audio frame is more disperse. Efficiency is high when the first
encoding method is used to encode an audio frame whose general sparseness is relatively
strong. Therefore, an appropriate encoding method may be selected by determining general
sparseness of an audio frame, to encode the audio frame. To help determine general
sparseness of an audio frame, the general sparseness may be quantized to obtain a general
sparseness parameter. Optionally, when N is 1, the general sparseness is a minimum
bandwidth of distribution, on a spectrum, of specific-proportion energy of the current audio
frame.

[0097] Optionally, in an embodiment, the general sparseness parameter includes a first
minimum bandwidth. In this case, the processor 301 is specifically configured to determine an
average value of minimum bandwidths of distribution, on the spectrum, of first-preset-
proportion energy of the N audio frames according to the energy of the P spectral envelopes of
each of the N audio frames, where the average value of the minimum bandwidths of
distribution, on the spectrum, of the first-preset-proportion energy of the N audio frames is the
first minimum bandwidth. The processor 301 is specifically configured to: when the first
minimum bandwidth is less than a first preset value, determine to use the first encoding
method to encode the current audio frame; or when the first minimum bandwidth is greater
than the first preset value, determine to use the second encoding method to encode the
current audio frame.

[0098] A person skilled in the art may understand that, the first preset value and the first preset
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proportion may be determined according to a simulation experiment. An appropriate first
preset value and first preset proportion may be determined by means of a simulation
experiment, so that a good encoding effect can be obtained when an audio frame meeting the
foregoing condition is encoded by using the first encoding method or the second encoding
method.

[0099] The processor 301 is specifically configured to: sort the energy of the P spectral
envelopes of each audio frame in descending order; determine, according to the energy,
sorted in descending order, of the P spectral envelopes of each of the N audio frames, a
minimum bandwidth of distribution, on the spectrum, of energy that accounts for not less than
the first preset proportion of each of the N audio frames; and determine, according to the
minimum bandwidth of distribution, on the spectrum, of the energy that accounts for not less
than the first preset proportion of each of the N audio frames, an average value of minimum
bandwidths of distribution, on the spectrum, of energy that accounts for not less than the first
preset proportion of the N audio frames. For example, an audio signal obtained by the
processor 301 is a wideband signal sampled at 16 kHz, and the obtained audio signal is
obtained in a frame of 30 ms. Each frame of signal is 330 time domain sampling points. The
processor 301 may perform time-frequency transform on a time domain signal, for example,
perform time-frequency transform by means of fast Fourier transform (Fast Fourier
Transformation, FFT), to obtain 130 spectral envelopes S(k), that is, 130 FFT energy spectrum
coefficients, where k=0, 1, 2, ..., 159. The processor 301 may find a minimum bandwidth from
the spectral envelopes S(k) in a manner that a proportion that energy on the bandwidth
accounts for in total energy of the frame is the first preset proportion. Specifically, the
processor 301 may sequentially accumulate energy of frequency bins in the spectral envelopes
S(k) in descending order; and compare energy obtained after each time of accumulation with
the total energy of the audio frame, and if a proportion is greater than the first preset
proportion, end the accumulation process, where a quantity of times of accumulation is the
minimum bandwidth. For example, the first preset proportion is 90%, and if a proportion that an
energy sum obtained after 30 times of accumulation accounts for in the total energy exceeds
90%, it may be considered that a minimum bandwidth of energy that accounts for not less than
the first preset proportion of the audio frame is 30. The processor 301 may execute the
foregoing minimum bandwidth determining process for each of the N audio frames, to
separately determine the minimum bandwidths of the energy that accounts for not less than
the first preset proportion of the N audio frames including the current audio frame. The
processor 301 may calculate an average value of the minimum bandwidths of the energy that
accounts for not less than the first preset proportion of the N audio frames. The average value
of the minimum bandwidths of the energy that accounts for not less than the first preset
proportion of the N audio frames may be referred to as the first minimum bandwidth, and the
first minimum bandwidth may be used as the general sparseness parameter. WWhen the first
minimum bandwidth is less than the first preset value, the processor 301 may determine to use
the first encoding method to encode the current audio frame. VWhen the first minimum
bandwidth is greater than the first preset value, the processor 301 may determine to use the
second encoding method to encode the current audio frame.
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[0100] Optionally, in another embodiment, the general sparseness parameter may include a
first energy proportion. In this case, the processor 301 is specifically configured to select P4
spectral envelopes from the P spectral envelopes of each of the N audio frames, and
determine the first energy proportion according to energy of the P4 spectral envelopes of each
of the N audio frames and total energy of the respective N audio frames, where P is a positive
integer less than P. The processor 301 is specifically configured to: when the first energy
proportion is greater than a second preset value, determine to use the first encoding method to
encode the current audio frame; and when the first energy proportion is less than the second
preset value, determine to use the second encoding method to encode the current audio
frame. Optionally, in an embodiment, when N is 1, the N audio frames are the current audio
frame, and the processor 301 is specifically configured to determine the first energy proportion
according to energy of P4 spectral envelopes of the current audio frame and total energy of the
current audio frame. The processor 301 is specifically configured to determine the P4 spectral
envelopes according to the energy of the P spectral envelopes, where energy of any one of the
P, spectral envelopes is greater than energy of any one of the other spectral envelopes in the

P spectral envelopes except the P4 spectral envelopes.

[0101] Specifically, the processor 301 may calculate the first energy proportion by using the
following formula:

N
2. t(n)
— n=1

R, =2l
) N
0
r(n) e (n)
EaH (n)

Formula 1.6
where Ri represents the first energy proportion, Epq(n) represents an energy sum of P4

selected spectral envelopes in an n" audio frame, E4(n) represents total energy of the nth

audio frame, and r(n) represents a proportion that the energy of the P spectral envelopes of

the nt" audio frame in the N audio frames accounts for in the total energy of the audio frame.

[0102] A person skilled in the art may understand that, the second preset value and selection
of the P4 spectral envelopes may be determined according to a simulation experiment. An

appropriate second preset value, an appropriate value of P4, and an appropriate method for
selecting the P4 spectral envelopes may be determined by means of a simulation experiment,

so that a good encoding effect can be obtained when an audio frame meeting the foregoing
condition is encoded by using the first encoding method or the second encoding method.
Optionally, in an embodiment, the P spectral envelopes may be P4 spectral envelopes having

maximum energy in the P spectral envelopes.

[0103] For example, an audio signal obtained by the processor 301 is a wideband signal
sampled at 16 kHz, and the obtained audio signal is obtained in a frame of 30 ms. Each frame
of signal is 330 time domain sampling points. The processor 301 may perform time-frequency
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transform on a time domain signal, for example, perform time-frequency transform by means
of fast Fourier transform, to obtain 130 spectral envelopes S(k), where k=0, 1, 2, ..., 159. The
processor 301 may select Py spectral envelopes from the 130 spectral envelopes, and

calculate a proportion that an energy sum of the P4 spectral envelopes accounts for in total

energy of the audio frame. The processor 301 may execute the foregoing process for each of
the N audio frames, that is, calculate a proportion that an energy sum of the P, spectral

envelopes of each of the N audio frames accounts for in respective total energy. The processor
301 may calculate an average value of the proportions. The average value of the proportions
is the first energy proportion. When the first energy proportion is greater than the second
preset value, the processor 301 may determine to use the first encoding method to encode the
current audio frame. When the first energy proportion is less than the second preset value, the
processor 301 may determine to use the second encoding method to encode the current audio
frame. The P4 spectral envelopes may be P4 spectral envelopes having maximum energy in

the P spectral envelopes. That is, the processor 301 is specifically configured to determine,
from the P spectral envelopes of each of the N audio frames, P4 spectral envelopes having

maximum energy. Optionally, in an embodiment, the value of P4 may be 30.

[0104] Optionally, in another embodiment, the general sparseness parameter may include a
second minimum bandwidth and a third minimum bandwidth. In this case, the processor 301 is
specifically configured to determine an average value of minimum bandwidths of distribution,
on the spectrum, of second-preset-proportion energy of the N audio frames and determine an
average value of minimum bandwidths of distribution, on the spectrum, of third-preset-
proportion energy of the N audio frames according to the energy of the P spectral envelopes of
each of the N audio frames, where the average value of the minimum bandwidths of
distribution, on the spectrum, of the second-preset-proportion energy of the N audio frames is
used as the second minimum bandwidth, the average value of the minimum bandwidths of
distribution, on the spectrum, of the third-preset-proportion energy of the N audio frames is
used as the third minimum bandwidth, and the second preset proportion is less than the third
preset proportion. The processor 301 is specifically configured to: when the second minimum
bandwidth is less than a third preset value and the third minimum bandwidth is less than a
fourth preset value, determine to use the first encoding method to encode the current audio
frame; when the third minimum bandwidth is less than a fifth preset value, determine to use the
first encoding method to encode the current audio frame; and when the third minimum
bandwidth is greater than a sixth preset value, determine to use the second encoding method
to encode the current audio frame. Optionally, in an embodiment, when N is 1, the N audio
frames are the current audio frame. The processor 301 may determine a minimum bandwidth
of distribution, on the spectrum, of second-preset-proportion energy of the current audio frame
as the second minimum bandwidth. The processor 301 may determine a minimum bandwidth
of distribution, on the spectrum, of third-preset-proportion energy of the current audio frame as
the third minimum bandwidth.

[0105] A person skilled in the art may understand that, the third preset value, the fourth preset
value, the fifth preset value, the sixth preset value, the second preset proportion, and the third
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preset proportion may be determined according to a simulation experiment. Appropriate preset
values and preset proportions may be determined by means of a simulation experiment, so
that a good encoding effect can be obtained when an audio frame meeting the foregoing
condition is encoded by using the first encoding method or the second encoding method.

[0106] The processor 301 is specifically configured to: sort the energy of the P spectral
envelopes of each audio frame in descending order; determine, according to the energy,
sorted in descending order, of the P spectral envelopes of each of the N audio frames, a
minimum bandwidth of distribution, on the spectrum, of energy that accounts for not less than
the second preset proportion of each of the N audio frames; determine, according to the
minimum bandwidth of distribution, on the spectrum, of the energy that accounts for not less
than the second preset proportion of each of the N audio frames, an average value of
minimum bandwidths of distribution, on the spectrum, of energy that accounts for not less than
the second preset proportion of the N audio frames; determine, according to the energy, sorted
in descending order, of the P spectral envelopes of each of the N audio frames, a minimum
bandwidth of distribution, on the spectrum, of energy that accounts for not less than the third
preset proportion of each of the N audio frames; and determine, according to the minimum
bandwidth of distribution, on the spectrum, of the energy that accounts for not less than the
third preset proportion of each of the N audio frames, an average value of minimum
bandwidths of distribution, on the spectrum, of energy that accounts for not less than the third
preset proportion of the N audio frames. For example, an audio signal obtained by the
processor 301 is a wideband signal sampled at 16 kHz, and the obtained audio signal is
obtained in a frame of 30 ms. Each frame of signal is 330 time domain sampling points. The
processor 301 may perform time-frequency transform on a time domain signal, for example,
perform time-frequency transform by means of fast Fourier transform, to obtain 130 spectral
envelopes S(k), where k=0, 1, 2, ..., 159. The processor 301 may find a minimum bandwidth
from the spectral envelopes S(k) in a manner that a proportion that energy on the bandwidth
accounts for in total energy of the frame is not less than the second preset proportion. The
processor 301 may continue to find a bandwidth from the spectral envelopes S(k) in a manner
that a proportion that energy on the bandwidth accounts for in the total energy is not less than
the third preset proportion. Specifically, the processor 301 may sequentially accumulate energy
of frequency bins in the spectral envelopes S(k) in descending order. Energy obtained after
each time of accumulation is compared with the total energy of the audio frame, and if a
proportion is greater than the second preset proportion, a quantity of times of accumulation is
a minimum bandwidth that is not less than the second preset proportion. The processor 301
may continue the accumulation. If a proportion of energy obtained after accumulation to the
total energy of the audio frame is greater than the third preset proportion, the accumulation is
ended, and a quantity of times of accumulation is a minimum bandwidth that is not less than
the third preset proportion. For example, the second preset proportion is 85%, and the third
preset proportion is 95%. If a proportion that an energy sum obtained after 30 times of
accumulation accounts for in the total energy exceeds 85%, it may be considered that the
minimum bandwidth of distribution, on the spectrum, of the energy that accounts for not less
than the second preset proportion of the audio frame is 30. The accumulation is continued,
and if a proportion that an energy sum obtained after 35 times of accumulation accounts for in
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the total energy is 95%, it may be considered that the minimum bandwidth of distribution, on
the spectrum, of the energy that accounts for not less than the third preset proportion of the
audio frame is 35. The processor 301 may execute the foregoing process for each of the N
audio frames. The processor 301 may separately determine the minimum bandwidths of
distribution, on the spectrum, of the energy that accounts for not less than the second preset
proportion of the N audio frames including the current audio frame and the minimum
bandwidths of distribution, on the spectrum, of the energy that accounts for not less than the
third preset proportion of the N audio frames including the current audio frame. The average
value of the minimum bandwidths of distribution, on the spectrum, of the energy that accounts
for not less than the second preset proportion of the N audio frames is the second minimum
bandwidth. The average value of the minimum bandwidths of distribution, on the spectrum, of
the energy that accounts for not less than the third preset proportion of the N audio frames is
the third minimum bandwidth. When the second minimum bandwidth is less than the third
preset value and the third minimum bandwidth is less than the fourth preset value, the
processor 301 may determine to use the first encoding method to encode the current audio
frame. When the third minimum bandwidth is less than the fifth preset value, the processor 301
may determine to use the first encoding method to encode the current audio frame. When the
third minimum bandwidth is greater than the sixth preset value, the processor 301 may
determine to use the second encoding method to encode the current audio frame.

[0107] Optionally, in another embodiment, the general sparseness parameter includes a
second energy proportion and a third energy proportion. In this case, the processor 301 is
specifically configured to: select P> spectral envelopes from the P spectral envelopes of each

of the N audio frames, determine the second energy proportion according to energy of the P>

spectral envelopes of each of the N audio frames and total energy of the respective N audio
frames, select P3 spectral envelopes from the P spectral envelopes of each of the N audio

frames, and determine the third energy proportion according to energy of the Ps spectral

envelopes of each of the N audio frames and the total energy of the respective N audio
frames, where P, and P5 are positive integers less than P, and P, is less than P3. The

processor 301 is specifically configured to: when the second energy proportion is greater than
a seventh preset value and the third energy proportion is greater than an eighth preset value,
determine to use the first encoding method to encode the current audio frame; when the
second energy proportion is greater than a ninth preset value, determine to use the first
encoding method to encode the current audio frame; and when the third energy proportion is
less than a tenth preset value, determine to use the second encoding method to encode the
current audio frame. Optionally, in an embodiment, when N is 1, the N audio frames are the
current audio frame. The processor 301 may determine the second energy proportion
according to energy of P, spectral envelopes of the current audio frame and total energy of the

current audio frame. The processor 301 may determine the third energy proportion according
to energy of P3 spectral envelopes of the current audio frame and the total energy of the

current audio frame.

[0108] A person skilled in the art may understand that, values of P and P3, the seventh preset
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value, the eighth preset value, the ninth preset value, and the tenth preset value may be
determined according to a simulation experiment. Appropriate preset values may be
determined by means of a simulation experiment, so that a good encoding effect can be
obtained when an audio frame meeting the foregoing condition is encoded by using the first
encoding method or the second encoding method. Optionally, in an embodiment, the
processor 301 is specifically configured to determine, from the P spectral envelopes of each of
the N audio frames, P, spectral envelopes having maximum energy, and determine, from the P

spectral envelopes of each of the N audio frames, P53 spectral envelopes having maximum

energy.

[0109] For example, an audio signal obtained by the processor 301 is a wideband signal
sampled at 16 kHz, and the obtained audio signal is obtained in a frame of 30 ms. Each frame
of signal is 330 time domain sampling points. The processor 301 may perform time-frequency
transform on a time domain signal, for example, perform time-frequency transform by means
of fast Fourier transform, to obtain 130 spectral envelopes S(k), where k=0, 1, 2, ..., 159. The
processor 301 may select P, spectral envelopes from the 130 spectral envelopes, and

calculate a proportion that an energy sum of the P, spectral envelopes accounts for in total

energy of the audio frame. The processor 301 may execute the foregoing process for each of
the N audio frames, that is, calculate a proportion that an energy sum of the P, spectral

envelopes of each of the N audio frames accounts for in respective total energy. The processor
301 may calculate an average value of the proportions. The average value of the proportions
is the second energy proportion. The processor 301 may select P3 spectral envelopes from the

130 spectral envelopes, and calculate a proportion that an energy sum of the P3 spectral

envelopes accounts for in the total energy of the audio frame. The processor 301 may execute
the foregoing process for each of the N audio frames, that is, calculate a proportion that an
energy sum of the P3 spectral envelopes of each of the N audio frames accounts for in the

respective total energy. The processor 301 may calculate an average value of the proportions.
The average value of the proportions is the third energy proportion. WWhen the second energy
proportion is greater than the seventh preset value and the third energy proportion is greater
than the eighth preset value, the processor 301 may determine to use the first encoding
method to encode the current audio frame. When the second energy proportion is greater than
the ninth preset value, the processor 301 may determine to use the first encoding method to
encode the current audio frame. When the third energy proportion is less than the tenth preset
value, the processor 301 may determine to use the second encoding method to encode the
current audio frame. The P, spectral envelopes may be P, spectral envelopes having

maximum energy in the P spectral envelopes; and the P3 spectral envelopes may be Pj3

spectral envelopes having maximum energy in the P spectral envelopes. Optionally, in an
embodiment, the value of P, may be 30, and the value of P3 may be 30.

[0110] Optionally, in another embodiment, an appropriate encoding method may be selected
for the current audio frame by using the burst sparseness. For the burst sparseness, global
sparseness, local sparseness, and short-time burstiness of distribution, on a spectrum, of
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energy of an audio frame need to be considered. In this case, the sparseness of distribution of
the energy on the spectrum may include global sparseness, local sparseness, and short-time
burstiness of distribution of the energy on the spectrum. In this case, a value of N may be 1,
and the N audio frames are the current audio frame. The processor 301 is specifically
configured to divide a spectrum of the current audio frame into Q sub bands, and determine a
burst sparseness parameter according to peak energy of each of the Q sub bands of the
spectrum of the current audio frame, where the burst sparseness parameter is used to indicate
global sparseness, local sparseness, and short-time burstiness of the current audio frame.

[0111] Specifically, the processor 301 is specifically configured to determine a global peak-to-
average proportion of each of the Q sub bands, a local peak-to-average proportion of each of
the Q sub bands, and a short-time energy fluctuation of each of the Q sub bands, where the
global peak-to-average proportion is determined by the processor 301 according to the peak
energy in the sub band and average energy of all the sub bands of the current audio frame,
the local peak-to-average proportion is determined by the processor 301 according to the peak
energy in the sub band and average energy in the sub band, and the short-time peak energy
fluctuation is determined according to the peak energy in the sub band and peak energy in a
specific frequency band of an audio frame before the audio frame. The global peak-to-average
proportion of each of the Q sub bands, the local peak-to-average proportion of each of the Q
sub bands, and the short-time energy fluctuation of each of the Q sub bands respectively
represent the global sparseness, the local sparseness, and the short-time burstiness. The
processor 301 is specifically configured to: determine whether there is a first sub band in the Q
sub bands, where a local peak-to-average proportion of the first sub band is greater than an
eleventh preset value, a global peak-to-average proportion of the first sub band is greater than
a twelfth preset value, and a short-time peak energy fluctuation of the first sub band is greater
than a thirteenth preset value; and when there is the first sub band in the Q sub bands,
determine to use the first encoding method to encode the current audio frame.

[0112] Specifically, the processor 301 may calculate the global peak-to-average proportion by
using the following formula:

= A
RPN i
p2s(i) 6(])/(P és(k)J

Formula 1.7
where e(i) represents peak energy of an if" sub band in the Q sub bands, s(k) represents

energy of a k! spectral envelope in the P spectral envelopes, and p2s(i) represents a global

peak-to-average proportion of the it" sub band.

[0113] The processor 301 may calculate the local peak-to-average proportion by using the
following formula:

1 h(@)
) = o/ — L s(k
p2a(i) =c(i) (h(i)—l(i)” k:zl(:i)b( )j

Formula 1.8
where e(i) represents the peak energy of the it" sub band in the Q sub bands, s(k) represents
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the energy of the ki spectral envelope in the P spectral envelopes, h(i) represents an index of
a spectral envelope that is included in the i sub band and that has a highest frequency, I(i)
represents an index of a spectral envelope that is included in the it" sub band and that has a

lowest frequency, p2a(i) represents a local peak-to-average proportion of the it" sub band, and
h(i) is less than or equal to P-1.

[0114] The processor 301 may calculate the short-time peak energy fluctuation by using the
following formula:

dev(i) = (2*e(i))/ (e, +e,)
Formula 1.9
where e(i) represents the peak energy of the i" sub band in the Q sub bands of the current
audio frame, and ei and e5 represent peak energy of specific frequency bands of audio frames

before the current audio frame. Specifically, assuming that the current audio frame is an M

audio frame, a spectral envelope in which peak energy of the i" sub band of the current audio
frame is located is determined. It is assumed that the spectral envelope in which the peak

energy is located is i;. Peak energy within a range from an (i1-t)" spectral envelope to an
(i4+t)t" spectral envelope in an (M-1)I" audio frame is determined, and the peak energy is ei.
Similarly, peak energy within a range from an (i1-t)!" spectral envelope to an (i;+)" spectral

envelope in an (M-2)™" audio frame is determined, and the peak energy is e».

[0115] A person skilled in the art may understand that, the eleventh preset value, the twelfth
preset value, and the thirteenth preset value may be determined according to a simulation
experiment. Appropriate preset values may be determined by means of a simulation
experiment, so that a good encoding effect can be obtained when an audio frame meeting the
foregoing condition is encoded by using the first encoding method.

[0116] Optionally, in another embodiment, an appropriate encoding method may be selected
for the current audio frame by using the band-limited sparseness. In this case, the sparseness
of distribution of the energy on the spectrum includes band-limited sparseness of distribution of
the energy on the spectrum. In this case, the processor 301 is specifically configured to
determine a demarcation frequency of each of the N audio frames. The processor 301 is
specifically configured to determine a band-limited sparseness parameter according to the
demarcation frequency of each of the N audio frames.

[0117] A person skilled in the art may understand that, the fourth preset proportion and the
fourteenth preset value may be determined according to a simulation experiment. An
appropriate preset value and preset proportion may be determined according to a simulation
experiment, so that a good encoding effect can be obtained when an audio frame meeting the
foregoing condition is encoded by using the first encoding method.

[0118] For example, the processor 301 may determine energy of each of P spectral envelopes
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of the current audio frame, and search for a demarcation frequency from a low frequency to a
high frequency in a manner that a proportion that energy that is less than the demarcation
frequency accounts for in total energy of the current audio frame is the fourth preset
proportion. The band-limited sparseness parameter may be an average value of the
demarcation frequencies of the N audio frames. In this case, the processor 301 is specifically
configured to: when it is determined that the band-limited sparseness parameter of the audio
frames is less than a fourteenth preset value, determine to use the first encoding method to
encode the current audio frame. Assuming that N is 1, the demarcation frequency of the
current audio frame is the band-limited sparseness parameter. Assuming that N is an integer
greater than 1, the processor 301 may determine that the average value of the demarcation
frequencies of the N audio frames is the band-limited sparseness parameter. A person skilled
in the art may understand that, the demarcation frequency determining mentioned above is
merely an example. Alternatively, the demarcation frequency determining method may be
searching for a demarcation frequency from a high frequency to a low frequency or may be
another method.

[0119] Further, to avoid frequent switching between the first encoding method and the second
encoding method, the processor 301 may be further configured to set a hangover period. The
processor 301 may be configured to: for an audio frame in the hangover period, use an
encoding method used for an audio frame at a start position of the hangover period. In this
way, a switching quality decrease caused by frequent switching between different encoding
methods can be avoided.

[0120] If a hangover length of the hangover period is L, the processor 301 may be configured
to determine that L audio frames after the current audio frame all belong to a hangover period
of the current audio frame. If sparseness of distribution, on a spectrum, of energy of an audio
frame belonging the hangover period is different from sparseness of distribution, on a
spectrum, of energy of an audio frame at a start position of the hangover period, the processor
301 may be configured to determine that the audio frame is still encoded by using an encoding
method that is the same as that used for the audio frame at the start position of the hangover
period.

[0121] The hangover period length may be updated according to sparseness of distribution, on
a spectrum, of energy of an audio frame in the hangover period, until the hangover period
length is O.

[0122] For example, if the processor 301 determines to use the first encoding method for an Ith
audio frame and a length of a preset hangover period is L, the processor 301 may determine

that the first encoding method is used for an (I+1)" audio frame to an (I+L)" audio frame.
Then, the processor 301 may determine sparseness of distribution, on a spectrum, of energy

of the (I1+1)!" audio frame, and re-calculate the hangover period according to the sparseness of

distribution, on the spectrum, of the energy of the (I+1)!" audio frame. If the (1+1)1" audio frame
still meets a condition of using the first encoding method, the processor 301 may determine
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that a subsequent hangover period is still the preset hangover period L. That is, the hangover

period starts from an (L+2)!" audio frame to an (I+1+L)!" audio frame. If the (I+1)1" audio frame
does not meet the condition of using the first encoding method, the processor 301 may re-
determine the hangover period according to the sparseness of distribution, on the spectrum, of

the energy of the (I+1)!" audio frame. For example, the processor 301 may re-determine that
the hangover period is L-L1, where L1 is a positive integer less than or equal to L. If L1 is
equal to L, the hangover period length is updated to 0. In this case, the processor 301 may re-
determine the encoding method according to the sparseness of distribution, on the spectrum,

of the energy of the (I+1)!" audio frame. If L1 is an integer less than L, the processor 301 may
re-determine the encoding method according to sparseness of distribution, on a spectrum, of

energy of an (I+1+L-L1)!" audio frame. However, because the (1+1)" audio frame is in a

hangover period of the 1" audio frame, the (1+1)!" audio frame is still encoded by using the first
encoding method. L1 may be referred to as a hangover update parameter, and a value of the
hangover update parameter may be determined according to sparseness of distribution, on a
spectrum, of energy of an input audio frame. In this way, hangover period update is related to
sparseness of distribution, on a spectrum, of energy of an audio frame.

[0123] For example, when a general sparseness parameter is determined and the general
sparseness parameter is a first minimum bandwidth, the processor 301 may re-determine the
hangover period according to a minimum bandwidth of distribution, on a spectrum, of first-
preset-proportion energy of an audio frame. It is assumed that it is determined to use the first

encoding method to encode the I audio frame, and a preset hangover period is L. The
processor 301 may determine a minimum bandwidth of distribution, on a spectrum, of first-

preset-proportion energy of each of H consecutive audio frames including the (1+1)!" audio

frame, where H is a positive integer greater than 0. If the (I+1)" audio frame does not meet the
condition of using the first encoding method, the processor 301 may determine a quantity of
audio frames whose minimum bandwidths of distribution, on a spectrum, of first-preset-
proportion energy are less than a fifteenth preset value (the quantity is briefly referred to as a
first hangover parameter). WWhen a minimum bandwidth of distribution, on a spectrum, of first-

preset-proportion energy of an (L+1)!" audio frame is greater than a sixteenth preset value and
is less than a seventeenth preset value, and the first hangover parameter is less than an
eighteenth preset value, the processor 301 may subtract the hangover period length by 1, that
is, the hangover update parameter is 1. The sixteenth preset value is greater than the first
preset value. When the minimum bandwidth of distribution, on the spectrum, of the first-preset-

proportion energy of the (L+1)!" audio frame is greater than the seventeenth preset value and
is less than a nineteenth preset value, and the first hangover parameter is less than the
eighteenth preset value, the processor 301 may subtract the hangover period length by 2, that
is, the hangover update parameter is 2. When the minimum bandwidth of distribution, on the

spectrum, of the first-preset-proportion energy of the (L+1)" audio frame is greater than the
nineteenth preset value, the processor 301 may set the hangover period to 0. When the first
hangover parameter and the minimum bandwidth of distribution, on the spectrum, of the first-
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preset-proportion energy of the (L+1)I" audio frame do not meet one or more of the sixteenth
preset value to the nineteenth preset value, the processor 301 may determine that the
hangover period remains unchanged.

[0124] A person skilled in the art may understand that, the preset hangover period may be set
according to an actual status, and the hangover update parameter also may be adjusted
according to an actual status. The fifteenth preset value to the nineteenth preset value may be
adjusted according to an actual status, so that different hangover periods may be set.

[0125] Similarly, when the general sparseness parameter includes a second minimum
bandwidth and a third minimum bandwidth, or the general sparseness parameter includes a
first energy proportion, or the general sparseness parameter includes a second energy
proportion and a third energy proportion, the processor 301 may set a corresponding preset
hangover period, a corresponding hangover update parameter, and a related parameter used
to determine the hangover update parameter, so that a corresponding hangover period can be
determined, and frequent switching between encoding methods is avoided.

[0126] When the encoding method is determined according to the burst sparseness (that is,
the encoding method is determined according to global sparseness, local sparseness, and
short-time burstiness of distribution, on a spectrum, of energy of an audio frame), the
processor 301 may set a corresponding hangover period, a corresponding hangover update
parameter, and a related parameter used to determine the hangover update parameter, to
avoid frequent switching between encoding methods. In this case, the hangover period may be
less than the hangover period that is set in the case of the general sparseness parameter.

[0127] When the encoding method is determined according to a band-limited characteristic of
distribution of energy on a spectrum, the processor 301 may set a corresponding hangover
period, a corresponding hangover update parameter, and a related parameter used to
determine the hangover update parameter, to avoid frequent switching between encoding
methods. For example, the processor 301 may calculate a proportion of energy of a low
spectral envelope of an input audio frame to energy of all spectral envelopes, and determine
the hangover update parameter according to the proportion. Specifically, the processor 301
may determine the proportion of the energy of the low spectral envelope to the energy of all
the spectral envelopes by using the following formula:

y

Y s(k)

R =10 Formula 1.10

Tow P-1

> s(k)

k=0
where Rjqy represents the proportion of the energy of the low spectral envelope to the energy

of all the spectral envelopes, s(k) represents energy of a ki spectral envelope, y represents an
index of a highest spectral envelope of a low frequency band, and P indicates that the audio
frame is divided into P spectral envelopes in total. In this case, if Riqy is greater than a

twentieth preset value, the hangover update parameter is 0. If Rjo is greater than a twenty-

first preset value, the hangover update parameter may have a relatively small value, where the
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twentieth preset value is greater than the twenty-first preset value. If Riq, is not greater than

the twenty-first preset value, the hangover parameter may have a relatively large value. A
person skilled in the art may understand that, the twentieth preset value and the twenty-first
preset value may be determined according to a simulation experiment, and the value of the
hangover update parameter also may be determined according to an experiment.

[0128] In addition, when the encoding method is determined according to a band-limited
characteristic of distribution of energy on a spectrum, the processor 301 may further determine
a demarcation frequency of an input audio frame, and determine the hangover update
parameter according to the demarcation frequency, where the demarcation frequency may be
different from a demarcation frequency used to determine a band-limited sparseness
parameter. If the demarcation frequency is less than a twenty-second preset value, the
processor 301 may determine that the hangover update parameter is 0. If the demarcation
frequency is less than a twenty-third preset value, the processor 301 may determine that the
hangover update parameter has a relatively small value. If the demarcation frequency is
greater than the twenty-third preset value, the processor 301 may determine that the hangover
update parameter may have a relatively large value. A person skilled in the art may understand
that, the twenty-second preset value and the twenty-third preset value may be determined
according to a simulation experiment, and the value of the hangover update parameter also
may be determined according to an experiment.

[0129] A person of ordinary skill in the art may be aware that, in combination with the
examples described in the embodiments disclosed in this specification, units and algorithm
steps may be implemented by electronic hardware or a combination of computer software and
electronic hardware. Whether the functions are performed by hardware or software depends
on particular applications and design constraint conditions of the technical solutions. A person
skilled in the art may use different methods to implement the described functions for each
particular application, but it should not be considered that the implementation goes beyond the
scope of the present invention.

[0130] It may be clearly understood by a person skilled in the art that, for the purpose of
convenient and brief description, for a detailed working process of the foregoing system,
apparatus, and unit, reference may be made to a corresponding process in the foregoing
method embodiments, and details are not described herein.

[0131] In the several embodiments provided in the present application, it should be understood
that the disclosed system, apparatus, and method may be implemented in other manners. For
example, the described apparatus embodiment is merely exemplary. For example, the unit
division is merely logical function division and may be other division in actual implementation.
For example, a plurality of units or components may be combined or integrated into another
system, or some features may be ignored or not performed. In addition, the displayed or
discussed mutual couplings or direct couplings or communication connections may be
implemented through some interfaces. The indirect couplings or communication connections
between the apparatuses or units may be implemented in electronic, mechanical, or other
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forms.

[0132] 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 all of the units may be selected
according to actual needs to achieve the objectives of the solutions of the embodiments.

[0133] In addition, functional units in the embodiments of the present invention may be
integrated into one processing unit, or each of the units may exist alone physically, or two or
more units are integrated into one unit.

[0134] When the functions are implemented in a form of a software functional unit and sold or
used as an independent product, the functions may be stored in a computer-readable storage
medium. Based on such an understanding, the technical solutions of the present invention
essentially, or the part contributing to the prior art, or a part of the technical solutions may be
implemented in a form of a software product. The software product is stored in a storage
medium and includes several instructions for instructing a computer device (which may be a
personal computer, a server, or a network device) or a processor to perform all or a part of the
steps of the methods described in the embodiments of the present invention. The foregoing
storage medium includes: any medium that can store program code, such as a USB flash
drive, a removable hard disk, a read-only memory (ROM, Read-Only Memory), a random
access memory (RAM, Random Access Memory), a magnetic disk, or an optical disc.

REFERENCES CITED IN THE DESCRIPTION

This list of references cited by the applicant is for the reader's convenience only. It does not
form part of the European patent document. Even though great care has been taken in
compiling the references, errors or omissions cannot be excluded and the EPO disclaims all
liability in this regard.

Patent documents cited in the description

o WO2008045846A1 [0003]
o WOZG12024373A2 100048




10

15

20

25

30

35

DK/EP 3460794 T3

— 1 —
Patentkrav
1. Fremgangsmade til 1lydindkodning, hvor fremgangsmaden
omfatter:
bestemmelse (101) af den manglende fordeling, over et

spektrum, af energi af en aktuel lydramme, og

bestemmelse (102), i henhold til den manglende fordeling, over
et spektrum, af energi af en aktuel lydramme, af, om der skal
anvendes en forste fremgangsmade til indkodning eller en anden
fremgangsmade til indkodning til at indkode den aktuelle
lydramme, hvor den forste fremgangsmade til indkodning er en
fremgangsmadde til indkodning, der er baseret pa kvantisering
med tidsfrekvensomregning og omregningskoefficient, og som
ikke er baseret ra linear pradiktion, og den anden
fremgangsmade til indkodning er en fremgangsmade til
indkodning, der er baseret pa linear pradiktion,

hvor bestemmelsen af den manglende fordeling, over et
spektrum, af energi af en aktuel lydramme omfatter:

opdeling af et spektrum for den aktuelle lydramme i P FFT-
energispektrumkoefficienter, hvor P er et positivt heltal, og
bestemmelse af en generel mangelparameter i1 henhold til
energien at de FFT-energispektrumkoefficienter for den
aktuelle lydramme, hvor den generelle mangelparameter angiver
manglen pa fordeling, over spektrummet, af energien for den
aktuelle lydramme,

hvor den generelle mangelparameter om Zfatter en <forste
minimumsbandbredde,

bestemmelsen af en gJgenerel mangelparameter 1 henhold til
energien af de P FFT-energispektrumkoefficienter for den
aktuelle lydramme omfatter:

bestemmelse af en minimumsbandbredde for fordeling, over
spektrummet, af den forste forudindstillet del af energi for
den aktuelle lydramme 1 henhold til energien af de P FFT-
energispektrumkoefficienter for den aktuelle lydramme, hvor
minimumsbandbredden for fordeling, over spektrummet, af den
forste forudindstillet del af energi for den aktuelle lydramme
er den forste minimumsbandbredde, og

bestemmelsen, i henhold til manglende fordeling, over
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spektrummet, af den forste forudindstillet del af energi for
den aktuelle lydramme, af, om der skal anvendes en forste
fremgangsmade til indkodning eller en anden fremgangsmade til
indkodning til at indkode den aktuelle lydramme, omfatter:

nar den fegrste minimumsbandbredde er mindre end en forste
forudstillet wverdi, Dbestemmelse om at anvende den forste
fremgangsmade til indkodning til at indkode den aktuelle
lydramme, eller

nar den fgrste minimumsbandbredde er steorre end den forste
forudstillede wvardi, Dbestemmelse om at anvende den anden
fremgangsmade til indkodning til at indkode den aktuelle

lydramme.

2. Fremgangsmaden ifglge krav 1, hvor bestemmelsen af en
minimumsbandbredde for fordeling, over spektrummet, af den
forste forudindstillet del af energi for den aktuelle lydramme
i henhold til energien af de P FFT-energispektrumkoefficienter
for den aktuelle lydramme omfatter:

sortering af energien af de P FFT-energispektrumkoefficienter
for den aktuelle lydramme i faldende rakkefglge,

bestemmelse, i  henhold til energien, der er sorteret 1
faldende rakkefglge, af de P FFT-energispektrumkoefficienter
for den aktuelle lydramme, en minimumsbandbredde for
fordeling, over spektrummet, af energi, der udger ikke mindre

end den fgrste forudindstillede del af den aktuelle lydramme.

3. Fremgangsmaden ifglge krav 2, hvori bestemmelse af en
minimumsbandbredde omfatter:

sekventiel akkumulering at frekvensbeholdere i FFT-
energispektrumkoefficienterne i faldende rekkefzlge, og
sammenligning af energi, der er opnaet efter hver akkumulering
med den samlede energi for lydrammen, og hvis en del er storre
end den forste forudindstillede del, der afslutter
akkumuleringen, hvor et antal gange af akkumulering er

minimumsbandbredden.

4, Apparat, hvor apparatet omfatter:

en indhentningsenhed (201), der er konfigureret til at
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indhente en aktuel lydramme, og

en bestemmelsesenhed (202), der er konfigureret til at
bestemme den manglende fordeling, over spektrummet, af energi
af den aktuelle lydramme, der er indhentet af
indhentningsenheden, og

bestemmelsesenheden er yderligere konfigureret til at
bestemme, i henhold til den manglende fordeling, over et
spektrum, af energi af en aktuel lydramme, af, om der skal
anvendes en forste fremgangsmade til indkodning eller en anden
fremgangsmade til indkodning til at indkode den aktuelle
lydramme, hvor den forste fremgangsmade til indkodning er en
fremgangsmadde til indkodning, der er baseret pa kvantisering
med tidsfrekvensomregning og omregningskoefficient, og som
ikke er baseret ra linear pradiktion, og den anden
fremgangsmade til indkodning er en fremgangsmade til
indkodning, der er baseret pa linear pradiktion,
bestemmelsesenheden er specifikt konfigureret til at opdele
spektrummet for den aktuelle lydramme i P FFT-
energispektrumkoefficienter samt bestemme en generel
mangelparameter i henhold til energi af de P FET-
energispektrumkoefficienter for den aktuelle lydramme, hvor P
er et positivt heltal, og den dJgenerelle mangelparameter
angiver den manglende fordeling, over spektrummet, af energien
af den aktuelle lydramme;

hvor den generelle mangelparameter om Zfatter en <forste
minimumsbandbredde,

bestemmelsesenheden er specifikt konfigureret til at bestemme
en minimumsbandbredde for fordeling, over spektrummet, af den
forste forudindstillet del af energi for den aktuelle lydramme
i henhold til energien af de P FFT-energispektrumkoefficienter
for den aktuelle lydramme, hvor minimumsbandbredden for
fordeling, over spektrummet, af den forste forudindstillet del
at energi for den aktuelle lydramme er den forste
minimumsbandbredde, og

bestemmelsesenheden er sarligt konfigureret til at:

nar den fegrste minimumsbandbredde er mindre end en forste
forudstillet wverdi, Dbestemmelse om at anvende den forste

fremgangsmade til indkodning til at indkode den aktuelle
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lydramme, eller

nar den fgrste minimumsbandbredde er steorre end den forste
forudstillede wvardi, Dbestemmelse om at anvende den anden
fremgangsmade til indkodning til at indkode den aktuelle

lydramme.

5. Apparatet 1ifelge krav 4, hvor bestemmelsesenheden er
serligt konfigureret til at:

sortere energien af de P FFT-energispektrumkoefficienter for
den aktuelle lydramme i faldende rakkefglge,

bestemme, i henhold til energien, der er sorteret i faldende
rekkefzlge, de P FFT-energispektrumkoefficienter for den
aktuelle lydramme, en minimumsbandbredde for fordeling, over
spektrummet, af energi, der udger ikke mindre end den forste

forudindstillede del af den aktuelle lydramme.

6. Apparatet ifelge krav 5, hvor apparatet, for at bestemme
minimumsbandbredden, omfatter en anordning, der er
konfigureret til:

sekventiel akkumulering at frekvensbeholdere i FFT-
energispektrumkoefficienterne i faldende rekkefelge,
sammenligning af energi, der er opnaet efter hver akkumulering
med den samlede energi for lydrammen, og afslutning af
akkumuleringen, hvor et antal gange af akkumulering er

minimumsbandbredden.
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DRAWINGS
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