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(54) SOUND-MIXING PROCESSING METHOD, APPARATUS AND DEVICE, AND STORAGE 
MEDIUM

(57) A sound-mixing processing method, apparatus
and device, and a storage medium. The method com-
prises: extracting a frame signal sm(n) from a first-path
signal and extracting a frame signal vm(n) corresponding
to sm(n) from a second-path signal which needs to per-
form sound-mixing with the first-path signal, where n rep-
resents the number of sampling points (110); performing
weighting processing on the signals sm(n) and vm(n) re-

spectively, and adding the two frame signals after weight-
ing processing to obtain a mixed signal ym(n) (120); and
computing a variable attenuation factor according to a
maximum value ymax of a sequence of the mixed signal
ym(n), and using the variable attenuation factor to per-
form attenuation processing on the mixed signal ym(n)
to generate an output signal Zm(n) (130).
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Description

[0001] This application claims the priority to Chinese
Patent Application No. 201510631912.3, titled "SOUND-
MIXING PROCESSING METHOD, APPARATUS AND
DEVICE", filed on September 29, 2015 with the State
Intellectual Property Office of People’s Republic of China,
which is incorporated herein by reference in its entirety.

TECHNICAL FIELD

[0002] The present disclosure relates to the technical
field of audio-mixing, and in particular, to an audio-mixing
processing method, an audio-mixing processing appa-
ratus, a device, and a storage medium.

BACKGROUND

[0003] In a karaoke system, the most fundamental
technique involves audio-mixing algorithms, which are
however the most difficult matters. At present, there nor-
mally exist the following audio-mixing algorithms in the
Internet and open source codes.
[0004] One audio-mixing algorithm is adding and av-
eraging, which has a disadvantage of low volume but has
an advantage of no overflow. However, overflow will oc-
cur in a case that a signal is directly multiplied by a factor
for amplification.
[0005] Another audio-mixing algorithm is directly add-
ing, which can well preserve volume, but has a disad-
vantage that a break is generated in a case of overflow,
resulting in frequency distortion and loss of sound quality.
[0006] In yet another audio-mixing algorithm, a formula
Y=A+B-(A*B/(-(2pow(n-1)-1))) is used, where A and B
are signals of two channels to be mixed, n is the number
of sample points, and pow represents an exponentiation
operation. The algorithm does not lead to overflow, but
leads to weakened middle pitch. Additionally, the algo-
rithm is not suitable for a situation where it is required to
multiply A and B by an amplification factor, because the
algorithm may lead to an overflow if A and B are multiplied
by the amplification factor.
[0007] The above algorithms all have their disadvan-
tages, and none of them can support the application of
mixing signals of multiple channels in proportion.

SUMMARY

[0008] An audio-mixing processing method, an audio-
mixing processing apparatus, a device and a storage me-
dium are provided according to embodiments of the
present disclosure, so as to address the issue that the
conventional audio-mixing technologies cannot support
mixing signals of multiple channels in proportion and oth-
er issues.
[0009] An audio-mixing processing method is provided
according to a first aspect of the present disclosure, in-
cluding:

extracting a signal sm(n) of a frame in a signal of a
first channel and a signal vm(n) of a frame in a signal
of a second channel, where the signal vm(n) corre-
sponds to the signal sm(n), the signal of the second
channel is required to be mixed with the signal of the
first channel, and n represents the number of sample
points;

weighting the signal sm(n) and the signal vm (n), and
adding the weighted signal sm(n) and the weighted
signal vm(n) to acquire a mixed signal ym(n); and

calculating a variable attenuation factor based on a
maximum value ymax of a sequence of the mixed
signal ym(n), and attenuating the mixed signal ym(n)
by using the variable attenuation factor to generate
an output signal Zm(n).

[0010] An audio-mixing processing apparatus is pro-
vided according to a second aspect of the present dis-
closure, including:

an extraction module, configured to extract a signal
sm(n) of a frame in a signal of a first channel and a
signal vm(n) of a frame in a signal of a second chan-
nel, where the signal vm(n) corresponds to the signal
sm(n), the signal of the second channel is required
to be mixed with the signal of the first channel, and
n represents the number of sample points;

an mixing module, configured to weight the signal
sm(n) and the signal vm (n), and add the weighted
signal sm(n) and the weighted signal vm(n), to ac-
quire a mixed signal ym(n); and

an attenuation processing module, configured to cal-
culate a variable attenuation factor based on a max-
imum value ymax of a sequence of the mixed signal
ym(n), and attenuate the mixed signal ym(n) by using
the variable attenuation factor to generate an output
signal Zm(n).

[0011] An computer device is provided according to a
third aspect of the present disclosure, including a proc-
essor, a memory, a bus, and a communication interface.
[0012] The memory is configured to store a computer-
executable instruction. The processor and the memory
are connected to each other via the bus. The processor
is configured to, when the computer device operates, ex-
ecute the computer-executable instruction stored by the
memory, so that the computer device performs following
steps:

extracting a signal sm(n) of a frame in a signal of a
first channel and a signal vm(n) of a frame in a signal
of a second channel, where the signal vm(n) corre-
sponds to the signal sm(n), the signal of the second
channel is required to be mixed with the signal of the
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first channel, and n represents the number of sample
points;

weighting the signal sm(n) and the signal vm (n), and
adding the weighted signal sm(n) and the weighted
signal vm(n) to acquire a mixed signal ym(n); and

calculating a variable attenuation factor based on a
maximum value ymax of a sequence of the mixed
signal ym(n), and attenuating the mixed signal ym(n)
by using the variable attenuation factor to generate
an output signal Zm(n).

[0013] A non-volatile storage medium is provided ac-
cording to a fourth aspect of the present disclosure. The
non-volatile storage medium stores a computer readable
instruction that, when executed by a computer, causes
the computer to perform the aforementioned audio-mix-
ing processing method.
[0014] In view of the above, according to some feasible
embodiments of the present disclosure, the signals of
each channel to be mixed are extracted in frames, weight-
ed and added, and the mixed signal is attenuated by us-
ing the variable attenuation factor. Therefore, audio-mix-
ing is achieved with the following technical effects.
[0015] In one aspect, the application of mixing signals
of multiple channels in proportion is supported. For ex-
ample, it is applicable to the case that volume of at least
one of human voice and accompaniment is amplified by
a factor of two or more.
[0016] In another aspect, the mixed signal acquired
after weighting and adding is attenuated by using the
attenuation factor, which can prevent a problem that the
acquired output signal overflows.
[0017] In addition, by using solutions according to em-
bodiments of the present disclosure, sound quality is well
preserved with few burr noises.

BRIEF DESCRIPTION OF THE DRAWINGS

[0018] For clearer illustration of the technical solutions
according to embodiments of the present disclosure or
conventional techniques, hereinafter are briefly de-
scribed the drawings to be used in description of embod-
iments of the present disclosure and conventional tech-
niques. Apparently, the drawings in the following descrip-
tions are only some embodiments of the present disclo-
sure, and other drawings may be obtained by those
skilled in the art based on the provided drawings without
creative efforts.

Figure 1 is a flowchart of an audio-mixing processing
method according to an embodiment of the present
disclosure;

Figure 2 is a schematic diagram of a test result;

Figure 3 is a schematic structural diagram of an au-

dio-mixing processing apparatus according to an
embodiment of the present disclosure;

Figure 4 is a schematic structural diagram of another
audio-mixing processing apparatus according to an
embodiment of the present disclosure; and

Figure 5 is a schematic structural diagram of a com-
puter device according to an embodiment of the
present disclosure.

DETAILED DESCRIPTION OF THE EMBODIMENTS

[0019] For those skilled in the art to better understand
solutions of the present disclosure, the technical solu-
tions according to the embodiments of the present appli-
cation will be described clearly and completely as follows
in conjunction with the drawings in the embodiments of
the present disclosure. It is apparent that the described
embodiments are only a part of the embodiments accord-
ing to the present disclosure, rather than all the embod-
iments. Any other embodiments obtained by those skilled
in the art based on the embodiments in the present dis-
closure without any creative efforts fall within the protec-
tion scope of the present disclosure.
[0020] A technical solution according to an embodi-
ment of the present disclosure is applied to a karaoke
system. The karaoke system includes but is not limited
to a karaoke system used in KTV, a home karaoke sys-
tem, and a computer device installed with karaoke soft-
ware. The computer device may be one of a general-
purpose computer, a client-customized machine, or a
portable device such as a mobile phone terminal and a
tablet machine. Generally, the karaoke system further
includes an audio system and a microphone.
[0021] Specific embodiments are described in detail
hereinafter.
[0022] An audio-mixing processing method is provided
according to a first embodiment of the present disclosure.
According to the method, signals of each channel to be
mixed are extracted in frames, weighted and added, and
the mixed signal is attenuated by using a variable atten-
uation factor, and the attenuated mixed signal serves as
an output signal.
[0023] Referring to Figure 1, the audio-mixing process-
ing method according to an embodiment of the present
disclosure includes steps 110 to 130.
[0024] In 110, a signal sm(n) of a frame in a signal of
a first channel is extracted, and a signal vm(n) of a frame
in a signal of a second channel is extracted, where the
signal vm(n) corresponds to the signal sm(n), the signal
of the second channel is required to be mixed with the
signal of the first channel, and n represents the number
of sample points.
[0025] Audio-mixing on the signals of the two channels
is taken as an example for illustration the embodiment
of the present disclosure. However, it should be noted
that the number of signals of different channels is not
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limited in the technical solution of the present disclosure,
because audio-mixing on signals of multiple channels
can always be simplified as audio-mixing on signals of
two channels.
[0026] When a karaoke system operates, specifically,
when karaoke software installed in a computer device in
the karaoke system operates, a processor of the com-
puter device acquires the signals of the two channels to
be mixed. In an embodiment of the present disclosure,
s(n) represents a signal of a first channel, v(n) represents
a signal of a second channel, where n presents the
number of the sample points. For example, 1024 sample
points may be included in a unit time such as one second.
[0027] In an embodiment of the present disclosure, the
signals s(n) and v(n) of the two channels are mixed in
proportion. It is assumed that the proportion is p/q, that
is, the signal s(n) is amplified by a factor of p and the
signal v(n) is amplified by a factor of q, where q and p
may have any value greater than zero. Generally, p and
q have values not greater than 10.
[0028] In an embodiment of the present disclosure, the
signals s(n) and v(n) of the two channels are processed
in frames. After current signal frames in the s(n) and the
v(n) are mixed, next signal frames are mixed continuous-
ly. A frame length may be set arbitrarily, for example, a
length N of a signal of a frame is set to be 1024 sample
points. It should be noted that, a signal of a frame in the
s(n) and a signal of a frame in the v(n) should have iden-
tical lengths.
[0029] For example, when signals of the m-th frame
are to be mixed at a certain time, the signal sm(n) of the
m-th frame in the signal s(n) of the first channel and the
signal vm(n) of the m-th frame in the signal v(n) of the
second channel are extracted, where the signal vm(n)
corresponds to the signal sm(n), the signal s(n) is re-
quired to be mixed with the signal v(n), and m is a positive
integer.
[0030] In 120, the signal sm(n) and the signal vm(n)
are weighted, and the two weighted signals are added
to acquire a mixed signal ym(n).
[0031] In the step, the signals sm(n) and vm(n) of the
two frames are respectively weighted by using weighting
coefficients p and q, and the two weighted signals are
added, as expressed by the following equation:
[0032] ym(n)=p*sm(n)+q*vm(n), where n=0,1,2,...,N-
1, and N is a frame length of the signal sm(n) of the frame
and the signal vm(n) of the frame.
[0033] In the equation, ym(n) is the mixed signal ac-
quired by weighting and adding the signals sm(n) and
vm(n). It is understood that a length of the ym(n) is iden-
tical to the length of the sm(n) and the vm(n), which are
N, such as 1024.
[0034] In 130, a variable attenuation factor is calculat-
ed based on a maximum value ymax of a sequence of
the mixed signal ym(n), and the mixed signal ym(n) is
attenuated by using the variable attenuation factor to
generated an output signal Zm(n).
[0035] The mixed signal has a risk of overflow in a case

of a large maximum value ymax of the mixed signal
ym(n). Therefore, it is not suitable to directly output ym(n)
as an output signal. To address the issue of overflow, in
an embodiment of the present disclosure, the variable
attenuation factor deta is calculated based on the maxi-
mum value ymax of the sequence of the mixed signal
ym(n), and the mixed signal ym(n) is attenuated by using
the variable attenuation factor deta, so that the signal
ym(n) has values lower than a critical value, which also
leads to a smooth data variation. It should be noted that
the variable attenuation factor is variable and is calculat-
ed based on the maximum value ymax of the sequence
of the ym(n) of a current frame. Therefore, values of deta
are different for audio-mixing on signals of different
frames.
[0036] In an embodiment of the present disclosure, a
process to calculate the attenuating factor and perform
the attenuation is as follows.
[0037] First, a global reference value f is defined, and
the global reference value f can keep a previous value
thereof. At an initial time, that is, when a signal of the first
frame in the s(n) and a signal of the first frame in the v(n)
are mixed, a value of f may be assigned as 1.0. When
signals of other frames are processed in a following step,
f is always in change, which is further illustrated herein-
after. A temporary reference value fnew is further defined
herein.
[0038] In the attenuation of the ym(n), the maximum
value ymax is firstly acquired as ymax=max(abs(ym)),
where abs represents obtaining an absolute value, and
max represents obtaining a maximum value. In addition,
n takes an integer value from 0 to N-1, and ym has the
maximum value when n is equal to one of the integers
from 0 to N-1.
[0039] Then, ymax is compared with a preset value
Ma, and the temporary reference value fnew is deter-
mined based on a comparison result. The temporary ref-
erence value is set as fnew=1.0, in a case that the max-
imum value ymax is not greater than the preset value
Ma. The temporary reference value is set as
fnew=Ma/ymax, in a case that the maximum value ymax
is greater than the preset value Ma. In such case, fnew
has a value slightly smaller than 1.0, and ymax multiplied
by the coefficient fnew is exactly equal to Ma instead of
being greater than Ma.
[0040] Generally, an audio signal is represented in 16
bites (bits), and a maximum value thereof is 216-1, i.e.,
32767. Therefore, preferably, Ma may be set as
Ma=32767. In another application scene, assuming that
an audio signal is represented in p bites, Ma may be set
as Ma=2p-1, where p may be 8, 16, 24, 32 or the like.
[0041] Then, the variable attenuation factor is calcu-
lated by using an equation deta=(f-fnew)/N, where deta
represents the variable attenuation factor, and N is the
frame length of the ym(n), which is 1024 herein as an
example.
[0042] Then, the ym(n) is attenuated by using deta, to
generate the output signal Zm(n), by using an equation
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Zm(n)=(f-n*deta)*ym(n), where n=0,1,2,...,N-1, and N is
the frame length of the signals sm(n) and vm(n), and also
is a frame length of the Zm(n). From the equation
Zm(n)=(f-n*deta)*ym(n), it can be seen that signal ym(n)
is limited within the critical value so as not to overflow,
and data variation is relatively smooth.
[0043] For example, there is f=1.0 initially. In a case
that ymax is not greater than the preset value Ma, it
means that the audio signal does not overflow. At such
time, fnew=1.0, then deta=0, and therefore Zm(n)=ym(n).
It can be seen that because the audio signal does not
overflow, the ym(n) serves as the output signal directly
without being attenuated.
[0044] Finally, the global reference value f is updated
to be equal to the temporary reference value fnew for
processing of a signal of a next frame. For example, f is
equal to an initial value 1.0 when processing a signal of
the first frame, and it is assumed that fnew is equal to
0.95 at this point. Then, it is set that f=fnew=0.95 after
the signal of the first frame is processed. Therefore, a
current value of f is 0.95 when processing a signal of the
second frame.
[0045] In the embodiment of the present disclosure, a
signal of each frame is processed for audio-mixing based
on the aforementioned method, until signals of all the
frames are processed, thereby achieving audio-mixing
in proportion.
[0046] Reference is made to Figure 2, which is a sche-
matic diagram of a test result, where (a) is a schematic
diagram of a test result of audio-mixing by using a con-
ventional audio-mixing technology, and (b) is a schematic
diagram of a test result of audio-mixing by using the meth-
od according to an embodiment of the present disclosure.
It can be seen that there are apparent burr impulses (re-
ferring to vertical lines in the figure) in (a), which repre-
sents background noises difficult to be distinguished in
human ears. On the contrary, (b) is quite clean, having
almost no burr noise. The test results of the algorithms
show that, with the audio-mixing method according to the
technical solution of the embodiment of the present dis-
closure, the sound quality is well preserved finally with
few burr noises.
[0047] In view of the above, the audio-mixing process-
ing method is disclosed according to some feasible em-
bodiments of the present disclosure. In the method, the
signals of each channel to be mixed are extracted in
frames, weighted and added, and the mixed signal is
attenuated by using the variable attenuation factor.
Therefore, audio-mixing is achieved with the following
technical effects.
[0048] In one aspect, the application of mixing signals
of multiple channels in proportion is supported. For ex-
ample, it is applicable to the case that volume of at least
one of human voice and accompaniment is required to
be amplified by a factor of two or more.
[0049] In another aspect, the mixed signal acquired
after weighting and adding is attenuated by using the
attenuation factor, which can prevent a problem that the

acquired output signal overflows.
[0050] In addition, by using the audio-mixing solutions
according to embodiments of the present disclosure,
sound quality is well preserved with few burr noises.
[0051] For better understanding technical solutions ac-
cording to embodiments of the present disclosure, de-
scription is made with reference to an exemplary embod-
iment in a specific scene as follows.
[0052] It is assumed that s(n) and v(n) are to be mixed
in a proportion of p/q, where both p and q are greater
than 0 and smaller than M, M may have any value greater
than 0, and M=10 preferably.
[0053] The process includes the following steps.
[0054] First, a parameter f for keeping a previous value
is set, and is initialized as 1.0 when audio-mixing starts
(which is not initialized again for following frames, but
keeps a previous value).
[0055] In step S1, signals sm(n) and vm(n) of the first
frames are respectively extracted from the s(n) and v(n),
where a frame length is arbitrarily set, and preferably set
as N=1024 sample points.
[0056] In step S2, ym(n)=p*sm(n)+q*vm(n) is generat-
ed, having a length of N.
[0057] In step S3, a maximum value ymax=max(ym)
of a sequence of the ym(n) is obtained.
[0058] In step S4, fnew=1.0 in a case that
ymax≤32767.
[0059] In step S5, fnew=32767/ymax in a case that
ymax>32767.
[0060] In step S6, deta=(f-fnew)/N is calculated.
[0061] In step S7, Zm(n)=(f-n*deta)*ym(n) is acquired,
where n takes a value from 0 to N-1.
[0062] In step S8, f=fnew is set.
[0063] In step S9, zm is outputted as data of a proc-
essed frame.
[0064] In step S10, the value of f is kept for a next frame.
[0065] The second frame, the third frame, the fourth
frame, ... , are processed in sequence until all the frames
are processed.
[0066] Finally the audio-mixing in proportion is com-
pleted.
[0067] For better understanding the aforementioned
technical solutions according to embodiments of the
present disclosure, a relevant apparatus for implement-
ing the aforementioned technical solutions is further pro-
vided.
[0068] Referring to Figure 3, an audio-mixing process-
ing apparatus is provided according to a second embod-
iment of the present disclosure, including an extraction
module 310, a mixing module 320, and an attenuation
processing module 330.
[0069] The extraction module 310 is configured to ex-
tract a signal sm(n) of a frame in a signal of a first channel
and a signal vm(n) of a frame in a signal of a second
channel, where the signal vm(n) corresponds to the sig-
nal sm(n), the signal of the second channel is required
to be mixed with the signal of the first channel, and n
represents the number of sample points.
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[0070] The mixing module is configured to weight the
signal sm(n) and the signal vm (n), and add the weighted
signal sm(n) and the weighted signal vm(n), to acquire a
mixed signal ym(n).
[0071] The attenuation processing module 330 is con-
figured to calculate a variable attenuation factor based
on a maximum value ymax of a sequence of the mixed
signal ym(n), and attenuate the mixed signal ym(n) by
using the variable attenuation factor to generate an out-
put signal Zm(n).
[0072] Referring to Figure 4, in some embodiments of
the present disclosure, the attenuation processing mod-
ule 330 includes an acquisition unit 3301, an assignment
unit 3302, and a calculation unit 3303.
[0073] The acquisition unit 3301 is configured to ac-
quire the maximum value ymax of the sequence of the
ym(n) and a current global reference value f, where
ymax=max(abs(ym)), abs represents obtaining an abso-
lute value, and max represents obtaining a maximum val-
ue.
[0074] The assignment unit 3302 is configured to set
a temporary reference value as fnew=1.0 in a case that
the maximum value ymax is not greater than a preset
value Ma, and set the temporary reference value as
fnew=Ma/ymax in a case that the maximum value ymax
is greater than the preset value Ma.
[0075] The calculation unit 3303 is configured to cal-
culate the preset variable attenuation factor deta as de-
ta=(f-fnew)/N.
[0076] Further, the attenuation processing module 330
may further include an attenuation processing unit 3304.
[0077] The attenuation processing unit 3304 is config-
ured to attenuate the mixed signal ym(n) by using the
variable attenuation factor deta to acquire the signal
Zm(n) as Zm(n)=(f-n*deta)*ym(n), n=0,1,2,...,N-1, where
N is a frame length of the signal sm(n) of the frame and
the signal vm(n) of the frame, and the signal Zm(n) ac-
quired after attenuation serves as the output signal.
[0078] Further, the attenuation processing module 330
further includes an updating unit 3305.
[0079] The updating unit 3305 is configured to update
the global reference value f to be equal to the temporary
value fnew for processing in a next frame.
[0080] Optionally, an initial value of the global refer-
ence value f is 1.0, and the preset value Ma is equal to
32767.
[0081] It is understood that a function of each functional
module of the audio-mixing processing apparatus ac-
cording to the embodiment of the present disclosure may
be specifically implemented based on the method ac-
cording to the aforementioned method embodiments. For
details of the implementations, one may refer to relevant
description in the aforementioned method embodiments,
which is not repeated herein.
[0082] In view of the above, the audio-mixing process-
ing apparatus is disclosed according to some feasible
embodiments of the present disclosure. Based on the
method, the signals of each channel to be mixed are ex-

tracted in frames, weighted and added, and the mixed
signal is attenuated by using the variable attenuation fac-
tor. Therefore, audio-mixing is achieved with the follow-
ing technical effects.
[0083] In one aspect, the application of mixing signals
of multiple channels in proportion is supported. For ex-
ample, it is applicable to the case that volume of at least
one of human voice and accompaniment is amplified by
a factor of two or more.
[0084] In another aspect, the mixed signal acquired
after weighting and adding is attenuated by using the
attenuation factor, which can prevent a problem that the
acquired output signal overflows.
[0085] In addition, by using the audio-mixing solutions
according to embodiments of the present disclosure,
sound quality is well preserved with few burr noises.
[0086] Referring to Figure 5, a computer device 500 is
further provided according to a third embodiment of the
present disclosure, including: a processor 501, a memory
502, a bus 503, and a communication interface 504.
[0087] The memory 502 is configured to store a com-
puter-executable instruction. The processor 501 and the
memory 502 are connected to each other via the bus
503. The processor 501 is configured to, when the com-
puter device 500 operates, execute the computer-exe-
cutable instruction stored by the memory 502, so that the
computer device 500 performs following steps.
[0088] In a step, signal sm(n) of a frame in a signal of
a first channel and a signal vm(n) of a frame in a signal
of a second channel are extracted, where the signal
vm(n) corresponds to the signal sm(n), the signal of the
second channel is required to be mixed with the signal
of the first channel, and n represents the number of sam-
ple points.
[0089] In another step, the signal sm(n) and the signal
vm (n) are weighted, and the weighted signal sm(n) and
the weighted signal vm(n) are added to acquire a mixed
signal ym(n).
[0090] In another step, a variable attenuation factor is
calculated based on a maximum value ymax of a se-
quence of the mixed signal ym(n), and the mixed signal
ym(n) is attenuated by using the variable attenuation fac-
tor to generate an output signal Zm(n).
[0091] In some embodiments of the present disclo-
sure, the step of calculating the variable attenuation fac-
tor by the processor 501 based on the maximum value
ymax of the sequence of the mixed signal ym(n) includes:
acquiring the maximum value ymax of the secquence of
the ym(n), where ymax=max(abs(ym)), abs represents
obtaining an absolute value, max represents obtaining a
maximum value; acquiring a current global reference val-
ue f; setting a temporary reference value as fnew=1.0 in
a case that the maximum value ymax is not greater than
a preset value Ma, and setting the temporary reference
value as fnew=Ma/ymax in a case that the maximum val-
ue ymax is greater than the preset value Ma; and calcu-
lating the variable attenuation factor deta as deta=(f-
fnew)/N.
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[0092] In some embodiments of the present disclo-
sure, the step of attenuating the mixed signal ym(n) by
the processor 501 by using the variable attenuation factor
to generate the output signal Zm(n) includes attenuating
the mixed signal ym(n) by using the variable attenuation
factor deta to acquire the signal Zm(n) as Zm(n)=(f-n*de-
ta)*ym(n), n=0,1,2,...,N-1, where N is a frame length of
the signal sm(n) of the frame and the signal vm(n) of the
frame, and the signal Zm(n) acquired after attenuation
serves as the output signal.
[0093] In some embodiments of the present disclo-
sure, the processor 540 may further perform a step of
updating the global reference value f to be equal to the
temporary value fnew for processing of a next frame.
[0094] In some embodiments of the present disclo-
sure, an initial value of the global reference value f is 1.0,
and the preset value Ma is equal to 32767.
[0095] In view of the above, the audio-mixing process-
ing apparatus is disclosed according to some feasible
embodiments of the present disclosure. Based on the
method, the signals of each channel to be mixed are ex-
tracted in frames, weighted and added, and the mixed
signal is attenuated by using the variable attenuation fac-
tor. Therefore, audio-mixing is achieved with the follow-
ing technical effects.
[0096] In one aspect, the application of mixing signals
of multiple channels in proportion is supported. For ex-
ample, it is applicable to the case that volume of at least
one of human voice and accompaniment is amplified by
a factor of two or more.
[0097] In another aspect, the mixed signal acquired
after weighting and adding is attenuated by using the
attenuation factor, which can prevent a problem that the
acquired output signal overflows.
[0098] In addition, by using the audio-mixing solutions
according to embodiments of the present disclosure,
sound quality is well preserved with few burr noises.
[0099] A computer storage medium is further provided
according to a fourth embodiment of the present disclo-
sure. The computer storage medium stores a program,
and some or all of the steps described in the aforemen-
tioned method embodiments are performed when the
program is executed.
[0100] In the aforementioned embodiments, descrip-
tion of each embodiment has emphasis thereof. For de-
tails not described in one embodiment, one may refer to
relevant description in other embodiments.
[0101] It should be noted that, for a concise description,
each of the aforementioned method embodiments are
described as a combination of a series of operations.
However, those skilled in the art should appreciate that
the present disclosure is not limited to the order of the
described operations, because some of the steps may
be performed in another order or at the same time ac-
cording to the present disclosure. Also, those skilled in
the art should appreciate that the embodiments in the
description are all preferred embodiments, and an includ-
ed operation or module may be optional to the present

disclosure.
[0102] Those skilled in the art can appreciated that
some or all of the steps in the various methods according
to the aforementioned embodiments may be implement-
ed by a program instructing relevant hardware, where
the program may be stored in a computer readable stor-
age medium, and the storage medium may include an
ROM, an RAM, a magnetic disk, an optical disk, or the
like.
[0103] The audio-mixing processing method, the au-
dio-mixing processing apparatus, and the device accord-
ing to embodiments of the present disclosure are intro-
duced hereinabove in detail. The principle and implemen-
tations of the present disclosure are described herein
with specific embodiments, and illustration of the afore-
mentioned embodiments is only intended to help under-
stand the method and the key concept of the present
disclosure. For those skilled in the art, changes may be
made in specific implementations and an application
scope based on the concepts of the present disclosure.
In summary, content of the present disclosure should not
be understood as a limitation of the present disclosure.

Claims

1. An audio-mixing processing method, comprising:

extracting a signal sm(n) of a frame in a signal
of a first channel and a signal vm(n) of a frame
in a signal of a second channel, wherein the sig-
nal vm(n) corresponds to the signal sm(n), the
signal of the second channel is required to be
mixed with the signal of the first channel, and n
represents the number of sample points;
weighting the signal sm(n) and the signal vm (n),
and adding the weighted signal sm(n) and the
weighted signal vm(n) to acquire a mixed signal
ym(n); and
calculating a variable attenuation factor based
on a maximum value ymax of a sequence of the
mixed signal ym(n), and attenuating the mixed
signal ym(n) by using the variable attenuation
factor to generate an output signal Zm(n).

2. The method according to claim 1, wherein the cal-
culating a variable attenuation factor based on a
maximum value ymax of a sequence of the mixed
signal ym(n) comprises:

acquiring the maximum value ymax of the se-
quence of the ym(n) and a current global refer-
ence value f, wherein ymax = max(abs(ym)), abs
represents obtaining an absolute value, and
max represents obtaining a maximum value;
setting a temporary reference value as fnew=1.0
in a case that the maximum value ymax is not
greater than a preset value Ma, and setting the
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temporary reference value as fnew=Ma/ymax in
a case that the maximum value ymax is greater
than the preset value Ma; and
calculating the variable attenuation factor deta
as deta=(f-fnew)/N.

3. The method according to claim 2, wherein the atten-
uating the mixed signal ym(n) by using the variable
attenuation factor to generate an output signal Zm(n)
comprises:
attenuating the mixed signal ym(n) by using the var-
iable attenuation factor deta to acquire the signal
Zm(n) as Zm(n)=(f-n*deta)*ym(n), n=0,1,2,...,N-1,
wherein N is a frame length of the signal sm(n) of
the frame and the signal vm(n) of the frame, and the
signal Zm(n) acquired after attenuation serves as
the output signal.

4. The method according to claim 3, further comprising:
updating the global reference value f to be equal to
the temporary value fnew for processing of a next
frame.

5. The method according to any one of claims 2 to 4,
wherein:

an initial value of the global reference value f is
1.0, and
the preset value Ma is equal to 32767.

6. An audio-mixing processing apparatus, comprising:

an extraction module, configured to extract a sig-
nal sm(n) of a frame in a signal of a first channel
and a signal vm(n) of a frame in a signal of a
second channel, wherein the signal vm(n) cor-
responds to the signal sm(n), the signal of the
second channel is required to be mixed with the
signal of the first channel, and n represents the
number of sample points;
an mixing module, configured to weight the sig-
nal sm(n) and the signal vm (n), and add the
weighted signal sm(n) and the weighted signal
vm(n), to acquire a mixed signal ym(n); and
an attenuation processing module, configured
to calculate a variable attenuation factor based
on a maximum value ymax of a sequence of the
mixed signal ym(n), and attenuate the mixed sig-
nal ym(n) by using the variable attenuation factor
to generate an output signal Zm(n).

7. The apparatus according to claim 6, wherein the at-
tenuation processing module comprises:

an acquisition unit, configured to acquire the
maximum value ymax of the sequence of the
ym(n) and a current global reference value f,
wherein ymax=max(abs(ym)), abs represents

obtaining an absolute value, and max repre-
sents obtaining a maximum value;
an assignment unit, configured to set a tempo-
rary reference value as fnew=1.0 in a case that
the maximum value ymax is not greater than a
preset value Ma, and set the temporary refer-
ence value as fnew=Ma/ymax in a case that the
maximum value ymax is greater than the preset
value Ma; and
a calculation unit, configured to calculate the
preset variable attenuation factor deta as de-
ta=(f-fnew)/N.

8. The apparatus according to claim 7, wherein the at-
tenuation processing module further comprises:

an attenuation processing unit, configured to at-
tenuate the mixed signal ym(n) by using the var-
iable attenuation factor deta to acquire the signal
Zm(n) as Zm(n)=(f-n*deta)*ym(n), n=0,1,2,...,N-
1, wherein N is a frame length of the signal sm(n)
of the frame and the signal vm(n) of the frame,
and the signal Zm(n) acquired after attenuation
serves as the output signal.

9. The apparatus according to claim 7, wherein the at-
tenuation processing module further comprises:
an updating unit, configured to update the global ref-
erence value f to be equal to the temporary value
fnew for processing of a next frame.

10. The apparatus according to any one of claims 6 to
8, wherein:

an initial value of the global reference value f is
1.0, and
the preset value Ma is equal to 32767.

11. A computer device, comprising:

a processor,
a memory,
a bus, and
a communication interface, wherein
the memory is configured to store a computer-
executable instruction,
the processor and the memory are connected
to each other via the bus, and
the processor is configured to, when the com-
puter device operates, execute the computer-
executable instruction stored by the memory, to
cause the computer device to perform following
steps:

extracting a signal sm(n) of a frame in a sig-
nal of a first channel and a signal vm(n) of
a frame in a signal of a second channel,
wherein the signal vm(n) corresponds to the
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signal sm(n), the signal of the second chan-
nel is required to be mixed with the signal
of the first channel, and n represents the
number of sample points;
weighting the signal sm(n) and the signal
vm (n), and adding the weighted signal
sm(n) and the weighted signal vm(n) to ac-
quire a mixed signal ym(n); and
calculating a variable attenuation factor
based on a maximum value ymax of a se-
quence of the mixed signal ym(n), and at-
tenuating the mixed signal ym(n) by using
the variable attenuation factor to generate
an output signal Zm(n).

12. A non-volatile storage medium, storing one or more
computer programs, wherein the one or more com-
puter programs comprise an instruction executable
by a processor having one or more memories, and
the instruction, when executed by a computer, caus-
es the computer to perform following steps:

extracting a signal sm(n) of a frame in a signal
of a first channel and a signal vm(n) of a frame
in a signal of a second channel, wherein the sig-
nal vm(n) corresponds to the signal sm(n), the
signal of the second channel is required to be
mixed with the signal of the first channel, and n
represents the number of sample points;
weighting the signal sm(n) and the signal vm (n),
and adding the weighted signal sm(n) and the
weighted signal vm(n) to acquire a mixed signal
ym(n); and
calculating a variable attenuation factor based
on a maximum value ymax of a sequence of the
mixed signal ym(n), and attenuating the mixed
signal ym(n) by using the variable attenuation
factor to generate an output signal Zm(n).
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