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METHOD AND APPARATUS FOR DETERMINING INTER-CHANNEL
TIME DIFFERENCE PARAMETER

[0001] This application claims priority to Chinese Patent Application No. 201510101315.X,
filed with the Chinese Patent Office on March 9, 2015 and entitled "METHOD AND APPARATUS
FOR DETERMINING INTER-CHANNEL TIME DIFFERENCE PARAMETER", which is

incorporated herein by reference in its entirety.

TECHNICAL FIELD

[0002] The present invention relates to the audio processing field, and more specifically, to a

method and an apparatus for determining an inter-channel time difference parameter.

BACKGROUND

[0003] Improvement in quality of life is accompanied with people's ever-increasing
requirements for high-quality audio. Compared with mono audio, stereo audio provides sense of
direction and sense of distribution of sound sources and can improve clarity and intelligibility of
information, and is therefore highly favored by people.

[0004] Currently, there is a known technology for transmitting a stereo audio signal. An encoder
converts a stereo signal into a mono audio signal and a parameter such as an inter-channel time
difference (ITD, Inter-Channel Time Difference), separately encodes the mono audio signal and the
parameter, and transmits an encoded mono audio signal and an encoded parameter to a decoder.
After obtaining the mono audio signal, the decoder further restores the stereo signal according to the
parameter such as the ITD. Therefore, low-bit and high-quality transmission of the stereo signal can
be implemented.

[0005] In the foregoing technology, based on a sampling rate of a time-domain signal on mono
audio, the encoder can determine a limiting value Tp,x of an ITD parameter at the sampling rate,
and therefore may perform searching and calculation subband by subband within a range [Ty,
Tmax] based on the frequency-domain signal, to obtain the ITD parameter.

[0006] However, the foregoing relatively large search range causes a large calculation amount
in a process of determining an ITD parameter in a frequency domain in the prior art. Consequently,

a performance requirement for an encoder increases, and processing efficiency is affected.
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[0007] Therefore, a technology is expected to be provided, so that a calculation amount in a
process of searching for and calculating an ITD parameter can be reduced while accuracy of the

ITD parameter is ensured.

SUMMARY

[0008] Embodiments of the present invention provide a method and an apparatus for
determining an inter-channel time difference parameter, to reduce a calculation amount in a process
of searching for and calculating an inter-channel time difference parameter in a stereo encoding
process.

[0009] According to a first aspect, a method for determining an inter-channel time difference
parameter is provided, where the method includes: determining a reference parameter according to a
time-domain signal on a first sound channel and a time-domain signal on a second sound channel,
where the reference parameter is corresponding to a sequence of obtaining the time-domain signal
on the first sound channel and the time-domain signal on the second sound channel, and the
time-domain signal on the first sound channel and the time-domain signal on the second sound
channel are corresponding to a same time period; determining a search range according to the
reference parameter and a limiting value Tpa, Where the limiting value Tmax is determined
according to a sampling rate of the time-domain signal on the first sound channel, and the search
range falls within [-Tma, 0], or the search range falls within [0, Tma); and performing search
processing within the search range based on a frequency-domain signal on the first sound channel
and a frequency-domain signal on the second sound channel, to determine a first inter-channel time
difference ITD parameter corresponding to the first sound channel and the second sound channel.
[0010] With reference to the first aspect, in a first implementation of the first aspect, the
determining a reference parameter according to a time-domain signal on a first sound channel and a
time-domain signal on a second sound channel includes: performing cross-correlation processing on
the time-domain signal on the first sound channel and the time-domain signal on the second sound
channel, to determine a first cross-correlation processing value and a second cross-correlation
processing value, where the first cross-correlation processing value is a maximum function value,
within a preset range, of a cross-correlation function of the time-domain signal on the first sound
channel relative to the time-domain signal on the second sound channel, and the second
cross-correlation processing value is a maximum function value, within the preset range, of a
cross-correlation function of the time-domain signal on the second sound channel relative to the
time-domain signal on the first sound channel; and determining the reference parameter according

to a value relationship between the first cross-correlation processing value and the second
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cross-correlation processing value.

[0011] With reference to the first aspect and the foregoing implementation of the first aspect, in
a second implementation of the first aspect, the reference parameter is an index value corresponding
to a larger one of the first cross-correlation processing value and the second cross-correlation
processing value, or an opposite number of the index value.

[0012] With reference to the first aspect and the foregoing implementation of the first aspect, in
a third implementation of the first aspect, the determining a reference parameter according to a
time-domain signal on a first sound channel and a time-domain signal on a second sound channel
includes: performing peak detection processing on the time-domain signal on the first sound
channel and the time-domain signal on the second sound channel, to determine a first index value
and a second index value, where the first index value is an index value corresponding to a
maximum amplitude value of the time-domain signal on the first sound channel within a preset
range, and the second index value is an index value corresponding to a maximum amplitude value
of the time-domain signal on the second sound channel within the preset range; and determining the
reference parameter according to a value relationship between the first index value and the second
index value.

[0013] With reference to the first aspect and the foregoing implementations of the first aspect,
in a fourth implementation of the first aspect, the method further includes: performing smoothing
processing on the first ITD parameter based on a second ITD parameter, where the first ITD
parameter is an ITD parameter in a first time period, the second ITD parameter is a smoothed value
of an ITD parameter in a second time period, and the second time period is before the first time
period.

[0014] According to a second aspect, an apparatus for determining an inter-channel time
difference parameter is provided, where the apparatus includes: a determining unit, configured to:
determine a reference parameter according to a time-domain signal on a first sound channel and a
time-domain signal on a second sound channel, where the reference parameter is corresponding to a
sequence of obtaining the time-domain signal on the first sound channel and the time-domain signal
on the second sound channel, and the time-domain signal on the first sound channel and the
time-domain signal on the second sound channel are corresponding to a same time period; and
determine a search range according to the reference parameter and a limiting value Tyax, Where the
limiting value T,y is determined according to a sampling rate of the time-domain signal on the first
sound channel, and the search range falls within [-Tmax, 0], or the search range falls within [0,
Tmax]; and a processing unit, configured to perform search processing according to the reference

parameter based on a frequency-domain signal on the first sound channel and a frequency-domain
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signal on the second sound channel, to determine a first inter-channel time difference ITD
parameter corresponding to the first sound channel and the second sound channel.

[0015] With reference to the second aspect, in a first implementation of the second aspect, the
determining unit is specifically configured to: perform cross-correlation processing on the
time-domain signal on the first sound channel and the time-domain signal on the second sound
channel, to determine a first cross-correlation processing value and a second cross-correlation
processing value; and determine the reference parameter according to a value relationship between
the first cross-correlation processing value and the second cross-correlation processing value, where
the first cross-correlation processing value is a maximum function value, within a preset range, of a
cross-correlation function of the time-domain signal on the first sound channel relative to the
time-domain signal on the second sound channel, and the second cross-correlation processing value
is a maximum function value, within the preset range, of a cross-correlation function of the
time-domain signal on the second sound channel relative to the time-domain signal on the first
sound channel.

[0016] With reference to the second aspect and the foregoing implementation of the second
aspect, in a second implementation of the second aspect, the determining unit is specifically
configured to determine an index value corresponding to a larger one of the first cross-correlation
processing value and the second cross-correlation processing value or an opposite number of the
index value as the reference parameter.

[0017] With reference to the second aspect and the foregoing implementation of the second
aspect, in a third implementation of the second aspect, the determining unit is specifically
configured to: perform peak detection processing on the time-domain signal on the first sound
channel and the time-domain signal on the second sound channel, to determine a first index value
and a second index value; and determine the reference parameter according to a value relationship
between the first index value and the second index value, where the first index value is an index
value corresponding to a maximum amplitude value of the time-domain signal on the first sound
channel within a preset range, and the second index value is an index value corresponding to a
maximum amplitude value of the time-domain signal on the second sound channel within the preset
range.

[0018] With reference to the second aspect and the foregoing implementations of the second
aspect, in a fourth implementation of the second aspect, the processing unit is further configured to:
perform smoothing processing on the first ITD parameter based on a second ITD parameter, where
the first ITD parameter is an ITD parameter in a first time period, the second ITD parameter is a

smoothed value of an ITD parameter in a second time period, and the second time period is before
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the first time period.

[0019] According to the method and the apparatus for determining an inter-channel time
difference parameter in the embodiments of the present invention, a reference parameter
corresponding to a sequence of obtaining a time-domain signal on a first sound channel and a
time-domain signal on a second sound channel is determined in a time domain, a search range can
be determined based on the reference parameter, and search processing on a frequency-domain
signal on the first sound channel and a frequency-domain signal on the second sound channel is
performed within the search range in a frequency domain, to determine an inter-channel time
difference ITD parameter corresponding to the first sound channel and the second sound channel. In
the embodiments of the present invention, the search range determined according to the reference
parameter falls within [~Tmax, 0] or [0, Tiax], and is less than a prior-art search range [—Tmax, Tmax],
so that searching and calculation amounts of the inter-channel time difference ITD parameter can be
reduced, a performance requirement for an encoder is reduced, and processing efficiency of the

encoder is improved.

BRIEF DESCRIPTION OF DRAWINGS

[0020] 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.

[0021] FIG 1 is a schematic flowchart of a method for determining an inter-channel time
difference parameter according to an embodiment of the present invention;

[0022] FIG. 2 is a schematic diagram of a process of determining a search range according to an
embodiment of the present invention;

[0023] FIG. 3 is a schematic diagram of a process of determining a search range according to
another embodiment of the present invention;

[0024] FIG. 4 is a schematic diagram of a process of determining a search range according to
still another embodiment of the present invention;

[0025] FIG. 5 is a schematic block diagram of an apparatus for determining an inter-channel
time difference parameter according to an embodiment of the present invention; and

[0026] FIG. 6 is a schematic structural diagram of a device for determining an inter-channel

time difference parameter according to an embodiment of the present invention.
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DESCRIPTION OF EMBODIMENTS

[0027] 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 some but not all
of the embodiments of the present invention. All other embodiments obtained by a person of
ordinary skill in the art based on the embodiments of the present invention without creative efforts
shall fall within the protection scope of the present invention.

[0028] FIG. 1 is a schematic flowchart of a method 100 for determining an inter-channel time
difference parameter according to an embodiment of the present invention. The method 100 may be
performed by an encoder device (or may be referred to as a transmit end device) for transmitting an
audio signal. As shown in FIG. 1, the method 100 includes the following steps:

[0029] S110. Determine a reference parameter according to a time-domain signal on a first
sound channel and a time-domain signal on a second sound channel, where the reference parameter
is corresponding to a sequence of obtaining the time-domain signal on the first sound channel and
the time-domain signal on the second sound channel, and the time-domain signal on the first sound
channel and the time-domain signal on the second sound channel are corresponding to a same time
period.

[0030] S120. Determine a search range according to the reference parameter and a limiting
value Tpax, Where the limiting value Ty is determined according to a sampling rate of the
time-domain signal on the first sound channel, and the search range falls within [~Tmax, 0], or the
search range falls within [0, Tyax].

[0031] S130. Perform search processing within the search range based on a frequency-domain
signal on the first sound channel and a frequency-domain signal on the second sound channel, to
determine a first inter-channel time difference ITD parameter corresponding to the first sound
channel and the second sound channel.

[0032] The method 100 for determining an inter-channel time difference parameter in this
embodiment of the present invention may be applied to an audio system that has at least two sound
channels. In the audio system, mono signals from the at least two sound channels (that is, including
a first sound channel and a second sound channel) are synthesized into a stereo signal. For example,
a mono signal from an audio-left channel (that is, an example of the first sound channel) and a
mono signal from an audio-right channel (that is, an example of the second sound channel) are
synthesized into a stereo signal.

[0033] A parametric sterco (PS) technology may be used as an example of a method [or
transmitting the stereo signal. In the technology, an encoder converts the stereo signal into a mono
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signal and a spatial perception parameter according to a spatial perception feature, and separately
encodes the mono signal and the spatial perception parameter. After obtaining mono audio, a
decoder further restores the stereo signal according to the spatial parameter. In the technology,
low-bit and high-quality transmission of the stereo signal can be implemented. An inter-channel
time difference ITD (ITD, Inter-Channel Time Difference) parameter is a spatial parameter
indicating a horizontal location of a sound source, and is an important part of the spatial parameter.
This embodiment of the present invention is mainly related to a process of determining the ITD
parameter. In addition, in this embodiment of the present invention, a process of encoding and
decoding the stereo signal and the mono signal according to the ITD parameter is similar to that in
the prior art. To avoid repetition, a detailed description thereof is omitted herein.

[0034] It should be understood that the foregoing quantity of sound channels included in the
audio system is merely an example for description, and the present invention is not limited thereto.
For example, the audio system may have three or more sound channels, and mono signals from any
two sound channels can be synthesized into a stereo signal. For ease of understanding, in an
example for description below, the method 100 is applied to an audio system that has two sound
channels (that is, an audio-left channel and an audio-right channel). In addition, for ease of
differentiation, the audio-left channel is used as the first sound channel, and the audio-right channel
is used as the second sound channel for description.

[0035] Specifically, in S110, the encoder device may obtain, for example, by using an audio
input device such as a microphone corresponding to the audio-left channel, an audio signal
corresponding to the audio-left channel, and perform sampling processing on the audio signal
according to a preset sampling rate o (that is, an example of the sampling rate of the time-domain
signal on the first sound channel), to generate a time-domain signal on the audio-left channel (that
is, an example of the time-domain signal on the first sound channel, and denoted as a time-domain
signal #L below for ease of understanding and differentiation). In addition, in this embodiment of
the present invention, a process of obtaining the time-domain signal #L. may be similar to that in the
prior art. To avoid repetition, a detailed description thereof is omitted herein.

[0036] In this embodiment of the present invention, the sampling rate of the time-domain signal
on the first sound channel is the same as a sampling rate of the time-domain signal on the second
sound channel. Therefore, similarly, the encoder device may obtain, for example, by using an audio
input device such as a microphone corresponding to the audio-right channel, an audio signal
corresponding to the audio-right channel, and perform sampling processing on the audio signal
according to the sampling rate a, to generate a time-domain signal on the audio-right channel (that

is, an example of the time-domain signal on the second sound channel, and denoted as a
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time-domain signal #R below for ease of understanding and differentiation).

[0037] It should be noted that in this embodiment of the present invention, the time-domain
signal #L and the time-domain signal #R are time-domain signals corresponding to a same time
period (or in other words, time-domain signals obtained in a same time period). For example, the
time-domain signal #L and the time-domain signal #R may be time-domain signals corresponding
to a same frame (that is, 20 ms). In this case, an ITD parameter corresponding to signals in the
frame can be obtained based on the time-domain signal #L and the time-domain signal #R.

[0038] For another example, the time-domain signal #L and the time-domain signal #R may be
time-domain signals corresponding to a same subframe (that is, 10 ms, 5 ms, or the like) in a same
frame. In this case, multiple ITD parameters corresponding to signals in the frame can be obtained
based on the time-domain signal #L and the time-domain signal #R. For example, if a subframe
corresponding to the time-domain signal #L and the time-domain signal #R is 10 ms, two ITD
parameters can be obtained by using signals in the frame (that is, 20 ms). For another example, if a
subframe corresponding to the time-domain signal #L and the time-domain signal #R is 5 ms, four
ITD parameters can be obtained by using signals in the frame (that is, 20 ms).

[0039] It should be understood that the foregoing lengths of the time period corresponding to
the time-domain signal #L and the time-domain signal #R are merely examples for description, and
the present invention is not limited thereto. A length of the time period may be randomly changed
according to a requirement.

[0040] Then, the encoder device may determine the reference parameter according to the
time-domain signal #L and the time-domain signal #R. The reference parameter may be
corresponding to a sequence of obtaining the time-domain signal #L and the time-domain signal #R
(for example, a sequence of inputting the time-domain signal #L and the time-domain signal #R into
the audio input device). Subsequently, the correspondence is described in detail with reference to a
process of determining the reference parameter.

[0041] In this embodiment of the present invention, the reference parameter may be determined
by performing cross-correlation processing on the time-domain signal #L and the time-domain
signal #R (that is, in a manner 1), or the reference parameter may be determined by searching for
maximum amplitude values of the time-domain signal #L and the time-domain signal #R (that is, in
a manner 2). The following separately describes the manner 1 and the manner 2 in detail.

[0042] Manner 1:

[0043] Optionally, the determining a reference parameter according to a time-domain signal on
a first sound channel and a time-domain signal on a second sound channel includes:

performing cross-correlation processing on the time-domain signal on the first sound
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channel and the time-domain signal on the second sound channel, to determine a first
cross-correlation processing value and a second cross-correlation processing value, where the first
cross-correlation processing value is a maximum function value, within a preset range, of a
cross-correlation function of the time-domain signal on the first sound channel relative to the
time-domain signal on the second sound channel, and the second cross-correlation processing value
is a maximum function value, within the preset range, of a cross-correlation function of the
time-domain signal on the second sound channel relative to the time-domain signal on the first
sound channel; and

determining the reference parameter according to a value relationship between the first
cross-correlation processing value and the second cross-correlation processing value.

[0044] Specifically, in this embodiment of the present invention, the encoder device may

determine, according to the following formula 1, a cross-correlation function ¢,(®) of the
time-domain signal #L relative to the time-domain signal #R, that is:
Length—1-i
o= ¥ x(NxG+iniel0T,]
J=0 formula 1
[0045] T indicates a limiting value of the ITD parameter (or in other words, a maximum

value of an obtaining time difference between the time-domain signal #L and the time-domain

signal #R), and may be determined according to the sampling rate o. In addition, a method for
determining T sax may be similar to that in the prior art. To avoid repetition, a detailed description
thereof is omitted herein. *= () indicates a signal value of the time-domain signal #R at a "

sampling point, *z (J+i) indicates a signal value of the time-domain signal #L at a (j+i)™

d Length jndicates a total quantity of sampling points included in the

sampling point, an
time-domain signal #R, or in other words, a length of the time-domain signal #R. For example, the
length may be a length of a frame (that is, 20 ms), or a length of a subframe (that is, 10 ms, 5 ms, or
the like).

[0046] In addition, the encoder device may determine a maximum value max (c,(i)) of the

0Si<Tmax
cross-correlation function @),
[0047] Similarly, the encoder device may determine, according to the following formula 2, a
cross-correlation function @) of the time-domain signal #R relative to the time-domain signal

#L, that is:
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e= S x()a(i+)

J=0 formula 2

[0048] In addition, the encoder device may determine a maximum value _max (c, (i) of the

¢, (@)

cross-correlation function
[0049] In this embodiment of the present invention, the encoder device may determine a value

of the reference parameter according to a relationship between  max (c,(i)) and max (c,()) in
<IS mas <{<Trax

the following manner 1A or manner 1B.

[0050] Manner 1A:

[0051] As shown in FIG 2, if max (c,()) < max (c,(i)) , the encoder device may determine

that the time-domain signal #L is obtained before the time-domain signal #R, that is, the ITD
parameter of the audio-left channel and the audio-right channel is a positive number. In this case,
the reference parameter T may be set to 1.

[0052] Therefore, in a determining process of S120, the encoder device may determine that the
reference parameter is greater than 0, and further determine that the search range is [0, Tmax]. That
is, when the time-domain signal #L is obtained before the time-domain signal #R, the ITD
parameter is a positive number, and the search range is [0, Trax] (that is, an example of the search

range that falls within [0, Tpax])-

[0053] Alternatively, if  max (c, (i))>0m:§x (¢, (7)), the encoder device may determine that the

time-domain signal #L is obtained after the time-domain signal #R, that is, the ITD parameter of the
audio-left channel and the audio-right channel is a negative number. In this case, the reference
parameter T may be set to 0.

[0054] Therefore, in a determining process of S120, the encoder device may determine that the
reference parameter is not greater than 0, and further determine that the search range is [~Tpmax, 0]-
That is, when the time-domain signal #L is obtained after the time-domain signal #R, the ITD
parameter is a negative number, and the search range is [~ Tmax, 0] (that is, an example of the search
range that falls within [~Tpax, 0]).

[0055] Manner 1B:

[0056] Optionally, the reference parameter is an index value corresponding to a larger one of the
first cross-correlation processing value and the second cross-correlation processing value, or an

opposite number of the index value.

[0057] Specifically, as shown in FIG. 3, if  max (c, ()< max (c,(@)) , the encoder device may

determine that the time-domain signal #L is obtained before the time-domain signal #R, that is, the
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ITD parameter of the audio-left channel and the audio-right channel is a positive number. In this

case, the reference parameter T may be set to an index value corresponding to ,max (c, (D).
SIS Tma

[0058] Therefore, in a subsequent determining process, after determining that the reference
parameter T is greater than 0, the encoder device may further determine whether the reference
parameter T is greater than or equal to Tpa./2, and determine the search range according to a
determining result. For example, when T>Tp.x/2, the search range is [Tmax/2, Tmax] (that is, an
example of the search range that falls within [0, Tmax]. When T<Tuax/2, the search range is [0,
Tmax/2] (that is, another example of the search range that falls within [0, Tpax]).

[0059] Alternatively, if Jmax (c, (D)= max (¢, (i), the encoder device may determine that the
SIS Tmax 1S Tmax

time-domain signal #L is obtained after the time-domain signal #R, that is, the ITD parameter of the

audio-left channel and the audio-right channel is a negative number. In this case, the reference

parameter T may be set to an opposite number of an index value corresponding to  max (c,(@).
SiSTmax

[0060] Therefore, in a determining process of S120, after determining that the reference
parameter T is less than or equal to 0, the encoder device may further determine whether the
reference parameter T is less than or equal to —Tax/2, and determine the search range according to a
determining result. For example, when T<-Tp/2, the search range is [~ Tmax, —Tmax/2] (that is, an
example of the search range that falls within [~Tpa, 0]. When T>—Tpa/2, the search range is
[~Tmax/2, 0] (that is, another example of the search range that falls within [~Tmax, 0].
[0061] Manner 2:
[0062] Optionally, the determining a reference parameter according to a time-domain signal on
a first sound channel and a time-domain signal on a second sound channel includes:

performing peak detection processing on the time-domain signal on the first sound
channel and the time-domain signal on the second sound channel, to determine a first index value
and a second index value, where the first index value is an index value corresponding to a
maximum amplitude value of the time-domain signal on the first sound channel within a preset
range, and the second index value is an index value corresponding to a maximum amplitude value
of the time-domain signal on the second sound channel within the preset range; and

determining the reference parameter according to a value relationship between the first
index value and the second index value.
[0063] Specifically, in this embodiment of the present invention, the encoder device may detect

max(L(j)), j€[0, Length—1]

a maximum value of an amplitude value (denoted as L(j)) of the

Py max(L(}j)) _ Length

time-domain signal #L, and record an index value corresponding to

indicates a total quantity of sampling points included in the time-domain signal #L.
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[0064] In addition, the encoder device may detect a maximum value

max(R()), j€ [0, Length—1] o 4 amplitude value (denoted as R(j)) of the time-domain signal

max(R(j)) Length

#R, and record an index value Prign corresponding to indicates a total

quantity of sampling points included in the time-domain signal #R.
[0065] Then, the encoder device may determine a value relationship between Pip gnd Priene

[0066] As shown in FIG 4, if Piep Z Prigh , the encoder device may determine that the
time-domain signal #L is obtained before the time-domain signal #R, that is, the ITD parameter of
the audio-left channel and the audio-right channel is a positive number. In this case, the reference
parameter T may be set to 1.

[0067] Therefore, in a determining process of S120, the encoder device may determine that the
reference parameter is greater than 0, and further determine that the search range is [0, Tmax]. That
is, when the time-domain signal #L is obtained before the time-domain signal #R, the ITD
parameter is a positive number, and the search range is [0, Trax] (that is, an example of the search

range that falls within [0, Tmax])-

[0068] Alternatively, if PP right  the encoder device may determine that the time-domain
signal #L is obtained after the time-domain signal #R, that is, the ITD parameter of the audio-left
channel and the audio-right channel is a negative number. In this case, the reference parameter T
may be set to 0.

[0069] Therefore, in a determining process of S120, the encoder device may determine that the
reference parameter is not greater than 0, and further determine that the search range is [~Tpax, 0].
That is, when the time-domain signal #L is obtained after the time-domain signal #R, the ITD
parameter is a negative number, and the search range is [~Tpax, 0] (that is, an example of the search
range that falls within [~ Tpnax, 0]).

[0070] In S130, the encoder device may perform time-to-frequency transformation processing
on the time-domain signal #L to obtain a frequency-domain signal on the audio-left channel (that is,
an example of the frequency-domain signal on the first sound channel, and denoted as a
frequency-domain signal #L below for ease of understanding and differentiation), and may perform
time-to-frequency transformation processing on the time-domain signal #R to obtain a
frequency-domain signal on the audio-right channel (that is, an example of the frequency-domain
signal on the second sound channel, and denoted as a frequency-domain signal #R below for ease of
understanding and differentiation).

[0071] For example, in this embodiment of the present invention, the time-to-frequency

transformation processing may be performed by using a fast Fourier transformation (FFT, Fast
12
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Fourier Transformation) technology based on the following formula 3:
Length o dmak
X(K)=3 x(n)-e” B <k < FFT _LENGTH
n=0 formula 3

FFT LENGTH

[0072] X(*)  indicates a frequency-domain  signal, indicates a

time-to-frequency transformation length, *(") indicates a time-domain signal (that is, the

time-domain signal #L or the time-domain signal #R), and Length iy dicates a total quantity of
sampling points included in the time-domain signal.

[0073] It should be understood that the foregoing process of the time-to-frequency
transformation processing is merely an example for description, and the present invention is not
limited thereto. A method and a process of the time-to-frequency transformation processing may be
similar to those in the prior art. For example, a technology such as modified discrete cosine
transform (MDCT, Modified Discrete Cosine Transform) may be used.

[0074] Therefore, the encoder device may perform search processing on the determined
frequency-domain signal #L and frequency-domain signal #R within the determined search range,
to determine the ITD parameter of the audio-left channel and the audio-right channel. For example,
the following search processing process may be used.

FFT _LENGTH  gequencies of a

[0075] First, the encoder device may classify
frequency-domain signal into Ngpband Subbands (for example, one subband) according to preset

bandwidth 4. A frequency included in a k™ subband 4, meets 4., Shs 4 -1 "

[0076] Within the foregoing search range, a corrclation function ™48 (/) of the

frequency-domain signal #L is calculated according to the following formula 4:

= 2n*b* j
mag(j)= . X,(B)* Xp(B)*explort i)
b=4yy - formula 4
[0077] X,(0) indicates a signal value of the frequency-domain signal #L on a b frequency,
X(b) indicates a signal value of the frequency-domain signal #R on the bt frequency,
FFT LENGTH

indicates a time-to-frequency transformation length, and a value range of J is
the determined search range. For ease of understanding and description, the search range is denoted
as [a, b].

T(k)=arg Lrsx%(mag(j))

[0078] An ITD parameter value of the k™ subband is , that is, an index

value corresponding to a maximum value of 48 (),
[0079] Therefore, one or more (corresponding to the determined quantity of subbands) ITD
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parameter values of the audio-left channel and the audio-right channel may be obtained.
[0080] Then, the encoder device may further perform quantization processing and the like on
the ITD parameter value, and send the processed ITD parameter value and a mono signal obtained
after processing such as downmixing is performed on signals on the audio-left channel and the
audio-right channel to a decoder device (or in other words, a receive end device).
[0081] The decoder device may restore a stereo audio signal according to the mono audio signal
and the ITD parameter value.
[0082] Optionally, the method further includes:

performing smoothing processing on the first ITD parameter based on a second ITD
parameter, where the first ITD parameter is an ITD parameter in a first time period, the second ITD
parameter is a smoothed value of an ITD parameter in a second time period, and the second time
period is before the first time period.
[0083] Specifically, in this embodiment of the present invention, before performing quantization
processing on the ITD parameter value, the encoder device may further perform smoothing
processing on the determined ITD parameter value. As an example rather than a limitation, the

encoder device may perform the smoothing processing according to the following formula 5:
T() =w, *T, 00+ w, *T(K) ¢ 0

T, (k)

[0084] indicates an ITD parameter value on which smoothing processing has been

-1
performed and that is corresponding to a k™ frame or a k™ subframe, Ton indicates an ITD

parameter value on which smoothing processing has been performed and that is corresponding to a

(k-1 frame or a (k—l)th subframe, T() indicates an ITD parameter value on which smoothing
processing has not been performed and that is corresponding to the k™ frame or the k™ subframe, w;

and w, are smoothing factors, and w; and w, may be set to constants, or w; and w, may be set

(-1
according to a difference between Ton and T(k) provided that w;+w,=1 is met. In addition,

(-1
when k=1, Tom may be a preset value.

[0085] It should be noted that in the method for determining an inter-channel time difference
parameter in this embodiment of the present invention, the smoothing processing may be performed
by the encoder device, or may be performed by the decoder device, and this is not particularly
limited in the present invention. That is, the encoder device may directly send the obtained ITD
parameter value to the decoder device without performing smoothing processing, and the decoder
device performs smoothing processing on the ITD parameter value. In addition, a method and a

process of performing smoothing processing by the decoder device may be similar to the foregoing

14



10

15

20

25

30

method and process of performing smoothing processing by the decoder device. To avoid repetition,
a detailed description thereof is omitted herein.

[0086] According to the method for determining an inter-channel time difference parameter in
this embodiment of the present invention, a reference parameter corresponding to a sequence of
obtaining a time-domain signal on a first sound channel and a time-domain signal on a second
sound channel is determined in a time domain, a search range can be determined based on the
reference parameter, and search processing on a frequency-domain signal on the first sound channel
and a frequency-domain signal on the second sound channel is performed within the search range in
a frequency domain, to determine an inter-channel time difference ITD parameter corresponding to
the first sound channel and the second sound channel. In this embodiment of the present invention,
the search range determined according to the reference parameter falls within [~Tmax, 0] or [0, Tmax],
and is less than a prior-art search range [—Tmax, Tmax], SO that searching and calculation amounts of
the inter-channel time difference ITD parameter can be reduced, a performance requirement for an
encoder is reduced, and processing efficiency of the encoder is improved.

[0087] The method for determining an inter-channel time difference parameter according to the
embodiments of the present invention is described above in detail with reference to FIG. 1 to FIG. 4.
An apparatus for determining an inter-channel time difference parameter according to an
embodiment of the present invention is described below in detail with reference to FIG. 5.

[0088] FIG. 5 is a schematic block diagram of an apparatus 200 for determining an inter-channel
time difference parameter according to an embodiment of the present invention. As shown in FIG. 5,
the apparatus 200 includes:

a determining unit 210, configured to: determine a reference parameter according to a
time-domain signal on a first sound channel and a time-domain signal on a second sound channel,
where the reference parameter is corresponding to a sequence of obtaining the time-domain signal
on the first sound channel and the time-domain signal on the second sound channel, and the
time-domain signal on the first sound channel and the time-domain signal on the second sound
channel are corresponding to a same time period; and determine a search range according to the
reference parameter and a limiting value Ty, where the limiting value Tpmax is determined
according to a sampling rate of the time-domain signal on the first sound channel, and the search
range falls within [~Tpmax, 0], or the search range falls within [0, Tpax]; and

a processing unit 220, configured to perform search processing according to the
reference parameter based on a frequency-domain signal on the first sound channel and a
frequency-domain signal on the second sound channel, to determine a first inter-channel time

difference ITD parameter corresponding to the first sound channel and the second sound channel.
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[0089] Optionally, the determining unit 210 is specifically configured to: perform
cross-correlation processing on the time-domain signal on the first sound channel and the
time-domain signal on the second sound channel, to determine a first cross-correlation processing
value and a second cross-correlation processing value; and determine the reference parameter
according to a value relationship between the first cross-correlation processing value and the second
cross-correlation processing value. The first cross-correlation processing value is a maximum
function value, within a preset range, of a cross-correlation function of the time-domain signal on
the first sound channel relative to the time-domain signal on the second sound channel, and the
second cross-correlation processing value is a maximum function value, within the preset range, of
a cross-correlation function of the time-domain signal on the second sound channel relative to the
time-domain signal on the first sound channel.

[0090] Optionally, the determining unit 210 is specifically configured to determine an index
value corresponding to a larger one of the first cross-correlation processing value and the second
cross-correlation processing value or an opposite number of the index value as the reference
parameter.

[0091] Optionally, the determining unit 210 is specifically configured to: perform peak
detection processing on the time-domain signal on the first sound channel and the time-domain
signal on the second sound channel, to determine a first index value and a second index value; and
determine the reference parameter according to a value relationship between the first index value
and the second index value. The first index value is an index value corresponding to a maximum
amplitude value of the time-domain signal on the first sound channel within a preset range, and the
second index value is an index value corresponding to a maximum amplitude value of the
time-domain signal on the second sound channel within the preset range.

[0092] Optionally, the processing unit 220 is further configured to perform smoothing
processing on the first ITD parameter based on a second ITD parameter. The first ITD parameter is
an ITD parameter in a first time period, the second ITD parameter is a smoothed value of an ITD
parameter in a second time period, and the second time period is before the first time period.

[0093] The apparatus 200 for determining an inter-channel time difference parameter according
to this embodiment of the present invention is configured to perform the method 100 for
determining an inter-channel time difference parameter in the embodiments of the present
invention, and may be corresponding to the encoder device in the method in the embodiments of the
present invention. In addition, units and modules in the apparatus 200 for determining an
inter-channel time difference parameter and the foregoing other operations and/or functions are

separately intended to implement a corresponding procedure in the method 100 in FIG. 1. For
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brevity, details are not described herein.
[0094] According to the apparatus for determining an inter-channel time difference parameter in
this embodiment of the present invention, a reference parameter corresponding to a sequence of
obtaining a time-domain signal on a first sound channel and a time-domain signal on a second
sound channel is determined in a time domain, a search range can be determined based on the
reference parameter, and search processing on a frequency-domain signal on the first sound channel
and a frequency-domain signal on the second sound channel is performed within the search range in
a frequency domain, to determine an inter-channel time difference ITD parameter corresponding to
the first sound channel and the second sound channel. In this embodiment of the present invention,
the search range determined according to the reference parameter falls within [Ty, 0] or [0, Tax],
and is less than a prior-art search range [ Tmax, Tmax], S0 that searching and calculation amounts of
the inter-channel time difference ITD parameter can be reduced, a performance requirement for an
encoder is reduced, and processing efficiency of the encoder is improved.
[0095] The method for determining an inter-channel time difference parameter according to the
embodiments of the present invention is described above in detail with reference to FIG. 1 to FIG. 4.
A device for determining an inter-channel time difference parameter according to an embodiment of
the present invention is described below in detail with reference to FIG. 6.
[0096] FIG. 6 is a schematic block diagram of a device 300 for determining an inter-channel
time difference parameter according to an embodiment of the present invention. As shown in FIG. 6,
the device 300 may include:

abus 310;

a processor 320 connected to the bus; and

a memory 330 connected to the bus.
[0097] The processor 320 invokes, by using the bus 310, a program stored in the memory 330,
so as to: determine a reference parameter according to a time-domain signal on a first sound channel
and a time-domain signal on a second sound channel, where the reference parameter is
corresponding to a sequence of obtaining the time-domain signal on the first sound channel and the
time-domain signal on the second sound channel, and the time-domain signal on the first sound
channel and the time-domain signal on the second sound channel are corresponding to a same time
period;

determine a search range according to the reference parameter and a limiting value Typay,
where the limiting value Tmax is determined according to a sampling rate of the time-domain signal
on the first sound channel, and the search range falls within [-Tpax, 0], or the search range falls

within [0, Tpmax]; and
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perform search processing within the search range based on a frequency-domain signal
on the first sound channel and a frequency-domain signal on the second sound channel, to
determine a first inter-channel time difference ITD parameter corresponding to the first sound
channel and the second sound channel.
[0098] Optionally, the processor 320 is specifically configured to: perform cross-correlation
processing on the time-domain signal on the first sound channel and the time-domain signal on the
second sound channel, to determine a first cross-correlation processing value and a second
cross-correlation processing value, where the first cross-correlation processing value is a maximum
function value, within a preset range, of a cross-correlation function of the time-domain signal on
the first sound channel relative to the time-domain signal on the second sound channel, and the
second cross-correlation processing value is a maximum function value, within the preset range, of
a cross-correlation function of the time-domain signal on the second sound channel relative to the
time-domain signal on the first sound channel; and

determine the reference parameter according to a value relationship between the first
cross-correlation processing value and the second cross-correlation processing value.
[0099] Optionally, the reference parameter is an index value corresponding to a larger one of the
first cross-correlation processing value and the second cross-correlation processing value, or an
opposite number of the index value.
[0100] Optionally, the processor 320 is specifically configured to: perform peak detection
processing on the time-domain signal on the first sound channel and the time-domain signal on the
second sound channel, to determine a first index value and a second index value, where the first
index value is an index value corresponding to a maximum amplitude value of the time-domain
signal on the first sound channel within a preset range, and the second index value is an index value
corresponding to a maximum amplitude value of the time-domain signal on the second sound
channel within the preset range; and

determine the reference parameter according to a value relationship between the first
index value and the second index value.
[0101] Optionally, the processor 320 is further configured to perform smoothing processing on
the first ITD parameter based on a second ITD parameter, the first ITD parameter is an ITD
parameter in a first time period, the second ITD parameter is a smoothed value of an ITD parameter
in a second time period, and the second time period is before the first time period.
[0102] In this embodiment of the present invention, components of the device 300 are coupled
together by using the bus 310. In addition to a data bus, the bus 310 further includes a power supply

bus, a control bus, and a status signal bus. However, for clarity of description, various buses are

18



10

15

20

25

30

marked as the bus 310 in the figure.

[0103] The processor 320 may implement or perform the steps and the logical block diagrams
disclosed in the method embodiments of the present invention. The processor 320 may be a
microprocessor, or the processor may be any conventional processor or decoder, or the like. The
steps of the methods disclosed with reference to the embodiments of the present invention may be
directly performed and completed by means of a hardware processor, or may be performed and
completed by using a combination of hardware and software modules in a decoding processor. The
software module may be located in a mature storage medium in the art, such as a random access
memory, a flash memory, a read-only memory, a programmable read-only memory, an
electrically-erasable programmable memory, or a register. The storage medium is located in the
memory 330, and the processor reads information in the memory 330 and completes the steps in the
foregoing methods in combination with hardware of the processor.

[0104] It should be understood that in this embodiment of the present invention, the processor
320 may be a central processing unit (Central Processing Unit, "CPU" for short), or the processor
320 may be another general-purpose processor, a digital signal processor (DSP), an
application-specific integrated circuit (ASIC), a field programmable gate array (FPGA), another
programmable logical device, a discrete gate or a transistor logical device, a discrete hardware
component, or the like. The general-purpose processor may be a microprocessor, or the processor
may be any conventional processor, or the like.

[0105] The memory 330 may include a read-only memory and a random access memory, and
provide an instruction and data for the processor 320. A part of the memory 330 may further include
a nonvolatile random access memory. For example, the memory 330 may further store information
about a device type.

[0106] In an implementation process, the steps in the foregoing methods may be completed by
an integrated logic circuit of hardware in the processor 320 or an instruction in a form of software.
The steps of the methods disclosed with reference to the embodiments of the present invention may
be directly performed and completed by means of a hardware processor, or may be performed and
completed by using a combination of hardware and software modules in the processor. The software
module may be located in a mature storage medium in the art, such as a random access memory, a
flash memory, a read-only memory, a programmable read-only memory, an electrically-erasable
programmable memory, or a register.

[0107] The device 300 for determining an inter-channel time difference parameter according to
this embodiment of the present invention is configured to perform the method 100 for determining

an inter-channel time difference parameter in the embodiments of the present invention, and may be
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corresponding to the encoder device in the method in the embodiments of the present invention. In
addition, units and modules in the device 300 for determining an inter-channel time difference
parameter and the foregoing other operations and/or functions are separately intended to implement
a corresponding procedure in the method 100 in FIG. 1. For brevity, details are not described herein.
[0108] According to the device for determining an inter-channel time difference parameter in
this embodiment of the present invention, a reference parameter corresponding to a sequence of
obtaining a time-domain signal on a first sound channel and a time-domain signal on a second
sound channel is determined in a time domain, a search range can be determined based on the
reference parameter, and search processing on a frequency-domain signal on the first sound channel
and a frequency-domain signal on the second sound channel is performed within the search range in
a frequency domain, to determine an inter-channel time difference ITD parameter corresponding to
the first sound channel and the second sound channel. In this embodiment of the present invention,
the search range determined according to the reference parameter falls within [—Tmax, 0] or [0, Tmax],
and is less than a prior-art search range [~ Tmax, Tmax], SO that searching and calculation amounts of
the inter-channel time difference ITD parameter can be reduced, a performance requirement for an
encoder is reduced, and processing efficiency of the encoder is improved. It should be understood
that sequence numbers of the foregoing processes do not mean execution sequences in the
embodiments of the present invention. The execution sequences of the processes should be
determined according to functions and internal logic of the processes, and should not be construed
as any limitation on the implementation processes of the embodiments of the present invention.
[0109] 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.
[0110] 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, refer to a corresponding process in the foregoing method embodiments, and details are not
described herein again.

[0111] In the several embodiments provided in this 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 an example. For example, the unit division is merely
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logical function division and may be other division during actual implementation. For example,
multiple 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 by using some interfaces. The
indirect couplings or communication connections between the apparatuses or units may be
implemented in electronic, mechanical, or other forms.

[0112] 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 multiple network units. Some or all of the units may be selected according to actual
requirements to achieve the objectives of the solutions of the embodiments.

[0113] 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.

[0114] When the functions are implemented in the 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 some 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) to perform all or some 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.

[0115] The foregoing descriptions are merely specific implementations of the present invention,
but are not intended to limit the protection scope of the present invention. Any variation or
replacement readily figured out by a person skilled in the art within the technical scope disclosed in
the present invention shall fall within the protection scope of the present invention. Therefore, the

protection scope of the present invention shall be subject to the protection scope of the claims.
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CLAIMS

What is claimed is:

1. A method for determining an inter-channel time difference parameter, wherein the method
comprises:

determining a reference parameter according to a time-domain signal on a first sound channel
and a time-domain signal on a second sound channel, wherein the reference parameter is
corresponding to a sequence of obtaining the time-domain signal on the first sound channel and the
time-domain signal on the second sound channel, and the time-domain signal on the first sound
channel and the time-domain signal on the second sound channel are corresponding to a same time
period;

determining a search range according to the reference parameter and a limiting value Tiax,
wherein the limiting value Tpax is determined according to a sampling rate of the time-domain
signal on the first sound channel, and the search range falls within [-Tpmax, 0], or the search range
falls within [0, Trmax]; and

performing search processing within the search range based on a frequency-domain signal on
the first sound channel and a frequency-domain signal on the second sound channel, to determine a
first inter-channel time difference ITD parameter corresponding to the first sound channel and the
second sound channel.

2. The method according to claim 1, wherein the determining a reference parameter according
to a time-domain signal on a first sound channel and a time-domain signal on a second sound
channel comprises:

performing cross-correlation processing on the time-domain signal on the first sound channel
and the time-domain signal on the second sound channel, to determine a first cross-correlation
processing value and a second cross-correlation processing value, wherein the first cross-correlation
processing value is a maximum function value, within a preset range, of a cross-correlation function
of the time-domain signal on the first sound channel relative to the time-domain signal on the
second sound channel, and the second cross-correlation processing value is a maximum function
value, within the preset range, of a cross-correlation function of the time-domain signal on the
second sound channel relative to the time-domain signal on the first sound channel; and

determining the reference parameter according to a value relationship between the first
cross-correlation processing value and the second cross-correlation processing value.

3. The method according to claim 2, wherein the reference parameter is an index value

corresponding to a larger one of the first cross-correlation processing value and the second
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cross-correlation processing value, or an opposite number of the index value.

4. The method according to claim 1, wherein the determining a reference parameter according
to a time-domain signal on a first sound channel and a time-domain signal on a second sound
channel comprises:

performing peak detection processing on the time-domain signal on the first sound channel and
the time-domain signal on the second sound channel, to determine a first index value and a second
index value, wherein the first index value is an index value corresponding to a maximum amplitude
value of the time-domain signal on the first sound channel within a preset range, and the second
index value is an index value corresponding to a maximum amplitude value of the time-domain
signal on the second sound channel within the preset range; and

determining the reference parameter according to a value relationship between the first index
value and the second index value.

5. The method according to any one of claims 1 to 4, wherein the method further comprises:

performing smoothing processing on the first ITD parameter based on a second ITD parameter,
wherein the first [TD parameter is an ITD parameter in a first time period, the second ITD
parameter is a smoothed value of an ITD parameter in a second time period, and the second time
period is before the first time period.

6. An apparatus for determining an inter-channel time difference parameter, wherein the
apparatus comprises:

a determining unit, configured to: determine a reference parameter according to a time-domain
signal on a first sound channel and a time-domain signal on a second sound channel, wherein the
reference parameter is corresponding to a sequence of obtaining the time-domain signal on the first
sound channel and the time-domain signal on the second sound channel, and the time-domain signal
on the first sound channel and the time-domain signal on the second sound channel are
corresponding to a same time period; and determine a search range according to the reference
parameter and a limiting value Tyax, Wherein the limiting value Tp,x is determined according to a
sampling rate of the time-domain signal on the first sound channel, and the search range falls within
[~Thmax, 0], or the search range falls within [0, Tyax]; and

a processing unit, configured to perform search processing according to the reference
parameter based on a frequency-domain signal on the first sound channel and a frequency-domain
signal on the second sound channel, to determine a first inter-channel time difference ITD
parameter corresponding to the first sound channel and the second sound channel.

7. The apparatus according to claim 6, wherein the determining unit is specifically configured

to: perform cross-correlation processing on the time-domain signal on the first sound channel and
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the time-domain signal on the second sound channel, to determine a first cross-correlation
processing value and a second cross-correlation processing value; and determine the reference
parameter according to a value relationship between the first cross-correlation processing value and
the second cross-correlation processing value, wherein the first cross-correlation processing value is
a maximum function value, within a preset range, of a cross-correlation function of the time-domain
signal on the first sound channel relative to the time-domain signal on the second sound channel,
and the second cross-correlation processing value is a maximum function value, within the preset
range, of a cross-correlation function of the time-domain signal on the second sound channel
relative to the time-domain signal on the first sound channel.

8. The apparatus according to claim 7, wherein the determining unit is specifically configured
to determine an index value corresponding to a larger one of the first cross-correlation processing
value and the second cross-correlation processing value or an opposite number of the index value as
the reference parameter.

9. The apparatus according to claim 6, wherein the determining unit is specifically configured
to: perform peak detection processing on the time-domain signal on the first sound channel and the
time-domain signal on the second sound channel, to determine a first index value and a second
index value; and determine the reference parameter according to a value relationship between the
first index value and the second index value, wherein the first index value is an index value
corresponding to a maximum amplitude value of the time-domain signal on the first sound channel
within a preset range, and the second index value is an index value corresponding to a maximum
amplitude value of the time-domain signal on the second sound channel within the preset range.

10. The apparatus according to any one of claims 6 to 9, wherein the processing unit is further
configured to perform smoothing processing on the first ITD parameter based on a second ITD
parameter, wherein the first ITD parameter is an ITD parameter in a first time period, the second
ITD parameter is a smoothed value of an ITD parameter in a second time period, and the second

time period is before the first time period.
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