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(54) METHOD OF ENCODING AND DECODING STEREO

AUDIO SIGNAL AND APPARATUS THEREFOR

(57) ABSTRACT

An exemplary embodiment of the present invention relates to a method of encoding a stereo audio signal and includes the steps of:
generating beginning mono audio signals by adding N received input audio signals to each other in two adjacent input audio signal
units, and generating one final mono audio signal by applying an addition method identical to the aforementioned addition method
to the beginning mono audio signals a plurality of times; generating multiple pieces of side information necessary to restore the
input audio signals, the beginning mono audio signals, and transient mono audio signals generated in the process of generating the
final mono audio signal from the beginning mono audio signals, respectively; and then encoding the final mono audio signal and
multiple pieces of the side information. In this case, the step of generating multiple pieces of the side information generates
information on an angle at which a composite vector, which is generated by mapping the intensity of one of two adjacent audio
signals in each of input audio signals, beginning mono audio signals, and transient mono audio signals onto a real axis, by mapping
the intensity of the other thereof onto an imaginary axis, and then by adding the two mapped audio signals, makes with the real axis

or the imaginary axis, as information to determine the intensity of each of the audio signals.
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WHAT IS CLAIMED IS
Claim 1

A method of encoding an audio signal, comprising the steps of: generating beginning mono audio signals by adding N received
input audio signals to each other in two adjacent input audio units, and generating one final mono audio signal by applying an
addition method identical to the aforementioned addition method to the beginning mono audio signals a plurality of times;

generating multiple pieces of side information necessary to restore the input audio signals, the beginning mono audio signals, and
transient mono audio signals generated in the process of generating the final mono audio signal from the beginning mono audio
signals, respectively; and

encoding the final mono audio signal and multiple pieces of the side information,

wherein the step of generating multiple pieces of the side information generates information on an angle at which a composite vector,
which is generated by mapping the intensity of one of two adjacent audio signals in each of the input audio signals, the beginning
mono audio signals, and the transient mono audio signals onto a real axis, by mapping the intensity of the other thereof onto an
imaginary axis, and then by adding the two mapped audio signals, makes with the real axis or the imaginary axis, as information to
determine the intensity of each of the audio signals.

Claim 2
The method of encoding an audio signal according to claim 1, comprising the steps of:
encoding the N input audio signals in the same way as the encoding method;
decoding the N encoded input audio signals; and

generating information on difference values between the N decoded input audio signals and the N received input audio
signals,

wherein the encoding step encodes information on the difference values generated from each of the difference values,
together with the final mono audio signal and multiple pieces of the side information.

Claim 3

The method of encoding an audio signal according to claim 1,
wherein the step of encoding multiple pieces of the side information comprises:

encoding information for determining the intensity of each of the input audio signals, the beginning mono audio signals,

and the transient mono audio signals; and

further encoding information on a difference in phase between two adjacent audio signals in each of the input audio signals,
the beginning mono audio signals, and the transient mono audio signals.

Claim 4

The method of encoding an audio signal according to claim 1,

wherein when the total number of the input audio signals, the beginning mono audio signals, and the transient mono audio
signals is odd, the step of generating the final mono audio signal uses any of the three types of audio signals to generate two audio
signals, and then applies the addition method to the two audio signals.

Claim 5

A method of decoding an audio signal, comprising the steps of: extracting a mono audio signal encoded, and multiple pieces of side
information encoded, from received audio data;

decoding the encoded mono audio signal and multiple pieces of the encoded side information, both of which have been extracted
above; and

restoring two beginning restored audio signals from the decoded mono audio signal, and applying an restoration method identical
to the aforementioned restoration method to each of the two beginning restored audio signals a plurality of times in succession to
generate N final restored audio signals, based on multiple pieces of the decoded side information,
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wherein the step of generating the final restored audio signals generates transient restored audio signals in the process of
generating the final restored audio signals from the beginning restored audio signals, and

multiple pieces of the decoded side information comprise information on an angle at which a composite vector generated by adding
the two mapped audio signals in a vector space, where the intensity of one of two adjacent audio signals in each of the beginning
restored audio signals, the final restored audio signals, and the transient restored audio signals is mapped onto a real axis and the
intensity of the other thereof is mapped onto an imaginary axis, makes with the real axis or the imaginary axis, as information to

determine the intensity of each of the audio signals.

Claim 6

The method of decoding an audio signal according to claim 5, further comprising the step of:

extracting, from the audio data, information on difference values between N original audio signals and N decoded audio
signals generated by performing encoding and decoding for the N original audio signals to be restored via the N final restored audio
signals,

wherein the final restored audio signals are generated based on multiple pieces of the decoded side information and
information on the difference values.

Claim 7

The method of decoding an audio signal according to claim 5,
wherein multiple pieces of the decoded side information further comprise

multiple pieces of information on a difference in phase between two adjacent restored audio signals in each of the
beginning restored audio signals, the transient restored audio signals, and the final restored audio signals.

Claim 8

The method of decoding an audio signal according to claim 7,
wherein the step of restoring the beginning restored audio signals comprises:

using information on an angle at which the composite vector makes with the real axis or the imaginary axis to determine
the intensity of a first beginning restored audio signal or a second beginning restored audio signal of the two beginning restored
audio signals;

calculating a phase of the first beginning restored audio signal and a phase of the second beginning restored audio signal,
based on information on a phase of the decoded mono audio signal and a difference in phase between the first beginning restored
audio signal and the second beginning restored audio signal; and

subtracting the first beginning restored audio signal from the decoded mono audio signal to restore the second beginning
restored audio signal, when the first beginning restored audio signal is restored, and subtracting the second beginning restored audio
signal from the decoded mono audio signal to restore the first beginning restored audio signal, when the second beginning restored
audio signal is restored, based on the intensity and phase of the beginning restored audio signals.

Claim 9

The method of decoding an audio signal according to claim 7,
wherein the step of restoring the beginning restored audio signals

combines a first beginning restored audio signal or a second beginning restored audio signal restored by using information
on an angle at which the composite vector makes with the real axis or the imaginary axis, at a predetermined ratio, with a first
beginning restored audio signal or a second beginning restored audio signal generated by subtracting the second beginning restored
audio signal or the first beginning restored audio signal from the decoded mono audio signal, and then restores the first beginning
restored audio signal or the second beginning restored audio signal.
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Claim 10

The method of decoding an audio signal according to claim 7,
wherein the step of restoring the beginning restored audio signals comprises:

calculating a phase of the second beginning restored audio signal, based on information on a phase of the decoded mono
audio signal and a difference in phase between a first beginning restored audio signal and a second beginning restored audio signal
in the two beginning restored audio signals; and

restoring the beginning restored audio signals, based on information for determining a phase of the decoded mono audio
signal, a phase of the second beginning restored audio signal, and the intensity of the beginning restored audio signals.

Claim 11

A method of encoding an audio signal, comprising the steps of: adding a first channel audio signal and a second channel
audio signal to generate a mono audio signal;

mapping the intensity of the first channel audio signal onto a real axis;
mapping the intensity of the second channel audio signal onto an imaginary axis;

generating information on an angle at which a composite vector generated by adding the two mapped audio signals makes
with the real axis or the imaginary axis; and

encoding information on the mono audio signal and the angle.

Claim 12

The method of encoding an audio signal according to claim 11,
wherein the encoding step further encodes
information on a difference in phase between the first channel audio signal and the second channel audio signal.

Claim 13

A method of decoding an audio signal, comprising the steps of: extracting a mono audio signal encoded, and multiple
pieces of side information encoded, from received audio data;

decoding the encoded mono audio signal and multiple pieces of the encoded side information; and

using the decoded mono audio signal and multiple pieces of the decoded side information to restore a first channel audio
signal and a second channel audio signal,

wherein multiple pieces of the decoded side information comprise information on an angle at which a composite vector
generated by adding the two mapped audio signals in a vector space, where the intensity of the first channel audio signal is mapped
onto a real axis and the intensity of the second channel audio signal is mapped onto an imaginary axis, makes with the real axis or
the imaginary axis, as information to determine the intensity of each of the audio signals.

Claim 14

The method of decoding an audio signal according to claim 13,
wherein multiple pieces of the decoded side information further comprise

information on a difference in phase between the first channel audio signal and the second channel audio signal.
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Claim 15

An apparatus for encoding an audio signal, comprising: a mono audio generator for generating beginning mono audio signals by
adding N received input audio signals to each other in two adjacent input audio units, and for generating one final mono audio signal
by applying an addition method identical to the aforementioned addition method to the beginning mono audio signals a plurality of

times;

a side information generator for generating multiple pieces of side information necessary to restore the input audio signals, the
beginning mono audio signals, and transient mono audio signals generated in the process of generating the final mono audio signals

from the beginning mono audio signals, respectively; and
an encoder for encoding the final mono audio signal and multiple pieces of the side information,

wherein the side information generator generates information on an angle at which a composite vector, which is generated by
mapping the intensity of one of two adjacent audio signals in each of the input audio signals, the beginning mono audio signals, and
the transient mono audio signals onto a real axis, by mapping the intensity of the other thereof onto an imaginary axis, and then by
adding the two mapped audio signals, makes with the real axis or the imaginary axis, as information to determine the intensity of
each of the audio signals.

Claim 16
The apparatus for encoding an audio signal according to claim 15,
wherein the mono audio generator comprises

a plurality of down-mixers for adding two adjacent audio signals in each of the input audio signals, the beginning mono
audio signals, and the transient mono audio signals.

Claim 17
The apparatus for encoding an audio signal according to claim 15, further comprising:

a difference value information generator for encoding the N input audio signals in the same way as the encoding method,
decoding the N encoded input audio signals, and then generating information on difference values between the N decoded input
audio signals and the N received input audio signals,

wherein the encoder encodes information on the difference value, together with the final mono audio signal and multiple

pieces of the side information.

Claim 18
The apparatus for encoding an audio signal according to claim 15,
wherein the encoder

encodes information for determining the intensity of each of the input audio signals, the beginning mono audio signals,
and the transient mono audio signals, and encodes information on a difference in phase between two adjacent audio signals in each

of the input audio signals, the beginning mono audio signals, and the transient mono audio signals.
Claim 19
The apparatus for encoding an audio signal according to claim 15,

wherein when the total number of the input audio signals, the beginning mono audio signals, and the transient mono audio
signals is odd,

the mono audio generator uses any of the three types of audio signals to generate two audio signals, and then applies the
addition method to the audio signals.
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Claim 20

An apparatus for decoding an audio signal, comprising: an extractor for extracting a mono audio signal encoded, and multiple pieces
of side information encoded, from received audio data;

a decoder for decoding the encoded mono audio signal and multiple pieces of the encoded side information, both of which have
been extracted above; and

an audio restorer for restoring two beginning restored audio signals from the decoded mono audio signal and applying an restoration
method identical to the aforementioned restoration method to each of the two beginning restored audio signals a plurality of times
in succession to generate N final restored audio signals, based on multiple pieces of the decoded side information,

wherein the step of generating the final restored audio signals generates transient restored audio signals in the process of
generating the final restored audio signals from the beginning restored audio signals, and

multiple pieces of the decoded side information comprise information on an angle at which a composite vector generated by adding
the two mapped audio signals in a vector space, where the intensity of one of two adjacent audio signals in each of the beginning
restored audio signals, the final restored audio signals, and the transient restored audio signals is mapped onto a real axis and the
intensity of the other thereof is mapped onto an imaginary axis, makes with the real axis or the imaginary axis, as information to
determine the intensity of each of the audio signals.

Claim 21
The apparatus for decoding an audio signal according to claim 20,
wherein the audio restorer comprises

a plurality of up-mixers for generating two restored audio signals from one audio signal in each of the decoded mono
audio signals, the beginning restored audio signals, and the transient restored audio signals, based on multiple pieces of the side
information.

Claim 22
The apparatus for decoding an audio signal according to claim 20,
wherein the extractor

further extracts, from the audio data, information on difference values between N original audio signals and N decoded
audio signals generated by performing encoding and decoding for the N original audio signals to be restored via the N final restored
audio signals, and

the final restored audio signals are generated based on multiple pieces of the decoded side information and information
on the difference values.

Claim 23

The apparatus for decoding an audio signal according to claim 20,
wherein multiple pieces of the decoded side information further comprise

multiple pieces of information on a difference in phase between two adjacent restored audio signals in each of the
beginning restored audio signals and the transient restored audio signals.

Claim 24

The apparatus for decoding an audio signal according to claim 23,
wherein the audio restorer

determines the intensity of a first beginning restored audio signal, or the intensity of a second beginning restored audio
signal, of the two beginning restored audio signals by using information on an angle at which the composite vector makes with the
real axis or the imaginary axis; calculates a phase of the first beginning restored audio signal and a phase of the second beginning
restored audio signal, based on information on a phase of the decoded mono audio signal and a difference in phase between the first
beginning restored audio signal and the second beginning restored audio signal; and restores the second beginning restored audio
signal by subtracting the first beginning restored audio signal from the decoded mono audio signal, when the first beginning restored
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audio signal is restored, and restores the first beginning restored audio signal by subtracting the second beginning restored audio
signal from the decoded mono audio signal, when the second beginning restored audio signal is restored, based on the intensity and
phase of the beginning restored audio signals.

Claim 25
The apparatus for decoding an audio signal according to claim 23,
wherein the audio restorer

combines a first beginning restored audio signal or a second beginning restored audio signal restored by using information
on an angle at which the composite vector makes with the real axis or the imaginary axis, at a predetermined ratio, with a first
beginning restored audio signal or a second beginning restored audio signal generated by subtracting the second beginning restored
audio signal or the first beginning restored audio signal from the decoded mono audio signal, and then restores the first beginning
restored audio signal or the second beginning restored audio signal.

Claim 26

The apparatus for decoding an audio signal according to claim 23,
wherein the audio restorer

calculates a phase of the second beginning restored audio signal, based on information on a phase of the decoded mono
audio signal and a difference in phase between a first beginning restored audio signal and a second beginning restored audio signal
in the two beginning restored audio signals, and restores the beginning restored audio signals, based on information for determining
a phase of the decoded mono audio signal, a phase of the second beginning restored audio signal, and the intensity of the beginning
restored audio signals, when restoring the beginning restored audio signals.

Claim 27

An apparatus for encoding an audio signal, comprising: a mono audio generator for adding a first channel audio signal
and a second channel audio signal to generate a mono audio signal;

a side information generator for generating information on an angle at which a composite vector, which is generated by
mapping the intensity of the first channel audio signal onto a real axis, by mapping the intensity of the second channel audio signal

onto an imaginary axis, and then by adding the two mapped audio signals, makes with the real axis or the imaginary axis; and
an encoder for encoding information on the mono audio signal and the angle.

Claim 28
The apparatus for encoding an audio signal according to claim 27,
wherein the encoder

further encodes information on a difference in phase between the first channel audio signal and the second channel audio
signal.

Claim 29

An apparatus for decoding an audio signal, comprising: an extractor for extracting a mono audio signal encoded, and
multiple pieces of side information encoded, from received audio data;

a decoder for decoding the encoded mono audio signal and multiple pieces of the encoded side information; and

a restorer for using the decoded mono audio signal and multiple pieces of the decoded side information to restore a first
channel audio signal and a second channel audio signal,

wherein multiple pieces of the decoded side information comprise information on an angle at which a composite vector
generated by adding the two mapped audio signals in a vector space, where the intensity of the first channel audio signal is mapped
onto a real axis and the intensity of the second channel audio signal is mapped onto an imaginary axis, makes with the real axis or
the imaginary axis, as information to determine the intensity of each of the audio signals.

Claim 30
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The apparatus for decoding an audio signal according to claim 29,
wherein multiple pieces of the decoded side information further comprise
information on a difference in phase between the first channel audio signal and the second channel audio signal.

Claim 31

A computer-readable recording medium on which a program for executing a method in any one of claims 1 to 14 is
recorded.

SPECIFICATION

DETAILED DESCRIPTION OF THE INVENTION

Field of the Invention

The present invention relates to a method of encoding and decoding stereo audio signals and an apparatus therefor, and more
particularly, to a method of parametric-encoding and decoding stereo audio signals and an apparatus therefor by minimizing the
number of side information required to perform the encoding and decoding of the stereo audio signals.

Background of the Invention

In general, there are two methods for encoding multichannel audio signals: waveform audio coding and parametric audio
coding. Waveform coding techniques include

MPEG-2 MC audio coding, AAC MC audio coding, and BSAC/AVS MC audio coding techniques.

The parametric audio coding encodes an audio signal by breaking down the audio signal into elements, such as frequency
and amplitude, and parameterizing information on such elements. To take a case of using parametric audio coding to encode stereo
audio signals as an example, this coding technique downmixes left-channel audio signals and right-channel audio signals to generate
mono audio signals, and encodes the generated mono audio signals. Then, it encodes an parameter for Interchannel Intensity
Difference (IID), Interchannel Correlation (ID), Overall Phase Difference (OPD), and Interchannel Phase Difference (IPD) required
to restore mono audio signals back to stereo audio signals. Here, the parameter may be named side information.

The parameter for interchannel intensity difference and the parameter for interchannel
correlation are encoded as information for determining the intensities of left-channel audio signals
and right-channel audio signals, and the parameter for Overall Phase Difference and Interchannel
Phase Difference is encoded as information for determining the phases of left-channel audio signals

and right-channel audio signals.

SUMMARY OF THE INVENTION
An object of the present invention is to provide a method of parametric-encoding and
decoding stereo audio signals and an apparatus therefor by minimizing the number of side

information required for performing encoding and decoding.

A method of encoding audio signals according to an exemplary embodiment of the present invention to achieve the object
includes the steps of: generating beginning mono audio signals by adding N received input audio signals to each other in two adjacent
input audio units, and generating one final mono audio signal by applying an addition method identical to the aforementioned
addition method to the beginning mono audio signals a plurality of times; generating multiple pieces of side information necessary
to restore the input audio signals, the beginning mono audio signals, and transient mono audio signals generated in the process of
generating the final mono audio signal from the beginning mono audio signals, respectively; and encoding the final mono audio
signal and multiple pieces of the side information. In this regard, the step of generating multiple pieces of the side information
generates information on an angle at which a composite vector, which is generated by mapping the intensity of one of two adjacent
audio signals in each of the input audio signals, the beginning mono audio signals, and the transient mono audio signals onto a real
axis, by mapping the intensity of the other thereof onto an imaginary axis, and then by adding the two mapped audio signals, makes
with the real axis or the imaginary axis, as information to determine the intensity of each of the audio signals.
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Preferably, a method of encoding audio signals according to an exemplary embodiment of the present invention includes
the steps of: encoding the N input audio signals in the same way as the encoding method; decoding the N encoded input audio
signals; and generating information on difference values between the N decoded input audio signals and the N received input audio
signals. Here, the encoding step encodes information on the difference values generated from each of the difference values, together
with the final mono audio signal and multiple pieces of the side information.

Preferably, the step of encoding the side information includes the steps of encoding information for determining the
intensity of each of the input audio signals, the beginning mono audio signals, and the transient mono audio signals; and further
encoding information on a difference in phase between two adjacent audio signals in each of the input audio signals, the beginning
mono audio signals, and the transient mono audio signals.

Preferably, when the total number of the input audio signals, the beginning mono audio signals, and the transient mono
audio signals is odd, the step of generating the final mono audio signal uses any of the three types of audio signals to generate two
audio signals, and then applies the addition method to the two audio signals.

In addition, a method of decoding audio signals according to an exemplary embodiment of the present invention for
accomplishing the object includes the steps of: extracting a mono audio signal encoded, and multiple pieces of side information
encoded, from received audio data; decoding the encoded mono audio signal and multiple pieces of the encoded side information,
both of which have been extracted above; and restoring two beginning restored audio signals from the decoded mono audio signal,
and applying an restoration method identical to the aforementioned restoration method to each of the two beginning restored audio
signals a plurality of times in succession to generate N final restored audio signals, based on multiple pieces of the decoded side
information. In this regard, the step of generating the final restored audio signals generates transient restored audio signals in the
process of generating the final restored audio signals from the beginning restored audio signals, and multiple pieces of the decoded
side information include information on an angle at which a composite vector generated by adding the two mapped audio signals in
a vector space, where the intensity of one of two adjacent audio signals in each of the beginning restored audio signals, the final
restored audio signals, and the transient restored audio signals is mapped onto a real axis and the intensity of the other thereof is
mapped onto an imaginary axis, makes with the real axis or the imaginary axis, as information to determine the intensity of each of
the audio signals.

Preferably, a method of decoding audio signals according to an exemplary embodiment of the present invention further
includes the step of extracting, from the audio data, information on difference values between N original audio signals and N decoded
audio signals generated by performing encoding and decoding for the N original audio signals to be restored via the N final restored
audio signals. Here, the final restored audio signals are generated based on multiple pieces of the decoded side information and
information on the difference values.

Preferably, multiple pieces of the decoded side information further include multiple pieces of information on a difference
in phase between two adjacent restored audio signals in each of the beginning restored audio signals, the transient restored audio
signals, and the final restored audio signals.

Preferably, the step of restoring the beginning restored audio signals includes the steps of: using information on an angle
at which a composite vector makes with the real axis or the imaginary axis to determine the intensity of a first beginning restored
audio signal or a second beginning restored audio signal of the two beginning restored audio signals; calculating a phase of the first
beginning restored audio signal and a phase of the second beginning restored audio signal, based on information on a phase of the
decoded mono audio signal and a difference in phase between the first beginning restored audio signal and the second beginning
restored audio signal; and subtracting the first beginning restored audio signal from the decoded mono audio signal to restore the
second beginning restored audio signal, when the first beginning restored audio signal is restored, and subtracting the second
beginning restored audio signal from the decoded mono audio signal to restore the first beginning restored audio signal, when the
second beginning restored audio signal is restored, based on the intensity and phase of the beginning restored audio signals.

Preferably, the step of restoring the beginning restored audio signals combines a first beginning restored audio signal or a
second beginning restored audio signal restored by using information on an angle at which the composite vector makes with the real
axis or the imaginary axis, at a predetermined ratio, with a first beginning restored audio signal or a second beginning restored audio
signal generated by subtracting the second beginning restored audio signal or the first beginning restored audio signal from the
decoded mono audio signal, and then restores the first beginning restored audio signal or the second beginning restored audio signal.

Preferably, the step of restoring the beginning restored audio signals includes the steps of: calculating a phase of the second

Meta Platforms, Inc.

Exhibit 1035
Page 009



[0022]

[0023]

[0024]

[0025]

[0026]

[0027]

[0028]

[0029]

Unexamined Patent 10-2011-0022252

beginning restored audio signal, based on information on a phase of the decoded mono audio signal and a difference in phase between
a first beginning restored audio signal and a second beginning restored audio signal in the two beginning restored audio signals; and
restoring the beginning restored audio signals, based on information for determining a phase of the decoded mono audio signal, a
phase of the second beginning restored audio signal, and the intensity of the beginning restored audio signals.

In addition, a method of encoding audio signals according to another exemplary embodiment of the present invention to
achieve the object includes the steps of: adding a first channel audio signal and a second channel audio signal to generate a mono
audio signal; mapping the intensity of the first channel audio signal onto a real axis; mapping the intensity of the second channel
audio signal onto an imaginary axis; generating information on an angle at which a composite vector generated by adding the two
mapped audio signals makes with the real axis or the imaginary axis; and encoding information on the mono audio signal and the
angle.

Preferably, the encoding step further encodes information on a difference in phase between the first channel audio signal
and the second channel audio signal.

In addition, a method of decoding audio signals according to another exemplary embodiment of the present invention to
achieve the object includes the steps of: extracting a mono audio signal encoded, and multiple pieces of side information encoded,
from received audio data; decoding the encoded mono audio signal and multiple pieces of the encoded side information; and using
the decoded mono audio signal and multiple pieces of the decoded side information to restore a first channel audio signal and a
second channel audio signal. Here, multiple pieces of the decoded side information include information on an angle at which a
composite vector generated by adding the two mapped audio signals in a vector space, where the intensity of the first channel audio
signal is mapped onto a real axis and the intensity of the second channel audio signal is mapped onto an imaginary axis, makes with
the real axis or the imaginary axis, as information to determine the intensity of each of the audio signals.

Preferably, multiple pieces of the decoded side information further include information on a difference in phase between
the first channel audio signal and the second channel audio signal.

In addition, an apparatus for encoding audio signals according to an exemplary embodiment of the present invention to
achieve the object includes: a mono audio generator for generating beginning mono audio signals by adding N received input audio
signals to each other in two adjacent input audio units, and for generating one final mono audio signal by applying an addition
method identical to the aforementioned addition method to the beginning mono audio signals a plurality of times; a side information
generator for generating multiple pieces of side information necessary to restore the input audio signals, the beginning mono audio
signals, and transient mono audio signals generated in the process of generating the final mono audio signals from the beginning
mono audio signals, respectively; and an encoder for encoding the final mono audio signal and multiple pieces of the side
information. In this regard, the side information generator generates information on an angle at which a composite vector, which is
generated by mapping the intensity of one of two adjacent audio signals in each of the input audio signals, the beginning mono audio
signals, and the transient mono audio signals onto a real axis, by mapping the intensity of the other thereof onto an imaginary axis,
and then by adding the two mapped audio signals, makes with the real axis or the imaginary axis, as information to determine the
intensity of each of the audio signals.

Preferably, the mono audio generator includes a plurality of down-mixers for adding two adjacent audio signals in each of
the input audio signals, the beginning mono audio signals, and the transient mono audio signals.

Preferably, an apparatus for encoding audio signals according to an exemplary embodiment of the present invention further
includes a difference value information generator for encoding the N input audio signals in the same way as the encoding method,
decoding the N encoded input audio signals, and then generating information on difference values between the N decoded input
audio signals and the N received input audio signals. Here, the encoder encodes information on the difference values, together with
the final mono audio signal and multiple pieces of the side information.

In addition, an apparatus for decoding audio signals according to an exemplary embodiment of the present invention to
achieve the object includes: an extractor for extracting a mono audio signal encoded, and multiple pieces of side information encoded,
from received audio data; a decoder for decoding the encoded mono audio signal and multiple pieces of the encoded side information,
both of which have been extracted above; and an audio restorer for restoring two beginning restored audio signals from the decoded
mono audio signal, and applying an restoration method identical to the aforementioned restoration method to each of the two
beginning restored audio signals a plurality of times in succession to generate N final restored audio signals, based on multiple pieces
of the decoded side information. Here, the step of generating the final restored audio signals generates transient restored audio signals
in the process of generating the final restored audio signals from the beginning restored audio signals, and multiple pieces of the
decoded side information include information on an angle at which a composite vector generated by adding the two mapped audio
signals in a vector space, where the intensity of one of two adjacent audio signals in each of the beginning restored audio signals,
the final restored audio signals, and the transient restored audio signals is mapped onto a real axis and the intensity of the other
thereof is mapped onto an imaginary axis, makes with the real axis or the imaginary axis, as information to determine the intensity
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of each of the audio signals.

Preferably, the audio restorer includes a plurality of up-mixers for generating two restored audio signals from one audio
signal in each of the decoded mono audio signals, the beginning restored audio signals, and the transient restored audio signals,
based on multiple pieces of the side information.

In addition, an apparatus for encoding audio signals according to another exemplary embodiment of the present invention
to achieve the object includes: a mono audio generator for adding a first channel audio signal and a second channel audio signal to
generate a mono audio signal; a side information generator for mapping the intensity of the first channel audio signal onto a real
axis, mapping the intensity of the second channel audio signal onto an imaginary axis, and then generating information on an angle
at which a composite vector generated by adding the two mapped audio signals makes with the real axis or the imaginary axis; and
an encoder for encoding information on the mono audio signal and the angle.

In addition, an apparatus for decoding audio signals according to another exemplary embodiment of the present invention
to achieve the object includes: an extractor for extracting a mono audio signal encoded, and multiple pieces of side information
encoded, from received audio data; a decoder for decoding the encoded mono audio signal and multiple pieces of the encoded side
information; and a restorer for using the decoded mono audio signal and multiple pieces of the decoded side information to restore
a first channel audio signal and a second channel audio signal. Here, multiple pieces of the decoded side information include
information on an angle at which a composite vector generated by adding the two mapped audio signals in a vector space, where the
intensity of the first channel audio signal is mapped onto a real axis and the intensity of the second channel audio signal is mapped
onto an imaginary axis, makes with the real axis or the imaginary axis, as information to determine the intensity of each of the audio
signals.

In addition, an exemplary embodiment of the present invention to achieve the object includes the steps of: generating
beginning mono audio signals by adding N received input audio signals to each other in two adjacent input audio units, and
generating one final mono audio signal by applying an addition method identical to the aforementioned addition method to the
beginning mono audio signals a plurality of times; generating multiple pieces of side information necessary to restore the input audio
signals, the beginning mono audio signals, and transient mono audio signals generated in the process of generating the final mono
audio signal from the beginning mono audio signals, respectively; and encoding the final mono audio signal and multiple pieces of
the side information. In this regard, the step of generating multiple pieces of the side information provides a computer-readable
recording medium having a program recorded thereon to execute an audio encoding method which generates information on an
angle at which a composite vector, which is generated by mapping the intensity of one of two adjacent audio signals in each of the
input audio signals, the beginning mono audio signals, and the transient mono audio signals onto a real axis, by mapping the intensity
of the other thereof onto an imaginary axis, and then by adding the two mapped audio signals, makes with the real axis or the
imaginary axis, as information to determine the intensity of each of the audio signals.

In addition, another exemplary embodiment of the present invention to achieve the object includes the steps of: extracting
a mono audio signal encoded, and multiple pieces of side information encoded, from received audio data; decoding the encoded
mono audio signal and multiple pieces of the encoded side information, both of which have been extracted above; and restoring two
beginning restored audio signals from the decoded mono audio signal, and applying an restoration method identical to the
aforementioned restoration method to each of the two beginning restored audio signals a plurality of times in succession to generate
N final restored audio signals, based on multiple pieces of the decoded side information. In this regard, the step of generating the
final restored audio signals generates transient restored audio signals in the process of generating the final restored audio signals
from the beginning restored audio signals, and multiple pieces of the decoded side information provide a computer-readable
recording medium having a program recorded thereon to execute an audio decoding method including information on an angle at
which a composite vector generated by adding the two mapped audio signals in a vector space, where the intensity of one of two
adjacent audio signals in each of the beginning restored audio signals, the final restored audio signals, and the transient restored
audio signals is mapped onto a real axis and the intensity of the other thereof is mapped onto an imaginary axis, makes with the real
axis or the imaginary axis, as information to determine the intensity of each of the audio signals.

In addition, yet another exemplary embodiment of the present invention to achieve the object provides a computer-readable
recording medium having a program recorded thereon to execute an audio encoding method including the steps of: adding a first
channel audio signal and a second channel audio signal to generate a mono audio signal; mapping the intensity of the first channel
audio signal onto a real axis; mapping the intensity of the second channel audio signal onto an imaginary axis; generating information
on an angle at which a composite vector generated by adding the two mapped audio signals makes with the real axis or the imaginary
axis; and encoding information on the mono audio signal and the angle.

In addition, yet another exemplary embodiment of the present invention to achieve the object includes the steps of:
extracting a mono audio signal encoded, and multiple pieces of side information encoded, from received audio data; decoding the
encoded mono audio signal and multiple pieces of the encoded side information; and using the decoded mono audio signal and
multiple pieces of the decoded side information to restore a first channel audio signal and a second channel audio signal. Here,
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multiple pieces of the decoded side information provide a computer-readable recording medium having a program recorded thereon
to execute an audio decoding method including information on an angle at which a composite vector generated by adding the two
mapped audio signals in a vector space, where the intensity of the first channel audio signal is mapped onto a real axis and the
intensity of the second channel audio signal is mapped onto an imaginary axis, makes with the real axis or the imaginary axis, as
information to determine the intensity of each of the audio signals.

DETAILED DESCRIPTION FOR IMPLEMENTATION OF THE INVENTION
Hereinafter, preferred exemplary embodiments of the present invention will be described in detail with reference to the

accompanying drawings.

FIG. 1 is a diagram illustrated to describe an exemplary embodiment of an apparatus for encoding an audio signal according to the

present invention.

Referring to FIG. 1, an apparatus for encoding an audio signal according to an exemplary embodiment of the present invention
includes a mono audio generator (110), a side information generator (120), and an encoder (120).

The mono audio generator 110 receives N channels (Ch1 to Chn) of input audio signals and adds such signals to each other in two
adjacent input audio units in N channels of the received input audio signals (Chl to Chn) to generate beginning mono audio signals
(BM), and applies an addition method identical to the one applied to the generation of the beginning mono audio signals (BM1 to
BMm) to the beginning mono audio signals (BM1 to BMm) a plurality of times to generate one final mono audio signal (FM).

Here, since audio signals are added in two audio units when beginning mono audio signals (BM1 to BMm) are generated, a plurality
of times of addition of audio signals to the beginning mono audio signals (BM1 to BMm) is made in two audio units as well. In
addition, if the phases of two adjacent input audio signals in the input audio signals (Ch1 to Chn) are adjusted equally and then added
when beginning mono audio signals (BM1 to BMm) are generated, as will be described below, a plurality of times of addition to the
beginning mono audio signals (BM1 to BMm) is also made after the phases of two adjacent audio signals are adjusted equally.

In this case, the mono audio generator (110) generates a plurality of transient mono audio signals (TM) in the process of generating
a final mono audio signal (FM) from beginning mono audio signals (BM).

In addition, as illustrated in FIG. 1, the mono audio generator (110) includes a plurality of down-mixers that add two adjacent audio
signals in each of input audio signals (Ch1 to Chn), beginning mono audio signals (BM1 to BMm), and transient mono audio signals
(TM1 to TMj), and generates a final mono audio signal (FM) through the plurality of down-mixers.

For example, the down-mixer having a first channel input audio signal (Ch1) and a second channel input audio signal (Ch2) entered
adds the entered first channel input audio signal (Chl) and the entered second channel input audio signal (Ch2) to generate a first
beginning mono audio signal (BM1). Next, the down-mixer having the first beginning mono audio signal (BM1) and the second
beginning mono audio signal (BM2) entered generates a first transient mono audio signal (TM1).

In this case, the down-mixers do not add two adjacent audio signals as they are, when adding two adjacent audio signals, but instead
may add them after adjusting the phase of one of the two audio signals to be the same as that of the other thereof. For example, when
adding a first channel input audio signal (Chl) and a second channel input audio signal (Ch2), the down-mixers adjust the phase of
the second channel input audio signal (Ch2) to be the same as the phase of the first channel input audio signal (Chl) and then add
the phase-adjusted second channel input audio signal (Ch2) to the first channel input audio signal (Chl). Specific details about this
will be described later.

Meanwhile, this exemplary embodiment assumes that the input audio signals (Chl to Chn) entered into the mono audio generator
(110) are digital signals, but in another exemplary embodiment, when the input audio signals (Chl to Chn) are analog signals, the
process of sampling and quantizing the input audio signals of N channels and converting them into digital signals may be further
performed before the signals are entered into the mono audio generator (110).

The side information generator (120) generates multiple pieces of the side information needed to restore each of input audio signals
(Chl to Chn), beginning mono audio signals (BM1 to BMm), and transient mono audio signals (TM1 to TMj).

In this case, whenever the down-mixers included in the mono audio generator (110) add two adjacent audio signals, the side
information generator (120) generates multiple pieces of side information necessary to restore the two audio signals added to each
other from the audio signals generated by the addition. However, FIG. 1 does not illustrate side information entered into the side
information generator (120) from each down-mixer for the convenience of description.

In this case, multiple pieces of the side information include information for determining the intensity of each of input audio signals
(Chl to Chn), beginning mono audio signals (BM1 to BMm), and transient mono audio signals (TM1 to TMj), and information on
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a difference in phase between two adjacent audio signals in each of the three audio signals. Here, the difference in phase between
two adjacent audio signals refers to a difference in phase between the two audio signals added in one down-mixer.

Meanwhile, in another exemplary embodiment, the side information generator (120) is mounted on each of the down-mixers, so that
the down-mixers may add two adjacent audio signals and simultaneously generate multiple pieces of side information on the two
audio signals.

A specific description of how the side information generator (120) generates multiple pieces of side information will be made in
detail with reference to FIGS. 2 to 4.

The encoder (130) encodes a final mono audio signal (FM) generated via the mono audio generator (110) and multiple pieces of side
information generated via the side information generator (120).

In this case, the encoder has no limitation to how to encode the final mono audio signal (FM) and multiple pieces of the side
information, and it may encode them by a general encoding method used for encoding mono audio signals and side information.

Meanwhile, in another exemplary embodiment, an apparatus for encoding audio signals according to an exemplary embodiment of
the present invention may further include a difference value information generator (not illustrated) for encoding N input audio signals
(Chl to Chn), decoding the N encoded input audio signals (Chl to Chn), and then generating information on a difference value
between the N decoded input audio signals (Ch1 to Chn) and the N received original input audios signals (Chl to Chn).

In this way, when an apparatus for encoding an audio signal according to an exemplary embodiment of the present invention further
includes a difference value information generator, the encoder (130) encodes the difference value information together with a final
mono audio signal (FM) and multiple pieces of side information. When the encoded mono audio signal generated by an apparatus
for encoding an audio signal according to an exemplary embodiment of the present invention is decoded, such difference value
information is added to the decoded mono audio signal, thereby making it possible to generate audio signals closer to N original
input audio signals (Chl to Chn).

Meanwhile, in another exemplary embodiment, an apparatus for encoding an audio signal according to an exemplary embodiment
of the present invention may further include a multiplexer (not illustrated) for generating a final bit stream by multiplexing the final
mono audio signal (FM) and multiple pieces of the side information encoded via the encoder (130).

Hereinafter, a method of generating multiple pieces of side information and a method of encoding multiple pieces of the generated
side information will be described in detail. However, for the convenience of description, multiple pieces of the side information
generated in the process by which a down-mixer included in the mono audio generator (110) receives a first channel input audio
signal (Chl) and a second channel input audio signal (Ch2) and generates a beginning mono audio signal (BM1) will be described.
In addition, hereinafter, a case of generating information for determining the intensities of a first channel input audio signal (Ch1)
and a second channel input audio signal (Ch2) and a case of generating information for determining the phases of the first channel
input audio signal (Ch1) and the second channel input audio signal (Ch2) will be described separately.

(1) Information for determining the intensities
Parametric audio coding converts each of channel audio signals into a frequency domain

to encode information on the intensity and phase of each channel audio signal in the frequency domain. It will be described in detail
with reference to FIG. 2.

FIG. 2 illustrates subbands in parametric audio coding.

FIG. 2 illustrates a frequency spectrum in which an audio signal is converted into a
frequency domain. When a fast Fourier transform of an audio signal is computed, the audio signal
may be represented by discrete values in the frequency domain. That is, the audio signal may be

represented as the sum of a plurality of sinusoids.

In parametric audio coding, when an audio signal is converted into a frequency domain,

the frequency domain is divided into a plurality of subbands, and information for determining the intensities of the first channel
input audio signal (Chl) and the second channel input audio signal (Ch2) and the phases of the first channel input audio signal (Ch1)
and the second channel input audio signal (Ch2) in each of the subbands is encoded. In this case, this technique encodes multiple

Meta Platforms, Inc.

_13_

Exhibit 1035

Page 013



[0068]

[0069]

[0070]

[0071]

[0072]

[0073]

[0074]

[0075]

[0076]

[0077]

[0078]

Unexamined Patent 10-2011-0022252

pieces of side information on the intensity and phase in subband k, and then encodes multiple pieces of side information on the
intensity and phase in subband k+1 in the same manner. Parametric audio encoding divides the entire frequency bands into a plurality
of subbands in this manner and encodes side information on stereo audio signals for each subband.

Hereinafter, a case of encoding side information on a first channel audio signal (Ch1) and a second channel audio signal
(Ch2) in a predetermined frequency band, that is, subband k, will be described as an example in connection with the encoding and
decoding of stereo audio signals having N channels of input audio signals.

When multiple pieces of side information on stereo audio signals in parametric audio coding according to the prior art is
encoded, it was described above that information on Interchannel Intensity Difference (IID) and Interchannel Correlation (IC) is
encoded as information for determining the intensities of the first channel input audio signal (Chl) and the second channel input
audio signal (Ch2) in subband k. In this case, the intensity of the first channel input audio signal (Ch1) and the intensity of the second
channel input audio signal (Ch2) are calculated respectively in subband k, and the ratio between the intensity of the first channel
input audio signal (Chl) and the intensity of the second channel input audio signal (Ch2) is encoded as information on the
interchannel intensity difference (IID) between the channels. However, the ratio between the intensities of two channel audio signals
alone cannot determine the intensity of the first channel input audio signal (Ch1) and the intensity of the second channel input audio
signal (Ch2), so information on the interchannel correlation (IC) as side information is also encoded and inserted into a bit stream.

A method of encoding an audio signal according to an exemplary embodiment of the present invention utilizes a vector
for the intensity of the first channel input audio signal (Ch1l) and a vector for the intensity of the second channel input audio signal
(Ch2) in subband k to minimize the number of multiple pieces of side information encoded as information for determining the
intensities of the first channel input audio signal (Chl) and the second channel input audio signal (Ch2) in subband k. Here, the
average value of the intensities at frequencies f1, f2, ..., fn in the frequency spectrum converted from the first channel input audio
signal (Chl) to the frequency domain is the intensity of the first channel input audio signal (Chl), and the size of the vector Chl to
be described later, in subband k.

Likewise, the average value of the intensities at frequencies f1, f2, ..., fn in the frequency spectrum converted from the
second channel input audio signal (Ch2) to the frequency domain is the intensity of the second channel input audio signal (Ch2),
and the size of the vector Ch2 to be described later, in subband k. It will be described in detail with reference to FIGS. 3A and 3B.

FIG. 3A is a diagram illustrated to describe an exemplary embodiment of a method of generating information on the
intensities of the first channel input audio signal and the second channel input audio signal according to the present invention.

Referring to FIG. 3 A, the side information generator (120) according to an exemplary embodiment of the present invention
generates a vector space where the Chl vector, a vector for the intensity of the first channel input audio signal (Ch1) in subband k,
is mapped onto an imaginary axis in a complex space, and the Ch2 vector, a vector for the intensity of the second channel input
audio signal (Ch2), is mapped onto a real axis in a complex space. In addition, FIG. 3A illustrates the BM1 vector, a vector for the
intensity of the first beginning mono audio signal (BM1) generated by the addition of the Ch1 vector and the Ch2 vector.

The side information generator (120) according to an exemplary embodiment of the present invention generates
information on the angle (6m1) between the BM1 vector and the Ch2 vector or the angle (6m2) between the BM1 vector and the
Ch1 vector, instead of information on the interchannel intensity difference (IID) and information on the interchannel correlation
(IC), as information for determining the intensities of the first channel input audio signal (Ch1) and the second channel input audio
signal (Ch2) in subband k.

In addition, the side information generator (120) may generate a cosine value, such as cos Om1 or cos 6m2, instead of
generating the angle (0m1) between the BM1 vector and the Ch2 vector or the angle (6m2) between the BM1 vector and the Chl
vector. This means that in order to generate information on an angle and encode information on the generated angle, going through
a quantization process is necessary and thus that the side information generator is to generate and encode the cosine value of the
angle to minimize the loss that occurs in the quantization process.

So far, a method of generating information for determining the intensities of the first channel input audio signal (Ch1) and
the second channel input audio signal (Ch2) has been described. Hereinafter, a method of generating information for determining
the intensities of a first beginning mono audio signal (BM1) and a second beginning mono audio signal (BM2) will be described
with reference to FIG. 3B.

FIG. 3B is a diagram illustrated to describe an exemplary embodiment of a method of generating information on the
intensities of the first beginning mono audio signal and the second beginning mono audio signal according to the present invention.

Referring to FIG. 3B, the side information generator (120) according to an exemplary embodiment of the present invention
generates a vector space where the BM1 vector, a vector for the intensity of the first beginning mono audio signal (BM1) in subband
k, is mapped onto a real axis and the BM2 vector, a vector for the intensity of the second beginning mono audio signal (BM2), is
mapped on to an imaginary axis. In other words, in FIG. 3A, |BM1]|, the size of the BM1 vector generated by the addition of the Chl
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vector and the Ch2 vector, is mapped onto the real axis, and [BM2|, the size of the BM2 vector, is mapped on to the imaginary axis.
However, the mapping method is not limited thereto, and [BM1| may be mapped onto the imaginary axis and |BM2| may be mapped

onto the real axis.

In addition, FIG. 3B illustrates the TM1 vector, which is a vector for the intensity of the first transient mono audio signal
(TM1) generated by adding the BM1 vector and the BM2 vector.

The side information generator (120) according to an exemplary embodiment of the present invention generates
information on the angle (6L1) between the TM1 vector and the BM1 vector or the angle (0L2) between the TM1 vector and the
BM2 vector, instead of information on the interchannel intensity difference (IID) and information on the interchannel correlation
(IC), as information for determining the intensities of the first beginning mono audio signal (BM1) and the second beginning mono
audio signal (BM2) in subband k.

In addition, the side information generator (120) may generate a cosine value, such as cos OL1 or cos 0L2, instead of
generating information on the angle (OL1) between the TM1 vector and the BM1 vector or the angle (0L2) between the TM1 vector
and the BM2 vector.

(2) Information for determining the phases

It was described above, in parametric audio coding according to the prior art, that information on Overall Phase Difference
(OPD) and Interchannel Phase Difference is encoded as information for determining the phases of the first channel input audio signal
(Chl) and the second channel input audio signal (Ch2) in subband k.

In other words, conventionally, a difference in phase between the first beginning mono audio signal (BM1) generated by
adding the first channel input audio signal (Chl) and the second channel input audio signal (Ch2) in subband k, as illustrated in FIG.
2, and the first channel input audio signal (Ch1) in subband k is calculated to generate and encode information on the Overall Phase
Difference, and a difference in phase between the first channel input audio signal (Ch1) and the second channel input audio signal
(Ch2) in subband k is calculated to generate and encode information on the Interchannel Phase Difference. The phase difference
may be obtained by calculating phase differences at frequencies fl, f2, ..., and fn included in the subband, respectively, and then
calculating the average of the calculated phase differences.

However, the side information generator (120) under a method of encoding an audio signal according to an exemplary
embodiment of the present invention generates only information on a difference in phase between the first channel input audio signal
(Chl) and the second channel input audio signal (Ch2) in subband k as information for determining the phases of the first channel
input audio signal (Ch1) and the second channel input audio signal (Ch2).

In an exemplary embodiment of the present invention, since the down-mixer adjusts the phase of the second channel input
audio signal (Ch2) to be the same as the phase of the first channel input audio signal (Chl) to generate the phase-adjusted second
channel input audio signal (Ch2) and adds the phase-adjusted second channel input audio signal (Ch2) to the first channel input
audio signal (Chl), the phases of the first channel input audio signal (Ch1) and the second channel input audio signal (Ch2) may be
calculated, respectively, only with information on a difference in phase between the first channel input audio signal (Chl) and the
second channel input audio signal (Ch2).

Taking the audio signal of subband k as an example, the phases of the second channel input audio signal (Ch2) at
frequencies f1, f2, ... and fn are adjusted to be the same as those of the first channel input audio (Chl) at frequencies fl, f2, ..., and
fn, respectively. Taking a case of adjusting the phase of the first channel input audio signal (Chl) at frequency fl as an example,
when the first channel input audio signal (Ch1) is indicated as |[Ch1|e!®™*%D) and the second channel input audio signal (Ch2) is
indicated as |Ch2|e/®*1t*92) the second channel input audio signal (Ch2’) phase-adjusted at frequency fl may be obtained by the
following Equation 1. Here, 01 is the phase of the first channel input audio signal (Ch1) at frequency f1, and 02 is the phase of the
second channel input audio signal (Ch2) at frequency f1.

Equation 1
Ch2' = Ch2 x ei(el-92) — |Ch2|ei(2nf1t+el)

The second channel input audio signal (Ch2) at frequency f1 is phase-adjusted by Equation 1 to be the same as the phase
of the first channel input audio signal (Ch1). Such phase adjustment repeats for the second channel input audio signal (Ch2) at other

frequencies of subband k, that is, f2, {3, ..., fn, to generate the second channel input audio (Ch2) that is phase-adjusted in subband
k.
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Since the second channel input audio signal (Ch2) phase-adjusted in subband k is the same as the phase of the first channel
input audio signal (Chl), If only a difference in phase between the first channel input audio signal (Ch1l) and the second channel
input audio signal (Ch2) is encoded, the phase of the second channel input audio signal (Ch2) may be obtained on the side decoding
the beginning mono audio signal (BM1). In addition, the phase of the first channel input audio signal (Chl) and the phase of the
beginning mono audio signal (BM1) generated in the down-mixer are the same, so there is no need to encode information on the
phase of the first channel input audio signal (Chl) separately.

Thus, if only information on a difference in phase between the first channel input audio signal (Chl) and the second
channel input audio signal (Ch2) is encoded, the decoding side may use the encoded information to calculate the phases of the first
channel input audio signal (Chl) and the second channel input audio signal (Ch2).

Meanwhile, a method of encoding information for determining the intensities of the first channel input audio signal (Ch1)
and the second channel input audio signal (Ch2) by using the intensity vector of channel audio signals in the subband k, and a method
of encoding information for determining the phases of the first channel input audio signal (Ch1) and the second channel input audio
signal (Ch2) in the subband k by using phase adjustment may be used separately or in combination. In other words, information for
determining the intensities of the first channel input audio signal (Chl) and the second channel input audio signal (Ch2) may be
encoded using a vector according to the present invention, and information for determining the phases of the first channel input
audio signal (Chl) and the second channel input audio signal (Ch2) may encode the Overall Phase Difference (OPD) and the
Interchannel Phase Difference as in the prior art. On the other hand, information for determining the intensities of the first channel
input audio signal (Ch1) and the second channel input audio signal (Ch2) may be encoded using the Interchannel Intensity Difference
(IID) and the Interchannel Correlation (IC) according to the prior art, and only information for determining the phases of the first
channel input audio signal (Chl) and the second channel input audio signal (Ch2) may be encoded using phase adjustment as in the
present invention. Of course, both methods according to the present invention may be used to encode multiple pieces of side
information.

FIG. 4 is a flow diagram illustrated to describe an exemplary embodiment of a method of encoding multiple pieces of side
information according to the present invention.

FIG. 4 describes a method of encoding information on the intensities and phases of the first channel input audio signal
(Chl) and the second channel input audio signal (Ch2) in a predetermined frequency band, i.e., subband k, according to the present
invention.

At step 410, the side information generator (120) maps the intensity of the first channel input audio signal (Ch1) onto an
imaginary axis in a complex space, and the intensity of the second channel input audio signal (Ch2) onto a real axis in a complex
space, in subband k.

Here, mapping the intensity of the first channel input audio signal (Ch1) onto the imaginary axis means mapping the vector
for the intensity of the first channel input audio signal (Chl) onto the imaginary axis, and mapping the second channel input audio
signal (Ch2) onto the real axis means mapping the vector for the intensity of the second channel input audio signal (Ch2) onto the
real axis.

In this case, in another exemplary embodiment, the intensity of the first channel input audio signal (Ch1) may be mapped
onto the real axis and the intensity of the second channel input audio signal (Ch2) may be mapped onto the imaginary axis.

Step 420 generates information on an angle at which a composite vector generated by adding the two mapped audio signals
makes with the real axis or with the imaginary axis.

Step 430 generates information on a difference in phase between the first channel input audio signal (Ch1) and the second
channel input audio signal (Ch2).

Here, the information on the angle is for determining the intensities of the first channel input audio signal (Chl) and the
second channel input audio signal (Ch2) in subband k. In addition, the information on the angle may be information on a cosine
value of the angle, not the angle itself.

In this case, the beginning mono audio signal (BM1) may be an audio signal having added the first channel input audio
signal (Chl) and the second channel input audio signal (Ch2), or an audio signal having added the first channel input audio signal
(Chl) and the phase-adjusted second channel input audio signal (Ch2). Here, the phase of the phase-adjusted second channel input
audio signal (Ch2) is the same as the phase of the first channel input audio signal (Chl) in subband k.

Step 440 encodes information on an angle at which the composite vector makes with the real axis or the imaginary axis
and information on a difference in phase between the first channel input audio signal (Chl) and the second channel input audio
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signal (Ch2).

The method of generating and encoding side information thus far described in FIGS. 2 to 4 may also be applied in the
same manner when multiple pieces of side information to restore two audio signals added to each other in each of input audio signals
(Chl to Chn), beginning mono audio signals (BM1 to BMm), and transient mono audio signals (TM1 to TM;) as illustrated in FIG.
1 are generated.

FIG. 5 is a flow diagram illustrated to describe an exemplary embodiment of a method of encoding an audio signal according to the
present invention.

Step 510 generates beginning mono audio signals by adding N received input audio signals to each other in two adjacent input audio
units, and generates one final mono audio signal by applying an addition method identical to the aforementioned addition method to
the beginning mono audio signals a plurality of times;

Step 520 generates multiple pieces of side information necessary to restore each of the input audio signals, the beginning mono
audio signals, and the transient mono audio signals.

In this case, the present invention generates information on an angle at which a vector, which is generated by mapping the intensity
of one of two adjacent audio signals in each of input audio signals, beginning mono audio signals, and transient mono audio signals
onto a real axis, by mapping the intensity of the other thereof onto an imaginary axis, and then by adding the two mapped audio
signals, makes with the real axis or the imaginary axis, as information to determine the intensity of each of the audio signals.

Step 530 encodes the final mono audio signal and multiple pieces of the side information.

FIG. 6 is a diagram illustrated to describe an exemplary embodiment of an apparatus for decoding an audio signal according to the
present invention.

Referring to FIG. 6, an apparatus for decoding an audio signal according to an exemplary embodiment of the present invention
includes an extractor (610), a decoder (620), and an audio restorer (630).

The extractor (610) extracts the encoded mono audio signal (EM) and the encoded side information (ES) from the received audio
data. In this case, the extractor (610) may also be named an inverse multiplexer.

However, in another exemplary embodiment, an encoded mono audio signal (EM) and multiple pieces of encoded side information
(ES), instead of audio data, may be received, in which case the extractor (610) may be omitted.

The decoder (620) decodes the encoded mono audio signal (EM) and multiple pieces of the encoded side information (ES) extracted
through the extractor (610).

The audio restorer (630) restores two beginning restored audio signals (BR) from the decoded mono audio signal (DM), based on
multiple pieces of the decoded side information (DS), and generates N final restored audio signals (Chl to Chn) by successively
applying the same restoration method as the aforementioned restoration method to each of the two beginning restored audio signals
(BR1, BR2) a plurality of times.

In this case, the audio restorer (630) generates transient restored audio signals (TR) in the process of generating final restored audio
signals (Chl to Chn) from the beginning restored audio signals (BR1, BR2).

In addition, as illustrated in FIG. 6, the audio restorer (630) includes a plurality of up-mixers that generate two restored audio signals
from one audio signal in each of beginning restored audio signals (BR1, BR2) and transient restored audio signals (TR1 to TRs+m),
and generates final restored audio signals (Ch1 to Chn) through the plurality of up-mixers.

In FIG. 6, multiple pieces of side information (DS) decoded via the decoder (620) is transmitted to all the up-mixers
included in the audio restorer (630), but multiple pieces of the decoded side information (DS) transmitted to each up-mixer is not
illustrated for the convenience of description. Meanwhile, in another exemplary embodiment, when the extractor (610) further
extracts information on difference values between N decoded audio signals, which are generated by performing the encoding and
decoding of N original audio signals to be restored through N final restored audio signals from the audio data, and the N original
audio signals, information on the difference values may be decoded through the decoder (620), and then information on the decoded
difference values may be added to each of the final restored audio signals (Ch1 to Chn) generated through the audio restorer (630).
This allows audio signals closer to N original input audio signals (Chl to Chn) to be obtained.

Hereinafter, the operation of the up-mixer will be described in more detail. However, for the convenience of description,
the operation of the up-mixer that receives the s+1st transient restored audio signal (TRs+1) and restores the first channel input audio
signal (Ch1) and the second channel input audio signal (Ch2) as final restored audio signals will be described.

Taking the vector space illustrated in FIG. 3A as an example, the up-mixer uses information on an angle at which the BM1
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vector, which is a vector for the intensity of the s+1st transient restored audio signal (TRs+1), makes with the Ch1 vector, which is
a vector for the intensity of the first channel input audio signal (Chl), or the Ch2 vector, which is a vector for the intensity for the
second channel input audio signal (Ch2), as information for determining the intensities of the first channel audio signal (Chl) and
the second channel input audio signal (Ch2) in subband k. Preferably, information on the cosine value of the angle between the
BM1 vector and the Ch1 vector or the cosine value of the angle between the BM 1 vector and the Ch2 vector may be used.

For example, in the example illustrated in FIG. 3A, the intensity of the first channel input audio signal (Chl), i.e., the size
of the Chl vector, may be calculated by |Chl| = |BM1| x sin Om1. Here, |BM1] is the intensity of the s+1st transient restored audio
signal (TRs+1), that is, the size of the BM1 vector. Likewise, it is apparent to those skilled in the art that the intensity of the second
channel input audio signal (Ch2), i.e., the size of the Ch2 vector, may be calculated by |Ch2| = [BM1]| x cos 6m1.

In addition, the up-mixer may use information on a difference in phase between the first channel input audio signal (Ch1)
and the second channel input audio signal (Ch2) as information for determining the phases of the first channel input audio signal
(Chl) and the second channel input audio signal (Ch2) in subband k. If the phase of the second channel input audio signal (Ch2) has
already been adjusted to be the same as the phase of the first channel input audio signal (Ch1) when encoding the s+1st transient
restored audio signal (TRs+1), the up-mixer may use only information on the difference in phase between the first channel input
audio signal (Chl) and the second channel input audio signal (Ch2) to calculate the phase of the first channel input audio signal
(Chl) and the phase of the second channel input audio signal (Ch2).

Meanwhile, a method of using a vector to decode information for determining the intensities of the first channel input
audio signal (Chl) and the second channel input audio signal (Ch2) in the subband k, and a method of using phase adjustment to
decode information for determining the phases of the first channel input audio signal (Chl) and the second channel input audio
signal (Ch2) in the subband k each may be used separately or in combination.

FIG. 7 is a flow diagram illustrated to describe an exemplary embodiment of a method of decoding an audio signal
according to the present invention.

At step 710, the encoded mono audio signal (EM) and multiple pieces of the encoded side information (ES) are extracted
from the received audio data.

At step 720, the encoded mono audio signal and multiple pieces of the encoded side information, both of which have been
extracted, are decoded.

At step 730, based on multiple pieces of the decoded side information (DS), two beginning restored audio signals (BRI,
BR?2) are restored from the decoded mono audio signal (DM), and the same restoration method as the aforementioned restoration
method is successively applied to each of the two beginning restored audio signals (BR1, BR2) a plurality of times, thereby
generating N final restored audio signals (Ch1 to Chn).

In this case, transient restored audio signals (TR1 to TRs+m) are generated in the process of generating the final restored
audio signals (Ch1 to Chn) from the beginning restored audio signals (BR1, BR2).

Meanwhile, in another exemplary embodiment, when the final restored audio signals (Ch1 to Chn) are generated, a process
of converting the generated final restored audio signals (Ch1 to Chn) into, and outputting, an analog signal may be further performed.

FIG. 8 is an exemplary embodiment of a case in which a method of encoding an audio signal according to an exemplary
embodiment of the present invention is applied to a 5.1-channel stereo audio signal.

Referring to FIG. 8, input audio signals consist of a left-channel front audio signal (L), a left-channel rear audio signal
(Ls), a central audio signal (C), a subwoofer audio signal (Sw), a right-channel front audio signal (R), and a right-channel rear audio
signal (Rs).

The operation of the mono audio generator (810) is as follows.

A first down-mixer (811) adds L and Ls to generate LV1, a second down-mixer (812) adds C and Sw to generate CSw,
and a third down-mixer (813) adds R and Rs to generate RV1.

In this case, the down-mixers (811 to 813) may be added after adjusting the phases so that the phases of the two audio
signals become the same when adding the two inputted audio signals.

Meanwhile, the second down-mixer (812) generates Cl and Cr by generating CSw and then dividing CSw. This means
that since the number of audio signals to be inputted to subsequent down-mixers (814, 815) is three and thus odd, the second down-
mixer (812) divides the CSw into two so that two audio signals can be inputted to the subsequent down-mixers (814, 815). In this
case, the sizes of Cl and Cr have a size obtained by multiplying CSw by 0.5, and the sizes of Cl and Cr are not limited thereto and
may be determined as other values.
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A fourth down-mixer (814) adds LV1 and Cl to generate LV2, and a fifth down-mixer (815) adds RV1 and Cr to generate
RV2.

A sixth down-mixer (814) adds LV2 and RV2 to generate a final mono audio signal (FM).

Here, LV1, RV1, and CSw correspond to the beginning mono audio signals (BM), and LV2 and RV2 correspond to the
transient mono audio signals (TM).

The side information generator (820) receives multiple pieces of side information (SI1 to SI6) from the down-mixers (811
to 816), or extracts multiple pieces of the side information (SI1 to SI6) from the down-mixers (811 to 816), and then outputs multiple
pieces of the side information (SI1 to SI6) to the encoder (830). Here, the dotted lines illustrated in FIG. 8 indicate that multiple
pieces of side information are transmitted from the down-mixers (811 to 816) to the side information generator (820).

The encoder (830) encodes a final mono audio signal (FM) and multiple pieces of side information (SI1 to SI6).

FIG. 9 is an exemplary embodiment of using a method of decoding an audio signal according to an exemplary embodiment
of the present invention to decode a 5.1-channel stereo audio signal.

The operations of the extractor (910) and the decoder (920) in FIG. 9 are the same as the operations of the extractor (610)
and the decoder (620) in FIG. 6, so that the description thereof is omitted. Hereinafter, the operation of the audio restorer (930) will
be described in detail.

A first up-mixer (931) restores LV2 and RV2 from a decoded mono audio signal (DM).

In this case, the up-mixers (931 to 936) including the first up-mixer (931) perform the restoration based on multiple pieces
of the decoded side information (SI1 to SI6) inputted from the decoder (920).

A second up-mixer (932) restores LV1 and Cl from LV2 and a third up-mixer (933) restores RV1 and Cr from RV2.

A fourth up-mixer (934) restores L and Ls from LV1, a fifth up-mixer (935) restores C and Sw from CSw formed as a
result of the combination of Cl and Cr, and a sixth up-mixer (936) restores R and Rs from RV1.

Here, LV2 and RV2 correspond to the beginning restored audio signals (BR), and LV1, CSw, and RV1 correspond to the
transient restored audio signals (TR).

Hereinafter, a method by which the up-mixers (931 to 936) illustrated in FIG. 9 restore an audio signal will be described
in detail. Hereinafter, the operation of the fourth up-mixer (934) will be described in detail with reference to FIG. 10.

FIG. 10 is a diagram illustrated to describe an exemplary embodiment of the operation of an up-mixer according to the
present invention.

Referring to FIG. 10, a two-dimensional vector space is generated in which the L vector, a vector for the intensity of a
left-channel front audio signal (L), is mapped onto an imaginary axis in subband k and the Ls vector, a vector for the intensity of a
left-channel rear audio signal (Ls), is mapped onto a real axis; and the LV1 vector, a vector for the intensity of the beginning mono
audio signal (LV1) generated by having the left-channel front audio signal (L) and the left-channel rear audio signal (Ls) added, is
illustrated together.

Hereinafter, various methods that may be used to restore the left-channel front audio signal (L) and the left-channel rear
audio signal (Ls) will be described.

The first method is a method of using an angle between the LV1 vector and the Ls vector according to the method described
above to restore the left-channel front audio signal (L) and the left-channel rear audio signal (Ls). In other words, this is a method
of determining the intensity of the left-channel front audio signal (L) and the intensity of the left-channel rear audio signal (Ls) by
calculating the size of vector Ls as [LV1] cosOm and calculating the size of vector L as |[LV1| sinfm, and then restoring the left-
channel front audio signal (L) and the left-channel rear audio signal (Ls) by calculating the phases of the left-channel front audio
signal (L) and the left-channel rear audio signal (Ls), based on side information.

When the left-channel front audio signal (L) or the left-channel rear audio signal (Ls) is restored by the first method, the
second method restores the left-channel front audio signal (L) by subtracting the left-channel rear audio signal (Ls) from the
beginning mono audio signal (LV1) and restores the left-channel rear audio signal (Ls) by subtracting the left-channel front audio
signal (L) from the beginning mono audio signal (LV1).

The third method is a method of restoring audio signals by combining in a predetermined ratio audio signals restored by
using the first method with audio signals restored by using the second method.

In other words, if the left-channel front audio signal (L) and the left-channel rear audio (Ls) restored by using the first
method are named Ly and Lsy, respectively, and the left-channel front audio signal (L) and the left-channel rear audio signal (Ls)
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restored by using the second method are named Lz and Lsz, this is a method of determining the intensity of each of the left-channel
front audio signal (L) and the left-channel rear audio signal (Ls) as |L| = ax|Ly[+(1-a)x|Lz| and |Ls| = ax|Lsy|+(1-a)x|Lsz|, and
restoring the left-channel from audio signal (L) and the left-channel rear audio signal (Ls) by calculating the phases of the left-
channel front audio signal (L) and the left-channel rear audio signal (Ls), based on side information. Here, a is a value between 0
and 1.

Meanwhile, the exemplary embodiments of the present invention described above may be written with a computer-
executable program and implemented in a general-purpose digital computer that operates the program using a computer-readable
recording medium.

The computer-readable recording medium includes a magnetic storage medium (e.g., ROM, floppy disk, hard disk, etc.),
an optical reading medium (e.g., CD-ROM, DVD, etc.), and a carrier wave (e.g., transmission over the Internet).

So far, the present invention has been examined with the preferred exemplary embodiments focused on. Those
skilled in the art to which the present invention pertains will be able to understand that the present invention may be implemented
in a modified form to the extent that it does not deviate from the essential characteristics of the present invention. Therefore, the
disclosed exemplary embodiments should be considered from a descriptive perspective rather than from a limiting perspective. The
scope of the present invention is shown in WHAT IS CLAIMED IS, not in the description above, and all differences within the
equivalent scope thereof should be construed as included in the present invention.

BRIEF DESCRIPTION OF THE DRAWINGS
FIG. 1 is a diagram illustrated to describe an exemplary embodiment of an apparatus for encoding an audio signal

according to the present invention.
FIG. 2 illustrates subbands in parametric audio coding.

FIG. 3A is a diagram illustrated to describe an exemplary embodiment of a method of generating information on the
intensities of the first channel input audio signal and the second channel input audio signal according to the present invention.

FIG. 3B is a diagram illustrated to describe an exemplary embodiment of a method of generating information on the
intensities of the first beginning mono audio signal and the second beginning mono audio signal according to the present invention.

FIG. 4 is a flow diagram illustrated to describe an exemplary embodiment of a method of encoding multiple pieces of side
information according to the present invention.

FIG. 5 is a flow diagram illustrated to describe an exemplary embodiment of a method of encoding an audio signal
according to the present invention.

FIG. 6 is a diagram illustrated to describe an exemplary embodiment of an apparatus for decoding an audio signal
according to the present invention.

FIG. 7 is a flow diagram illustrated to describe an exemplary embodiment of a method of decoding an audio signal
according to the present invention.

FIG. 8 is an exemplary embodiment of a case in which a method of encoding an audio signal according to an exemplary
embodiment of the present invention is applied to a 5.1-channel stereo audio signal.

FIG. 9 is an exemplary embodiment of using a method of decoding an audio signal according to an exemplary embodiment
of the present invention to decode a 5.1-channel stereo audio signal.

FIG. 10 is a diagram illustrated to describe an exemplary embodiment of the operation of an up-mixer according to the
present invention.
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DECLARATION OF CHAN DOH

I, Chan Doh, pursuant to 28 U.S.C. § 1746, hereby declare as follows:

L.

I am a Freelance Vendor at TransPerfect, Inc.

I submit this declaration to certify the accuracy of the English translation of the Ex. 1035 -
KR20110022252A.

My statements are based on personal knowledge and my review of the Ex. 1035 -
KR20110022252Aand its Korean-to-English translation. If called as a witness about the facts
contained in these statements, I could testify competently based on such personal knowledge
and the investigation I have conducted.

Attached as Exhibit A is a true and accurate copy of Ex. 1035 - KR20110022252A.

Attached as Exhibit B is a true and accurate copy of an English translation of Ex. 1035 -
KR20110022252A.

Exhibit Bis a true and accurate translation from Korean into English of Exhibit A.

All statements made herein of my own knowledge are true, and all statements made on
information and belief are believed to be true. Further, I am aware that these statements are
made with the knowledge that willful false statements and the like so made are punishable by
fine or imprisonment, or both, under 18 U.S.C. § 1001. I declare under penalty of perjury that
to the best of my knowledge, the foregoing is true and correct.

I also understand that by submitting this declaration I may be asked to appear for a deposition
asking me questions limited to the material in my declaration. With my signature below, I
agree to make reasonable efforts to make myself available for such a deposition at a
reasonable place in the United States and time of my choosing.

Aeskosk

I declare under penalty of perjury that the foregoing is true and correct to the best of my
knowledge. Executed on 5/25/2023 in Daegu, Republic of Korea.

Char Weolt Dokt
Chan Doh
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