AUDIO APPARATUS AND AUDIO PROVIDING METHOD THEREOF

TECHNICAL FIELD

The present invention relates to an audio apparatus and an audio providing method
thereof, and particularly, to an audio apparatus and an audio providing method thereof
whereby virtual audio giving a sense of elevation is generated and provided by using a

plurality of speakers located on the same plane.

BACKGROUND ART

With the advancement of video and sound processing technology, content having high
image and sound quality has been mass-produced. Users, which demand content having
high image and sound quality, desire realistic video and audio, and thus, research on 3
dimensional(3D) video and 3Daudio has been actively conducted.

3D audio is a technology whereby a plurality of speakers are located at different
positions on a horizontal plane and output the same audio signal or different audio signals,
thereby enabling a user to perceive a sense of space. However, actual audio is provided at
various positions on a horizontal plane and is also provided at different heights. Therefore, it
is required to develop a technology for effectively reproducing an audio signal provided at
different heights.

In the related art, as illustrated in FIG. 1A, an audio signal is filtered by a tone color
conversion filter (for example, a head related transfer filter (HRTF) correction filter)
corresponding to a first height, and a plurality of audio signals are generated by copying the
filtered audio signal. A plurality of gain applying units respectively amplify or attenuate the
generated plurality of audio signals, based on gain values respectively corresponding to a
plurality of speakers through which the generated plurality of audio signals are to be output,
and amplified or attenuated sound signals are respectively output through corresponding
speakers. Accordingly, virtual audio giving a sense of elevation may be generated by using a
plurality of speakers located on the same plane.

However, in a virtual audio signal generating method of the related art, a sweet spot is
narrow, and for this reason, in the case of actually reproducing audio through a system, the
performance thereof is limited. That is, in the related art, as illustrated in FIG. 1B, since audio

is optimized and rendered at one point only (for example, a region O located in the center), a



user cannot normally listen to a virtual audio signal giving a sense of elevation in a region

(for example, a region X located leftward from the center) instead of the one point.

DETAILED DESCRIPTION OF THE INVENTION
TECHNICAL PROBLEM
The present invention provides an audio apparatus and an audio providing method
thereof whereby a user can listen to a virtual audio signal in various regions based on a delay
value so a plurality of virtual audio signals form a sound field having a plane wave.
Moreover, the present invention provides an audio apparatus and an audio providing
method thereof, whereby a user can listen to a virtual audio signal in various regions based on
different gain values according to a frequency based on the kind of a channel of an audio

signal from which a virtual audio signal is to be generated.

TECHNICAL SOLUTION

According to an aspect of the inventive concept, there is provided an audio providing
method performed by an audio apparatus including: receiving an audio signal including a
plurality of channels; generating a plurality of virtual audio signals, to be respectively output
to a plurality of speakers, by applying an audio signal having a channel, from among the
plurality of channels, giving a sense of elevation to a filter, the filter processing the audio
signal to have a sense of elevation; applying a combination gain value and a delay value to
the plurality of virtual audio signals so that the plurality of virtual audio signals, which are
respectively output through the plurality of speakers, form a sound field having a plane wave;
and respectively outputting the plurality of virtual audio signals, to which the combination
gain value and the delay value are applied, through the plurality of speakers.

The generating may include: copying the filtered audio signal to correspond to
number of the speakers; and applying a panning gain value, corresponding to each of the
plurality of speakers, to each of a plurality of audio signals obtained through the copying so
that the filtered audio signal has a virtual sense of elevation, to generate the plurality of
virtual audio signals.

The applying may include: multiplying a virtual audio signal corresponding to at least
two speakers, from among the plurality of speakers, used to implement the sound field having
the plane wave by the combination gain value; and applying the delay value to the virtual

audio signal corresponding to the at least two speakers.



The applying may include applying a gain value of 0 to an audio signal corresponding
to a speaker except the at least two speakers from among the plurality of speakers.

The applying may include: applying the delay value to the plurality of virtual audio
signals respectively corresponding to the plurality of speakers; and multiplying the plurality
of virtual audio signals, to which the delay value is applied, by a final gain value obtained by
multiplying the panning gain value and the combination gain value.

The filter that processes the audio signal to have a sense of elevation may be a head
related transfer filter (HRTF).

The respectively outputting may include mixing a virtual audio signal, corresponding
to a specific channel, with an audio signal having the specific channel to output an audio
signal, obtained through the mixing, through a speaker corresponding to the specific channel.

According to another aspect of the inventive concept, there is provided an audio
apparatus including: an input unit configured to receive an audio signal including a plurality
of channels; a virtual audio generation unit configured to apply an audio signal, having a
channel, from among the plurality of channels, giving a sense of elevation to a filter to
generate a plurality of virtual audio signals to be respectively output to a plurality of speakers,
the filter being configured to process the audio signal to have a sense of elevation; a virtual
audio processing unit configured to apply a combination gain value and a delay value to the
plurality of virtual audio signals so the plurality of virtual audio signals respectively output
through the plurality of speakers form a sound field having a plane wave; and an output unit
configured to respectively output the plurality of virtual audio signals, to which the
combination gain value and the delay value are applied, through the plurality of speakers.

The virtual audio processing unit may be further configured to copy the filtered audio
signal to correspond to number of the speakers and apply a panning gain value,
corresponding to each of the plurality of speakers, to each of a plurality of audio signals
obtained through copying so that the filtered audio signal has a virtual sense of elevation, to
generate the plurality of virtual audio signals.

The virtual audio processing unit may be further configured to multiply a virtual
audio signal, corresponding to at least two speakers, from among the plurality of speakers, for
implementing the sound field having the plane wave, by the combination gain value and
apply the delay value to the virtual audio signal corresponding to the at least two speakers.

The virtual audio processing unit may be further configured to apply a gain value of 0
to an audio signal corresponding to a speaker except the at least two speakers from among the

plurality of speakers.



The virtual audio processing unit may be further configured to apply the delay value
to the plurality of virtual audio signals respectively corresponding to the plurality of speakers
and multiply the plurality of virtual audio signals, to which the delay value is applied, by a
final gain value obtained by multiplying the panning gain value and the combination gain
value.

The filter configured to process the audio signal to have a sense of elevation may be a
head related transfer filter (HRTF).

The output unit may be further configured to mix a virtual audio signal, corresponding
to a specific channel, with an audio signal having the specific channel to output an audio
signal, obtained through the mixing, through a speaker corresponding to the specific channel.

According to another aspect of the inventive concept, there is provided an audio
providing method performed by an audio apparatus including: receiving an audio signal
including a plurality of channels; applying an audio signal having a channel, from among the
plurality of channels, giving a sense of elevation, to a filter that processes the audio signal to
have a sense of elevation; generating a plurality of virtual audio signals by applying different
gain values to the audio signal according to a frequency, based on a kind of a channel of an
audio signal from which a virtual audio signal is to be generated; and respectively outputting
the plurality of virtual audio signals through the plurality of speakers.

The generating may include: copying the filtered audio signal to correspond to
number of the speakers; determining an ipsilateral speaker and a contralateral speaker, based
on a kind of a channel of an audio signal from which a virtual audio signal is to be generated;
applying a low band boost filter to a virtual aundio signal corresponding to the ipsilateral
speaker and applying a high-pass filter to a virtual audio signal corresponding to the
contralateral speaker; and multiplying, by a panning gain value, an audio signal
corresponding to the ipsilateral speaker and an audio signal corresponding to the contralateral
speaker to generate the plurality of virtual audio signals.

According to another aspect of the inventive concept, there is provided an audio
apparatus including: an input unit that receives an audio signal including a plurality of
channels; a virtual audio generation unit that applies an audio signal, having a channel giving
a sense of elevation among the plurality of channels, to a filter that processes the audio signal
to have a sense of elevation, and generates a plurality of virtual audio signals by applying
different gain values to the audio signal according to a frequency, based on a kind of a

channel of an audio signal from which a virtual audio signal is to be generated; and an output



unit that respectively outputs the plurality of virtual audio signals through the plurality of
speakers.

The virtual audio generation unit may copy the filtered audio signal to correspond to
number of the speakers, determine an ipsilateral speaker and a contralateral speaker, based on
a kind of a channel of an audio signal from which a virtual audio signal is to be generated,
apply a low band boost filter to a virtual audio signal corresponding to the ipsilateral speaker
and applying a high-pass filter to a virtual audio signal corresponding to the contralateral
speaker, and multiply, by a panning gain value, an audio signal corresponding to the
ipsilateral speaker and an audio signal corresponding to the contralateral speaker to generate
the plurality of virtual audio signals.

According to another aspect of the inventive concept, there is provided an audio
providing method performed by an audio apparatus including: receiving an audio signal
including a plurality of channels; determining whether to render an audio signal, having a
channel giving a sense of elevation among the plurality of channels, in a form giving a sense
of elevation; applying some of the plurality of channels giving a sense of elevation to a filter
that processes the some channels to have a sense of elevation, based on a result of the
determination; applying a gain value to a signal, to which the filter is applied, to generate a
plurality of virtual audio signals; and respectively outputting the plurality of virtual audio
signals through the plurality of speakers.

The determining may include determining whether to render the audio signal, having
the channel giving a sense of elevation, in the form giving a sense of elevation, based on a
correlation and a similarity between the plurality of channels.

According to another aspect of the inventive concept, there is provided an audio
providing method performed by an audio apparatus including: receiving an audio signal
including a plurality of channels; applying at least some of the plurality of channels to a filter,
which processes the at least some channels to have a sense of elevation, to generate a virtual
audio signal; re-encoding, by a codec executable by an external device, the generated virtual

audio signal; and outputting the re-encoded virtual audio signal to the outside.

ADVANTAGEOUS EFFECTS OF THE INVENTION
As described above, according to various embodiments of the present invention, a
user listens to a virtual audio signal giving a sense of elevation, which is supplied by an audio

apparatus, at various positions.



DESCRIPTION OF THE DRAWINGS

FIGS. 1A and 1B are diagrams for describing a virtual audio providing method of the
related art,

FIG. 2 is a block diagram illustrating a configuration of an audio apparatus according
to an exemplary embodiment of the present invention,

FIG. 3 is a diagram for describing virtual audio having a plane-wave sound field
according to an exemplary embodiment of the present invention,

FIGS. 4 to 7 are diagrams for describing a method of rendering a 11.1-channel audio
signal to output the rendered audio signal through a 7.1-channel speaker, according to various
exemplary embodiments of the present invention,

FIG. 8 is a diagram for describing an audio providing method performed by an audio
apparatus, according to an exemplary embodiment of the present invention,

FIG. 9 is a block diagram illustrating a configuration of an audio apparatus according
to another exemplary embodiment of the present invention,

FIGS. 10 and 11 are diagrams for describing a method of rendering a 11.1-channel
audio signal to output the rendered audio signal through a 7.1-channel speaker, according to
various exemplary embodiments of the present invention,

FIG. 12 is a diagram for describing an audio providing method performed by an audio
apparatus, according to another exemplary embodiment of the present invention,

FIG. 13 is a diagram for describing a related art method of rendering a 11.1-channel
audio signal to output the rendered audio signal through a 7.1-channel speaker,

FIGS. 14 to 20 are diagrams for describing a method of outputting a 11.1-channel
audio signal through a 7.1-channel speaker by using a plurality of rendering methods,
according to various exemplary embodiments of the present invention,

FIG. 21 is a diagram for describing an exemplary embodiment where rendering is
performed by using a plurality of rendering methods when a channel extension codec having
a structure such as MPEG surround is used, according to an exemplary embodiment of the
present invention, and

FIGS. 22 to 25 are diagrams for describing a multichannel audio providing system

according to an exemplary embodiment of the present invention.

BEST MODE
Hereinafter, example embodiments of the inventive concept will be described in detail

with reference to the accompanying drawings. Embodiments of the inventive concept are
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provided so that this disclosure will be thorough and complete, and will fully convey the
concept of the inventive concept to one of ordinary skill in the art. The inventive concept may,
however, be embodied in many different forms and should not be construed as being limited
to the embodiments set forth herein. However, this does not limit the inventive concept
within specific embodiments and it should be understood that the inventive concept covers all
the modifications, equivalents, and replacements within the idea and technical scope of the
inventive concept. Like reference numerals refer to like elements throughout. Dimensions of
structures illustrated in the accompanying drawings and an interval between the members
may be exaggerated for clarity of the specification.

It will be understood that although the terms including an ordinary number such as
first or second are used herein to describe various elements, these elements should not be
limited by these terms. These terms are only used to distinguish one element from another
element.

In the following description, the technical terms are used only for explain a specific
exemplary embodiment while not limiting the inventive concept. The terms of a singular
form may include plural forms unless referred to the contrary. Unless otherwise defined, all
terms (including technical and scientific terms) used herein have the same meaning as
commonly understood by one of ordinary skill in the art to which example embodiments
belong. It will be further understood that terms, such as those defined in commonly used
dictionaries, should be interpreted as having a meaning that is consistent with their meaning
in the context of the relevant art and will not be interpreted in an idealized or overly formal
sense unless expressly so defined herein.

In exemplary embodiments, “...module” or “...unit” described herein performs at
least one function or operation, and may be implemented in hardware, software or the
combination of hardware and software. Also, a plurality of “...modules” or a plurality of

“...units” may be integrated as at least one module and thus implemented with at least one

[11 [13

processor (not shown), except for “...module” or “...unit” which is implemented with
specific hardware.

Hereinafter, exemplary embodiments will be described in detail with reference to the
accompanying drawings. Like numbers refer to like elements throughout the description of
the figures, and a repetitive description on the same element is not provided.

FIG. 2 is a block diagram illustrating a configuration of an audio apparatus 100
according to an exemplary embodiment of the present invention. As illustrated in FIG. 2, the

audio apparatus 100 may include an input unit 110, a virtual audio generation unit 120, a
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virtual audio processing unit 130, and an output unit 140. According to an exemplary
embodiment of the present invention, the audio apparatus 100 may include a plurality of
speakers, which may be located on the same horizontal plane.

The input unit 110 may receive an audio signal including a plurality of channels. In
this case, the input unit 110 may receive the audio signal including the plurality of channels
giving different senses of elevation. For example, the input unit 110 may receive
11.1-channel audio signals.

The virtual audio generation unit 120 may apply an audio signal, which has a channel
giving a sense of elevation among a plurality of channels, to a tone color conversion filter
which processes an audio signal to have a sense of elevation, thereby generating a plurality of
virtual audio signals which is to be output through a plurality of speakers. Particularly, the
virtual audio generation unit 120 may use an HRTF correction filter for modeling a sound,
which is generated at an elevation higher than actual positions of a plurality of speakers
located on a horizontal plane, by using the speakers. In this case, the HRTF correction filter
may include information (i.e., frequency transfer characteristic) of a path from a spatial
position of a sound source to two ears of a user. The HRTF correction filter may recognize a
3D sound according to a phenomenon where a characteristic of a complicated path such as
reflection by auricles is changed depending on a transfer direction of a sound, in addition to
an inter-aural level difference (ILD) and an inter-aural time difference (ITD) which occurs
when a sound reaches two ears, etc. Since the HRTF correction filter has unique
characteristic in an angular direction of a space, the HRTF correction filter may generate a
3D sound by using the unique characteristic.

For example, when the 11.1-channel audio signals are input, the virtual audio
generation unit 120 may apply an audio signal, which has a top front left channel among the
11.1-channel audio signals, to the HRTF correction filter to generate seven audio signals
which are to be output through a plurality of speakers having a 7.1-channel layout.

In an exemplary embodiment of the present invention, the virtual audio generation
unit 120 may copy an audio signal obtained through filtering by the tone color conversion
filter so as to correspond to the number of speakers and may respectively apply panning gain
values, respectively corresponding to the speakers, to audio signals which are obtained
through the copy in order for the audio signal to have a virtual sense of elevation, thereby
generating a plurality of virtual audio signals. In another exemplary embodiment of the
present invention, the virtual audio generation unit 120 may copy an audio signal obtained

through filtering by the tone color conversion filter so as to correspond to the number of
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speakers, thereby generating a plurality of virtual audio signals. In this case, the panning gain
values may be applied by the virtual audio processing unit 130.

The virtual audio processing unit 130 may apply a combination gain value and a delay
value to a plurality of virtual audio signals in order for the plurality of virtual audio signals,
which are output through a plurality of speakers, to constitute a sound field having a plane
wave. In detail, as illustrated in FIG. 3, the virtual audio processing unit 130 may generate a
virtual audio signal to constitute a sound field having a plane wave instead of a sweet spot
being generated at one point, thereby enabling a user to listen to the virtual audio signal at
various points.

In an exemplary embodiment of the present invention, the virtual audio processing
unit 130 may multiply a virtual audio signal, corresponding to at least two speakers for
implementing a sound field having a plane wave among a plurality of speakers, by the
combination gain value and may apply the delay value to the virtual audio signal
corresponding to the at least two speakers. The virtual audio processing unit 130 may apply a
gain value “0” to an audio signal corresponding to a spéaker except at least two of a plurality
of speakers. For example, the virtual audio generation unit 120 generates seven virtual audio
signals in order to generate a 11.1-channel audio signal, corresponding to the top front left
channel, as a virtual audio signal and in implementing a signal FLyrL which is to be
reproduced as a signal corresponding to a front left channel among the generated seven
virtual audio signals, the virtual audio processing unit 130 may multiply, by the combination
gain value, virtual audio signals respectively corresponding to a front center channel, a front
left channel, and a surround left channel among a plurality of 7.1-channel speakers and may
apply the delay value to the audio signals to process a plurality of virtual audio signals which
are to be output through speakers respectively corresponding to the front center channeél, the
front left channel, and the surround left channel. Also, in implementing the signal FLrrL, the
virtual audio processing unit 130 may multiply, by a combination gain value “0”, virtual
audio signals respectively corresponding to a front right channel, a surround right channel, a
back left channel, and a back right channel which are contralateral channels in the
7.1-channel speakers.

In another exemplary embodiment of the present invention, the virtual audio
processing unit 130 may apply the delay value to a plurality of virtual audio signals
respectively corresponding to a plurality of speakers and may apply a final gain value, which
is obtained by multiplying a panning gain value and the combination gain value, to the

plurality of virtual audio signals to which the delay value is applied, thereby generating a
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sound field having a plane wave.

The output unit 140 may output the processed plurality of virtual audio signals
through speakers corresponding thereto. In this case, the output unit 140 may mix a virtual
audio signal corresponding to a specific channel with an audio signal having the specific
channel to output an audio signal, obtained through the mixing, through a speaker
corresponding to the specific channel. For example, the output unit 140 may mix a virtual
audio signal corresponding to the front left channel with an audio signal, which is generated
by processing the top front left channel, to output an audio signal, obtained through the
mixing, through a speaker corresponding to the front left channel.

The audio apparatus 100 enables a user to listen to a virtual audio signal giving a
sense of elevation, provided by the audio apparatus 100, at various positions.

Hereinafter, a method of rendering a 11.1-channel audio signal to a virtual audio
signal so as to output, through a 7.1-channel speaker, an audio signal corresponding to each
of channels giving different senses of elevation among 11.1-channel audio signals, according
to an exemplary embodiment, will be described in detail with reference to FIGS. 4 to 7.

FIG. 4 is a diagram for describing a method of rendering a 11.1-channel audio signal
having the top front left channel to a virtual audio signal so as to output the virtual audio
signal through a 7.1-channel speaker, according to various exemplary embodiments of the
present invention.

First, when the 11.1-channel audio signal having the top front left channel is input, the
virtual audio generation unit 120 may apply the input audio signal having the top front left
channel to a tone color conversion filter H. Also, the virtual audio generation-unit 120 may
copy an audio signal, corresponding to the top front left channel to which the tone color
conversion filter H is applied, to seven audio signals and then may respectively input the
seven audio signals to a plurality of gain applying units respectively corresponding to
7-channel speakers. In the virtual audio generation unit 120, seven gain applying units may
multiply a tone color converted audio signal by 7-channel panning gains “GrtrLFL, GTFLFR,
GrrLrc, GrrLsL, GTFLSR, GTFLBL, and GTrLBrR” to generate 7-channel virtual audio signals.

Moreover, the virtual audio processing unit 130 may multiply a virtual audio signal of
input 7-channel virtual audio signals, corresponding to at least two speakers for implementing
a sound field having a plane wave among a plurality of speakers, by a combination gain value
and may apply a delay value to the virtual audio signal corresponding to the at least two
speakers. In detail, as illustrated in FIG. 3, when desiring to convert an audio signal having

the front left channel into a plane wave which is input at a specific-angle (for example, 30
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degrees) position, the virtual audio processing unit 130 may multiply an audio signal by
combination gain values “ArLFL, ArLrc, and ArLsL” necessary for plane wave combination
by using speakers, which have the front left channel, the front center channel, the surround
left channel and are speakers located on the same half plane (for example, a left half plane
and a center in a left signal, and in a right signal, a right half plane and the center) as an
incident direction and may apply delay values “drrLrL, drrLrc, and drrLsL” to a signal
obtained through the multiplication to generate a virtual audio signal having the forms of

plane waves. This may be expressed as the following Equation:

FLTFI,F[ =4 Fz,FzSFLTFz(" -d :m,n)=A H,HSGTM,HSH *TFL(n 'd:rn,n)
Fi CTFL,FL ZAFL,FCSFL TFL(n - dTFL,FC) =4 FL,FCSGTFL,FLSH* TFL(n- dm,,zrc)
SL TFLFL =4 FI,S[SF L TH(” -d TFI,SI) =4 Fz,szSGTH,FzSH *TFL(n-d TFI,SI)

Moreover, the virtual audio processing unit 130 may set, to 0, combination gain
values “AFrLFRr, AFLSR, AFLBL, and ArLar” of virtual audio signals output through speakers
which have the front right channel, the surround right channel, the back right channel, and the
back left channel and are not located on the same half plane as the incident direction.

Therefore, as illustrated in FIG. 4, the virtual audio processing unit 130 may generate
seven virtual audio signals “FLre Y, FRTeLY, FCreL¥, SLreLY, SRrrLY, BL1eLY, and BRreL Y
for implementing a plane wave.

In FIG. 4, it is described that the virtual audio generation unit 120 multiplies an audio
signal by a panning gain value and the virtual audio processing unit 130 multiplies the audio
signal by a combination gain value, but this is merely an exemplary embodiment. In other
exemplary embodiments, the virtual audio processing unit 130 may multiply an audio signal
by a final gain value obtained by multiplying the panning gain value and the combination
gain value.

In detail, as disclosed in FIG. 6, the virtual audio processing unit 130 may first apply
a delay value to a plurality of virtual audio signals of which tone colors are converted by the
tone color conversion filter H and then may apply a final gain value to the virtual audio
signals with the delay value applied thereto to generate a plurality of virtual audio signals
having a sound field having the form of plane waves. In this case, the virtual audio processing
unit 130 may integrate panning gain values “G” of the gain applying units of the virtual audio
generation unit 120 of FIG. 4 and combination gain values “A” of the gain applying units of

the virtual audio processing unit 130 of FIG. 4 to calculate a final gain value “PrrLrL”. This
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may be expressed as the following Equation:

w
FLyp= gsF Lypy s~ 8;4 s71SG e SH*TFL(n-dypy 1)
=H*RFLS(n-dzrz; r1) 8{4 718G rrisi

=H*RFELS(n-drp; yi)Prrirs

where s denotes an element of S={FL, FR, FC, SL, SR, BL, BR}.

In FIGS. 4 to 6, an exemplary embodiment where an audio signal corresponding to
the top front left channel among 11.1-channel audio signals is rendered to a virtual audio
signal has been described above, but audio signals respectively corresponding to a top front
right channel, a top surround left channel, and a top surround right channel giving different
senses of elevation among the 11.1-channel audio signals may be rendered by the
above-described method.

In detail, as illustrated in FIG. 7, audio signals respectively corresponding to a top
front left channel, the top front right channel, the top surround left channel, and the top
surround right channel may be respectively rendered to a plurality of virtual audio signals by
a plurality of virtual channel combination units which include the virtual audio generation
unit 120 and the virtual audio processing unit 130, and the plurality of virtual audio signals
obtained through the rendering may be mixed with audio signals respectively corresponding
to 7.1-channel speakers and output.

FIG. 8 is a diagram for describing an audio providing method performed by the audio
apparatus 100, according to an exemplary embodiment of the present invention.

First, in operation S810, the audio apparatus 100 may receive an audio signal. In this
case, the received audio signal may be a multichannel audio signal (for example, 11.1
channel) giving plural senses of elevation.

In operation S820, the audio apparatus 100 may apply an audio signal, having a
channel giving a sense of elevation among a plurality of channels, to the tone color
conversion filter which processes an audio signal to have a sense of elevation, thereby
generating a plurality of virtual audio signals which are to be output through a plurality of
speakers.

In operation S830, the audio apparatus 100 may apply a combination gain value and a
delay value to the generated plurality of virtual audio signals. In this case, the audio apparatus
100 may apply the combination gain value and the delay value to the plurality of virtual audio

signals in order for the plurality of virtual audio signals to have a plane-wave sound field.
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In operation S840, the audio apparatus 100 may respectively output the generated
plurality of virtual audio signals to the plurality of speakers.

As described above, the audio apparatus 100 may apply the delay value and the
combination gain value to a plurality of virtual audio signals to render a virtual audio signal
having a plane-wave sound field, and thus, a user listens to a virtual audio signal giving a
sense of elevation, provided by the audio apparatus 100, at various positions.

In the above-described exemplary embodiment, in order for a user to listen to a virtual
audio signal giving a sense of elevation at various positions instead of one point, the virtual
audio signal may be processed to have a plane-wave sound field, but this is merely an
exemplary embodiment. In other exemplary embodiments, in order for a user to listen to a
virtual audio signal giving a sense of elevation at various positions, the virtual audio signal
may be processed by another method. In detail, the audio apparatus 100 may apply different
gain values to audio signals according to a frequency, based on the kind of a channel of an
audio signal from which a virtual audio signal is to be generated, thereby enabling a user to
listen to a virtual audio signal in various regions.

Hereinafter, a virtual audio signal providing method according to another exemplary
embodiment of the present invention will be described with reference to FIGS. 9 to 12. FIG.
0 is a block diagram illustrating a configuration of an audio apparatus 900 according to
another exemplary embodiment of the present invention. First, the audio apparatus 900 may
include an input unit 910, a virtual audio generation unit 920, and an output unit 930.

The input unit 910 may receive an audio signal including a plurality of channels. In
this case, the input unit 910 may receive the audio signal including the plurality of channels
giving different senses of elevation. For example, the input unit 910 may receive a
11.1-channel audio signal.

The virtual audio generation unit 920 may apply an audio signal, which has a channel
giving a sense of elevation among a plurality of channels, to a filter which processes an audio
signal to have a sense of elevation, and may apply different gain values to the audio signal
according to a frequency, based on the kind of a channel of an audio signal from which a
virtual audio signal is to be generated, thereby generating a plurality of virtual audio signals.

In detail, the virtual audio generation unit 920 may copy a filtered audio signal to
correspond to the number of speakers and may determine an ipsilateral speaker and a
contralateral speaker, based on the kind of a channel of an audio signal from which a virtual
audio signal is to be generated. In detail, the virtual audio generation unit 920 may determine,

as an ipsilateral speaker, a speaker located in the same direction and may determine, as a
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contralateral speaker, a speaker located in an opposite direction, based on the kind of a
channel of an audio signal from which a virtual audio signal is to be generated. For example,
when an audio signal from which a virtual audio signal is to be generated is an audio signal
having the top front left channel, the virtual audio generation unit 920 may determine, as
ipsilateral speakers, speakers respectively corresponding to the front left channel, the
surround left channel, and the back left channel located in the same direction as or a direction
closest to that of the top front left channel, and may determine, as contralateral speakers,
speakers respectively corresponding to the front right channel, the surround right channel,
and the back right channel located in a direction opposite to that of the top front left channel.

Moreover, the virtual audio generation unit 920 may apply a low band boost filter to a
virtual audio signal corresponding to an ipsilateral speaker and may apply a high-pass filter to
a virtual audio signal corresponding to a contralateral speaker. In detail, the virtual audio
generation unit 920 may apply the low band boost filter to the virtual audio signal
corresponding to the ipsilateral speaker for adjusting a whole tone color balance and may
apply the high-pass filter, which filters a high frequency domain affecting sound image
localization, to the virtual audio signal corresponding to the contralateral speaker.

Generally, a low frequency component of an audio signal largely affects sound image
localization based on ITD, and a high frequency component of the audio signal largely affects
sound image localization based on ILD. Particularly, when a listener moves in one direction,
in the ILD, a panning gain may be effectively set, and by adjusting a degree to which a left
sound source moves to the right or a right sound source moves to the left, the listener
continuously listens to a smoot audio signal. However, in the ITD, a sound from a close
speaker is first heard by ears, and thus, when the listener moves, left-right localization
reversal occurs.

The left-right localization reversal should be necessarily solved in sound image
localization. To solve such a problem, the virtual audio processing unit 920 may remove a
low frequency component that affects the ITD in virtual audio signals corresponding to
contralateral speakers located in a direction opposite to a sound source, and may filter only a
high frequency component that dominantly affects the ILD. Therefore, the left-right
localization reversal caused by the low frequency component is prevented, and a position of a
sound image may be maintained by the ILD based on the high frequency component.

Moreover, the virtual audio generation unit 920 may multiply, by a panning gain
value, an audio signal corresponding to an ipsilateral speaker and an audio signal

corresponding to a contralateral speaker to generate a plurality of virtual audio signals. In
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detail, the virtual audio generation unit 920 may multiply, by a panning gain value for sound
image localization, an audio signal which corresponds to an ipsilateral speaker and passes
through the low band boost filter and an audio signal which corresponds to the contralateral
speaker and passes through the high-pass filter, thereby generating a plurality of virtual audio
signals. That is, the virtual audio generation unit 920 may apply different gain values to an
audio signal according to frequencies of a plurality of virtual audio signals to generate the
plurality of virtual audio signals, based on a position of a sound image.

The output unit 930 may output a plurality of virtual audio signals through speakers
corresponding thereto. In this case, the output unit 930 may mix a virtual audio signal
corresponding to a specific channel with an audio signal having the specific channel to output
an audio signal, obtained through the mixing, through a speaker corresponding to the specific
channel. For example, the output unit 930 may mix a virtual audio signal corresponding to
the front left channel with an audio signal, which is generated by processing the top front left
channel, to output an audio signal, obtained through the mixing, through a speaker
corresponding to the front left channel.

Hereinafter, a method of rendering a 11.1-channel audio signal to a virtual audio
signal so as to output, through a 7.1-channel speaker, an audio signal corresponding to each
of channels giving different senses of elevation among 11.1-channel audio signals, according
to an exemplary embodiment, will be described in detail with reference to FIG. 10.

FIGS. 10 and 11 are diagrams for describing a method of rendering a 11.1-channel
audio signal to output the rendered audio signal through a 7.1-channel speaker, according to
various exemplary embodiments of the present invention.

First, when the 11.1-channel audio signal having the top front left channel is input, the
virtual audio generation unit 920 may apply the input audio signal having the top front left
channel to the tone color conversion filter H. Also, the virtual audio generation unit 920 may
copy an audio signal, corresponding to the top front left channel to which the tone color
conversion filter H is applied, to seven audio signals and then may determine an ipsilateral
speaker and a contralateral speaker according to a position of an audio signal having the top
front left channel. That is, the virtual audio generation unit 920 may determine, as ipsilateral
speakers, speakers respectively corresponding to the front left channel, the surround left
channel, and the back left channel located in the same direction as that of the audio signal
having the top front left channel, and may determine, as contralateral speakers, speakers
respectively corresponding to the front right channel, the surround right channel, and the back

right channel located in a direction opposite to that of the audio signal having the top front
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left channel.

Moreover, the virtual audio generation unit 920 may filter a virtual audio signal
corresponding to an ipsilateral speaker among a plurality of copied virtual audio signals by
using the low band boost filter. Also, the virtual audio generation unit 920 may input the
virtual audio signals passing through the low band boost filter to a plurality of gain applying
units respectively corresponding to the front left channel, the surround left channel, and the
back left channel and may multiply an audio signal by multichannel panning gain values
“GrrLrL, GTrLsL, and GrrusL” for localizing the audio signal at a position of the top front left
channel, thereby generating a 3-channel virtual audio signal.

Moreover, the virtual audio generation unit 920 may filter a virtual audio signal
corresponding to a contralateral speaker among the plurality of copied virtual audio signals
by using the high-pass filter. Also, the virtual audio generation unit 920 may input the virtual
audio signals passing through the high-pass filter to a plurality of gain applying units
respectively corresponding to the front right channel, the surround right channel, and the back
right channel and may multiply an audio signal by multichannel panning gain values “GrgLFr,
GrrLsr, and GrrLpr” for localizing the audio signal at a position of the top front left channel,
thereby generating a 3-channel virtual audio signal.

Moreover, in a virtual audio signal corresponding to a front center channel instead of
an ipsilateral speaker or a contralateral speaker, the virtual audio generation unit 920 may
process the virtual audio signal corresponding to the front center channel by using the same
method as the ipsilateral speaker or the same method as the contralateral speaker. In an
exemplar embodiment of the present invention, as illustrated in FIG. 10, the virtual audio
signal corresponding to the front center channel may be processed by the same method as a
virtual audio signal corresponding to the ipsilateral speaker.

In FIG. 10, an exemplary embodiment where an audio signal corresponding to the top
front left channel among 11.1-channel audio signals is rendered to a virtual audio signal has
been described above, but audio signals respectively corresponding to the top front right
channel, the top surround left channel, and the top surround right channel giving different
senses of elevation among the 11.1-channel audio signals may be rendered by the method
described above with reference to FIG. 10.

In another exemplary embodiment of the present invention, an audio apparatus 1100
illustrated in FIG. 11 may be implemented by integrating the virtual audio providing method
described above with reference to FIG. 6 and the virtual audio providing method described

above with reference to FIG. 10. In detail, the audio apparatus 1100 may perform tone color
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conversion on an input audio signal by using the tone color conversion filter H, may filter
virtual audio signals corresponding to an ipsilateral speaker by using the low band boost filter
in order for different gain values to be applied to audio signals, and may filter audio signals
corresponding to a contralateral speaker by using the high-pass filter according to a frequency,
based on the kind of a channel of an audio signal from which a virtual audio signal is to be
generated. Also, the audio apparatus 100 may apply a delay value “d” and a final gain value
“P” to a plurality of virtual audio signals in order for the plurality of virtual audio signals to
constitute a sound field having a plane wave, thereby generating a virtual audio signal.

FIG. 12 is a diagram for describing an audio providing method performed by the
audio apparatus 900, according to another exemplary embodiment of the present invention.

First, in operation S1210, the audio apparatus 900 may receive an audio signal. In this
case, the received audio signal may be a multichannel audio signal (for example, 11.1
channel) giving plural senses of elevation.

In operation S1220, the audio apparatus 900 may apply an audio signal, having a
channel giving a sense of elevation among a plurality of channels, to a filter which processes
an audio signal to have a sense of elevation. In this case, the audio signal having a channel
giving a sense of elevation among a plurality of channels may be an audio signal having the
top front left channel, and the filter which processes an audio signal to have a sense of
elevation may be the HRTF correction filter.

In operation S1230, the audio apparatus 900 may apply different gain values to the
audio signal according to a frequency, based on the kind of a channel of an audio signal from
which a virtual audio signal is to be generated, thereby generating a plurality of virtual audio
signals.

In detail, the audio apparatus 900 may copy a filtered audio signal to correspond to
the number of speakers and may determine an ipsilateral speaker and a contralateral speaker,
based on the kind of the channel of the audio signal from which the virtual audio signal is to
be generated. The audio apparatus 900 may apply the low band boost filter to a virtual audio
signal corresponding to the ipsilateral speaker, may apply the high-pass filter to a virtual
audio signal corresponding to the contralateral speaker, and may multiply, by a panning gain
value, an audio signal corresponding to the ipsilateral speaker and an audio signal
corresponding to the contralateral speaker to generate a plurality of virtual audio signals.

In operation S1240, the audio apparatus 900 may output the plurality of virtual audio
signals.

As described above, the audio apparatus 900 may apply the different gain values to
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the audio signal according to the frequency, based on the kind of the channel of the audio
signal from which the virtual audio signal is to be generated, and thus, a user listens to a
virtual audio signal giving a sense of elevation, provided by the audio apparatus 900, at
various positions.

Hereinafter, another exemplary embodiment of the present invention will be described.
In detail, FIG. 13 is a diagram for describing a related art method of rendering a 11.1-channel
audio signal to output the rendered audio signal through a 7.1-channel speaker. First, an
encoder 1310 may encode a 11.1-channel channel audio signal, a plurality of object audio
signals, and pieces of trajectory information corresponding to the plurality of object audio
signals to generate a bitstream. Also, a decoder 1320 may decode a received bitstream to
output the 11.1-channel channel audio signal to a mixing unit 1340 and output the plurality of
object audio signals and the pieces of trajectory information corresponding thereto to an
object rendering unit 1330. The object rendering unit 1330 may render the object audio
signals to the 11.1 channel by using the trajectory information and may output object audio
signals, rendered to the 11.1 channel, to the mixing unit 1340. The mixing unit 1340 may mix
the 11.1-channel channel audio signal with the object audio signals rendered to the 11.1
channel to generate 11.1-channel audio signals and may output the generated 11.1-channel
audio signals to the virtual audio rendering unit 1350. As described above with reference to
FIGS. 2 to 12, the virtual audio rendering unit 1350 may generate a plurality of virtual audio
signals by using audio signals respectively having four channels (for example, the top front
left channel, the top front right channel, the top surround left channel, and the top surround
right channel) giving different senses of elevation among the 11.1-channel audio signals and
may mix the generated plurality of virtual audio signals with the other channels to output a
7.1-channel audio signal.

However, as described above, in a case where a virtual audio signal is generated by
uniformly processing the audio signals having the four channels giving different senses of
elevation among the 11.1-channel audio signals, when an audio signal that has a wideband
like applause or the sound of rain, has no inter-channel cross correlation (ICC) (i.e., has a low
correlation), and has impulsive characteristic is rendered to a virtual audio signal, a quality of
audio is deteriorated. Particularly, since a quality of audio is more severely deteriorated when
generating a virtual audio signal, a rendering operation of generating a virtual audio signal
may be performed through down-mixing based on tone color without being performed for an
audio signal having impulsive characteristic, thereby providing better sound quality.

Hereinafter, an exemplary embodiment where the rendering kind of an audio signal is
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determined based on rendering information of the audio signal will be described with
reference to FIGS. 14 to 16.

FIG. 14 is a diagram for describing a method where an audio apparatus performs
different rendering methods on a 11.1-channel audio signal according to rendering
information of an audio signal to generate a 7.1-channel audio signal, according to various
exemplary embodiments of the present invention.

An encoder 1410 may receive and encode a 11.1-channel channel audio signal, a
plurality of object audio signals, trajectory information corresponding to the plurality of
object audio signals, and rendering information of an audio signal. In this case, the rendering
information of the audio signal may denote the kind of the audio signal and may include at
least one of information about whether an input audio signal is an audio signal having
impulsive characteristic, information about whether the input audio signal is an audio signal
having a wideband, and information about whether the input audio signal has is low in ICC.
Also, the rendering information of the audio signal may include information about a method
of rendering an audio signal. That is, the rendering information of the audio signal may
include information about which of a timbral rendering method and a spatial rendering
method the audio signal is rendered by.

A decoder 1420 may decode an audio signal obtained through the encoding to output
the 11.1-channel channel audio signal and the rendering information of the audio signal to a
mixing unit 1440 and output the plurality of object audio signals, the trajectory information
corresponding thereto, and the rendering information of the audio signal to the mixing unit
1440.

An object rendering unit 1430 may generate a 11.1-channel object audio signal by
using the plurality of object audio signals input thereto and the trajectory information
corresponding thereto and may output the generated 11.1-channel object audio signal to the
mixing unit 1440.

A first mixing unit 1440 may mix the 11.1-channel channel audio signal input thereto
with the 11.1-channel object audio signal to generate 11.1-channel audio signals. Also, the
first mixing unit 1440 may include a rendering unit that renders the 11.1-channel audio
signals generated from the rendering information of the audio signal. In detail, the first
mixing unit 1440 may determine whether the audio signal is an audio signal having impulsive
characteristic, whether the audio signal is an audio signal having a wideband, and whether the
audio signal has is low in ICC, based on the rendering information of the audio signal. When

the audio signal is the audio signal having impulsive characteristic, the audio signal is the
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audio signal having a wideband, or the audio signal has is low in ICC, the first mixing unit
1440 may output the 11.1-channel audio signals to the first rendering unit 1450. On the
other hand, when the audio signal does not have the above-described characteristics, the first
mixing unit 1440 may output the 11.1-channel audio signals to a second rendering unit 1460.

The first rendering unit 1450 may render four audio signals giving different senses of
elevation among the 11.1-channel audio signals input thereto by using the timbral rendering
method. In detail, the first rendering unit 1450 may render audio signals, respectively
corresponding to the top front left channel, the top front right channel, the top surround left
channel, and the top surround right channel among the 11.1-channel audio signals, to the
front left channel, the front right channel, the surround left channel, and the top surround
right channel by using a first channel down-mixing method, and may mix audios signals
having four channels obtained through the down-mixing with audio signals having the other
channels to output a 7.1-channel audio signal to a second mixing unit 1470.

The second rendering unit 1460 may render four audio signals, which have different
senses of elevation among the 11.1-channel audio signals input thereto, to a virtual audio
signal giving a sense of elevation by using the spatial rendering method described above with
reference to FIGS. 2 to 13.

The second mixing unit 1470 may output the 7.1-channel audio signal which is output
through at least one of the first rendering unit 1450 and the second rendering unit 1460.

In the above-described exemplary embodiment, it has been described above that the
first rendering unit 1450 and the second rendering unit 1460 render an audio signal by using
at least one of the timbral rendering method and the spatial rendering method, but this is
merely an exemplary embodiment. In other exemplary embodiments, the object rendering
unit 1430 may render an object audio signal by using at least one of the timbral rendering
method and the spatial rendering method, based on rendering information of an audio signal.

Moreover, in the above-described exemplary embodiment, it has been described
above that rendering information of an audio signal is determined by analyzing the audio
signal before encoding. However, for example, rendering information of an audio signal may
be generated and encoded by a sound mixing engineer for reflecting an intention of creating
content, and may be acquired by various methods.

In detail, the encoder 1410 may analyze the plurality of channel audio signals, the
plurality of object audio signals, and the trajectory information to generate the rendering
information of the audio signal. In more detail, the encoder 1410 may extract features which

are much used to classify an audio signal, and may teach the extracted features to a classifier
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to analyze whether the plurality of channel audio signals or the plurality of object audio
signals input thereto have impulsive characteristic. Also, the encoder 1410 may analyze
trajectory information of the object audio signals, and when the object audio signals are static,
the encoder 1410 may generate rendering information that allows rendering to be performed
by using the timbral rendering method. When the object audio signals include a motion, the
encoder 1410 may generate rendering information that allows rendering to be performed by
using the spatial rendering method. That is, in an audio signal that has an impulsive feature
and has static characteristic having no motion, the encoder 1410 may generate rendering
information that allows rendering to be performed by using the timbral rendering method, and
otherwise, the encoder 1410 may generate rendering information that allows rendering to be
performed by using the spatial rendering method. In this case, whether a motion is detected
may be estimated by calculating a movement distance per frame of an object audio signal.

When analyzing which of the timbral rendering method and the spatial rendering
method rendering is performed by is based on soft decision instead of hard decision, the
encoder 1410 may perform rendering by a combination of a rendering operation based on the
timbral rendering method and a rendering operation based on the spatial rendering method,
based on a characteristic of an audio signal. For example, as illustrated in FIG. 15, when a
first object audio signal OBJ1, first trajectory information TRJ1, and a rendering weight
value RC which the encoder 1410 analyzes a characteristic of an audio signal to generate are
input, the object rendering unit 1430 may determine a weight value Wt for the timbral
rendering method and a weight value Ws for the spatial rendering method by using the
rendering weight value RC. Also, the object rendering unit 1430 may multiply the input first
object audio signal OBJ1 by the weight value Wt for the timbral rendering method to
perform rendering based on the timbral rendering method, and may multiply the input first
object audio signal OBJ1 by the weight value W5 for the spatial rendering method to perform
rendering based on the spatial rendering method. Also, as described above, the object
rendering unit 1430 may perform rendering on the other object audio signals.

As another example, as illustrated in FIG. 16, when a first channel audio signal CH1
and the rendering weight value RC which the encoder 1410 analyzes the characteristic of the
audio signal to generate are input, the first mixing unit 1440 may determine the weight value
Wr for the timbral rendering method and the weight value Ws for the spatial rendering
method by using the rendering weight value RC. Also, the first mixing unit 1440 may
multiply the input first channel audio signal CH1 by the weight value Wt for the timbral

rendering method to output a value obtained through the multiplication to the first rendering
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unit 1450, and may multiply the input first channel audio signal CH1 by the weight value Ws
for the spatial rendering method to output a value obtained through the multiplication to the
second rendering unit 1460. Also, as described above, the first mixing unit 1440 may
multiply the other channel audio signals by a weight value to respectively output values
obtained through the multiplication to the first rendering unit 1450 and the second rendering
unit 1460.

In the above-described exemplary embodiment, it has been described above that the
encoder 1410 acquires rendering information of an audio signal, but this is merely an
exemplary embodiment. In other exemplary embodiments, the decoder 1420 may acquire the
rendering information of the audio signal. In this case, the encoder 1410 may not transmit the
rendering information, and the decoder 1420 may directly generate the rendering information.

Moreover, in another exemplary embodiment, the decoder 1420 may generate
rendering information that allows a channel audio signal to be rendered by using the timbral
rendering method and allows an object audio signal to be rendered by using the spatial
rendering method.

As described above, a rendering operation may be performed by different methods
according to rendering information of an audio signal, and sound quality is prevented from
being deteriorated due to a characteristic of the audio signal.

Hereinafier, a method of determining a rendering method of a channel audio signal by
analyzing the channel audio signal when an object audio signal is not separated and there is
only the channel audio signal where all audio signals are rendered and mixed will be
described. Particularly, a method that analyzes an object audio signal to extract an object
audio signal component from a channel audio signal, performs rendering, providing a virtual
sense of elevation, on the object audio signal by using the spatial rendering method, and
performs rendering on an ambience audio signal by using the timbral rendering method will
be described.

FIG. 17 is a diagram for describing an exemplary embodiment where rendering is
performed by different methods according to whether applause is detected from four top
audio signals giving different senses of elevation in 11.1 channel.

First, an applause detecting unit 1710 may determine whether applause is detected
from the four top audio signals giving different senses of elevation in the 11.1 channel.

In a case where the applause detecting unit 1710 uses the hard decision, the applause

detecting unit 1710 may determine the following output signal.
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When applause is detected: TFLA=TFL, TFRA=TFR, TSLA=TSL, TSRA=TSR,
TFL¢=0, TFR®=0, TSL®=0, TSR®=0

When applause is not detected: TFLA=0, TFRA=0, TSLA=0, TSR*=0, TFL°=TFL,
TFRC=TFR, TSLY=TSL, TSRE=TS

In this case, an output signal may be calculated by an encoder instead of the applause
detecting unit 1710 and may be transmitted in the form of flags.

In a case where the applause detecting unit 1710 uses the soft decision, the applause
detecting unit 1710 may multiply a signal by weight values “a and 37 to determine the
output signal, based on whether applause is detected and an intensity of the applause.

TFLA= a 1e . TFL, TFRA= o 1rrTFR, TSLA= a 15 . TSL, TSRA= a 1srTSR,
TFLS= B3 1r. TFL, TFR®= B trTFR, TSL®= B 1s. TSL, TSRY=3 1sx TSR

Signals “TFLS, TFRS, TSLE and TSRG” among output signals may be output to a
spatial rendering unit 1730 and may be rendered by the spatial rendering method.

Signals “TFLA, TFRA, TSL” and TSR*” among the output signals may be determined
as applause components and may be output to a rendering analysis unit 1720.

A method where the rendering analysis unit 1720 determines an applause component
and analyzes a rendering method will be described with reference to FIG. 18. The rendering
analysis unit 1720 may include a frequency converter 1721, a coherence calculator 1723, a
rendering method determiner 1725, and a signal separator 1727.

The frequency converter 1721 may convert the signals “TFLA, TFRA, TSLA and TSRA”
input thereto into frequency domains to output signals “TFLAs, TFR®g, TSLAF and TSR*#".
In this case, the frequency converter 1721 may represent signals as sub-band samples of a
filter bank such as quadrature mirror filterbank (QMF) and then may output the signals
“TFLAg, TFR”r, TSLAF and TSRAF”.

The coherence calculator 1723 may calculate a signal “xLg” that is coherence between
the signals “TFLAr and TSLAF”, a signal “xRF” that is coherence between the signals “TFRAg
and TSRAF”, a signal “xFg” that is coherence between the signals “TFLAr and TFRAF”, and a
signal “xSf” that is coherence between the signals “TSLAr and TSR*¢”, for each of a plurality
of bands. In this case, when one of two signals is 0, the coherence calculator 1723 may
calculate coherence as 1. This is because the spatial rendering method is used when a signal
is localized at only one channel.

The rendering method determiner 1725 may calculate weight values “wTFLg, WTFRE,

wTSLr and wTSRF”, which are to be used for the spatial rendering method, from the
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coherences calculated by the coherence calculator 1723 as expressed in the following

Equation:
wTFLr= mapper ( max (xLg, xFg) )
wTFRr= mapper ( max (xRg, xFg) )
wTSLg= mapper ( max (xLg, XSg) )
wWTSRr= mapper ( max (xRg, xSg) )

where max denotes a function that selects a large number from among two coefficients, and
mapper denote various types of functions that map a value between 0 and 1 to a value
between 0 and 1 through nonlinear mapping.

The rendering method determiner 1725 may use different mappers for each of a
plurality of frequency bands. In detail, signals are much mixed because signal interference
caused by delay becomes more severe and a bandwidth becomes broader at a high frequency,
and thus, when different mappers are used for each band, sound quality and a degree of signal
separation are more enhanced than a case where the same mapper is used at all bands. FIG.
19 is a graph showing a characteristic of a mapper when the rendering method determiner
1725 uses mappers having different characteristics for each frequency band.

Moreover, when there is no one signal (i.e., when a similarity function value is 0 or 1,
and panning is made at only one side), the coherence calculator 1723 may calculate
coherence as 1. However, since a signal corresponding to a side lobe or a noise floor caused
by conversion to a frequency domain is generated, when the similarity function value has a
similarity value equal to or less than a threshold value by setting the threshold value (for
example, 0.1) therein, the spatial rendering method may be selected, thereby preventing noise
from occurring. FIG. 20 is a graph for determining a weight value for a rendering method
according to a similarity value. For example, when a similarity function value is equal to or
less than 0.1, a weight value may be set to select the spatial rendering method.

The signal separator 1727 may multiply the signals “TFLAr, TFRAr, TSLAF and
TSRAF”, which are converted into the frequency domains, by the weight values “wTFLF,
wTFRF, wT'SLr and wTSRF” determined by the rendering method determiner 1725 to convert
signals “TFLAs, TFR®f, TSLAr and TSRA¢” into the frequency domains and then may output
signals “TFLAs, TFRAs, TSLAs and TSRAs” to the spatial rendering unit 1730.

Moreover, the signal separator 1727 may output, to a timbral rendering unit 1740,
signals “TFLAT, TFRA1, TSLAr and TSRA1” obtained by subtracting the signals “TFLAs,
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TFRAs, TSLAs and TSR*s”, output to the spatial rendering unit 1730, from the signals
“TFLAfF, TFRA, TSLAF and TSRAF” input thereto.

As a result, the signals “TFLAs, TFRAs, TSL*s and TSR%s” output to the spatial
rendering unit 1730 may constitute signals corresponding to objects localized to four top
channel audio signals, and the signals “TFLAr, TFR*1, TSL*r and TSR*r” output to the
timbral rendering unit 1740 may constitute signals corresponding to diffused sounds.

Therefore, when an audio signal such as applause or a sound of rain where is low in
coherence between channels is rendered by at least one of the timbral rendering method and
the spatial rendering method through the above-described process, an incidence of
sound-quality deterioration is minimized.

Actually, a multichannel andio codec may much use an ICC for compressing data like
MPEG surround. In this case, a channel level difference (CLD) and the ICC may be mostly
used as parameters. MPEG spatial audio object coding (SAOC) that is object coding
technology may have a form similar thereto. In this case, an internal coding operation may
use channel extension technology that extends a signal from a down-mix signal to a
multichannel audio signal.

FIG. 21 is a diagram for describing an exemplary embodiment where rendering is
performed by using a plurality of rendering methods when a channel extension codec having
a structure such as MPEG surround is used, according to an exemplary embodiment of the
present invention.

A decoder of a channel codec may separate a channel of a bitstream corresponding to
a top-layer audio signal, based on a CLD and then a de-correlator may correct coherence
between channels, based on ICC. As a result, a dried channel sound source and a diffused
channel sound source may be separated from each other and output. The dried channel sound
source may be rendered by the spatial rendering method, and the diffused channel sound
source may be rendered by the timbral rendering method.

In order to efficiently use the present structure, the channel codec may separately
compress and transmit a middle-layer audio signal and the top-layer audio signal, or in a tree
structure of a one-to-two/two-to-three (OTT/TTT) box, the middle-layer audio signal and the
top-layer audio signal may be separated from each other and then may be transmitted by
compressing separated channels.

Moreover, applause may be detected for channels of top layers and may be
transmitted as a bitstream. A decoder may render a sound source, of which a channel is

separated based on the CLD, by using the spatial rendering method in an operation of
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calculating signals “TFLA, TFRA, TSL” and TSR*” that are channel data equal to applause.
In a case where filtering, weighting, and summation that are operational factors of spatial
rendering are performed in a frequency domain, multiplication, weighting, and summation
may be performed, and thus, the filtering, weighting, and summation may be performed
without adding a number of operations. Also, in an operation of rendering a diffused sound
source generated based on the ICC by using the timbral rendering method, rendering may be
performed through weighting and summation, and thus, spatial rendering and timbral
rendering may be all performed by adding a small number of operations.

Hereinafter, a multichannel audio providing system according to various exemplary
embodiments of the present invention will be described with reference to FIGS. 22 to 25.
Particularly, FIGS. 22 to 25 illustrate a multichannel audio providing system that provides a
virtual audio signal giving a sense of elevation by using speakers located on the same plane.

FIG. 22 is a diagram for describing a multichannel audio providing system according
to a first exemplary embodiment of the present invention.

First, an audio apparatus may receive a multichannel audio signal from a media. Also,
the audio apparatus may decode the multichannel audio signal and may mix a channel audio
signal, which corresponds to a speaker in the decoded multichannel audio signal, with an
interactive effect audio signal output from the outside to generate a first audio signal.

Moreover, the audio apparatus may perform vertical plane audio signal processing on
channel audio signals giving different senses of elevation in the decoded multichannel audio
signal. In this case, the vertical plane audio signal processing may be an operation of
generating a virtual audio signal giving a sense of elevation by using a horizontal plane
speaker and may use the above-described virtual audio signal generation technology.

Moreover, the audio apparatus may mix a vertical-plane-processed audio signal with
the interactive effect audio signal output from the outside to generate a second audio signal.

Moreover, the audio apparatus may mix the first audio signal with the second audio
signal to output a signal, obtained through the mixing, to a corresponding horizontal plane
audio speaker.

FIG. 23 is a diagram for describing a multichannel audio providing system according
to a second exemplary embodiment of the present invention.

First, an audio apparatus may receive a multichannel audio signal from a media. Also,
the audio apparatus may mix the multichannel audio signal with an interactive effect audio

signal output from the outside to generate a first audio signal.
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Moreover, the audio apparatus may perform vertical plane audio signal processing on
the first audio signal to correspond to a layout of a horizontal plane audio speaker and may
output a signal, obtained through the processing, to a corresponding horizontal plane audio
speaker.

Moreover, the audio apparatus may encode the first audio signal for which the vertical
plane audio signal processing has been performed, and may transmit an audio signal,
obtained through the encoding, to an external audio video (AV)-receiver. In this case, the
audio apparatus may encode an audio signal in a format, which is supportable by the existing
AV-receiver, like a Dolby digital format, a DTS format, or the like.

The external AV-receiver may process the first audio signal for which the vertical
plane audio signal processing has been performed, and may output an audio signal, obtained
through the processing, to a corresponding horizontal plane audio speaker.

FIG. 24 is a diagram for describing a multichannel audio providing system according
to a third exemplary embodiment of the present invention.

First, an audio apparatus may receive a multichannel audio signal from a media and
may receive an interactive effect audio signal output from the outside (for example, a remote
controller).

Moreover, the audio apparatus may perform vertical plane audio signal processing on
the received multichannel audio signal to correspond to a layout of a horizontal plane audio
speaker and may also perform vertical plane audio signal processing on the received
interactive effect audio signal to correspond to a speaker layout.

Moreover, the audio apparatus may mix the multichannel audio signal and the
interactive effect audio signal, for which the vertical plane audio signal processing has been
performed, to generate a first audio signal and may output the first audio signal to a
corresponding horizontal plane audio speaker.

Moreover, the audio apparatus may encode the first audio signal and may transmit an
audio signal, obtained through the encoding, to an external AV-receiver. In this case, the
audio apparatus may encode an audio signal in a format, which is supportable by the existing
AV-receiver, like a Dolby digital format, a DTS format, or the like.

Then external AV-receiver may process the first audio signal for which the vertical
plane audio signal processing has been performed, and may output an audio signal, obtained
through the processing, to a corresponding horizontal plane audio speaker.

FIG. 25 is a diagram for describing a multichannel audio providing system according

to a fourth exemplary embodiment of the present invention.
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An audio apparatus may immediately transmit a multichannel audio signal, input from
a media, to an external AV-receiver.

The external AV-receiver may decode the multichannel audio signal and may perform
vertical plane audio signal processing on the decoded multichannel audio signal to
correspond to a layout of a horizontal plane audio speaker.

Moreover, the external AV-receiver may output the multichannel audio signal, for
which the vertical plane audio signal processing has been performed, through a horizontal
plane speaker.

It should be understood that exemplary embodiments described herein should be
considered in a descriptive sense only and not for purposes of limitation. Descriptions of
features or aspects within each exemplary embodiment should typically be considered as
available for other similar features or aspects in other exemplary embodiments. While one or
more exemplary embodiments have been described with reference to the figures, it will be
understood by those of ordinary skill in the art that various changes in form and details may
be made therein without departing from the spirit and scope-as defined by the following

claims.
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CLAIMS

1. A method of rendering an audio signal, the method comprising:

receiving a multichannel signal including at least one height input channel;

obtaining filter coefficients for the at least one height input channel, based on a
Head-Related Transfer Function;

obtaining panning gains for the at least one height input channel, wherein the panning
gains depend on a frequency range and a position of the at least one height input channel; and

performing elevation rendering on the at least one height input channel, based on the
filter coefficients and the panning gains, to provide elevated sound images by a plurality of

output channels.

2. The method of claim 1, the obtaining panning gains further comprising:
modifying paining gains for each of the plurality of output channels based on whether

the each of the plurality of output channels is ipsilateral channel or contralateral channel.

3. The method of claim 1,

wherein the plurality of output channels are horizontal channels.

4. The method of claim 1, the method further comprising:
determining type of the elevation rendering; and
wherein the elevation rendering is performed further based on the determined type of

the elevation rendering.

5. The method of claim 4,
wherein the type of the elevation rendering includes at least one of timbral rendering

and spatial rendering.

6. The method of claim 4,
wherein the type of the elevation rendering is determined based on information

included in audio bitstream of the audio signal.

7. The method of claim 1,
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wherein each of the at least one height input channel is distributed to at least one of

the plurality of output channels.

8. An apparatus of rendering an audio signal, the apparatus comprising:

a receiving unit configured to receive a multichannel signal including at least one
height input channel;

an obtaining unit configured to obtain filter coefficients for the at least one height
input channel, based on a Head-Related Transfer Function and obtain panning gains for the at
least one height input channel, wherein the panning gains depend on a frequency range and a
position of the at least one height input channel; and

a rendering unit configured to perform elevation rendering on the at least one height
input channel, based on the filter coefficients and the panning gains, to provide elevated

sound images by a plurality of output channels.
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