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Description
[Technical Field]

[0001] The present invention relates to compression and decompression of a multi-channel audio signal, and more
particularly, to a method for compressing and decompressing a multi-channel audio signal based on virtual source
location information (VSLI) on a semicircular plane.

[Background Art]

[0002] In a conventional binaural cue coding method, an inter-channel level difference (ICLD) is generally used as
spatial cue information in compressing spectral information of a multi-channel audio signal. However, the ICLD is subject
to a quantization process before being transmitted. Since the quantization process assigns a limited number of bits,
resolution is limited. Accordingly, such information loss in the ICLD deteriorates a decompressed audio signal.

[0003] Virtual source location information (VSCI) is known from the Ph.D. dissertation of Han-gil Moon entitled A
Multi-Channel Audio Compression Method with Virtual Source Location Information for MPEG-4 SAC, February 2005.

[Disclosure]
[Technical Problem]

[0004] The present invention as claimed in claims 1-13 is directed to methods for compressing and decompressing a
multi-channel audio signal using virtual source location information (VSLI) represented on a limited semicircular plane
ratherthan an ICLD, as a spatial cue parameter, thereby minimizing loss caused by quantization of spatial cue information
and improving the sound quality of a decompressed audio signal.

[0005] Alsoonly N-1 pieces of virtual source location information are estimated and transmitted according to a location
of a global vector in representing and compressing N multi-channel audio signals using a down-mixed audio signal and
virtual source location information and transmitting them to a decoder, thereby reducing an amount of transmitted
information.

[Technical Solution]

[0006] One aspect of the present invention provides a method for estimating virtual source location information (VSLI)
which is used as spatial cue information in compressing a multi-channel audio signal, the method comprising the steps
of: (i) virtually assigning channels of the multi-channel audio signal on a semicircular plane; (ii) converting the multi-channel
audio signal into a signal in a frequency domain; (iii) dividing the signal in the frequency domain into a plurality of
sub-bands and calculating a signal size of each channel in each sub-band; (iv) estimating a global vector represented
on the semicircular plane from the calculated signal size of each channel in each sub-band and virtual location information
of each virtually assigned channel signal; and (v) determining whether an angle of the global vector in each sub-band
is greater than zero, and estimating local vectors in a first set when the angle of the global vector is greater than zero
and in a second set when the angle of the global vector is smaller than zero.

[0007] Another aspect of the present invention provides a method for compressing a multi-channel audio signal based
on virtual source location information (VSLI), the method comprising the steps of: obtaining angle information of the
global vector and the plurality of local vectors which indicate the virtual source location information estimated by performing
the above-described method; quantizing the angle information of the global vector and the local vectors; down-mixing
and encoding the input multi-channel audio signal; and multiplexing the encoded, down-mixed audio signal with the
quantized angle information of the vectors to finally generate a compressed multi-channel audio signal.

[0008] Yetanother aspect of the presentinvention provides a method for decompressing a compressed multi-channel
audio signal represented by virtual source location information (VSLI) and an encoded down-mixed audio signal based
on spatial cue information, the method comprising the steps of: (i) predicting inverse panning angle information from
the VSLI using a constant power panning rule; (ii) obtaining an estimated power component of each channel in each
sub-band using the predicted inverse panning angle information; and (iii) finally decompressing a signal of each channel
in each sub-band using the estimated power component of each channel and the down-mixed audio signal.

[Advantageous Effects]

[0009] Inthe method for compressing a multi-channel signal using virtual source location information on a semicircular
plane according to the present invention, spatial cue information is represented using virtual sound location information
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(VSLI), thereby minimizing loss caused by quantization of spatial cue information and improving the sound quality of a
decompressed audio signal.

[Description of Drawings]
[0010]

FIG. 1 schematically illustrates the configuration of a multi-channel audio encoder that the present invention may
be employed;

FIG. 2 is a flowchart illustrating a process of estimating virtual sound location information (VSLI) of a multi-channel
audio signal according to an exemplary embodiment of the present invention;

FIG. 3 illustrates an example in which respective channels of a multi-channel audio signal are virtually assigned on
a semicircular plane structure according to an exemplary embodiment of the present invention;

FIG. 4 illustrates an example of local vectors estimated in respective sections of a semicircular plane structure
shown in FIG. 3; and

FIG. 5 is a flowchart illustrating a process of decoding a multi-channel audio signal that has been compressed and
represented based on VSLI according to an exemplary embodiment of the present invention.

[Mode for Invention]

[0011] Hereinafter, exemplary embodiments of the present invention will be described in detail. However, the present

invention is not limited to the exemplary embodiments disclosed below, but can be implemented in various forms.
Therefore, the present exemplary embodiments are provided for complete disclosure of the present invention and to
fully convey the scope of the present invention to those of ordinary skill in the art.

[0012] FIG. 1 schematically illustrates the configuration of a multi-channel audio encoder according to the present
invention. Referring to FIG. 1, the multi-channel audio encoder includes a down mixer 110 for down-mixing an input
multi-channel audio signal to generate a down-mixed audio signal, an advanced audio coding (AAC) encoding unit 120
for encoding the down-mixed audio signal, a virtual source location information (VSLI) estimating unit 130 for estimating
virtual source location information from the multi-channel audio signal, a quantizing unit 140 for quantizing the VSLI,
and a multiplexing unit 150 for multiplexing the down-mixed audio signal encoded by the AAC encoding unit 120 with
the VSLI quantized by the quantizing unit 140 to finally generate a compressed multi-channel audio signal.

[0013] In the present invention, the virtual source location information (VSLI) is represented by an azimuth angle
between virtual source location vectors on a semicircular plane, which are estimated from signal magnitude of respective
channels in a multi-channel audio signal, and a center channel. Since (N-1) pieces of virtual source location information
are used for N multi-channel audio signals, an amount of the virtual source location information is the same as an
inter-channel level difference (ICLD).

[0014] In anexemplary embodiment of the present invention, the virtual sound location vectors include a global vector
Gvy, left and right half-plane vectors LHv,, and RHv,, and left and right subsequent vectors LSv,, and RSv,. Angles
between the respective vectors and the center channel are represented by Ga,,, LHa,,, RHay, LSa, and RSay, respectively.
[0015] Inthe presentinvention, the channels of the multi-channel audio signal are virtually assigned on the semicircular
plane, and the virtual source location vectors represented on the semicircular plane are estimated from signal magnitude
of the respective channels. A set of the estimated virtual source location vectors varies with the location of the global
vector. Information about an angle between each estimated virtual source location vector and the center channel will
be transmitted as the virtual source location information together with the down-mixed audio signal to the decoder.

[0016] FIG. 2 is a flowchart illustrating a process of estimating VSLI of a multi-channel audio signal according to an
exemplary embodiment of the present invention.

[0017] In step 210, respective channels of an input multi-channel audio signal are virtually assigned to a two-dimen-
sional semicircular plane. FIG. 3 shows an example of five channels of C, L, R, Ls and Rs of a multi-channel audio signal
assigned on the semicircular plane at 45° intervals, and a global vector which is estimated from the channels, according
to an exemplary embodiment of the present invention.

[0018] In step 220, the multi-channel audio signal is converted into a signal in a frequency domain. In step 230, the
signal in the frequency domain is divided into a plurality of sub-bands and the signal magnitude of each channel in each
sub-band is calculated using the following Equation 1:
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Equation 1
Bhﬂ_l
Mch,b = ZlSch.n ’
n=8,

where S, , denotes a frequency coefficient of the ch-th channel. In an embodiment of the present invention, ch denotes
one of a center channel (C), left channel (L), right channel (R), left surround channel (Ls), and right surround channel
(Rs). B, and By,¢-1 denote frequency indexes corresponding to upper and lower boundaries of the sub-band B,
respectively.

[0019] In step 240, a global vector represented on the semicircular plane assigned the channels is estimated from
the signal magnitude of each channel in each sub-band. In the sub-band b, a global vector Gv, is estimated using the
following Equation 2:

Equation 2

G"A = AlxMclb + Azx'h’IL,b -+ AS:{MR,JJ + A4be.b + ASXMR:‘b L]

where A; denotes virtual location information of each channel signal assigned on the semicircular plane. It may be
mapping information of each channel that is assigned on the semicircular plane in step 210. In the embodiment shown
in FIG. 3, the virtual location information may be defined as A;=cos0°+jsin0°, A,=c0s45°-jsin45°, A;=cos45°+jsin45°,
A4=c0s90°-jsin90°, and Az=cos90°+jsin90° in order of the center, left, right, left surround, and right surround channel
signals.

[0020] Instep 250, it is determined whether the angle Ga,, of the global vector in each sub-band is greater than zero.
In step 260, if the angle of the global vector is greater than zero, a first set of local vectors are estimated. In step 270,
if the angle of the global vector is smaller than zero, a second set of local vectors are estimated. In an embodiment, the
firstsetof local vectors includes LHv,,, LSv,,, and RSv,,, and the second set of local vectors includes RHa,,, RSa,,, and LSa,,.
[0021] Local vectors for sections of the semicircular plane are estimated using the following Equations 3. An embod-
iment thereof is shown in FIG. 4.

Equations 3

LHv, = 4, xMc‘b + A4, xM,, + 4, xMLs.b
RHv, = A xM_, + A, xMy, + A x M, ,,
LSv, = A, xM, , +A4,xM,,,and

RSv, = A;x M, + A, x My, .

[0022] In step 280, the angle of the global vector and the angles of the local vectors estimated in step 260 or 270 are
transmitted as the VSLI to the decoder. That is, if the angle Ga,, of the global vector is smaller than zero, {Ga;,, RHa,,
RSa,, LSa} is transmitted, and otherwise, {Ga,,, LHa,,, LSa,, RSa,} is transmitted.

[0023] In this manner, according to the present invention, it can be seen that the spatial cue information for N mul-
ti-channel audio signals can be represented by N-1 pieces of virtual source location information.

[0024] FIG. 5is a flowchart illustrating a process of decoding a multi-channel audio signal that has been compressed
and represented based on VSLI according to an exemplary embodiment of the present invention. The decoder estimates
vector information of original sound from virtual source location information received together with the encoded
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down-mixed audio signal. The sound vector is represented by its magnitude and angle. The vector angle can be obtained
from the received VSLI, and the vector magnitude can be obtained from the received down-mixed audio signal.

[0025] Specifically, as shown in FIG. 5, an inverse panning angle is predicted from the VSLI using a constant power
panning (CPP) rule (S510). In this case, a method for predicting the other inverse panning angles depends on the angle
Ga,, of the global vector. The inverse panning angle is predicted using the following Equations 4:

Equations 4

if Ga, 20,

0 = Ga, —LHa, er_’ 6, = LHa, - LSa, 4
RSa, -LHa, ) 2 0-LSa, 2

g, = LSa, +7/2 xzr_, 6, = RSa, -7 /2 .
—-nld+n/2) 2 nld-m/2 ) 2

and, if Ga, <0,

o Ga, - RHa, AN RHa, —RSa, | ©

' \LSa,-RHa, ) 2° 0 - RSa, 2

6, = RSa, —7m/2 x—’f, g, = LSa, +7/2 N
nl4d-m/2 )} 2 2

—xld4+7m/2

[0026] In step 520, an estimated power component for each channel in the sub-band is obtained from the predicted
inverse panning angle. The estimated power component for each channel is obtained using the following Equations 5:
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Equations 5

if Ga, 20,

F., = coé(@,)sin(@z) ,

F,, = cos(,)cos(d,)sin(4;) ,
F,, = cos(6,)cos(6,)cos(8; ),
Fpy = sin(.6’,)sin(94) , and

F., =sin(6,)cos(d,) ; and

if Ga, <0,

F., = cos(6,)sin(8,) ,

F,, =sin(6,)sin(4,),

F,,, =sin(6,)cos(6,),

Fy, =cos(8,)cos(6,)sin(8,), and

F, , = cos(6, )cos(&z)cos(ég) .

[0027] In step 530, each channel signal in each sub-band can be finally decompressed based on the down-mixed
audio signal and the estimated power component for each channel according to the following equation:

Eguétion 6

s

Uch,lr = Fch.bSk s Bb <k< B, -1

where S’y denotes a frequency component coefficient of the received down-mixed signal, and U,  denotes the de-
compressed audio signal.

[0028] The presentinvention described above may be provided as one or more computer programs which are imple-
mented on one or more computer-readable mediums. The mediums may include a floppy disc, a hard disc, a CD-ROM,
aflash memory card, a programmable read only memory (PROM), a random access memory (RAM), aread only memory
(ROM), and a magnetic tape. In general, the computer program may be written in any programming language, such as
C, C++, and JAVA.

[0029] While the invention has been shown and described with reference to certain exemplary embodiments thereof,
it will be understood by those skilled in the art that various changes in form and details may be made therein without
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1. A method for estimating virtual source location information (VSLI) that is used as spatial cue information in com-

pressing a multi-channel audio signal, the method comprising the steps of:

(i) virtually assigning each channel of the multi-channel audio signal to a semicircular plane, using virtual location
information indicating a mapping of each channel on the semicircular plane;

(ii) converting the multi-channel audio signal into a frequency domain signal;

(iii) dividing the frequency domain signal into a plurality of sub-bands and calculating signal magnitude of each
channel in each sub-band;

(iv) for each sub-band, estimating a global vector represented on the semicircular plane from the calculated
signal magnitude of each channel in the sub-band and from the virtual location information of each virtually
assigned channel signal;

(v) for each sub-band, determining whether an angle between the global vector and a center channel is greater
than zero and

estimating a first set of virtual source location vectors when the angle is greater than zero and

estimating a second set of virtual source location vectors when the angle is smaller than zero; and

(vi) using information on an angle between each estimated virtual source location vector and the center channel
as virtual source location information.

The method of claim 1, wherein step (iii) comprises calculating the signal magnitude of each channel in each sub-
band using the following equation:

where S¢, , denotes afrequency coefficient of the ch-th channel, ch denotes one of a center channel (C), left channel
(L), rightchannel (R), left surround channel (Ls), and right surround channel (Rs), and By and By, 1.4 denote frequency
indexes corresponding to upper and lower boundaries of the sub-band By, respectively.

The method of claim 2, wherein step (iv) comprises estimating the global vector for each sub-band using the following
equation:

Y

G-,, =A XM+ A )My A A x My + A XM+ A x My,

where A, denotes virtual location information of the center channel, A, denotes virtual location information of the
left channel, A3 denotes virtual location information of the right channel, A, denotes virtual location information of
the left surround channel, and A5 denotes virtual location information of the right surround channel.

The method of claim 3, wherein
A4=cos0°+jsin0°, A,=cos45°-jsin45°, Az=cos45°+jsin45 °, A4=cos90°-jsin90°, and Ag=c0s90° +jsin90°.

The method of claim 1, wherein in step (v), the first set of local vectors includes a right half-plane vector RHv,, a
right subsequent vector RSv, and a left subsequent vector LSv,,, and the second set of local vectors includes a left
half-plane vector LHv,, a left subsequent vector LSv, and a right subsequent vector RSv,,.

The method of claim 5, wherein in step (v), the right half-plane vector RHv,, is estimated using the signal magnitude
of center, right, and right surround channels calculated in step (iii); the right subsequent vector RSv,, is estimated
using signal magnitude of right and right surround channels calculated in step (iii); the left half-plane vector LHvy is
estimated using signal magnitude of the center, left and left surround channels calculated in step (iii); and the left
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subsequent vector LSv, is estimated using signal magnitude of left and left surround channels calculated in step (iii).

The method of claim 6, wherein the right half-plane vector RHvy, the right subsequent vector RSv, the left half-
plane vector LHv,, and the left subsequent vector LSvy, are estimated using the following equations:

LH, =4 xM ,+ Ay xM, ,+ A, xM

v

RH, =4, XM;.b Ay x Myt Asx My,

LS, =4,% M’L,b + A, x M,

RS\:,, = A3 X M/(,b + +A5 X MR.V,/)‘

8. The method of claim 5, wherein when the angle of the global vector Ga,, is greater than zero, angle information of

the global vector and the first set of local vectors is transmitted to a decoder, and otherwise, angle information of
the global vector and the second set of local vectors is transmitted to the decoder.

9. A method for compressing a multi-channel audio signal based on virtual source location information (VSLI), the

method comprising the steps of:

obtaining angle information of a global vector and a plurality of local vectors which represent the virtual source
location information estimated by performing the method of any one of claims 1 to 7;

quantizing the angle information of the global vector and the local vectors;

down-mixing and encoding the input multi-channel audio signal; and

multiplexing the encoded, down-mixed audio signal with the quantized angle information of the vectors to finally
generate a compressed multi-channel audio signal.

10. A method for decompressing a compressed multi-channel audio signal represented by virtual source location infor-

mation (VSLI) and an encoded down-mixed audio signal based on spatial cue information, wherein the virtual source
location information comprises angle information on an angle between a global vector, estimated from the channels
of the multi-channel audio signal, and a center channel of the multi-channel audio signal, the method comprising
the steps of:

(i) predicting inverse panning angle information from the VSLI using a constant power panning rule, wherein
the prediction scheme of the inverse panning angle information differs depending on the angle information of
the global vector;

(ii) obtaining an estimated power component of each channel in each sub-band using the predicted inverse
panning angle information; and

(iii) finally decompressing a signal of each channel in each sub-band using the estimated power component of
each channel and the down-mixed audio signal, wherein step (i) includes predicting inverse panning angles 6,
6,, 85, and g, from the global vector angle Ga,, the left half-plane vector angle LHay, the left subsequent vector
angle LSa,, and right subsequent vector angle RSa,, in the virtual source location information when the global
vector angle Ga,, in the virtual source location information is greater than zero, and from the global vector angle
Ga,, right half-plane vector angle RHa,, right subsequent vector angle RSa, and left subsequent vector angle
LSa,, in the virtual source location information when the global vector angle Ga,, is smaller than zero.

11. The method of claim 10, wherein in step (i), the inverse panning angles 6,, &,, 0;, and 6, are estimated using the

following equations:
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If Gay, > 0,

}( J—
b1
2

. LS:’J’?E.‘ +all ]
—mgid+Ti2 4

P (RSa, —=i2) =
P i S
* Lﬁi’é--ﬁfz J2

and, if Ga, <0,

[ RHa, - RSa, | =
JUPSY et S N S
“ H )
“ s .“f.'S(I,& ; 2
aY g
- RS, —x/2 x i LJ.E’U., +xf2 %
f, = | ——¢ =, & =i-——>- }
T ez ) 2 \~7mid+mi2) 2

12. The method of claim 11, wherein step (ii) comprises obtaining the estimated power component of each channel in

each sub-band using the following equations:

If Gay, > 0,

Fry = o0s(@,)sin(é, ),

F\, = cos(8, eos(d, }sin(#, ),

day

b

F

S
PoLed

= cos(f, Yons(d, Yeos(d, ),

F,, = sin(@ )sin{6, ),

and

Finps = s, Jeos(d, }

10
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and
if Gay, <0,
Fy, = cos(B))sin(d, ),
- F,, =sm(0,)sin(d, },
‘F!;r.é.\ = ﬂnu}l ) &(}5{6}4} ¥
Frs = cos(B Jeos(@, Jsin(d, 3,
and

F. ., = cos(8 Yeos(d, ) cos(B, ).

3 3
fab ’ - o

The method of claim 12, wherein step (iii) includes decompressing a signal of each channel in each sub-band using
the following equation:

Uik = F i B, <k<B,, -,

chyt
where 5, denotes a frequency component coefficient of a received down-mixed signal, and Uy, , denotes a de-

compressed audio signal.

A computer-readable medium having a computer program recorded thereon for performing the method of any of
claims 1 to 9.

A computer-readable medium having a computer program recorded thereon for performing the method of any one
of claims 10 to 13.

Patentanspriiche

1.

Verfahren zum Schéatzen von virtuellen Quellenlokalisierungsinformationen (VSLI), die als réumliche Markierungs-
informationen bei der Komprimierung eines Mehrkanal-Audiosignals verwendet werden, wobei das Verfahren die
folgenden Schritte umfasst:

(i) virtuelles Zuweisen jedes Kanals des Mehrkanal-Audiosignals zu einer Halbkreisebene unter Verwendung
von virtuellen Lokalisierungsinformationen, die eine Abbildung jedes Kanals auf die Halbkreisebene angeben;
(ii) Umsetzen des Mehrkanal-Audiosignals in ein Frequenzbereichssignal;

(iii) Unterteilen des Frequenzbereichssignals in mehrere Unterbander und Berechnen der SignalgroRe jedes
Kanals in jedem Unterband;

(iv) fur jedes Unterband Schatzen eines globalen Vektors, der auf der Halbkreisebene dargestellt wird, aus der

1"
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berechneten SignalgréRe jedes Kanals in dem Unterband und aus den virtuellen Lokalisierungsinformationen
des Signals jedes virtuell zugewiesenen Kanals;

(v) fur jedes Unterband Bestimmen, ob ein Winkel zwischen dem globalen Vektor und einem mittleren Kanal
groéRer als null ist, und

Schatzen einer ersten Menge von virtuellen Quellenlokalisierungsvektoren, wenn der Winkel groRer als null ist,
und

Schatzen einer zweiten Menge von virtuellen Quellenlokalisierungsvektoren, wenn der Winkel kleiner als null
ist; und

(vi) Verwenden von Informationen utber einen Winkel zwischen jedem geschatzten virtuellen Quellenlokalisie-
rungsvektor und dem mittleren Kanal als virtuelle Quellenlokalisierungsinformationen.

Verfahren nach Anspruch 1, wobei der Schritt (iii) das Berechnen der SignalgréRe jedes Kanals in jedem Unterband
unter Verwendung der folgenden Gleichung umfasst:

wobei S, , einen Frequenzkoeffizienten des ch-th-Kanals bezeichnet, ch einen mittleren Kanal (C), einen linken
Kanal (L), einen rechten Kanal (R), einen linken Surround-Kanal (Ls) oder einen rechten Surround-Kanal (Rs)
bezeichnet und B, und B, .1 Frequenzindizes bezeichnen, die einer oberen bzw. einer unteren Grenze des Un-
terbandes B, entsprechen.

Verfahren nach Anspruch 2, wobei der Schritt (iv) das Schéatzen des globalen Vektors fir jedes Unterband unter
Verwendung der folgenden Gleichung umfasst:

Gve=A1 X Mcb +* A2 x MLp + Az X Mrp + Aa X Misp + As X MRrsb

wobei A, virtuelle Lokalisierungsinformationen des Mittelkanals bezeichnet, A, virtuelle Lokalisierungsinformationen
des linken Kanals bezeichnet, A5 virtuelle Lokalisierungsinformationen des rechten Kanals bezeichnet, A, virtuelle
Lokalisierungsinformationen des linken Surround-Kanals bezeichnet und A; virtuelle Lokalisierungsinformationen
des rechten Surround-Kanals bezeichnet.

Verfahren nach Anspruch 3, wobei
A4 = cos0° + jsin0°, A, = cos45° - j sin45°, Az = cos45° + jsin45°, A, = cos90° - jsin90° und Ag = cos90° + jsin90°.

Verfahren nach Anspruch 1, wobei im Schritt (v) die erste Menge lokaler Vektoren einen Vektor RHv, der rechten
Halbebene, einen rechten nachfolgenden Vektor RSv,, und einen linken nachfolgenden Vektor LSv, enthalt und die
zweite Menge lokaler Vektoren einen Vektor LHv,, der linken Halbebene, einen linken nachfolgenden Vektor LSvy,
und einen rechten nachfolgenden Vektor RSv,, enthélt.

Verfahren nach Anspruch 5, wobei im Schritt (v) der Vektor RHv,, der rechten Halbebene unter Verwendung der
SignalgréRe des mittleren, des rechten Kanalsund des rechten Surround-Kanals, die im Schritt (iii) berechnet werden,
geschatzt wird; der rechte nachfolgende Vektor RSvy, unter Verwendung der SignalgréRe des rechten Kanals und
des rechten Surround-Kanals, die im Schritt (iii) berechnet werden, geschétzt wird; der Vektor LHv,, der linken
Halbebene unter Verwendung der SignalgrélRe des mittleren, des linken Kanals und des linken Surround-Kanals,
die im Schritt (iii) berechnet werden, geschéatzt wird; und der linke nachfolgende Vektor LSvy, unter Verwendung der
SignalgréRe des linken Kanals und des linken Surround-Kanals, die im Schritt (iii) berechnet werden, geschatzt wird.

Verfahren nach Anspruch 6, wobei der Vektor RHv, der rechten Halbebene, der rechte nachfolgende Vektor RSy,

der Vektor LHv, der linken Halbebene und der linke nachfolgende LSv,, unter Verwendung der folgenden Gleichun-
gen geschatzt werden:
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LHvb = A1 x Mcpo + A2 X MLp + As X Misp

RHvp = A1 X Mcp + Az X MRb + Az X Mrs,b

LSvb = A2 X MLp + Az X Misp

und

RSvp = Az x Mrb + As X MRrspb .

Verfahren nach Anspruch 5, wobei dann, wenn der Winkel des globalen Vektors Gay, groer als null ist, Winkelin-
formationen des globalen Vektors und der ersten Menge lokaler Vektoren an einen Decodierer gesendet werden
und andernfalls Winkelinformationen des globalen Vektors und der zweiten Menge lokaler Vektoren zu dem Deco-
dierer gesendet werden.

Verfahren zum Komprimieren eines Mehrkanal-Audiosignals anhand virtueller Quellenlokalisierungsinformationen
(VSLI), wobei das Verfahren die folgenden Schritte umfasst:

Erhalten von Winkelinformationen eines globalen Vektors und mehrerer lokaler Vektoren, die die virtuellen
Quellenlokalisierungsinformationen darstellen, die durch Ausfiihren des Verfahrens nach einem der Anspriiche
1 bis 7 geschatzt werden;

Quantisieren der Winkelinformationen des globalen Vektors und der lokalen Vektoren;

Abwartsmischen und Codieren des eingehenden Mehrkanal-Audiosignals; und

Multiplexieren des codierten, abwarts gemischten Audiosignals mit den quantisierten Winkelinformationen der
Vektoren, um schlieBlich ein komprimiertes Mehrkanal-Audiosignal zu erzeugen.

Verfahren zum Dekomprimieren eines komprimierten Mehrkanal-Audio-signals, das durch virtuelle Quellenlokali-
sierungsinformationen (VSLI) und ein codiertes abwarts gemischtes Audiosignal dargestellt wird, anhand von raum-
lichen Markierungsinformationen, wobei die virtuellen Quellenlokalisierungsinformationen Winkelinformationen tber
einen Winkel zwischen einem globalen Vektor, der aus den Kanalen des Mehrkanal-Audiosignals geschatzt wird,
und einem mittleren Kanal des Mehrkanal-Audiosignals umfasst, wobei das Verfahren die folgenden Schritte um-
fasst:

(i) Vorhersagen inverser Schwenkwinkelinformationen aus den VSLI unter Verwendung einer Konstantlei-
stungs-Schwenkregel, wobei sich das Vorhersageschema der inversen Schwenkwinkelinformationen in Ab-
hangigkeit von den Winkelinformationen des globalen Vektors unterscheidet;

(ii) Erhalten einer geschatzten Leistungskomponente jedes Kanals in jedem Unterband unter Verwendung der
vorhergesagten inversen Schwenkwinkelinformationen; und

(iii) schlieBlich Dekomprimieren eines Signals jedes Kanals in jedem Unterband unter Verwendung der ge-
schatzten Leistungskomponente jedes Kanals und des abwarts gemischten Audiosignals, wobei der Schritt (i)
das Vorhersagen inverser Schwenkwinkel 84, 85, 853 und 6, aus dem Winkel Ga,, des globalen Vektors, dem
Winkel LHa,, des Vektors der linken Halbebene, dem Winkel LSa,, des linken nachfolgenden Vektors und aus
dem Winkel RSa,, des rechten nachfolgenden Vektors in den virtuellen Quellenlokalisierungsinformationen
umfasst, wenn der Winkel GA, des globalen Vektors in den virtuellen Quellenlokalisierungsinformationen gréRer
als nullist, und aus dem Winkel Ga,, des globalen Vektors, dem Winkel RHa,, des Vektors der rechten Halbebene,
dem Winkel RSa,, des rechten nachfolgenden Vektors und dem Winkel LSa,, des linken nachfolgenden Vektors
in den virtuellen Quellenlokalisierungsinformationen, wenn der Winkel GA,, des globalen Vektors kleiner als
null ist.

Verfahren nach Anspruch 10, wobei im Schritt (i) die inversen Schwenkwinkel 84, 6,5, 63 und 6, unter Verwendung
der folgenden Gleichungen geschatzt werden:
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falls Ga, > 0,

{ Ga, ~LHa,
G = | wile TETY
RSu, - LHay |

g i

5

o, "x( LSay +ml2 Y =

L !
—ai 42 )

und falls Ga, <0,

- ‘1” ! s Y .
. RHz, ~ESa, | =

(J;J e m_...‘:__*_.i Y
OwRSa, | 2

Kooy -wi2) o« (Lo, vxi2 % w
[ ! e }4 %5 . AR !
Wy 4 o L, : PSS SRR,

gl {2 ) 2 \wmldami2) 2

12. Verfahren nach Anspruch 11, wobei der Schritt (ii) das Erhalten der geschéatzten Leistungskomponente jedes Kanals

in jedem Unterband unter Verwendung der folgenden Gleichungen umfasst:

falls Ga, > 0,

P

Foy = vos{d, )sinid, ),

F

AL

= cos(@, yeos(é, pein(#, ),

F

Ly

= cos(@, yoos(d, yeos{@,),

F ey = S, yem{d, ),

i

und

Frus = 8106 )08, )

und
falls Ga,, < 0,
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Foy = c0s{8)sin(id, ),

Fy,o=smif)sin(f, ),

F, o = sin(f, yoas(, )

Fo, = cos{f Jons(e, s, },

Ff
und

o
jy Fa s

= cos(B, Yeos(f, yeos(d,

18

R

13. Verfahren nach Anspruch 12, wobei der Schritt (iii) das Dekomprimieren eines Signals jedes Kanals in jedem
Unterband unter Verwendung der folgenden Gleichung umfasst:

Uchk = FenbS'k, Bb € K Bo+1-1

wobei S’ einen Frequenzkomponentenkoeffizienten eines empfangenen abwaérts gemischten Signals bezeichnet
und Ugy,  ein dekomprimiertes Audiosignal bezeichnet.

14. Computerlesbares Medium, das ein Computerprogramm besitzt, das darauf aufgezeichnet ist, um das Verfahren
nach einem der Anspriiche 1 bis 9 auszufiihren.

15. Computerlesbares Medium, das ein Computerprogramm besitzt, das darauf aufgezeichnet ist, um das Verfahren
nach einem der Anspriiche 10 bis 13 auszuflhren.

Revendications

1. Procédé d’estimation d’informations de localisation de source virtuelles (VLSI) qui sont utilisées en qualité d’infor-
mations de repérage spatial en vue de compresser un signal audio multicanal, le procédé comprenant les étapes
ci-dessous consistant a :

(i) affecter virtuellement chaque canal du signal audio multicanal a un plan semi-circulaire, en utilisant des
informations de localisation virtuelles indiquant une mise en concordance de chaque canal sur le plan semi-
circulaire ;

(i) convertir le signal audio multicanal en un signal du domaine fréquentiel ;

(iii) diviser le signal du domaine fréquentiel en une pluralité de sous-bandes et calculer 'amplitude du signal
de chaque canal dans chaque sous-bande ;

(iv) pour chaque sous-bande, estimer un vecteur global représenté sur le plan semi-circulaire a partir de I'am-
plitude de signal calculée de chaque canal dans la sous-bande et a partir des informations de localisation
virtuelles de chaque signal de canal affecté virtuellement ;

(v) pour chaque sous-bande, déterminer si un angle entre le vecteur global et un canal central est supérieur
a zéro ; et

estimer un premier ensemble de vecteurs de localisation de source virtuels lorsque I'angle est supérieur a zéro ;
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et

estimer un second ensemble de vecteurs de localisation de source virtuels lorsque I'angle est inférieur a zéro ; et
(vi) utiliser les informations sur un angle entre chaque vecteur de localisation de source virtuel estimé et le canal
central, en qualité d’informations de localisation de source virtuelles.

Procédé selon la revendication 1, dans lequel I'étape (iii) consiste a calculer I'amplitude du signal de chaque canal
dans chaque sous-bande, en utilisant I'équation ci-dessous :

ou S¢y, , représente un coefficient de fréquence du ch-iéme canal, ch représente I'un parmi un canal central (C),
un canal gauche (L), un canal droit (R), un canal ambiophonique gauche (Ls), et un canal ambiophonique droit (Rs),
et B, et By,¢-1 représentent des indices de fréquence correspondant aux limites supérieure et inférieure de la sous-
bande By, respectivement.

Procédé selon la revendication 2, dans lequel I'étape (iv) consiste a estimer le vecteur global pour chaque sous-
bande, en utilisant I'’équation ci-dessous :

G = A1 X M cp + A2 X M b + A3 X M rbp + A4 X M 15,b

+ As X M Rrs,b ;

ou A, représente les informations de localisation virtuelles du canal central, A, représente les informations de
localisation virtuelles du canal gauche, A; représente les informations de localisation virtuelles du canal droit, A4
représente les informations de localisation virtuelles du canal ambiophonique gauche, et A5 représente les infor-
mations de localisation virtuelles du canal ambiophonique droit.

Procédé selon la revendication 3, dans lequel
A, =cos0° + jsin0°, A, = cos45° - jsind5°, A; = cos45° + jsin45°, A, = cos90° - jsin90°, et Ag = cos90° + jsin90°.

Procédé selon la revendication 1, dans lequel, a I'étape (v), le premier ensemble de vecteurs locaux inclut un vecteur
de demi-plan droit RHv,, un vecteur subséquent droit RSv, et un vecteur subséquent gauche LSv,,, et le second
ensemble de vecteurs locaux inclut un vecteur de demi-plan gauche LHvy, un vecteur subséquent gauche LSy, et
un vecteur subséquent droit RSv,,.

Procédé selon la revendication 5, dans lequel, a I'étape (v), le vecteur de demi-plan droit RH,, est estimé en utilisant
'amplitude du signal des canaux central, droit et ambiophonique droit, calculée a I'étape (iii) ; le vecteur subséquent
droit RSv, est estimé en utilisant 'amplitude du signal des canaux droit et ambiophonique droit, calculée a I'étape
(iii) ; le vecteur de demi-plan gauche LH,,, est estimé en utilisant 'amplitude du signal des canaux central, gauche
et ambiophonique gauche, calculée a I'étape (iii) ; et le vecteur subséquent gauche LSv,, est estimé en utilisant
I'amplitude du signal des canaux gauche et ambiophonique gauche, calculée a I'étape (iii).

Procédé selon la revendication 6, dans lequel le vecteur de demi-plan droit RHv,, le vecteur subséquent droit RS,
le vecteur de demi-plan gauche LHv,, et le vecteur subséquent gauche LSv,, sont estimés en utilisant les équations
ci-dessous :

LH w = A1 X Mc,b + By X Mr,b + Az X M1s,b
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RH vb = A1 X Mce,p + A3y X Mrb + As X Mrs, b

LS vb = Ay ¥ Mi1,0 + Ay X M Ls,b,

et

BS vw = Az X Mrb + As X Mre,b.

Procédé selon la revendication 5, dans lequel, lorsque I'angle du vecteur global Gay, est supérieur a zéro, les
informations d’angle du vecteur global et du premier ensemble de vecteurs locaux sont transmises a un décodeur,
et sinon, les informations d’angle du vecteur global et du second ensemble de vecteurs locaux sont transmises au
décodeur.

Procédé de compression d’un signal audio multicanal sur la base d’informations de localisation de source virtuelles
(VLSI), le procédé comprenant les étapes ci-dessous consistant a :

obtenir des informations d’angle d’'un vecteur global et d’'une pluralité de vecteurs locaux qui représentent les
informations de localisation de source virtuelles estimées en mettant en oeuvre le procédé selon l'une quel-
conque des revendications 1a 7 ;

quantifier les informations d’angle du vecteur global et des vecteurs locaux ;

réduire par mixage et coder le signal audio multicanal d’entrée ; et

multiplexer le signal audio codé réduit par mixage avec les informations d’angle quantifiees des vecteurs, en
vue de générer finalement un signal audio multicanal compressé.

Procédé de décompression d’un signal audio multicanal compressé représenté par des informations de localisation
de source virtuelles (VLSI), et d’un signal audio codé réduit par mixage, sur la base d’'informations de repérage
spatial, dans lequel les informations de localisation de source virtuelles comportent des informations d’angle sur un
angle entre un vecteur global, estimé a partir des canaux du signal audio multicanal, et un canal central du signal
audio multicanal, le procédé comprenant les étapes ci-dessous consistant a :

(i) prédire des informations d’angle de panoramique inverse a partir des informations VLSI, en utilisant une
regle de panoramique a puissance constante, dans lequel le schéma de prédiction des informations d’angle
de panoramique inverse differe selon les informations d’angle du vecteur global ;

(i) obtenir une composante de puissance estimée de chaque canal dans chaque sous-bande, en utilisant les
informations d’angle de panoramique inverse prédites ; et

(iii) décompresser finalement un signal de chaque canal dans chaque sous-bande, en utilisant la composante
de puissance estimée de chaque canal et le signal audio réduit par mixage, dans lequel I'étape (i) consiste a
prédire des angles de panoramique inverse 6y, 6,, &, et §, a partir de I'angle de vecteur global Ga,, de I'angle
de vecteur de demi-plan gauche LHa,,, de l'angle de vecteur subséquent gauche LSa,, et de I'angle de vecteur
subséquent droit RSa,, dans les informations de localisation source virtuelles, lorsque I'angle de vecteur global
Gay, dans les informations de localisation source virtuelles, est supérieur a zéro, et a partir de 'angle de vecteur
global Gay,, de I'angle de vecteur de demi-plan droit RHa,,, de I'angle de vecteur subséquent droit RSa,, et de
'angle de vecteur subséquent gauche LSa, dans les informations de localisation source virtuelles, lorsque
I'angle de vecteur global Gay, est inférieur a zéro.

Procédé selon la revendication 10, dans lequel, a I'étape (i), les angles de panoramique inverse 6;, 6, 05, et 6,
sont estimés en utilisant les équations ci-dessous :

si Ga, >0,
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et, siGa, <0

12. Procédé selon la revendication 11, dans lequel I'étape (ii) consiste a obtenir la composante de puissance estimée
de chaque canal dans chaque sous-bande, en utilisant les équations ci-dessous :

si Ga, >0,

et

et
si Ga, <0,

2
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L
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Frs,p = s8in(61) cos(84),

Fer,p = cos(61) cos(82) sin(6i3),

et

Frs,p = cos(61) cos(62) cos(8s).

Procédé selon la revendication 12, dans lequel I'étape (iii) consiste a décompresser un signal de chaque canal dans
chaque sous-bande, en utilisant I'équation ci-dessous :

Uen,k = Fen,p Sk, By £ k £ Bper -1,

ou S, représente un coefficient de composante de fréquence d’un signal réduit par mixage recu, et U, , représente
un signal audio décompressé.

Support lisible par ordinateur dans lequel est enregistré un programme informatique destiné a mettre en oeuvre le
procédé selon l'une quelconque des revendications 1 a 9.

Support lisible par ordinateur dans lequel est enregistré un programme informatique destiné a mettre en oeuvre le
procédé selon l'une quelconque des revendications 10 a 13.
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[Figure 3]
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[Figure 4 ]
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[Figure 5]
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