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An apparatus for generating one or more audio output channel signals depending
n two or more audio input channel signals, wherein each of the two or more audio
5 input channel signals comprises direct signal portions and ambient signal portions,

10 information, any

a signal processo (120) for generating the one or more audio output channel
signals by applying the filter on the two or more audio input channel signals,
15 wherein the_first power_,,ectral density information indicates power spectral
density information on the two or m'ore audio input channel signhals, and the
second power spectral densi information 'indicates power spectral density
information on the ambient signaloftions of the two or more audio input channel

signals, wherein the signal proces\s\gr (120) is configured to calculate the first

20 power spectral density information Sy that the first power spectral density

information indicates a first covariance Matrix of the two or more audio input
channel signals, and wherein the signal (120) is configured to calculate
the second power spectral density information 0 that the second power spectral
density information indicates a second covaria matrix of the ambient signal
25 portions of the two or more audio input channel signals, or
wherein the first power spectral density information indtes the power spectral
density information on the two or more audio input channel signals, and the
second power spectral density information indicates ~ spectral density
30 information on the direct signal portions of the two or more e input channel
signals, wherein the signal processor (120) is configured to ca wulate the first
power spectral density information so that the first power spral density
information indicates the first covariance matrix of the two or more a dio input
channel signals, and wherein the signal processor (120} is configured to culate
35 the second power spectral density information so that the second power.stral
density information indicates a third covariance matrix of the direct signal porti

of the two or more audio input channel signals, or
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input channel signals.
An apparatus according 1o clgim 1,

wherein the apparatus further fore comprises an analysis filterbank (605) for
transforming the two or more audio\input channel signals from a time domain to a
time-frequency domain, '

wherein the filter determination unit (110)\is configured to determine the filter by

estimating the first power spectral density, information and the second power

spectral density information depending on thesaudio input channel signals, being
represented in the time-frequency domain,

wherein the signal processor (120) is configured to generate the one or more audio
output channel signals, being represented in a time-fre
the filter on the two or more audio input channel signals, “oeing represented in the

time-frequency domain, and

wherein the apparatus furthermore comprises a synthesis fikerbank (625) for
transforming the one or more audio output channel signals, being represented in a
time-frequency domain, from the time-frequency domain to the time

An apparatus according to claim 1 or 2, wherein the filter determination ynit (110)
is configured to determine the filter by estimating the first power spectral density

Q\Fﬁ\ by
determining parameter information (/3. /5;) depending on at least one of the two* or

information, by estimating the second power spectral density information, a

more audio input channel signals.
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An apparatus according to claim 3, wherein the filter determination unit (110) is
configured to determine the parameter information (f;, /3;) depending on whether a
ansient is present in at least one of the two or more audio input channel signals.

An apparatus according to claim 3 or 4, wherein the filter determination unit (110)
is confligured to determine the parameter information (f;, ;) depending on a
présence f additive noise in at least one signal channel through which one of the
two or more'gudio input channel signals is transmitted.

An apparatus according to one of claims 3 to 5,

wherein the filter deteymination unit (110) is configured to determine the power

spectral density information on the two or more audio input channel signals
(@, ), the first matrix (<I>_‘, ) comprising an estimation of

the power spectral density for, each channel signal of the two or more audio input
channel signals on the main dﬁginal of the first matrix (@, ), and is configured to

determine the power spectral densjty information on the ambient signal portions of
the two or more audio input channelsignals depending on a second matrix (®, ) or

a

~ depending on an inverse matrix (P L\{of the second matrix (®,), the second

matrix (d, ) comprising an estimation of ?hipower spectral density for the ambient

signal portions of each channel signal of the two or more audio input channel
signals on the main diagonal of the second matix (®, ), or

wherein the filter determination unit (110) is conf%L;red to determine the power
spectral density information on the two or more audio input channel signals
depending on the first matrix (¥, ), and is configured to determine the power
spectral density information on the direct signal portions of the two or more audio
input channel signals depending on a third matrix (@) or depending on an

inverse matrix (<D"’,' ) of the third matrix (® ), the third matrix (@, ) comprising an
estimation of the power speciral density for the direct signal p@\i\tions of each

channel signal of the two or more audio input channel signals on the main diagonal
of the third matrix (®, ), or

wherein the filter determination unit (110) is configured to determine the ower
spectral density information on the ambient signal portions of the two or more

audio input channel signals depending on the second matrix (@, ) or depending Bn\
A
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\\an inverse matrix ((D;l ) of the second matrix (®, ), and is configured to determine

the, power spectral density information on the direct signal portions of the two or
more\audio input channel signals depending on the third matrix (D, ) or depending

on an ifyerse matrix (d);' ) of the third matrix (®, ).

7. An apparatushaccording to claim 6,

wherein the filter determination unit (110) is configured to determine the first matrix
(P, ) to determine ‘h\e\apower spectral density information on the two or more audio

10 input channel signals, apd is configured to determine the second matrix (@, ) or an

inverse matrix ((I)"' ) o?\he second matrix (@, ) to determine the power spectral

dens:ty information on the ambient signal portnons of the two or more audio mput

channel signals, or

110) is configured to determine the first matrix
| g{izwsity information on the two or more audio-

15 wherein the filter determination unit
(@ ) to determine the power spectra

>~

input channel signals, and is configured %determine the third matrix (@) or an

inverse matrix ((I):) of the third matrix %;) to determine the power spectral
rt

density information on the direct signal portions of the two or more audio input

20 channel signals, or

wherein the filter determination unit (110) is configured o determine the second

matrix (@, ) or an inverse matrix (G);' ) of the second matrix (®,) to determine

the power spectral density information on the ambient signa} portions of the two or

25 more audio input channel signals, and is configured to detel
(®,) or an inverse matrix ((I);' ) of the third matrix (® ) to determine the power

\ine the third matrix

spectral density information on the ambient signal portions of the two or more

audio input channel signals.
30 8. An apparatus according to claim 6 or 7,

wherein the filter determination unit (110) is configured to determine the ther
H ,(/3;) depending on the formula ~
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HD(BI) =

pending on the formula

-5
D, -D) B, Ty,
Hp(ﬁ,)z( ¥ d) \ NxN
_ B+ A
- or depending on the formula -
10 '
0@ )T,
N\ B+ A ’
, , wherein the"filter--det_erminatiqn unjt (110) is configured to determine the fil’ter
" 15 H ,(f,) depending on the formula - 3 o ' '
; . (I)“ i} I'Nx/\/
.HA(ﬂi)':I'NxN - ﬁ,
20
or depending on the formula
(P, ;q)d)-l(bi- Ty
H, (B) =Y pn — : ﬂﬂL‘)\i =
25
or depending on the formula
| IR T TR T
H ) 2!: . a d a AN ’
) A(/jz) Nao i -.ﬂf'{“)\
30
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" wherein

wherein CD), is the first matrix,

wherein ® s the third matrix,

wherein I,,, is\a unit matrix of size Nx N,

wherein N indicates t iumber of the audio input channel signals,

wherein B, is the trade-oif information being a number, and

wherein tr is the {race operator.
An apparatus according to one of clai Mg 3 to 8, wherein the filter determination
unit (110) is configured to determine a tradg-off parameter (/3;. 3,) for each of two
or more audio input channel signals as the trade-off information (3;, 3;, wherein the
trade-off parameter (5, 3;) of each of the audio\input channel signals depends on

said audio input channel signal.

An apparatus according to claim 8,

wherein the filter determination unit (110) is configured 10 determine a trade-off
parameter (/3;, 3;) for each of two or more audio input channehsignals as the trade-
off information (f3;, 3;), so that for each pair of a first audio input channel signal of
the audio input channel signals and another second audio input ~annel signal of

the audio input channel signals

hi (3)®@ahai(4) = hi (55 @aha ;09

is true,

wherein f3; is the trade-off parameter of said first audio input channel signal,

' ~-.~.~’~‘.-"«~r0~7;~—3~’~,‘»
PCT/EP 2013/072 17%‘5,[320130721 70}5
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12.

13.

wherein f; is the trade-off parameter of said second audio input channel signal,

wherein 114 i) is the conjugate transpose matrix of h-‘*-i(-"3f), and
wherein u; is a null Yector of length N with 1 at the i-th position.
An apparatus according o ciaim 8 or 10,

wherein the filter determinatign unit (110) is configured to determine the second
matrix @, according to the formyla

q)a = (j’A INX:’\{’: or

wherein the filter determination unit (110} is configured to determine the third

matrix ®, according to the formula
P, = (D,\- — i pen
wherein ¢, is a number.

ination unit {(110) is
dio input channel

An apparatus according to claim 11, wherein the filter deter
configured to determine ¢, depending on the two or more

signals.
An apparatus according to one of claims 110 7,
wherein the filter determination unit (110) is configured to determine a filter\matrix

H ,, for computing an estimate of the direct signal portions (&(m,k)) by estimating

first power spectral density information and by estimating second power spectral

density information, and
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14.

wherein 1 is\a@ unit matrix, and

wherein G is a diggonal matrix,

wherein the signal processor (120) is configured to generate the one or more audio :

output channel signals\by applying the filter ﬁb on the two or more audio input

channel signals.
A method for generating one‘or more audio output channel signals depending on
two or more audio input channg| signals, wherein each of the two or more audio
input channel signals compriseséT ect signal portions and ambient signal portions,

wherein the method comprises: .

determining a filter by estimating first power spectral density information and by
estimating second power spectral density Nrmation, and

generating the one or more audio output channgl signals by applying the filter on

the two or more audio input channe! signals,
wherein the first power spectral density informatioly indicates power speciral
density information on the two or more audio input shannel signals, and the
second power spectral density information indicates Yer spectral density
information on the ambient signal portions of the two or mors,_audio input channel

signals, wherein caiculating the first power spectral density information - is

conducted so that the first power spectral density information\indicates a first
covariance matrix of the two or more audio input channel signals, and wherein
calculating the second power spectral density information is conducted _so that the
second power spectral density information indicates a second covariance matrix of

the ambient signal portions of the two or more audio input channe! signals,

wherein the first power spectral density information indicates the power speciral
density information on the two or more audio input channel signals, and th
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\§econd power spectral d"ensity information indicates power spectral density
information on the direct signal portions of the two or more audio input channel
signals, wherein calculating the first power spectral density information . is
condusted so that the first power spectral density information indicates the first
covariansg matrix of the two or more audio input channel signals, and whe'rein
calculating\the second power spectral density information is conducted so that fhe _

" second powey, spectral density information indicates a third covariance matrix of -

the direct signg ortions of the two or more audio input channel signals, or

wherein the first power spectral densi ty information indicates the power spectra!
density information or\ the direct signal portlons of the two or more audno input
channel signals, and the second power spectral density information indicates the
' power spectra! denSIty inf ma’non on the ambient signal portions of the two or
more audio mput channel signals, wherem calculating the first power spectra!
density information is conducte S0 that the first power spectral density mformataon
indicates the third covanance mathix of the direct signal portions of the two or more
audio input channel &gnais and calculating the second power spéctral dens:ty'
information is conducted so that the \second power ‘spectral density mformatton L

\m ambient signal portions of the two or -

indicates the second covariance matrix
more audio input channel signals..

A computer program for implementing the wethod of claim 14 when being
executeo on a computer or processor.
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Claims

An apparatus for generating one or more audio output channel signals depending
on two or more audio input channel signals, wherein each of the two or more audio
input channel signals comprises direct signal portions and ambient signal portions,
wherein the apparatus comprises:

a filter determination unit for determining a filter by estimating first power spectral
density information and by estimating second power spectral density information,
and

a signal processor for generating the one or more audio output channel signals by
applying the filter on the two or more audio input channel signals,

wherein the first power spectral density information indicates power spectral
density information on the two or more audio input channel signals, and the
second power spectral density information indicates power spectral density
information on the ambient signal portions of the two or more audio input channel
signals, or

wherein the first power spectral density information indicates the power spectral
density information on the two or more audio input channel signals, and the
second power spectral density information indicates power spectral density
information on the direct signal portions of the two or more audio input channel
signals, or

wherein the first power spectral density information indicates the power spectral
density information on the direct signal portions of the two or more audio ‘input
channel signals, and the second power spectral density information indicates the
power spectral density information on the ambient signal portions of the two or
more audio input channel signals.

An apparatus according to claim 1,
wherein the apparatus furthermore comprises an analysis filterbank for

transforming the two or more audio input channel signals from a time domain to a
time-frequency domain,
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wherein the filter determination unit is configured to determine the filter by
estimating the first power spectral density information and the second power
spectral density information depending on the audio input channel signals, being
represented in the time-frequency domain,

wherein the signal processor is configured to generate the one or more audio
output channel signals, being represented in a time-frequency domain, by applying
the filter on the two or more audio input channel signals, being represented in the
time-frequency domain, and

wherein the apparatus furthermore comprises a synthesis filterbank for
transforming the one or more audio output channel signals, being represented in a

time-frequency domain, from the time-frequency domain to the time domain.

An apparatus according to claim 1 or 2, wherein the filter determination unit is

~ configured to determine the filter by estimating the first power spectral density

information, by estimating the second power spectral density information, and by
determining trade-off information depending on at least one of the two or more
audio input channel signals.

An apparatus according to claim 3, wherein the filter determination unit is
configured to determine the trade-off information depending on whether a transient
is present in at least one of the two or more audio input channel signals.

An apparatus according to claim 3 or 4, wherein the filter determination unit is
configured to determine the trade-off information depending on a presence of
additive noise in at least one signal channel through which one of the two or more
audio input channel signals is transmitted.

An apparatus according to one of claims 3 to 5,

wherein the filter determination unit is configured to determine the power speciral
density information on the two or more audio input channel signals depending on a
first matrix, the first matrix comprising an estimation of the power spectral density
for each channel signal of the two or more audio input channel signals on the main
diagonal of the first matrix, and is configured to determine the power spectral
density information on the ambient signal portions of the two or more audio input
channel signals depending on a second matrix or depending on an inverse matrix
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of the second matrix, the second matrix comprising an estimation of the power
spectral density for the ambient signal portions of each channel signal of the two or
more audio input channel signals on the main diagonal of the second matrix, or

wherein the filter determination unit is configured to determine the power spectral
density information on the two or more audio input channel sighals depending on
the first matrix, and is configured to determine the power spectral density
information on the direct signal portions of the two or more audio input channel
signals depending on a third matrix or depending on an inverse matrix of the third
matrix, the third matrix comprising an estimation of the power spectral density for
the direct signal portions of each channel signal of the two or more audio input
channel signals on the main diagonal of the third matrix, or

wherein the filter determination unit is configured to determine the power spectral
density information on the ambient signal portions of the two or more audio input
channel signals depending on the second matrix or depending on an inverse
matrix of the second matrix, and is configured to determine the power spectral
density information on the direct signal portions of the two or more audio input
channel signals depending on the third matrix or depending on an inverse matrix
of the third matrix.

An apparatus according to claim 6,

wherein the filter determination unit is configured to determine the first matrix to
determine the power spectral density information on the two or more audio input
channel signals, and is configured to determine the second matrix or an inverse
matrix of the second matrix to determine the power spectral density information on
the ambient signal portions of the two or more audio input channel signals, or

wherein the filter determination unit is configured to determine the first matrix to
determine the power spectral density information on the two or more audio input
channel signals, and is configured to determine the third matrix or an inverse
matrix of the third matrix to determine the power spectral density information on
the direct signal portions of the two or more audio input channel signals, or

wherein the filter determination unit is configured to determine the second matrix
or an inverse matrix of the second matrix to determine the power spectral density
information on the ambient signal portions of the two or more audio input channel
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signals, and is configured to determine the third matrix or an inverse matrix of the
third matrix to determine the power spectral density information on the ambient
signal portions of the two or more audio input channel signals.

An apparatus according to claim 6 or 7,

wherein the filter determination unit is configured to determine the filter H ,(f,)

depending on the formula

-1

Hy(8) ==

or depending on the formula

((I)y - q)d)_lq)y - INXN
B+ A

HD(ﬂi) =

or depending on the formula

O (@, +D,)-1,,
H, (8, = (dﬁ“) o

wherein the filter determination unit is configured to determine the filter H ,(5,)

depending on the formula

-1
QP ”INXN

BB =Twow =55

or depending on the formula
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(@, - @) @, 1,
B+ A

HA(ﬁi) = INxN -

or depending on the formula

@ (D +D,) Ty
B+ A

HA(ﬂi) =X yun =

wherein <I)y is the first matrix,

wherein @, is the second matrix,

wherein (I)a”l is the inverse matrix of the second matrix,
wherein @ is the third matrix,
wherein I ,,, is a unit matrix of size NxN ,

wherein N indicates the number of the audio input channel signals,

wherein g, is the trade-off information being a number, and

wherein

A= tr{@gl*@d}

wherein tr is the trace operator.

An apparatus according to one of claims 3 to 8, wherein the filier determination
unit is configured to determine a trade-off parameter for each of two or more audio
input channel signals as the trade-off information, wherein the trade-off parameter
of each of the audio input channel signals depends on said audio input channel
signal.

An apparatus according to claim 8,
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wherein the filter determination unit is configured to determine a trade-off
parameter for each of two or more audio input channel signals as the trade-off
information, so that for each pair of a first audio input channel signal of the audio
input channel signals and another second audio input channel signal of the audio
input channel signals

bl (8:)®ahai(B:) = hi (8)®aba ;(85)
is true,
wherein f3; is the trade-off parameter of said first audio input channel signal,
wherein f3; is the trade-off parameter of said second audio input channel signal,

wherein

H (o
wherein 4. (5%

) is the conjugate transpose matrix of hAnﬁ(ﬁzﬁ), and
wherein w; is a null vector of length N with 1 at the i-th position.

An apparatus according to claim 8 or 10,

wherein the filter determination unit is configured to determine the second matrix
@, according to the formula

(I)a - (2’)4 Ij\}xj\x', or

wherein the filter determination unit is configured to determine the third matrix @,

according to the formula
(I’d = (I)y “¢A INxN ’

wherein ¢, is a number.
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An apparatus according to claim 11, wherein the filter determination unit is
configured to determine ¢, depending on the two or more audic input channel

signals.
An apparatus according to one of claims 110 7,

wherein the filter determination unit is configured to determine an intermediate filter
matrix H , by estimating first power spectral density information and by estimating

second power spectral density information, and

wherein the filter determination unit is configured to determine the filter ﬁD
depending on the intermediate filter matrix H , according to the formula

~

H,=I-G+GH, ,
wherein I is a unit matrix, and
wherein G is a diagonal matrix,

wherein the signal processor is configured to generate the one or more audio
output channel signals by applying the filter ﬁD on the two or more audio input

channel signals.

A method for generating one or more audio output channel signals depending on
two or more audio input channel signals, wherein each of the two or more audio
input channel signals comprises direct signal portions and ambient signal portions,
wherein the method comprises:

determining a filter by estimating first power spectral density information and by
estimating second power spectral density information, and

generating the one or more audio output channel signais by applying the filter on
the two or more audio input channel signals,

wherein the first power spectral density information indicates power spectral
density information on the two or more audio input channel signals, and the
second power spectral density information indicates power spectral density
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information on the ambient signal portions of the two or more audio input channel
signals, or

wherein the first power spectral density information indicates the power spectral
density information on the two or more audio input channel signals, and the
second power spectral density information indicates power spectral density
information on the direct signal portions of the two or more audio input channel
signals, or

wherein the first power spectral density information indicates the power spectral
density information on the direct signal portions of the two or more audio input
channel signals, and the second power spectral density information indicates the
power spectral density information on the ambient signal portions of the two or
more audio input channel signals.

A computer program for implementing the method of claim 14 when being
executed on a computer or processor.



