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Claims 

1. 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 in ut channel signals comprises direct signal portions and ambient signal portions, 

whe 	in the apparatus comprises: 

a filter d 	ermination unit (110) for determining a filter by estimating first power 

spectral de 	ity information and by estimating second power spectral density 

10 

15 

information, an 

a signal processor 	120) for generating the one or more audio output channel 

signals by applying th'-filter on the two or more audio input channel signals, 

wherein , the__ first 	power_ 	ectral 	density information 	indicates power spectral 

density information on the t 	o or more audio input channel signals, and the 

second 	power spectral 	densit 	information 	indicates 	power 	spectral 	density 

information on the ambient signal 	onions of the two or more audio input channel 

signals, wherein the signal process 	(120) is configured to calculate the first 

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

information indicates a first covariance 	atrix of the two or more audio input 

channel signals, and wherein the signal pro -ssor (120) is configured to calculate 

the second power spectral density information ̀ yo that the second power spectral 

density information indicates a second covarian e matrix of the ambient signal 

25 portions of the two or more audio input channel sign 	or 

wherein the first power spectral density information indicates the power spectral 

density information on the two or more audio input cha nel signals, and the 

second 	power 	spectral 	density 	information 	indicates 	power 	spectral 	density 

30 information on the direct signal portions of the two or more auo lo input channel 

signals, wherein the signal processor (120) is configured to ca 	ulate the first 

power 	spectral 	density 	information 	so 	that 	the 	first 	power 	spectral 	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 c lculate 

35 the second power spectral density information so that the second power sp ctral 

density information indicates a third covariance matrix of the direct signal portfo s 
of the two or more audio input channel signals, or 
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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 

cha nel signals, and the second power spectral density information indicates the 

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

5 	more au to input channel signals, wherein the signal processor (120) is configured 

to calculatethe first power spectral density information so that the first power 

spectral den ity information indicates the third covariance matrix of the direct 

signal portions ',.f the two or more audio input channel signals, and wherein the 

signal processor 	120) is configured to calculate the second power spectral density 

10 	information so that the second power spectral density information indicates the 

second covariance m trix of the ambient signal portions of the two or more audio 

input channel signals. 

2. An apparatus according to c 	im 1, 

.. 	15 

wherein the apparatus further 	re comprises an analysis filterbank (605) for 

transforming the two or more audio input channel signals from a time domain to a 

time-frequency domain, 

20 	wherein the filter determination unit (110 its configured to determine the filter by 

estimating the first power spectral densit 	information and the second power 

spectral density information depending on th 	audio input channel signals, being 

represented in the time -frequency domain, 	 . 

25 	wherein the signal processor (120) is configured to g 	erate the one or more audio 

output channel signals, being represented in a time-fre 	ency domain, by applying 

the filter on the two or more audio input channel signals, 	eing represented in the 

time-frequency domain, and 

30 	wherein the apparatus furthermore comprises a synthesis fi e bank (625) for 

transforming the one or more audio output channel signals, being 	presented in a 

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

3. An apparatus according to claim 1 or 2, wherein the filter determination 	nit (110) 

35 	is configured to determine the filter by estimating the first power spectral •ensity 

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

determining parameter information (AIM depending on at least one of the two or 

more audio input channel signals. 
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4.  An apparatus according to claim 3, wherein the filter determination unit (110) is 

configured to determine the parameter information (j3;., f3;) depending on whether a 

ansient is present in at least one of the two or more audio input channel signals. 

5 

5.  An a e saratus according to claim 3 or 4, wherein the filter determination unit (110) 

is con 	ured to determine the parameter information (fi., fij) depending on a 

presence 	f additive noise in at least one signal channel through which one of the 

two or more 	udio input channel signals is transmitted. 

10 

6.  An apparatus 	c 	rding to one of claims 3 to 5, 

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

spectral density inform Lion on the two or more audio input channel 	signals 
15 depending on.a first matn 	( (I,),. ), the first matrix ( 0,, ) comprising an estimation of 

the power spectral density for each channel signal of the two or more audio input 
channel signals on the main di 	onal of the first matrix (4:1,, ), and is configured to 

determine the power spectral den ity information on the ambient signal portions of 
the two or more audio input channel 	ignals depending on a second matrix (O ) or 

20 depending on an inverse matrix (0 	) of the second matrix (00, the second 

matrix (Oa ) comprising an estimation of the power spectral density for the ambient 

signal portions of each channel signal of t e two or more audio input channel 
signals on the main diagonal of the second m 	rix ((Da  ), or 

25 wherein the filter determination unit (110) is conf Rured to determine the power 

spectral density information on the two or more 	udio input channel signals 
depending on the first matrix ((DJ, and is configure 	to determine the power 

spectral density information on the direct signal portions o the two or more audio 

input channel signals depending on a third matrix (011 ) 	r depending on an 

30 inverse matrix (Vd1  ) of the third matrix (Od  ), the third matrix («9 d ) 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 	, ain diagonal 

of the third matrix (0,, ), or 

35 wherein the filter determination unit (110) is configured to determine the 	ower 

spectral density information on the ambient signal portions of the two or me 
audio input channel signals depending on the second matrix (0, ) or depending dc 
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(0-1) of the second matrix (Oa  ) and is configured to determine an inverse matrix 	 3 , 	 ,  

t h 	power spectral density information on the direct signal portions of the two or 

mor 	audio input channel signals depending on the 	third matrix ('1d  ) or depending 

on an i 	erse matrix (0-d1  ) of the third matrix ('d  ). 

5 	 . 

7. 	An apparatus 	ccording to claim 6, 

wherein the filter 	eterminatiOn unit (110) is configured to determine the first matrix 
( (1),. ) to determine t e power spectral density information on the two or more audio 

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

inverse matrix (0-n1 ) of 	ie second matrix (4) ) to determine the power spectral 

density information on the a,  bient signal portions of the two or more audio input 

channel signals, or 	 . 

15 	wherein the filter determination unit 	110) is configured to determine the first matrix 
( (1),. ) to determine the power spectral 	ensity information on the two or more audio \ 

input channel signals, and is configured 	° determine the third matrix ( Od  ) or an 

inverse matrix (4D-di  ) of the third matrix 	!I 	.to determine the power spectral 

density information on the direct signal porti• s of the two or more audio input 

20 	channel signals, or 

wherein the filter determination unit (110) is configu 	d to determine the second 
1 

a
- matrix (On ) or an inverse matrix ( (11) 	) of the second 	atrix (On ) to determine 

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

25 	more audio input channel signals, and is configured to dete 	ine the third matrix 
- ( Od  ) or an inverse matrix (mod' ) of the third matrix (40d ) to de ermine the power 

spectral density information on the ambient signal portions of t 	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 filter 
li 0  (A ) 	depending on the formula  
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,,,r, 	- I al 	i  
— '1 	"), 	'NxN 

II 	' D(A) = 
fii  + A 

or • 	pending on the formula 

5 

(43 	—0d )-14), 	—INxN 
111)(A) = pi + A 

or depending on t 	formula 

10 
,T, - 1 t  ir, 	a_ di 	\ 	I  
w a kwd 	' "*"111 — AN' xN 

, or 110(igi 
/3; +A 

wherein the filter • determination 	u 	t (110) is configured to determine the filter 
15 HA  (A) 	depending On the formula 

li 	-INxN 
H  A(A) =1  NxN 

/3  

20 

or depending on the formula 

04),, —0d) 	1(1) ,. 	Nxiv 
. 11 ,4G81)= NxN 

fii  + A 

25 

or depending on the formula '  

HA(A)= NAN  
Pi+ A 

30 
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5 

10 

wherein (1)y  is the first matrix, 

w erein (I) 	is the second matrix, 

where! 	0:1  is the inverse matrix of the second matrix, 

wherein 4)a is the third matrix, 

wherein IN„N  i 	unit matrix of size N x N , 

wherein N indicates 	number of the audio input channel signals, 

wherein A is, the trade-o f information being a number, and 

f 6 - - 	- 	- 	A=  144);1.43ba 1 wherein 
• 

wherein tr is the trace operator. 

9. An apparatus according to one of 'clai 	3 to 8, wherein the filter determination 

20 unit (110) is configured to determine a tra e-off parameter (/3;,. ./3;) for .each of two 

or more audio input channel signals as the tr,.e-off information (fii,A, wherein the 

trade-off parameter (/3,,, /3,) of each of the audio input channel signals depends on 

said audio input channel signal. 

25 	10. An apparatus according to claim 8, 

wherein the filter determination unit (110) is configured to determine a trade-off 

parameter (/3,_, J3;) for each of two or more audio input channe signals as the trade- 

off information (j3,., J3;), so that for each pair of a first audio inp 	channel signal of 

30 the audio input channel signals and another second audio input 	annel signal of 

the audio input channel signals 

13.11.4,i(..3i)4>ahA,i0i ) --7.  11II  7 	j ) 4  15a h.. 4 . i  

35 is true, 

wherein J3i  is the trade-off parameter of said first audio input channel signal, 
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wherein fij  is the trade-off parameter of said second audio input channel signal, 

wh 	ein 

5 

hki ,i 	= [/3i 4d + ii)a] -1  (Pa  tI 

N 	
r,wherein 	is the conjugate transpose matrix of 11-4,i0:30, and 

10 wherein ui  is a null 	ector of length N with 1 at the i-th position. 

11.  An apparatus according 	claim 8 or 10, 

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

15 matrix 0), according to the for 	la 

(b a '----- OA ZN x N , 	or 

wherein the filter determination unit (11 b 	is configured to determine the third 

20 matrix '1 	according to the formula 

Ell  d =( 	— 0-  A I  ANN 

wherein OA  is a number. 

25 

12.  An apparatus according to claim 11, wherein the filter deter 	ination unit (110) is 
configured to determine Oi l  depending on the two or more 	dio input channel 

signals. 

30 	13. An apparatus according to one of claims 1 to 7, 

wherein the filter determination unit (110) is configured to determine a filter 	atrix 
H 0  for computing an estimate of the direct signal portions ( d(m,k)) by estim ting 

first power spectral density information and by estimating second power spectral 

35 density information, and 
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\wherein the filter determination unit (110) is configured to determine the filter H n  

d4oending on the filter matrix H I)  according to the formula 

H 	= 	G ± GH 0  , 

5 

10 

wherein 1 is a unit matrix, and 

wherein G is a 	agonal matrix, 

wherein the signal p 	cessor (120) is configured to generate the one or more audio 

output channel signal 	by applying the filter fi 6 on the two or more audio input 

channel signals. 	 . 

14. A method for generating one '•r more audio output channel signals depending on 

15 two or more audio input chann I signals, wherein each of the two or more audio 

input channel signals comprises dl ect signal portions and ambient signal portions, 

wherein the method comprises: i 	. 

determining a filter by estimating first p wer spectral density information and by 

20 

25 

estimating second power spectral density i 	ormation, and 

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

the two or more audio input channel signals, 

wherein 	the first power spectral density informatio 	indicates 	power spectral 

density information on the two or more audio input c annel signals, and the 

second 	power 	spectral 	density 	information 	indicates 	•wer 	spectral 	density 

information on the ambient signal portions of the two or moAa audio input channel 

signals, 	wherein 	calculating 	the 	first 	power 	spectral 	den 	ty 	information - is 

30 conducted so that the first power spectral density information "ndicates a first 

covariance matrix of the two or more audio input channel signal 	and wherein 

calculating the second power spectral density information is conducteQ so that the 

second power spectral density information indicates a second covarianc 	matrix of 

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

35 

t wherein the first power spectral density information indicates the power spe 	ral 

density information on the two or more audio input channel signals, and t\  
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\econd 	power spectral 	density 	information 	indicates 	power 	spectral 	density 

in ormation on the direct signal portions of the two or more audio input channel 

	

signals, 	wherein 	calculating 	the 	first 	power 	spectral 	density 	information 	is 

conducted so that the first power spectral density information indicates the first 

5 covarian e matrix of the two or more audio input channel signals, and wherein 

calculating he second power spectral density information is conducted so that the 

second power\  spectral density information indicates a third covariance matrix of 

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

10 wherein the first po 	er spectral density information indicates the power spectral 

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

channel signals, and th- second power spectral density information indicates the 

power spectral density infc mation, on the ambient signal portions of .the two or 

more audio input channel s 	nals, wherein calculating the first power 'spectral 

-15- density information is conducte 	so that the first power spectral density information 

indicates the third covariance mat x of the direct signal portions of the two or more 

audio input channel signals, and c= lculating the second power spectral density 
. information is conducted so that the 	econd power spectral density information 	. 

indicates the second covariance matrix 	he ambient signal portions of the two or 

20 more audio input channel signals. 

15. A computer program for implementing the 	e hod of claim 14 when being 

executed on a computer or processor. 
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Claims 

1.  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 

5 input channel signals comprises direct signal portions and ambient signal portions, 

wherein the apparatus comprises: 

10 

15 

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 

20 

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 

25 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 

30 power spectral density information on the ambient signal portions of the two or 

more audio input channel signals. 

2.  An apparatus according to claim 1, 

35 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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5 

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 

10 

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. 

15 	3. 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. 

20 

4. 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. 

25 	5. 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. 

30 	6. An apparatus according to one of claims 3 to 5, 

wherein the filter determination unit is configured to determine the power spectral 

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 

35 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 

5 wherein the filter determination unit is configured 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 of the third 

10 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 

15 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 

20 of the third matrix. 

7. An apparatus according to claim 6, 

wherein the filter determination unit is configured to determine the first matrix to 

25 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 

30 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 

35 

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 

signal portions of the two or more audio input channel 

information on the 

signals. 

ambient 

5 	8. An apparatus according to claim 6 or 7, 

wherein the filter determination unit is configured to 

depending on the formula 

determine the filter HD  (A) 

10 
Oa (Dy —I NxN 

HD (Pi) — 
i6i + A 

or depending on the formula 

(1) 	1  15 4 4 	I 
H 	= (I 	

— 	(0 	y — NxN 
D( j

3
i) 

j3, + A 

or depending on the formula 

e0d  + 1 .)—INxN  
0 	

a1(
20 	 ID6) = , or 

determine the filter HA(A) 

)6, + A 

wherein the filter determination unit is configured to 

depending on the formula 

25 

al) a140 y —I  NxN 
HA(Ni) := I NxN 

18i + k 

30 or depending on the formula 
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al 	\ - 1 tru 	i 
(4)y ----'-d) 	'y — iNxN 

HA(A) =  xN 
A -I-  A 

or depending on the formula 

5 
1 

HA 	---: 	
Oa 0:1Pd 	Oa) — INxN 

(A ) - I NxN 
16, + A 

wherein (13Y  is the first matrix, 

10 
wherein 4a  is the second matrix, 

wherein 0.-1  is the inverse matrix of the second matrix, 

15 	wherein 'd  is the third matrix, 

wherein INXN  is a unit matrix of size N x N , 

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

20 
wherein /3i  is the trade-off information being a number, and 

tr (1). clId} wherein 	 , 

25 	wherein tr is the trace operator. 

9. An apparatus according to one of claims 3 to 8, 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, wherein the trade-off parameter 

30 	of each of the audio input channel signals depends on said audio input channel 

signal. 

10. 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 

5 input channel signals 

10 

15 

A, • G3 	ll'ahAl 	.19i 	 i8j) 	ahA,3/3.1) 

is true, 

wherein f3i  is the trade-off parameter of said first audio input channel signal, 

whereinfii  is the trade-off parameter of said second audio input channel signal, 

wherein 

Oi 	= #"d 4)a 	ill  

wherein 	, (13i) is the conjugate transpose matrix of I 	/32; , and 

20 

wherein ui  is a null vector of length N with 1 at the i-th position. 

11. 

25 

An apparatus according to claim 8 or 10, 

wherein the filter determination unit is configured to determine the second matrix 

Oa  according to the formula 

Nxhrl- 	or 

30 wherein the filter determination unit is configured to determine the third matrix (pd  

according to the formula 

35 

= 413  y - (&.1 1NxN 	, 

wherein 	is a number. 
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12.  An apparatus according to 	claim 	11, wherein the filter determination 	unit is 

configured to determine ci.A  depending on the two or more audio input channel 

signals. 

5 13.  An apparatus according to one of claims 1 to 7, 

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

second power spectral density information, and 

10 

wherein the filter determination 	unit is configured to determine the filter HD  

depending on the intermediate filter matrix HD  according to the formula 

15 

20 

HD  =I —G+GHD  , 

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 HD  on the two or more audio input 

channel signals. 

14.  A method for generating one or more audio output channel signals depending on 

25 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 

30 

35 

estimating second power spectral density information, and 

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 
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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 

5 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 

10 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. 

15 

15. A computer program for implementing the method of claim 	14 when being 

executed on a computer or processor. 


