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(57) ABSTRACT 

A system for generating one or more audio output signals is 
provided, having a decomposition module, a signal proces-
sor, and an output interface. The signal processor is config-
ured to receive the direct component signal, the diffuse 
component signal and direction information. Moreover, the 
signal processor is configured to generate one or more 
processed diffuse signals depending on the diffuse compo-
nent signal. For each audio output signal of the one or more 
audio output signals, the signal processor is configured to 
determine a direct gain, the signal processor is configured to 
apply the direct gain on the direct component signal to 
obtain a processed direct signal, and the signal processor is 
configured to combine the processed direct signal and one of 
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the one or more processed diffuse signals to generate the 
audio output signal. The signal processor further has a gain 
function computation module and a signal modifier. 
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SYSTEM, APPARATUS AND METHOD FOR 
CONSISTENT ACOUSTIC SCENE 

REPRODUCTION BASED ON ADAPTIVE 
FUNCTIONS 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

This application is a continuation of copending Interna-
tional Application No. PCT/EP2015/058857, filed Apr. 23, 
2015, which is incorporated herein by reference in its 
entirety, and additionally claims priority from European 
Application No. 14167053.9, filed May 5, 2014, and from 
European Application No. 14183854.0, filed Sep. 5, 2014, 
which are also incorporated herein by reference in their 
entirety. 

BACKGROUND OF THE INVENTION 

The present invention relates to audio signal processing, 
and, in particular, to a system, an apparatus and a method for 
consistent acoustic scene reproduction based on informed 
spatial filtering. 

In spatial sound reproduction the sound at the recording 
location (near-end side) is captured with multiple micro-
phones and then reproduced at the reproduction side (far-end 
side) using multiple loudspeakers or headphones. In many 
applications, it is desired to reproduce the recorded sound 
such that the spatial image recreated at the far-end side is 
consistent with the original spatial image at the near-end 
side. This means for instance that the sound of the sound 
sources is reproduced from the directions where the sources 
were present in the original recording scenario. Alterna-
tively, when for instance a video is complimenting the 
recorded audio, it is desirable that the sound is reproduced 
such that the recreated acoustical image is consistent with 
the video image. This means for instance that the sound of 
a sound source is reproduced from the direction where the 
source is visible in the video. Additionally, the video camera 
may be equipped with a visual zoom function or the user at 
the far-end side may apply a digital zoom to the video which 
would change the visual image. In this case, the acoustical 
image of the reproduced spatial sound should change 
accordingly. In many cases, the far-end side determines the 
spatial image to which the reproduced sound should be 
consistent is determined either at the far end side or during 
play back, for instance when a video image is involved. 
Consequently, the spatial sound at the near-end side is 
recorded, processed, and transmitted such that at the far-end 
side we can still control the recreated acoustical image. 

The possibility to reproduce a recorded acoustical scene 
consistently with a desired spatial image is necessitated in 
many modern applications. For instance modem consumer 
devices such as digital cameras or mobile phones are often 
equipped with a video camera and multiple microphones. 
This enables to record videos together with spatial sound, 
e.g., stereo sound. When reproducing the recorded audio 
together with the video, it is desired that the visual and 
acoustical image are consistent. When the user zooms in 
with the camera, it is desirable to recreate the visual zoom-
ing effect acoustically so that the visual and acoustical 
images are aligned when watching the video. For instance, 
when the user zooms in on a person, the voice of this person 
should become less reverberant as the person appears to be 
closer to the camera. Moreover, the voice of the person 
should be reproduced from the same direction where the 
person appears in the visual image. Mimicking the visual 

2 
zoom of a camera acoustically is referred to as acoustical 
zoom in the following and represents one example of a 
consistent audio-video reproduction. The consistent audio-
video reproduction which may involve an acoustical zoom is 

5 also useful in teleconferencing, where the spatial sound at 
the near-end side is reproduced at the far-end side together 
with a visual image. Moreover, it is desirable to recreate the 
visual zooming effect acoustically so that the visual and 
acoustical images are aligned. 

10 The first implementation of an acoustical zoom was 
presented in [1], where the zooming effect was obtained by 
increasing the directivity of a second-order directional 
microphone, whose signal was generated based on the 
signals of a linear microphone array. This approach was 

15 extended in [2] to a stereo zoom. A more recent approach for 
a mono or stereo zoom was presented in [3], which consists 
in changing the sound source levels such that the source 
from the frontal direction was preserved, whereas the 
sources coming from other directions and the diffuse sound 

20 were attenuated. The approaches proposed in [1,2] result in 
an increase of the direct-to-reverberation ratio (DRR) and 
the approach in [3] additionally allows for the suppression of 
undesired sources. The aforementioned approaches assume 
the sound source is located in front of a camera, and do not 

25 aim to capture the acoustical image that is consistent with 
the video image. 

A well-known approach for a flexible spatial sound 
recording and reproduction is represented by directional 
audio coding (DirAC) [4]. In DirAC, the spatial sound at the 

30 near-end side is described in terms of an audio signal and 
parametric side information, namely the direction-of-arrival 
(DOA) and diffuseness of the sound. The parametric 
description enables the reproduction of the original spatial 
image with arbitrary loudspeaker setups. This means that the 

35 recreated spatial image at the far-end side is consistent with 
the spatial image during recording at the near-end side. 
However, if for instance a video is complimenting the 
recorded audio, then the reproduced spatial sound is not 
necessarily aligned to the video image. Moreover, the rec-

40 reated acoustical image cannot be adjusted when the visual 
images changes, e.g., when the look direction and zoom of 
the camera is changed. This means that DirAC provides no 
possibility to adjust the recreated acoustical image to an 
arbitrary desired spatial image. 

45 In [5], an acoustical zoom was realized based on DirAC. 
DirAC represents a reasonable basis to realize an acoustical 
zoom as it is based on a simple yet powerful signal model 
assuming that the sound field in the time-frequency domain 
is composed of a single plane wave plus diffuse sound. The 

50 underlying model parameters, e.g., the DOA and diffuse-
ness, are exploited to separate the direct sound and diffuse 
sound and to create the acoustical zoom effect. The para-
metric description of the spatial sound enables an efficient 
transmission of the sound scene to the far-end side while still 

55 providing the user full control over the zoom effect and 
spatial sound reproduction. Even though DirAC employs 
multiple microphones to estimate the model parameters, 
only single-channel filters are applied to extract the direct 
sound and diffuse sound, limiting the quality of the repro-

60 duced sound. Moreover, all sources in the sound scene are 
assumed to be positioned on a circle and the spatial sound 
reproduction is performed with reference to a changing 
position of an audio-visual camera, which is inconsistent 
with the visual zoom. In fact, zooming changes the view 

65 angle of the camera while the distance to the visual objects 
and their relative positions in the image remain unchanged, 
which is in contrast to moving a camera. 
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A related approach is the so-called virtual microphone 
(VM) technique [6,7] which considers the same signal 
model as DirAC but allows to synthesize the signal of a 
non-existing (virtual) microphone in an arbitrary position in 
the sound scene. Moving the VM towards a sound source is 
analogous to the movement of the camera to a new position. 
The VM was realized using multi-channel filters to improve 
the sound quality, but necessitates several distributed micro-
phone arrays to estimate the model parameters. 

However, it would be highly appreciated, if further 
improved concepts for audio signal processing would be 
provided. 

SUMMARY 

According to an embodiment, an apparatus for generating 
one or more audio output signals may have: a signal pro-
cessor, and an output interface, wherein the signal processor 
is configured to receive a direct component signal, having 
direct signal components of two or more original audio 
signals, wherein the signal processor is configured to receive 
a diffuse component signal, having diffuse signal compo-
nents of the two or more original audio signals, and wherein 
the signal processor is configured to receive direction infor-
mation, said direction information depending on a direction 
of arrival of the direct signal components of the two or more 
original audio signals, wherein the signal processor is con-
figured to generate one or more processed diffuse signals 
depending on the diffuse component signal, wherein, for 
each audio output signal of the one or more audio output 
signals, the signal processor is configured to determine, 
depending on the direction of arrival, a direct gain being a 
gain value, the signal processor is configured to apply said 
direct gain on the direct component signal to obtain a 
processed direct signal, and the signal processor is corfig-
ured to combine said processed direct signal and one of the 
one or more processed diffuse signals to generate said audio 
output signal, and wherein the output interface is confgured 
to output the one or more audio output signals, wherein the 
signal processor has a gain function computation module for 
calculating one or more gain functions, wherein each gain 
function of the one or more gain functions, has a plurality of 
gain function argument values, wherein a gain function 
return value is assigned to each of said gain function 
argument values, wherein, when said gain function receives 
one of said gain function argument values, said gain function 
is configured to return the gain function return value being 
assigned to said one of said gain function argument values, 
and wherein the signal processor further has a signal modi-
fier for selecting, depending on the direction of arrival, a 
direction dependent argument value from the gain function 
argument values of a gain function of the one or more gain 
functions, for obtaining the gain function return value being 
assigned to said direction dependent argument value from 
said gain function, and for determining the gain value of at 
least one of the one or more audio output signals depending 
on said gain function return value obtained from said gain 
function. 

According to another embodiment, a system for generat-
ing one or more audio output signals may have: the above 
apparatus for generating one or more audio output signals, 
and a decomposition module, wherein the decomposition 
module is confgured to receive two or more audio input 
signals being the two or more original audio signals, wherein 
the decomposition module is configured to generate the 
direct component signal, having the direct signal compo-
nents of the two or more original audio signals, and wherein 

4 
the decomposition module is confgured to generate the 
diffuse component signal, having the diffuse signal compo-
nents of the two or more original audio signals. 

According to another embodiment, a method for gener-
5 ating one or more audio output signals may have the steps 

of: receiving a direct component signal, having direct signal 
components of two or more original audio signals, receiving 
a diffuse component signal, having diffuse signal compo-
nents of the two or more original audio signals, receiving 

10 direction information, said direction information depending 
on a direction of arrival of the direct signal components of 
the two or more original audio signals, generating one or 
more processed diffuse signals depending on the diffuse 
component signal, for each audio output signal of the one or 

15 more audio output signals, determining, depending on the 
direction of arrival, a direct gain, applying said direct gain 
on the direct component signal to obtain a processed direct 
signal, and the combining said processed direct signal and 
one of the one or more processed diffuse signals to generate 

20 said audio output signal, and outputting the one or more 
audio output signals, wherein generating the one or more 
audio output signals has calculating one or more gain 
functions, wherein each gain function of the one or more 
gain functions, has a plurality of gain function argument 

25 values, wherein a gain function return value is assigned to 
each of said gain function argument values, wherein, when 
said gain function receives one of said gain function argu-
ment values, wherein said gain function is confgured to 
return the gain function return value being assigned to said 

30 one of said gain function argument values, and wherein 
generating the one or more audio output signals has select-
ing, depending on the direction of arrival, a direction depen-
dent argument value from the gain function argument values 
of a gain function of the one or more gain functions, for 

35 obtaining the gain function return value being assigned to 
said direction dependent argument value from said gain 
function, and for determining the gain value of at least one 
of the one or more audio output signals depending on said 
gain function return value obtained from said gain function. 

40 Another embodiment may have a computer program for 
implementing a method for generating one or more audio 
output signals having the steps of: receiving a direct com-
ponent signal, having direct signal components of two or 
more original audio signals, receiving a diffuse component 

45 signal, having diffuse signal components of the two or more 
original audio signals, receiving direction information, said 
direction information depending on a direction of arrival of 
the direct signal components of the two or more original 
audio signals, generating one or more processed diffuse 

50 signals depending on the diffuse component signal, for each 
audio output signal of the one or more audio output signals, 
determining, depending on the direction of arrival, a direct 
gain, applying said direct gain on the direct component 
signal to obtain a processed direct signal, and the combining 

55 said processed direct signal and one of the one or more 
processed diffuse signals to generate said audio output 
signal, and outputting the one or more audio output signals, 
wherein generating the one or more audio output signals has 
calculating one or more gain functions, wherein each gain 

60 function of the one or more gain functions, has a plurality of 
gain function argument values, wherein a gain function 
return value is assigned to each of said gain function 
argument values, wherein, when said gain function receives 
one of said gain function argument values, wherein said gain 

65 function is configured to return the gain function return 
value being assigned to said one of said gain function 
argument values, and wherein generating the one or more 
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audio output signals has selecting, depending on the direc-
tion of arrival, a direction dependent argument value from 
the gain function argument values of a gain function of the 
one or more gain functions, for obtaining the gain function 
return value being assigned to said direction dependent 
argument value from said gain function, and for determining 
the gain value of at least one of the one or more audio output 
signals depending on said gain function return value 
obtained from said gain function, when being executed on a 
computer or signal processor. 

A system for generating one or more audio output signals 
is provided. The system comprises a decomposition module, 
a signal processor, and an output interface. The decompo-
sition module is configured to receive two or more audio 
input signals, wherein the decomposition module is confg-
ured to generate a direct component signal, comprising 
direct signal components of the two or more audio input 
signals, and wherein the decomposition module is confg-
ured to generate a diffuse component signal, comprising 
diffuse signal components of the two or more audio input 
signals. The signal processor is configured to receive the 
direct component signal, the diffuse component signal and 
direction information, said direction information depending 
on a direction of arrival of the direct signal components of 
the two or more audio input signals. Moreover, the signal 
processor is configured to generate one or more processed 
diffuse signals depending on the defuse component signal. 
For each audio output signal of the one or more audio output 
signals, the signal processor is configured to determine, 
depending on the direction of arrival, a direct gain, the signal 
processor is configured to apply said direct gain on the direct 
component signal to obtain a processed direct signal, and the 
signal processor is configured to combine said processed 
direct signal and one of the one or more processed diffuse 
signals to generate said audio output signal. The output 
interface is configured to output the one or more audio 
output signals. The signal processor comprises a gain func-
tion computation module for calculating one or more gain 
functions, wherein each gain function of the one or more 
gain functions, comprises a plurality of gain function argu-
ment values, wherein a gain function return value is assigned 
to each of said gain function argument values, wherein, 
when said gain function receives one of said gain function 
argument values, wherein said gain function is configured to 
return the gain function return value being assigned to said 
one of said gain function argument values. 

Moreover, the signal processor further comprises a signal 
modifier for selecting, depending on the direction of arrival, 
a direction dependent argument value from the gain function 
argument values of a gain function of the one or more gain 
functions, for obtaining the gain function return value being 
assigned to said direction dependent argument value from 
said gain function, and for determining the gain value of at 
least one of the one or more audio output signals depending 
on said gain function return value obtained from said gain 
function. 

According to an embodiment, the gain function compu-
tation module may, e.g., be configured to generate a lookup 
table for each gain function of the one or more gain 
functions, wherein the lookup table comprises a plurality of 
entries, wherein each of the entries of the lookup table 
comprises one of the gain function argument values and the 
gain function return value being assigned to said gain 
function argument value, wherein the gain function compu-
tation module may, e.g., be configured to store the lookup 
table of each gain function in persistent or non-persistent 
memory, and wherein the signal modifier may, e.g., be 
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configured to obtain the gain function return value being 
assigned to said direction dependent argument value by 
reading out said gain function return value from one of the 
one or more lookup tables being stored in the memory. 

5 In an embodiment, the signal processor may, e.g., be 
configured to determine two or more audio output signals, 
wherein the gain function computation module may, e.g., be 
configured to calculate two or more gain functions, wherein, 
for each audio output signal of the two or more audio output 

10 signals, the gain function computation module may, e.g., be 
configured to calculate a panning gain function being 
assigned to said audio output signal as one of the two or 
more gain functions, wherein the signal modifier may, e.g., 
be configured to generate said audio output signal depending 

15 on said panning gain function. 
According to an embodiment, the panning gain function 

of each of the two or more audio output signals may, e.g., 
have one or more global maxima, being one of the gain 
function argument values of said panning gain function, 

20 wherein for each of the one or more global maxima of said 
panning gain function, no other gain function argument 
value exists for which said panning gain function returns a 
greater gain function return value than for said global 
maxima, and wherein, for each pair of a first audio output 

25 signal and a second audio output signal of the two or more 
audio output signals, at least one of the one or more global 
maxima of the panning gain function of the first audio output 
signal may, e.g., be different from any of the one or more 
global maxima of the panning gain function of the second 

30 audio output signal. 
According to an embodiment, for each audio output signal 

of the two or more audio output signals, the gain function 
computation module may, e.g., be configured to calculate a 
window gain function being assigned to said audio output 

35 signal as one of the two or more gain functions, wherein the 
signal modifier may, e.g., be configured to generate said 
audio output signal depending on said window gain func-
tion, and wherein, if the argument value of said window gain 
function is greater than a lower window threshold and 

40 smaller than an upper window threshold, the window gain 
function is configured to return a gain function return value 
being greater than any gain function return value returned by 
said window gain function, if the window function argument 
value is smaller than the lower threshold, or greater than the 

45 upper threshold. 
In an embodiment, the window gain function of each of 

the two or more audio output signals has one or more global 
maxima, being one of the gain function argument values of 
said window gain function, wherein for each of the one or 

50 more global maxima of said window gain function, no other 
gain function argument value exists for which said window 
gain function returns a greater gain function return value 
than for said global maxima, and wherein, for each pair of 
a first audio output signal and a second audio output signal 

55 of the two or more audio output signals, at least one of the 
one or more global maxima of the window gain function of 
the first audio output signal may, e.g., be equal to one of the 
one or more global maxima of the window gain function of 
the second audio output signal. 

60 According to an embodiment, the gain function compu-
tation module may, e.g., be configured to further receive 
orientation information indicating an angular shift of a look 
direction with respect to the direction of arrival, and wherein 
the gain function computation module may, e.g., be config-

65 ured to generate the panning gain function of each of the 
audio output signals depending on the orientation informa-
tion. 
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In an embodiment, the gain function computation module 
may, e.g., be confgured to generate the window gain func-
tion of each of the audio output signals depending on the 
orientation information. 

According to an embodiment, the gain function compu-
tation module may, e.g., be configured to further receive 
zoom information, wherein the zoom information indicates 
an opening angle of a camera, and wherein the gain function 
computation module may, e.g., be configured to generate the 
panning gain function of each of the audio output signals 
depending on the zoom information. 

In an embodiment, the gain function computation module 
may, e.g., be confgured to generate the window gain func-
tion of each of the audio output signals depending on the 
zoom information. 

According to an embodiment, the gain function compu-
tation module may, e.g., be configured to further receive a 
calibration parameter for aligning a visual image and an 
acoustical image, and wherein the gain function computa-
tion module may, e.g., be configured to generate the panning 
gain function of each of the audio output signals depending 
on the calibration parameter. 

In an embodiment, the gain function computation module 
may, e.g., be confgured to generate the window gain func-
tion of each of the audio output signals depending on the 
calibration parameter. 

A system according to one of the preceding claims, the 
gain function computation module may, e.g., be confgured 
to receive information on a visual image, and the gain 
function computation module may, e.g., be configured to 
generate, depending on the information on a visual image, a 
blurring function returning complex gains to realize percep-
tual spreading of a sound source. 

Moreover, an apparatus for generating one or more audio 
output signals is provided. The apparatus comprises a signal 
processor and an output interface. The signal processor is 
configured to receive a direct component signal, comprising 
direct signal components of the two or more original audio 
signals, wherein the signal processor is configured to receive 
a diffuse component signal, comprising diffuse signal com-
ponents of the two or more original audio signals, and 
wherein the signal processor is configured to receive direc-
tion information, said direction information depending on a 
direction of arrival of the direct signal components of the 
two or more audio input signals. Moreover, the signal 
processor is configured to generate one or more processed 
diffuse signals depending on the defuse component signal. 
For each audio output signal of the one or more audio output 
signals, the signal processor is configured to determine, 
depending on the direction of arrival, a direct gain, the signal 
processor is configured to apply said direct gain on the direct 
component signal to obtain a processed direct signal, and the 
signal processor is configured to combine said processed 
direct signal and one of the one or more processed diffuse 
signals to generate said audio output signal. The output 
interface is configured to output the one or more audio 
output signals. The signal processor comprises a gain func-
tion computation module for calculating one or more gain 
functions, wherein each gain function of the one or more 
gain functions, comprises a plurality of gain function argu-
ment values, wherein a gain function return value is assigned 
to each of said gain function argument values, wherein, 
when said gain function receives one of said gain function 
argument values, wherein said gain function is configured to 
return the gain function return value being assigned to said 
one of said gain function argument values. Moreover, the 
signal processor further comprises a signal modifier for 

8 
selecting, depending on the direction of arrival, a direction 
dependent argument value from the gain function argument 
values of a gain function of the one or more gain functions, 
for obtaining the gain function return value being assigned 

5 to said direction dependent argument value from said gain 
function, and for determining the gain value of at least one 
of the one or more audio output signals depending on said 
gain function return value obtained from said gain function. 

Furthermore, a method for generating one or more audio 
10 output signals is provided. The method comprises: 

Receiving two or more audio input signals. 
Generating a direct component signal, comprising direct 

signal components of the two or more audio input 
signals. 

15 Generating a diffuse component signal, comprising dif-
fuse signal components of the two or more audio input 
signals. 

Receiving direction information depending on a direction 
of arrival of the direct signal components of the two or 

20 more audio input signals. 
Generating one or more processed diffuse signals depend-

ing on the defuse component signal. 
For each audio output signal of the one or more audio 

output signals, determining, depending on the direction 
25 of arrival, a direct gain, applying said direct gain on the 

direct component signal to obtain a processed direct 
signal, and combining said processed direct signal and 
one of the one or more processed diffuse signals to 
generate said audio output signal. And: 

30 Outputting the one or more audio output signals. 
Generating the one or more audio output signals com-

prises calculating one or more gain functions, wherein each 
gain function of the one or more gain functions, comprises 
a plurality of gain function argument values, wherein a gain 

35 function return value is assigned to each of said gain 
function argument values, wherein, when said gain function 
receives one of said gain function argument values, wherein 
said gain function is confgured to return the gain function 
return value being assigned to said one of said gain function 

40 argument values. Moreover, generating the one or more 
audio output signals comprises selecting, depending on the 
direction of arrival, a direction dependent argument value 
from the gain function argument values of a gain function of 
the one or more gain functions, for obtaining the gain 

45 function return value being assigned to said direction depen-
dent argument value from said gain function, and for deter-
mining the gain value of at least one of the one or more audio 
output signals depending on said gain function return value 
obtained from said gain function. 

50 Moreover, a method for generating one or more audio 
output signals is provided. The method comprises: 

Receiving a direct component signal, comprising direct 
signal components of the two or more original audio 
signals. 

55 Receiving a diffuse component signal, comprising diffuse 
signal components of the two or more original audio 
signals. 

Receiving direction information, said direction informa-
tion depending on a direction of arrival of the direct 

60 signal components of the two or more audio input 
signals. 

Generating one or more processed diffuse signals depend-
ing on the defuse component signal. 

For each audio output signal of the one or more audio 
65 output signals, determining, depending on the direction 

of arrival, a direct gain, applying said direct gain on the 
direct component signal to obtain a processed direct 
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signal, and the combining said processed direct signal 
and one of the one or more processed diffuse signals to 
generate said audio output signal. And: 

Outputting the one or more audio output signals. 
Generating the one or more audio output signals com- 5 

prises calculating one or more gain functions, wherein each 
gain function of the one or more gain functions, comprises 
a plurality of gain function argument values, wherein a gain 
function return value is assigned to each of said gain 
function argument values, wherein, when said gain function 10 

receives one of said gain function argument values, wherein 
said gain function is configured to return the gain function 
return value being assigned to said one of said gain function 
argument values. Moreover, generating the one or more 
audio output signals comprises selecting, depending on the 15 

direction of arrival, a direction dependent argument value 
from the gain function argument values of a gain function of 
the one or more gain functions, for obtaining the gain 
function return value being assigned to said direction depen-
dent argument value from said gain function, and for deter- 20 

mining the gain value of at least one of the one or more audio 
output signals depending on said gain function return value 
obtained from said gain function. 

Moreover, computer programs are provided, wherein each 
of the computer programs is configured to implement one of 25 

the above-described methods when being executed on a 
computer or signal processor, so that each of the above-
described methods is implemented by one of the computer 
programs. 

Furthermore, a system for generating one or more audio 30 

output signals is provided. The system comprises a decom-
position module, a signal processor, and an output interface. 
The decomposition module is configured to receive two or 
more audio input signals, wherein the decomposition mod-
ule is configured to generate a direct component signal, 35 

comprising direct signal components of the two or more 
audio input signals, and wherein the decomposition module 
is confgured to generate a diffuse component signal, com-
prising diffuse signal components of the two or more audio 
input signals. The signal processor is configured to receive 40 

the direct component signal, the diffuse component signal 
and direction information, said direction information 
depending on a direction of arrival of the direct signal 
components of the two or more audio input signals. More-
over, the signal processor is configured to generate one or 45 

more processed diffuse signals depending on the defuse 
component signal. For each audio output signal of the one or 
more audio output signals, the signal processor is confgured 
to determine, depending on the direction of arrival, a direct 
gain, the signal processor is configured to apply said direct 50 

gain on the direct component signal to obtain a processed 
direct signal, and the signal processor is configured to 
combine said processed direct signal and one of the one or 
more processed diffuse signals to generate said audio output 
signal. The output interface is configured to output the one 55 

or more audio output signals. 
According to embodiments, concepts are provided to 

achieve spatial sound recording and reproduction such that 
the recreated acoustical image may, e.g., be consistent to a 
desired spatial image, which is, for example, determined by 60 

the user at the far-end side or by a video-image. The 
proposed approach uses a microphone array at the near-end 
side which allows us to decompose the captured sound into 
direct sound components and a diffuse sound component. 
The extracted sound components are then transmitted to the 65 

far-end side. The consistent spatial sound reproduction may, 
e.g., be realized by a weighted sum of the extracted direct 

10 
sound and diffuse sound, where the weights depend on the 
desired spatial image to which the reproduced sound should 
be consistent, e.g., the weights depend on the look direction 
and zooming factor of the video camera, which may, e.g., be 
complimenting the audio recording. Concepts are provided 
which employ informed multi-channel filters for the extrac-
tion of the direct sound and diffuse sound. 

According to an embodiment, the signal processor may, 
e.g., be configured to determine two or more audio output 
signals, wherein for each audio output signal of the two or 
more audio output signals a panning gain function may, e.g., 
be assigned to said audio output signal, wherein the panning 
gain function of each of the two or more audio output signals 
comprises a plurality of panning function argument values, 
wherein a panning function return value may, e.g., be 
assigned to each of said panning function argument values, 
wherein, when said panning gain function receives one of 
said panning function argument values, said panning gain 
function may, e.g., be configured to return the panning 
function return value being assigned to said one of said 
panning function argument values, and wherein the signal 
processor may, e.g., be configured to determine each of the 
two or more audio output signals depending on a direction 
dependent argument value of the panning function argument 
values of the panning gain function being assigned to said 
audio output signal, wherein said direction dependent argu-
ment value depends on the direction of arrival. 

In an embodiment, the panning gain function of each of 
the two or more audio output signals has one or more global 
maxima, being one of the panning function argument values, 
wherein for each of the one or more global maxima of each 
panning gain function, no other panning function argument 
value exists for which said panning gain function returns a 
greater panning function return value than for said global 
maxima, and wherein, for each pair of a first audio output 
signal and a second audio output signal of the two or more 
audio output signals, at least one of the one or more global 
maxima of the panning gain function of the first audio output 
signal may, e.g., be different from any of the one or more 
global maxima of the panning gain function of the second 
audio output signal. 

According to an embodiment, the signal processor may, 
e.g., be confgured to generate each audio output signal of 
the one or more audio output signals depending on a window 
gain function, wherein the window gain function may, e.g., 
be configured to return a window function return value when 
receiving a window function argument value, wherein, if the 
window function argument value may, e.g., be greater than 
a lower window threshold and smaller than an upper win-
dow threshold, the window gain function may, e.g., be 
configured to return a window function return value being 
greater than any window function return value returned by 
the window gain function, if the window function argument 
value may, e.g., be smaller than the lower threshold, or 
greater than the upper threshold. 

In an embodiment, the signal processor may, e.g., be 
configured to further receive orientation information indi-
cating an angular shift of a look direction with respect to the 
direction of arrival, and wherein at least one of the panning 
gain function and the window gain function depends on the 
orientation information; or wherein the gain function com-
putation module may, e.g., be configured to further receive 
zoom information, wherein the zoom information indicates 
an opening angle of a camera, and wherein at least one of the 
panning gain function and the window gain function 
depends on the zoom information; or wherein the gain 
function computation module may, e.g., be configured to 
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further receive a calibration parameter, and wherein at least 
one of the panning gain function and the window gain 
function depends on the calibration parameter. 

According to an embodiment, the signal processor may, 
e.g., be configured to receive distance information, wherein 
the signal processor may, e.g., be configured to generate 
each audio output signal of the one or more audio output 
signals depending on the distance information. 

According to an embodiment, the signal processor may, 
e.g., be configured to receive an original angle value depend-
ing on an original direction of arrival, being the direction of 
arrival of the direct signal components of the two or more 
audio input signals, and may, e.g., be configured to receive 
the distance information, wherein the signal processor may, 
e.g., be confgured to calculate a modified angle value 
depending on the original angle value and depending on the 
distance information, and wherein the signal processor may, 
e.g., be configured to generate each audio output signal of 
the one or more audio output signals depending on the 
modified angle value. 

According to an embodiment, the signal processor may, 
e.g., be confgured to generate the one or more audio output 
signals by conducting low pass filtering, or by adding 
delayed direct sound, or by conducting direct sound attenu-
ation, or by conducting temporal smoothing, or by conduct-
ing direction of arrival spreading, or by conducting decor-
relation. 

In an embodiment, the signal processor may, e.g., be 
configured to generate two or more audio output channels, 
wherein the signal processor may, e.g., be configured to 
apply the diffuse gain on the diffuse component signal to 
obtain an intermediate diffuse signal, and wherein the signal 
processor may, e.g., be configured to generate one or more 
decorrelated signals from the intermediate diffuse signal by 
conducting decorrelation, wherein the one or more decor-
related signals form the one or more processed diffuse 
signals, or wherein the intermediate diffuse signal and the 
one or more decorrelated signals form the one or more 
processed diffuse signals. 

According to an embodiment, the direct component signal 
and one or more further direct component signals form a 
group of two or more direct component signals, wherein the 
decomposition module may, e.g., be configured may, e.g., be 
configured to generate the one or more further direct com-
ponent signals comprising further direct signal components 
of the two or more audio input signals, wherein the direction 
of arrival and one or more further direction of arrivals form 
a group of two or more direction of arrivals, wherein each 
direction of arrival of the group of the two or more direction 
of arrivals may, e.g., be assigned to exactly one direct 
component signal of the group of the two or more direct 
component signals, wherein the number of the direct com-
ponent signals of the two or more direct component signals 
and the number of the direction of arrivals of the two 
direction of arrivals may, e.g., be equal, wherein the signal 
processor may, e.g., be configured to receive the group of the 
two or more direct component signals, and the group of the 
two or more direction of arrivals, and wherein, for each 
audio output signal of the one or more audio output signals, 
the signal processor may, e.g., be configured to determine, 
for each direct component signal of the group of the two or 
more direct component signals, a direct gain depending on 
the direction of arrival of said direct component signal, the 
signal processor may, e.g., be configured to generate a group 
of two or more processed direct signals by applying, for each 
direct component signal of the group of the two or more 
direct component signals, the direct gain of said direct 
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component signal on said direct component signal, and the 
signal processor may, e.g., be configured to combine one of 
the one or more processed diffuse signals and each processed 
signal of the group of the two or more processed signals to 

5 generate said audio output signal. 
In an embodiment, the number of the direct component 

signals of the group of the two or more direct component 
signals plus 1 may, e.g., be smaller than the number of the 
audio input signals being received by the receiving interface. 

10 Moreover, a hearing aid or an assistive listening device 
comprising a system as described above may, e.g., be 
provided. 

Moreover, an apparatus for generating one or more audio 

15 
output signals is provided. The apparatus comprises a signal 
processor and an output interface. The signal processor is 
configured to receive a direct component signal, comprising 
direct signal components of the two or more original audio 
signals, wherein the signal processor is configured to receive 

20 a diffuse component signal, comprising diffuse signal com-
ponents of the two or more original audio signals, and 
wherein the signal processor is configured to receive direc-
tion information, said direction information depending on a 
direction of arrival of the direct signal components of the 

25 two or more audio input signals. Moreover, the signal 
processor is configured to generate one or more processed 
diffuse signals depending on the defuse component signal. 
For each audio output signal of the one or more audio output 
signals, the signal processor is configured to determine, 

30 depending on the direction of arrival, a direct gain, the signal 
processor is configured to apply said direct gain on the direct 
component signal to obtain a processed direct signal, and the 
signal processor is configured to combine said processed 
direct signal and one of the one or more processed diffuse 

35 signals to generate said audio output signal. The output 
interface is configured to output the one or more audio 
output signals. 

Furthermore, a method for generating one or more audio 
output signals is provided. The method comprises: 

40 Receiving two or more audio input signals. 
Generating a direct component signal, comprising direct 

signal components of the two or more audio input 
signals. 

Generating a diffuse component signal, comprising dif-
45 fuse signal components of the two or more audio input 

signals. 
Receiving direction information depending on a direction 

of arrival of the direct signal components of the two or 
more audio input signals. 

50 Generating one or more processed diffuse signals depend-
ing on the defuse component signal. 

For each audio output signal of the one or more audio 
output signals, determining, depending on the direction 
of arrival, a direct gain, applying said direct gain on the 

55 direct component signal to obtain a processed direct 
signal, and combining said processed direct signal and 
one of the one or more processed diffuse signals to 
generate said audio output signal. And: 

Outputting the one or more audio output signals. 
60 Moreover, a method for generating one or more audio 

output signals is provided. The method comprises: 
Receiving a direct component signal, comprising direct 

signal components of the two or more original audio 
signals. 

65 Receiving a diffuse component signal, comprising diffuse 
signal components of the two or more original audio 
signals. 
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Receiving direction information, said direction informa-
tion depending on a direction of arrival of the direct 
signal components of the two or more audio input 
signals. 

Generating one or more processed diffuse signals depend-
ing on the defuse component signal. 

For each audio output signal of the one or more audio 
output signals, determining, depending on the direction 
of arrival, a direct gain, applying said direct gain on the 
direct component signal to obtain a processed direct 
signal, and the combining said processed direct signal 
and one of the one or more processed diffuse signals to 
generate said audio output signal. And: 

Outputting the one or more audio output signals. 
Moreover, computer programs are provided, wherein each 

of the computer programs is configured to implement one of 
the above-described methods when being executed on a 
computer or signal processor, so that each of the above-
described methods is implemented by one of the computer 
programs. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Embodiments of the present invention will be described 
below in more detail with reference to the figures, in which: 

FIG. la illustrates a system according to an embodiment, 
FIG. lb illustrates an apparatus according to an embodi-

ment, 
FIG. lc illustrates a system according to another embodi-

ment, 
FIG. ld illustrates an apparatus according to another 

embodiment, 
FIG. 2 shows a system according to another embodiment, 
FIG. 3 depicts modules for direct/diffuse decomposition 

and for parameter of a estimation of a system according to 
an embodiment, 

FIG. 4 shows a first geometry for acoustic scene repro-
duction with acoustic zooming according to an embodiment, 
wherein a sound source is located on a focal plane, 

FIG. 5a-b illustrates panning functions for consistent 
scene reproduction and for acoustical zoom, 

FIG. 6a-c depicts further panning functions for consistent 
scene reproduction and for acoustical zoom according to 
embodiments, 

FIG. 7a-c illustrates example window gain functions for 
various situations according to embodiments, 

FIG. 8 shows a diffuse gain function according to an 
embodiment, 

FIG. 9 depicts a second geometry for acoustic scene 
reproduction with acoustic zooming according to an 
embodiment, wherein a sound source is not located on a 
focal plane, 

FIG. 10a-c illustrates functions to explain the direct sound 
blurring, and 

FIG. 11 visualizes hearing aids according to embodi-
ments. 

DETAILED DESCRIPTION OF THE 
INVENTION 

FIG. la illustrates a system for generating one or more 
audio output signals is provided. The system comprises a 
decomposition module 101, a signal processor 105, and an
output interface 106. 

The decomposition module 101 is configured to generate 
a direct component signal Xd(k, n), comprising direct 
signal components of the two or more audio input signals 
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x1(k, n), x2(k, n), . . . x,(k, n). Moreover, the decomposition 
module 101 is configured to generate a diffuse component 
signal Xd/k, n), comprising diffuse signal components of 
the two or more audio input signals x1(k, n), x2(k, n), . 

5 x,(k, n). 
The signal processor 105 is configured to receive the 

direct component signal Xd(k, n), the diffuse component 
signal Xd(k, n) and direction information, said direction 
information depending on a direction of arrival of the direct 

10 signal components of the two or more audio input signals 
x1(k, n), x2(k, n), . . . x,(k, n). 

Moreover, the signal processor 105 is configured to 
generate one or more processed diffuse signals Yd l(k, n), 
Yd 2(k, n). . . . .Yd (k, n) depending on the defuse 

15 component signal Xd/k, n). 
For each audio output signal Y(k, n) of the one or more 

audio output signals Y1(k, n), Y2(k, n). . . . .Y(k, n), the 
signal processor 105 is configured to determine, depending 
on the direction of arrival, a direct gain G(k, n), the signal 

20 processor 105 is configured to apply said direct gain G(k, n) 
on the direct component signal Xd(k, n) to obtain a pro-
cessed direct signal Yd (k, n), and the signal processor 105 
is configured to combine said processed direct signal dj j 
(k, n) and one Yd (k, n) of the one or more processed 

25 diffuse signals Yd l(k, n), Yd 2(k, n). . . . .Yd (k, n) to 
generate said audio output signal Y(k, n). 

The output interface 106 is configured to output the one 
or more audio output signals Y1(k, n), Y2(k, n). . . . .Y(k, 
n). 

30 As outlined, the direction information depends on a 
direction of arrival cp(k, n) of the direct signal components 
of the two or more audio input signals x1(k, n), 
x2(k, n), . . . x,(k, n). For example, the direction of arrival 
of the direct signal components of the two or more audio 

35 input signals x1(k, n), x2(k, n), . . . x,(k, n) may, e.g., itself 
be the direction information. Or, for example, the direction 
information, may, for example, be the propagation direction 
of the direct signal components of the two or more audio 
input signals x1(k, n), x2(k, n), . . . x,(k, n). While the 

40 direction of arrival points from a receiving microphone array 
to a sound source, the propagation direction points from the 
sound source to the receiving microphone array. Thus, the 
propagation direction points in exactly the opposite direction 
of the direction of arrival and therefore depends on the 

45 direction of arrival. 
To generate one Y(k, n) of the one or more audio output 

signals Y1(k, n), Y2(k, n). . . . .Y(k, n), the signal processor 
105 

determines, depending on the direction of arrival, a direct 
50 gain G(k, n), 

apply said direct gain G(k, n) on the direct component 
signal Xd(k, n) to obtain a processed direct signal 
Yd (k, n), and 

combine said processed direct signal Yd (k, n) and one 
55 n) of the one or more processed diffuse signals 

Yd l(k, n), Yd 2(k, n). . . . .Yd (k, n) to generate 
said audio output signal Y(k, n) 

This is done for each of the one or more audio output 
signals Y1(k, n), Y2(k, n). . . . .Y(k, n) that shall be 

60 generated Y1(k, n), Y2(k, n). . . . .Y(k, n). The signal 
processor may, for example, be configured to generate one, 
two, three or more audio output signals Y1(k, n), 
Y2(k, n). . . . .Y(k, n). 

Regarding the one or more processed diffuse signals 
65 Yd (k, n), Yd 2(k, n). . . . .Yd (k, n), according to an

embodiment, the signal processor 105 may, for example, be 
configured to generate the one or more processed diffuse 
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signals Yd l(k, n), Yd 2(k, n) . Yd (k, n) by applying 
a diffuse gain Q(k, n) on the diffuse component signal 
Xd /k, n). 

The decomposition module 101 is confgured may, e.g, 
generate the direct component signal Xd(k, n), comprising 
the direct signal components of the two or more audio input 
signals x1(k, n), x2(k, n), . . . x,(k, n), and the diffuse 
component signal Xd/k, n), comprising diffuse signal com-
ponents of the two or more audio input signals x1(k, n), x2(k, 
n), . . . x,(k, n), by decomposing the one or more audio input 
signals into the direct component signal and into the diffuse 
component signal. 

In a particular embodiment, the signal processor 105 may, 
e.g., be configured to generate two or more audio output 
channels Y1(k, n), Y2(k, n). . . . .Y(k, n). The signal 
processor 105 may, e.g., be confgured to apply the diffuse 
gain Q(k, n) on the diffuse component signal Xd/k, n) to 
obtain an intermediate diffuse signal. Moreover, the signal 
processor 105 may, e.g., be configured to generate one or 
more decorrelated signals from the intermediate diffuse 
signal by conducting decorrelation, wherein the one or more 
decorrelated signals form the one or more processed diffuse 
signals Yd l(k, n), Yd 2(k, n). . . . .Yd (k, n), or wherein 
the intermediate diffuse signal and the one or more decor-
related signals form the one or more processed diffuse 
signals Yd l(k, n), Yd 2(k, n). . . . .Yd (k, n). 

For example, the number of processed diffuse signals 
Yd l(k, n), Yd 2(k, n). . . . .Yd (k, n) and the number of 
audio output signals may, e.g., be equal Y1(k, n), 
Y2(k, n). . . . .Y(k, n). 

Generating the one or more decorrelated signals from the 
intermediate diffuse signal may, e.g, be conducted by apply-
ing delays on the intermediate diffuse signal, or, e.g., by 
convolving the intermediate diffuse signal with a noise burst, 
or, e.g., by convolving the intermediate diffuse signal with 
an impulse response, etc. Any other state of the art decor-
relation technique may, e.g., alternatively or additionally be 
applied. 

For obtaining v audio output signals Y1(k, n), 
Y2(k, n). . . . .Y(k, n), v determinations of the v direct gains 
G1(k, n), G2(k, n). . . . .G(k, n) and v applications of the 
respective gain on the one or more direct component signals 
Xd (k, n) may, for example, be employed to obtain the v 
audio output signals Y1(k, n), Y2(k, n). . . . .Y(k, n). 

Only a single diffuse component signal Xd,l/k, n), only 
one determination of a single diffuse gain Q(k, n) and only 
one application of the diffuse gain Q(k, n) on the diffuse 
component signal Xd/k, n) may, e.g, be needed to obtain 
the v audio output signals Y1(k, n), Y2(k, n). . . . .Y(k, n). 
To achieve decorrelation, decorrelation techniques may be 
applied only after the diffuse gain has already been applied 
on the diffuse component signal. 

According to the embodiment of FIG. la, the same 
processed diffuse signal Yd/k, n) is then combined with the 
corresponding one (Yd l(k, n) of the processed direct 
signals to obtain the corresponding one (Y(k, n)) of the 
audio output signals. 

The embodiment of FIG. la takes the direction of arrival 
of the direct signal components of the two or more audio 
input signals x1(k, n), x2(k, n), . . . x,(k, n) into account. 
Thus, the audio output signals Y1(k, n), Y2(k, n). . . . .Y(k, 
n) can be generated by flexibly adjusting the direct compo-
nent signals Xd(k,  n) and diffuse component signals Xd (k, 
n) depending on the direction of arrival. Advanced adapta-
tion possibilities are achieved. 

16 
According to embodiments, the audio output signals Y1(k, 

n), Y2(k, n). . . . .Y(k, n) may, e.g., be determined for each 
time-frequency bin (k, n) of a time-frequency domain. 

According to an embodiment, the decomposition module 
5 101 may, e.g., be configured to receive two or more audio 

input signals x1(k, n), x2(k, n), . . . x,(k, n). In another 
embodiment, the, decomposition module 101 may, e.g., be 
configured to receive three or more audio input signals x1(k, 
n), x2(k, n), . . . x,(k, n). The decomposition module 101 

10 may, e.g., be configured to decompose the two or more (or 
three or more audio input signals) x1(k, n), x2(k, n), . . . x,(k, 
n) into the diffuse component signal Xd/k, n), which is not 
a multi-channel signal, and into the one or more direct 
component signals Xd(k, n). 

15 That an audio signal is not a multi-channel signal means 
that the audio signal does itself not comprise more than one 
audio channel. Thus, the audio information of the plurality 
of audio input signals is transmitted within the two compo-
nent signals (Xd (k, n), Xd(k, n)) (and possibly in addi-

20 tional side information), which allows efficient transmission. 
The signal processor 105, may, e.g., be configured to 

generate each audio output signal Y(k, n) of two or more 
audio output signals Y1(k, n), Y2(k, n). . . . .Y(k, n) by 
determining the direct gain G(k, n) for said audio output 

25 signal Y(k, n), by applying said direct gain G(k, n) on the 
one or more direct component signals Xd(k, n) to obtain the 
processed direct signal Yd (k, n) for said audio output 
signal Y(k, n), and by combining said processed direct 
signal Yd (k, n) for said audio output signal Y(k, n) and the 

30 processed diffuse signal Yd/k, n) to generate said audio 
output signal Y(k, n). The output interface 106 is configured 
to output the two or more audio output signals Y1(k, n), 
Y2(k, n). . . . .Y(k, n). Generating two or more audio output 
signals Y1(k, n), Y2(k, n). . . . .Y(k, n) by determining only 

35 a single processed diffuse signal Yd/k, n) is particularly 
advantageous. 

FIG. lb illustrates an apparatus for generating one or 
more audio output signals Y1(k, n), Y2(k, n). . . . .Y(k, n) 
according to an embodiment. The apparatus implements the 

40 so-called "far-end" side of the system of FIG. la. 
The apparatus of FIG. lb comprises a signal processor 

105, and an output interface 106. 
The signal processor 105 is configured to receive a direct 

component signal Xd(k, n), comprising direct signal com-
45 ponents of the two or more original audio signals x1(k, n), 

x2(k, n), . . . x,(k, n) (e.g., the audio input signals of FIG. la). 
Moreover, the signal processor 105 is configured to receive 
a diffuse component signal Xd/k, n), comprising diffuse 
signal components of the two or more original audio signals 

50 x1(k, n), x2(k, n), . . . x,(k, n). Furthermore, the signal 
processor 105 is configured to receive direction information, 
said direction information depending on a direction of 
arrival of the direct signal components of the two or more 
audio input signals. 

55 The signal processor 105 is configured to generate one or 
more processed diffuse signals Yd l(k, n), 
Yd 2(k, n). . . . .Yd (k, n) depending on the defuse 
component signal Xd/k, n). 

For each audio output signal Y(k, n) of the one or more 
60 audio output signals Y1(k, n), Y2(k, n). . . . .Y(k, n), the 

signal processor 105 is configured to determine, depending 
on the direction of arrival, a direct gain G(k, n), the signal 
processor 105 is configured to apply said direct gain G(k, n) 
on the direct component signal Xd(k, n) to obtain a pro-

65 cessed direct signal Yd (k, n), and the signal processor 105 
is configured to combine said processed direct signal dj j 
(k, n) and one Yd (k, n) of the one or more processed 
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diffuse signals Yd l(k, n), Yd 2(k, n) . Yd (k, n) to 
generate said audio output signal Y(k, n). 

The output interface 106 is configured to output the one 
or more audio output signals Y1(k, n), Y2(k, n). . . . .Y(k, 
n). 

All configurations of the signal processor 105 described 
with reference to the system in the following, may also be 
implemented in an apparatus according to FIG. lb. This 
relates in particular to the various configurations of signal 
modifier 103 and gain function computation module 104 
which are described below. The same applies for the various 
application examples of the concepts described below. 

FIG. lc illustrates a system according to another embodi-
ment. In FIG. lc, the signal generator 105 of FIG. la further 
comprises a gain function computation module 104 for 
calculating one or more gain functions, wherein each gain 
function of the one or more gain functions, comprises a 
plurality of gain function argument values, wherein a gain 
function return value is assigned to each of said gain 
function argument values, wherein, when said gain function 
receives one of said gain function argument values, wherein 
said gain function is configured to return the gain function 
return value being assigned to said one of said gain function 
argument values. 

Furthermore, the signal processor 105 further comprises a 
signal modifier 103 for selecting, depending on the direction 
of arrival, a direction dependent argument value from the 
gain function argument values of a gain function of the one 
or more gain functions, for obtaining the gain function return 
value being assigned to said direction dependent argument 
value from said gain function, and for determining the gain 
value of at least one of the one or more audio output signals 
depending on said gain function return value obtained from 
said gain function. 

FIG. ld illustrates a system according to another embodi-
ment. In FIG. ld, the signal generator 105 of FIG. lb further 
comprises a gain function computation module 104 for 
calculating one or more gain functions, wherein each gain 
function of the one or more gain functions, comprises a 
plurality of gain function argument values, wherein a gain 
function return value is assigned to each of said gain 
function argument values, wherein, when said gain function 
receives one of said gain function argument values, wherein 
said gain function is configured to return the gain function 
return value being assigned to said one of said gain function 
argument values. 

Furthermore, the signal processor 105 further comprises a 
signal modifier 103 for selecting, depending on the direction 
of arrival, a direction dependent argument value from the 
gain function argument values of a gain function of the one 
or more gain functions, for obtaining the gain function return 
value being assigned to said direction dependent argument 
value from said gain function, and for determining the gain 
value of at least one of the one or more audio output signals 
depending on said gain function return value obtained from 
said gain function. 

Embodiments provide recording and reproducing the spa-
tial sound such that the acoustical image is consistent with 
a desired spatial image, which is determined for instance by 
a video which is complimenting the audio at the far-end side. 
Some embodiments are based on recordings with a micro-
phone array located in the reverberant near-end side. 
Embodiments provide, for example, an acoustical zoom 
which is consistent to the visual zoom of a camera. For 
example, when zooming in, the direct sound of the speakers 
is reproduced from the direction where the speakers would 
be located in the zoomed visual image, such that the visual 

18 
and acoustical image are aligned. If the speakers are located 
outside the visual image (or outside a desired spatial region) 
after zooming in, the direct sound of these speakers can be 
attenuated, as these speakers are not visible anymore, or, for 

5 example, as the direct sound from these speakers is not 
desired. Moreover, the direct-to-reverberation ratio may, 
e.g., be increased when zooming in to mimic the smaller 
opening angle of the visual camera. 

Embodiments are based on the concept to separate the 
10 recorded microphone signals into the direct sound of the 

sound sources and the diffuse sound, e.g., reverberant sound, 
by applying two recently multi-channel filters at the near-
end side. These multi-channel filters may, e.g., be based on 

15 parametric information of the sound field, such as the DOA 
of the direct sound. In some embodiments, the separated 
direct sound and diffuse sound may, e.g., be transmitted to 
the far-end side together with the parametric information. 

For example, at the far-end side, specific weights may, 
20 e.g., be applied to the extracted direct sound and diffuse 

sound, which adjust the reproduced acoustical image such 
that the resulting audio output signals are consistent with a 
desired spatial image. These weights model, for example, 
the acoustical zoom effect and depend, for example, on the 

25 direction of arrival (DOA) of the direct sound and, for 
example, on a zooming factor and/or a look direction of a 
camera. The final audio output signals may, e.g., then be 
obtained by summing up the weighted direct sound and 
diffuse sound. 

30 The provided concepts realize an efficient usage in the 
aforementioned video recording scenario with consumer 
devices or in a teleconferencing scenario: For example, in 
the video recording scenario, it may, e.g., be sufficient to 
store or transmit the extracted direct sound and diffuse sound 

35 (instead of all microphone signals) while still being able to 
control the recreated spatial image. 

This means, if for instance a visual zoom is applied in a 
post-processing step (digital zoom), the acoustical image 
may still be modified accordingly without the need to store 

40 and access the original microphone signals. In the telecon-
ferencing scenario, the proposed concepts can also be used 
efficiently, since the direct and diffuse sound extraction can 
be carried out at the near-end side while still being able to 
control the spatial sound reproduction (e.g., changing the 

45 loudspeaker setup) at the far-end side and to align the 
acoustical and visual image. Therefore, it is only necessi-
tated to transmit only few audio signals and the estimated 
DOAs as side information, while the computational com-
plexity at the far-end side is low. 

50 FIG. 2 illustrates a system according to an embodiment. 
The near-end side comprises the modules 101 and 102. The 
far-end side comprises the module 105 and 106. Module 105 
itself comprises the modules 103 and 104. When reference 
is made to a near-end side and to a far-end side, it is 

55 understood that in some embodiments, a first apparatus may 
implement the near-end side (for example, comprising the 
modules 101 and 102), and a second apparatus may imple-
ment the far end side (for example, comprising the modules 
103 and 104), while in other embodiments, a single appa-

60 ratus implements the near-end side as well as the far-end 
side, wherein such a single apparatus, e.g., comprises the 
modules 101, 102, 103 and 104. 

In particular, FIG. 2 illustrates a system according to an
embodiment comprising a decomposition module 101, a 

65 parameter estimation module 102, a signal processor 105, 
and an output interface 106. In FIG. 2, the signal processor 
105 comprises a gain function computation module 104 and 
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a signal modifier 103. The signal processor 105 and the 
output interface 106 may, e.g., realize an apparatus as 
illustrated by FIG. lb. 

In FIG. 2, inter alia, the parameter estimation module 102 
may, e.g., be configured to receive the two or more audio 
input signals x1(k, n), x2(k, n), . . . x,(k, n). Furthermore the 
parameter estimation module 102 may, e.g., be configured to 
estimate the direction of arrival of the direct signal compo-
nents of the two or more audio input signals x1(k, n), x2(k, 
n), . . . x,(k, n) depending on the two or more audio input 
signals. The signal processor 105 may, e.g., be configured to 
receive the direction of arrival information comprising the 
direction of arrival of the direct signal components of the 
two or more audio input signals from the parameter estima-
tion module 102. 

The input of the system of FIG. 2 consists of M micro-
phone signals X1 Jk, n) in the time-frequency domain 
(frequency index k, time index n). It may, e.g., be assumed 
that the sound field, which is captured by the microphones, 
consists for each (k, n) of a plane wave propagating in an 
isotropic diffuse field. The plane wave models the direct 
sound of the sound sources (e.g., speakers) while the diffuse 
sound models the reverberation. 

According to such a model, the m-th microphone signal 
can be written as 

X(kn)=Xd (kn)+Xd (kn)+X (k,n), (1) 

where Xdjm(k, n) is the measured direct sound (plane 
wave), Xdm(k, n) is the measured diffuse sound, and 
X, m(k, n) is a noise component (e.g., a microphone self-
noise). 

In decomposition module 101 in FIG. 2 (direct/diffuse 
decomposition), the direct sound Xd(k, n) and diffuse 
sound Xd/k, n) is extracted from the microphone signals. 
For this purpose, for example, informed multi-channel filters 
as described below may be employed. For the direct/diffuse 
decomposition, specific parametric information on the sound 
field may, e.g., be employed, for example, the DOA of the 
direct sound cp(k, n). This parametric information may, e.g., 
be estimated from the microphone signals in the parameter 
estimation module 102. Besides the DOA cp(k, n) of the 
direct sound, in some embodiments, a distance information 
r(k, n) may, e.g., be estimated. This distance information 
may, for example, describe the distance between the micro-
phone array and the sound source, which is emitting the 
plane wave. For the parameter estimation, distance estima-
tors and/or state-of-the-art DOA estimators, may for 
example, be employed. Corresponding estimators may, e.g., 
be described below. 

The extracted direct sound Xd(k, n), extracted diffuse 
sound Xd(k, n), and estimated parametric information of 
the direct sound, for example, DOA cp(k, n) and/or distance 
r(k, n), may, e.g., then be stored, transmitted to the far-end 
side, or immediately be used to generate the spatial sound 
with the desired spatial image, for example, to create the 
acoustic zoom effect. 

The desired acoustical image, for example, an acoustical 
zoom effect, is generated in the signal modifier 103 using the 
extracted direct sound Xd(k, n), the extracted diffuse sound 
Xd /k, n), and the estimated parametric information cp(k, n) 
and/or r(k, n). 

The signal modifier 103 may, for example, compute one 
or more output signals Y(k, n) in the time-frequency domain 
which recreate the acoustical image such that it is consistent 
with the desired spatial image. For example, the output 
signals Y(k, n) mimic the acoustical zoom effect. These 
signals can be finally transformed back into the time-domain 

20 
and played back, e.g., over loudspeakers or headphones. The 
i-th output signal Y(k, n) is computed as a weighted sum of 
the extracted direct sound Xd(k, n) and diffuse sound 
Xd /k, n), e.g., 

Y(k, n) = G(k, n)Xd (k, n) + f{QXd (k, n)} (2a) 

Ya (k, ) 

10 = n) + Ydif (k, n). (2b) 

In formulae (2a) and (2b), the weights G1(k, n) and Q are 
parameters that are used to create the desired acoustical 
image, e.g., the acoustical zoom effect. For example, when 

15 zooming in, the parameter Q can be reduced such that the 
reproduced diffuse sound is attenuated. 

Moreover, with the weights G(k, n) it can be controlled 
from which direction the direct sound is reproduced such 
that the visual and acoustical image is aligned. Moreover, an

20 acoustical blurring effect can be aligned to the direct sound. 
In some embodiments, the weights G(k, n) and Q may, 

e.g., be determined in gain selection units 201 and 202. 
These units may, e.g., select the appropriate weights G(k, n) 
and Q from two gain functions, denoted by g, and q, 

25 depending on the estimated parametric information cp(k, n) 
and r(k, n). Expressed mathematically, 

G(k,n)=g( ,r), (3a) 

Q(k,n)=cj(r) (3b) 

In some embodiments, the gain functions g, and q may 
depend on the application and may, for example, be gener-
ated in gain function computation module 104. The gain 
functions describe which weights G(k, n) and Q should be 

35 used in (2a) for a given parametric information cp(k, n) 
and/or r(k, n) such that the desired consistent spatial image 
are obtained. 

For example, when zooming in with the visual camera, 
the gain functions are adjusted such that the sound is 

40 reproduced from the directions where the sources are visible 
in the video. The weights G(k, n) and Q and underlying gain 
functions g, and q are further described below. It should be 
noted that the weights G(k, n) and Q and underlying gain 
functions g, and q may, e.g., be complex-valued. Computing 

45 the gain functions necessitates information such as the 
zooming factor, width of the visual image, desired look 
direction, and loudspeaker setup. 

In other embodiments, the weights are G(k, n) and Q are 
directly computed within the signal modifier 103, instead of 

50 at first computing the gain functions in module 104 and then 
selecting the weights G(k, n) and Q from the computed gain 
functions in the gain selection units 201 and 202. 

According to embodiments, more than one plane wave 
per time-frequency may, e.g., be specifically processed. For 

55 example, two or more plane waves in the same frequency 
band from two different directions may, e.g., arrive be 
recorded by a microphone array at the same point-in-time. 
These two plane waves may each have a different direction 
of arrival. In such scenarios, the direct signal components of 

60 the two or more plane waves and their direction of arrivals 
may, e.g., be separately considered. 

According to embodiments, the direct component signal 
Xdl (k, n) and one or more further direct component signals 
Xd2(k, n). . . . .Xd q(k, n) may, e.g, form a group of two 

65 or more direct component signals Xdl(k, n), 
Xd2(k, n). . . . .Xd q(k, n), wherein the decomposition 
module 101 may, e.g., be configured is configured to gen-
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erate the one or more further direct component signals 
Xd2(k, n). . . . .Xd q(k, n) comprising further direct signal 
components of the two or more audio input signals x1(k, n), 
x2(k, n), . . . x,(k, n). 

The direction of arrival and one or more further direction 5 

of arrivals form a group of two or more direction of arrivals, 
wherein each direction of arrival of the group of the two or 
more direction of arrivals is assigned to exactly one direct 
component signal XdJ(k, n) of the group of the two or more 
direct component signals Xdl(k,  n), Xd2(k, n). . . . . 10 

Xd q,m(k, n), wherein the number of the direct component 
signals of the two or more direct component signals and the 
number of the direction of arrivals of the two direction of 
arrivals is equal. 

The signal processor 105 may, e.g., be configured to 15 

receive the group of the two or more direct component 
signals Xdl  (k, n), Xd2(k, n). . . . .Xd q(k, n), and the 
group of the two or more direction of arrivals. 

For each audio output signal Y(k, n) of the one or more 
audio output signals Y1(k, n), Y2(k, n). . . . .Y(k, n), 20 

The signal processor 105 may, e.g, be configured to 
determine, for each direct component signal XdJ(k, n) 
of the group of the two or more direct component 
signals Xdl(k,  n), Xd2(k, n). . . . .Xdi g(k, n), a direct 
gain E (k, n) depending on the direction of arrival of 25 

said direct component signal XdJ(k, n), 
The signal processor 105 may, e.g., be configured to 

generate a group of two or more processed direct 
signals Ydl (k, n), Yd2 (k, n). . . . . .'1'di q,i(k, n) by 
applying, for each direct component signal XdJ(k, n) 30 

of the group of the two or more direct component 
signals Xdl(k,  n), Xd2(k, n). . . . .Xd q(k, n), the 
direct gain n) of said direct component signal 
XdJ (k, n) on said direct component signal XdJ(k, n). 
And: 35 

The signal processor 105 may, e.g., be configured to 
combine one Yd (k, n) of the one or more processed 
diffuse signals Yd l(k, n), Yd 2(k, n). . . . .Yd (k, n) 
and each processed signal YdJl(k,  n) of the group of 
the two or more processed signals Ydl (k, n), Yd2(k,  40 

n). . . . . q,j(k, n) to generate said audio output signal 
Y(k, n). 

Thus, if two or more plane waves are separately consid-
ered, the model of formula (1) becomes: subject to the linear constraint 

+X,. q, (k,fl)+ 
Xd,(k,n)+X (k,n) 

and the weights may, e.g., be computed analogously to 
formulae (2a) and (2b) according to: 

Y(k, n) = G1, (k, n)Xai(k, n) + G2, (k, n)Xa2(k, n) + + 

Gq,i (k, n)Xaj,q(k, n) + QXaw m 
(k, n) 

= Yai,i, (k, n) + Ydj2j (k, n) + + Ydi,qi (k, n) + Yaff (k, n) 

It is sufficient that only a few direct component signals, a 
diffuse component signal and side information is transmitted 
from a near-end side to a far-end side. In an embodiment, the 
number of the direct component signal(s) of the group of the 
two or more direct component signals Xdl(k, n), Xd2(k, 
n). . . . .Xd q(k, n) plus 1 is smaller than the number of the 
audio input signals x1(k, n), x2(k, n), . . . x,(k, n) being 
received by the receiving interface 101. (using the indices: 
q+1<p) "plus 1" represents the diffuse component signal 
Xd /k, n) that is needed. 

When in the following, explanations are provided with 
respect to a single plane wave, to a single direction of arrival 
and to a single direct component signal, it is to be understood 
that the explained concepts are equally applicable to more 
than one plane wave, more than one direction of arrival and 
more than one direct component signal. 

In the following, direct and diffuse Sound Extraction is 
described. Practical realizations of the decomposition mod-
ule 101 of FIG. 2, which realizes the direct/diffuse decom-
position, are provided. 

In embodiments, to realize the consistent spatial sound 
reproduction, the output of two recently proposed informed 
linearly constrained minimum variance (LCMV) filters 
described in [8] and [9] are combined, which enable an
accurate multi-channel extraction of direct sound and diffuse 
sound with a desired arbitrary response assuming a similar 
sound field model as in DirAC (Directional Audio Coding). 
A specific way of combining these filters according to an
embodiment is now described in the following: 

At first, direct sound extraction according to an embodi-
ment is described. 

The direct sound is extracted using the recently proposed 
informed spatial filter described in [8]. This filter is briefly 
reviewed in the following and then formulated such that it 
can be used in embodiments according to FIG. 2. 

The estimated desired direct signal dj j (k,n) for the i-th 
loudspeaker channel in (2b) and FIG. 2 is computed by 
applying a linear multi-channel filter to the microphone 
signals, e.g., 

'dfri(&n)=wdfri (&n)x(&n), (4) 

where the vector x(k, n)=[X1(k, n). . . . .XM(k, n)]T

comprises the M microphone signals and is a complex-
valued weight vector. Here, the filter weights minimize the 
noise and diffuse sound comprised by the microphones 
while capturing the direct sound with the desired gain G(k, 
n). Expressed mathematically, the weights, may, e.g., be 
computed as 

wd (k, n) = argthnwI (k, n)w 

45 
a(k, )=G(k,n). 

(5) 

(6) 

Here, a(k, cp) is the so-called array propagation vector. 
The m-th element of this vector is the relative transfer 
function of the direct sound between the m-th microphone 

50 and a reference microphone of the array (without loss of 
generality the first microphone at position d1 is used in the 
following description). This vector depends on the DOA 
cp(k, n) of the direct sound. 

The array propagation vector is, for example, defined in 
55 [8]. In formula (6) of document [8], the array propagation 

vector is defined according to 

a(k,cpj)=[a i(k, j) a (k,cp1)] 

wherein C j is an azimuth angle of a direction of arrival of an
60 l-th plane wave. Thus, the array propagation vector depends 

on the direction of arrival. If only one plane wave exists or 
is considered, index 1 may be omitted. 

According to formula (6) of [8], the i-th element a, of the 
array propagation vector a describes the phase shift of an l-th 

65 plane wave from a first to an i-th microphone is defined 
according to 

a(k, j)=exp{ I l(r sin j(k,n)} 
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E.g., r, is equal to a distance between the first and the i-th 
microphone, K indicates the wavenumber of the plane wave 
and J is the imaginary number. 

More information on the array propagation vector a and 
its elements a, can be found in [8] which is explicitly 
incorporated herein by reference. 

The MxM matrix cI (k, n) in (5) is the power spectral 
density (PSD) matrix of the noise and diffuse sound, which 
can be determined as explained in [8]. The solution to (5) is 
given by 

wdfrj(k,n)=hdfr(k,n)G j(k,n), (7) 

where 

(8) 

Computing the filter necessitates the array propagation 
vector a(k, cp), which can be determined after the DOA cp(k, 
n) of the direct sound was estimated [8]. As explained above, 
the array propagation vector and thus the filter depends on 
the DOA. The DOA can be estimated as explained below. 

The informed spatial filter proposed in [8], e.g., the direct 
sound extraction using (4) and (7), cannot be directly used 
in the embodiment in FIG. 2. In fact, the computation 
necessitates the microphone signals x(k, n) as wells as the 
direct sound gain G(k, n). As can be seen in FIG. 2, the 
microphone signals x(k, n) are only available at the near-end 
side while the direct sound gain G(k, n) is only available at 
the far-end side. 

In order to use the informed spatial filter in embodiments 
of the invention, a modification is provided, wherein we 
substitute (7) into (4), leading to 

(9) 

where 

Xdfr(k,n)=hdfr (k,n)x(k,n). (10) 

This modified filter hd(k, n) is independent from the 
weights G(k, n). Thus, the filter can be applied at the 
near-end side to obtain the direct sound Xd(k, n), which can 
then be transmitted to the far-end side together with the 
estimated DOAs (and distance) as side information to pro-
vide a full control over the reproduction of the direct sound. 
The direct sound Xd(k,n) may be determined with respect 
to a reference microphone at a position d1. Therefore, one 
might also relate to the direct sound components as Xd (k, 
n, d1), and thus: 

Xdfr(k,n,cll )=hdfr (k,n)x(k,n). (10a) 

So according to an embodiment, the decomposition mod-
ule 101 may, e.g., be configured to generate the direct 
component signal by applying a filter on the two or more 
audio input signals according to 

wherein kindicates frequency, and wherein n indicates time, 
wherein Xd (k,n) indicates the direct component signal, 
wherein x(k, n) indicates the two or more audio input 
signals, wherein hd(k, n) indicates the filter, with 

hd(k,n)='I' ' (k,n)a(k, ) [a"(k, )'I'j'a(k, )] '. 

wherein cI (k, n) indicates a power spectral density matrix 
of the noise and diffuse sound of the two or more audio input 
signals, wherein a(k, cp) indicates an array propagation 
vector, and wherein cp indicates the azimuth angle of the 
direction of arrival of the direct signal components of the 
two or more audio input signals. 

24 
FIG. 3 illustrates parameter estimation module 102 and a 

decomposition module 101 implementing direct/diffuse 
decomposition according to an embodiment. 

The embodiment illustrated by FIG. 3 realizes direct 
5 sound extraction by direct sound extraction module 203 and 

diffuse sound extraction by diffuse sound extraction module 
204. 

The direct sound extraction is carried out in direct sound 
extraction module 203 by applying the filter weights to the 

10 microphone signals as given in (10). The direct filter weights 
are computed in direct weights computation unit 301 which 
can be realized for instance with (8). The gains G(k, n) of, 
e.g., equation (9), are then applied at the far-end side as 
shown in FIG. 2. 

15 In the following, diffuse sound extraction is described. 
Diffuse sound extraction may, e.g., be implemented by 
diffuse sound extraction module 204 of FIG. 3. The diffuse 
filter weights are computed in diffuse weights computation 
unit 302 of FIG. 3, e.g., as described in the following. 

20 In embodiments, the diffuse sound may, e.g., be extracted 
using the spatial filter which was recently proposed in [9]. 
The diffuse sound Xd/k, n) in (2a) and FIG. 2 may, e.g., be 
estimated by applying a second spatial filter to the micro-
phone signals, e.g., 

25 Jk n)_hH(k n)x(k n) (11) 

To find the optimal filter for the diffuse sound hd/k, n), 
we consider the recently proposed filter in [9], which can 
extract the diffuse sound with a desired arbitrary response 

30 while minimizing the noise at the filter output. For spatially 
white noise, the filter is given by 

hdjff(k, n) = argmjth"h (12) 

35 

subject to hHa(k, cp)=O and h"y1(k)=1. The first linear 
constraint ensures that the direct sound is suppressed, while 
the second constraint ensures that on average, the diffuse 

40 sound is captured with the desired gain Q, see document [9]. 
Note that y1(k) is the diffuse sound coherence vector defined 
in [9]. The solution to (12) is given by 

hd(k,n)=Ayd&(k) [ydJ'(k)Ayd(k)] 1, (13) 

45 
where 

(14) 

with I being the identity matrix of size MxM. The filter 
50 hd (k, n) does not dependent on the weights G(k, n) and Q, 

and thus, it can be computed and applied at the near-end side 
to obtain Xd/k, n). In doing so, it is only needed to transmit 
a single audio signal to the far-end side, namely Xd/k, n), 
while still being able to fully control the spatial sound 

55 reproduction of the diffuse sound. 
FIG. 3 moreover illustrates the diffuse sound extraction 

according to an embodiment. The diffuse sound extraction is 
carried out in diffuse sound extraction module 204 by 
applying the filter weights to the microphone signals as 

60 given in formula (11). The filter weights are computed in 
diffuse weights computation unit 302 which can be realized 
for example, by employing formula (13). 

In the following, parameter estimation is described. 
Parameter estimation may, e.g., be conducted by parameter 

65 estimation module 102, in which the parametric information 
about the recorded sound scene may, e.g., be estimated. This 
parametric information is employed for computing two 
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spatial filters in the decomposition module 101 and for the 
gain selection in consistent spatial audio reproduction in the 
signal modifier 103. 

At first, determinationlestimation of DOA information is 
described. 5 

In the following embodiments are described, wherein the 
parameter estimation module (102) comprises a DOA esti-
mator for the direct sound, e.g., for the plane wave that 
originates from the sound source position and arrives at the 
microphone array. Without the loss of generality, it is 10 

assumed that a single plane wave exists for each time and 
frequency. Other embodiments consider cases where mul-
tiple plane waves exists, and extending the single plane 
wave concepts described here to multiple plane waves is 
straightforward. Therefore, the present invention also covers 15 

embodiments with multiple plane waves. 
The narrowband DOAs can be estimated from the micro-

phone signals using one of the state-of-the-art narrowband 
DOA estimators, such as ESPRIT [10] or root MIIJSIC [11]. 
Instead of the azimuth angle cp(k, n), the DOA information 20 

can also be provided in the form of the spatial frequency 
i[kIcp(k, n)], the phase shift, or the propagation vector 
a[klcp(k, n)] for one or more waves arriving at the micro-
phone array. It should be noted that the DOA information 
can also be provided externally. For example, the DOA of 25 

the plane wave can be determined by a video camera 
together with a face recognition algorithm assuming that 
human talkers form the acoustic scene. 

Finally, it should be noted that the DOA information can 
also be estimated in 3D (in three dimensions). In that case, 30 

both the azimuth cp(k, n) and elevation O(k, n) angles are 
estimated in the parameter estimation module 102 and the 
DOA of the plane wave is in such a case provided, for 
example, as (cp, 0). 

Thus, when reference is made below to the azimuth angle 35 

of the DOA, it is understood that all explanations are also 
applicable to the elevation angle of the DOA, to an angle or 
derived from the azimuth angle of the DOA, to an angle or 
derived from the elevation angle of the DOA or to an angle 
derived from the azimuth angle and the elevation angle of 40 

the DOA. In more general, all explanations provided below 
are equally applicable to any angle depending on the DOA. 

Now, distance information determinationlestimation is 
described. 

Some embodiments relate top acoustic zoom based on 45 

DOAs and distances. In such embodiments, the parameter 
estimation module 102 may, for example, comprise two 
sub-modules, e.g., the DOA estimator sub-module described 
above and a distance estimation sub-module that estimates 
the distance from the recording position to the sound source 50 

r(k, n). In such embodiments, it may, for example, be 
assumed that each plane wave that arrives at the recording 
microphone array originates from the sound source and 
propagates along a straight line to the array (which is also 
known as the direct propagation path). 55 

Several state-of-the-art approaches exist for distance esti-
mation using microphone signals. For example, the distance 
to the source can be found by computing the power ratios 
between the microphones signals as described in [12]. 
Alternatively, the distance to the source r(k, n) in acoustic 60 

enclosures (e.g., rooms) can be computed based on the 
estimated signal-to-diffuse ratio (SDR) [13]. The SDR esti-
mates can then be combined with the reverberation time of 
a room (known or estimated using state-of-the-art methods) 
to calculate the distance. For high SDR, the direct sound 65 

energy is high compared to the diffuse sound which indicates 
that the distance to the source is small. When the SDR value 

is low, the direct sound power is week in comparison to the 
room reverberation, which indicates a large distance to the 
source. 

In other embodiments, instead of calculating/estimating 
the distance by employing a distance computation module in 
the parameter estimation module 102, external distance 
information may, e.g., be received, for example, from the 
visual system. For example, state-of-the-art techniques used 
in vision may, e.g., be employed that can provide the 
distance information, for example, Time of Flight (ToF), 
stereoscopic vision, and structured light. For example, in the 
ToF cameras, the distance to the source can be computed 
from the measured time-of-flight of a light signal emitted by 
a camera and traveling to the source and back to the camera 
sensor. Computer stereo vision for example, utilizes two 
vantage points from which the visual image is captured to 
compute the distance to the source. 

Or, for example, structured light cameras may be 
employed, where a known pattern of pixels is projected on 
a visual scene. The analysis of deformations after the 
projection allows the visual system to estimate the distance 
to the source. It should be noted that the distance informa-
tion r(k, n) for each time-frequency bin is necessitated for 
consistent audio scene reproduction. If the distance infor-
mation is provided externally by a visual system, the dis-
tance to the source r(k, n) that corresponds to the DOA cp(k, 
n), may, for example, be selected as the distance value from 
the visual system that corresponds to that particular direction 
cp(k, n). 

In the following, consistent acoustic scene reproduction is 
considered. At first, acoustic scene reproduction based on 
DOAs is considered. 

Acoustic scene reproduction may be conducted such that 
it is consistent with the recorded acoustic scene. Or, acoustic 
scene reproduction may be conducted such that it is consis-
tent to a visual image. Corresponding visual information 
may be provided to achieve consistency with a visual image. 

Consistency may, for example, be achieved by adjust the 
weights G(k, n) and Q in (2a). According to embodiments, 
the signal modifier 103, which may, for example, exist, at the 
near-end side, or, as shown in FIG. 2, at the far-end side, 
may, e.g., receive the direct kd(k, n) and diffuse kd/k, n) 
sounds as input, together with the DOA estimates cp(k, n) as 
side information. Based on this received information, the 
output signals Y(k, n) for an available reproduction system 
may, e.g., be generated, for example, according to formula 
(2a). 

In some embodiments, the parameters G(k, n) and Q are 
selected in the gain selection units 201 and 202, respectively, 
from two gain functions g(cp(k, n)) and q(k, n) provided by 
the gain function computation module 104. 

According to an embodiment, G(k, n) may, for example, 
be selected based the DOA information only and Q may, for 
example, have a constant value. In other embodiments, 
however, other the weight G(k, n) may, for example, be 
determined based on further information, and the weight Q 
may, for example, be variably determined. 

At first, implementations are considered, that realize 
consistency with the recorded acoustic scene. Afterwards, 
embodiments are considered that realize consistency with 
image informationlwith a visual image is considered. 

In the following, a computation of the weights G(k, n) 
and Q is described to reproduce an acoustic scene that is 
consistent with the recorded acoustic scene, e.g., such that 
the listener positioned in a sweet spot of the reproduction 
system perceives the sound sources as arriving from the 
DOAs of the sound sources in the recorded sound scene, 
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having the same power as in the recorded scene, and 
reproducing the same perception of the surrounding diffuse 
sound. 

For a known loudspeaker setup, reproduction of the sound 
source from direction cp(k, n) may, for example, be achieved 
by selecting the direct sound gain G(k, n) in gain selection 
unit 201 ("Direct Gain Selection") from a fixed look-up 
table provided by gain function computation module 104 for 
the estimated DOA cp(k, n), which can be written as) 

G(k,n)=g( (k,n)), (15) 

where g(cp)=p(cp) is a function returning the panning gain 
across all DOAs for the i-th loudspeaker. The panning gain 
function p(cp) depends on the loudspeaker setup and the 
panning scheme. 

An example of the panning gain function p(cp) as defined 
by vector base amplitude panning (VBAP) [14] for the left 
and right loudspeaker in stereo reproduction is shown in 
FIG. 5(a). 

In FIG. 5(a), an example of a VBAP panning gain 
function Pb,i for a stereo setup is illustrated, and in FIG. 5(b) 
and panning gains for consistent reproduction is illustrated. 

For example, if the direct sound arrives from cp(k, n)=30°, 
the right loudspeaker gain is G(k, n)=g(3O°)=p(3O°)=1 
and the left loudspeaker gain is G1(k, n)=g1(30°)=p1(30°)=O. 
For the direct sound arriving from cp(k, n)=O°, the final stereo 
loudspeaker gains are G(k, n)=G1(k, n)VO3. 

In an embodiment, the panning gain function, e.g., p(cp), 
may, e.g., be a head-related transfer function (HRTF) in case 
of binaural sound reproduction. 

For example, if the HRTF g(cp)=p(cp) returns complex 
values then the direct sound gain G(k, n) selected in gain 
selection unit 201 may, e.g., be complex-valued. 

If three or more audio output signals shall be generated, 
corresponding state-of-the-art panning concepts may, e.g., 
be employed to pan an input signal to the three or more audio 
output signals. For example, VBAP for three or more audio 
output signals may be employed. 

In consistent acoustic scene reproduction, the power of 
the diffuse sound should remain the same as in the recorded 
scene. Therefore, for the loudspeaker system with e.g. 
equally spaced loudspeakers, the diffuse sound gain has a 
constant value: 

1 (16) 
Q = qj 

= 

where I is the number of the output loudspeaker channels. 
This means that gain function computation module 104 
provides a single output value for the i-th loudspeaker (or 
headphone channel) depending on the number of loudspeak-
ers available for reproduction, and this values is used as the 
diffuse gain Q across all frequencies. The final diffuse sound 
Yd (k, n) for the i-th loudspeaker channel is obtained by 
decorrelating Yd(k, n) obtained in (2b). 

Thus, acoustic scene reproduction that is consistent with 
the recorded acoustical scene may be achieved, for example, 
by determining gains for each of the audio output signals 
depending on, e.g., a direction of arrival, by applying the 
plurality of determined gains G(k, n) on the direct sound 
signal Xd(k, n) to determine a plurality of direct output 
signal components Yd (k,n), by applying the determined 
gain Q on the diffuse sound sinal Xd/k, n) to obtain a 
diffuse output signal component Yd/k,n) and by combining 
each of the plurality of direct output signal components 

Yd ,(k,n) with the diffuse output signal component Yd (k, 
n) to obtain the one or more audio output signals Y(k,n). 

Now, audio output signal generation according to embodi-
ments is described that achieves consistency with the visual 

5 scene. In particular, the computation of the weights G(k, n) 
and Q according to embodiments is described that are 
employed to reproduce an acoustic scene that is consistent 
with the visual scene. It is aimed to recreate an acoustical 
image in which the direct sound from a source is reproduced 

10 from the direction where the source is visible in a video! 
image. 

A geometry as depicted in FIG. 4 may be considered, 
where I corresponds to the look direction of the visual 
camera. Without loss of generality, we I may define the 

15 y-axis of the coordinate system. 
The azimuth of the DOA of the direct sound in the 

depicted (x, y) coordinate system is given by cp(k, n) and the 
location of the source on the x-axis is given by xg(k, n). 
Here, it is assumed that all sound sources are located at the 

20 same distance g to the x-axis, e.g., the source positions are 
located on the left dashed line, which is referred to in optics 
as a focal plane. It should be noted that this assumption is 
only made to ensure that the visual and acoustical images are 
aligned and the actual distance value g is not needed for the 

25 presented processing. 
On the reproduction side (far-end side), the display is 

located at b and the position of the source on the display is 
given by xb(k, n). Moreover, xd is the display size (or, in 
some embodiments, for example, xd indicates half of the 

30 display size), Pd is the corresponding maximum visual 
angle, S is the sweet spot of the sound reproduction system, 
and cpb(k, n) is the angle from which the direct sound should 
be reproduced so that the visual and acoustical images are 
aligned. cpb(k, n) depends on xb(k, n) and on the distance 

35 between the sweet spot S and the display located at b. 
Moreover, xb(k, n) depends on several parameters such as 
the distance g of the source from the camera, the image 
sensor size, and the display size xd. Unfortunately, at least 
some of these parameters are often unknown in practice such 

40 that xb(k, n) and cpb(k, n) cannot be determined for a given 
DOA Cpg(k, n). However, assuming the optical system is 
linear, according to formula (17): 

tan wb(k,n)=c  tan (k,n), (17) 

where c is an unknown constant compensating for the 
aforementioned unknown parameters. It should be noted that 
c is constant only if all source positions have the same 
distance g to the x-axis. 

In the following, c is assumed to be a calibration param-
50 eter which should be adjusted during the calibration stage 

until the visual and acoustical images are consistent. To 
perform calibration, the sound sources should be positioned 
on a focal plane and the value of c is found such that the 
visual and acoustical images are aligned. Once calibrated, 
the value of c remains unchanged and the angle from which 
the direct sound should be reproduced is given by 

Wb(k,n)=tan [c tan (k,n)]. (18) 

60 To ensure that both acoustic and visual scenes are con-
sistent, the original panning function p(cp) is modified to a 
consistent (modified) panning function pb(p) The direct 
sound gain G(k, n) is now selected according to 

65 
G(k,n)=g( (k,n)), (19) 

gp) =pb,i(w), (20) 
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where p (cp) is the consistent panning function returning the 
panning gains for the i-th loudspeaker across all possible 
source DOAs. For a fixed value of c, such a consistent 
panning function is computed in the gain function compu-
tation module 104 from the original (e.g. VBAP) panning 5 

gain table as 

Pb,(p) —P(tan [c tan (p1). (21) 

Thus, in embodiments, the signal processor 105 may, e.g., 
be configured to determine, for each audio output signal of 10 

the one or more audio output signals, such that the direct 
gain G(k, n) is defined according to 

G(k,n)=p(tan'[c tan( (k,n))]). 

wherein i indicates an index of said audio output signal, 
wherein k indicates frequency, and wherein n indicates time, 
wherein G(k, n) indicates the direct gain, wherein cp(k, n) 
indicates an angle depending on the direction of arrival (e.g., 
the azimuth angle of the direction of arrival), wherein c 
indicates a constant value, and wherein p, indicates a pan-
ning function. 

In embodiments, the direct sound gain G(k, n) is selected 
in gain selection unit 201 based on the estimated DOA cp(k, 
n) from a fixed look-up table provided by the gain function 
computation module 104, which is computed once (after the 
calibration stage) using (19). 

Thus, according to an embodiment, the signal processor 
105 may, e.g., be configured to obtain, for each audio output 
signal of the one or more audio output signals, the direct gain 
for said audio output signal from a lookup table depending 
on the direction of arrival. 

In an embodiment, the signal processor 105 calculates a 
lookup table for the direct gain function g(k, n). For 
example, for every possible full degree, e.g., 10, 2°, 
3°. . . . .for the azimuth value cp of the DOA, the direct gain 
G(k, n) may be computed and stored in advance. Then, 
when a current azimuth value cp of the direction of arrival is 
received, the signal processor 105 reads the direct gain G(k, 
n) for the current azimuth value cp from the lookup table. 
(The current azimuth value cp, may, e.g., be the lookup table 
argument value; and the direct gain G(k, n) may, e.g., be the 
lookup table return value). Instead of the azimuth cp of the 
DOA, in other embodiments, the lookup table may be 
computed for any angle depending on the direction of 
arrival. This has an advantage, that the gain value does not 
have to be calculated for every point-in-time, or for every 
time-frequency bin, but instead, the lookup table is calcu-
lated once and then, for a received angle cp, the direct gain 
G(k, n) is read from the lookup table. 

Thus, according to an embodiment, the signal processor 
105 may, e.g., be configured to calculate a lookup table, 
wherein the lookup table comprises a plurality of entries, 
wherein each of the entries comprises a lookup table argu-
ment value and a lookup table return value being assigned to 
said argument value. The signal processor 105 may, e.g., be 
configured to obtain one of the lookup table return values 
from the lookup table by selecting one of the lookup table 
argument values of the lookup table depending on the 
direction of arrival. Furthermore, the signal processor 105 
may, e.g., be configured to determine the gain value for at 
least one of the one or more audio output signals depending 
said one of the lookup table return values obtained from the 
lookup table. 

The signal processor 105 may, e.g., be configured to 
obtain another one of the lookup table return values from the 
(same) lookup table by selecting another one of the lookup 
table argument values depending on another direction of 

arrival to determine another gain value. E.g., the signal 
processor may, for example, receive further direction infor-
mation, e.g., at a later point-in-time, which depends on said 
further direction of arrival. 

An example of VBAP panning and consistent panning 
gain functions are shown in FIGS. 5(a) and 5(b). 

It should be noted that instead of recomputing the panning 
gain tables, one could alternatively calculate the DOA cpb(k, 

n) for the display and apply it in the original panning 
function as p(pb(k, n)). This is true since the following 
relation holds: 

Pb,(W ))—P(Wb(k,n)) (22) 

However, this would necessitate the gain function com-
15 putation module 104 to also receive the estimated DOAs 

cp(k, n) as input and the DOA recalculation, for example, 
conducted according to formula (18), would then be per-
formed for each time index n. 

Concerning the diffuse sound reproduction, the acoustical 
20 and visual images are consistently recreated when processed 

in the same way as explained for the case without the 
visuals, e.g., when the power of the diffuse sound remains 
the same as the diffuse power in the recorded scene and the 
loudspeaker signals are uncorrelated versions of Yd/k, n). 

25 For equally spaced loudspeakers, the diffuse sound gain has 
a constant value, e.g., given by formula (16). As a result, the 
gain function computation module 104 provides a single 
output value for the i-th loudspeaker (or headphone channel) 
which is used as the diffuse gain Q across all frequencies. 

30 The final diffuse sound Yd (k, n) for the i-th loudspeaker 
channel is obtained by decorrelating Yd/k, n), e.g., as given 
by formula (2b). 

Now, embodiments are considered, where an acoustic 
zoom based on DOAs is provided. In such embodiments, the 

35 processing for an acoustic zoom may be considered that is 
consistent with the visual zoom. This consistent audio-visual 
zoom is achieved by adjusting the weights G(k, n) and Q, 
for example, employed in formula (2a) as depicted in the 
signal modifier 103 of FIG. 2. 

40 In an embodiment, the direct gain G(k, n) may, for 
example, be selected in gain selection unit 201 from the 
direct gain function g(k, n) computed in the gain function 
computation module 104 based on the DOAs estimated in 
parameter estimation module 102. The diffuse gain Q is 

45 selected in the gain selection unit 202 from the diffuse gain 
function q( ) computed in the gain function computation 
module 104. In other embodiments, the direct gain G(k, n) 
and the diffuse gain Q are computed by the signal modifier 
103 without computing first the respective gain functions 

50 and then selecting the gains. 
It should be noted that in contrast to the above-described 

embodiment, the diffuse gain function q( ) is determined 
based on the zoom factor 3. In embodiments, the distance 
information is not used, and thus, in such embodiments, it is 

55 not estimated in the parameter estimation module 102. 
To derive the zoom parameters G(k, n) and Q in (2a), the 

geometry in FIG. 4 is considered. The parameters denoted in 
the figure are analogous to those described with respect to 
FIG. 4 in the embodiment above. 

60 Similarly to the above-described embodiment, it is 
assumed that all sound sources are located on the focal 
plane, which is positioned parallel to the x-axis at a distance 
g. It should be noted that some autofocus systems are able 
to provide g, e.g., the distance to the focal plane. This allows 

65 to assume that all sources in the image are sharp. On the 
reproduction (far-end) side, the DOA cpb(k, n) and position 
xb(k, n) on a display depend on many parameters such as the 
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distance g of the source from the camera, the image sensor 
size, the display size Xd, and zooming factor of the camera 
(e.g., opening angle of the camera) 3. Assuming the optical 
system is linear, according to formula (23): 

tan wb(k,n)=c tan q(k,n) (23) 

where c is the calibration parameter compensating for the 
unknown optical parameters and 3*1 is the user-controlled 
zooming factor. It should be noted that in a visual camera, 
zooming in by a factor is equivalent to multiplying xb(k, 

n) by 3. Moreover, c is constant only if all source positions 
have the same distance g to the x-axis. In this case, c can be 
considered as a calibration parameter which is adjusted once 
such that the visual and acoustical images are aligned. The 
direct sound gain G(k, n) is selected from the direct gain 
function g(cp) as 

G(k,n)=g( (k,n)), (24) 

g(cp)=pb,(cp)wb(cp), (25) 

where p (p) denotes the panning gain function and wb(p) 

is the window gain function for a consistent audio-visual 
zoom. The panning gain function for a consistent audio-
visual zoom is computed in the gain function computation 
module 104 from the original (e.g. VBAP) panning gain 
function p(cp) as 

pb,(W)=p(tan [1c tan (p1). (26) 

Thus the direct sound gain G(k, n), e.g., selected in the 
gain selection unit 201, is determined based on the estimated 
DOA cp(k, n) from a look-up panning table computed in the 
gain function computation module 104, which is fixed if 
does not change. It should be noted that, in some embodi-
ments, p (p) needs to be recomputed, for example, by 
employing formula (26) every time the zoom factor 3 is 
modified. 

Example stereo panning gain functions for =1 and =3 
are shown in FIG. 6 (see FIG. 6(a) and FIG. 6(b)). In 
particular, FIG. 6(a) illustrates an example panning gain 
function Pb, for 3=1; FIG. 6(b) illustrates panning gains 
after zooming with 3=3; and FIG. 6(c) illustrates panning 
gains after zooming with =3 with an angular shift. 

As can be seen in the example, when the direct sound 
arrives from cp(k, n)=1O°, the panning gain for the left 
loudspeaker is increased for large 3 values, while the 
panning function for the right loudspeaker and =3 returns 
a smaller value than for 3=1. Such panning effectively 
moves the perceived source position more to the outer 
directions when zoom factor 3 is increased. 

According to embodiments, the signal processor 105 may, 
e.g., be configured to determine two or more audio output 
signals. For each audio output signal of the two or more 
audio output signals, a panning gain function is assigned to 
said audio output signal. 

The panning gain function of each of the two or more 
audio output signals comprises a plurality of panning func-
tion argument values, wherein a panning function return 
value is assigned to each of said panning function argument 
values, wherein, when said panning function receives one of 
said panning function argument values, said panning func-
tion is configured to return the panning function return value 
being assigned to said one of said panning function argu-
ment values, and 

The signal processor 105 is configured to determine each 
of the two or more audio output signals depending on a 
direction dependent argument value of the panning function 
argument values of the panning gain function being assigned 

32 
to said audio output signal, wherein said direction dependent 
argument value depends on the direction of arrival. 

According to an embodiment, the panning gain function 
of each of the two or more audio output signals has one or 

5 more global maxima, being one of the panning function 
argument values, wherein for each of the one or more global 
maxima of each panning gain function, no other panning 
function argument value exists for which said panning gain 
function returns a greater panning function return value than 

10 for said global maxima. 
For each pair of a first audio output signal and a second 

audio output signal of the two or more audio output signals, 
at least one of the one or more global maxima of the panning 

15 
gain function of the first audio output signal is different from 
any of the one or more global maxima of the panning gain 
function of the second audio output signal. 

Stated in short, the panning functions are implemented 
such that (at least one of) the global maxima of different 

20 
panning functions differ. 

For example, in FIG. 6(a), the local maxima of Pb j(Cp) are 
in the range —45° to —28° and the local maxima of Pb (cp) are 
in the range +28° to +45° and thus, the global maxima differ. 

For example, in FIG. 6(b), the local maxima of Pb 1(cp) are 

25 
in the range —45° to —8° and the local maxima of Pb (cp) are 
in the range +8° to +45° and thus, the global maxima also 
differ. 

For example, in FIG. 6(c), the local maxima of Pb j(Cp) are 
in the range —45° to +2° and the local maxima of Pb (cp) are 

30 
in the range +18° to +45° and thus, the global maxima also 
differ. 

The panning gain function may, e.g, be implemented as a 
lookup table. 

In such an embodiment, the signal processor 105 may, 
e.g., be configured to calculate a panning lookup table for a 
panning gain function of at least one of the audio output 
signals. 

The panning lookup table of each audio output signal of 
said at least one of the audio output signals may, e.g., 

40 
comprise a plurality of entries, wherein each of the entries 
comprises a panning function argument value of the panning 
gain function of said audio output signal and the panning 
function return value of the panning gain function being 
assigned to said panning function argument value, wherein 
the signal processor 105 is configured to obtain one of the 
panning function return values from said panning lookup 
table by selecting, depending on the direction of arrival, the 
direction dependent argument value from the panning 
lookup table, and wherein the signal processor 105 is 

50 
configured to determine the gain value for said audio output 
signal depending on said one of the panning function return 
values obtained from said panning lookup table. 

In the following, embodiments are described that employ 
a direct sound window. According to such embodiments, a 
direct sound window for the consistent zoom wb(cp) is 
computed according to 

wb((p)=w(tan [c tan (p1), (27) 

where wb(cp) is a window gain function for an acoustic zoom 
60 that attenuates the direct sound if the source is mapped to a 

position outside the visual image for the zoom factor 3. 
The window function w(cp) may, for example, be set for 

3= 1, such that the direct sound of sources that are outside the 
visual image are reduced to a desired level, and it may be 

65 recomputed, for example, by employing formula (27), every 
time the zoom parameter changes. It should be noted that 
wb(cp) is the same for all loudspeaker channels. Example 
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window functions for =1 and =3 are shown in FIG. 7(a-b), 
where for an increased fi value the window width is 
decreased. 

In FIG. 7 examples of consistent window gain functions 
are illustrated. In particular, FIG. 7(a) illustrates a window 
gain function wb without zooming (zoom factor =1), FIG. 
7(b) illustrates a window gain function after zooming (zoom 
factor 3=3), FIG. 7(c) illustrates a window gain function 
after zooming (zoom factor =3) with an angular shift. For 
example, the angular shift may realize a rotation of the 
window to a look direction. 

For example, in FIGS. 7(a), 7(b) and 7(c) the window 
gain function returns a gain of 1, if the DOA cp is located 
within the window, the window gain function returns a gain 
of 0.18, if cp is located outside the window, and the window 
gain function returns a gain between 0.18 and 1, if cp is 
located at the border of the window. 

According to embodiments, the signal processor 105 is 
configured to generate each audio output signal of the one or 
more audio output signals depending on a window gain 
function. The window gain function is confgured to return 
a window function return value when receiving a window 
function argument value. 

If the window function argument value is greater than a 
lower window threshold and smaller than an upper window 
threshold, the window gain function is configured to return 
a window function return value being greater than any 
window function return value returned by the window gain 
function, if the window function argument value is smaller 
than the lower threshold, or greater than the upper threshold. 

For example, in formula (27) 

wb(W)=w(tafl [c tan cp]), 

the azimuth angle of the direction of arrival cp is the window 
function argument value of the window gain function wb(cp). 

The window gain function wb(cp) depends on zoom infor-
mation, here, zoom factor 3. 

To explain the definition of the window gain function, 
reference may be made to FIG. 7(a). 

If the azimuth angle of the DOA cp is greater than —20° 
(lower threshold) and smaller than +20° (upper threshold), 
all values returned by the window gain function are greater 
than 0.6. Otherwise, if the azimuth angle of the DOA cp is 
smaller than —20° (lower threshold) or greater than +20° 
(upper threshold), all values returned by the window gain 
function are smaller than 0.6. 

In an embodiment, the signal processor 105 is configured 
to receive zoom information. Moreover the signal processor 
105 is configured to generate each audio output signal of the 
one or more audio output signals depending on the window 
gain function, wherein the window gain function depends on 
the zoom information. 

This can be seen for the (modified) window gain functions 
of FIG. 7(b) and FIG. 7(c) if other values are considered as 
lower/upper thresholds or if other values are considered as 
return values. In FIGS. 7(a), 7(b) and 7(c), it can be seen, 
that the window gain function depends on the zoom infor-
mation: zoom factor 3. 

The window gain function may, e.g., be implemented as 
a lookup table. In such an embodiment, the signal processor 
105 is configured to calculate a window lookup table, 
wherein the window lookup table comprises a plurality of 
entries, wherein each of the entries comprises a window 
function argument value of the window gain function and a 
window function return value of the window gain function 
being assigned to said window function argument value. The 
signal processor 105 is configured to obtain one of the 

34 
window function return values from the window lookup 
table by selecting one of the window function argument 
values of the window lookup table depending on the direc-
tion of arrival. Moreover, the signal processor 105 is con-

5 figured to determine the gain value for at least one of the one 
or more audio output signals depending said one of the 
window function return values obtained from the window 
lookup table. 

In addition to the zooming concept, the window and 
10 panning functions can be shifted by a shift angle EL This 

angle could correspond to either the rotation of a camera 
look direction I or to moving within an visual image by 
analogy to a digital zoom in cameras. In the former case, the 
camera rotation angle is recomputed for the angle on a 

15 display, e.g., similarly to formula (23). In the latter case, €3 
can be a direct shift of the window and panning functions 
(e.g. wb(cp) and p (cp) for the consistent acoustical zoom. An 
illustrative example a shifting both functions is depicted in 
FIGS. 5(c) and 6(c). 

20 It should be noted that instead of recomputing the panning 
gain and window functions, one could calculate the DOA 
q (k, n) for the display, for example, according to formula 
(23), and apply it in the original panning and window 
functions as p(cp) and w(cpb), respectively. Such processing 

25 is equivalent since the following relations holds: 

Pb,(W(1 ))—P(Wb(&)), (28) 

Wb(W(k,fl))W(W(Wb(k,fl)). (29) 

30 However, this would necessitate the gain function com-
putation module 104 to receive the estimated DOAs cp(k, n) 
as input and the DOA recalculation, for example according 
to formula (18), may, e.g., be performed in each consecutive 
time frame, irrespective if 3 was changed or not. 

35 As for the diffuse sound, computing the diffuse gain 
function q(3), e.g., in the gain function computation module 
104, necessitates only the knowledge of the number of 
loudspeakers I available for reproduction. Thus, it can be set 
independently from the parameters of a visual camera or the 

40 display. 
For example, for equally spaced loudspeakers, the real-

valued diffuse sound gain QE[0, 1/VT] in formula (2a) is 
selected in the gain selection unit 202 based on the zoom 
parameter 3. The aim of using the diffuse gain is to attenuate 

45 the diffuse sound depending on the zooming factor, e.g., 
zooming increases the DRR of the reproduced signal. This 
is achieved by lowering Q for larger 3. In fact, zooming in 
means that the opening angle of the camera becomes 
smaller, e.g., a natural acoustical correspondence would be 

50 a more directive microphone which captures less diffuse 
sound. 

To mimic this effect, an embodiment may, for example, 
employ the gain function shown in FIG. 8. FIG. 8 illustrates 
an example of a diffuse gain function q(3). 

55 In other embodiments, the gain function is defined dif-
ferently. The final diffuse sound Yd (k, n) for the i-th 
loudspeaker channel is achieved by decorrelating Yd/k, n), 
for example, according to formula (2b). 

In the following, acoustic zoom based on DOAs and 
60 distances is considered. 

According to some embodiments, the signal processor 
105 may, e.g., be configured to receive distance information, 
wherein the signal processor 105 may, e.g., be configured to 
generate each audio output signal of the one or more audio 

65 output signals depending on the distance information. 
Some embodiments employ a processing for the consis-

tent acoustic zoom which is based on both the estimated 
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DOA cp(k, n) and a distance value r(k, n). The concepts of 
these embodiments can also be applied to align the recorded 
acoustical scene to a video without zooming where the 
sources are not located at the same distance as previously 
assumed in the distance information r(k, n) available enables 
us to create an acoustical blurring effect for the sound 
sources which do not appear sharp in the visual image, e.g., 
for the sources which are not located on the focal plane of 
the camera. 

To facilitate a consistent sound reproduction, e.g., an 
acoustical zoom, with blurring for sources located at differ-
ent distances, the gains G(k, n) and Q can be adjusted in 
formula (2a) as depicted in signal modifier 103 of FIG. 2 
based on two estimated parameters, namely cp(k, n) and r(k, 
n), and depending on the zoom factor . If no zooming is 
involved, 3 may be set to 3=1. 

The parameters cp(k, n) and r(k, n) may, for example, be 
estimated in the parameter estimation module 102 as 
described above. In this embodiment, the direct gain G(k, n) 
is determined (for example by being selected in the gain 
selection unit 201) based on the DOA and distance infor-
mation from one or more direct gain function gi,j(k, n) 
(which may, for example, be computed in the gain function 
computation module 104). Similarly as described for the 
embodiments above, the diffuse gain Q may, for example, be 
selected in the gain selection unit 202 from the diffuse gain 
function q(3), for example, computed in the gain function 
computation module 104 based on the zoom factor . 

In other embodiments, the direct gain G(k, n) and the 
diffuse gain Q are computed by the signal modifier 103 
without computing first the respective gain functions and 
then selecting the gains. 

To explain the acoustic scene reproduction and acoustic 
zooming for sound sources at different distances, reference 
is made to FIG. 9. The parameters denoted in the FIG. 9 are 
analogous to those described above. 

In FIG. 9, the sound source is located at position P at 
distance R(k, n) to the x-axis. The distance r, which may, 
e.g., be (k, n)-specific (time-frequency-specific: r(k, n)) 
denotes the distance between the source position and focal 
plane (left vertical line passing through g). It should be noted 
that some autofocus systems are able to provide g, e.g., the 
distance to the focal plane. 

The DOA of the direct sound from point of view of the 
microphone array is indicated by cp'(k, n). In contrast to other 
embodiments, it is not assumed that all sources are located 
at the same distance g from the camera lens. Thus, e.g., the 
position P can have an arbitrary distance R(k, n) to the 
x-axis. 

If the source is not located on the focal plane, the source 
will appear blurred in the video. Moreover, embodiments are 
based on the finding that if the source is located at any 
position on the dashed line 910, it will appear at the same 
position xb(k, n) in the video. However, embodiments are 
based on the finding that the estimated DOA cp'(k, n) of the 
direct sound will change if the source moves along the 
dashed line 910. In other words, based on the findings 
employed by embodiments, if the source moves parallel to 
the y-axis, the estimated DOA cp'(k, n) will vary while xb
(and thus, the DOA cpb(k, n) from which the sound should be 
reproduced) remains the same. Consequently, if the esti-
mated DOA cp'(k, n) is transmitted to the far-end side and 
used for the sound reproduction as described in the previous 
embodiments, then the acoustical and visual image are not 
aligned anymore if the source changes its distance R(k, n). 

To compensate for this effect and to achieve a consistent 
sound reproduction, the DOA estimation, for example, con-

36 
ducted in the parameter estimation module 102, estimates 
the DOA of the direct sound as if the source was located on 
the focal plane at position P. This position represents the 
projection of P on the focal plane. The corresponding DOA 

5 is denoted by cp(k, n) in FIG. 9 and is used at the far-end side 
for the consistent sound reproduction, similarly as in the 
previous embodiments. The (modified) DOA cp(k, n) can be 
computed from the estimated (original) DOA cp'(k, n) based 
on geometric considerations, if r and g are known. 

10 For example, in FIG. 9, the signal processor 105 may, for 
example, calculate cp(k, n) from cp'(k, n) rand g according to: 

(tanw' .(r+g) 
= arctanl 

15 g 

Thus, according to an embodiment, the signal processor 
105 may, e.g., be configured to receive an original azimuth 

20 
angle cp'(k, n) of the direction of arrival, being the direction 
of arrival of the direct signal components of the two or more 
audio input signals, and is configured to further receive 
distance information, and may, e.g., be configured to further 
receive distance information r. The signal processor 105 

25 
may, e.g., be configured to calculate a modified azimuth 
angle cp(k, n) of the direction of arrival depending on the 
azimuth angle of the original direction of arrival cp'(k, n) and 
depending on the distance information r and g. The signal 
processor 105 may, e.g., be configured to generate each 

30 
audio output signal of the one or more of audio output 
signals depending on the azimuth angle of the modified 
direction of arrival cp(k, n). 

The necessitated distance information can be estimated as 
explained above (the distance g of the focal plane can be 
obtained from the lens system or autofocus information). It 
should be noted that, for example, in this embodiment, the 
distance r(k, n) between the source and focal plane is 
transmitted to the far-end side together with the (mapped) 
DOA cp(k, n). 

40 
Moreover, by analogy to the visual zoom, the sources 

lying at a large distance r from the focal plane do not appear 
sharp in the image. This effect is well-known in optics as the 
so-called depth-of-field (DOF), which defines the range of 
source distances that appear acceptably sharp in the visual 
image. 

An example of the DOF curve as function of the distance 
r is depicted in FIG. 10(a). 

FIG. 10 illustrates example figures for the depth-of-field 
(FIG. 10(a)), for a cut-off frequency of a low-pass filter 

50 
(FIG. 10(b)), and for the time-delay in ms for the repeated 
direct sound (FIG. 10(c)). 

In FIG. 10(a), the sources at a small distance from the 
focal plane are still sharp, whereas sources at larger dis-
tances (either closer or further away from the camera) appear 
as blurred. So according to an embodiment, the correspond-
ing sound sources are blurred such that their visual and 
acoustical images are consistent. 

To derive the gains G(k, n) and Q in (2a), which realize 
the acoustic blurring and consistent spatial sound reproduc-

60 
tion, the angle is considered at which the source positioned 
at P(cp, r) will appear on a display. The blurred source will 
be displayed at 

tan wb(k,n)=c tan (k,n), (30) 

65 where c is the calibration parameter, 3*1 is the user-
controlled zoom factor, cp(k, n) is the (mapped) DOA, for 
example, estimated in the parameter estimation module 102. 
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As mentioned before, the direct gain G(k, n) in such 
embodiments may, e.g., be computed from multiple direct 
gain functions g 1. In particular, two gain functions g 1(cp(k, 
n)) and g 2(r(k, n)) may, for example, be used, wherein the 
first gain function depends on the DOA cp(k, n), and wherein 
the second gain function depends on the distance r(k, n). The 
direct gain G(k, n) may be computed as: 

G(k,n)=g 1(q(k,n))g 2(r(k,n)) (31) 

g ,1(p)=pb , (w)wb(w) (32) 

g,2(r)=b(r) (33) 

wherein p (p) denotes the panning gain function (to assure 
that the sound is reproduced from the right direction), 
wherein wb(cp) is the window gain function (to assure that 
the direct sound is attenuated if the source is not visible in 
the video), and wherein b(r) is the blurring function (to blur 
sources acoustically if they are not located on the focal 
plane). 

It should be noted that all gain functions can be defined 
frequency-dependent (which is omitted here for brevity). It 
should be further noted that in this embodiment the direct 
gain G, is found by selecting and multiplying gains from two 
different gain functions, as shown in formula (32). 

Both gain functions p (p) and wb(cp) are defined analo-
gously as described above. For example, they may be 
computed, e.g., in the gain function computation module 
104, for example, using formulae (26) and (27), and they 
remain fixed unless the zoom factor 3 changes. The detailed 
description of these two functions has been provided above. 
The blurring function b(r) returns complex gains that cause 
blurring, e.g. perceptual spreading, of a source, and thus the 
overall gain function g, will also typically return a complex 
number. For simplicity, in the following, the blurring is 
denoted as a function of a distance to the focal plane b(r). 

The blurring effect can be obtained as a selected one or a 
combination of the following blurring effects: Low pass 
filtering, adding delayed direct sound, direct sound attenu-
ation, temporal smoothing and/or DOA spreading. Thus, 
according to an embodiment, the signal processor 105 may, 
e.g., be confgured to generate the one or more audio output 
signals by conducting low pass filtering, or by adding 
delayed direct sound, or by conducting direct sound attenu-
ation, or by conducting temporal smoothing, or by conduct-
ing direction of arrival spreading. 

Low pass filtering: In vision, a non-sharp visual image can 
be obtained by low-pass filtering, which effectively merges 
the neighboring pixels in the visual image. By analogy, an 
acoustic blurring effect can be obtained by low-pass filtering 
of the direct sound with the cut-off frequency selected based 
on the estimated distance of the source to the focal plane r. 
In this case, the blurring function b(r, k) returns the low-pass 
filter gains for frequency k and distance r. An example curve 
for the cut-off frequency of a first-order low-pass filter for 
the sampling frequency of 16 kHz is shown in FIG. 10(b). 
For small distances r, the cut-off frequency is close to the 
Nyquist frequency, and thus almost no low-pass filtering is 
effectively performed. For larger distance values, the cut-off 
frequency is decreased until it levels off at 3 kHz where the 
acoustical image is sufficiently blurred. 

Adding delayed direct sound: In order to unsharpen the 
acoustical image of a source, we can decorrelated the direct 
sound, for instance by repeating an attenuating the direct 
sound after some delay T (e.g., between 1 and 30 ms). Such 
processing can, for example, be conducted according to the 
complex gain function of formula (34): 

(34) 

38 
where a denotes the attenuation gain for the repeated sound 
and T is the delay after which the direct sound is repeated. 
An example delay curve (in ms) is shown in FIG. 10(c). For 
small distances, the delayed signal is not repeated and a is 

5 set to zero. For larger distances, the time delay increases 
with increasing distance, which causes a perceptual spread-
ing of an acoustic source. 

Direct sound attenuation: The source can also be per-
ceived as blurred when the direct sound is attenuated by a 

10 constant factor. In this case b(r)=const<1. As mentioned 
above, the blurring function b(r) can consist of any of the 
mentioned blurring effects or as a combination of these 
effects. In addition, alternative processing that blurs the 

15 
source can be used. 

Temporal smoothing: Smoothing of the direct sound 
across time can, for example, be used to perceptually blur 
the acoustic source. This can be achieved by smoothing the 
envelop of the extracted direct signal over time. 

20 DOA spreading: Another method to unsharpen an acous-
tical source consists in reproducing the source signal from 
the range of directions instead from the estimated direction 
only. This can be achieved by randomizing the angle, for 
example, by taking a random angle from a Gaussian distri-

25 bution centered around the estimated cp. Increasing the 
variance of such a distribution, and thus the widening the 
possible DOA range, increases the perception of blurring. 

Analogously as described above, computing the diffuse 
gain function q( ) in the gain function computation module 

30 104, may, in some embodiments, necessitate only the knowl-
edge of the number of loudspeakers I available for repro-
duction. Thus the diffuse gain function q(3) can, in such 
embodiments, be set as desired for the application. For 
example, for equally spaced loudspeakers, the real-valued 

35 diffuse sound gain QE[0, 1/VT] in formula (2a) is selected in 
the gain selection unit 202 based on the zoom parameter 3. 
The aim of using the diffuse gain is to attenuate the diffuse 
sound depending on the zooming factor, e.g., zooming 
increases the DRR of the reproduced signal. This is achieved 

40 by lowering Q for larger . In fact, zooming in means that 
the opening angle of the camera becomes smaller, e.g., a 
natural acoustical correspondence would be a more directive 
microphone which captures less diffuse sound. To mimic 
this effect, we can use for instance the gain function shown 

45 in FIG. 8. Clearly, the gain function could also be defined 
differently. Optionally, the final diffuse sound Yd (k, n) for 
the i-th loudspeaker channel is obtained by decorrelating 
Yd /k, n) obtained in formula (2b). 

Now, embodiments are considered that realize an appli-
50 cation to hearing aids and assistive listening devices. FIG. 11 

illustrates such a hearing aid application. 
Some embodiments are related to binaural hearing aids. In 

this case, it is assumed that each hearing aid is equipped with 
at least one microphone and that information can be 

55 exchanged between the two hearing aids. Due to some 
hearing loss, the hearing impaired person might experience 
difficulties focusing (e.g., concentrating on sounds coming 
from a particular point or direction) on a desired sound or 
sounds. In order to help the brain of the hearing impaired 

60 person to process the sounds that are reproduced by the 
hearing aids, the acoustical image is made consistent with 
the focus point or direction of the hearing aids user. It is 
conceivable that the focus point or direction is predefined, 
user defined, or defined by a brain-machine interface. Such 

65 embodiments ensure that desired sounds (which are assumed 
to arrive from the focus point or focus direction) and the 
undesired sounds appear spatially separated. 
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In such embodiments, the directions of the direct sounds 
can be estimated in different ways. According to an embodi-
ment, the directions are determined based on the inter-aural 
level differences (ILDs) and/or inter-aural time differences 
(ITDs) that are determined using both hearing aids (see [15] 
and [16]). 

According to other embodiments, the directions of the 
direct sounds on the left and right are estimated indepen-
dently using a hearing aid that is equipped with at least two 
microphones (see [17]). The estimated directions can be 
fussed based on the sound pressure levels at the left and right 
hearing aid, or the spatial coherence at the left and right 
hearing aid. Because of the head shadowing effect, different 
estimators may be employed for different frequency bands 
(e.g., ILDs at high frequencies and ITDs at low frequencies). 

In some embodiments, the direct and diffuse sound signals 
may, e.g., be estimated using the aforementioned informed 
spatial filtering techniques. In this case, the direct and diffuse 
sounds as received at the left and right hearing aid can be 
estimated separately (e.g., by changing the reference micro-
phone), or the left and right output signals can be generated 
using a gain function for the left and right hearing aid output, 
respectively, in a similar way the different loudspeaker or 
headphone signals are obtained in the previous embodi-
ments. 

In order to spatially separate the desired and undesired 
sounds, the acoustic zoom explained in the aforementioned 
embodiments can be applied. In this case, the focus point or 
focus direction determines the zoom factor. 

Thus, according to an embodiment, a hearing aid or an 
assistive listening device may be provided, wherein the 
hearing aid or an assistive listening device comprises a 
system as described above, wherein the signal processor 105 
of the above-described system determines the direct gain for 
each of the one or more audio output signals, for example, 
depending on a focus direction or a focus point. 

In an embodiment, the signal processor 105 of the above-
described system may, e.g., be confgured to receive zoom 
information. The signal processor 105 of the above-de-
scribed system may, e.g., be configured to generate each 
audio output signal of the one or more audio output signals 
depending on a window gain function, wherein the window 
gain function depends on the zoom information. The same 
concepts as explained with reference to FIGS. 7(a), 7(b) and 
7(c) are employed. 

If a window function argument, depending on the focus 
direction or on the focus point, is greater than a lower 
threshold and smaller than an upper threshold, the window 
gain function is configured to return a window gain being 
greater than any window gain returned by the window gain 
function, if the window function argument is smaller than 
the lower threshold, or greater than the upper threshold. 

For example, in case of the focus direction, focus direc-
tion may itself be the window function argument (and thus, 
the window function argument depends on the focus direc-
tion). In case of the focus position, a window function 
argument, may, e.g., be derived from the focus position. 

Similarly, the invention can be applied to other wearable 
devices which include assistive listening devices or devices 
such as Google Glass®. It should be noted that some 
wearable devices are also equipped with one or more 
cameras or ToF sensor that can be used to estimate the 
distance of objects to the person wearing the device. 

Although some aspects have been described in the context 
of an apparatus, it is clear that these aspects also represent 
a description of the corresponding method, where a block or 
device corresponds to a method step or a feature of a method 

40 
step. Analogously, aspects described in the context of a 
method step also represent a description of a corresponding 
block or item or feature of a corresponding apparatus. 

The inventive decomposed signal can be stored on a 
5 digital storage medium or can be transmitted on a transmis-

sion medium such as a wireless transmission medium or a 
wired transmission medium such as the Internet. 

Depending on certain implementation requirements, 
embodiments of the invention can be implemented in hard-

10 ware or in software. The implementation can be performed 
using a digital storage medium, for example a floppy disk, 
a DVD, a CD, a ROM, a PROM, an EPROM, an EEPROM 
or a FLASH memory, having electronically readable control 
signals stored thereon, which cooperate (or are capable of 

15 cooperating) with a programmable computer system such 
that the respective method is performed. 

Some embodiments according to the invention comprise 
a non-transitory data carrier having electronically readable 
control signals, which are capable of cooperating with a 

20 programmable computer system, such that one of the meth-
ods described herein is performed. 

Generally, embodiments of the present invention can be 
implemented as a computer program product with a program 
code, the program code being operative for performing one 

25 of the methods when the computer program product runs on 
a computer. The program code may for example be stored on 
a machine readable carrier. 

Other embodiments comprise the computer program for 
performing one of the methods described herein, stored on 

30 a machine readable carrier. 
In other words, an embodiment of the inventive method 

is, therefore, a computer program having a program code for 
performing one of the methods described herein, when the 
computer program runs on a computer. 

35 A further embodiment of the inventive methods is, there-
fore, a data carrier (or a digital storage medium, or a 
computer-readable medium) comprising, recorded thereon, 
the computer program for performing one of the methods 
described herein. 

40 A further embodiment of the inventive method is, there-
fore, a data stream or a sequence of signals representing the 
computer program for performing one of the methods 
described herein. The data stream or the sequence of signals 
may for example be configured to be transferred via a data 

45 communication connection, for example via the Internet. 
A further embodiment comprises a processing means, for 

example a computer, or a programmable logic device, con-
figured to or adapted to perform one of the methods 
described herein. 

50 A further embodiment comprises a computer having 
installed thereon the computer program for performing one 
of the methods described herein. 

In some embodiments, a programmable logic device (for 
example a field programmable gate array) may be used to 

55 perform some or all of the functionalities of the methods 
described herein. In some embodiments, a field program-
mable gate array may cooperate with a microprocessor in 
order to perform one of the methods described herein. 
Generally, the methods may be performed by any hardware 

60 apparatus. 
While this invention has been described in terms of 

several embodiments, there are alterations, permutations, 
and equivalents which will be apparent to others skilled in 
the art and which fall within the scope of this invention. It 

65 should also be noted that there are many alternative ways of 
implementing the methods and compositions of the present 
invention. It is therefore intended that the following 
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appended claims be interpreted as including all such altera-
tions, permutations, and equivalents as fall within the true 
spirit and scope of the present invention. 
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The invention claimed is: 
1. An apparatus for generating one or more audio output 

signals, comprising: 
a signal processor, and 

10 an output interface, 
wherein the signal processor is configured to receive a 

direct component signal, comprising direct signal com-
ponents of two or more original audio signals, wherein 
the signal processor is configured to receive a diffuse 

15 component signal, comprising diffuse signal compo-
nents of the two or more original audio signals, and 
wherein the signal processor is configured to receive 
direction information, said direction information 
depending on a direction of arrival of the direct signal 

20 components of the two or more original audio signals, 
wherein the signal processor is configured to generate one 

or more processed diffuse signals depending on the 
diffuse component signal, 

wherein, for each audio output signal of the one or more 
25 audio output signals, the signal processor is configured 

to determine, depending on the direction of arrival, a 
direct gain being a gain value, the signal processor is 
configured to apply said direct gain on the direct 
component signal to acquire a processed direct signal, 

30 and the signal processor is configured to combine said 
processed direct signal and one of the one or more 
processed diffuse signals to generate said audio output 
signal, and 

wherein the output interface is confgured to output the 
35 one or more audio output signals, 

wherein the signal processor comprises a gain function 
computation module for calculating one or more gain 
functions, wherein each gain function of the one or 
more gain functions, comprises a plurality of gain 

40 function argument values, wherein a gain function 
return value is assigned to each of said gain function 
argument values, wherein, when said gain function 
receives one of said gain function argument values, said 
gain function is configured to return the gain function 

45 return value being assigned to said one of said gain 
function argument values, and 

wherein the signal processor further comprises a signal 
modifier for selecting, depending on the direction of 
arrival, a direction dependent argument value from the 

50 gain function argument values of a gain function of the 
one or more gain functions, for acquiring the gain 
function return value being assigned to said direction 
dependent argument value from said gain function, and 
for determining the gain value of at least one of the one 

55 or more audio output signals depending on said gain 
function return value acquired from said gain function. 

2. A system for generating one or more audio output 
signals, comprising: 

the apparatus according to claim 1, and 
60 a decomposition module, 

wherein the decomposition module is confgured to 
receive two or more audio input signals being the two 
or more original audio signals, 

wherein the decomposition module is confgured to gen-
65 crate the direct component signal, comprising the direct 

signal components of the two or more original audio 
signals, and 
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wherein the decomposition module is confgured to gen-
erate the diffuse component signal, comprising the 
diffuse signal components of the two or more original 
audio signals. 

3. The system according to claim 2, 
wherein the gain function computation module is confg-

ured to generate a lookup table for each gain function 
of the one or more gain functions, wherein the lookup 
table comprises a plurality of entries, wherein each of 
the entries of the lookup table comprises one of the gain 
function argument values and the gain function return 
value being assigned to said gain function argument 
value, 

wherein the gain function computation module is confg-
ured to store the lookup table of each gain function in 
persistent or non-persistent memory, and 

wherein the signal modifier is configured to acquire the 
gain function return value being assigned to said direc-
tion dependent argument value by reading out said gain 
function return value from one of the one or more 
lookup tables being stored in the memory. 

4. The system according to claim 2, 
wherein the signal processor is configured to determine 

two or more audio output signals, 
wherein the gain function computation module is confg-

ured to calculate two or more gain functions, 
wherein, for each audio output signal of the two or more 

audio output signals, the gain function computation 
module is configured to calculate a panning gain func-
tion being assigned to said audio output signal as one 
of the two or more gain functions, wherein the signal 
modifier is configured to generate said audio output 
signal depending on said panning gain function. 

5. The system according to claim 4, 
wherein the panning gain function of each of the two or 

more audio output signals comprises one or more 
global maxima, being one of the gain function argu-
ment values of said panning gain function, wherein for 
each of the one or more global maxima of said panning 
gain function, no other gain function argument value 
exists for which said panning gain function returns a 
greater gain function return value than for said global 
maxima, and 

wherein, for each pair of a first audio output signal and a 
second audio output signal of the two or more audio 
output signals, at least one of the one or more global 
maxima of the panning gain function of the first audio 
output signal is different from any of the one or more 
global maxima of the panning gain function of the 
second audio output signal. 

6. The system according to claim 4, 
wherein, for each audio output signal of the two or more 

audio output signals, the gain function computation 
module is configured to calculate a window gain func-
tion being assigned to said audio output signal as one 
of the two or more gain functions, 

wherein the signal modifier is configured to generate said 
audio output signal depending on said window gain 
function, and 

wherein, if an argument value of said window gain 
function is greater than a lower window threshold and 
smaller than an upper window threshold, the window 
gain function is configured to return a gain function 
return value being greater than any gain function return 
value returned by said window gain function, if a 
window function argument value is smaller than the 
lower threshold, or greater than the upper threshold. 

44 
7. The system according to claim 6, 
wherein the window gain function of each of the two or 

more audio output signals comprises one or more 
global maxima, being one of the gain function argu-

5 ment values of said window gain function, wherein for 
each of the one or more global maxima of said window 
gain function, no other gain function argument value 
exists for which said window gain function returns a 
greater gain function return value than for said global 

10 maxima, and 
wherein, for each pair of a first audio output signal and a 

second audio output signal of the two or more audio 
output signals, at least one of the one or more global 
maxima of the window gain function of the first audio 

15 output signal is equal to one of the one or more global 
maxima of the window gain function of the second 
audio output signal. 

8. The system according to claim 6, 
wherein the gain function computation module is config-

20 ured to further receive orientation information indicat-
ing an angular shift of a look direction with respect to 
the direction of arrival, and 

wherein the gain function computation module is config-
ured to generate the panning gain function of each of 

25 the audio output signals depending on the orientation 
information. 

9. The system according to claim 8, wherein the gain 
function computation module is configured to generate the 
window gain function of each of the audio output signals 

30 depending on the orientation information. 
10. The system according to claim 6, 
wherein the gain function computation module is config-

ured to further receive zoom information, wherein the 
zoom information indicates an opening angle of a 

35 camera, and 
wherein the gain function computation module is config-

ured to generate the panning gain function of each of 
the audio output signals depending on the zoom infor-
mation. 

40 11. The system according to claim 10, wherein the gain 
function computation module is configured to generate the 
window gain function of each of the audio output signals 
depending on the zoom information. 

12. The system according to claim 6, 
45 wherein the gain function computation module is config-

ured to further receive a calibration parameter for 
aligning a visual image and an acoustical image, and 

wherein the gain function computation module is config-
ured to generate the panning gain function of each of 

50 the audio output signals depending on the calibration 
parameter. 

13. The system according to claim 12, wherein the gain 
function computation module is configured to generate the 
window gain function of each of the audio output signals 

55 depending on the calibration parameter. 
14. The system according to claim 2, 
wherein the gain function computation module is config-

ured to receive information on a visual image, and 
wherein the gain function computation module is config-

60 ured to generate, depending on the information on a 
visual image, a blurring function returning complex 
gains to realize perceptual spreading of a sound source. 

15. A method for generating one or more audio output 
signals, comprising: 

65 receiving a direct component signal, comprising direct 
signal components of two or more original audio sig-
nals, 
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receiving a diffuse component signal, comprising diffuse 
signal components of the two or more original audio 
signals, 

receiving direction information, said direction informa-
tion depending on a direction of arrival of the direct 
signal components of the two or more original audio 
signals, generating one or more processed diffuse sig-
nals depending on the diffuse component signal, 

for each audio output signal of the one or more audio 
output signals, determining, depending on the direction 
of arrival, a direct gain, applying said direct gain on the 
direct component signal to acquire a processed direct 
signal, and the combining said processed direct signal 
and one of the one or more processed diffuse signals to 
generate said audio output signal, and 

outputting the one or more audio output signals, 
wherein generating the one or more audio output signals 

comprises calculating one or more gain functions, 
wherein each gain function of the one or more gain 
functions, comprises a plurality of gain function argu-
ment values, wherein a gain function return value is 
assigned to each of said gain function argument values, 
wherein, when said gain function receives one of said 
gain function argument values, wherein said gain func-
tion is configured to return the gain function return 
value being assigned to said one of said gain function 
argument values, and 

wherein generating the one or more audio output signals 
comprises selecting, depending on the direction of 
arrival, a direction dependent argument value from the 
gain function argument values of a gain function of the 
one or more gain functions, for acquiring the gain 
function return value being assigned to said direction 
dependent argument value from said gain function, and 
for determining the gain value of at least one of the one 
or more audio output signals depending on said gain 
function return value acquired from said gain function. 

16. The method according to claim 15, wherein the 
method further comprises: 

receiving two or more audio input signals being the two 
or more original audio signals, 

generating the direct component signal, comprising the 
direct signal components of the two or more original 
audio signals and, 

generating a diffuse component signal, comprising the 
diffuse signal components of the two or more original 
audio signals. 

46 
17. Anon-transitory digital storage medium having stored 

thereon a computer program for performing a method for 
generating one or more audio output signals, comprising: 

receiving a direct component signal, comprising direct 
5 signal components of two or more original audio sig-

nals, 
receiving a diffuse component signal, comprising diffuse 

signal components of the two or more original audio 
signals, 

10 receiving direction information, said direction informa-
tion depending on a direction of arrival of the direct 
signal components of the two or more original audio 
signals, generating one or more processed diffuse sig-

15 
nals depending on the diffuse component signal, 

for each audio output signal of the one or more audio 
output signals, determining, depending on the direction 
of arrival, a direct gain, applying said direct gain on the 
direct component signal to acquire a processed direct 

20 signal, and the combining said processed direct signal 
and one of the one or more processed diffuse signals to 
generate said audio output signal, and 

outputting the one or more audio output signals, 
wherein generating the one or more audio output signals 

25 comprises calculating one or more gain functions, 
wherein each gain function of the one or more gain 
functions, comprises a plurality of gain function argu-
ment values, wherein a gain function return value is 
assigned to each of said gain function argument values, 

30 wherein, when said gain function receives one of said 
gain function argument values, wherein said gain func-
tion is confgured to return the gain function return 
value being assigned to said one of said gain function 
argument values, and 

wherein generating the one or more audio output signals 
comprises selecting, depending on the direction of 
arrival, a direction dependent argument value from the 
gain function argument values of a gain function of the 
one or more gain functions, for acquiring the gain 

40 function return value being assigned to said direction 
dependent argument value from said gain function, and 
for determining the gain value of at least one of the one 
or more audio output signals depending on said gain 
function return value acquired from said gain function, 

when said computer program is run by a computer. 

* * * * * 
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