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Apparatus, Method or Computer Program for Synthesizing a Spatially Extend-
ed Sound Source Using Modification Data on a Potentially Modifying Object

Specification

The present invention relates audio signal processing, and is particularly related to
the synthesis of Spatially Extended Sound Sources (SESS).

The reproduction of sound sources over several loudspeakers or headphones has
been long investigated. The simplest way of reproducing sound sources over such
setups is to render them as point sources, i.e., very (ideally: infinitely) small sound
sources. This theoretic concept, however, is hardly able to model existing physical
sound sources in a realistic way. For instance, a grand piano has a large vibrating
wooden closure with many spatially distributed strings inside and thus appears much
larger in auditory perception than a point source (especially when the listener (and
the microphones) are close to the grand piano. Many real-world sound sources have
a considerable size ("spatial extent”) like musical instruments, machines, an orches-

tra or choir or ambient sounds (sound of a waterfall).

Correct / realistic reproduction of such sound sources has become the target of many
sound reproduction methods, be it binaural (i.e., using so-called Head-Related Trans-
fer Functions HRTFs or Binaural Room Impulse Responses BRIRs) using head-
phones or conventionally using loudspeaker setups ranging from 2 speakers (“ste-
reo”) to many speakers arranged in a horizontal plane (“Surround Sound”) and many
speakers surrounding the listener in all three dimensions (“3D Audio”).

As an example, if a SESS (e.g. a fountain) is listened to from a place where part of
the fountain is occluded by bushes, the occluded parts of the fountain are subject to
a frequency damping process, i.e. are attenuated by a certain frequency response
that is determined by the transmission characteristics of the bush. The capability of
rendering such (partially) occluded SESS parts is not available in the originally de-
scribed SESS rendering algorithm. Similarly, more distant parts of the SESS may be

rendered realistically with lower level using the present invention.

2D Source Width

This section describes methods that pertain to rendering extended sound sources on
a 2D surface faced from the point of view of a listener, e.g., in a certain azimuth

range at zero degrees of elevation (like is the case in conventional stereo / surround
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sound) or certain ranges of azimuth and elevation (like is the case in 3D Audio or
virtual reality with 3 degrees of freedom [*3DoF”} of the user movement, i.e., head

rotation in pitch/yaw/roll axes).

Increasing the apparent width of an audio object which is panned between two or
more loudspeakers (generating a so-called phantom image or phantom source) can
be achieved by decreasing the correlation of the participating channel signals
(Blauert, 2001, S. 241-257). With decreasing correlation, the phantom source's
spread increases until, for correlation values close to zero (and not too wide opening

angles), it covers the whole range between the loudspeakers.

Decorrelated versions of a source signal are obtained by deriving and applying suita-
ble decorrelation filters. Lauridsen (Lauridsen, 1954) proposed to add/subtract a time
delayed and scaled version of the source signal to itself in order to obtain two decor-
related versions of the signal. More complex approaches were for example proposed
by Kendall (Kendall, 1995). He iteratively derived paired decorrelation all-pass filters
based on combinations of random number sequences. Faller et al. propose suitable
decorrelation filters (“diffusers”) in (Baumgarte & Faller, 2003) (Faller & Baumgarte,
2003). Also, Zotter et al. derived filter pairs in which frequency-dependent phase or
amplitude differences were used to achieve widening of a phantom source (Zotter &
Frank, 2013). Furthermore, (Alary, Politis, & Valimaki, 2017) proposed decorrelation
fiters based on velvet noise which were further optimized by (Schlecht, Alary,
Valimaki, & Habets, 2018).

Besides reducing correlation of the phantom source's corresponding channel signals,
source width can also be increased by increasing the number of phantom sources
attributed to an audio object. In (Pulkki, 1999), the source width is controlled by pan-
ning the same source signal to (slightly) different directions. The method was origi-
nally proposed to stabilize the perceived phantom source spread of VBAP-panned
(Pulkki, 1997) source signals when they are moved in the sound scene. This is ad-
vantageous since dependent on a source's direction, a rendered source is repro-
duced by two or more speakers which can result in undesired alterations of perceived

source width.

Virtual world DirAC (Pulkki, Laitinen, & Erkut, 2009) is an extension of the traditional
Directional Audio Coding (DirAC) (Pulkki, 2007) approach for sound synthesis in vir-

tual worlds. For rendering spatial extent, directional sound components of a source
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are randomly panned within a certain range around the source's original direction,

where panning directions vary with time and frequency.

A similar approach is pursued in (Pihlajamaki, Santala, & Pulkki, 2014), where spatial
extent is achieved by randomly distributing frequency bands of a source signal into
different spatial directions. This is a method aiming at producing a spatially distribut-
ed and enveloping sound coming equally from all directions rather than controlling an

exact degree of extent.

Verron et al. achieved spatial extent of a source by not using panned correlated sig-
nals, but by synthesizing multiple incoherent versions of the source signal, distrib-
uting them uniformly on a circle around the listener, and mixing between them
(Verron, Aramaki, Kronland-Martinet, & Pallone, 2010). The number and gain of sim-
ultaneously active sources determine the intensity of the widening effect. This meth-
od was implemented as a spatial extension to a synthesizer for environmental

sounds.

3D Source Width

This section describes methods that pertain to rendering extended sound sources in
3D space, i.e. in a volumetric way as it is required for virtual reality with 6 degrees of
freedom ("6DoF"). This means 6 degrees of freedom of the user movement, i.e. head
rotation in pitch/yaw/roll axes) plus 3 translational movement directions x/y/z.

Potard et al. extended the notion of source extent as a one-dimensional parameter of
the source (i.e., its width between two loudspeakers) by studying the perception of
source shapes (Potard, 2003). They generated multiple incoherent point sources by
applying (time-varying) decorrelation techniques to the original source signal and
then placing the incoherent sources to different spatial locations and by this giving

them three-dimensional extent (Potard & Burnett, 2004).

In MPEG-4 Advanced AudioBIFS (Schmidt & Schroder, 2004), volumetric ob-
jects/shapes (shuck, box, ellipsoid and cylinder) can be filled with several equally
distributed and decorrelated sound sources to evoke three-dimensional source ex-

tent.

In order to increase and control source extent using Ambisonics, Schmele at al.

(Schmele & Sayin, 2018) proposed a mixture of reducing the Ambisonics order of an

PCT/EP2022/080997



10

15

20

25

30

35

WO 2023/083753

input signal, which inherently increases the apparent source width, and distributing

decorrelated copies of the source signal around the listening space.

Another approach was introduced by Zotter et al., where they adopted the principle
proposed in (Zotter & Frank, 2013) (i.e., deriving filter pairs that introduce frequency-
dependent phase and magnitude differences to achieve source extent in stereo re-

production setups) for Ambisonics (Zotter F. , Frank, Kronlachner, & Choi, 2014).

A common disadvantage of panning-based approaches (e.g., (Pulkki, 1997) (Pulkki,
1999) (Pulkki, 2007) (Pulkki, Laitinen, & Erkut, 2009)) is their dependency on the
listener's position. Even a small deviation from the sweet spot causes the spatial im-
age to collapse into the loudspeaker closest to the listener. This drastically limits their
application in the context of virtual reality and augmented reality with 6degrees-of-
freedom (6DoF) where the listener is supposed to freely move around. Additionally,
distributing time-frequency bins in DirAC-based approaches (e.g., (Pulkki, 2007)
(Pulkki, Laitinen, & Erkut, 2009)) not always guarantees the proper rendering of the
spatial extent of phantom sources. Moreover, it typically significantly degrades the

source signal's timbre.

Decorrelation of source signals is usually achieved by one of the following methods:
i) deriving filter pairs with complementary magnitude (e.g. (Lauridsen, 1954)), ii) us-
ing all-pass filters with constant magnitude but (randomly) scrambled phase (e.g.,
(Kendall, 1995) (Potard & Burnett, 2004)), or iii) spatially randomly distributing time-
frequency bins of the source signal (e.g., (Pihlajamaki, Santala, & Pulkki, 2014)).

All approaches come with their own implications: Complementary filtering a source
signal according to i) typically leads to an altered perceived timbre of the decorrelat-
ed signals. While all-pass filtering as in ii) preserves the source signal's timbre, the
scrambled phase disrupts the original phase relations and especially for transient
signals causes severe temporal dispersion and smearing artifacts. Spatially distrib-
uting time-frequency bins proved to be effective for some signals, but also alters the
signal's perceived timbre. Furthermore, it showed to be highly signal dependent and

introduces severe artifacts for impulsive signals.

Populating volumetric shapes with multiple decorrelated versions of a source signal
as proposed in Advanced AudioBIFS ((Schmidt & Schroder, 2004) (Potard, 2003)
(Potard & Burnett, 2004)) assumes availability of a large number of filters that pro-

duce mutually decorrelated output signals (typically, more than ten point sources per
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volumetric shape are used). However, finding such filters is not a trivial task and be-
comes more difficult the more such filters are needed. Furthermore, if the source
signals are not fully decorrelated and a listener moves around such a shape, e.g., in
a (virtual reality) scenario, the individual source distances to the listener correspond
to different delays of the source signals and their superposition at the listener's ears
result in position dependent comb-filtering potentially introducing annoying unsteady

coloration of the source signal.

Controlling source width with the Ambisonics-based technique in (Schmele & Sayin,
2018) by lowering Ambisonics order showed to have an audible effect only for transi-
tions from 2nd to 1st or to Oth order. Furthermore, these transitions are not only per-
ceived as a source widening but also frequently as a movement of the phantom
source. While adding decorrelated versions of the source signal could help stabilizing
the perception of apparent source width, it also introduces comb-filter effects that

alter the phantom source's timbre.

An efficient method for binaural rendering a spatially extended sound source (SESS)
was disclosed in W02021/180935 using two decorrelated versions of an input wave-
form signal (this may be produced by using an original mono signal and a decorrela-
tor to produce a decorrelated version of this mono signal), a cue calculation stage
that calculates the target binaural (and timbral) cues of the spatially extended sound
source depending on the size of the source (e.g. given as an azimuth-elevation angle
range depending on the position and orientation of the spatially extended sound
source and the listener). In preferred embodiment, this cue calculation stage pre-
calculates the target cues depending on the spatial regions to be covered by the
SESS and stores them into a lookup table, and a binaural cue adjustment stage that
produces the binaurally rendered output signal from the input signal and its decorre-
lated version using the target cues forms the cue calculation stage (lookup table).
The binaural adjustment stage adjusts the binaural cues (Inter-channel Coherence
ICC, Inter-channel Phase Difference ICPD, Inter-channel Level Difference ICLD) of
the input signals in several steps to their desired target value, as calculated by the

cue calculation stage / lookup table.

It is an object of the present invention to provide an improved concept for Spatially

Extended Sound Sources.

This object is achieved the subject matter as defined in the independent claims and

preferred embodiments are defined in the dependent claims.
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The regular Spatially Extended Sound Sources (SESS) fast synthesis algorithm
simulates the sound impression of a diffuse field in certain specified target spatial
regions. This is achieved by (virtual) summation of many closely spaced sound
sources that are driven by uncorrelated versions of the audio signal. Sometimes, a
part of the SESS is occluded by partially transmissive material (e.g. bushes), leading
to a frequency-selective attenuation of the SESS in the occluded spatial region. This
effect can be elegantly and efficiently incorporated into the efficient SESS algorithm
by introducing a weighting step into the calculation between the table look-up opera-
tion and the further calculation of desired binaural cues. The lookup table stores pre-
calculated partial sums of terms for each spatial sector around the listener. The ex-
tension comes at virtually no additional computational cost. Embodiments are related
to an apparatus and method or computer program for reproducing or synthesizing a
Spatially Extended Sound Source (SESS) with selective spatial weighting.

It is an advantage of the present invention that the present invention allows the pro-
cessing of a spatially extended sound source with a possibly complex geometric

shape.

It is a further advantage of the present invention that embodiments allow an improved
concept of reproducing a spatially extended sound source and enable possibilities for
spatially selective modification of the SESS rendering.

A first aspect relates to the usage of elementary spatial sectors. This first aspect re-
lates to the storing of data for elementary spatial sectors in the look-up table, where
the elementary spatial sectors are distributed over the sphere. The data for the ele-
mentary spatial sectors are preferably tied to the user head forming a user-centric
audio scene and are the same for each inclination of the head at the same position
and also for each position of the listener head, i.e., for each degree of freedom of the
6-DOF. However, each movement or inclination of the head results in a situation that
the sound from the SESS “enters” at another one or more elementary spatial sectors
into the user head. The renderer determines the elementary spatial sectors covered
by the SESS, retrieves the stored data for these specific sectors, optionally performs
a weighting of the stored data due to occluding objects or certain distances, and then
combines the stored data (or in case of weighting the weighted stored data), and,
then uses the result of the combination operation for rendering (e.g. rendering cues
are calculated from combined (co)-variance data, but other steps and parameters

can be used here as well. Hence, this aspect may or may not use a reference to oc-
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cluding objects and may or may not use a reference to the specific stored variance
data, since the combination (and optionally also the weighting) can also be done
when other data are stored such as the (mean) HRTFs (for an elementary spatial
sector or for a whole spatial extent) or even the frequency dependent cues them-

selves.

A second aspect relates to modifying objects that can be occluding objects or other
objects resulting in a modification of the sound of the SESS on its way from the
SESS position to the user having a certain location and/or inclination. This second
aspect relates to the treatment of e.g. occluding objects. The influence of the occlud-
ing object is a frequency-dependent attenuation having a low-pass characteristic.
The frequency dependent weighting can also be applied to the prior art procedure,
where one does not have any elementary spatial sectors. Based on transmitted data
describing occluding objects, one would have to decide, whether a SESS is occluded
or not and then apply the occluding function to the e.g. frequency dependent stored
cues, that are already given for different frequencies in the prior art. Hence, this is a
useful application of the occluding effect in the prior art without the usage of elemen-
tary spatial sectors or without the usage of stored variance data.

A third aspect relates to the storage of variance data and covariance data for e.g.
HRTFs for different spatial extents or elementary spatial sectors. This third aspect
relates to the storage, e.g. in a look-up table, of variance data and covariance data
for e.g. HRTFs in a storage position. It is not relevant, whether one stores this data
for a certain spatial extent as in the prior art or for an elementary spatial sector. The
renderer then calculates all rendering cues from the stored variance data on the fly.
In contrast to the prior art application, where at least the IACC is stored and probably
other cues or HRFT data, his is not done in this aspect. Covariance data is stored
and the cues are calculated on the fly. Hence, this aspect may or may not use the
elementary spatial sectors and may or may not use any modifying or occluding ob-

jects.

All aspects can be used separate from each other or together with each other or only

arbitrarily selected two aspects can be combined as well.

Preferred embodiments of the present invention are subsequently described with

respect to the accompanying drawings, in which:
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illustrates an apparatus for synthesizing a spatially extended sound

source in accordance with a first aspect of the present invention:

illustrates an apparatus for synthesizing a spatially extended sound

source in accordance with a second aspect of the invention;

illustrates an audio scene generator in accordance with the second

aspect of the present invention;

illustrates a preferred embodiment of a third aspect of the present in-

vention;

illustrates a block diagram for illustrating certain portions of the in-

ventive aspects;

illustrates another block diagram for illustrating several portions of the

inventive aspects;

ilustrates a further block diagram for illustrating portions of the in-

ventive aspects;

ilustrates an exemplary separation of the rendering range in elemen-

tary spatial sectors;

illustrates a procedure for combining the three inventive aspects for

the synthesis of spatially extended sound sources;

illustrates a preferred implementation of block 320 of Figs. 4, 5, and 6;

illustrates an implementation of a second channel processor;

illustrates a schematic diagram particularly showing features of the

first aspect and the second aspect of the invention;

lustrates an illustration for explaining the inventive first, second, and

third aspects; and
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Fig. 13 illustrates a decorrelator of Fig. 10 connected with the audio processor

synthesis in accordance with a further embodiment.

Fig. 1 illustrates an apparatus for synthesizing a spatially extended sound source.
The apparatus comprises a storage 2000 for storing rendering data items for different
elementary spatial sectors covering a rendering range for a listener. The apparatus
furthermore comprises a sector identification processor 4000 for identifying, from the
different elementary spatial sectors, a set of elementary spatial sectors belonging to
the specific spatially extended sound source. The identification is performed based
on listener data and data related to the spatially extended sound source (SESS).
Furthermore, the apparatus comprises a target data calculator 5000 for calculating
target rendering data from the rendering data items for the set of elementary spatial
sectors. Additionally, the apparatus comprises an audio processor 3000 for pro-
cessing the audio signal representing the spatially extended sound source using the

target rendering data as generated by the target data calculator 5000.

Fig. 2a illustrates an apparatus for synthesizing a spatially extended sound source
(SESS) comprising an input interface 4020 for receiving a description of an audio
scene, the description of the audio scene comprising spatially extended sound
source data on the spatially extended sound source and modification data on a po-
tentially modifying object. Furthermore, the input interface 4020 is configured for re-

ceiving a listener data.

A sector identification processor 4000 that can, in general, be implemented as the
sector identification processor 4000 of Fig. 1 is configured for identifying a limited
modified spatial sector for the spatially extended sound source within a rendering
range for the listener, wherein the rendering range for the listener is larger than the
limited modified spatial sector. The identification is performed based on the spatially
extended sound source data and the listener data and the modification data. Fur-
thermore, the apparatus comprises a target data calculator 5000 that can, in general
be, identically implemented or similarly implemented as the target data calculator
5000 of Fig. 1. This device is configured for calculating target rendering data from
one or more rendering data items belonging to the modified limited spatial sector as
determined by block 4000 of Fig. 2a. Furthermore, the apparatus for synthesizing a
spatially extended sound source in accordance with the éecond aspect illustrated in

Fig. 2a comprises an audio processor for processing an audio signal representing the
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spatially extended sound source using the target rendering data influenced by the

modification data, i.e., data on a modifying object such as an occluding object.

Fig. 2b illustrates, again in accordance with the second aspect, an audio scene gen-
erator comprising a spatially extended sound source data generator 6010, a modifi-
cation data generator 6020 and an output interface 6030. The spatially extended
sound source data generator 6010 is configured for generating data of the spatially
extended sound source and for providing this data to the output interface. This data
preferably comprises at least one of a location information, and orientation infor-
mation and geometry data for the spatially extended sound source as metadata for
the spatially extended sound source and, additionally, may comprise waveform data
for the SESS such as a stereo signal for the SESS in case of, for example, a large
SESS such as a grand piano, or only a mono signal for the SESS data that is pro-
cessed by the decorrelator illustrated, for example, in Fig. 10 at element 310 or in
Fig. 13 at element 3100.

The modification data generator 6020 is configured for generating modification data,
and this modification data may comprise a description of a low pass function or a
description of geometry data on a potentially modifying object. In an embodiment, the
low pass function comprises an attenuation value for a higher frequency, the attenua-
tion value for the higher frequency representing an attenuation value being stronger
compared to an attenuation value for a lower frequency, and this data is forwarded to

the output interface 6030 for insertion into the generated audio scene description.

Hence, the audio scene description illustrated in Fig. 2b is enhanced compared to an
SESS description in that not only SESS data is included, but also data on modifica-
tion objects that are, in itself, not sound sources, but that are elements that modify a

sound field generated by a sound source.

Fig. 3 illustrates a preferred embodiment of an apparatus for synthesizing a spatially

extended sound source in accordance with a third aspect.

This element comprises a storage for storing one or more rendering data items for
different limited spatial sectors, wherein the different limited spatial sectors are locat-
ed in a rendering range for a listener, and wherein the one or more rendering data
items for a limited spatial sector comprises at least one of a left variance data item, a

ride variance data item, and a left-right covariance data item.
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Furthermore, the apparatus comprises a sector identification processor 4000 for
identifying one or more limited spatial sectors for the spatially extended sound source
within the rendering range for the listener based on the spatially extended sound

source data and preferably based on the listener position or orientation.

The left variance data, the right variance data and the covariance data are input into
a target data calculator 5000 for calculating target rendering data from the stored left
variance data, the stored right variance data or the stored covariance data corre-
sponding to the one or more limited spatial sectors as determined by the sector iden-
tification processor 4000. The target rendering data is forwarded to an audio proces-
sor 3000 for processing an audio signal representing the spatially extended sound
source using the target rendering data. Generally, the audio processor 3000 can be
implemented in the same way as in Fig. 1 and 2b or Fig. 4, 5, and 6, or the audio

processor 3000 may be implemented differently.

Preferably, the left variance data item, the right variance data item and/or the left-
right covariance data items are data items related to head related transfer function
data, or related to binaural room impulse response data or related to binaural room
transfer function data or related to head related impulse response data. Furthermore,
the rendering data items comprise variance or covariance data item values for differ-
ent frequencies, so that a frequency selective/frequency-dependent processing is

achieved.

Particularly, the storage 2000 is configured for storing, for each limited spatial sector,
a frequency dependent representation of the left variance data item, a frequency de-
pendent representation of the right variance data item and a frequency dependent

representation of the covariance data item.

The upstream processing of the stored variance/covariance data items is exemplified
in several figures from W02021/180935 indicated subsequently as Figs. 4, 5, and 6.

Fig. 4 shows a block diagram of an SESS synthesis. Fig. 5 shows another block dia-
gram of an SESS synthesis, simplified in accordance with option 1, and Fig. 6 shows

a block diagram of an SESS synthesis, simplified in accordance with option 2.
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Fig. 4 illustrates an implementation of an apparatus for synthesizing a spatially ex-
tended sound source. The apparatus comprises a spatial information interface that
receives a spatial range indication information input indicating a limited spatial range
for the spatially extended sound source within a maximum spatial range. The limited
spatial range is input into a cue information provider 200 configured for providing one
or more cue information items in response to the limited spatial range given by the
spatial information interface. The cue information item or the several cue information
items are provided to an audio processor 300 configured for processing an audio
signal representing the spatially extended sound source using the one or more cue
information items provided by the cue information provider 200. The audio signal for
the spatially extended sound source (SESS) may be a single channel or may be a
first audio channel and a second audio channel or may be more than two audio
channels. However, for the purpose of having a low processing load, a small number
of channels for the spatially extended sound source or, for the audio signal repre-

senting the spatially extended sound source is preferred.

The audio signal is input into the audio processor 300 and the audio processor 300
processes the input audio signal or, when the number of input audio channels is
smaller than required such as only one, the audio processor comprises a second
channel processor 310 illustrated in Fig. 10 comprising, for example, a decorrelator
for generating a second audio channel S, decorrelated from the first audio channel S
that is also illustrated in Fig. 10 as S+1. The cue information items can be actual cue
items such as inter-channel correlation items, inter-channel phase difference items,
inter-channel level difference and gain items, gain factor items G., G, together rep-
resenting an inter-channel level difference and/or absolute amplitude or power or
energy levels, for example, or the cue information items can also be actual filter func-
tions such as head related transfer functions with a number as required by the actual
number of to be synthesized output channels in the synthesis signal. Thus, when the
synthesis signal is to have two channels such as two binaural channels or two loud-
speaker channels, one head related transfer function for each channel is required.
Instead of head related transfer functions, head related impulse response functions
(HRIR) or binaural or non-binaural room impulse response functions (B)RIR are nec-
essary. One such transfer function is required for each channel and Fig. 4 illustrates

the implementation of having two channels.

In an embodiment, the cue information provider 200 is configured to provide, as a

cue information item, an inter-channel correlation value. The audio processor 300 is
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configured to actually receive, via the audio signal interface 305, a first audio channel
and a second audio channel. When, however, the audio signal interface 305 only
receives a single channel, the optionally provided second channel processor gener-
ates, for example, by means of the procedure in Fig. 9, the second audio channel.
The audio processor performs a correlation processing to impose a correlation be-
tween the first audio channel and the second audio channel using the inter-channel

correlation value.

In addition, or alternatively, a further cue information item can be provided such as an
inter-channel phase difference item, an inter-channe! time difference item, an inter-
channel level difference and a gain item or a first gain factor and a second gain factor
information item. The items can also be interaural (IACC) correlation values, i.e.,
more specific interchannel correlation values, or interaural phase difference items

(IAPD) i.e., more specific interchannel phase difference values.

In a preferred embodiment, the correlation is imposed 320 by the audio processor
300 in response to the correlation cue information item, before ICPD (330), ICTD or
ICLD (340) adjustments are performed or, before, HRTF or other transfer filter func-
tion processings (350) are performed. However, as the case may be, the order can

be set differently.

In a preferred embodiment, the apparatus comprises a memory for storing infor-
mation on different cue information items in relation to different spatial range indica-
tions. In this situation, the cue information provider additionally comprises an output
interface for retrieving, from the memory, the one or more cue information items as-
sociated with the spatial range indication input into the corresponding memory. Such
a look-up table 210 is, for example, illustrated in Fig. 4, 5, or 6, where the look-up
table comprises a memory and an output interface for outputting the corresponding
cue information items. Particularly, the memary may not only store IACC, 1APD or G
and G; values as illustrated in Fig. 1b, but the memory within the look-up table may
also store filter functions as illustrated in block 220 of Fig. 5 and Fig. 6 indicated as
“select HRTF”. In this embodiment, although illustrated separately in Fig. 5 and Fig.
6, the blocks 210, 220 may comprise the same memory where, in association with
the corresponding spatial range indication indicated as azimuth angles and elevation
angles, the corresponding cue information items such as IACC and, optionally, IAPD

and transfer functions for filters such as HRTF, for the left output channel and HRTF,

PCT/EP2022/080997



10

15

20

25

30

35

WO 2023/083753

14

for the right output channel are stored, where the left and right output channels are

indicated as Syand S, in Fig. 4 or Fig. 5 or Fig. 6.

The memory used by the look-up table 210 or the select function block 220 may also
use a storage device where, based on certain sector codes or sector angles or sector
angle ranges, the corresponding parameters are available. Alternatively, the memory
may store a vector codebook, or a multi-dimensional function fit routine, or a Gaussi-
an Mixture Model (GMM) or a Support Vector Machine (SVM) as the case may be.

The target cues are calculated as described in the following. In Fig. 4, a general
block diagram of the concept is shown. [®,, ®,] describes the desired source extent
interms of azimuth anglerange. [64, 8] is the desired source extentinterms of elevation
angle range. S, (w) and S,(w) denote two decorrelated input signals, with w describing
thefrequency index. For S, (w) and S, (w) thus the following equation holds:

E{5 (w) - S3(w)} = 0. (1)

Additionally, both input signals are required to have the same power spectral density.
As an alternative it is possible to only give one input signal, S(w). The second input
signal is generated internally using a decorrelator as depicted in Fig. 10. Given S;(w)
and S, (w), the extended sound source is synthesized by successively adjusting the In-
ter-Channel Coherence (ICC), the Inter-Channel Phase Differences (ICPD) and the
Inter-Channel Level Differences (ICLD) to match the corresponding interaural cues.
The quantities needed for these processing steps are read from the pre-calculated look-
up table. The resulting left and right channel signals, $,(w) and S,.(w) can be played
back via headphones and resemble the SESS. It should be noted that the ICC ad-
justment has to be performed first, the ICPD and ICLD adjustment blocks however
can be interchanged. Instead of the IAPD, the corresponding Interaural Time Differ-
ences (JATD) could be reproduced as well. However, in the following only the IAPD is

considered further

In the ICC adjustment block, the cross-correlation between both input signals is ad-

justed to a desired value IACC(w)| using the following formulas [21]:

S1(w) = Hy(w) - Sy (w) + Hg(w) - Sy(w), (2)

PCT/EP2022/080997
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S2(w) = Hy(w) * Sy(w) + Hg(w) - S;(w), (3)

13 (@) = Hol@) (1= T TACC@IP), (4)

Hy(w) = /1 — Hi (w). (5)

Applying these formulas results in the desired cross-correlation, as long as the input

Ul

signals S; (w) and S, (w) are fully decorrelated. Additionally, their power spectral densi-

10  ty needs to be identical. The corresponding block diagram is shown in Fig. 9. Four
filters 321 to 324 and two adders 325, 326 process the input to obtain the output of
the block 320.

The ICPD adjustment block 330 is described by the following formulas:

15
2 P IAPD( <
Sg (C,u‘) — I IAPD() | S}(Lu‘),
' (6)
2 ~ ,
Sh(w) = Sa(w).
(7)
Finally, the ICLD adjustment 340 is performed as follows:
20
Si(&}) == (—;] {:U.)) . E;;(u)),
(8)
~ 7 N -
Siw) = G(w) - SH{w),
©)
25
where G, (w) describes the left ear gain and G, (w) describes the right ear gain. This
results in the desired ICLD as long as ${(w) and $;{w) do have the same power spec-
tral density. As left and right ear gain are used directly, monaural spectral cues are
reproduced in addition to the IALD.
30

Inorder to further simplify the previously discussed method, two options for simplification
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are described. As mentioned earlier, the main interaural cue influencing the perceived
spatial extent (in the horizontal plane) is the IACC. It would thus be conceivable to not
use precalculated IAPD and/or IALD values, but adjust those via the HRTF directly.
For this purpose, the HRTF corresponding to a position representative of the desired
5 source extent range is used. As this position, the average of the desired azi-
muth/elevation range is chosen here without loss of generality. In the following, a de-

scription of both options is given.

The first option involves using precalculated IACC and IAPD values. The ICLD however

10  isadjusted using the HRTF corresponding to the center of the source extentrange.

A block diagram of the first option is shown in Fig. 5. S,(w) and S,.(w) are now calcu-

lated using the following formulas:

»

. Sy (w) = 8 (w) - [HRTF,(w, ¢.6)

So(w) = S5(w) - [HRTF, (w, ¢.0)],

20 with @ = (¢ + ®,)/2 and 6 = (6, + 6,)/2 describing the location of an HRTF that
represents an average of the desired azimuth/elevation range. The main advantages of

the first option include:

¢ No spectral shaping/coloring when source extent is increased compared to a point

25 source in the center of the source extent range.

e Lower memory requirements compared to the full-blown, as G,(w) and

G, (w) do not have to be stored in the look-up table.

More flexible to changes in the HRTF data set during runtime compared to the full-blown
30  method, as only resulting ICC and ICPD, but not ICLD, depend on the HRTF data set

used during pre-calculation.

The main disadvantage of this simplified version is that it will fail whenever drastic

changes in the IALD occur, compared to the not extended source. In this case, the
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IALD will not be reproduced with sufficient accuracy. This is for example the case
when the source is not centered around 0° azimuth and at the same time the source ex-

tentin horizontal direction becomes too large.

5  The second option involves using pre-calculated IACC values only. The ICPD and
ICLD are adjusted using the HRTF corresponding to the center of the source extent

range.

A block diagram of the second option is shown in Fig. 6. S;(w) and S,(w) are now

10 calculated using the following formulas:

Syw) = 5 (w) - HRTF(w, ¢, 6), (12)

Suw) = Sa(w) - HRTF (w, $,0). (13)
15
In contrast to the first option, phase and magnitude of the HRTF are now used in-
stead of magnitude only. This allows to not only adjust the ICLD but also the ICPD.

First, the (co)variance terms are calculated between left and right channel as follows:
20
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E{Y(w) - Y (w)}, E{|Yi(w)[*} and E{|Y,(w)|*} arc derived:

N
E{Vi(w }—--E{ZAI, el . (w)-ZA,.J,.,-e-wf-m's:n(w)}

n=1 m=1
{ZZAIN' ram 3 (B1.n s ”]'S( ) S:;l( )}
n=1 m=1
—ZZAIN' rm. - el (P, E{S77(W)'S;1(w)}
n=1 m=1
ZAITL' rn 61 ‘Pln ¢1N)'
n=1

N N
E{|V(w)|*} = E {Z A &0 8, () 3 Ay €790 - 55 (w0 )}

n=1 m=1

N N
=E {Z Z App - Appn - a=om) g (). " (w)}

n=1 m=l

1 NN
:ZZAz,n-Aam-e“”““’l-m)-E{SA EAD)

n=1 m=1

= P(w)?- ZAZ

E{|Y,(w)]*} = P(w)?*- Z A2, (22)

n=1

In a second step, the target cues IACC, IALD and IAPD are calculated from the vari-
ance terms as follows:

IACC(w) — B (@)
VE{V@)P} - B{Y ()} {
En 1 Alu ' 11; (j(('l)"”¥¢"“)' (2‘),)

N 92 /\ 2
\/Zu 1 /l[ n‘ =1 X? m
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E{Y(w)*}
TIALD (w) = 10logyy = E{]Y, )]’} 5
27]:/*1 Al)n ( )
= 10 ]Ogl[) =N T
Ln ]A;2n
IAPD (w) = £ (E{¥i(w) - ¥ (w)})
£ (IACC(w))
(25)
=/ (ZAIn' N ~drr 1)>
=1
as well as the left and right ear gains:
E{]Y;(w)|?
{l z(d) (26)

N f A o

From these target cues, the final efficient synthesis of the binaural signal can be per-
formed by designing 4 filters transforming the input sound into the rendered binaural
output as explained in W02021/180935.

A first aspect relates to the usage of elementary spatial sectors. This first aspect re-
lates to the storing of data for elementary spatial sectors in the look-up table, where
the elementary spatial sectors are distributed over the sphere. The data for the ele-
mentary spatial sectors are preferably tied to the user head forming a user-centric
audio scene and are the same for each inclination of the head at the same position
and also for each position of the listener head, i.e., for each degree of freedom of the
6-DOF. However, each movement or inclination of the head results in a situation that
the sound from the SESS “enters” at another one or more elementary spatial sectors
into the user head. The renderer determines the elementary spatial sectors covered
by the SESS, retrieves the stored data for these specific sectors, optionally performs
a weighting of the stored data due to occluding objects or certain distances, and then
combines the stored data (or in case of weighting the weighted stored data), and,
then uses the result of the combination operation for rendering (e.g. rendering cues
are calculated from combined (co)-variance data, but other steps and parameters
can be used here as well. Hence, this aspect may or may not use a reference to oc-

cluding objects and may or may not use a reference to the specific stored variance
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data, since the combination (and optionally also the weighting) can also be done
when other data are stored such as the (mean) HRTFs (for an elementary spatial
sector or for a whole spatial extent) or even the frequency dependent cues them-

selves.

A second aspect relates to modifying objects that can be occluding objects or other
objects resulting in a modification of the sound of the SESS on its way from the
SESS position to the user having a certain location and/or inclination. This second
aspect relates to the treatment of e.g. occluding objects. The influence of the occlud-
ing object is a frequency-dependent attenuation having a low-pass characteristic.
The frequency dependent weighting can also be applied to the prior art procedure,
where one does not have any elementary spatial sectors. Based on transmitted data
describing occluding objects, one would have to decide, whether a SESS is occluded
or not and then apply the occluding function to the e.g. frequency dependent stored
cues, that are already given for different frequencies in the prior art. Hence, this is a
useful application of the occluding effect in the prior art without the usage of elemen-

tary spatial sectors or without the usage of stored variance data.

A third aspect relates to the storage of variance data and covariance data for e.g.
HRTFs for different spatial extents or elementary spatial sectors. This third aspect
relates to the storage, e.g. in a look-up table, of variance data and covariance data
for e.g. HRTFs in a storage position. It is not relevant, whether one stores this data
for a certain spatial extent as in the prior art or for an elementary spatial sector. The
renderer then calculates all rendering cues from the stored variance data on the fly.
In contrast to the prior art application, where at least the IACC is stored and probably
other cues or HRFT data, his is not done in this aspect. Covariance data is stored
and the cues are calculated on the fly. Hence, this aspect may or may not use the
elementary spatial sectors and may or may not use any modifying or occluding ob-
jects.

All aspects can be used separate from each other or together with each other or only

arbitrarily selected two aspects can be combined as well.

It is an advantage of the present invention to provide an enhanced efficient and real-
istic binaural rendering for a spatially extended sound source compared to
W02021/180935 by e.g.
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» organizing the lookup table for target cue calculation in a specific way (sector-
based, using (co)variance terms, frequency dependent); or

e performing a (frequency selective) weighting of the (co)variance terms ac-
cording to a desired target frequency response, as required for the synthesis
of (partially or fully) occluded parts of the SESS or to model distance attenua-

tion for certain.

Embodiments of the present invention extend the previously described concept from
W02021/180935 for efficient rendering of SESSs in several ways to enhance storage
efficiency and enable the capability of rendering also partially occluded parts of an
SESS:

An especially efficient way of organizing the lookup table and the target cue calcula-
tion based on the lookup table is disclosed which allows to cover all possible spatial
target regions for an SESS into a lookup table with a small size. This is achieved by
organizing the lookup table as a table that partitions the entire sphere around the
listener’s head into small azimuth / elevation sectors. The size of these sectors (i.e.
their azimuth and elevation size) is preferably chosen in accordance with the resolu-
tion of human azimuth/elevation perception. For example, the human auditory resolu-
tion for azimuth is finest (ca. 1 degree) in front and decreases towards the side. Also,
the resolution in elevation perception is much coarser than the resolution on azimuth
because of the listener's ears being located left and right on the head. For each of
these spatial sectors, specific partially summed terms are stored in the lookup table.
In a preferred embodiment, these are the (co)variance terms ( E{ YIeYr*}, E{ |Y1|? }, E{
[Yr|? } ) of the two ear signals when many point sources (described by their respec-
tive Head-related Impulse Responses, HRIRs, and driven by decorrelated signal ver-
sions = diffuse field) are summed up. Furthermore, in a preferred embodiment, these
table entries are stored in a frequency selective way ( E{ YIeYr*}, E{ |[Y]2}, E{ [Y1]? } ).

This is also achieved alone or in addition to the above, since the cue calculation pro-
cess makes use of these summed terms (E{ Y Y.}, E{|YI?}, E{|Y))? }) from the HRIR
contributions that are stored for each spatial sector such that — when several sectors
should be covered — the (co)variance data for these sectors can simply be added to

generate the (co)variance data for the entire target region (including ail sectors).

Furthermore, a spatial weighting of certain spatial sectors (e.g. to mode! occlusion of
this part of the SESS) can be achieved by weighting the (co)variance data stored for
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these spatial sectors before using them in the subsequent cue calculation process.
Specifically, a desired target frequency response g(f) can be imposed by multiplying
all (co)variance terms with the corresponding energy scaling factor g(f). As an ex-
ample, an occluding bush would impose an attenuation and a lowpass frequency
response when sound propagates through it. Thus, the (co)variance terms would be
attenuated and terms of the higher frequencies are attenuated more than those of the
low frequencies. Several zones for different occlusions / weighting are possible. In a
similar way, also modeling of object distance is possible: For large objects like rivers,
parts of the object may be substantially farther away from the listener that others,
thus contributing less loudness that the nearby parts. This can be modeled and ren-
dered by distance weighting of the different spatial sectors. The terms in the spatial
sectors are weighted with a distance energy attenuation factor corresponding to the
(e.g. average) distance of the object in this spatial sector.

An overview of an embodiment of the inventive method or apparatus or computer

program is provided hereatter:

In the initialization / start-up phase of the renderer, a partitioning of the sphere
around the listener’s head is done by defining spatial sectors (e.g. azimuth & eleva-
tion angle ranges) over which HRIR contributions can later be summed. Then, based
on these spatial sectors, the corresponding HRIR contributions can be stored in a
look-up table using (co)variance terms.

Fig. 11 illustrates a further overview over the present invention (method or apparatus
or computer program) implementing a cooperation of the first aspect and the second
aspect. Particularly, the block “select spatial sectors for SESS rendering” corre-
sponds to the sector identification processor 4000 illustrated in Figs. 1 to 3. The re-
sult of the selection of spatial sectors are a group of spatial sectors where there can
be some sectors without any modification illustrated at 4010. Furthermore, among
the determined sectors can be sectors with an occlusion modification in accordance
with a first characteristic illustrated at 4020. Furthermore, there can also be sectors
with another occlusion modification illustrated as “number N'. This is illustrated at
4030. The specific target data calculation illustrated by the target data calculator
5000 particularly for the second aspect performs a summation of variance terms for
the left side, variance terms for the right side and covariance terms for all unoccluded
sectors in case there are more than one such sectors. Additionally, a summation in
accordance with weighting function 1 is performed, i.e., if there are more than 1 sec-

tors with an occlusion in accordance with an occlusion/modification number 1, these
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are summed-up and then a corresponding weight is applied or the weighting opera-
tion and the summing-up operation can be exchanged. Furthermore, in case there
are other sectors with an occlusion modification number N as illustrated at 4030,
such sectors can be summed-up with the corresponding weight for the specific

weighting/modification function for these sectors.

Naturally, the case can be that only unoccluded sectors are existent for an SESS or
only occluded sectors in accordance with a single modification function are there or
any mixture between these possibilities, i.e., one sector unoccluded and once sector
with an occlusion/modification number 1, but no one for occlusion/modification num-
ber N. naturally, the number “N” can also be equal to 1 so that only lines 4010 and
4020 exist, but any modification with another modification on top of modification

number 1 is not determined by block 4000.

As soon as the individual weighting for the individual occlusion/modifications have
been performed in block 5020, the overall cue summation in block 5040 takes place,
and then the input data for the final target cue calculation 5060 is performed. This
target cue data is then input into the binaural cue synthesis or audio processor block
3000 of Fig. 11. The input into block 3000 is the SESS input signal number 1 and the
SESS input signal number 2 if the SESS has a stereo waveform signal. In case of an
SESS having a mono waveform signal only, nevertheless two signals are generated,
but with the decorrelator illustrated at 3100 in Fig. 13 or illustrated at 3010 in Fig. 10.

Fig. 12 illustrates a preferred implementation of the binaural cue synthesis 3000 con-
sisting of an IACC adjustment 3200, an IAPD adjustment 3300 and an IALD adjust-
ment 3400. All these blocks are provided with data from the storage indicated as
“look up table” in block 2000. However, depending on the implementation, the corre-
sponding processings for determining the final values for IACC, IAPD, and IALD are
also generated in block 2000 in accordance with target data calculation steps 5020,
5040, 5060. Therefore, the block titled “look up table” in Fig. 12 is provided with ref-
erence number 2000 and reference number 5000. However, the input into this block

is provided by the sector identification processor 4000 of any of Figs. 1, 2a, 3, 11.

Fig. 13 illustrates, at the left hand side, a decorrelator 3100 for generating, from a
single SESS waveform signal, the two SESS input signals number 1 and number 2 at
the output of the decorrelator. This data is then subjected to four filtering operations
3210, 3220, 3230 and 3240 where corresponding contributions for the left channel
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are added via adder 3250 and where corresponding contributions of the right channel
are added via adder 3260 to obtain the final output signals left and right. The individ-
ual filter functions 3210, 3220, 3230 and 3240 are calculated via the target data cal-
culator 5000 either for the correspondingly determined limited spatial range as de-
scribed in WO 2021/180935 or are calculated in accordance with the plurality of ele-
mentary spatial sectors as described with respect to Fig. 7 where a spatially extend-

ed sound source is represented by two or more elementary spatial sectors.

The processing for each audio block is depicted in Fig. 11 illustrating an overall flow
chart of a preferred embodiment implementing the first aspect, the second aspect
and the third aspect together. For each audio signal block, the (time varying) target
cues for the target spatial region belonging to the SESS are determined and applied
to the two input signals in a Binaural Cue Synthesis Stage to produce the L and R

binaural output signals.

The target binaural cues are calculated as follows:

The spatial sectors belonging to SESS considering listener and SESS position & ori-
entation as well as SESS geometry are calculated (e.g. using a projection algorithm

or a ray tracing analysis).

Specifically the spatial sectors belonging to parts of the SESS that should be
weighted to model effects like occlusion and/or distance attenuation etc. are found.
There can be several spatial regions that require different attenuation / frequency
response characteristics; the corresponding sectors are processed in each region
separately, belonging to different so-called “sector classes” (e.g. “unoccluded”, “oc-

clusion/modification #17, ... “occlusion/modification #n”).

The stored (co)variance terms for sectors within each sector class are summed up.
Then the summed sector (co)variance data of the different sector classes are
weighted according to the desired transmission function for each sector class Specif-
ically, the (co)variance data of that sector class is multiplied with the (frequency de-
pendent) energy transmission function {square of amplitude scaling factor / amplitude

frequency response) belonging to this class.

The weighted variance terms for all sector classes of the SESS are summed up into

overall (weighted) (co)variance terms.
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The target cues using modified/weighted overall (co)variance terms is calculate using
equations (23) - (27). Of course, also each sector's (co)variance data can be
weighted individually and then be summed up rather than first performing a partial
summation within sector classes, weighting once for each sector class and the final
summation. The previously described approach is, however, a preferred embodiment
due to its higher efficiency.

Advantages of Embodiments of the Invention over the State of the Art provide a very
efficient and more realistic rendering of sized sources (SESSs), a small lookup table
size and/or the ability to include rendering effects (like partial occlusion or distance
attenuation) that change the frequency response in selected spatial parts of the size
source (SESS)

Preferred Examples relate to a renderer that uses as inputs one or more signal
channels, the geometry, size and orientation of the spatially extended sound source
(SESS) and an HRTF set and is equipped for binaural rendering of spatially extended

sound sources (i.e. provides two output signals).

Further preferred renderers or apparatus and methods for synthesizing a SPESS
comprise, in addition or instead of the above, a target cue calculation stage (e.g. for
calculating the desired inter-aural target cues) and a cue synthesis stage (e.g. for
transforming the input signal(s) into binaurally rendered signals with the desired tar-

get cues).

Further preferred renderers or apparatus and methods for synthesizing a SPESS
comprise, in addition or instead of the above, the usage of a lookup table that con-
tains pre-calculated data for the binaural rendering of the SESS and is provided/pre-
calculated for different frequency bands depending on the HRTF set.

Further preferred renderers or apparatus and methods for synthesizing a SPESS
comprise, in addition or instead of the above, the lookup table that is organized to
store (co)variance terms for each spatial sector ( such as | (left) variance, r (right)

variance, Ir co-variance).

In other preferred embodiment: spatial sectors are defined as azimuth / elevation

ranges.
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In other preferred embodiments, spatial sector sizes are chosen in relation to the
resolution of the human auditory spatial localization abilities (e.g. are wider in eleva-

tion than in azimuth direction).

In other preferred embodiments, the computation of the target binaural rendering
cues is performed based on the summed variance terms of the spatial sectors be-
longing to the SESS.

In other preferred embodiments, the modification of rendering of different spatial re-
gions of the SESS (e.g. for occlusion or distance modeling) is achieved by using
modified variance terms from the lookup table rather than the originally stored one.

In other preferred embodiments, the modification is done by multiplication of the vari-

ance terms with an energy attenuation factor belonging to the spatial sector.

In other preferred embodiments, this attenuation factor is frequency dependent (e.g.

to model lowpass effects due to partial occlusion).

A further embodiment relates to a bitstream that includes the following information:
Size, position & orientation of the object and waveform, and the geometry of occlud-

ing objects.

Subsequently, a further preferred embodiment as currently developed for MPEG |
ISO 23090-4 is described:

This embodiment synthesizes one or more Spatially Extended Sound Sources
(SESS) for headphone reproduction for object sources that have an associated flag
objectSourceHasExtent set to 1. The respective parameters for the object source are

identified by objectSourceExtentld.

The synthesis is based on a description of a SESS by an (ideally) infinite number of
decorrelated point sources distributed over the entire source extent spatial range. By
continuously projecting the SESS geometry in the direction towards the current lis-
tener position, the range covered by said geometry can be identified every frame and
updated in real-time. In other words, the geometry is projected onto a sphere repre-
senting the user's virtual listening space every frame. And the spatial sections occu-
pied by the projected geometry on the sphere are the ones included in the auraliza-
tion of the SESS.
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A SESS is defined by the user in the Encoder Input Format (EIF). Given a desired
source extent range, an SESS is synthesized using two decorrelated input signals.
These input signals are processed in such a way, that perceptually important auditory
cues are synthesized. This includes the following interaural cues: Interaural Cross
Correlation (IACC), Interaural Phase Differences (IAPD) and Interaural Level Differ-
ences (IALD). Besides that, monaural spectral cues are reproduced. This is illustrat-
ed in Fig. 12.

Data elements and variables
itemStore a local pointer to the RenderltemStore object

B block size
Fs sampling rate
extentProcessors map from item id to its extentProcessor instance

extentDownmixltem RI to store the final output of all extent’s binaural signal.

Stage description

To save real-time computational cost, individual HRTF points are assigned into pre-
defined grid tables that separate the listener’s virtual listening sphere into uniformly
distributed regions. During the initialization, a N-point DFT is performed to get N/2+1
frequency components for each HRIR, where N is the length of it. Then, three inter-
mediate values for each grid are obtained by integrating the data of all HRTF points
within, which are the gains of the left and right channels, non-normalized IACC. In
addition, the number of HRTF data points included in each grid is also stored. These

are used to calculate the final cues in real-time.

The gains of both channels for each grid are calculated with equation 28 and 29,
where 4, and 4, ,, is the magnitude of the left and right HRTF respectively, N is the

number of HRTF points that are within this grid:
N
G =) A (28)

N
G, (w) = Zn_lA%n (29)

The non-normalized IACC for each grid is calculated with equation 30, where ¢, | and
¢, r is the phase of left and right HRTF respectively:
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N
IACC (w) = Z A2, - AZ, - el (Oin =) (30)
n=1

The procedures in equations 28 to 30 are performed before the actual processing in
advance and correspond to steps 800, 810 of Fig. 8, and the results of these pro-
cessings are the data preferably stored in the storage 2000 or 200 in the correspond-

ing figures.

During the real-time processing, each unique extended sound source is generated
and managed by an Extent Processor. For every frame, each active processor re-
ceives a buffer of audio samples and the metadata indicating how to synthesize the
extended sound source. Two separate processing chains exist: metadata handling in
the update thread and audio processing in the audio thread. These are described
respectively in the following sections, and their results are combined at the end of the

second chain to produce binaural audio output.
Calculations performed in the Update Thread:

For each unique extended sound source, one or more metadata carriers, in the form
of Rls (Rendering ltems), are generated by the Occlusion Stage (e.g. corresponding
to block 4000).

This stage 4000 loops through all the incoming Ris and assigns relevant extent
metadata to the corresponding processor. If one of the spatial sections from the pre-
defined table is covered and should be included for auralizing an Extent in this frame,
the incoming metadata will contain a gain factor (items 4010, 4020, 4030 of Fig. 11)
and a list of gains corresponding to some pre-defined frequency bins for it. By select-
ing (e.g. 4000), weighting (e.g. 5020) and eventually accumulating (e.g. 5040) the
stored intermediate data with the gain and EQs, the generation of arbitrary shape of
extended sound source with any form and degree of occlusion (size/material) is

achieved.

The final filter is obtained by the following steps: After integrating (or accumulating)
all grid points indicated in the RI (Rendering Item), the gain of the left and right chan-
nel and IACC (e.g. variance and covariance data) are normalized with the total

weighted number of HRTF data points:

N
Zn:l Ggl'{d,],n

N weighted

G (w) = (31)
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 _ 2Na1Ggridrn
Gy () = Nyeighted (32)
N
—1 1ACC, w
1ACC (0)) _ Zn 1N gr]d,n( ) (33)
weighted

The procedures in equations 31 to 33 correspond to block 5040.

The frequency dependent , and H are calculated using the normalized IACC:

Hg(w) = \/;(1 — 1 —JIACC (w)I?) (34)

Hy (W) = /1 — Hi (w) (35)

The calculation in block 5060 corresponds to the processing of equations 34 and 35
in an embodiment.

The final stereo filters 3210, 3220, 3230, 3240 are obtained using H, and Hp, gains
of left and right channels (G, and G,) and the phase extracted from the HRTF point

corresponds to the center of the extent. (phase, and phase,.):

F1) (@) = He(w) + G(w) - elPhaseit) (1
Fir (@) = Hg (w) * Gy (w) - el Phaser () (37)
Fai (0) = Hg (w) -+ G (w) - el Phaser(@ (38)
For (@) = Hy (@) + Gy (w) - el Phaser (@) (39)

The calculations of blocks 36 to 39 are preferably also performed in block 5060.

Calculations performed in the Audio Thread:

The input mono signal is first fed into the decorrelator 3100 to obtain two decorrelat-
ed versions. The MPEG-I decorrelator or any other decorrelator such as the one illus-

trated in Fig. 10 can be used.

Then, each of the two decorrelated signals are convolved with the corresponding
stereo filters 3210, 3220, 3230, 3240 calculated in the update thread, which results in
four channels of output. Then, a cross mixing 3250, 3260 will be performed to pro-

duce the final binaural output.
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Equations () and (41) define the (filtering and) mixing process, where S; and S,
stands for the two decorrelated signals, and F, and F, are the two stereo filters (for

left and right, respectively) calculated in the metadata processing section. Fig. 13 is
a signal flow diagram for the process. The filter illustrated in Fig. 13 is similar to the
Fig. 9 filter.

Sp(w) = Fyp(w) - Sq(w) + Fyp(w) + Sz (w) (40)
Sp (@) = Fip(w) - Sy (w) + Fay () + Sy (w) 41)

The processing in accordance with equations 40 and 41 are preferably performed in
the audio processor or Binaural Cue Synthesis block 3000 of Fig. 11 or 300 of Figs.
4,5, 6.

Fig. 7 illustrates a schematic representation of the rendering range for a listener. The
rendering range is exemplarily a sphere that is centered around the user. Hence, the
user or listener (not illustrated in Fig. 7) is located at the center of the sphere and the
rendering range corresponding to this sphere around the listener can be considered
to be “tied” to the user’'s hand. Hence, when the user changes her or his position in
one of the horizontal, vertical, or depth direction (x, y, z), the sphere moves around in
accordance with the user's movement with respect to the spatially extended sound
source that can be considered to be fixed with respect to the user. Furthermore,
when the user moves his hand by looking upwards, looking downwards, or looking to
the side, the sphere representing the rendering range for the listener also moves
upwards, downwards, or sidewards, i.e., also performs the “movement” that the user
applies to her or his head without moving in the horizontal, vertical, or depth direc-
tion. Thus, the spherical rendering range for the listener can be considered to be a
kind of a “helmet” always following the movement of the user’s or listener's head in

all 6 degrees of freedom.

This sphere is separated into individual elementary spatial sectors that can be
spaced and, therefore, dimensioned differently with respect to the azimuth and eleva-
tion angle in order to reflect psychoacoustic findings. Particularly, the rendering range
comprises the sphere or a portion of a sphere around the listener, and each elemen-
tary spatial sector illustrated in Fig. 7, for example, has an azimuth size and an eleva-
tion size. Particularly, the azimuth size and the elevation size of the elementary spa-

tial sectors are different from each other, so that an azimuth size is finer for an ele-
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mentary spatial sector directly in front of the listener, compared to an azimuth size of
an elementary spatial sector more to the side of the listener, and/or the azimuth size
decreases towards a side of the listener, and/or the elevation size of an elementary

spatial sector is smaller than an azimuth size of this sector.

Hence, aspects of the invention rely on a user-centric representation that moves with
the user with respect to the spatially extended sound source, and the user’s head is
in the center of the space and the sphere or a portion of the sphere is the rendering

range.

The sector identification processor 4000 now determines, which different elementary
spatial sectors represent the spatially extended sound source illustrated in Fig. 7 at
7000. In this example, it is, for example, determined via a ray tracing algorithm start-
ing from the center of this sphere and pointing to the SESS 7000 that the four ele-
mentary spatial sectors ESSs indicated as “17, “27, “3”, and “4” in Fig. 7 “belong” to
the SESS 7000 at the specific orientation and position of the user with respect to the
SESS 7000. Hence, it is assumed that the soundfield emitted by the SESS 7000 that
actually reaches the ears of the user goes through these four ESSs. Furthermore, an
occluding object 7010 is also illustrated in Fig. 7, and for the purpose of the example,
it is assumed that elementary spatial sector (ESS 1) is fully occluded, elementary
spatial sector 2 (ESS2) is partly occluded, and ESS3, 4 are not occluded by the oc-
cluding object.

Hence, turning to Fig. 11, elementary spatial sectors 1, 2 correspond to item 4010,
elementary spatial sector 1 corresponds to item 4020 and elementary spatial sector 2
corresponds to item 4030 of Fig. 11. Alternatively, it could be determined that the
partly occluded sector also belongs to the same class as the fully occluded sector or,
if the sector is only occluded with a very small portion, then it can also be determined
that a sector having an occlusion below a certain threshold is also determined to be

not occluded at all.

Although it is illustrated in Fig. 7 that the elementary spatial sectors and the optional
occluding degree of occluding or modification characteristic of the sectors are the
same for both ears, i.e., for left and right, the case can also be that the number
and/or identification of the elementary spatial sectors are different for the left and for

the right ear. This can easily be the case, when an SESS is quite close to the user
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and the SESS is located more in the middle between both ears rather than on one

side or the other.

Furthermore, other procedures than ray tracing algorithms can be performed in order
to determine a projection of the SESS onto the rendering range for the listener, i.e.,
for the exemplary sphere. Additionally, the SESS 7000 need not necessarily be fixed.
The SESS can also be dynamic, i.e., can move over time. Then, the SESS position
with respect to the user has to be determined beforehand and, then, for a certain
point in time/for a certain frame of the SESS waveform signal, the corresponding
elementary spatial sectors for the left side and the right side of the listener for the
actual position of the listener’s head are determined and, then, the cues are calculat-
ed as illustrated with respect to logs 5020 to 5060 in Fig. 11.

Additionally, it is to be noted here that the rendering range does not necessarily have
to be a full sphere. It can only comprise a portion of a sphere. Additionally, the ren-
dering range does not necessarily have to be spherical. It can also be cylindrical or it
can also have a shape of a polygon as long as it covers a certain three dimensional

portion of the space around the listener.

Regarding the sizes of the elementary spatial sectors, it is to be emphasized that the
elementary spatial sectors can be quite small that, for the determination of the stored
rendering data items, only a single HRTF indicated with an amplitude and a phase
instead of a summation over a certain number (as, for example, illustrated in equa-
tion 20, equation 21 and equation 22 or in equation 28 to 30 is sufficient). When,
however, elementary spatial sectors are used that have a certain dimension, so that
the size of the storage storing the rendering data items for each elementary spatial
sector is reduced, the determination of the rendering data items stored in the storage
for each elementary spatial sector can be performed in line with equations 20 to 22 or
28 to 30, where the HRTFs only belonging to a specific elementary spatial sector are
summed-up in order to obtain the actual (co-)variance data for a certain frequency

and for this elementary spatial sector.

It is to be noted that a specific advantage of this procedure is that all these calcula-
tions do not have to be performed at run-time. Instead, as soon as a certain division
of the rendering range into a certain grid of elementary spatial sectors or grid points
is determined, than the stored data for each individual or elementary spatial sector

can be calculated and stored and, for a certain initialization with a certain grid, the
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only procedure done during run-time is to load the corresponding pre-calculated data

for this grid into the storage or look-up table.

The only procedure that is necessary to be performed during run-time is the identifi-
cation of the elementary spatial sectors belonging to the spatially extended sound
source for the specific user orientation/position and the potentially necessary
weighting due to occluding objects and then, the final overall summation correspond-
ing to block 5040 in Fig. 11 which then gives the way free for the final target cue cal-
culation in block 5060. Hence, the necessary calculation operations during run-time
are very limited and are very small compared to the calculation operations required
for determining the rending data items for the elementary spatial sectors, i.e., for the

certain grid.

Furthermore, it is to be noted that the storage for the certain grid does not depend on
the user position/orientation, since, in case of a change of the position or the charac-
teristic of the SESS or in case of the change of the user’s orientation/position, only
the identified elementary spatial sectors change, but not the data stored for the ele-
mentary spatial sectors that represent the grid. In other words, only the ID numbers
for the elementary spatial sectors change, but not the data for an elementary spatial

sector having a certain ID number.

Subsequently, Fig. 8 is described in order to illustrate the preferred procedure for one

or several aspects of the invention.

In step 800, the rendering range such as the sphere is determined or initialized. The
result is, for example, a sphere with certain grid points or elementary spatial sectors.
In block 810, the rendering data items such as (co-) variance data is stored in a stor-

age such as look-up table for all elementary spatial sectors in the rendering range.

Then, in step 820, the sector identification as done by block 4000 is performed.
Hence, one or more elementary spatial sectors belonging to the spatially extended
sound source is determined based on SESS data and position/orientation data of the
listener input into block 820. The result of block 820 is one or more elementary spa-

tial sectors.
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In block 830, a summing-up of rendering data items for the plurality of elementary
spatial sectors such as with or without weighting is performed as illustrated by block
5040.

In block 840, the target rendering data such as IACC, IALD, IAPD, GL, GR are calcu-
lated which is performed by block 5060.

In block 850, the target rendering data is applied to the spatially extended sound
source audio signal as is illustrated, for example, also to by means of the audio pro-

cessor block 3000 or binaural cue synthesis block 3000 of Fig. 11.

In accordance with the first aspect of the present invention, the rendering sphere is
implemented as illustrated in Fig. 7, i.e., elementary spatial sectors covering a ren-
dering range for a listener are determined and the sector identification processor de-
fines a set of elementary spatial sectors such as two or more elementary spatial sec-
tors for the spatially extended sound source. However, it is only a preferred embodi-
ment that the stored rendering data items are variance or co-variance data. Instead,
other data items necessary for rendering can also be stored and combined by the
target data calculator. Furthermore, this procedure does also not necessarily require

the modification processing, but preferably performs the modification processing.

In accordance with the second aspect of the present invention, the determination of a
potentially modifying object and the determination of a limited modified spatial sector
based on the potentially modifying object identification is required. However, for this
procedure, the rendering range does not necessarily have to be dimensioned as illus-
trated in Fig. 7, i.e., with individual elementary spatial sectors having individual stored
data items. Instead, the rendering range could also be implemented as illustrated in
other implementations such as the one illustrated in WQ 2021/180935. Furthermore,
for the determination and for the accounting for of modification objects, it is not nec-
essarily the case that the stored rendering data items are variance/co-variance data.
Instead, other rendering data such as illustrated to be stored data in WO
2021/180935 can be used as well.

Regarding the third aspect, the determination of the rendering range as illustrated in
Fig. 7 is not necessarily required. Instead, other determination such as the definitions
of the rendering range as illustrated in WO 2021/180935 can be used for the one or

more limited spatial sector. However, the limited spatial sector is preferably imple-
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mented as an elementary spatial sector shown in Fig. 7. Furthermore, for the pur-
pose of using variance/co-variance data as stored data, the specific processing with
modifying/occluding objects is also not a required feature, but is preferred as has

been discussed before with respect to block 830 in Fig. 8, for example.

Further embodiments related to the first aspect are summarized subsequently.

Embodiments relate to an apparatus for synthesizing a spatially extended sound
source (SESS), comprising: a storage for storing rendering data items for different
elementary spatial sectors covering a rendering range for a listener; a sector identifi-
cation processor for identifying, from the different elementary spatial sectors, a set of
elementary spatial sectors belonging to the spatially extended sound source based
on listener data and spatially extended sound source data; a target data calculator for
calculating target rendering data from the rendering data items for the set of elemen-
tary spatial sectors; and an audio processor for processing an audio signal represent-

ing the spatially extended sound source using the target rendering data.

In further embodiments, the storage is configured to store, as the rendering data
items, for each elementary spatial sector, at least one of a left variance data item
related to left head related transfer function data, a right variance data item related to
right head related transfer function (HRTF) data, and a covariance data item related
to the left HRTF data and the right HRTF data, wherein the target calculator is con-
figured to sum up the left variance data items for the set of elementary spatial sectors
or the right variance data items for the set of elementary spatial sectors, or the covar-
iance data items for the set of elementary spatial sectors, respectively, to obtain at
least one summed up item, wherein the target calculator is configured to calculate at
least one rendering cue as the target rendering data from the at least one summed
up item, and wherein the audio processor is configured to process the audio signal

using the at least one rendering cue.

In further embodiments, the sector identification processor is configured to apply a
projection algorithm or a ray tracing analysis to determine the set of elementary spa-
tial sectors, or to use, as the listener data, a listener position or a listener orientation,
or to use, as the spatially extended sound source (SESS) data, an SESS orientation,

an SESS position, or information on a geometry of the SESS.
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In further embodiments, the sector identification processor is configured to receive,
from a description of an audio scene, occluding information on a potentially occluding
object, and to determine, based on the occlusion information, a specific spatial sector
of the set of elementary spatial sectors as an occluding sector, and wherein the tar-
get data calculator is configured to apply an occlusion function to the rendering data
items stored for the occluding sector to obtain modified data, and to use the modified

data for calculating the target rendering data.

In further embodiments, the occlusion function is a low pass function having different
attenuation values for different frequencies, and wherein the rendering data items are
data items for different frequencies, and wherein the target data calculator is config-
ured to weight, for several frequencies, a data item for a certain frequency with the

attenuation value for the certain frequency to obtain the modified rendering data.

In further embodiments, the sector identification processor is configured to determine
that another elementary spatial sector of the set of elementary spatial sectors deter-
mined for the occluding object is not occluded by the potential occluding object, and
wherein the target data calculator is configured to combine the modified data from
the occluding sector and the rendering data items of the other sector without a modi-
fication using the occluding function or modified by a different modification function to

obtain the target rendering data.

In further embodiments, the sector identification processor is configured to determine
a first elementary spatial sector of the set of elementary spatial sectors to have a first
characteristic and to determine a second elementary spatial sector of the set of ele-
mentary spatial sectors to have a second different characteristic, and wherein the
target data calculator is configured to not apply any modification function to the first
elementary spatial sector and to apply a modification function to the second elemen-
tary spatial sector, or to apply a first modification function to the first elementary spa-
tial sector and to apply a second modification function to the second elementary spa-
tial sector, the second modification function being different from the first modification

function.

In further embodiments, the first modification function is frequency selective and the
second modification function is constant over frequency, or wherein the first modifica-
tion function has a first frequency selective characteristic and wherein the second

modification function has a second frequency selective characleristic being different
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from the first frequency selective characteristic, or wherein the first modification func-
tion has a first attenuation characteristic and the second modification function has a
second different attenuation characteristic, and wherein the target data calculator is
configured to select or adjust the modification function from the first modification
function and the second modification function based on a distance between the first
elementary spatial sector or the second elementary spatial sector to the listener or
based on a characteristic of an object being placed between the listener and the cor-

responding elementary spatial sector.

In further embodiments, the sector identification processor is configured to classify
the set of elementary spatial sectors into different sector classes based on character-
istics associated with the elementary spatial sectors, wherein the target data calcula-
tor is configured to combine the rendering data items of the elementary spatial sec-
tors in each class to obtain a combined result for each class, if more than one ele-
mentary spatial sectors is in a class, and to apply a specific modification function
associated with at least one class to the combined result of this class to obtain a
modified combination result for this class, or to apply the specific modification func-
tion associated with at least one class to the one or more data items of the one or
more elementary spatial sectors of each class to obtain modified data items and to
combine the modified data items of the elementary spatial sectors in each class to
obtain a modified combination result for this class, to combine the combination result
or if available the modified combination result for each class to obtain an overall
combination result, and to use the overall combination result as the target rendering

data or to calculate the target rendering data from the overall combination result.

In further embodiments, the characteristic for an elementary spatial sector is deter-
mined as being one of a group comprising an occluded elementary spatial sector
involving a first occlusion characteristic, an occluded elementary spatial sector involv-
ing a second occlusion characteristic being different from the first occlusion charac-
teristic, an unoccluded elementary spatial sector having a first distance to the listen-
er, and an unoccluded elementary spatial sector having a second distance to the

listener, wherein the second distance is different from the first distance.

In further embodiments, the target data calculator is configured to modify or combine
frequency dependent variance or covariance parameters as the rendering data items
to obtain, as the overall combination result, an overall combined variance or an over-

all combined covariance parameter, and to calculate at least one of an inter-aural
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coherence cue, an inter-aural level difference cue, an inter-aural phase difference

cue, a first side gain, or a second side gain as the target rendering data.

In further embodiments, the audio processor is configured to perform at least one of
an inter-channel coherence adjustment, an inter-channel phase difference adjust-
ment, an inter-channel level difference adjustment using corresponding cues as the

target rendering data.

In further embodiments, the rendering range comprises a sphere or a portion of a
sphere around the listener, wherein the rendering range is tied to the listener position
or listener orientation, and wherein each elementary spatial sector has an azimuth

size and an elevation size.

In further embodiments, the azimuth size and the elevation size of the elementary
spatial sectors are different from each other, so that an azimuth size is finer for an
elementary spatial sector directly in front of the listener compared to an azimuth size
of an elementary spatial sector more to the side of the listener, or wherein the azi-
muth size decreases towards a side of the listener, or wherein an elevation size of an

elementary spatial sector is smaller than an azimuth size of this sector.

Further embodiments related to the second aspect are summarized subsequently.

An embodiment for an apparatus for synthesizing a spatially extended sound source,
comprises: an input interface for receiving a description of an audio scene, the de-
scription of the audio scene comprising spatially extended sound source data on the
spatially extended sound source and modification data on a potentially modifying
object, and for receiving a listener data; a sector identification processor for identify-
ing a limited modified spatial sector for the spatially extended sound source within a
rendering range for the listener, the rendering range for the listener being larger than
the limited modified spatial sector, based on the spatially extended sound source
data and the listener data and the modification data; a target data calculator for cal-
culating target rendering data from the one or more rendering data items belonging to
the modified limited spatial sector; and an audio processor for processing an audio
signal representing the spatially extended sound source using the target rendering

data.
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In further embodiments, the modification data is occlusion data, and wherein the po-

tentially modifying object is a potentially occluding object.

In further embodiments, the potentially modifying object has an associated modifica-
tion function, wherein the one or more rendering data items are frequency depend-
ent, wherein the modification function is frequency selective, and wherein the target
data calculator is configured to apply the frequency selective modification function to

the one or more frequency dependent rendering data items.

In further embodiments, the frequency selective modification function has different
values for different frequencies, and wherein the frequency dependent one or more
rendering data items have different values for different frequencies, and wherein the
target data calculator is configured to apply or multiply or combine a value of the fre-
quency selective modification function for a certain frequency to a value of the one or

more rendering data items for the certain frequency.

In further embodiments, a storage for storing the one or more rendering data items
for a number of different limited spatial sectors is provided, wherein the number of

different limited spatial sectors together form the rendering range for the listener.

In further embodiments, the modification function is a frequency selective low-pass
function, and wherein the target data calculator is configured to apply the low-pass
function so that a value of the one or more rendering data items at a higher frequen-
cy is attenuated stronger than a value of the one or more rendering data items at a

lower frequency.

In further embodiments, the sector identification processor is configured to determine
the limited spatial sector for the spatially extended sound source based on the listen-
er data and the spatially extended sound source data, to determine, whether at least
a part of the limited spatial sector is subject to a modification by the modifying object,
and to determine the limited spatial sector as a modified spatial sector, when the part
is greater than a threshold or when the whole limited spatial sector is subject to the

modification by the modifying object.

In further embodiments, the sector identification processor is configured to apply a
projection algorithm or a ray tracing analysis to determine the limited spatial sector,

or to use, as the listener data, a listener position or a listener orientation, or to use, as
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the spatially extended sound source (SESS) data, an SESS orientation, an SESS

position, or information on a geometry of the SESS.

In further embodiments, the rendering range comprises a sphere or a portion of a
sphere around the listener, wherein the rendering range is tied to the listener position
or listener orientation, and wherein the modified limited spatial sector has an azimuth

size and an elevation size.

In further embodiments, the azimuth size and the elevation size of the modified lim-
ited spatial sector are different from each other, so that an azimuth size is finer for a
modified limited spatial sector directly in front of the listener compared to an azimuth
size of the modified limited spatial sector more to the side of the listener, or wherein
the azimuth size decreases towards a side of the listener, or wherein an elevation
size of the modified limited spatial sector is smaller than an azimuth size of the modi-

fied limited spatial sector.

In further embodiments, as the one or more rendering data items, for the modified
limited spatial sector, at least one of a left variance data item related to a left head
related transfer function data, a right variance data item related to a right head relat-
ed transfer function (HRTF) data, and a covariance data item related to the left HRTF
data and the right HRTF data is used.

In further embodiments, the sector identification processor is configured to determine
a set of elementary spatial sectors belonging to the spatially extended sound source
and to determine, among the set of elementary spatial sectors, one or more elemen-
tary spatial sectors as the limited modified spatial sector, and wherein the target data
calculator is configured to modify the one or more réndering data items associated
with the limited modified spatial sector using the modification data to obtain combined
data, and to combine the combined data with rendering data items of one or more
elementary spatial sectors of the set of elementary spatial sectors being different
from the limited modified spatial sector and being not modified or modified in a differ-

ent way compared to the modification for the limited modified spatial sector.

In further embodiments, the sector identification processor is configured to classify
the set of elementary spatial sectors into different sector classes based on character-
istics associated with the elementary spatial sectors, wherein the target data calcula-

tor is configured to combine the rendering data items of the elementary spatial sec-
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tors in each class to obtain a combined result for each class, if more than one ele-
mentary spatial sectors is in a class, and to apply a specific modification function
associated with at least one class to the combined result of this class to obtain a
modified combination result for this class, or to apply the specific modification func-
tion associated with at least one class to the one or more data items of the one or
more elementary spatial sectors of each class to obtain modified data items and to
combine the modified data items of the elementary spatial sectors in each class to
obtain a modified combination result for this class, to combine the combination result
or if available the modified combination result for each class to obtain an overall
combination result, and to use the overall combination result as the target rendering

data or to calculate the target rendering data from the overall combination result.

In further embodiments, the characteristic for an elementary spatial sector is deter-
mined as being one of a group comprising an occluded elementary spatial sector
involving a first occlusion characteristic, an occluded elementary spatial sector involv-
ing a second occlusion characteristic being different from the first occlusion charac-
teristic, an unoccluded elementary spatial sector having a first distance to the listen-
er, and an unoccluded elementary spatial sector having a second distance to the

listener, wherein the second distance is different from the first distance.

In further embodiments, the target data calculator is configured to modify or combine
frequency dependent variance or covariance parameters as the rendering data items
to obtain, as the overall combination resuit, an overall combined variance or an over-
all combined covariance parameter, and to calculate at least one of an inter-aural or
inter-channel coherence cue, an inter-aural or inter-channel level difference cue, an
inter-aural or inter-channel phase difference cue, a first side gain, or a second side
gain as the target rendering data, and wherein the audio processor is configured for
processing the audio signal using at least one of the inter-aural or inter-channe! co-
herence cue, the inter-aural or inter-channel level difference cue, the inter-aural or
inter-channel phase difference cue, a first side gain, or a second side gain as the

target rendering data.

Further embodiments comprise an audio scene generator for generating an audio
scene description, comprising: a spatially extending sound source (SESS) data gen-
erator for generating SESS data of the spatially extended sound source. a modifica-

tion data generator for generating modification data on a potentially modifying object;



10

15

20

25

30

WO 2023/083753

42

and an output interface for generating the audio scene description comprising the
SESS data and the modification data.

In further embodiments, the modification data comprises a description of a low pass
function or geometry data on the potentially modifying object, wherein the low pass
function comprises an attenuation value for a higher frequency, the attenuation value
for the higher frequency representing an attenuation value being stronger compared
to an attenuation value for a lower frequency, and wherein the output interface is
configured to introduce the description of the attenuation function or the geometry
data on the potentially modifying object as the modification data into the audio scene

description.

In further embodiments, the SESS data generator is configured to generate, as the
SESS data, a location of the SESS, and information on a geometry of the SESS, and
wherein the output interface is configured to introduce, as the SESS data, the infor-
mation on the location of the SESS, and the information on the geometry of the
SESS.

In further embodiments, the SESS data generator is configured to generate, as the
SESS data, an information on a size, on a position, or on an orientation of the spatial-
ly extended sound source, or waveform data for one or more audio signals associat-
ed with the spatially extended sound source, or wherein the modification data calcu-
lator is configured to calculate, as the modification data, a geometry of a potentially

modifying object such as a potentially occluding object.

Further embodiments comprise an audio scene description, comprising: spatially
extended sound source data, and modification data on one or more potentially modi-

fying objects.

In further embodiments, the audio scene description is implemented as a transmitted
or stored bitstream, wherein the spatially extended sound source data represents a
first bitstream element, and wherein the modification data represents a second bit-

stream element.

Further embodiments related to the third aspect are summarized subsequently.
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An embodiment comprises an apparatus for synthesizing a spatially extended sound
source (SESS), comprising: a storage for storing one or more rendering data items
for different limited spatial sectors, wherein the different limited spatial sectors are
located in a rendering range for a listener, wherein the one or more rendering data
items for a limited spatial sector comprises at least one of a left variance data item
related to left head related function data, a right variance data item related to right
head related function data, and a covariance data item related to the left head related
function data and the right head related function data; a sector identification proces-
sor for identifying one or more limited spatial sectors for the spatially extended sound
source within the rendering range for the listener based on spatially extended sound
source data; a target data calculator for calculating target rendering data from the
stored left variance data, the stored right variance data, or the stored covariance da-
ta; and an audio processor for processing an audio signal representing the spatially

extended sound source using the target rendering data.

In further embodiments, the storage is configured to store the variance data items or
the covariance data item related to head related transfer function data, or binaural
room impulse response data, or binaural room transfer function data, or head related

impulse response data.

In further embodiments, the one or more rendering data items comprise variance or

covariance data item values for different frequencies.

In further embodiments, the storage is configured to store, for each limited spatial
sector, a frequency dependent representation of the left variance data item, a fre-
quency dependent representation of the right variance data item, and a frequency

dependent representation of the covariance data item.

In further embodiments, the target data calculator is configured for calculating, as the
target rendering data, at least one of an inter-aural or inter-channel coherence cue,
an inter-aural or inter-channel level difference cue, an inter-aural or inter-channel
phase difference cue, a first side gain, and a second side gain as the target rendering
data, and wherein the audio processor is configured to perform at least one of an
inter-channel or inter-aural coherence adjustment, an inter-aural or inter-channel
phase difference adjustment, or an inter-aural or inter-channel level difference ad-

justment using corresponding cues as the target rendering data.
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In further embodiments, the target data calculator is configured to calculate the inter-
aural or inter-channel coherence cue based on the left variance data item, the right
variance data item and the covariance data item, or to calculate the inter-channel or
inter aural phase difference cue based on the left variance data item, and the right
variance data item, or to calculate the inter-channel or inter-aural phase difference
cue based on the covariance data item, or to calculate the left or right side gain using
the left or right variance data item and an information related to a signal power of the

audio signal.

In further embodiments, the target data calculator is configured to calculate the inter-
aural or inter-channel coherence cue, so that a value of the inter-aural or inter-
channel coherence cue is within a range of +/- 20% of a value obtained by an equa-
tion for the inter-aural or inter-channel coherence cue described in the specification,
or wherein the target data calculator is configured to calculate the inter-aural or inter-
channel level difference cue so that a value of the inter-aural or inter-channel level
difference cue is within a range of +/- 20% of a value obtained by an equation for the
inter-aural or inter-channel level difference cue described in the specification, or
wherein the target data calculator is configured to calculate the inter-aural or inter-
channel phase difference cue so that a value of the inter-aural or inter-channel phase
difference cue is within a range of +/- 20% of a value obtained by an equation for the
inter-aural or inter-channel phase difference cue described in the specification, or
wherein the target data calculator is configured to calculate the first or the second
side gain so that a value of the first or the second side gain is within a range of +/-
20% of a value obtained by an equation for the left or right side gain described in the

specification.

In further embodiments, the sector identification processor is configured to apply a
projection algorithm or a ray tracing analysis to determine the one or more limited
spaltial sectors as a set of elementary spatial sectors, or to use, as the listener data, a
listener position or a listener orientation, or to use, as the spatially extended sound
source (SESS) data, an SESS orientation, an SESS position, or information on a
geometry of the SESS.

In further embodiments, the rendering range comprises a sphere or a portion of a
sphere around the listener, wherein the rendering range is tied to the listener position
or the listener orientation, and wherein the one or more limited spatial sector has an

azimuth size and an elevation size.
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In further embodiments, the azimuth size and the elevation size of the different lim-
ited spatial sectors are different from each other, so that an azimuth size is finer for a
limited spatial sector directly in front of the listener compared to an azimuth size of a
limited spatial sector more to the side of the listener, or wherein the azimuth size de-
creases towards a side of the listener, or wherein an elevation size of a limited spatial

sector is smaller than an azimuth size of this sector.

In further embodiments, the sector identification processor is configured to determine
a set of elementary spatial sectors as the one or more limited spatial sectors, where-
in, for each elementary spatial sector, at least one of the left variance data item, the

right variance data item, and the covariance data item is stored.

In further embodiments, the sector identification processor is configured to receive,
from a description of an audio scene, occluding information on a potentially occluding
object, and to determine, based on the occlusion information, a specific spatial sector
of the set of elementary spatial sectors as an occluding sector, and wherein the tar-
get data calculator is configured to apply an occlusion function to the rendering data
items stored for the occluding sector to obtain modified data, and to use the modified

data for calculating the target rendering data.

In further embodiments, the occlusion function is a low pass function having different
attenuation values for different frequencies, and wherein the rendering data items are
data items for different frequencies, and wherein the target data calculator is config-
ured to weight, for several frequencies, a data item for a certain frequency with the

attenuation value for the certain frequency to obtain the modified rendering data.

In further embodiments, the sector identification processor is configured to determine
that another elementary spatial sector of the set of elementary spatial sectors deter-
mined for the occluding object is not occluded by the potential occluding object, and
wherein the target data calculator is configured to combine the modified data from
the occluding sector and the rendering data items of the other sector without a modi-
fication using the occluding function or modified by a different modification function to

obtain the target rendering data.

In further embodiments, the sector identification processor is configured to determine

a first elementary spatial sector of the set of elementary spatial sectors to have a first
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characteristic and to determine a second elementary spatial sector of the set of ele-
mentary spatial sectors to have a second different characteristic, and wherein the
target data calculator is configured to not apply any modification function to the first
elementary spatial sector and to apply a modification function to the second elemen-
tary spatial sector, or to apply a first modification function to the first elementary spa-
tial sector and to apply a second modification function to the second elementary spa-
tial sector, the second modification function being different from the first modification

function.

In further embodiments, the first modification function is frequency selective and the
second madification function is constant over frequency, or wherein the first modifica-
tion function has a first frequency selective characteristic and wherein the second
modification function has a second frequency selective characteristic being different
from the first frequency selective characteristic, or wherein the first modification func-
tion has a first attenuation characteristic and the second modification function has a
second different attenuation characteristic, and wherein the target data calculator is
configured to select or adjust the modification function from the first modification
function and the second modification function based on a distance between the first
elementary spatial sector or the second elementary spatial sector to the listener or
based on a characteristic of an object being placed between the listener and the cor-

responding elementary spatial sector.

In further embodiments, the sector identification processor is configured to classify
the set of elementary spatial sectors into different sector classes based on character-
istics associated with the elementary spatial sectors, wherein the target data calcula-
tor is configured to combine the rendering data items of the elementary spatial sec-
tors in each class to obtain a combined result for each class, if more than one ele-
mentary spatial sectors is in a class, and to apply a specific modification function
associated with at least one class to the combined result of this class to obtain a
modified combination resuit for this class, or to apply the specific modification func-
tion associated with at least one class to the one or more data items of the one or
more elementary spatial sectors of each class to obtain modified data items and to
combine the modified data items of the elementary spatial sectors in each class to
obtain a modified combination result for this class, to combine the combination result
or if available the modified combination result for each class to obtain an overall
combination result, and to use the overall combination result as the target rendering

data or to calculate the target rendering data from the overall combination result.
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In further embodiments, the characteristic for an elementary spatial sector is deter-
mined as being one of a group comprising an occluded elementary spatial sector
involving a first occlusion characteristic, an occluded elementary spatial sector involv-
ing a second occlusion characteristic being different from the first occlusion charac-
teristic, an unoccluded elementary spatial sector having a first distance to the listen-
er, and an uncccluded elementary spatial sector having a second distance to the

listener, wherein the second distance is different from the first distance.

In further embodiments, the target data calculator is configured to modify or combine
frequency dependent variance or covariance parameters as the rendering data items
to obtain, as the overall combination result, an overall combined variance or an over-
all combined covariance parameter, and to calculate at least one of an inter-aural or
inter-channel coherence cue, an inter-aural or inter-channel level difference cue, an
inter-aural or inter-channel phase difference cue, a first side gain, or a second side

gain as the target rendering data.

In further embodiments, an initializer is provided to determine at least one of the left
variance data item, the right variance data item, and the covariance data item from
pre-stored head related function data, wherein the initializer is configured to calculate
the left variance data item, the right variance data item or the covariance data item
from a plurality of head related function data for the limited spatial sector, and where-
in the limited spatial sector is sized in such a way that at least two left head related
function data, at least two right head related function data exist for the limited spatial

range.
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Claims
Apparatus for synthesizing a spatially extended sound source, comprising:

an input interface (4020) for receiving a description of an audio scene, the
description of the audio scene comprising spatially extended sound source
data on the spatially extended sound source and modification data on a po-

tentially modifying object (7010), and for receiving a listener data;

a sector identification processor (4000) for identifying a limited modified spa-
tial sector for the spatially extended sound source (7000) within a rendering
range for the listener, the rendering range for the listener being larger than the
limited modified spatial sector, based on the spatially extended sound source

data and the listener data and the modification data;

a target data calculator (5000) for calculating target rendering data from the
one or more rendering data items belonging to the modified limited spatial

sector; and

an audio processor (300, 3000) for processing an audio signal representing

the spatially extended sound source using the target rendering data.
Apparatus of claim 1, wherein the modification data is occlusion data, and
wherein the potentially modifying object (7010) is a potentially occluding ob-

ject.

Apparatus of one of claim 1 or 2, wherein the potentially modifying object

(7010) has an associated modification function,

wherein the one or more rendering data items are frequency dependent,
wherein the modification function is frequency selective, and

wherein the target data calculator (5000) is configured to apply the frequency

selective modification function to the one or more frequency dependent ren-

dering data items.
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Apparatus of claim 3, wherein the frequency selective modification function
has different values for different frequencies, and wherein the frequency de-
pendent one or more rendering data items have different values for different

frequencies, and

wherein the target data calculator (5000) is configured to apply or multiply or
combine (5020) a value of the frequency selective modification function for a
certain frequency to a value of the one or more rendering data items for the

certain frequency.

Apparatus of one of the preceding claims, further comprising a storage (200,
2000) for storing the one or more rendering data items for a number of differ-
ent limited spatial sectors, wherein the number of different limited spatial sec-

tors together form the rendering range for the listener.

Apparatus of one of the preceding claims, wherein the modification function is

a frequency selective low-pass function, and

wherein the target data calculator (5000) is configured to apply (5020) the
low-pass function so that a value of the one or more rendering data items at a
higher frequency is attenuated stronger than a value of the one or more ren-

dering data items at a lower frequency.

Apparatus of one of the preceding claims, wherein the sector identification

processor (4000) is configured

to determine (820) the limited spatial sector for the spatially extended
sound source based on the listener data and the spatially extended

sound source data,

to determine, whether at least a part of the limited spatial sector is subject

to a modification by the modifying object (7010), and

to determine the limited spatial sector as a modified spatial sector, when
the part is greater than a threshold or when the whole limited spatial sec-

tor is subject to the modification by the modifying object (7010).
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Apparatus of one of the preceding claims,

wherein the sector identification processor (4000) is configured to apply a
projection algorithm or a ray tracing analysis to determine the limited spatial
sector, or to use, as the listener data, a listener position or a listener orienta-
tion, or to use, as the spatially extended sound source (SESS) data, an SESS

orientation, an SESS position, or information on a geometry of the SESS.

Apparatus of one of the preceding claims,

wherein the rendering range comprises a sphere or a portion of a sphere
around the listener, wherein the rendering range is tied to the listener position
or listener orientation, and wherein the modified limited spatial sector has an

azimuth size and an elevation size.

Apparatus of claim 9, wherein the azimuth size and the elevation size of the
modified limited spatial sector are different from each other, so that an azi-
muth size is finer for a modified limited spatial sector directly in front of the lis-
tener compared to an azimuth size of the modified limited spatial sector more
to the side of the listener, or wherein the azimuth size decreases towards a
side of the listener, or wherein an elevation size of the modified limited spatial

sector is smaller than an azimuth size of the modified limited spatial sector.

Apparatus of one of the preceding claims, wherein, as the one or more ren-
dering data items, for the modified limited spatial sector, at least one of a left
variance data item related to a left head related transfer function data, a right
variance data item related to a right head related transfer function (HRTF) da-
ta, and a covariance data item related to the left HRTF data and the right
HRTF data is used.

Apparatus of one of the preceding claims, wherein the sector identification
processor (4000) is configured to determine a set of elementary spatial sec-
tors belonging to the spatially extended sound source and to determine,
among the set of elementary spatial sectors, one or more elementary spatial

sectors as the limited modified spatial sector, and
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wherein the target data calculator (5000) is configured to modify (5020) the
one or more rendering data items associated with the limited modified spatial
sector using the modification data to obtain combined data, and to combine
(5040) the combined data with rendering data items of one or more elemen-
tary spatial sectors of the set of elementary spatial sectors being different
from the limited modified spatial sector and being not modified or modified in
a different way compared to the modification for the limited modified spatial

sector.

Apparatus of claim 12, wherein the sector identification processor (4000) is
configured to classify the set of elementary spatial sectors into different sector
classes (4010, 4020, 4030) based on characteristics associated with the ele-

mentary spatial sectors,

wherein the target data calculator (5000) is configured to combine the render-
ing data items of the elementary spatial sectors in each class to obtain a
combined result for each class, if more than one elementary spatial sectors is
in a class, and to apply a specific modification function associated with at
least one class to the combined result of this class to obtain a modified com-

bination result for this class, or

to apply the specific modification function associated with at least one class to
the one or more data items of the one or more elementary spatial sectors of
each class to obtain modified data items and to combine the modified data
items of the elementary spatial sectors in each class to obtain a modified

combination result for this class,

to combine (5040) the combination result or if available the modified combina-

tion result for each class to obtain an overall combination result, and

to use (5060) the overall combination result as the target rendering data or to

calculate the target rendering data from the overall combination resuit.

Apparatus of claim 13,

wherein the characteristic for an elementary spatial sector is determined as

being one of a group comprising an occluded elementary spatial sector involv-
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ing a first occlusion characteristic, an occluded elementary spatial sector in-
volving a second occlusion characteristic being different from the first occlu-
sion characteristic, an unoccluded elementary spatial sector having a first dis-
tance to the listener, and an unoccluded elementary spatial seclor having a
second distance to the listener, wherein the second distance is different from

the first distance.

Apparatus of one of claims 8 to 14, wherein the target data calculator (5000)
is configured to modify or combine (5040) frequency dependent variance or
covariance parameters as the rendering data items to obtain, as the overall
combination result, an overall combined variance or an overall combined co-

variance parameter, and

to calculate (5060) at least one of an inter-aural or inter-channel coherence
cue, an inter-aural or inter-channel level difference cue, an inter-aural or inter-
channel phase difference cue, a first side gain, or a second side gain as the

target rendering data, and

wherein the audio processor (300, 3000) is configured for processing the au-
dio signal using at least one of the inter-aural or inter-channel coherence cue,
the inter-aural or inter-channel level difference cue, the inter-aural or inter-
channel phase difference cue, a first side gain, or a second side gain as the

target rendering data.

Method of synthesizing a spatially extended sound source, comprising:

receiving a description of an audio scene, the description of the audio scene
comprising spatially extended sound source data on the spatially extended
sound source and modification data on a potentially modifying object (7010),

and receiving a listener data;

identifying a limited modified spatial sector for the spatially extended sound
source within a rendering range for the listener, the rendering range for the
listener being larger than the limited modified spatial sector, based on the
spatially extended sound source data and the listener data and the modifica-

tion data;
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calculating target rendering data from the one or more rendering data items

belonging to the modified limited spatial sector; and

processing an audio signal representing the spatially extended sound source

using the target rendering data.

Computer program for performing, when running on a computer or a proces-

sor, the method of claim 16.

Audio scene generator for generating an audio scene description, comprising:

a spatially extending sound source (SESS) data generator (6010) for generat-

ing SESS data of the spatially extended sound source.

a modification data generator (6020) for generating modification data on a po-

tentially modifying object (7010); and

an output interface (6030) for generating the audio scene description compris-

" ing the SESS data and the modification data.

Audio scene generator of claim 18, wherein the modification data comprises a
description of a low pass function, wherein the low pass function comprises
an attenuation value for a higher frequency, the attenuation value for the
higher frequency representing an attenuation value being stronger compared
to an attenuation value for a lower frequency, and wherein the output inter-
face (6030) is configured to introduce the description of the attenuation func-

tion as the modification data into the audio scene description.

Audio scene generator of claim 18 or 19, wherein the modification data com-
prises geometry data on the potentially modifying object (7010), and wherein
the output interface (6030) is configured to introduce the geometry data on
the potentially modifying object (7010) as the modification data into the audio

scene description.

Audio scene generator of one of claims 18 - 20, wherein the SESS data gen-
erator (6010) is configured to generate, as the SESS data, a location of the

SESS, and information on a geometry of the SESS, and
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wherein the output interface (6030) is configured to introduce, as the SESS
data, the information on the location of the SESS and the information on the
geometry of the SESS.

Audio scene generator of one of the claims 18 - 21, wherein the SESS data
generator (6010) is configured to generate, as the SESS data, an information
on a size, on a position, or on an orientation of the spatially extended sound
source, or waveform data for one or more audio signals associated with the
spatially extended sound source, or

wherein the modification data calculator (6020) is configured to calculate, as
the modification data, a geometry of a potentially modifying object (7010)
such as a potentially occluding object.

Method of generating an audio scene description, comprising:

generating spatially extending sound source (SESS) data of the spatially ex-

tended sound source;
generating modification data on a potentially modifying object (7010); and

generating the audio scene description comprising the SESS data and the

modification data.

Computer program for performing, when running on a computer or a proces-

sor, the method of claim 23.

Audio scene description, comprising:

spatially extended sound source data, and

modification data on one or more potentially modifying objects (7010).

Audio scene description of claim 25, implemented as a transmitted or stored

bitstream, wherein the spatially extended sound source data represents a first
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bitstream element, and wherein the modification data represents a second

bitstream element.



