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Apparatus and Method for Enhanced Spatial Audio Object Coding

Description

The present invention is related to audio encoding/decoding, in particular, to spatial audio
coding and spatial audio object coding, and, more particularly, to an apparatus and
method for enhanced Spatial Audio Object Coding.

Spatial audio coding tools are well-known in the art and are, for example, standardized in
the MPEG-surround standard. Spatial audio coding starts from original input channels
such as five or seven channels which are identified by their placement in a reproduction
setup, i.e., a left channel, a center channel, a right channel, a left surround channel, a
right surround channel and a low frequency enhancement channel. A spatial audio
encoder typically derives one or more downmix channels from the original channels and,
additionally, derives parametric data relating to spatial cues such as inter-channel level
differences in the channel coherence values, inter-channel phase differences,
inter-channel time differences, etc. The one or more downmix channels are transmitted
together with the parametric side information indicating the spatial cues to a spatial audio
decoder which decodes the downmix channel and the associated parametric data in order
to finally obtain output channels which are an approximated version of the original input
channels. The placement of the channels in the output setup is typically fixed and is, for
example, a 5.1 format, a 7.1 format, etc.

Such channel-based audio formats are widely used for storing or transmitting multi-
channe! audio content where each channel relates to a specific loudspeaker at a given
position. A faithful reproduction of these kind of formats requires a loudspeaker setup
where the speakers are placed at the same positions as the speakers that were used
during the production of the audio signals. While increasing the number of loudspeakers
improves the reproduction of truly immersive 3D audio scenes, it becomes more and more
difficult fo fulfill this requirement — especially in a domestic environment like a living room.

The necessity of having a specific loudspeaker setup can be overcome by an object-
based approach where the loudspeaker signals are rendered specifically for the playback
setup.
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For example, spatial audio object coding tools are well-known in the art and are
standardized in the MPEG SAOC standard (SAOC = spatial audio object coding). in
contrast to spatial audio coding starting from original channels, spatial audio object coding
starts from audio objects which are not automatically dedicated for a certain rendering
reproduction setup. Instead, the placement of the audio objects in the reproduction scene
is flexible and can be determined by the user by inputting certain rendering information
into a spatial audio object coding decoder. Alternatively or additionally, rendering
information, i.e., information at which position in the reproduction setup a certain audio
object is to be placed ‘typic'aiiy over time can be transmitted as additional side information
or metadata. In order to obtain a certain data compression, a number of audio objects are
encoded by an SAOC encoder which calculates, from the input objects, one or more
transport channels by downmixing the objects in accordance with certain downmixing
information. Furthermore, the SAOC encoder calculates paramelric side information
representing inter-object cues such as object level differences (OLD), object coherence
values, etc. As in SAC (SAC = Spatial Audio Coding), the inter object parametric data is
caiculated for parameter time/frequency tiles,i.e., for a certain frame of the audic signal
comprising, for example, 1024 or 2048 samples, 28, 20, 14 or 10, etc., processing bands
are considered so that, in the end, parametric data exists for each frame and each
processing band. As an example, when an audio piece has 20 frames and when each
frame is subdivided into 28 processing bands, then the number of parameter
{imeffrequency tiles is 560.

~~~~~~

requires object metadata that describes among others the time-variant position of each
sound source in 3D space.

A first metadata coding concept in the prior art is the spatial sound description interchange
format (SpatDIF), an audio scene description format which is still under development [M1].
It is designed as an interchange format for object-based sound scenes and does not
provide any compression method for object trajectories. SpatDIF uses the text-based
QOpen Sound Control (OSC) format to structure the object metadata [M2]. A simple text-
based representation, however, is not an option for the compressed transmission of object
trajectories.

Another metadata concept in the prior art is the Audio Scene Description Format (ASDF)
[M3], a text-based solution that has the same disadvantage. The data is structured by an
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extension of the Synchronized Multimedia Integration Language (SMIL) which is a sub set
of the Extensible Markup Language (XML) [M4], [M5].

A further metadata concept in the prior art is the audio binary format for scenes
(AudioBIFS), a binary format that is part of the MPEG-4 specification [M6], [M7]. It is
closely related to the XML-based Virtual Reality Modeling Language (VRML) which was
developed for the description of audio-visual 3D scenes and interactive virtual reality
applications [M8]. The complex AudioBIFS specification uses scene graphs to specify
routes of object movements. A major disadvantage of AudioBIFS is that is not designed
for real-time operation where a limited system delay and random access {o the dala
stream are a requirement. Furthermore, the encoding of the object positions does not
exploit the limited localization performance of human listeners. For a fixed listener position
within the audio-visual scene, the object data can be quantized with a much lower number
of bits [M8]. Hence, the encoding of the object metadata that is applied in AudioBIFS is
not efficient with regard to data compression.

US 2009/326958 A1 discloses an audio decoding method and apparatus and an audio
encoding method and apparatus which can efficiently process object-based audio signais.
The audio decoding method includes receiving first and second audio signals, which are
object-encoded; generating third object energy information based on first object energy
information included in the first audio signal and second object energy information
included in the second audio signal; and generating a third audio signal by combining the
first and second object signals and the third object energy information.

The object of the present invention is to provide improved concepts for Spatial Audio
Object Coding. The object of the present invention is solved by an apparatus according to
claim 1, by an apparatus according to claim 14, by a system according to claim 16, by a
method according to claim 17, by a method according to claim 18 and by a computer
program according to claim 19.

An apparatus for generating one or more audio output channels is provided. The
apparatus comprises a parameter processor for calcuiat’mg mixing information and a
downmix processor for generating the one or more audio output channels. The downmix
processor is configured to receive an audio transport signal comprising one or more audio
transport channels. One or more audio channel signals are mixed within the audio
transport signal, and one or more audio object signals are mixed within the audio transport
signal, and wherein the number of the one or more audio transport channels is smaller
than the number of the one or more audio channel signais plus the number of the one or



more audio object signails. The parameter processor is configured to receive downmix
information indicating information on how the one or more audio channel signals and the
one or more audio object signals are mixed within the one or more audio transport
channels, and wherein the parameter processor is configured to receive covariance
information. Moreover, the parameter processor is configured to calculate the mixing
information depending on the downmix information and depending on the covariance
information. The downmix processor is configured to generate the one or more audio
output channels from the audio transport signal depending on the mixing information. The
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covariance information indicates a level difference information for at least one of the one
or more audio channel signals and further indicates a level difference information for at
least one of the one or more audio object signals. However, the covariance information
does not indicate correlation information for any pair of one of the one or more audio
channel signals and one of the one or more audio object signals.

Moreover, an apparatus for generating an audio transport signal comprising one or more
audio transport channels is provided. The apparatus comprises a channel/object mixer for
generating the one or more audio transport channels of the audio transport signal, and an
output interface. The channel/object mixer is configured to generate the audio transport
sighal comprising the one or more audio transport channels by mixing one or more audio
channe! signals and one or more audio object signals within the audio transport signal
depending on downmix information indicating information on how the one or more audio
channel signals and the one or more audio object signals have to be mixed within the one
or more audio transport channels, wherein the number of the one or more audio transport
channels is smaller than the number of the one or more audio channel signals plus the
number of the one or more audio object signals. The output interface is configured to
output the audio transport signal, the downmix information and covariance information.
The covariance information indicates a level difference information for at least one of the
one or more audio channel signals and further indicates a level difference information for
at least one of the one or more audio object signals. However, the covariance information
does not indicate correlation information for any pair of one of the one or more audio
channel signals and one of the one or more audio object signais.

Furthermore, a system is provided. The system comprises an apparatus for generating an
audio transport signal as described above and an apparatus for generating one or more
audio output channels as described above. The apparatus for generating the one or more
audio output channels is configured to receive the audio transport signal, downmix
information and covariance information from the apparatus for generating the audio
transport signal, Moreover, the apparatus for generating the audio output channels is
configured to generate the one or more audio output channels depending from the audio
transport signal depending on the downmix information and depending on the covariance
information.

Moreover, a method for generating one or more audio output channels is provided. The
method comprises:
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- Receiving an audio fransport signal comprising one or more audio transport
channels, wherein one or more audio channel signals are mixed within the audio
transport signal, wherein one or more audio object signals are mixed within the
audio transport signal, and wherein the number of the one or more audio transport
channels is smaller than the number of the one or more audio channel signals plus
the number of the one or more audio object signals.

- Receiving downmix information indicating information on how the one or more
audio channe! signals and the one or more audio object signals are mixed within
the one or more audio transport channels.

- Receiving covariance information.

- Calculating mixing information depending on the downmix information and
depending on the covariance information. And:

- Generating the one or more audio output channels.

Generating the one or more audio oufput channels from the audio transport signal
depending on the mixing information. The covariance information indicates a level
difference information for at least one of the one or more audio channel signals and
further indicates a level difference information for at least one of the one or more audio
object signals. However, the covariance information does not indicate correlation
information for any pair of one of the one or more audio channel signals and one of the
one or more audio object signals.

Furthermore, a method for generating an audio transport signal comprising one or more
audio transport channels. The method comprises:

- Generating the audio transport signal comprising the one or more audio transport
channels by mixing one or more audio channel signals and one or more audio
object signals within the audio transport signal depending on downmix information
indicating information on how the one or more audic channel signals and the one
or more audio object signals have {o be mixed within the one or more audio
transport channels, wherein the number of the one or more audio transport
channels is smaller than the number of the one or more audio channel signals plus
the number of the one or more audio object signals. And:
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Outputting the audio transport signal, the downmix information and covariance
information.

The covariance information indicates a level difference information for at least one of the
one or more audio channe! signals and further indicates a level difference information for
at least one of the one or more audio object signals. However, the covariance information

doas not indicate correlation information for any pair of one of the one or more audio
channel signals and one of the one or more audio object signals.

Moreover, a computer program for implementing the above-described method when being
executed on a computer or signal processor is provided.

in the following, embodiments of the present invention are described in more detail with
reference to the figures, in which:

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig,

Fig.

1

10

lustrates an apparatus for generating one or more audio output channels
according to an embodiment,

illustrates an apparatus for generating an audio fransport signal comprising
one or more audio transport channels according to an embodiment,

illustrates a system according to an embodiment,

illustrates a first embodiment of a 3D audio encoder,

llustrates a first embodiment of a 3D audio decoder,
ilustrates a second embodiment of a 3D audio encoder,
iiustrates a second embodiment of a 3D audio decoder,
illustrates a third embodiment of a 3D audio encoder,
ilustrates a third embodiment of a 3D audio decoder, and

ilustrates a joint processing unit according to an embodiment,
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Before describing preferred embodiments of the present invention in detail, the new 3D
Audio Codec System is described.

in the prior art, no flexible technology exists combining channel coding on the one hand
and object coding on the other hand so that acceptable audio gualities at low bit rates are
obtained.

This limitation is overcome by the new 3D Audio Codec System,

Before describing preferred embodiments in detail, the new 3D Audio Codec System is
described.

Fig. 4 illustrates a 3D audio encoder in accordance with an embodiment of the present
invention. The 3D audio encoder is configured for encoding audio input data 101 to obtain
audio output data 501. The 3D audio encoder comprises an input interface for receiving a
plurality of audio channeis indicated by CH and a plurality of audio objects indicated by
OBJ. Furthermore, as illustrated in Fig. 4, the input interface 1100 additionally receives
metadata related to one or more of the plurality of audic objects OBJ, Furthermore, the 3D
audio encoder comprises a mixer 200 for mixing the piurality of objects and the plurality of
channels to obtain a plurality of pre-mixed channels, wherein each pre-mixed channel
comprises audio data of a channel and audio data of at least one object.

Furthermore, the 3D audio encoder comprises a core encoder 300 for core encoding core
encoder input data, a metadata compressor 400 for compressing the metadata related to
the one or more of the piurality of audio objects,

Furthermore, the 3D audio encoder can comprise a mode controller 600 for controlling the
mixer, the core encoder and/or an output interface 500 in one of several operation modes,
wherein in the first mode, the core encoder is configured to encode the plurality of audio
channels and the plurality of audio objects received by the input interface 1100 without
any interaction by the mixer, i.e., without any mixing by the mixer 200. In a second mode,
however, in which the mixer 200 was active, the core encoder encodes the plurality of
mixed channels, i.e., the output generated by block 200. In this latter case, it is preferred
to not encode any object data anymore. Instead, the metadata indicating positions of the
audio objects are already used by the mixer 200 to render the objects onto the channels
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as indicated by the metadata. In other words, the mixer 200 uses the metadata related to
the plurality of audio objects to pre-render the audio objects and then the pre-rendered
audio ohjects are mixed with the channels to obtain mixed channels at the output of the
mixer. In this embodiment, any objects may not necessarily be transmitted and this also
applies for compressed metadata as output by block 400. However, if not all objects input
into the interface 1100 are mixed but only a certain amount of objects is mixed, then only
the remaining non-mixed objects and the associated metadata nevertheless are
transmitted to the core encoder 300 or the metadata compressor 400, respectively.

Fig. 6 illustrates a further embodiment of an 3D audio encoder which, additionally,
comprises an SAOC encoder 800. The SAOC encoder 800 is configured for generating
one or more transport channels and parametric data from spatial audio object encoder
input data. As illustrated in Fig. 8, the spatial audio object encoder input data are objects
which have not been processed by the pre-renderer/mixer. Alternatively, provided that the
pre-renderer/mixer has been bypassed as in the mode one where an individual
channel/object coding is active, all objects input into the input interface 1100 are encoded
by the SAOC encoder 800.

Furthermore, as illustrated in Fig. 8, the core encoder 300 is preferably implemented as a
USAC encoder, i.e., as an encoder as defined and standardized in the MPEG-USAC
standard (USAC = Unified Speech and Audio Coding). The output of the whole 3D audio
encoder illustrated in Fig. 6 is an MPEG 4 data stream, MPEG H data stream or 3D audio
data stream having the container-like structures for individual data types. Furthermore, the
metadata is indicated as “OAM" data and the metadata compressor 400 in Fig. 4
corresponds to the OAM encoder 400 to obtain compressed OAM data which are input
into the USAC encoder 300 which, as can be seen in Fig. 6, additionally comprises the
output interface to obtain the MP4 output data stream not only having the encoded
channel/object data but also having the compressed OAM data.

Fig. 8 lllustrates a further embodiment of the 3D audio encoder, where in contrast to Fig.
6, the SAOC encoder can be configured to either encode, with the SAOC encoding
algorithm, the channels provided at the pre-renderer/mixer 200not being active in this
mode or, alternatively, to SAOC encode the pre-rendered channels plus objects. Thus, in
Fig. 8, the SAOC encoder 800 can operate on three different kinds of input data, i.e.,
channels without any pre-rendered objects, channels and pre-rendered objects or objects
alone. Furthermore, it is preferred to provide an additional OAM decoder 420 in Fig. 8 so
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that the SAOC encoder 800 uses, for its processing, the same data as on the decoder
side, i.e., data obtained by a lossy compression rather than the original OAM data.

The Fig. 8 3D audio encoder can operate in several individual modes.

In addition to the first and the second modes as discussed in the context of Fig. 4, the Fig.
8 3D audio encoder can additionally operate in a third mode in which the core encoder
generates the one or more transport channels from the individual objects when the pre-
renderer/mixer 200 was not active. Alternatively or additionally, in this third mode the
SAOC encoder 800 can generate one or more alternative or additional {ransport channels
from the original channels, i.e., again when the pre-renderer/mixer 200 corresponding to
the mixer 200 of Fig. 4 was not active.

Finally, the SAOC encoder 800 can encode, when the 3D audio encoder is configured in
the fourth mode, the channels plus pre-rendered objects as generated by the pre-
renderer/mixer. Thus, in the fourth mode the lowest bit rate applications will provide good
quality due to the fact that the channels and objects have compietely been transformed
into individual SAOC transport channels and associated side information as indicated in
Figs. 3 and 5 as “SAOQC-SI" and, additionally, any compressed metadata do not have to
be transmitted in this fourth mode.

Fig. 5 lllustrates a 3D audio decoder in accordance with an embodiment of the present
invention. The 3D audio decoder receives, as an input, the encoded audio data, i.e., the
data 501 of Fig. 4.

The 3D audio decoder comprises a metadata decompressor 1400, a core decoder 1300,
an object processor 1200, a mode controlier 1600 and a postprocessor 1700.

Specifically, the 3D audio decoder is configured for decoding encoded audio data and the
input interface is configured for receiving the encoded audio data, the encoded audio data
comprising a plurality of encoded channels and the plurality of encoded objects and
compressed metadata related to the plurality of objects in a certain mode.

Furthermore, the core decoder 1300 is configured for decoding the plurality of encoded
channels and the piuraiity of encoded objects and, additionally, the metadata
decompressor is configured for decompressing the compressed metadata.
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Furthermore, the object processor 1200 is configured for processing the plurality of
decoded objects as generated by the core decoder 1300 using the decompressed
metadata to obtain a predetermined number of output channels comprising object data
and the decoded channels. These output channels as indicated at 1205 are then input into
a postprocessor 1700. The postprocessor 1700 is configured for converting the number of
output channels 1205 into a certain output format which can be a binaural output format or
a loudspeaker output format such as a 5.1, 7.1, etc., output format.

Preferably, the 3D audio decoder comprises a mode controlier 1600 which is configured
for analyzing the encoded data to detect a mode indication. Therefore, the mode controller
1800 is connected to the input interface 1100 in Fig. 5. However, alternatively, the mode
controller does not necessarily have to be there. Instead, the flexible audio decoder can
be pre-set by any other kind of control data such as a user input or any other control. The
3D audio decoder in Fig. 5 and, preferably controlled by the mode controller 1800, is
configured fo either bypass the object processor and to feed the plurality of decoded
channels into the postprocessor 1700. This is the operation in mode 2, i.e., in which only
pre-rendered channels are received, i.e., when mode 2 has been applied in the 3D audio
encoder of Fig. 4. Alternatively, when mode 1 has been applied in the 3D audio encoder,
i.e., when the 3D audio encoder has performed individual channel/object coding, then the
object processor 1200 is not bypassed, but the plurality of decoded channels and the
plurality of decoded objects are fed into the object processor 1200 together with
decompressed metadata generated by the metadata decompressor 1400.

Preferably, the indication whether mode 1 or mode 2 is to be applied is included in the
encoded audio data and then the mode controlier 1600 analyses the encoded data to
detect a mode indication. Mode 1 is used when the mode indication indicates that the
encoded audio data comprises encoded channels and encoded objects and mode 2 is
applied when the mode indication indicates that the encoded audio data does not contain
any audio objects, i.e., only contain pre-rendered channels obtained by mode 2 of the Fig.
4 3D audio encoder.

Fig. 7 illustrates a preferred embodiment compared to the Fig. 5 3D audio decoder and
the embodiment of Fig. 7 corresponds to the 3D audio encoder of Fig. 6. In addition fo the
3D audio decoder implementation of Fig. 5, the 3D audio decoder in Fig. 7 comprises an
SAOC decoder 1800. Furthermore, the object processor 1200 of Fig. 5 is implemented as
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a separate object renderer 1210 and the mixer 1220 while, depending on the mode, the
functionality of the object renderer 1210 can also be implemented by the SAOC decoder
1800.

Furthermore, the posiprocessor 1700 can be impiemented as a binaural renderer 1710 or
a format converter 1720. Alternatively, a direct output of data 1205 of Fig. 5 can also be
implemented as illustrated by 1730. Therefore, it is preferred to perform the processing in

the decoder on the highest number of channels such as 22.2 or 32 in order to have

flexibility and to then post-process if a smaller format is required. However, when it
becomes clear from the very beginning that only small format such as a 5.1 format is
required, then it is preferred, as indicated by Fig. 5 or 6 by the shortcut 1727, that a
certain control over the SAOC decoder and/or the USAC decoder can be applied in order
to avoid unnecessary upmixing operations and subsequent downmixing operations.

In a preferred embodiment of the present invention, the object processor 1200 comprises
the SAOC decoder 1800 and the SAOC decoder is configured for decoding one or more
transport channels output by the core decoder and associated parametric data and using
decompressed metadata to obtain the plurality of rendered audio objects. To this end, the
OAM output is connected to box 1800.

Furthermore, the object processor 1200 is configured to render decoded objects output by
the core decoder which are not encoded in SAQC transport channels but which are
individually encoded in typically single channeled elements as indicated by the object
renderer 1210, Furthermore, the decoder comprises an output interface corresponding to
the output 1730 for outputting an output of the mixer to the loudspeakers.

in a further embodiment, the object processor 1200 comprises a spatial audio object
coding decoder 1800 for decoding one or more transport channels and associated
parametric side information representing encoded audio signals or encoded audio
channels, wherein the spatial audio object coding decoder is configured {o transcode the
associated parametric information and the decombressed metadata info transcoded
parametric side information usable for directly rendering the output format, as for example
defined in an earlier version of SAOC. The postprocessor 1700 is configured for
calculating audio channels of the output format using the decoded transport channels and
the transcoded parametric side information. The processing performed by the post
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processor can be similar to the MPEG Surround processing or can be any other
processing such as BCC processing or so.

In a further embodiment, the object processor 1200 comprises a spatial audio object
coding decoder 1800 configured to directly upmix and render channel signals for the
output format using the decoded (by the core decoder) transport channels and the
parametric side information

Furthermore, and importantly, the object processor 1200 of Fig. 5 additionally comprises
the mixer 1220 which receives, as an input, data ouiput by the USAC decoder 1300
directly when pre-rendered objects mixed with channels exist, i.e., when the mixer 200 of
Fig. 4 was active. Additionally, the mixer 1220 receives data from the object renderer
performing object rendering without SAOC decoding. Furthermore, the mixer receives
SAQOC decoder output data, i.e., SAOC rendered objects.

The mixer 1220 is connected to the output interface 1730, the binaural renderer 1710 and
the format converter 1720. The binaural renderer 1710 is configured for rendering the
output channels info two binaural channels using head related transfer functions or
binaural room impulse responses (BRIR). The format converter 1720 is configured for
converting the output channels into an output format having a lower number of channels
than the oufput channels 1205 of the mixer and the format converter 1720 requires
information on the reproduction layout such as 5.1 speakers or so.

The Fig. 9 3D audio decoder is different from the Fig. 7 3D audio decoder in that the
SAOC decoder cannot only generate rendered objects but also rendered channels and
this is the case when the Fig. 8 3D audio encoder has been used and the connection 800
between the channels/pre-rendered objects and the SAOC encoder 800 input interface is
active.

Furthermore, a vector base amplitude panning (VBAP) stage 1810 is configured which
receives, from the SAOC decoder, information on the reproduction layout and which
outputs a rendering matrix to the SAOC decoder so that the SAOC decoder can, in the
end, provide rendered channeis without any further operation of the mixer in the high
channel format of 1205, i.e., 32 loudspeakers.
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the VBAP block preferably receives the decoded OAM data to derive the rendering
matrices. More general, it preferably requires geometric information not only of the
reproduction layout but also of the positions where the input signals should be rendered to
on the reproduction layout. This geometric input data can be OAM data for objects or
channel position information for channels that have been transmitted using SAOC.

However, if only a specific output interface is required then the VBAP state 1810 can
already provide the required rendering matrix for the e.g., 5.1 output. The SAOC decoder
1800 then performs a direct rendering from the SAOC transport channels, the associated
parametric data and decompressed metadata, a direct rendering into the required output
format without any interaction of the mixer 1220. However, when a certain mix between
modes is applied, i.e., where several channels are SAOC encoded but not all channels
are SAQOC encoded or where several objects are SAOC encoded but not all objects are
SAOC encoded or when only a certain amount of pre-rendered objects with channels are
SAQOC decoded and remaining channels are not SAOC processed then the mixer will put
together the data from the individual input portions, i.e., directly from the core decoder
1300, from the object renderer 1210 and from the SAOC decoder 1800,

The faoliowing mathematical notation is employed:

Nobjects number of input audio object signals
Nehanness number of input channels
N number of input signals;

N can be equal With Nopjects, Nenanneis OF Nosjects + Nonannets
Npmxch number of downmix (processed) channels
Nsamples number of processed data samples
Noutoutchamers  NUmber of output channels at the decoder side
D downrmix matrix, size Npmon X N

X input audio signal, size N X Nsampres
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input signal covariance matrix, size N x N definedas Exy=X x4
downmix audio signal, size Npmech X Nsampies defined as Y = DX

covariance matrix of the downmix signals, size Npmen X Npmxen defined as
Ey=YY"?

parametric source estimation matrix, size N X Npmon which approximates

parametrically reconstructed input signals, size Nopects X Nsampres Which
approximates X and defined as X = GY

self-adjoint (Hermitian) operator which represents the conjugate transpose

of ()
rendering matrix of size Noupurchanness X N

output channel generation matrix of size Noupurchanneis X Nomxcn
defined as § = RG

output channels, size Nousutchanets X Nsampres, generated on the decoder side
from the downmix signals, Z =SY

)

Without loss of generality, in order to improve reada'bility of equations, for all introduced

variables the
document.

indices denoting time and frequency dependency are omitted in this

In the 3D Audio context, loudspeaker channels are disfributed in several height layers,
resulting in horizontal and vertical channel pairs. Joint coding of only two channels as
defined in USAC is not sufficient to consider the spatial and perceptual relations between

channels.

in order to consider the spatial and perceptual relations between channels, in the 3D
Audio context, one could use SAOC-ike parametric technigque to reconstruct the input
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channels (audio channel signals and audio object signals that are encoded by the SAQOC
encoder) to obtain reconstructed input channels X at the decader side. SAOC decoding
is based on a Minimum Mean Squared Error (MMSE) Algorithm:

X =GY with G ~ ExD7 D ELDH .

instead of reconstructing input channels to obtain reconstructed input channels §{, the
output channeis Z can be directly generated at the decoder side by taking the rendering
matrix R into account.

Z=RX
Z=RGY
Z=8Y; withS8=RG

As can be seen, instead of explicitly reconstructing the input audio objects and the input
audio channels, the output channels Z may be directly generated by applying the output
channe! generation matrix § on the downmix audio signal Y.

To obtain the output channel generation matrix S, rendering matrix R may, eg., be
determined or may, e.g, be already available. Furthermore, the parametric source
estimation matrix G may, e.g, be computed as described above. The output channel
generation matrix $ may then be obtained as the matrix product § = RG from the
rendering matrix R and the parametric source estimation matrix G.

A 3D Audio system may require a combined mode in order to encode channels and
objects.

In general, for such a combined mode, SAOC encoding/decoding may be applied in two
different ways:

One approach could be to employ one instance of a SAOC-like parametric system,
wherein such an instance is capable to process channels and objects. This solution has
the drawback that it is computational complex, because of the high number of input
signals the number of transport channels will increase in order to maintain a similar
reconstruction quality. As a consequence the size of the matrix D Ey D will increase and
the inversion complexity will increase. Moreover, such a solution may infroduce more
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numerical instabilities as the size of the matrix I Ey D7 increases. Furthermore, as
another disadvantage, the inversion of the matrix D Ey D may lead to additional cross-
talk between reconstructed channels and reconstructed objects. This is caused because
some coefficients in the reconstruction matrix G which are supposed to be equal to zero
are set to non-zero values due to numerical inaccuracies.

Another approach couid be to employ iwo instances of SAOC-like parametric systems,
one instance for the channel based processing and another instance for the object based
processing. Such an approach would have the drawback that the same information is
transmitted twice for the initialization of the filterbanks and decoder configuration.
Moreover, it is not possible to mix the channels and objects together if this is required, and
consequently not possible to use correlation properties between channels and objects.

To avoid the disadvantages of the approach which employs different instances for audio
objects and audio channels, embodiments employ the first approach and provide an
Enhanced SAOC System capable of processing channels, objects or channels and
objects using only one system instance, in an efficient way. Although audio channels and
audio objects are processed by the same encoder and decoder instance, respectively,
efficient concepts are provided, so that the disadvantages of the first approach can be
avoided.

Fig. 2 iliustrates an apparatus for generating an audio transport signal comprising one or
more audio transport channels according to an embodiment.

The apparatus comprises a channel/object mixer 210 for genera’téng‘the one or more
audio transport channels of the audio transport signal, and an output interface 220.

The channelfobject mixer 210 is configured to generate the audio transport signal
comprising the one or more audio transport channels by mixing one or more audio
channel signals and one or more audio object signals within the audio transport signal
depending on downmix information indicating information on how the one or more audio
channel signals and the one or more audio object signals have to be mixed within the one
or more audio transport channels.

The number of the one or more audio transport channels is smaller than the number of the
ons or more audio channel signals plus the number of the one or more audio object
sighals. Thus, the channel/object mixer 210 is capable of downmixing the one or more
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audio channel signals plus and the one or more audio object signais, as the
channel/object mixer 210 is adapted to generate an audio transport signal that has fewer
channels than the number of the one or more audio channel signals plus the number of
the one or more audio object signals.

The output interface 220 is configured to output the audio transport signal, the downmix
information and covariance information.

For example, the channel/object mixer 210 may be configured to feed the downmix
information, that is used for downmixing the one or more audio channel signals and the
one or more audio object signals, into the output interface 220. Moreover, for example, the
output interface 220, may, for example, be configured to receive the one or more audio
channel signals and the one or more audio object sighals and may moreover be
configured to determine the covariance information based on the one or more audio
channel signals and the one or more audio object signals. Or, the output interface 220
may, for example, be configured to receive the already determined covariance
information.

The covariance information indicates a level difference information for at least one of the
one or more audio channel signals and further indicates a level difference information for
at least one of the one or more audio object signals. However, the covariance information
does not indicate correlation information for any pair of one of the one or more audio
channel signals and one of the one or more audio object signals.

Fig. 1 illustrates an apparatus for generating one or more audio output channels according
to an embodiment.

The apparatus comprises a parameter processor 110 for calculating mixing information
and a downmix processor 120 for generating the one or more audic output channels,

The downmix processor 120 is configured to receive an audio transport signal comprising
one or more audio transport channels. One or more audio channel signals are mixed
within the audio transport signal, Moreover, one or more audio object signals are mixed
within the audio transport signal. The number of the one or more audioc transport channels
is smaller than the number of the one or more audio channel sighais plus the number of
the one or more audio object signals.
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The parameter processor 110 is configured to receive downmix information indicating
information on how the one or more audio channel signals and the one or more audio
object signals are mixed within the one or more audio transport channels. Moreover, the
parameter processor 110 is configured to receive covariance information. The parameter
processor 110 is configured to calculate the mixing information depending on the downmix
information and depending on the covariance information.

The downmix processor 120 is configured to generate the one or more audio output
channels from the audio transport signal depending on the mixing information.

The covariance information indicates a level difference information for at least one of the
one or more audio channel signals and further indicates a level difference information for
at least one of the one or more audio object signals. However, the covariance information
does not indicate correlation information for any pair of one of the one or more audio
channel signals and one of the one or more audio object signals.

In an embodiment, the covariance information may, e.g., indicate a level difference
information for each of the one or more audio channel signals and, may further, e.g.,
indicate a ievel difference information for each of the one or more audio object signals.

According to an embodiment, two or more audic object signals may, e.g., be mixed within
the audio transport signal and two or more audio channel signals may, e.g., be mixed
within the audioc transport signal. The covariance information may, e.g., indicate
correfation information for one or more pairs of a first one of the two or more audio
channel signals and a second one of the two or more audio channel signals. Or, the
covariance information may, e.g., indicate correlation information for one or more pairs of
a first one of the two or more audio object signals and a second one of the two or more
audio object signals. Or, the covariance information may, e.g., indicate correlation
information for one or more pairs of a first one of the two or more audio channel signals
and a second one of the two or more audio channel signals and indicates correlation
information for one or more pairs of a first one of the two or more audio object signals and
a second one of the two or more audio object signals.

A level difference information for an audio object signal may, for example, be an object
level difference (OLD). “Level” may, e.g., relate to an energy level. “Difference” may, e.g.,
relate to a difference with respect to a maximum level among the audio object signais.
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A correlation information for a pair of a first one of the audio object signals and a second
one of the audio object signals may, for example, be an inter-object correlation (10C).

For example, according to an embodiment, in order to guarantee optimum performance of
SAQC 3D it is recommended to use the input audio object signals with compatible power.
The product of two input audio signals (normalized according the corresponding
time/frequency tiles) is determined as:

¥y (),

Lm __ nel kem
nrgi,j = +& .

22!

nel kem

Here, i and j are indices for the audio object signals x; and x;, respectively, n indicates
time, k indicates frequency, [ indicates a set of time indices and m indicates a set of
frequency indices. ¢ is an additive constant {o avoid division by zero, e.g., ¢ =107

The absolute object energy (NRG) of the object with the highest energy may, e.g., be
calculated as:

NRG"™ = max (nrg,’ " ) ,
1

The ratio of the powers of corresponding input object signal (OLD) may, e.g., be given by

Im

n gll
NRG} oo

A similarity measure of the input objects (I0OC), may, e.g., be given by the cross
correlation:

OLD!™ =

Im

g, ey

fan

JOCH = Re | e
\/nrg, Tnrg

For example, in an embodiment, the [OCs may be transmitted for all pairs of audio signals
i and j, for which a bitstream variable bsRelatedTo[i][j] is set to one.

A level difference information for an audio channel signal may, for example, be a channel
level difference (CLD). “Level” may, e.g., relate to an energy level. “Difference” may, e.¢.,
relate fo a difference with respect to a maximum level among the audio channel signals.
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A correlation information for a pair of a first one of the audio channel signals and a second
one of the audio channel signals may, for example, be an inter-channel correlation (ICC).

in an embodiment, the channel level difference (CLD) may be defined in the same way as
the object level difference (OLD) above, when the audio object sighals in the above
formulae are replaced by audio channel signals. Moreover, the inter-channel correlation
(ICC) may be defined in the same way as the inter-object correlation (JOC) above, when
the audio object signals in the above formulae are replaced by audio channel signals.

in SAOC, an SAOC encoder downmixes (according to downmix information, e.g.,
according to a downmix matrix D) a plurality of audio object signals fo obtain (e.g., a fewer
number of) one or more audio transport channels. On the decoder side, a SAOC decoder
decodes the one or more audio transport channels using the downmix information
received from the encoder and using covariance information received from the encoder.
The covariance information may, for example, be the coefficients of a covariance matrix
E, which indicates the object level differences of the audio object signals and the inter
object correlations between two audio object signals. In SAOC, a determined downmix
matrix D and a determined covariance matrix E is used to decode a plurality of samples of
the one or more audio transport channels (e.g., 2048 samples of the one or more audio
transport channels). By employing this concept, bitrate is saved compared to transmitting
the one or more audio object signals without encoding.

Embodiments are based on the finding, that although audio object signals and audio
channel signals exhibit significant differences, an audio transport signal may be generated
by an enhanced SAOC encoder, so that in such an audio transport signal, not only audio
object signals, but also audio channel signals are mixed.

Audio object signals and audio channel signals significantly differ. For example, each of a
plurality of audio object signals may represent an audio source of a sound scene.
Therefore, in general, two audio objects may be highly uncorrelated. In contrast, audio
channel signals represent different channels of a sound scene, as if being recorded by
different microphones. In general, two of such audio channel signals are highly correlated,
in particular, compared to the correlation of two audio object signals, which are, in
general, highly uncorrelated. Thus, embodiments are based on the finding that audio
channel signals particularly benefit from transmitting the correlation between a pair of two
audio channel signals and by using this transmitted correlation value for decoding.



10

15

20

25

30

35

WO 2015/011024 PCT/EP2014/065427
21

Moreover, audio object signals and audio channel signals differ in that, position
information is assigned o audio object signals, for example, indicating an (assumed)
position of a sound source {(e.g., an audio object) from which an audio object signal
originates. Such position information (e.g., comprised in metadata information) can be
used when generating audio output channels from the audio transport signal on the
decoder side. However, in contrast, audio channel signals do not exhibit a position, and
no position information is assigned to audio channel signals. However, embodiments are
based on the finding that it is nevertheless efficient to SAOC encode audio channel
sighals together with audio object signals, e.g, as generating the audio channel signals
can be divided into two subproblems, namely, determining decoding information (for
example, determining matrix G for unmixing, see below), for which no position information
is needed, and determining rendering information (for example, by determining a
rendering matrix R, see below), for which position information on the audio object signals
may be employed to render the audio objects in the audio output channels that are
generated.

Moreover, the present invention is based on the finding that no cotrelation (or at least no
sighificant) exists between any pair of one of the audioc object signals and one of the audio
channel signals. Therefore, when the encoder does not transmit correlation information for
any pair of one of the one or more audio channe! signals and one of the one or more
audio object signals. By this, significant transmission bandwidth is saved and a significant
amount of computation time is saved for both encoding and decoding. A decoder that is
configured to not process such insignificant correlation information saves a significant
amount of computation time when determining the mixing information (which is employed
for generating the audio output channels from the audio transport sighal on the decoder
side).

According to an embodiment, the parameter processor 110 may, e.g., be configured fo
receive rendering information indicating information on how the one or more audio
channe! signals and the one or more audio object signals are mixed within the one or
more audio output channels, The parameter processor 110 may, e.g., be configured to
calculate the mixing information depending on the downmix information, depending on the
covariance information and depending on rendering information.

For example, the parameter processor 110 may, for example, be configured to receive a
plurality of coefficients of a rendering matrix R as the rendering information, and may be
configured fo calculate the mixing information depending on the downmix information,
depending on the covariance information and depending on the rendering matrix R. E.g.,
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the parameter processor may receive the coefficients of the rendering matrix R from an
encoder side, or from a user. In another embodiment, the parameter processor 110 may,
for example, be configured to receive metadata information, e.g., position information or
gain information, and may, e.g., be configured to calculate the coefficients of the rendering
matrix R depending on the received metadata information. In a further embodiment, the
parameter processor may be configured to receive both (rendering information from
encoder and from the user) and to create the rendering matrix based on both (which
basically means that interactivity is realized).

Or, the parameter processor may, e.g., receive two rendering submatrices Ren, Ropgy a8
rendering information, wherein R=( Rep, Ropy), wherein Ry €.9., indicates how to mix the
audio channel signals to the audio output channels and wherein R,y may be a rendering
matrix obtained from the OAM information, wherein Rqp; may, e.g., be provided by the
VBAP biock 1810 of Fig. 9.

In a particular embodiment, two or more audio object signals may, e.g., be mixed within
the audio transport signal, two or more audio channel signals are mixed within the audio
fransport signal. In such an embodiment, the covariance information may, e.g., indicate
correlation information for one or more pairs of a first one of the two or more audio
channel signals and a second one of the two or more audio channel signals. Moreover, in
such an embodiment, the covariance information (that is e.g., transmitted from an encoder
side to a decoder side) does not indicate correlation information for any pair of a first one
of the one or more audio object signals and a second one of the one or more audio object
signals, because the correlation between the audic object signals may be sc small, that it
can be neglected, and is thus, for example, not transmitted to save bitrate and processing
time. In such an embodiment, the parameter processor 110 is configured to calculate the
mixing information depending on the downmix information, depending on a the level
difference information of each of the one or more audio channel signals, depending on the
second level difference information of each of the one or more audio object signals, and
depending on the correlation information of the one or more pairs of a first one of the two
or more audio channel signals and a second one of the two or more audio channel
signals. Such an embodiment employs the above described finding that a correlation
between audio object signals is in general relatively low and should be neglected, while &
correlation between two audio channel signals is in general, relatively high and should be
considered. By not processing irrelevant correlation information between audio object
signals, processing time can be saved. By processing relevant correlation between audio
channel signals, coding efficiency can be enhanced.
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In particular embodiments, the one or more audio channel signals are mixed within a first
group of one or more of the audio transport channels, wherein the one or more audio
object signals are mixed within a second group of one or more of the audio transport
channels, wherein each audio transport channel of the first group is not comprised by the
second group, and wherein each audio fransport channel of the second group is hot
comprised by the first group. In such embodiments, he downmix information comprises
first downmix subinformation indicating information on how the one or more audio channel
signals are mixed within the first group of the one or more audio transport channels, and
the downmix information comprises second downmix subinformation indicating
information on how the one or more audio object signals are mixed within the second
group of the one or more audio transport channels. In such embodiments, the parameter
processor 110 is configured to calculate the mixing information depending on the first
downmix subinformation, depending on the second downmix subinformation and
depending on the covariance information, and the downmix processor 120 is configured to
generate the one or more audio output signals from the first group of one or more audio
transport channels and from the second group of audio transport channels depending on
the mixing information. By such an approach coding efficiency is increased, as between
audio channel signals of a sound scene, a high correlation exists, Moreover, coefficients
of the downmix matrix indicating an influence of audic channel signals on the audio
transport channeis, which encode audio object signals, and vice versa, do not have to be
calculated by the encoder, do not have to be transmitted, and can be set to zero by the
decoder without the need of processing them. This saves transmission bandwidth and
computation time for encoder and decoder.

in an embodiment, the downmix processor 120 is configured to receive the audio
transport signal in a bitstream, the downmix processor 120 is configured to receive a first
channel count number indicating the number of the audio transport channels encoding
only audio channel signals, and the downmix processor 120 is configured to receive a
second channel count number indicating the number of the audio transport channeis
encoding only audio object signals. In such an embodiment, the downmix processor 120
is configured to identify whether an audio transport channel of the audio transport signal
encodes audio channel sighals or whether an audio fransport channel of the audio
transport signal encodes audio object signals depending on the first channel count
number or depending on the second channel count number, or depending on the first
channel count number and the second channel count number. For example, in the
bitstream, the audio transport channels which encode audio channel signals appear first
and the audio transpori channels which encode audio object signals appear afterwards.
Then, if the first channel count number is, e.¢g., 3 and the second channel count number



16

25

30

35

WO 2015/011024 PCT/EP2014/665427
24

is, e.g., 2, the downmix processor can conclude that the first three audio transport
channels comprise encoded audio channel signals and the subsequent two audio
transport channels comprise encoded audio object signals.

in an embodiment, the parameter processor 110 is configured to receive metadata
information comprising position information, wherein the position information indicates a
position for each of the one or more audic object signais, and wherein the position
information does not indicate a position for any of the one or more audio channel signals.
in such an embodiment the parameter processor 110 is configured to calcuiate the mixing
information depending on the downmix information, depending on the covariance
information, and depending on the position information. Additionally or alternatively, the
metadata information further comprises gain information, wherein the gain information
indicates a gain value for each of the one or more audio object signals, and wherein the
gain information does not indicate a gain value for any of the one or more audio channel
signals. In such an embodiment, the parameter processor 110 may be configured to
calculate the mixing information depending on the downmix information, depending on the
covariance information, depending on the position information, and depending on the gain
information. For example,the parameter processor 110 may be configured fo calculate the
mixing information furthermore depending depending on the submatrix R, described
apove.

According to an embodiment, the parameter processor 110 is configured to calculate a
mixing matrix S as the mixing information, wherein the mixing matrix S is defined

~ according to the formula S = RG , wherein G is a decoding matrix depending on the

downmix information and depending on the covariance information, wherein R is a
rendering matrix depending on the metadata information. In such an embodiment, the
downmix processor (120) may be configured to generate the one or more audio output
channels of the audio output signal by applying the formula Z = SY , wherein Z is the
audio output signal, and wherein Y is the audio transport signal. E.g., R may depend on
the submatrices R, and/or Rep; (€.9., R=( Rey, Ropy) ) described above.

Fig. 3 illustrates a system according to an embodiment. The system comprises an
apparatus 310 for generating an audio fransport signal as described above and an
apparatus 320 for generating one or more audio ouiput channels as described above.

The apparatus 320 for generating the one or more audio output channels is configured to
receive the audio fransport signal, downmix information and covariance information from
the apparatus 310 for generating the audio fransport signal. Moreover, the apparatus 320
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for generating the audio output channels is configured to generate the one or more audio
output channels depending from the audio transport signal depending on the downmix
information and depending on the covariance information.

According to embodiments, the functionality of the SAOC system, which is an object
oriented system that realizes object coding, is extended so that audio objects (object
coding) or audio channels (channel coding) or both audio channels and audio objects
(mixed coding) can be encoded.

The SAOC encoder 800 of Fig. 6 and 8 described above is enhanced, so that not only it
can receive audio objects as input, but it can also receive audio channels as input, and so
that the SAOC encoder can generate downmix channels (e.g., SAOC transport channels)
in which the received audio objects and the received audio channels are encoded. In the
above-described embodiments, e.g., of Fig. 6 and 8, such a SAOC encoder 800 receives
not only audio objects but also audio channels as input and generates downmix channels
(e.g., SAQC transport channels) in which the received audio objects and the received
audio channels are encoded. For example, the SAOC encoder of Fig. 6 and 8 is
implemented as an apparatus for generating an audio transport signal (comprising one or
more audio transport channels, e.g., one or more SAOC transport channels) as described
with reference fo Fig. 2, and the embodiments of Fig. 8§ and 8 are modified such that not
only objects but also one, some or all of the channels are fed into the SAOC encoder 800,

The SAOC decoder 1800 of Fig. 7 and 9 described above is enhanced, so that it can
receive downmix channels (e.g., SAOC fransport channels) in which the audio objects and
the audio channels are encoded, and so that it can generate the oufput channels
(rendered channel signals and rendered object signals) from the received downmix
channels (e.g., SAOC transport channels) in which the audio objects and the audio
channels are encoded. In the above-described embodiments, e.g., of Fig. 7 and 9, such a
SAOC decoder 1800 receives downmix channels (e.g., SAOC transport channels) in
which not only audio objects but also audio channels are encoded and generates the
output channels (rendered channel signals and rendered object signals) from the received
downmix channels (e.g., SAOC transport channels) in which the audio objecis and the
audio channels are encoded. For example, the SAOC decoder of Fig. 7 and 9 is
implemented as an apparatus for generating one or more audio output channels as
described with reference to Fig. 1, and the embodiments of Fig. 7 and 9 are modified such
that one, some or all of the channels illustrated between the USAC decoder 1300 and the
mixer 1220 are not generated (reconstructed) by the USAC decoder 1300, but are instead
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reconstructed by the SAOC decoder 1800 from the SAOC transport channels (audio
fransport channels).

Depending on the application, different advantages of a SAOC system can be exploited
by using such an enhanced SAOC system.

According to some embodiments, such an enhanced SACC system supports an arbitrary
number of downmix channels and rendering to arbitrary number of output channels. In
some embodiments, for example, the number of downmix channels (SACC Transport
Channels) can be reduced (e.g., at runtime), e.g., to scale down the overall bitrate
significantly. This will lead to low bitrates.

Moreover, according to some embodiments, the SAOC decoder of such an enhanced
SAOC system may, for example, have an integrated flexible renderer which may, e.g.,
allow user interaction. By this, the user can change the position of the objects in the audio
scene, attenuate or increase the level of individual objects, completely suppress objects,
etc. For example, considering the channel signals as background objects (BGOs) and the
object signals as foreground objects (FGOs), the interactivity feature of SAOC may be
used for applications like dialogue enhancement. By such an interactivity feature, the user
may have the fregdom to manipulate, in a limited range, the BGOs and FGOs, in order to
increase the dialogue intelligibility (e.g., the dialogue may be represented by foreground
obiects) or to obtain a balance between dialogue (e.g., represented by FGOs) and the
ambient background (e.g., represented by BGOs).

Furthermore, according to embodiments, depending on the available computation
complexity at the decoder side, the SAOC decoder can scale down automatically the
computational complexity by operating in a “low-computaton-compiexity” mode, for
example, by reducing the number of decorrelators, and/or, for example, by rendering
directly to the reproduction layout and deactivate the subsequent format converter 1720
that has been described above. For example, rendering information may steer how to
downrmix the channels of a 22.2 system to the channels of a 5.1 system.

According to embodiments, the Enhanced SAOC encoder may process a variable number
of input channels (Ngpames) and input objects (Nopews). The number of channels and
objects are fransmitied into the bitstream in order to signal to the decoder side the
presence of the channel path. The input signals to the SAOC encoder are always ordered
such that the channel signals are the first ones and the object signals are the last ones.
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According to another embodiment, channel/object mixer 210 is configured to generate the
audio transport signal so that the number of the one or more audio transport channels of
the audio transport signal depends on how much bitrate is available for transmitting the
audio transport signal.

For example, the number of downmix (transport) channels may, e.g, be computed as a
function of the available bitrate and total number of input signals:

NDmeh wf(bitrate, N)

The downmix coefficents in D determine the mixing of the input signals (channels and
objects). Depending on the application, the structure of the matrix D can be specified such
that the channels and objects are mixed together or kept separated.

Some embodiments, are based on the finding that it is beneficial not to mix the objects
together with the channels. To not mix the objects together with the channels, the
downmix matrix may, e.g., be constructed as:

b, ¢
D=
| & Dy,

obj

In order to signal the separate mixing into the bitstream the values of the number of

downmix channels assigned fo the channel path ( N,g’,’,,xc,,) and the number of downmix

channels assigned to the object path (N BZ,(C,, ) may, e.g., be transmitted.

The block-wise downmixing matrices Den and Doy have the sizes: N g’,’,,xc,, X Nehanneis and

respectively N gf’,f,xch X Nopjects.

At the decoder the coefficients of the parametric source estimation matrix
G ~ Ex D" (D Ey DH) ~" are computed in a different fashion. Using a matrix form, this can
be expressed as:

with:
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chuay H -1
" G ”EXDch(DchEX ch) of size Nehannets X NDmeh

obf yH b ; obyf
- Gy ~E fDobj(DobjE‘”D 7" of size Nowees X N xen

The values of the channels signal covariance (E% "y and object signal covariance (E%Y)

may, e.g., be obtained from the input signals covariance matrix (Ex) by selecting only the

corresponding diagonal blocks;
. E :;;1 Ech , 0bj
x = E()bj, ch Eob]

As a direct consequence the bitrate is reduced by not sending the additional information
(e.g., OLDs, 10Cs) to reconstruct the cross-covariance matrix between channels and
objects: B = (E"b’ °h) .

According to some embadiments, ES* = (E5% f =0, and thus:

EY 0 ]
E, =
0 Eobj

According to an embodiment, the enhanced SAOC encoder is configured to not transmit

information on a covariance between any one of the audio objects and any one of the
audio channels to the enhanced SAOC decoder.

Moreover, according to an embodiment, the enhanced SAOC decoder is configured to not
receive information on a covariance between any one of the audio objects and any one of
the audio channels,

The off-diagonal block-wise elements of G are not computed, but set to zero. Therefore
possible cross-talk befween reconstructed channels and objects is avoided. Moreover, by
this, reduction of computational complexity is achieved as less coefficients of G have to
be computed.

Moreover, according to embodiments, instead of inverting the larger matrix:
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H : ch obf ch obf
D ExD"” of size [Npmeen *+ Npmwen 1INV pmxen + Nomeen]
the two following small matrices are inverted:

chy H . ch ch
DLEYD,, ofsize Nppen X Nppeen

obj 1y H : oby obf
D, Ex' D, ofsize Nppen X Nomen

Inverting the smaller matrices D, EYDg, and D, EY D’ is much cheaper regarding

computational complexity than inverting the larger matrix D Ey D7 .

Furthermore, by inverting separate matrices Dcthﬁ’DZ and DobjE‘j}’f D’;j , possible

numerical instabilities are reduced compared to inverting the larger matrix D Ey DY,
For example, in the worst case scenario, when the covariance matrices of the transport
channels D,EYDJ and D,,EY D have linear dependencies due to signal

similarities, the full matrix D Ey p7 may be ill-conditioned while the separate smalier
matrices can be well-conditioned.

After

GEG“‘ o]
0 Gy

is computed at the decoder side, then it is possible to, for example, parametrically
estimate the input signals to obtain reconstructed input signals X (the input audio
channel signals and the input audio object signals), e.g., using:

-~

X=GY.

Moreover, as described above, rendering may be conducted on the decoder side to obtain
the output channels Z, e.9., by employing a rendering matrix R:
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Z=8Y,; with§=RG

instead of explicitly reconstructing the input signals (the input audio channel signals and
the input audio object signals) to obtain reconstructed input channels 5(, the output
channels Z may be directly generated at the decoder side by applying the output channel
generation matrix S on the downmix audio signal Y.

As already described above, to obtain the output channel generation matrix S, rendering
mairix K may, e.g., be determined or may, e.g., be already available. Furthermore, the
parametric source estimation matrix G may, e.g., be computed as described above. The
output channel generation matrix S may then be obtained as the maftrix product § = RG
from the rendering matrix R and the parameiric source estimation matrix G.

Regarding the reconstructed audio object signals, compress metadata on the audio
objects that is transmitted from the encoder to the decoder may be taken into account. For
example, the metadata on the audio objects may indicate position information on each of
the audio objects. Such position information may for example be an azimuth angle, an
elevation angle and a radius. This position information may indicate a position of the audio
object in a 3D space. For example, when an audio object is located close to an assumed
or real loudspeaker position, such an audio object has a higher weight in the output
channel for said loudspeaker compared to the weight of another audio object in the output
channel being located far away from said loudspeaker. For example, vector base
amplitude panning (VBAP) may be employed (see, for example, [VBAP]) to determine the
rendering coefficients of the rendering matrix R for the audio objects.

Furthermore, in some embodiments, the compress metadata may comprise a gain value
for each of the audio objects. For example, for each of the audio object signal, a gain
value may indicate a gain factor for said audio object signal.

In contrast to the audio objects, no position information metadata is iransmitted from the
encoder 1o the decoder for the audio channel signals. A additional matrix (e.9., to convert
22.2 to 5.1) or identity matrix (when input configuration of the channels equals the output
configuration) may, for example, be employed to determine the rendering coefficients of
the rendering matrix R for the audio channels.

Rendering matrix R may be of size Noupuchames X N . Here, for each of the output
channels, a row exists in the matrix R. Moreover, in each row of the rendering matrix R, N
coefficients determine the weight of the N input signals (the input audio channels and the
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input audio objects) in the corresponding output channel. Those audio objects being
located close to the loudspeaker of said output channel have a greater coefficient than the
coefficient of the audio objects being located far away from the loudspeaker of the
corresponding output channel.

For example, Vector Base Amplitude Panning (VBAP) may be employed (see, e.g.,
[VBAP]) to determine the weight of an audio object signal within each of the audio
channels of the loudspeakers, E.g., with respect to VBAP, it is assumed that an audio
object reiates to a virtual source.

As, in contrast fo audio objects, audio channels do not have a position, the coefficients
relating to audio channels in the rendering matrix may, e.g., be independent from position
information.

in the following, the bitstream syntax according to embodiments is described.

In context of MPEG SAQC, signaling of the possible modes of operation (channel based,
object based or combined mode) can be accomplished by using, for example, one of the
two following possibilities (first possibility: using flags for signaling the operation mode;
second possibility: without using flags for signaling the operation mode):

Thus, according to a first embodiment, flags are used for signaling the operation mode.

To use flags for signaling the operaticn mode a syntax of a SAOCSpecifigConfig()
element or SAOC3DSpecifigConfig() element may, for example, comprise:

bsSaocChannelFlag; 1 uimshf
NuminputSignals = 0,
bsSaocCombinedModeFlag = 0;

if (bsSaocChannelFlag) {
bsNumSaocChannels; 5 uimsbf
bsNumSaocDmxChannels; 5 uimsbf
NuminputSignals += bsNumSaocChannels + 1;

}

bsSaccObjectFlag; 1 uimsbf

if (bsSaocObjectFiag) {

bsNumSaocObjects; 7 uimsbf
bsNumSaocDmxObjects: 5 uimshf
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bsSaocCombinedModefFiag; 1
uimsbfNuminputSignals += bsNumSaocObjects + 1;
}
for (i=0; i< bsNumSaocChannels+1; i++ ) {
bsRelatedTo[i][i] = 1;
for( j=i+1; j< bsNumSaocChannels+1; j++ ) {
bsRelatedTo[il[jl; 1 uimshf
bsRelatedT ofj]{i] = bsRelatedTol[il[i];

}

for (i= bsNumSaocChannels+1; i< bs NuminputSignals; i++ ) {
for( j=0; j< bsNumSaocChannels+1; j++ ) {
bsRelatedTolilfj] = 0
bsRelatedTofjj[i] = 0

}
for (i= bsNumSaocChannels+1; i< bs NuminputSignals; i++ ) {

bsRelatedTo[i][i] = 1;

for( j=i+1; j< NuminputSignals; j++ ) {
bsRelatedTofili; 4 dimsbf
bsRelatedTo[j][i] = bsRelated To[i][j];

if the Dbitstream variable bsSaocChannelFlag is set to one the first
bsNumSaocChannels+1 input signals are treated like channel based signals. if the
bitstream variable bsSaocObjectFlag is set to one the last bsNumSaocObjects+1 input
signals are processed like object signals. Therefore in case that both bitstream variables
(bsSaocChannelFiag, bsSaccObjectFlag) are different than zero the presence of
channels and objects into the audio transport channels is signaled.

If the bitstream variable bsSaccCombinedModeFiag is equal to one the combined

decoding mode is signaled into the bitstream and, the decoder will process the
bsNumSaocDmxChannels fransport channels using the full downmix matrix I (this
meaning that the channel signals and object signals are mixed together).
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If the bitstream variable bsSaocCombinedModeFlag is zero the independent decoding
mode is signaled and the decoder will process (bsNumSaocDmxChannels+1) +
(bsNumSaocDmxObjects+1) transport channels using a block-wise downmix matrix as
described above.

According o a preferred second embodiment, no flags are needed for signaling the
operation mode.

Signaling the operation mode without using flags, may, for example, be realized by
employing the following syntax

Signaling:
Syntax of SAOC3DSpecificConfig():

bsNumSaoccDmxChannels; 5 uimshbf
bsNumSaocDmxObjects; 5 uimsbf
NuminputSignals = 0;
if (bsNumSaoccDmxChannels > 0) {
beNumSaocChannels; 6 uimsbi
bsNumSaoclFES; 2 uimsbf
NumlInputSignals += bsNumSaoccChannels;

}

bsNumSaocObjects; 8 uimsb{

NuminputSignals += bsNumSaocObjects;

Restrict the cross-correlation between channels and objects to be zero:

for (i=0; i<bsNumSaocChannels; i++ ) {
bsRelatedToli][i] = 1;
for( j=i+1; j< bsNumSaocChannels; j++ ) {
bsRelatedTo{il[j]; 1 uimsbf
bsRelatedTolj}[i] = bsRelatedTo[i][j;

i
for ( i=bsNumSaoccChannels;

SUBSTITUTE SHEET (RULE 26)
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i<NuminputSignals; i++ ) {
for( j=0; j<bsNumSaocChannels; j++ ) {
bsRelatedTo[i][il = 0;
bsRelatedTo[ji{i] = 0;

}
for (i=bsNumSaocChannels;
i<NuminputSignals; i++ ) {
bsRelatedTolij[il = 1;
for( j=i+1; j<NumlinputSignals; j++ } {
bsRelatedTol[i][j]; 1 uimsbf
bsRelatedTofj][i] = bsRelated Tofil{jl;

Read the downmixing gains differently for the case when the audio channels and audio
objects are mixed in different audio transport channels and when they are mixed together
within the audio transport channeis:

if (bsNumSaocDmxObjects==0) {
for( i=0; i« bsNumSaocDmxChannels; i++ ) {
idxDMGIi] = EcDataSaoc(DMG, 0, NuminputSignals);
1

} else {
dmgldx = 0;
for( i=0; i<bsNumSaocDmxChannels; i++ ) {
idxDMGIi] = EcDataSacc(DMG, 0, bsNumSaocChannels);
}

dmgldx = bsNumSaocDmxChannels;
if (psSaocDmxMethod == 0) {
for{ i=dmgldx; i<dmgldx + bsNumSaoccDmxObjects; i++ ) {
idxDMG[i] = EcDataSaoc(DMG, 0, bsNumSaocObjects);
}
}

if (bsSaocDmxMethod == 1) {
for( i= dmgldx; i<dmgldx + bsNumSaocDmxObjects; i++ ) {
idxDMG[i] = EcDataSaoc(DMG, 0, bsNumPremixedChannels);
}

}
[f the bitstream variable bsNumSaocChannels is different than zero the first
bsNumSaocChannels input signals are treated like channel based signals. If the
bitstream variable bsNumSaocObjects is different than zero the last

SUBSTITUTE SHEET (RULE 26)
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bsNumSaocObjects input signals are processed like object signals. Therefore in case
that both bitstream variables are different than zero the presence of channels and objects
into the audio transport channels is signaled.

If the bitstream variable bsNumSaocDmxObjects is equal to zero the combined
decoding mode is signaled into the bitstream and, the decoder will process the
bsNumSaocDmxChannels fransport channels using the full downmix matrix D (this
meaning that the channel signals and object signals are mixed together).

If the bitstream variable bsNumSaocDmxObjects is different than zero the independent
decoding mode is signaled and the decoder will process bsNumSaocDmxChannels +
bsNumSaocDmxObjects transport channels using a block-wise downmix matrix as
described above.

in the following, aspects of downmix processing according fo an embodiment are
described:

The outpui signal of the downmix processor {represented in the hybrid QMF domain) is
fed into the corresponding synthesis filterbank as described in ISO/NEC 23003-1:2007
yielding the final output of the SAOC 3D decoder.

The parameter processor 110 of Fig. 1 and the downmix processor 120 of Fig. 1 may be
implemented as a joint processing unit. Such a joint processing unit is illustrated by Fig. 1,
wherein units U and R implement the parameter processor 110 by providing the mixing
information.

The output signal Vis computed from the multi-channel downmix signal Xand the
decorrelated multi-channel signal X, as:

Y =Py RUX + P M X,

where U represents the parametric unmixing matrix.

P

wet

The mixing matrix P= (F

ary ) is & mixing matrix.
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The decorrelated multi-channel signal X is defined as

Xy = decorrFunc (M, Yy, ).

The decoding mode is controlied by the bitstream element bsNumSaocDmxObjects:

bsNumSaocDmxObjects | Decoding Meaning
Mode

into N, channels.

The input channel based signals and the input
0 Combined |object based signals are downmixed together

into N, channels.
>= 1 independent

into N, channels.

The input channel based signals are downmixed

The input object based signals are downmixed

In case of combined decoding mode the parametric unmixing matrix U is given by:
U=ED'J .

The matrix J of size Ny, x Ny, is givenby JxA™ with A=DED".

In case of independent decoding mode the unmixing matrix U is given by:

[Uch G \,
0 ﬁwf
D

obj™” obj¥ obj *

where U, =E D, J, and U =E

ch ™ ¢

The channel based covariance matrix K, of size N,xN, and the object based
covariance matrix E,. of size N, xN, are obtained from the covariance matrix E by

selecting only the corresponding diagonal blocks:

‘Ech Ech‘ohj
E”[E E_ |

obj,ch obj
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where the matrix E . =(Eobjch) represents the cross-covariance matrix between the

input channels and input objects and is not required to be calculated.

The channel based downmix matrix D, of size N3 xN, and the object based
downmix matrix D, of size NSS;‘* % N are obtained from the downmix matrix D by

selecting only the corresponding diagonal blocks:

(Dy 0

~
i
.
>
=
&

The matrix J cs(DchEchD;h )"i of size NI xNI™ is derived from the definition of

matrix J for

A= DohEchD::h .

The matrix I, ~ (D, Eq, Dy, ) of size Napx N3 is derived from the definition of matrix

J for

A=D,E,D,

obj™’ obj

The matrix J~A™" is calculated using the following equation:
J=VA"V'

Here the singular vectors V of the matrix A are obtained using the following
characteristic equation

VAV =4,
The regularized inverse A™ of the diagonal singular value matrix A is computed as

N L if i=j and 4, 2T,
/li,j = ﬂli“,‘ ’ '

0, otherwise
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The relative regularization scalar T2

e 18 determined using absolute threshold 7, and

maximal value of A as

TA,:max(Ai’i)T 7, =107,

reg s reg

In the following, the rendering matrix according to an embaodiment is described:

The rendering matrix R applied to the input audio signals S determines the target
rendered output as Y = RS. The rendering matrix R of size N, x N is given by

R=(R, R,).

where R, of size N, xN, represents the rendering matrix associated with the input

channels and R, of size N, xN,, represents the rendering matrix associated with the

our

input objects.

In the following, decorrelated multi-channel signal X, according to an embodiment is

described:

The decorrelated signals X, are, for exampie, created from the decorrelator described in

6.6.2 of ISONEC 23003-1:2007, with bsDecorrConfig == 0 and, e.g., a decorrelator index,
X . Hence, the decorrFunc( ) for example, denotes the decorrelation process:

Xy = decorrFunc(Mmed,y) .

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

The inventive decomposed signal can be stored on a digital storage medium or can be
transmitted on a fransmission medium such as a wireless fransmission medium or a wired
fransmission medium such as the internet.

Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software. The implementation can be performed using a
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digital storage medium, for example a floppy disk, a DVD, a CD, a ROM, a PROM, an
EPROM, an EEPROM or a FLASH memory, having electronically readable control signals
stored thereon, which cooperate (or are capable of cooperating) with a programmable
computer system such that the respective method is performed.

Some embodiments according to the invention comprise a2 non-transitory data carrier
having electronically readable control signals, which are capable of cooperating with a
programmable computer system, such that one of the methods described herein is
performed.

Generally, embodiments of the present invention can be implemented as a computer
program product with a program code, the program code being operative for performing
one of the methods when the computer program product runs on a computer. The
program code may for example be stored on a machine readable carrier.

Other embodiments comprise the computer program for performing one of the methods
described herein, stored on a machine readable carrier.

In other words, an embodiment of the inventive method is, therefore, a computer program
having a program code for performing one of the methods described herein, when the
computer program runs on a computer.

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

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

A further embodiment comprises a processing means, for example a computer, or a
programmable logic device, configured to or adapted to perform one of the methods
described herein.

A further embodiment comprises @ computer having installed thereon the computer
program for performing one of the methods described herein,
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In some embodiments, a programmabie logic device (for example a field programmable
gate array) may be used to perform some or all of the functionalities of the methods
described herein. In some embodiments, a field programmable gate array may cooperate
with a microprocessor in order to perform one of the methods described herein. Generally,
the methods are preferably performed by any hardware apparatus.

The above described embodiments are merely illustrative for the principles of the present
invention. It is understood that modifications and variations of the arrangements and the
details described herein will be apparent {o others skilled in the arl. It is the intent,
therefore, to be limited only by the scope of the impending patent claims and not by the
specific details presented by way of description and explanation of the embodiments
herein.
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Claims

An apparatus for generating one or more audio output channels, wherein the
apparatus comprises:

a parameter processor for calculating mixing information, and

a downmix processor for generating the one or more audio output channels,

wherein the downmix processor is configured {o receive a data stream comprising
audio transport channeis of an audio transport signal, wherein one or more audio
channel signals are mixed within the audio transport signal, wherein one or more
audio object signals are mixed within the audio transport signal, and wherein the
number of the audio transport channels is smaller than the number of the one or
more audio channel signals plus the number of the one or more audio object
signals,

wherein the parameter processor is configured to receive downmix information
indicating information on how the one or more audio channel signals and the one
or more audio object signals are mixed within the audio transport channels, and
wherein the parameter processor is configured to receive covariance information,
and wherein the parameter processor is configured to calculate the mixing
information depending on the downmix information and depending on the
covariance information, and

wherein the downmix processor is configured to generate the one or more audio
output channels from the audio transport signal depending on the mixing
information, .

wherein the covariance information indicates a level difference information for at
least one of the one or more audio channel signals and further indicates a ievel
difference information for at least one of the one or more audio object signals, and
wherein the covariance information does not indicate correlation information for
any pair of one of the one or more audio channel signals and one of the one or
more audio object signals,

wherein the one or more audio channel signals are mixed within a first group of
one or more of the audio transport channels, wherein the one or more audio object
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signals are mixed within a second group of one or more of the audio transport
channels, wherein each audio transport channel of the first group is not comprised
by the second group, and wherein each audio transport channel of the second
group is not comprised by the first group, and

wherein the downmix information comprises first downmix subinformation
indicating information on how the one or more audio channel signais are mixed
within the first group of the audio transport channels, and wherein the downmix
information comprises second downmix subinformation indicating information on
how the one or more audio object signals are mixed within the second group of the
one or more audio transport channels,

wherein the parameter processor is configured to calculate the mixing information
depending on the first downmix subinformation, depending on the second downmix
subinformation and depending on the covariance information,

wherein the downmix processor is configured to generate the one or more audio
output signals from the first group of audio transport channels and from the second
group of audio transport channels depending on the mixing information,

wherein the downmix processor is configured fo receive a first channel count
number indicating the number of the audio transport channels of the first group of
audio transport channels, and wherein the downmix processor is configured to
receive a second channel count number indicating the number of the audio
fransport channels of the second group of audio fransport channels, and

wherein the downmix processor is configured fo identify whether an audio
transport channel within the data stream belongs to the first group or to the second
group depending on the first channel count number or depending on the second
channel count number, or depending on the first channe! count number and the
second channel count number.

An apparatus according to claim 1, wherein the covariance information indicates a
level difference information for each of the one or more audio channel signals and
further indicates a level difference information for each of the one or more audio
object signals.

An apparatus according to claim 1 or 2,
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wherein two or more audio object signals are mixed within the audio transport
signal, and wherein two or more audio channel signals are mixed within the audio
transport signal,

wherein the covariance information indicates correlation information for one or
more pairs of a first one of the two or more audio channel signals and a second
one of the two or more audio channel signals, or

wherein the covariance information indicates correlation information for one or
more pairs of a first one of the two or more audio object signals and a second one
of the two or more audio object signals, or

wherein the covariance information indicates correlation information for one or
more pairs of a first one of the two or more audio channel signals and a second
one of the two or more audio channel signals and indicates correlation information
for one or more pairs of a first one of the two or more audio object signals and a
second one of the two or more audio object signals.

An apparatus according to one of the preceding claims,

wherein the covariance information comprises a plurality of covariance coefficients
of a covariance matrix E , of size N x N, wherein N indicates the number of the

one or more audio channel signals plus the number of the one or more audio
object signats,

wherein the covariance matrix E , is defined according to the formula

E? 0
EX = obj
0 EY

wherein E%’ indicates the coefficients of a first covariance submatrix of size

Nchanneis X Nchanneis , Wherein Nepanneis indicates the number of the one or more audio
channel signals,
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wherein E%7 indicates the coefficients of a second covariance submatrix of size

Nosjects X Nopjects, Wherein Noyesss indicates the number of the one or more audio
object signals,

wherein § indicates a zero matrix,

wherein the parameter processor is configured to receive the plurality of
covariance coefficients of the covariance matrix E ;, and

wherein the parameter processor is configured to set all coefficients of the
covariance matrix E, to 0, that are not received by the parameter processor

(110).
An apparatus according to one of the preceding claims,

wherein the downmix information comprises a plurality of downmix coefficients of a
downmix matrix D of size Npoyxer X N, wherein Npp,.cp indicates the number of the
audio transport channels, and wherein N indicates the number of the one or more
audio channel signals plus the number of the one or more audio object signals,

wherein the downmix matrix D is defined according to the formula

D= ,
¢ D,y
wherein D indicates the coefficients of a first downmix submatrix of size

h . 5 .
N fowcn % Nonamesss Wherein indicates Nj,, -, the number of the audio transport

channels of the first group of the audio fransport channels, and wherein Ngranness
indicates the number of the one or more audio channel signals,

wherein D . indicates the coefficients of a second downmix submatrix of size

i
N X Nosiects , Wherein indicates N o/ the number of the audio transport
DmxCh j DmixCh

channels of the second group of the audio transport channels, and wherein Nogjects
indicates the number of the one or more audio channel signals,

wherein § indicates a zero matrix,
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wherein the parameter processor is configured to receive the plurality of downmix
coefficients of the downmix matrix D, and

wherein the parameter processor is configured to set all coefficients of the

downmix matrix D to 0, that are not received by the parameter processor.

An apparatus according to one of the preceding claims,

wherein the parameter processor is configured to receive rendering information
indicating information on how the one or more audio channel signals and the one
or more audio object signals are mixed within the one or more audio output
channels,

wherein the parameter processor is configured to calculate the mixing information
depending on the downmix information, depending on the covariance information
and depending on rendering information.

An apparatus according to claim 6,

wherein the parameter processor is configured {o receive a plurality of coefficients
of a rendering matrix R as the rendering information, and

wherein the parameter processor is configured to calculate the mixing information
depending on the downmix information, depending on the covariance information
and depending on the rendering matrix R.

An apparatus according to claim 6,
wherein the parameter processor is configured fo receive metadata information as
the rendering information, wherein the metadata information comprises position

information,

wherein the position information indicates a position for each of the one or more
audio object signais,

wherein the position information does not indicate a position for any of the one or
more audio channe! signals,
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wherein the parameter processor is configured to calculate the mixing information
depending on the downmix information, depending on the covariance information,
and depending on the position information.

An apparatus according to claim 8,

wherein the metadata information further comprises gain information,

wherein the gain information indicates a gain value for each of the one or more
audio object signals,

wherein the gain information does not indicate a gain value for any of the one or
more audio channel signals,

wherein the parameter processor is configured to calculate the mixing information
depending on the downmix information, depending on the covariance information,
depending on the position information, and depending on the gain information.

An apparatus according io claim 8 or 9,

wherein the parameter processor is configured to calculate a mixing matrix S as
the mixing information, wherein the mixing matrix S is defined according to the
formula

S=RG,

wherein G is a decoding matrix depending on the downmix information and
depending on the covariance information,

wherein R is a rendering matrix depending on the metadata information,

wherein the downmix processor is configured {o generate the one or more audio
output channels of the audio output signal by applying the formula

Z=8Y,

wherein Z is the audio output signal, and wherein Y is the audio transport signal.
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An apparatus according to one of the preceding claims,

wherein two or more audio object signals are mixed within the audio transport
signal, and wherein two or more audio channel signals are mixed within the audio
transport signal,

wherein the covariance information indicaies correlation information for one or
more pairs of a first one of the two or more audio channel signals.and a second
one of the two or more audio channel signals,

wherein the covariance information does not indicate correlation information for
any pair of a first one of the one or more audio object signals and a second one of
the one or more audio object signals, and

wherein the parameter processor is configured to calculate the mixing information
depending on the downmix information, depending on a the level difference
information of each of the one or more audio channel signals, depending on the
second level difference information of each of the one or more audio object
signals, and depending on the correlation information of the one or more pairs of a
first one of the two or more audio channel signals and a second one of the two or
more audio channel signals.

An apparatus for generating an audio fransport signal comprising audio transport
channels, wherein the apparatus comprises:

a channel/object mixer for generating the audio fransport channels of the audio
transpott signal, and

an output interface,

wherein the channel/object mixer is configured to generate the audio transport
signal comprising the audio fransport channels by mixing one or more audio
channel signals and one or more audio object signals within the audio transport
signal depending on downmix information indicating information on how the one or
more audio channel signals and the one or more audio object signals have to be
mixed within the audio transport channels, wherein the number of the
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audio fransport channels is smaller than the number of the one or more audio
channel signals plus the number of the one or more audio object signals,

wherein the output interface is configured to output the audio transport signal, the
downmix information and covariance information,

wherein the covariance information indicates a level difference information for at
least one of the one or more audio channel signals and further indicates a level
difference information for at least one of the one or more audio object signals, and
wherein the covariance information does not indicate correlation information for

* any pair of one of the one or more audio channel signals and one of the one or

more audio object signals,

wherein the apparatus is configured to mix the one or more audio channel signals
within a first group of one or more of the audio transport channels, wherein the
apparatus is configured to mix the one or more audio object signals within a
second group of one or more of the audio transport channels, wherein each audio
transport channel of the first group is not comprised by the second group, and
wherein each audio transport channel of the second group is not comprised by the
first group, and

wherein the downmix information comprises first downmix subinformation
indicating information on how the one or more audio channel signals are mixed
within the first group of the audio transport channels, and wherein the downmix
information comprises second downmix subinformation indicating information on
how the one or more audio object signals are mixed within the second group of the
audio transport channels,

wherein the apparatus is configured to output a first channel count number
indicating the number of the audio transport channels of the first group of audio
transport channels, and wherein the apparatus is configured to output a second
channel count number indicating the number of the audio transport channels of the
second group of audio transport channels.

An apparatus according to claim 12, wherein channel/object mixer is configured to
generate the audio transport signal so that the number of the audio transport
channels of the audio transport signal depends on how much bitrate is available for
transmitting the audio transport signal.
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A system, comprising:

an apparatus according to claim 12 or 13 for generating an audio transport signal,
and

an apparatus according to one of claims 1 to 11 for generating one or more audio
oufput channels,

wherein the apparatus according to one of claims 1 to 11 is configured to receive
the audio transport signal, downmix information and covariance information from
the apparatus according to claim 12 or 13, and

wherein the apparatus according to one of claims 1 to 11 is configured to generate
the one or more audio output channels from the audio transport signal depending
on the downmix information and depending on the covariance information.

A method for generating one or more audio output channels, wherein the method
comprises;

receiving a data stream comprising audio transport channels of an audio transport
signal, wherein one or more audio channel signals are mixed within the audio
transport signal, wherein one or more audio object signals are mixed within the
audio transport signal, and wherein the number of the audio transport channels is
smaller than the number of the one or more audio channel signais plus the number
of the one or more audio object signals,

receiving downmix information indicating information on how the one or more
audio channel signals and the one or more audio object signals are mixed within
the audio transport channels,

receiving covariance information,

calculating mixing information depending on the downmix information and
depending on the covariance information, and

generating the one or more audio output channels,
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generating the one or more audio output channels from the audio transport signal
depending on the mixing information,

wherein the covariance information indicates a level difference. information for at
least one of the one or more audio channel signals and further indicates a level
difference information for at least one of the one or more audio object signals, and
wherein the covariance information does not indicate correlation information for
any pair of one of the one or more audio channel signals and one of the one or
more audio object signals,

wherein the one or more audio channel signals are mixed within a first group of
one or more of the audio transport channels, wherein the one or more audio object
signals are mixed within a second group of one or more of the audio transport
channels, wherein each audio transport channel of the first group is not comprised
by the second group, and wherein each audio transport channel of the second
group is not comprised by the first group, and

wherein the downmix information comprises first downmix subinformation
indicating information on how the one or more audio channel signals are mixed
within the first group of the audio transport channels, and wherein the downmix
information comprises second downmix subinformation indicating information on
how the one or more audio object signals are mixed within the second group of the
audio fransport channels,

wherein the mixing information is calculated depending on the first downmix
subinformation, depending on the second downmix subinformation and depending
on the covariance information,

wherein the one or more audio output signals are generated from the first group of
audio transport channels and from the second group of audio transport channels
depending on the mixing information,

wherein the method further comprises the step of receiving a first channel count
number indicating the number of the audio fransport channels of the first group of
audio transport channels, and wherein the method further comprises the step of
receiving a second channel count number indicating the number of the audio
transport channels of the second group of audio transport channels, and
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wherein the method further comprises the step of identifying whether an audio
transport channel within the data stream belongs to the first group or to the second
group depending on the first channel count number or depending on the second
channel count number, or depending on the first channel count number and the
second channel count number.

A method for generating an audio transport signal comprising audio transport
channels, wherein the method comprises:

generating the audio transport signal comprising the audio transport channels by
mixing one or more audio channel signals and one or more audio object signals
within the audio transport signal depending on downmix information indicating
information on how the one or more audio channel signals and the one or more
audio object signals have to be mixed within the audio transport channels, wherein
the number of the audio transport channels is smaller than the number of the one
or more audio channel signals plus the number of the one or more audio object
signals, and

outputting the audio fransport signal, the downmix information and covariance
information,

wherein the covariance information indicates a level difference information for at
least one of the one or more audio channel signals and further indicates a level
difference information for at least one of the one or more audio object signals, and

wherein the covariance information does not indicate correlation information for
any pair of one of the one or more audio channel signals and one of the one or
more audio object signals,

wherein the one or more audio channel signals are mixed within a first group of
one or more of the audio transport channels, wherein the one or more audio object
signals are mixed within a second group of one or more of the audio transport
channels, wherein each audio transport channe! of the first group is not comprised
by the second group, and wherein each audio transport channel of the second
group is not comprised by the first group, and
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wherein the downmix information comprises first downmix subinformation
indicating information on how the one or more audio channel signals are mixed
within the first group of the audio transport channels, and wherein the downmix
information comprises second downmix subinformation indicating information on
how the one or more audio object signals are mixed within the second group of the
audio fransport channels, and

wherein the method further comprises outputiing a first channel count number
indicating the number of the audio transport channeis of the first group of audio
fransport channels, and wherein the method further comprises outputting a second
channel count number indicating the number of the audio transport channels of the
second group of audio transport channels.

A computer program for implementing the method of claim 15 or 16 when being
executed on a computer or signal processor.



