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Description
FIELD OF THE INVENTION

[0001] Theinvention relatesto encoding and decoding
of audio objects and in particular, but not exclusively to
manipulation of audio objects of a down-mix spatial sig-
nal.

BACKGROUND OF THE INVENTION

[0002] Digital encoding of various audio signals has
become increasingly important over the last decades as
digital signal representation and communication increas-
ingly has replaced analogue representation and commu-
nication.

[0003] In the last decade there has been a trend to-
wards multi-channel audio and specifically towards spa-
tial audio extending beyond conventional stereo signals.
For example, traditional stereo recordings only comprise
two channels whereas modem advanced audio systems
typically use five or six channels, as in the popular 5.1
surround sound systems. This provides for a more in-
volved listening experience where the user may be sur-
rounded by sound sources.

[0004] Various techniques and standards have been
developed for communication of such multi-channel sig-
nals. For example, six discrete channels representing a
5.1 surround system may be transmitted in accordance
with standards such as the Advanced Audio Coding
(AAC) or Dolby Digital standards.

[0005] However, in order to provide backwards com-
patibility, it is known to down-mix the higher number of
channels to a lower number and specifically itis frequent-
ly used to down-mix a 5.1 surround sound signal to a
stereo signal allowing a stereo signal to be reproduced
by legacy (stereo) decoders and a 5.1 signal by surround
sound decoders.

[0006] One example is the MPEG Surround back-
wards compatible coding method standardized by the
Moving Pictures Experts Group (MPEG). In such a sys-
tem, a multi-channel signal is down-mixed into a stereo
signal and the additional signals are encoded by para-
metric datain the ancillary data portion allowing an MPEG
Surround multi-channel decoder to generate a represen-
tation of the multi-channel signal. A legacy mono or ster-
eo decoder will disregard the ancillary data and thus only
decode the mono or stereo down-mix.

[0007] Thus, in (parametric) spatial audio (en)coders,
parameters arc extracted from the original audio signal
so as to produce an audio signal having a reduced
number of channels, for example only a single channel,
plus a set of parameters describing the spatial properties
of the original audio signal. In (parametric) spatial audio
decoders, the spatial properties described by the trans-
mitted spatial parameters are used to recreate the orig-
inal spatial multi-channel signal. An exemplary paramet-
ric spatial audio (en)coder and decoder is disclosed in
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US 2003/0035553 A1.

[0008] Recently, techniques for distribution of individ-
ual audio objects which can be processed and manipu-
lated at the receiving end have attracted significant in-
terest. For example, within the MPEG framework, a work
item is started on object-based spatial audio coding. The
aim of this work item is to explore new technology and
reuse of current MPEG Surround components and tech-
nologies for the bit rate efficient coding of multiple sound
sources or objects into a number of down-mix channels
and corresponding spatial parameters. Thus, the inten-
tion is to use similar techniques as used for down-mixing
of spatial (surround) channels to fewer channels to down-
mix independent audio objects into a smaller number of
channels.

[0009] In object oriented audio systems, the decoder
can provide discrete positioning of these sources/objects
and adaptation to various loudspeaker setups as well as
binaural rendering. Additionally, user interaction can be
used to control repositioning/panning of the individual
sources on the reproduction side.

[0010] In other words, the aim of the research is to
encode multiple audio objects in a limited set of down-
mix channels accompanied by parameters. At the decod-
er side, users can interact with the content for example
by repositioning the individual objects. As a specific ex-
ample, a number of individual instruments may be en-
coded and distributed as audio objects thereby allowing
a user receiving the encoded data to independently po-
sition the individual instruments in the sound image.
[0011] Fig. 1illustrates an example of an object orient-
ed audio encoder and decoder in accordance with the
prior art. In the example, a set of audio objects (04 to O,)
are encoded in an object-oriented encoder 101 which
generates a down-mix signal and object parameters.
These are transmitted to the object oriented decoder 103
which generates approximate copies of the audio object
signals using the transmitted object parameters.

[0012] Subsequently, a rendering element 105 gener-
ates the output signal having the desired characteristics.
For example, the rendering element 105 can position the
objects at sound source positions indicated by the user,
for example using a panning law. The output signal con-
figuration is flexible. For example, if the output signal is
mono, the user can still manipulate the relative loudness/
volume of each object. In a stereo output signal config-
uration, a simple panning law can be applied in order to
position each object at a desired position. Obviously, for
amulti-channel output configuration, the flexibility is even
larger.

[0013] However, although the system can provide ad-
vantageous performance, it also has a number of disad-
vantages. For example, in many cases the reproduced
quality is suboptimal and a completely free and independ-
ent manipulation of the individual audio objects is not
possible. Specifically, the down-mix of the encoder is
generally not completely reversible at the decoder which
accordingly can only generate approximations of the orig-



3 EP 2 067 138 B1 4

inal audio objects. Thus, the decoder is not able to fully
reconstruct the individual object signals but can only es-
timate these according to perceptual criteria. This spe-
cifically results in cross-interference (crosstalk) between
audio objects thereby resulting in the audio objects no
longer being completely independent. As a result manip-
ulations on one audio object affect the characteristics
and perception of another object.

[0014] For example, one of the mostimportant param-
eters that users typically would like to adjustis the relative
volume of each audio object. However, if large volume
adjustments are made this will result in considerable ar-
tefacts and undesirable crosstalk resulting in noticeable
quality degradation.

[0015] Hence, animproved system for audio object en-
coding/decoding would be advantageous and in partic-
ular a system allowing increased flexibility, improved
quality, facilitated implementation and/or improved per-
formance would be advantageous.

SUMMARY OF THE INVENTION

[0016] Accordingly, the Invention seeks to preferably
mitigate, alleviate or eliminate one or more of the above
mentioned disadvantages singly or in any combination.
[0017] According to a first aspect of the invention there
is provided an encoder for encoding audio objects, the
encoder comprising: means for receiving a plurality of
audio objects; encoding means for encoding the plurality
of audio objects in a number of audio signals and para-
metric data representing the plurality of audio objects rel-
ative to the number of audio signals, the parametric data
comprising a set of object parameters for at least one of
the different audio objects; means for receiving encoding
modification data from a remote unit; and parameter
means for determining the parametric data in response
to the encoding modification data.

[0018] The invention may allow improved encoding of
audio objects and may in particular allow an audio distri-
bution system wherein an improved user experience can
be achieved e.g. with improved individual user control of
individual audio objects. The invention may allow im-
proved control of characteristics of individual audio ob-
jects and may in particular reduce cross audio object in-
terference degradation when manipulating audio objects.
The encoder may allow efficient remote controlled ma-
nipulation while modifying the encoding modification data
such that an object oriented decoder will decode the ma-
nipulated audio objects correctly. The invention may al-
low an improved distribution of audio object manipulation
between an encoder and decoder thereby resulting in
improved flexibility, performance and/or quality.

[0019] The encoding means may furthermore gener-
ate the number of audio signals in response to the en-
coding modification data. The object parameters may be
intensity parameters e.g. indicating a relative intensity
difference between different audio objects and/or an en-
ergy conversion factor between one or more of the audio
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signals and the audio objects. The object parameters
may comprise parameters for individual frequency-time
blocks.

[0020] According to an optional feature of the inven-
tion, the encoding means is arranged to generate the
number of audio signals by a down-mix of the audio ob-
jects and the parameter means is arranged to modify a
down-mix weight of at least one of the audio objects in
response to the encoding modification data.

[0021] This may provide a highly efficient and/or high
quality control of the relative volume of an audio object
by a listener while reducing or eliminating the effect on
other audio objects. A high performance individual audio
object volume control may be achieved.

[0022] According to an optional feature of the inven-
tion, the parameter means is arranged to scale at least
a first audio object in response to the encoding modifi-
cation data and to modify object parameters for the first
audio object in response to the scaling.

[0023] This may provide a highly efficient and/or high
quality control of the relative volume of an audio object
by a listener while reducing or eliminating the effect on
other audio objects. A high performance individual audio
object volume control may be achieved.

[0024] According to an optional feature of the inven-
tion, at least some of the encoding modification data is
frequency specific and the parameter means is arranged
to determine at least one object parameter in response
to a frequency characteristic of the object parameter.
[0025] This may allow improved control of the listening
experience and may in particular allow the frequency re-
sponse of the audio to be manipulated by a listener. The
frequency characteristics of individual objects may be
individually and separately modified with reduced or elim-
inated effect on other audio objects. In particular, an ef-
ficient and/or high quality equalization of individual audio
objects may be achieved.

[0026] According to an optional feature of the inven-
tion, the encoding means is arranged to modify at least
one audio objectin response to the encoding modification
data prior to a down-mix of the audio objects to the
number of audio signals.

[0027] The parameter means may be arranged to de-
termine the parametric data in response to characteris-
tics of the modified audio object(s). This may allow high
performance and/or facilitated implementation.

[0028] According to an optional feature of the inven-
tion, the encoding means is arranged to generate the
number of audio signals as a spatial down-mix.

[0029] This may allow improved performance in many
embodiments and may in particular allow improved op-
eration in association with encoders having no or limited
rendering capability. The encoder may for example be
arranged to render a spatial multi-channcl signal com-
prising the audio objects and may specifically be ar-
ranged to generate a spatial binaural signal.

[0030] According to an optional feature of the inven-
tion, the encoding means is arranged to modify in re-
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sponse to the encoding modification data at least one
characteristic selected from the group consisting of a
spatial location of at least one of the audio objects; a
distance characteristic of at least one of the audio objects;
a spatial rendering mode of the encoder, and a frequency
characteristic of at least one of the audio objects.
[0031] This may allow improved performance and the
parameters may in particular allow a listener to modify
perceptually significant parameters of a rendered spatial
signal.

[0032] According to an optional feature of the inven-
tion, each audio object is associated with a set of audio
sources which are independent of audio sources of other
audio objects.

[0033] The audio objects may be independent of each
other. The audio objects may correspond to different and
independent sound sources. Specifically, the audio ob-
jects may be different audio objects which are generated
individually and separately from the other audio objects
and without any specific relationship. For example, the
audio objects may be individually recorded/capture mu-
sical instruments or voices.

[0034] The audio objects may be non-spatial audio ob-
jects. The audio objects may be simple sound sources
with no associated spatial characteristics or information
and in particular there may be no relative spatial relation-
ship, knowledge or association between the audio ob-
jects.

[0035] According to an optional feature of the inven-
tion, the encoder is arranged to receive afirst audio object
from the remote unit and the means for receiving the
encoding modification data is arranged to extract the en-
coding modification data from encoding data received for
the first audio object.

[0036] For example, the encoding modification data
may be embedded in a speech, music or other audio
signal. The encoding modification data may specifically
be embedded in ancillary or user data fields of an encod-
ed audio signal received from the remote unit, such as
e.g. an MPEG 4 bitstream. This may allow an efficient,
backward compatible and low complexity communication
of control data and may in particular be useful in systems
employing two-way communications between a appara-
tus comprising the encoder and the remote unit.

[0037] According to an optional feature of the inven-
tion, the encoder is arranged to receive encoding modi-
fication data from a plurality of remote units and to gen-
erate different parametric data for the different remote
units in response to receiving different encoding modifi-
cation data from the different remote units.

[0038] This may allow improved operation and/or ad-
ditional services in many embodiments. The encoding
means may furthermore be arranged to generate differ-
ent audio signals for the different remote units. Thus, the
approach may allow e.g. a centralized audio object en-
coder to customize the transmitted data to the require-
ments and preferences of the individual users of the re-
mote units.
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[0039] According to another aspect of the invention,
there is provided a decoder for decoding audio objects,
the decoder comprising: a receiver for receiving from a
remote audio object encoder a number of audio signals
being a down-mix of a plurality of audio objects and par-
ametric data representing the plurality of audio objects
relative to the number of audio signals, the parametric
data comprising a set of object parameters for at least
one of the different audio objects; decoding means for
decoding the audio objects from the number of audio
signals in response to the parametric data; rendering
means for generating a spatial multi-channel output sig-
nal from the audio objects; means for generating encod-
ing modification data for the remote audio object encoder;
and means for transmitting the encoding modification da-
ta to the remote audio object encoder.

[0040] The decoding means and rendering means
may in some embodiments be combined and the spatial
multi-channel output signal may be generated directly
from the audio signals without explicitly generating the
audio object. For example, a matrix multiplication may
be applied to signal values of the audio signals to gen-
erate audio object signal values. A second matrix multi-
plication may then be applied to the audio object signal
values to generate the spatial multi-channel audio signal
values. Alternatively, the first and second matrix multipli-
cation may be combined into a single matrix multiplica-
tion. Thus, a single matrix multiplication may be applied
to the signal values of the audio signals to directly gen-
erate the spatial multi-channel audio signal values. Thus,
the decoding of the audio objects may be implicit in the
rendering/matrix multiplication and no explicit/direct gen-
eration of audio object values are necessary.

[0041] According to other aspects of the invention,
there are provided a teleconference hub as set forth in
claim 12,

a transmitter as set forth in claim 13,

a receiver as set forth in claim 14,

communication system as set forth in claim 15,
encoding audio objects as set forth in claim 16,

a method of

decoding audio objects as set forth in claim 17

program product as set forth in claim 18, and

an audio playing device as set forth in claim 19.

[0042] These and other aspects, features and advan-
tages of the invention will be apparent from and elucidat-
ed with reference to the embodiment(s) described here-
inafter.

BRIEF DESCRIPTION OF THE DRAWINGS

[0043] Embodiments of the invention will be described,
by way of example only, with reference to the drawings,
in which

Fig. 1 is an illustration of an audio system in accord-
ance with the prior art;
Fig. 2illustrates an example of acommunication sys-
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tem for communication of an audio signal in accord-
ance with some embodiments of the invention;

Fig. 3 illustrates an interaction between an encoder
and a decoder in accordance with some embodi-
ments of the invention;

Fig. 4 illustrates an example of an encoder in accord-
ance with some embodiments of the invention;

Fig. 5 illustrates an example of a decoder in accord-
ance with some embodiments of the invention;

Fig. 6 illustrates an example of a method of encoding
audio signals in accordance with some embodi-
ments of the invention; and

Fig. 7 illustrates an example of a method of decoding
audio objects in accordance with some embodi-
ments of the invention.

DETAILED DESCRIPTION OF SOME EMBODIMENTS
OF THE INVENTION

[0044] The following description focuses on embodi-
ments of the invention applicable to audio object encod-
ing and/or decoding for a teleconferencing application.
However, it will be appreciated that the invention is not
limited to this application but may be applied in many
other applications including e.g. music audio distribution
applications.

[0045] Fig. 2 illustrates a communication system 200
for communication of an audio signal in accordance with
some embodiments of the invention. The transmission
system 200 comprises a transmitter 201 which is coupled
toareceiver 203 through a network 205 which specifically
may be the Internet.

[0046] In the specific example, the transmitter 201 is
part of a teleconferencing hub. In a teleconferencing ap-
plication, the speech signals of several far-end talkers
are mixed in a teleconferencing hub. Then for each per-
son in the teleconference, a mix of all signals except
his/her own is transmitted to all receivers. Thus, the trans-
mitter 201 can receive speech signals from a plurality of
remote communication units taking part in the telecon-
ference and can generate and distribute speech signals
to the remote communication units. In the example, the
receiver 203 is a signal player device which can generate
a speech output to a participant of the conference call.
Specifically, the receiver 203 is part of a remote commu-
nication unit such as telephone.

[0047] It will be appreciated that in other embodiments
a transmitter and receiver may be used in other applica-
tions and for other purposes. For example, the transmitter
201 and/or the receiver 203 may be part of a transcoding
functionality and may e.g. provide interfacing to other sig-
nal sources or destinations.

[0048] In the specific example, the transmitter 201
comprises a receiver 207 which receives speech signals
from the remote communication units involved in the tel-
econference call. Each of the speech signals is treated
as a separate and independent audio object.

[0049] The receiver 207 is coupled to the encoder 209
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of Fig. 2 which is fed the individual speech audio objects
and which encodes the audio objects in accordance with
an encoding algorithm. The encoder 209 is coupled to a
network transmitter 211 which receives the encoded sig-
nal and interfaces to the Internet 205. The network trans-
mitter may transmit the encoded signal to the receiver
203 through the Internet 205.

[0050] The receiver 203 comprises a network receiver
213 which interfaces to the Internet 205 and which is
arranged to receive the encoded signal from the trans-
mitter 201.

[0051] The network receiver 213 is coupled to a de-
coder 215. The decoder 215 receives the encoded signal
and decodes it in accordance with a decoding algorithm.
Specifically, the decoder 215 is an object oriented de-
coder which can decode the individual audio objects and
render an audio output signal based on the decoded au-
dio objects.

[0052] In the specific example where a signal playing
function is supported, the receiver 203 further comprises
a signal player 217 which receives the decoded audio
signal from the decoder 215 and presents this to the user.
Specifically, the signal player 217 may comprise a digital-
to-analog converter, amplifiers and speakers as required
for outputting the decoded audio signal.

[0053] Fig. 3illustrates the interaction between the en-
coder 209 and the decoder 215 in more detail.

[0054] As illustrated, the object oriented encoder 209
receives a plurality of audio objects from the receiver
207. The audio objects arc individual sound signals that
are independent of each other and which specifically cor-
respond to individual and independent sound sources.
In some embodiments, the audio objects may be individ-
ually recorded sound sources. Furthermore, the audio
objects do not have any spatial association and specifi-
cally there is no spatial relationship between the different
audio objects.

[0055] Hence, in contrast to for example a surround
sound recording wherein the same sound image (and
sound sources) are recorded in different positions to gen-
erate different channels of the same spatial signal, the
audio objects of the present example are individual and
isolated sound sources.

[0056] In the teleconferencing application, each audio
object corresponds to a speech signal received from one
participant in the teleconference call. Thus, the encoder
209 receives audio objects in the form of speech signals
received from a plurality of remote communication units
taking part in the conference call.

[0057] The object oriented encoder 209 encodes the
audio objects in a limited number of channels and addi-
tionally generates parametric data which allows and fa-
cilitates a regeneration of the original audio objects from
the generated audio channels at the decoder side. Spe-
cifically, the audio encoder 209 can generate a down-
mix of the audio objects in a similar way to generating a
down mix of a spatial surround sound signal to e.g. a
stereo signal. For example, the encoder 209 may gen-
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erate a down-mix by multiplying the audio object sample
values by a down-mix matrix to generate sample values
of the down-mix.

[0058] The encoder 209 generates a bit stream com-
prising both the encoding data for the limited number of
channels and the associated parametric data. This data
is transmitted to the decoder 215.

[0059] The decoder 215 comprises in object oriented
decoder unit 303 which generates local approximate rep-
licas of the original audio objects based on the received
audio channels and the received parametric data. Spe-
cifically, the object oriented decoder unit 303 can gener-
ate the audio objects by applying an up-mix matrix to the
received audio samples. The coefficients of the up-mix
matrix are determined in response to the parametric data
received from the encoder 209.

[0060] The decoder 215 furthermore comprises a ren-
dering unit 305 which is arranged to generate an output
signal based on the audio inputs. The rendering unit 305
can freely manipulate and mix the received audio objects
to generate a desired output signal. For example, the
rendering unit 305 can generate a five channel surround
sound signal and can freely position each individual audio
object in the generated sound image. As another exam-
ple, the rendering unit 305 may generate a binaural ster-
eo signal which can provide a spatial experience through
e.g. a set of headphones.

[0061] In many practical systems, the functionality of
the decoding unit 303 and the rendering unit 305 is com-
bined into a single processing step. For example, the
operation of the decoding unit 303 typically corresponds
to a matrix multiplication by an up-mix matrix and the
operation of the rendering unit 305 similarly corresponds
to a matrix multiplication performed on the output of the
up-mix matrix multiplication. Thus, by combining the up-
mix and rendering matrices into a single matrix, the cas-
caded matrix multiplication can be combined into a single
matrix multiplication.

[0062] In the specific example, the rendering unit 305
can place each individual speaker of the conference call
at a different location in the sound image with the specific
location for each speaker being freely selectable for ex-
ample by a user controlling the rendering unit 305. As
another example, if the audio object corresponds to dif-
ferent musical instruments from a piece of music, the
user can freely mix, equalize etc the individual instru-
ments as well as freely position them in the sound image.
Thus, the described approach allows a high degree of
freedom the individual user to manipulate the different
audio objects to generate a customized audio output
which can be independent of the audio output generated
for other users and recipients of the encoded signal from
the encoder 209.

[0063] However, despite providing a large degree of
flexibility by manipulating audio objects in the rendering
unit 305, such manipulation can also resultin degradation
in the quality of the generated audio signal. In particular,
in order to generate exact replicas of the audio objects
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in the decoder 215, it is necessary to apply an up-mix
matrix which is the inverse of the down-mix matrix used
in the encoder 209. However, this is generally not pos-
sible (for example is not possible when the number of
generated audio signals is smaller than the number of
audio objects as no inverse matrix exists for the down-
mix matrix in this case) and accordingly only approxima-
tions of the original audio signals can be generated. Spe-
cifically, the audio objects generated in the decoder will
contain an amount of cross interference from other audio
objects. As a result, the manipulation of one audio object
will affect the perception and characteristics of another
audio object which may result in degraded performance
and noticeable artifacts.

[0064] In the system of Fig. 3, the encoder 215 is fur-
thermore capable of generating control data in the form
of encoding modification data which is transmitted to the
encoder 209. The encoding modification data is then
evaluated by the encoder 209 which modifies the encod-
ing process depending on the received control informa-
tion. Specifically, the encoder 209 can modify the down-
mixing of the audio objects and the spatial parameters
which are generated for the down-mix. As a specific ex-
ample, the encoding modification data may specify that
the volume of one specific audio object should be re-
duced. Accordingly the encoder 209 reduces the level of
this audio object (e.g. prior to or as part of the down-
mixing operation) and modifies (directly or indirectly) the
parametric data for the audio object such that when the
audio objects are decoded at the decoder, the level will
be appropriately reduced and preferably such that the
modified parametric data correctly represents the
change in level for the respective audio object(s).
[0065] The approach thus allows for some or all of the
objectmanipulation to be performed at the encoding side.
As the encoder has access to the original independent
audio objects rather than just to the approximate replicas,
an improved performance can be achieved and in par-
ticular it may be possible to provide an improved quality.
Forexample, the cross interference is reduced and there-
fore the impact on the other audio objects of increasing
or decreasing the volume of one audio object may be
substantially reduced or even removed completely.
[0066] Fig. 4 illustrates the encoder 209 in more detail.
In the following the operation of the encoder 209 will be
described in more detail with reference to the specific
example where the decoder side generates encoding
modification data which is transmitted to the encoder and
used to control the relative levels of individual audio ob-
jects.

[0067] Theencoder209 comprises areceivingunit401
which receives the audio objects which in this is the case
are the speech signals received from remote communi-
cation units, such as telephones, taking part in the tel-
econference call. The speech objects are fed to an en-
coding unit 403 which down-mixes the objects to a
number of audio signals which is lower than the number
of speech audio objects. Specifically, the encoding unit
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403 performs the matrix multiplication given by:

Y=DxX

where X denotes an N dimensional vector comprising
the speech object samples (where N is the number of
speech objects), Y is an M dimensional vector comprising
the down-mix output samples (where M is the number of
output channels) and D is an N,M down-mix matrix. M
may be significantly lower than N. For example, for a six
way teleconference, five speech signals may be down-
mixed to a single mono signal which is transmitted to the
sixth communication unit.

[0068] The encoder 209 furthermore comprises a pa-
rameter unit 405 which generates parametric data that
can be used to recreate the audio objects from the down-
mix signal. Specifically, the parameter unit 405 generates
a set of object parameters for each speech object which
can be used by the decoder 215 to recreate the speech
objects. Ideally, the object parameters would be deter-
mined such that an up-mix matrix corresponding to the
inverse of the down-mix matrix could be determined i.e.
the up-mix matrix U=D-'. However, an inverse matrix
does not exist for a down-mix matrix (where N>M) and
therefore parameter data can only be generated which
allows a non-ideal regeneration of the original speech
objects.

[0069] Accordingly, the parameter unit 405 generates
parameters which represent characteristics of the indi-
vidual speech objects relative to the down-mix signal. In
the specific example, the parameter unit first transforms
the speech object into the frequency domain in time
blocks (e.g. by use of an FFT) and then performs the
down-mix matrix multiplication for each time frequency
block (or time frequency tile). Furthermore, for the time
frequency blocks, the relative amplitude of each speech
object relative to the down-mix result is determined.
Thus, the parameter unit 405 generates relative level in-
formation described in separate time/frequency tiles for
the various speech objects. Thereby, a level vector is
generated for the time/frequency tiles with each element
of the vector representing the amount of energy in the
time/frequency tile of the object of that element. This

. n
process can result in a set of energy parameters G ,,

forfrequency band b, time-segment ¢, and signal n. These
parameters can then be transmitted (preferably in a
quantized, logarithmic domain) to the receiving end.
Thus, the approach for generating the parameter data
may be similar to the approach used for MPEG surround
spatial encoding and a reuse of functionality may be
achievable in many embodiments.

[0070] The parameter unit 405 and the encoding unit
403 are coupled to a transmit processor 407 which gen-
erates a bitstream comprising both the encoding data
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and the parametric data. Specifically, the bit stream may
be an MPEG compatible encoded stereo signal with the
parametric data comprised in ancillary data portions of
the bit stream. The resulting bit stream is then transmitted
to the appropriate communication unit.

[0071] Fig. 5illustrates the decoder 215 in more detail.
The decoder 215 comprises the object oriented decoding
unit 303 which generates approximate replicas of the
speech objects. Specifically, the decoding unit 303 can
generate time frequency tiles of the individual speech
objects by modifying the corresponding time frequency
tiles of the received down-mix signal as indicated by the
corresponding relative level difference for that object as
given in the parametric data.

[0072] If the individual speech signal for object n is

given by x(f), with associated energy parameters G 1:71 .

and a down-mix signal m(t), the decoder-side estimate
of speech signal x"(t) for time/frequency tile (b,t) may be
given by:

[0073] The speech objects are fed to the rendering unit
305 which can proceed to generate an output signal for
the user. Furthermore, in the example, the user may be
able to adjust various rendering parameters and charac-
teristics including for example changing a position of one
or more of the speech objects in the generated sound
image.

[0074] Inaddition, the decoder215comprises acontrol
processor 501 which can generate encoding modification
data in response to a user input. The encoding modifica-
tion data is fed to a transmitting unit 503 which transmits
the encoding modification data to the encoder 209.
[0075] The encoder 209 comprises a control data re-
ceiver 409 which receives the encoding modification da-
ta. The control data receiver 409 is coupled to the en-
coding unit 403 and the parameter unit 405 which are
arranged to modify the encoding and generation of pa-
rameter data depending on the received encoding mod-
ification data. Thus, in addition to the control of the ren-
dering of the speech objects at the decoder, the user
thereof can also control the encoding operation of the
object oriented encoding performed at the encoder side.
[0076] As a specific example, the spatial image and
the object spatial locations in the generated output signal
of the decoder can be controlled by modifying the ren-
dering operation of the decoder whereas (large) volume
adjustments can be performed by controlling the down-
mixing at the encoder.

[0077] Thus, the decoder user may request that the
volume of a specific speech object is increased substan-
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tially. If this is performed by amplifying the corresponding
speech object at the decoder, the amplification will also
amplify the cross interference components from other
speech objects which may not only result in a higher vol-
ume of these but also in distortion of these objects and
possibly in a shift in the position of these objects.
[0078] However, in accordance with the example, the
decoder 215 does not change the scaling of the gener-
ated speech object replicas but rather generates encod-
ing modification data which will cause the encoder to
modify the down-mix weights for the desired speech ob-
jects.

[0079] Thus, in the example the disadvantages asso-
ciated with changing individual audio object levels at the
decoder side are mitigated or eliminated by controlling
the relative levels at the encoder side. Specifically, the
desired level modifications of the user at the decoder
side are transmitted to the encoder and are applied as
the down-mix weights.

[0080] In the teleconferencing example, the receiving
end also transmits the locally produced speech back to
the teleconferencing hub. Accordingly, this speech signal
can include the down mix weights for all objects that are
received by the receiver (or by data that results in the
receiver changing the down-mix weights, e.g. a relative
attenuation or amplification to be applied to a specific
speech object). E.g. ifthe receiving end produces a signal
‘speech 0’ and receives signals 'speech 1’, 'speech 2’
and 'speech 3’ from other communication units, it can
generate and transmit down mix weights for the objects
‘speech 1’, 'speech 2’, and 'speech 3. These down mix
weights are then used by the teleconference hub to gen-
erate the down mix signal for this receiving end.

[0081] An advantage of this scheme is that the user
has a very high degree of freedom in modifying e.g. the
volume or distance of each individual speech signal. Fur-
thermore, the down-mix weights (and other parameters)
are likely to be fairly constant across time and therefore
the data rate required for the encoding modification data
is typically very low.

[0082] In some embodiments, the encoder 209 may
be arranged to modify at least one of the audio objects
prior to the down-mixing being performed. For example,
the encoding unit 403 can scale the received audio ob-
jects before performing the down-mix matrix multiplica-
tion. Thus, if encoding modification data is received which
indicates that a specific speech object should be lower,
the received signal samples for this object may be mul-
tiplied by a factor larger than one. The resulting signal
can then be used in the down-mix matrix multiplication
to generate the down-mix signal. This approach may al-
low a fixed down-mix matrix to be used and may specif-
ically allow suitable easy to multiply coefficients to be
used (for example the down-mix matrix could contain only
unity coefficients thereby effectively reducing the down-
mix multiplication to a number of simple additions).
[0083] In the example, the determination of the object
parameters may be determined based on the modified
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signals. Thus, the scaled speech objects can also be fed
to the parameter unit 405 which can determine the rela-
tive levels of the frequency time tiles for the modified
signals. This approach will resultin the up-mixing process
by the decoder generating a speech object having the
desired volume level. Thus, in this approach, the modi-
fication of the parametric data depending on the encoding
modification datais indirectin the sense that the encoding
modification data is first used to modify the speech ob-
jects and the parameter data is then generated on the
basis of the modified speech objects.

[0084] Inother embodiments, the parametric data may
be modified more directly. For example, the speech ob-
jects may be fed directly to the parameter unit 405 before
any modification is performed. The parameter unit 405
may then determine the relative intensity levels for the
different frequency time tiles and subsequently adjust the
measured levels in response to the encoding modifica-
tion data. This modification can be made to match the
modification of the speech object prior to the down-mix
thereby ensuring a correct generation of the volume com-
pensated speech object at the decoder.

[0085] Insomeembodiments, only the parametric data
is changed in response to the encoding modification data
and the speech objects and down mixing is maintained
unchanged. In this example, the object parameters may
be changed such that the decoder will generate the re-
quired speech objects by applying the modified object
parameters. In this case, in order to modify a given
speech object, it may be necessary to not only change
the object parameter for that speech object but also for
other speech objects.

[0086] In some embodiments, the down-mix weights
(e.g. the down-mix matrix coefficients) may be changed
in response to the received encoding modification data.
For example, the volume of a specific speech object may
be increased by increasing the down-mix matrix coeffi-
cient(s) for that speech object. In this case, a modified
speech object signal is typically not available and accord-
ingly the object parameters may be changed directly in
response to the encoding data such that they reflect the
changed down-mix weights.

[0087] It will also be appreciated that in some such
embodiments, the modification of one speech object may
also affect other speech objects. For example, when
changing the down-mix weight of one speech object, the
other down-mix weights may be adjusted such that the
total energy of the down-mix signal remains unchanged.
Alternatively or additionally, the relative energy parame-
ters for frequency time tiles of other speech objects may
be modified to reflect a changed energy of the generated
down-mix signal.

[0088] In some embodiments, the encoding modifica-
tion data can be frequency specific such that different
modification data is provided for different frequencies.
For example, rather than just indicating a modified down-
mix weight for a given speech object, this down-mix
weight may be given as a function of the frequency. Thus,
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the remote user may not only adjust the gain of a speech
object as a whole but may modify the frequency charac-
teristic of the object. This may allow the remote user to
efficiently control an equalization operation for the indi-
vidual speech object. Thus, in the example, at least some
of the encoding modification data is provided as a func-
tion of frequency and the parameter unit 405 accordingly
proceeds to modify the parametric data depending on
the frequency.

[0089] It will be appreciated that the transmitter 201
may be arranged to generate individual signals for a dif-
ferent decoders. E.g. in the exemplary application of a
teleconference hub, the transmitter 201 may receive dif-
ferent encoding modification data from different partici-
pants in the teleconference and may generate separate
parametric data and down-mix for the individual partici-
pants.

[0090] Insomeembodiments,the encoder 209 further-
more comprises functionality for generating the output
signal(s) as a spatial down-mix. Thus, in the example,
the encoder 209 is arranged to render the speech objects
as a spatial output signal wherein each speech object is
rendered at a specific location with a specific volume level
and frequency characteristic etc. Specifically, the output
of the encoder 209 may be a stereo signal, a surround
sound multi-channel signal and/or a binaural spatial sur-
round signal e.g. generated using Head Related Transfer
Functions.

[0091] In such embodiments, the encoding modifica-
tion data received from the decoder 215 can comprise
spatial rendering parameters which affect the rendering
of the speech objects in the spatial signal.

[0092] The spatial rendering parameters can for ex-
ample indicate that the position of one or more of the
audio objects should be changed in the spatial output
mix. As another example, equalization data may be pro-
vided which can be applied to an individual audio object.
As another example, the perceived distance of each au-
dio object may be remotely controlled from the decoder
end. For example, if encoding modification data is re-
ceived which indicates that an audio object should be
moved further away in a spatial down-mix, the rendering
of this audio object may be changed such that the volume
level is reduced and the correlation between front and
back channels is increased. Such modifications are
known to affect the perception of distance resulting in the
user experiencing the sound source of the audio object
being moved further away from the listener.

[0093] As another example, the remote user may con-
trol the spatial rendering mode of the encoder. For ex-
ample, for a two-channel output signal, the user can se-
lect whether the rendering should be optimized for loud-
speakers or headphones. Specifically, the remote user
can select whether the output should be generated as a
traditional stereo signal or as a binaural spatial surround
signal for use with headphones.

[0094] Such an approach may provide a number of
advantages. For example, the required bit rate for trans-
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mitting the spatial rendering parameters is typically rel-
atively low since rendering parameters are only defined
per sound source (i.e., they are typically not frequency
dependent). Furthermore, these parameters are likely to
be fairly constant over time. The required parameters for
the decoder-side rendering approach, on the other hand,
have to be transmitted for each sound source and for
each time/frequency tile, resulting in significant amounts
of data to be transmitted. Thus, by moving some or all of
the rendering to the encoder side, an efficient audio sys-
tem can be achieved.

[0095] Also improved compatibility with legacy decod-
ers can be achieved. The central encoder can generate
a bit stream that is optimized for each decoder independ-
ently (i.e., mono, stereo, or surround decoders can all be
catered for and the generated signal can be optimized
for the specific destination decoder.

[0096] The approach may allow additional or en-
hanced services to be provided. For example, each cus-
tomer can pay an additional fee for certain rendering pos-
sibilities (i.e., level adjustments are a first service level,
and spatial rendering may be a second, more expensive
service level).

[0097] Furthermore, as the rendering requirement for
the decoder may be decreased, a reduced complexity of
the destination decoder is possible in many applications.
[0098] Fig. 6 illustrates an example of a method of en-
coding audio signals in accordance with some embodi-
ments of the invention.

[0099] The method initiates in step 601 wherein a plu-
rality of audio objects is received.

[0100] Step 601 is followed by step 603 wherein en-
coding modification data is received from a remote unit.
[0101] Step 603 is followed by step 605 wherein the
plurality of audio objects are encoded in a number of
audio signals and parametric data representing the plu-
rality of audio objects relative to the number of audio sig-
nals. The parametric data comprises a set of object pa-
rameters for each of the different audio objects and is
determined in response to the modification data.

[0102] Fig. 7 illustrates an example of a method of de-
coding audio objects in accordance with some embodi-
ments of the invention.

[0103] The method initiates in step 701 wherein a
number of audio signals and parametric data represent-
ing the audio objects relative to the number of audio sig-
nals is received from an encoder. The audio signals are
a down-mix of the audio objects and the parametric data
comprises a set of object parameters for each of the dif-
ferent audio objects.

[0104] Step 701 is followed by step 703 wherein the
audio objects are decoded from the number of audio sig-
nals in response to the parametric data.

[0105] Step 703 is followed by step 705 wherein a spa-
tial multi-channel output signal is generated from the au-
dio objects.

[0106] Step 705 is followed by step 707 wherein en-
coding modification data for the object encoder is gen-
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erated.

[0107] Step 707 is followed by step 709 wherein the
encoding modification data is transmitted to the object
encoder.

[0108] It will be appreciated that the above description
for clarity has described embodiments of the invention
with reference to different functional units and proces-
sors. However, it will be apparent that any suitable dis-
tribution of functionality between different functional units
or processors may be used without detracting from the
invention. For example, functionality illustrated to be per-
formed by separate processors or controllers may be per-
formed by the same processor or controllers. Hence, ref-
erences to specific functional units are only to be seen
as references to suitable means for providing the de-
scribed functionality rather than indicative of a strict log-
ical or physical structure or organization.

[0109] The invention can be implemented in any suit-
able form including hardware, software, firmware or any
combination of these. The invention may optionally be
implemented atleast partly as computer software running
on one or more data processors and/or digital signal proc-
essors. The elements and components of an embodi-
ment of the invention may be physically, functionally and
logically implemented in any suitable way. Indeed the
functionality may be implemented in a single unit, in a
plurality of units or as part of other functional units. As
such, the invention may be implemented in a single unit
or may be physically and functionally distributed between
different units and processors.

[0110] Although the present invention has been de-
scribed in connection with some embodiments, it is not
intended to be limited to the specific form set forth herein.
Rather, the scope of the present invention is limited only
by the accompanying claims. Additionally, although a
feature may appear to be described in connection with
particular embodiments, one skilled in the art would rec-
ognize that various features of the described embodi-
ments may be combined in accordance with the inven-
tion. In the claims, the term comprising does not exclude
the presence of other elements or steps.

[0111] Furthermore, although individually listed, a plu-
rality of means, elements or method steps may be im-
plemented by e.g. a single unit or processor. Additionally,
although individual features may be included in different
claims, these may possibly be advantageously com-
bined, and the inclusion in different claims does notimply
that a combination of features is not feasible and/or ad-
vantageous. Also the inclusion of a feature in one cate-
gory of claims does not imply a limitation to this category
but rather indicates that the feature is equally applicable
to other claim categories as appropriate. Furthermore,
the order of features in the claims do not imply any spe-
cific order in which the features must be worked and in
particular the order of individual steps in a method claim
does not imply that the steps must be performed in this
order. Rather, the steps may be performed in any suitable
order. In addition, singular references do not exclude a
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plurality. Thus references to"a", "an", "first", "second" etc
do not preclude a plurality. Reference signs in the claims
are provided merely as a clarifying example shall not be
construed as limiting the scope of the claims in any way.

Claims

1. An encoder for encoding audio objects, the encoder
comprising:

- means (401) for receiving a plurality of audio
objects;

- encoding means (403) for encoding the plural-
ity of audio objects in a number of audio signals
and parametric data representing the plurality
of audio objects relative to the number of audio
signals, the parametric data comprising a set of
object parameters for at least one of the different
audio objects;

- means (409) for receiving encoding modifica-
tion data from a remote unit; and

- parameter means (405) for determining the
parametric data in response to the encoding
modification data.

2. The encoder of claim 1 wherein the encoding means
is arranged to generate the number of audio signals
by a down-mix of the audio objects and the param-
eter means (405) is arranged to modify a down-mix
weight of at least one of the audio objects in response
to the encoding modification data.

3. The encoder of claim 1 wherein the parameter
means (405) is arranged to scale at least a first audio
object in response to the encoding modification data
and to modify object parameters for the first audio
object in response to the scaling.

4. The encoder of claim 1 wherein at least some of the
encoding modification data is frequency specific and
the parameter means (405) is arranged to determine
at least one object parameter in response to a fre-
quency characteristic of the object parameter.

5. The encoder of claim 1 wherein the encoding means
(403) is arranged to modify at least one audio object
in response to the encoding modification data prior
to a down-mix of the audio objects to the number of
audio signals.

6. The encoder of claim 1 wherein the encoding means
(403) is arranged to generate the number of audio
signals as a spatial down-mix.

7. The encoder of claim 6 wherein the encoding means
(403) is arranged to modify in response to the en-
coding modification data at least one characteristic
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selected from the group consisting of:

- a spatial location of at least one of the audio
objects;

- a distance characteristic of at least one of the
audio objects;

- a spatial rendering mode of the encoder, and
- afrequency characteristic of at least one of the
audio objects.

The encoder of claim 1 wherein each audio object
is associated with a set of audio sources which are
independent of audio sources of other audio objects.

The encoder of claim 1 wherein the encoder is ar-
ranged to receive afirst audio object from the remote
unit and the means (409) for receiving the encoding
modification data is arranged to extract the encoding
modification data from encoding data received for
the first audio object.

The encoder of claim 1 wherein the encoder is ar-
ranged to receive encoding modification data from
a plurality of remote units and to generate different
parametric data for the different remote units in re-
sponse to receiving different encoding modification
data from the different remote units.

A decoder for decoding audio objects, the decoder
comprising:

- a receiver (303) for receiving from a remote
audio object encoder a number of audio signals
being a down-mix of a plurality of audio objects
and parametric data representing the plurality
of audio objects relative to the number of audio
signals, the parametric data comprising a set of
object parameters for at least one of the different
audio objects;

- decoding means (303) for decoding the audio
objects from the number of audio signals in re-
sponse to the parametric data;

- rendering means (305) for generating a spatial
multi-channel output signal from the audio ob-
jects;

- means for generating (501) encoding modifi-
cation data for the remote audio object encoder;
and

means for transmitting (503) the encoding mod-
ification data to the remote audio object encoder.

A teleconference hub for supporting a teleconfer-
ence between a plurality of remote communication
units, the teleconference hub comprising:

- means (401) for receiving a first plurality of
speech signals from the plurality of remote com-
munication units;
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15.

16.

17.
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- encoding means (403) for encoding for a first
remote communication unit the first plurality of
speech signals in a number of audio signals and
parametric data representing the plurality of
speech signals relative to the number of audio
signals, the parametric data comprising a set of
object parameters for at least one of the different
speech signals;

- means for receiving (409) encoding modifica-
tion data from the first remote communication
unit; and

- parameter means (405) for determining the
parametric data in response to the encoding
modification data; and

- (407) for transmitting the number of audio sig-
nals and parametric data to the first remote com-
munication unit.

Atransmitter for transmitting audio signals, the trans-
mitter comprising an encoder according to claim 1.

A receiver for receiving audio signals, the receiver
comprising a decoder according to claim 11.

A communication system for communicating audio
signals, the communication system comprising:

- a transmitter (201) according to claim 13; and
- a receiver (203) according to claim 14

wherein the receiver is configured to provide the en-
coding modification data to the transmitter (201).

A method of encoding audio objects, the method
comprising:

- receiving (601) a plurality of audio objects;

- encoding (603) the plurality of audio objects in
a number of audio signals and parametric data
representing the plurality of audio objects rela-
tive to the number of audio signals, the paramet-
ric data comprising a set of object parameters
for at least one of the different audio objects;

- receiving (605) encoding modification data
from a remote unit; and

- determining (603) the parametric data in re-
sponse to the modification data.

A method of decoding audio objects, the method
comprising:

- receiving (701) from a remote audio object en-
coder a number of audio signals being a down-
mix of a plurality of audio objects and parametric
data representing the plurality of audio objects
relative to the number of audio signals, the par-
ametric data comprising a set of object param-
eters for at least one of the different audio ob-
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jects;

- decoding (703) the audio objects from the
number of audio signals in response to the par-
ametric data;

- generating (705) a spatial multi-channel output
signal from the audio objects;

- generating (707) encoding modification data
for the remote audio object encoder; and

- transmitting (709) the encoding modification
data to the remote audio object encoder.

18. A computer program product for executing the meth-
od of any of the claims 16 to 17.

19. An audio playing device (203) comprising a decoder
(215) according to claim 11.

Patentanspriiche

1. Codieranordnung zum Codieren von Audio-Objek-
ten, wobei diese Codieranordnung Folgendes um-
fasst:

- Mittel (401) zum Empfangen einer Anzahl Au-
dio-Objekte;

- Codiermittel (403) zum Codieren der vielen Au-
dio-Objekte in eine Anzahl Audiosignale und pa-
rametrischer Daten, welche die vielen Audio-
Objekte in Bezug auf die Anzahl Audiosignale
darstellen, wobei die parametrischen Daten ei-
nen Satz Objektparameter fiir wenigstens eines
der verschiedenen Audio-Objekte enthalten;

- Mittel (409) zum Empfangen Codierande-
rungsdaten von einer Ferneinheit; und

- Parametermittel (405) zum Ermitteln der para-
metrischen Daten in Reaktion auf die Codieran-
derungsdaten.

2. Codieranordnung nach Anspruch 1, wobei das Co-
diermittel dazu vorgesehen ist, durch Heruntermi-
schung der Audio-Objekte die Anzahl Audiosignale
zu erzeugen und das Parametermittel (405) dazu
vorgesehen ist, in Reaktion auf die Codierénde-
rungsdaten ein Heruntermischgewicht wenigstens
eines der Audio-Objekte zu &ndern.

3. Codieranordnung nach Anspruch 1, wobei das Pa-
rametermittel (405) dazu vorgesehen ist, in Reaktion
auf die Codierdnderungsdaten wenigstens ein er-
stes Audio-Objekt zu skalieren und in Reaktion auf
die Skalierung Objektparameter fiir das erste Audio-
Objekt zu andern.

4. Codieranordnung nach Anspruch 1, wobei wenig-
stens einige der Codierédnderungsdaten frequenz-
spezifisch sind und das Parametermittel (405) dazu
vorgesehen ist, in Reaktion auf eine Frequenzkenn-
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10.

1.

linie des Objektparameters wenigstens einen Ob-
jektparameter zu ermitteln.

Codieranordnung nach Anspruch 1, wobei das Co-
diermittel (403) dazu vorgesehen ist, in Reaktion auf
die Codieranderungsdaten vor einer Heruntermi-
schung der Audio-Objekte in die vielen Audiosignale
zu andern.

Codieranordnung nach Anspruch 1, wobei das Co-
diermittel (403) dazu vorgesehen ist, die vielen Au-
diosignale als eine rdumliche Heruntermischung zu
erzeugen.

Codieranordnung nach Anspruch 6, wobei das Co-
diermittel (403) dazu vorgesehen ist, in Reaktion auf
die Codieranderungsdaten wenigstens ein Kennzei-
chen, selektiert aus der nachfolgenden Gruppe, zu
andern:

- eine raumliche Stelle wenigstens eines der Au-
dio-Obj ekte;

- ein Abstand, kennzeichnend fir wenigstens ei-
nes der Audio-Objekte;

- eine rdumliche Wiedergabemode der Codier-
anordnung, und

- eine Frequenzkennlinie wenigstens eines der
Audio-Objekte.

Codieranordnung nach Anspruch 1, wobei jedes Au-
dio-Objekt mit einem Satz von Audioquellen assozi-
iert wird, die von Audioquellen anderer Audio-Objek-
te unabhangig sind.

Codieranordnung nach Anspruch 1, wobei die Co-
dieranordnung dazu vorgesehen ist, von der Fe-
meinheit ein erstes Audio-Objekt zu empfangen und
das Mittel (409) zum Empfangen von Codierdnde-
rungsdaten dazu vorgesehen ist, die Codierdnde-
rungsdaten aus den fiir das erste Audio-Objekt emp-
fangenen Codierdaten zu gewinnen.

Codieranordnung nach Anspruch 1, wobei die Co-
dieranordnung dazu vorgesehen ist, von einer An-
zahl Femeinheiten Codierdanderungsdaten zu emp-
fangen und in Reaktion auf den Empfang verschie-
dener Codieranderungsdaten von den jeweiligen
Femeinheiten verschiedene parametrische Daten
fur die jeweiligen Femeinheiten zu erzeugen.

Decoder zum Decodieren von Audio-Objekten, wo-
bei der Decoder Folgendes umfasst:

- einen Empfanger (303) zum Empfangen von
Audiosignalen von einer Codieranordnung ei-
nes Femaudio-Objektes, wobei diese Signale
eine Heruntermischung einer Anzahl Audio-Ob-
jekte sind, und von parametrischen Daten, wel-
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che die vielen Audio-Objekte in Bezug auf die
Anzahl Audiosignale darstellen, wobei die para-
metrischen Daten einen Satz von Objektpara-
metern fiir wenigstens eines der verschiedenen
Audio-Objekte enthalten;

- Decodiermittel (303) zum Decodieren der Au-
dio-Objekte von den vielen Audiosignalen, und
zwar in Reaktion auf die Parameterdaten;

- Rendering-Mittel (305) zum Erzeugen eines
raumlichen Mehrkanalausgangssignals aus
den Audio-Objekten;

- Mittel zum Erzeugen (501) von Codierande-
rungsdaten flr die Codieranordnung des Fern-
audio-Objektes; und

- Mittel zum Ubertragen (503) der Codierénde-
rungsdaten zu der Codieranordnung des Fe-
maudio-Objektes.

Telekonferenzknotenpunkt zum Unterstltzen einer
Telekonferenz zwischen einer Anzahl Femkommu-
nikationseinheiten, wobei der Telekonferenzknoten-
punkt Folgendes umfasst:

- Mittel (401) zum Empfangen einer ersten An-
zahl Sprachsignale von den vielen Fernkommu-
nikationseinheiten;

- codiermittel (403) zum Codieren der ersten An-
zahl Sprachsignale fir eine erste Fernkommu-
nikationseinheit in eine Anzahl Audiosignale
und parametrischer Daten, welche die vielen
Sprachsignale darstellen, in Bezug auf die An-
zahl Audiosignale, wobei die parametrischen
Daten einen Satz von Objektparametern fir we-
nigstens eines der verschiedenen Sprachsigna-
le enthalten;

- Mittel zum Empfangen (409) von Codierande-
rungsdaten von der ersten Fernkommunikati-
onseinheit; und

- Parametermittel (405) zum Ermitteln der para-
metrischen Daten, und zwar in Reaktion auf die
Codieranderungsdaten; und

- Mittel (407) zum Ubertragen der vielen Audio-
signale und parametrischen Daten zu der ersten
Femkommunikationseinheit.

Sender zum Ubertragen von Audiosignalen, wobei
der Sender eine Codieranordnung nach Anspruch 1
aufweist.

Empfanger zum Empfangen von Audiosignalen, wo-
bei der Empfanger einen Decoder nach Anspruch
11 aufweist.

Kommunikationssystem zum Ubertragen von Audio-
signalen, wobei das Kommunikationssystem Fol-

gendes umfasst:

- einen Sender (201) nach Anspruch 13; und
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- einen Empfanger (203) nach Anspruch 14

wobei der Empfanger dazu vorgesehen ist, die Co-
dierdnderungsdaten zu dem Sender (201) zu Uber-
tragen.

16. Verfahrenzum Codieren von Audio-Objekten, wobei
das Verfahren Folgendes umfasst:

- das Empfangen (601) einer Anzahl Audio-Ob-
jekte;

- das Codieren (603) der vielen Audio-Objekte
in eine Anzahl Audiosignale und parametrischer
Daten, welche die vielen Audio-Objekte in Be-
zug auf die Anzahl Audiosignale darstellen, wo-
bei die parametrischen Daten einen Satz Ob-
jektparameter fir wenigstens eines der ver-
schiedenen Audio-Objekte enthalten;

- das Empfangen (605) von Codieranderungs-
daten von einer Ferneinheit; und

- das Ermitteln (603) der parametrischen Daten,
und zwar in Reaktion auf die Anderungsdaten.

17. Verfahrenzum Decodieren von Audio-Objekten, wo-
bei das Verfahren Folgendes umfasst:

- das Empfangen (701) einer Anzahl Audiosi-
gnale von einer Codieranordnung eines Femau-
dio-Objektes, wobei diese Signale eine Herun-
termischung einer Anzahl Audio-Objekte sind,
und parametrischer Daten, welche die vielen
Audio-Objekte in Bezug auf die Anzahl Audiosi-
gnale darstellen, wobei die parametrischen Da-
ten einen Satz Objektparameter fir wenigstens
eines der verschiedenen Audio-Objekte enthal-
ten;

- das Decodieren (703) der Audio-Objekte aus
der Anzahl Audiosignale, und zwar in Reaktion
auf die parametrischen Daten;

- das Erzeugen (705) eines rdumlichen Mehrka-
nalausgangssignals aus den Audio-Objekten;

- das Erzeugen (707) von Codieranderungsda-
ten fur die Codieranordnung des Fernaudio-Ob-
jektes; und

- das Ubertragen (709) der Codierédnderungs-
daten zu der Codieranordnung des Fernaudio-
Objektes.

18. Computerprogrammprodukt zum Durchfiihren des
Verfahrens nach einem der Anspriiche 16 bis 17.

19. Audiowiedergabeanordnung (203) mit einem Deco-
der (215) nach Anspruch 11.
Revendications

1. Codeur pour coder des objets audio, le codeur
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comprenant :

- des moyens (401) pour recevoir une pluralité
d’'objets audio ;

- des moyens de codage (403) pour coder la
pluralité d’objets audio en un certain nombre de
signaux audio et de données paramétriques re-
présentant la pluralité d’objets audio qui se rap-
portent au nombre de signaux audio, les don-
nées paramétriques comprenant un j jeu de pa-
rametres d’objet pour au moins un des objets
audio différents;

- des moyens (409) pour recevoir des données
de modification de codage en provenance d’'une
unité distante ; et

- des moyens paramétriques (405) pour déter-
miner les données paramétriques en réponse
aux données de modification de codage.

Codeur selon la revendication 1, dans lequel les
moyens de codage sont agencés de maniere a gé-
nérer le nombre de signaux audio par un mixage
vers le bas des objets vidéo et dans lequel les
moyens paramétriques (405) sont agencés de ma-
niére a modifier un poids de mixage vers le bas d’au
moins un des objets audio en réponse aux données
de modification de codage.

Codeur selon la revendication 1, dans lequel les
moyens paramétriques (405) sont agencés de ma-
niére a mettre a I'échelle au moins un premier objet
audio en réponse aux données de modification de
codage et de maniére a modifier des paramétres
d’objet pour le premier objet audio en réponse a la
mise a I'échelle.

Codeur selon la revendication 1, dans lequel au
moins quelques-unes des données de modification
de codage sont spécifiques a la fréquence et dans
lequel les moyens paramétriques (405) sont agen-
cés de maniére a déterminer au moins un parameétre
d’objet en réponse a une fréquence qui est caracte-
ristique du parameétre d’objet.

Codeur selon la revendication 1, dans lequel les
moyens de codage (403) sont agencés de maniéere
a modifier au moins un objet audio en réponse aux
données de modification de codage avant un mixage
vers le bas des objets audio au nombre de signaux
audio.

Codeur selon la revendication 1, dans lequel les
moyens de codage (403) sont agencés de maniéere
a générer le nombre de signaux audio en tant qu'un
mixage spatial vers le bas.

Codeur selon la revendication 6, dans lequel les
moyens de codage (403) sont agencés de maniéere
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a modifier, en réponse aux données de modification
de codage, au moins une caractéristique qui est sé-
lectionnée parmi le groupe constitué de :

- un emplacement spatial d’au moins un des ob-
jets audio ;

- une caractéristique de distance d’au moins un
des objets audio ;

- un mode de rendu spatial du codeur ; et

- une caractéristique de fréquence d’au moins
un des objets audio.

Codeur selon larevendication 1, dans lequel chaque
objet audio est associé a un ensemble de sources
audio qui sont indépendantes des sources audio
d’autres objets audio.

Codeur selon la revendication 1, dans lequel le co-
deur est agencé de maniére a recevoir un premier
objet audio en provenance de I'unité distante et dans
lequel les moyens (409) pour recevoir les données
de modification de codage sont agencés de maniére
a extraire les données de modification de codage a
partir de données de codage qui sont regues pour
le premier objet audio.

Codeur selon la revendication 1, dans lequel le co-
deur est agencé de maniere a recevoir des données
de modification de codage en provenance d’'une plu-
ralité d’unités distantes et de maniére a générer des
données paramétriques différentes pour les unités
distantes différentes en réponse a la réception de
données de modification de codage différentes en
provenance des unités distantes différentes.

Décodeur pour décoder des objets audio, le déco-
deur comprenant :

- un récepteur (303) pour recevoir d’'un codeur
d’objets audio distant un certain nombre de si-
gnaux audio étant un mixage vers le bas d’une
pluralité d’objets audio et de données paramé-
triques représentant la pluralité d’objets audio
par rapport au nombre de signaux audio, les
données paramétriques comprenant un ensem-
ble de paramétres d’objet pour au moins un des
objets audio différents ;

- des moyens de décodage (303) pour décoder
les objets audio a partir du nombre de signaux
audio en réponse aux données paramétriques ;
- des moyens de rendu (305) pour générer un
signal de sortie multivoie spatial a partir des ob-
jets audio ;

- des moyens pour générer (501) des données
de modification de codage pour le codeur d’ob-
jets audio distant ; et

- des moyens pour transmettre (503) les don-
nées de modification de codage au codeur d’ob-
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jets audio distant.

Centre de téléconférence pour soutenir une télécon-
férence entre une pluralité d'unités de télécommu-
nication, le centre de téléconférence comprenant :

- des moyens (401) pour recevoir une premiére
pluralité de signaux de parole en provenance de
la pluralité d’unités de télécommunication ;

- des moyens de codage (403) pour coder pour
une premiére unité de télécommunication la pre-
miére pluralité de signaux de parole en un cer-
tain nombre de signaux audio et de données
paramétriques représentant la pluralité de si-
gnaux de parole par rapport au nombre de si-
gnaux audio, les données paramétriques com-
prenant un ensemble de paramétres d’objet
pour au moins un des signaux de parole
différents ;

- des moyens pour recevoir (409) des données
de modification de codage en provenance de la
premiére unité de télécommunication ; et

- des moyens paramétriques (405) pour déter-
miner les données paramétriques en réponse
aux données de modification de codage ; et

- des moyens (407) pour transmettre le nombre
de signaux audio et de données paramétriques
a la premiére unité de téléecommunication.

Emetteur pour transmettre des signaux audio,
I'émetteur comprenant un codeur selon la revendi-
cation 1.

Récepteur pour recevoir des signaux audio, le ré-
cepteur comprenant un décodeur selon la revendi-
cation 11.

Systéme de communication pour communiquer des
signaux audio, le systtme de communication
comprenant :

-un émetteur (201) selon larevendication 13 ; et
- un récepteur (203) selon la revendication 14 ;

dans lequel le récepteur est configuré de maniére a
fournir des données de modification de codage a
I'émetteur (201).

Procédé de codage d’objets audio, le procédé com-
prenant les étapes suivantes consistant a :

- recevoir (601) une pluralité d’objets audio ;

- coder (603) la pluralité d’objets audio en un
certain nombre de signaux audio et de données
paramétriques représentant la pluralité d’objets
audio par rapport au nombre de signaux audio,
les données paramétriques comprenant un en-
semble de paramétres d’objet pour au moins un
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des objets audio différents ;

- recevoir (605) des données de modification de
codage en provenance d’'une unité distante ; et
- déterminer (603) les données paramétriques
en réponse aux données de modification.

17. Procédé de décodage d'objets audio, le procédé

comprenant les étapes suivantes consistant a :

- recevoir (701) d’'un codeur d’objets audio dis-
tant un certain nombre de signaux audio étant
un mixage vers le bas d’une pluralité d'objets
audio et de données paramétriques représen-
tant la pluralité d’objets audio par rapport au
nombre de signaux audio, les données paramé-
triques comprenant un ensemble de parametres
d’'objet pour au moins un des objets audio
différents ;

- décoder (703) les objets audio a partir du nom-
bre de signaux audio en réponse aux données
paramétriques ;

- générer (705) un signal de sortie multivoie spa-
tial a partir des objets audio ;

- générer (707) des données de modification de
codage pour le codeur d'objets audio distant ; et
- transmettre (709) les données de modification
de codage au codeur d’objets audio distant.

18. Produit de programme informatique pour mettre en

oeuvre le procédé selon I'une quelconque des re-
vendications précédentes 16 a 17.

19. Dispositif de lecture audio (203) comprenant un dé-

codeur (215) selon la revendication 11.



EP 2 067 138 B1

Woud T D4

*Jed

ko
-« *39(
. €
PusY 2 1 00
O |
1o
50T €01

<0
"2u3 <« €Q
00 |e——1g
«—1(

)

10T

16



EP 2 067 138 B1

¢ O

3t

4

—~—£0¢

00¢

10¢

«—— 60 |je—— 0T

17



EP 2 067 138 B1

ST¢

¢ Ol

‘puay

)

S0€

‘Jed M1D

"Jed

'39Q
00

U3

)

3113

00

D0
+«——¢Q
+«——(Qp
A|||||I._“O

60C

18



EP 2 067 138 B1

1ARIE

L0

bl

Po€o¢0T0

60

19



EP 2 067 138 B1

3(<3 3(<5
01
- »
> 0; . >
I?e((): O3 Rend.
Par. . . ——-—>04 .
S A

Ctrl Par. : Ctrl

Tx Par.

) )

503 501

FIG. 5

20



EP 2 067 138 B1

601

603

605

FIG. 6

21




EP 2 067 138 B1

701

703

705

707

709

FIG. 7

22




EP 2 067 138 B1
REFERENCES CITED IN THE DESCRIPTION
This list of references cited by the applicant is for the reader’s convenience only. It does not form part of the European
patent document. Even though great care has been taken in compiling the references, errors or omissions cannot be
excluded and the EPO disclaims all liability in this regard.

Patent documents cited in the description

* US 20030035553 A1 [0007]

23



	bibliography
	description
	claims
	drawings

