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Description

TECHNICALFIELD

[0001] The invention relates to teleconferencing serv-
ices in a communication system, and especially to the
encoding of signals related to nodes participating in a
teleconference.

BACKGROUND

[0002] Teleconferencing is widely used, e.g., as an al-
ternative to meeting in person. The possibility of telecon-
ferencing reduces the need to travel to a certain location
to attend a meeting, which saves both time and money,
and furthermore is environmental friendly. However, a
high perceived sound quality is important in order for tel-
econferencing to be a satisfactory alternative to a meet-
ing in person.
[0003] Below, an example of a teleconferencing sys-
tem according to the prior art is described with reference
to figures 1 and 2. Figure 1 shows a schematic view of
a multi party teleconferencing system with N users 102:1-
N, here represented by UEs (User Equipments), N chan-
nels 106:1-N, and a conferencing bridge, in the form of
a Multipoint Control Unit (MCU) 104. Each UE has a mi-
crophone, a loudspeaker, and signal processing capa-
bilities for, e.g., signal capture, coding and transmission,
signal reception, decoding and playback The UEs 102:1-
N send speech or audio signals recorded and encoded
at their respective ends to the MCU104, which decodes
these signals from all channels into a PCM (Pulse Code
Modulation) representation. After that, the PCM signals
are digitally mixed, re-encoded and finally transmitted to
the connected UFs.
[0004] This principle is further illustrated in figure 2,
which shows the specific signal processing flow for an
exemplary UE "K", 202:K The UE 202:K comprises an
encoder 206:K, for encoding a signal, received by a mi-
crophone 216:Kand typically subject to some signal
processing, to be sent to an MCU 204. In the MCU204,
the encoded signal from UE 202:K is decoded using a
decoder 208:K The MCU204 comprises a set of decod-
ers, 208:1-N, for decoding the respective signals arriving
from the different parties taking part in a teleconference.
The decoded signals, which are in FCM-representation,
are then mixed, e.g. added together, in a Mixer 210. Then,
the mixed signal, which is to be provided to the participant
UEK, is encoded in an encoder 212:K, and is, when re-
ceived by UE202:K, decoded using a decoder 214:K
[0005] For certain reasons, e.g. to reduce the back-
ground noise level of the transmitted signal, some imple-
mentations of multi party bridges only mix the incoming
signals from a fixed subset of the parties, e.g. 3 or 4. The
subset of parties is typically selected on the basis of sig-
nal level and speaker activity of the different parties,
where the signals of the most recent active speakers are
retained in the subset if no speaker activity is present

from any other party. Another possible modification to
the basic operation illustrated in figure 2 is that the signal
coming from party K may be excluded from the sum of
signals transmitted back to party K The reason for this is
that since there is a significant transmission delay
present in the system, the micro phone signal, transmit-
ted forth and back to and from the MCU would be per-
ceived as an undesirable echo when emitted from the
loudspeaker 218:K Instead, typically, the microphone
signal from party Kis presented in the loudspeaker 218:K
of UE K, as the so-called side-tone that is generated lo-
cally in the UE
[0006] There are certain types of speech codecs that
allow mixing of the signals received from the different
channels in the coded speech domain or the speech co-
dec parameter domain. For this class of codecs the de-
coders 208 and encoders 212 can be omitted or at least
reduced to mappings between coded speech and speech
codec parameter domains.

Scalable codecs

[0007] Scalable, or embedded, coding is a coding par-
adigm in which the coding of signals is done in layers. A
block diagram illustrating the basic principle of scalable
codecs is shown in figure 3. In a base, or core, layer 306,
the signal is encoded at a low bit rate, while additional
layers 308, each on top of the previous layer, provide
some enhancement relative to the coding which is
achieved in all layers from the core up to the respective
previous layer. Each layer adds some additional bit rate.
The generated bit stream is embedded, meaning that the
bit stream of lower-layer encoding is embedded into the
bit streams of higher layers. This property makes it pos-
sible, anywhere in the transmission or in a receiver, to
drop the bits belonging to one or more higher layers. Such
a "stripped" bit stream can still be decoded up to the layer
of which the bits are retained. Therefore, scalable coding
is suitable for use in bandwidth limited services involving
multiple parties with different requirements, such as e.g.
teleconferencing, and especially over wireless links of
limited and/ or potentially varying bandwidth.
[0008] One example of using scalable speech codecs
in multi-party conferencing systems is described in [7].
According to said publication, it is foreseen to use the
scalable wideband extended codec according to ITU-T
(International Telecommunication Union - Telecommu-
nication Standardization Sector) recommendation
G.711.1 [8] for a low complexity partial narrowband (NB)
mixing and a selective switching of the wideband exten-
sion signal from the dominant channel. This principle is
illustrated in figure 4. Here, the coded signal from each
channel, or location, comprises the NB core layer, de-
noted "primary" in the figure, and the wideband (WB) en-
hancement layer, denoted "secondary" in the figure. The
MCU carries out conventional mixing, i.e. addition, of only
the G.711 NB core layer signals, while the enhancement
layer of only the most active location is retained. The
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advantage of this concept lies in the low complexity re-
quired to mix G.711 core layer encoded signals, since
they are in PCM format, and to switch through the wide-
band enhancement layer of the active channel, to avoid
decoding and re-encoding of that layer. However, this
solution is only beneficial in implementations where the
mixing of the core layer is performed in the coded speech
domain or speech codec parameter domain, or when us-
ing G.711, where the coding is PCM.

Problems with existing solutions

[0009] Typically, teleconference systems involving
mixing of a plurality of channels require decoding of the
signals of the various incoming channels to make them
available in the PCM domain, in which they can be mixed.
The mixed PCM signal is then re-encoded such that it is
suitable for transmission to a receiving terminal K This
means that there are at least two speech codecs in tan-
dem configuration: The first codec is operated with en-
coding at the sending parties, A through K, and with de-
coding in the MCU; the second codec is operated with
encoding of the mixed PCM signal in the MCU and de-
coding of that signal at the receiving terminal K
[0010] One problem associated with this kind of
processing is a quality degradation that arises from the
tandem configuration of codecs. Each stage of de-coding
and re-encoding increases the coding distortions in the
finally decoded output signal.
[0011] A further quality problem arises from the fact
that speech codecs are typically designed to work well
with a single speech signal, since the speech codecs are
built upon a speech production model that mimics the
human vocal tract When a mixed signal to be encoded
comprises speech from a plurality of speakers talking
simultaneously or the active speaker signal together with
a significant amount of background noise signals from
the other channels, which both are typical situations in
teleconferencing, this speech production model does no
longer apply. Consequently, the quality of the decoded
mixed signal at terminal K may be poor due to significant
coding distortions.

Other techniques avoiding degradations due to codec 
tandeming

[0012] There are examples of speech/ audio codecs
that allow the mixing operation to be performed in the
coded domain. Hence, referring to figure 2, essentially
the decoder and encoder blocks in the MCU are not re-
quired for such a case. Examples of codecs allowing mix-
ing in the coded domain are frequency domain codecs
such as e.g. MPEG-4 AAC (Moving Picture Experts
Group Advanced Audio Coding) [5] and also the MPEG
SAOC (Spatial Audio Object Coding) [6], presently being
under standardization. However, these codecs, as they
are notbased on a speech production model, are less
suitable for use for teleconferencing in many communi-

cation systems and especially mobile communication
systems that require very bit rate efficient operation in
order to save limited transmission capacity.
[0013] Further, a compressed domain conference
bridge is described in [9], where the incoming signals of
one or two of the most active channels are re-encoded
through a compressed domain transcoder. The choice
of whether either one or two simultaneous channels are
to be encoded in the bridge depends on the capability of
the codec supported by the receiving terminal. This kind
of bridge avoids tandem coding artifacts to some extent
by performing the transcoding in the speech codec pa-
rameter domain rather than in the decoded speech
(PCM) domain, and through the use of a special speech
codec that is especially designed to be able to cope with
two simultaneous speaker signals. However, as with the
codecs described in [5] and [6] the constraint of having
a codec for teleconferencing use that allows transcoding
or mixing of the signals from the conference participants
in the codec parameter domain is a severe limitation and
is generally prohibitive for achieving high coding efficien-
cy. It is hence undesirable to use specially designed co-
decs for multi-party conference use, since the cost in
terms of bit rate need for such codecs typically is much
higher than for high efficient state-of-the-art codecs
which often follow the aralysis4oy-synthesis principle
with an assumed speech production model.
Related art within this technical field is disclosed e.g. in
EP 1 855 455, which discloses an audio conferencing
system, wherein the audio channels are arranged at dif-
ferent levels of a mixing stack, which is updated regularly
by placing an audio channel that becomes active on the
top level of the mixing stack, and placing an audio chan-
nel that becomes inactive below the active audio chan-
nels of the mixing stack. The audio output signal is pro-
duces by mixing only the signals of the audio channels
that are above a predetermined threshold level of the
mixing stack.
In "Rate adaptive speech coding for universal multimedia
access", IEEE SIGNAL PROCESSING MAGAZINE,
IEEE SERVICE CENTER, PISCATAWAY, NJ, US, vol.
20, no. 2, 1 March 2003 (2003-03-01), pages 30-39,
XP011095790, ISSN: 1053-5888, DOI:
10.1109/MSP.2003.1184337, by HOMAYOUNFAR K,
there is discussed mechanisms for rate adaptation to
combat quality degradations of speech caused by the
radio links. Further discussed are dynamic schemes for
adaptation of speech encoders in cellular networks and
issues associated with adaptive voice over IP (VoIP)
mechanisms.

SUMMARY

[0014] It would be desirable to achieve an enhanced
quality in teleconferencing systems without constraining
the speech codec type to be used to a type that allows
for mixing in the speech codec parameter domain. It is
an object of the invention to enhance the perceived qual-
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ity of a teleconferencing system using codecs which do
not allow mixing in the coded speech or speech codec
parameter domain. Further, it is an object of the invention
to provide a method and an arrangement for encoding
of speech signals e.g. in a teleconferencing system The
objects can be achieved by methods and arrangements
according to the enclosed independent patent claims.
Referred embodiments are defined by the dependent
claims. Related art within this technical field is disclosed
e.g. in EP 1 855 455, which discloses an audio confer-
encing system, wherein the audio channels are arranged
at different levels of a mixing stack, which is updated
regularly by placing an audio channel that becomes ac-
tive on the top level of the mixing stack, and placing an
audio channel that becomes inactive below the active
audio channels of the mixing stack. The audio output
signal is produced by mixing only the signals of the audio
channels that are above a predetermined threshold level
of the mixing stack.
[0015] According to one aspect, a method is provided
for encoding signals in teleconferencing. Within the meth-
od, signals from a plurality of nodes participating in a
teleconference are received. The received signals are
analyzed, and one of the received signals is appointed
to be a dominant signal. An encoder is then adapted
based on information related to the dominant signal. At
least two of the received signals are mixed together. A
mixed signal, comprising at least two of the received sig-
nals is encoded using the adapted encoder, after which
the encoded signal is provided to at least one of the nodes
participating in the teleconference.
[0016] According to another aspect, an arrangement
is provided, which is adapted to encode signals in tel-
econferencing. The arrangement comprises a functional
unit adapted to receive signals from a plurality of nodes
participating in a teleconference. The arrangement fur-
ther comprises a functional unit adapted to analyze the
received signals, and a functional unit, which is adapted
to appoint one of the received signals as being a domi-
nant signal. The arrangement further comprises a func-
tional unit adapted to adapt an encoder based on infor-
mation related to the dominant signal. The arrangement
further comprises a functional unit adapted to mix at least
two of the received signals, and an encoder adapted to
encode mixed signals received from the mixing functional
unit The arrangement further comprises a functional unit
adapted to provide the encoded mixed signal to at least
one of the nodes participating in the teleconference.
[0017] The above method and arrangement may be
used for improving the quality in a teleconferencing sys-
tem, by adapting the encoding, in a mixing entity, of the
signals received from participating nodes to the pre-
sumed most important signal, i.e. the dominant signal,
such that the encoding of the dominant signal is im-
proved. The encoding of the dominant signal could be
said to be improved at the sacrifice of the encoding quality
of the other, mixed signals.
[0018] The above method and arrangement may be

implemented in different embodiments. In some embod-
iments, the dominant signal or an indication of the dom-
inant signal is provided separately to the mixing function-
al unit and/ or the adapted encoder. This enables these
units to exercise special treatment of the dominant signal.
In some embodiments, the mixed encoded signal to be
provided to a node k does not comprise the received
signal from said node k This may avoid undesired per-
ceived echoes in the loudspeaker of node k, e.g. UEk.
[0019] In some embodiments, the encoder is adapted
to base parameter analysis on the dominant signal. Pa-
rameter analysis could comprise one or more of IPC anal-
ysis, open-loop pitch analysis, closed-loop pitch analysis,
gain parameter analysis, and voicing parameter analysis.
The parameter analysis could be based on a PCM rep-
resentation of the dominant signal, and/ or coded param-
eters of the dominant signal as received from a node, i.e.
prior to initial decoding. These features could be used to
enable the encoder to improve the quality of the encoding
of the dominant signal.
[0020] In some embodiments, the encoder is part of a
scalable codec, comprising a primary codec providing
primary encoding/ decoding and at least a secondary co-
dec providing secondary encoding/ decoding. The pri-
mary encoder could be fed only with the dominant signal.
The secondary encoder could be used for encoding the
mixed signal, and if the mixed signal comprises the dom-
inant signal, the dominant signal, or an approximation of
the dominant signal, could be removed, at least partly,
from the mixed signal before secondary encoding. Thus,
the encoder could improve the quality of the encoding of
the dominant signal when the encoder is part of a scalable
codec, by allowing the coding distortion with respect to
the dominant channel signal to be minimized. Further,
the primary codec could be parameter compatible with a
codec used for decoding the received dominant signal.
This would provide a convenient way of adapting the en-
coder to the dominant signal, by e.g. providing codec
parameters related to the dominant signal for use in the
primary codec. Thus, parameter re-estimation and quan-
tization is avoided and no additional parameter distortion
is introduced.

BRIEF DESCRIPTION OF DRAWINGS

[0021] The invention will now be described in more de-
tail by means of exemplary embodiments and with refer-
ence to the accompanying drawings, in which:

Figure 1 is a schematic view illustrating a telecon-
ferencing system according to the prior art

Figure 2 is a schematic view illustrating a signal
processing flow in a teleconferencing system for a
certain UE, according to the prior art

Figures 3 is a schematic view illustrating the principle
of an embedded scalable codec, according to to the
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prior art

Figure 4 is a schematic view illustrating a telecon-
ferencing system using codecs following the G.711
standard, according to to the prior art

Figure 5 is a flow chart illustrating procedure steps
according to an embodiment

Figures 6 and 7 are block diagrams illustrating dif-
ferent exemplary embodiment of an arrangement in
a conferencing bridge.

Figures 8 and 9 are schematic views of alternative
realisations of an encoder, according to different em-
bodiments.

Figure 10 is a schematic view of an exemplary way
of separating out signals which should not be part of
a mixed signal.

DEDUCED DESCRIPTION

[0022] Briefly described, a method and an arrange-
ment are provided, which can be used for improving the
perceived sound quality in teleconferencing systems us-
ing speech codecs in tandem configuration. This is
achieved by selecting one of the participating parties as
being the dominant party, and adapting a codec used for
encoding the combined signals received from the partic-
ipating parties, based on information related to the dom-
inant signal, i.e. the signal received from the dominant
party.
[0023] Within this document, the term "codec" is used
in its conventional meaning, i.e. as referring to an encoder
and/ or decoder.
[0024] An observation relevant for the invention is that
there, typically, is one dominant party at a time in a tel-
econference. Typically, the dominant party is the active
speaker. Even though there simultaneously may be other
voices and background noise present from other parties,
these sounds are usually distinguishable from the voice
of the active speaker. With the assumption that there is
one dominant party, the invention in a general sense is
to modify the encoding of a mixed signal comprising sig-
nals from the participating parties, such that the distortion
related to codec tandeming of the signal from the domi-
nant party is minimized, while less focus is put on properly
encoding the signals from the other parties. An essential
element of this idea is that the encoder of the mixed signal
has access to information related to the presently active
speaker signal, in whatever form, before the mixing. The
encoder could be adapted based on the active speaker
signal or related codec parameters. The adaptation of
the encoding of the mixed signal is done such that the
distortions related to tandem coding with respect to that
active speaker are minimized.
[0025] The "dominant signal" does not literally need to

be dominating the other signals. It may e.g. be a talker
or a channel that is dominating in some sense, thus re-
sulting in that the signal related to this talker or channel
is appointed "dominant signal". The channel conveying
the dominant signal will thus be denoted "dominant chan-
nel", and the node using the dominant channel for trans-
mitting the dominant signal will be denoted "dominant
node" or "dominant party". Instead of "dominant", other
terms could be used, such as e.g. "active" or "most sig-
nificant".
[0026] The appointment of the dominant signal could
be weighted, such that the signals from one or more
nodes, users or channels have a higher probability of
being appointed dominant signal than other signals. The
weighting could be based e.g. on node type, codec type
used in node, level of background noise, location of node,
or IP-address. Further, the signal from the initiator of a
teleconference could be positively weighted.

Exemplary procedure, figure 5

[0027] An embodiment of the procedure of adapting a
codec to a signal from one of the parties in a multi-user
teleconference will now be described with reference to
figure 5. Initially, signals from a plurality of nodes partic-
ipating in a teleconference are received in a step 502,
which also may comprise decoding of the received sig-
nals. The received signals are analyzed in a next step
504. The analysis may relate to e.g. voice activity, signal
energy, or any other property, which enables an appoint-
ment of a dominant signal in a next step 506. For exam-
ple, the voice signal with the highest energy may be ap-
pointed "dominant signal". This signal may then remain
being the dominant signal until another signal comprises
the voice signal with the highest energy, whereupon this
other signal is appointed "dominant signal".
[0028] When a dominant signal has been appointed,
an encoder, which is to be used to encode a mix of signals
from the participating parties, is adapted 508 based on
information related to the dominant signal, e.g. the signal
itself or coding parameters, such as IPC, voicing, pitch
or gain parameters. At least two of the received signals
are mixed in a step 510. Typically, all signals, possibly
except one or two; or, a certain fixed number of non-
active channels, are mixed together. The mixed signal is
then encoded 512 using the adapted encoder. The en-
coded signal is then provided to at least one of the nodes,
or parties, participating in the teleconference.

Exemplary arrangement figure 6

[0029] Below, an exemplary arrangement 600, adapt-
ed to enable the performance of the above described
procedure, will be described with reference to figure 6.
The arrangement 600 comprises a receiving unit 602,
which is adapted to receive signals transmitted from
nodes participating in a teleconference. The receiving
unit may comprise a decoder, adapted to decode the
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received signals. The arrangement 600 further compris-
es an analyzing unit, adapted to analyze the received
signals in terms of e.g. voice activity and signal energy.
[0030] The arrangement 600 further comprises a se-
lecting unit 606, adapted to appoint one of the received
signals as being a dominant signal, based on the result
of the analysis. The arrangement 600 further comprises
an adapting unit 608, adapted to adapt an encoder based
on information related to the dominant signal, i.e. the sig-
nal itself or coding parameters such as IPC, voicing, pitch
or gain. The arrangement 600 further comprises a mixing
unit 610, adapted to mix atleasttwo of the received sig-
nals; and an encoder 612, adapted to encode mixed sig-
nals. The arrangement 600 further comprises a transmit-
ting unit, adapted to provide the encoded mixed signal
to at least one of the nodes participating in the telecon-
ference.
[0031] In figure 6 is also illustrated a computer program
product, CPP, 618 which comprises instructions 620,
which when executed by a processor 616, or similar, will
cause the units 602-614 to perform their tasks according
to any embodiments of the above-described procedure.
Connections between the processor 616 and the units
602-614 are schematically illustrated by a dashed arrow
from processor 616.

Exemplary embodiment, figure 7

[0032] An exemplary embodiment is illustrated in fig-
ure 7. Figure 7 illustrates an MCU operation mixing up
to N input channels, channels 1...N, to one output chan-
nel, channel K, where the input channels carry signals
from N nodes participating in a teleconference, and the
output channel is an exemplary output channel, which
carry a signal to the participating node K The coded
speech signals of the N input channels are in a first step
decoded to a PCM representation by the decoder units
Decoder 702:1 -Decoder 702:N. The resulting PCM
speech signals 704:1-N are fed, potentially after some
further signal processing such as gain adjustment, to the
Mixer 712, which in the simplest case performs a mere
addition of these PCM signals 704:1-N, possibly exclud-
ing the input signal from channel K and/ or the dominant
signal. The mixed signal is then encoded with Encoder
714:K, producing the coded output signal that is to be
transmitted to channel K
[0033] The different input channel signals are further
fed to an active channel, or dominant channel, detection
and selection unit 708 that identifies or appoints the pres-
ently active, or dominant, channel and outputs the dom-
inant channel signal. The channel signals 706:1-N fed to
the detection and selection unit 708 may have different
formats or representations, i.e. they do not necessarily
have the same format as the PCM signals 704:1-N. The
channel signals 706:1-N may e.g. be represented as the
received, coded, signals from the nodes prior to decod-
ing; as PCM signal, i.e. after decoding; as codec param-
eters, or as a combination thereof. The dominant channel

signal is fed, e.g. in one of the above mentioned formats,
to an Encoder Adaptor unit 710 that modifies the encod-
ing of the mixed signal in Encoder 714:K such that the
distortions of the dominant channel caused by the codec
tandem configuration are reduced. The dominant chan-
nel signal, or an indication thereof 716, may also be used
as input to the Mixer 712 and the encoder 714:K, thus
allowing for instance to exclude the dominant channel
signal from the mixing, and instead provide the active
channel signal to the encoder as a separate input signal.
[0034] It should be noted that figures 6 and 7 merely
illustrate various functional units of the arrangements 600
and 700 in a logical sense. The functional units could
also be denoted e.g. "modules" or "circuits", or be parts
of circuits. However, the skilled person is free to imple-
ment these functions in practice using any suitable soft-
ware and/ or hardware means, such as e.g. ASICs (Ap-
plication-Specific Integrated Circuit), FPGAs (Field-Pro-
grammable Gate Array) and DSPs (Digital Signal Proc-
essor). Thus, the invention is generally not limited to the
shown structure of the arrangements 600 and 700.

Encoder adaptation

[0035] The Encoder Adaptation may be performed in
such a way that the parameter analysis, such as e.g. the
IPC analysis and Open-loop pitch analysis, is based only
on the dominant channel signal. This implies that the en-
coder has a better capability to faithfully represent the
dominant channel signal, which is the most important sig-
nal, than the other channel signals, which are less im-
portant One possibility to implement this kind of adapta-
tion is to use the decoded PCM signal of the dominant
channel in the parameter analysis blocks of the encoder.
Another preferred possibility is to rely on or use the cor-
responding coded parameters of the dominant channel
as received from the respective UE This has the advan-
tage that parameter re-estimation and quantization is
avoided and no additional parameter distortion is intro-
duced. This embodiment is possible if the codec used
for the incoming dominant channel is of the same kind
as, or at least parameter compatible with, the codec used
for the outgoing channel K Even a combination of param-
eter analysis for the mixed channel signal and the above
described parameter derivation from the dominant signal
is possible and beneficial.

Embodiments comprising scalable codecs

[0036] Some embodiments of the invention may in-
volve the use of an embedded scalable codec as the
codec, or encoder, which is adapted using information
related to the dominant signal. Figure 8 shows an exem-
plary schematic view of such a scalable codec. The scal-
able codec in figure 8 has at least two layers, where the
core layer comprises a primary codec and the second
layer, or enhancement layer, comprises a secondary co-
dec. Unlike the processing that would have been done
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according to the prior art, the codec is adapted such that
the primary encoder is here fed only with the dominant
channel signal, rather than with the output signal of the
Mixer. This allows the coding distortion with respect to
the dominant channel signal to be minimized.
[0037] The secondary encoder of the scalable codec
is fed with the output PCM signal of the Mixer. Hence,
the enhancement layer of the codec is used to encode
the less important non-dominant or inactive, channel sig-
nals. Assuming that the dominant channel signal is
amongst the channel signals which are added together
in the Mixer, the use of the exemplary codec structure in
figure 8 results in that the secondary codec will encode,
besides non-dominant channel signals, the primary cod-
ing residual of the dominant channel signal, and hence
minimize the coding error of the active channel signal
even further.
[0038] A related embodiment involving a scalable co-
dec is shown in figure 9. Here, as in the previous embod-
iment, the dominant channel is encoded using the prima-
ry codec. However, in this example, the active channel
signal is not represented in any form in the mixed signal,
which is fed to the secondary codec. As a consequence,
the primary coding error of the dominant channel signal
is not further reduced by the secondary coding, and the
secondary coding only addresses the non-dominant or
inactive channel signals. However, the advantage of this
embodiment is that the primary decoding of the active
channel signal, which was performed in the previous ex-
ample, is avoided, which is beneficial both in terms of
reduced computational complexity and coding delay.
[0039] For the embodiments involving an embedded
scalable codec, it is to be noted that parameter re-esti-
mation and quantization can be avoided if the primary
encoder is parameter compatible with the codec used for
decoding of the incoming dominant channel signal, which
enables that codec parameters related to the dominant
channel could be retained for use in the primary encoder.
This may even allow skipping the primary encoding com-
pletely and instead using the coded dominant signal as
received from the respective dominant channel as pri-
mary encoded signal.
[0040] One desirable property of the embodiments in-
volving a scalable codec is that it allows for taking full
advantage of the scalability in the sense that when trans-
mission resources so require, it is possible to discard the
enhancement layer(s), and to proceed with e.g. further
transmission or processing, retaining only the core layer.
The core layer will then contain the most important chan-
nel signal, i.e. the dominant channel signal, with best
possible quality.

Mixing

[0041] Typically, one mixing is performed per partici-
pating node in the teleconference in the above described
exemplary embodiments. One mixing per node enables
e.g. excluding of the signal originating from the node to

which the encoded mixed signal is destined. However,
the mixed signal destined to e.g. completely silent or in-
active parties will be approximately the same for all of
said silent parties. Thus, one mixing may be sufficient for
covering the "silent" nodes, i.e. the mixed encoded signal
destined to a "silent" node is provided also to the other
"silent" nodes. Further, the dominant signal could be ex-
cluded from the mixing of signals, e.g. when using scal-
able codecs, and instead be provided to the encoder sep-
arately, as previously described. The signals which are
to be excluded could, e.g., be disconnected in the mixer
by a set of switches, as illustrated in figure 10 or by ap-
plying a set of volume controls that could be turned to
zero.

Final remarks

[0042] The general advantage of the invention is that
quality degradations in the coding of multi-party confer-
encing signals that are subject to processing in codecs
in tandem configuration, i.e. consecutive codecs, and im-
proper modeling of the mixed signal can be reduced, as
compared to when applying the existing prior art
[0043] While the invention has been described with ref-
erence to specific example embodiments, the description
is in general only intended to illustrate the inventive con-
cept and should not be taken as limiting the scope of the
invention. The different features of the exemplary em-
bodiments above may be combined in different ways ac-
cording to need, requirements or preference. The inven-
tion is generally defined by the following independent
claims.
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Claims

1. A method for encoding signals in teleconferencing,
comprising:

- receiving (502) signals from a plurality of nodes
participating in a teleconference,
- analyzing (504) the received signals,
- appointing (506) one of the received signals
as being a dominant signal,
- adapting (508) an encoder based on informa-
tion related to the dominant signal, wherein the
encoder is adapted to base the encoding on the
dominant signal, such that the dominant signal
has a relatively higher weight in said encoding
than other received signals,
- mixing (510) at least two of the received sig-
nals,
- encoding (512) a mixed signal, comprising at
least two of the received signals, using the
adapted encoder,
- providing (514) the encoded mixed signal to at
least one of the nodes participating in the tel-
econference.

2. The method according to claim 1, wherein the dom-
inant signal or an indication of the dominant signal
is provided separately to at least one of a mixer and
the adapted encoder.

3. The method according to claim 1 or 2, wherein the
mixed encoded signal to be provided to a node k
does not comprise the received signal from said
node k.

4. The method according to claim 3, wherein the en-
coding is based on at least one of:

- a Pulse Code Modulation, PCM, representa-
tion of the dominant signal, and
- coded parameters of the dominant signal as
received from the node of the dominant channel.

5. The method according to any of the claims 1-4,
wherein the encoder is adapted to base parameter
analysis on the dominant signal, such that the dom-

inant signal has a relatively higher weight in said
analysis than the other signals.

6. The method according to claim 5, wherein the pa-
rameter analysis is based on at least one of:

- a Pulse Code Modulation, PCM, representa-
tion of the dominant signal, and
- coded parameters of the dominant signal as
received from the node of the dominant channel.

7. The method according to any of the preceding
claims, wherein the encoder is part of a scalable co-
dec, comprising a primary codec providing primary
encoding/decoding and a secondary codec provid-
ing secondary encoding/decoding.

8. The method according to claim 7, wherein said en-
coder adaptation comprises feeding the primary en-
coder only with the dominant signal.

9. The method according to claim 7 or 8, further com-
prising:

- encoding the mixed signal using the secondary
codec, and when the mixed signal comprises
the dominant signal:

- removing the dominant signal, or an ap-
proximation of the dominant signal, at least
partly, from the mixed signal before second-
ary encoding.

10. The method according to any of the claims 7-9,
wherein the primary codec is parameter compatible
with a codec used for decoding the received domi-
nant signal.

11. The method according to claim 10, wherein codec
parameters related to the dominant signal are pro-
vided for use in the primary codec.

12. The method according to claim 10 or 11, wherein at
least a part of the coded dominant signal as received,
or codec parameters related to the coded dominant
signal as received, are retained for use in the primary
encoding.

13. The method according to any of the preceding
claims, wherein the appointing of the dominant signal
involves weighting of the candidate signals based
on at least one of the following:

- the type of node from which the signal is re-
ceived,
- the codec type used for encoding the signal in
the node from which the signal is received,
- the level of background noise in the signal,
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- the location of the node from which the signal
is received,
- the IP-address from which the signal is re-
ceived.

14. An arrangement (600) adapted to encode signals in
teleconferencing, comprising:

- a receiving unit (602), adapted to receive sig-
nals from a plurality of nodes participating in a
teleconference,
- an analyzing unit (604), adapted to analyze the
received signals,
- a selecting unit (606), adapted to appoint one
of the received signals as being a dominant sig-
nal,
- an adapting unit (608), adapted to adapt an
encoder based on information related to the
dominant signal, wherein the encoder is adapt-
ed to base the encoding on the dominant signal,
such that the dominant signal has a relatively
higher weight in said encoding than other re-
ceived signals,
- a mixing unit (610), adapted to mix at least two
of the received signals,
- an encoder (612), adapted to encode mixed
signals, and
- a transmitting unit (614), adapted to provide
the encoded mixed signal to at least one of the
nodes participating in the teleconference.

15. The arrangement (600) according to claim 14, further
adapted to provide separately the dominant signal
or an indication thereof to at least one of the mixing
unit (610) and the adapted encoder (612).

Patentansprüche

1. Verfahren zum Kodieren von Signalen bei Telekon-
ferenzen, umfassend:

- Empfangen (502) von Signalen von einer Viel-
zahl von Knoten, die an einer Telefonkonferenz
teilnehmen,
- Analysieren (504) der empfangenen Signale,
- Ernennen (506) eines der empfangenen Sig-
nale als ein dominantes Signal,
- Adaptieren (508) eines Kodierers auf Grund-
lage von Informationen in Bezug auf das domi-
nante Signal, wobei der Kodierer derart adap-
tiert ist, dass er das Kodieren auf das dominante
Signal basiert, sodass das dominante Signal ein
relativ höheres Gewicht beim Kodieren als an-
dere empfangene Signale hat,
- Mischen (510) von zumindest zwei der emp-
fangenen Signale,
- Kodieren (512) eines vermischten Signals, das

zumindest zwei der empfangenen Signale um-
fasst, unter Verwendung des adaptierten Kodie-
rers,
- Bereitstellen (514) des kodierten vermischten
Signals zumindest einem der Knoten, die an der
Telefonkonferenz teilnehmen.

2. Verfahren nach Anspruch 1, wobei das dominante
Signale oder eine Angabe des dominanten Signals
zumindest einem von einem Mischer und dem ad-
aptierten Kodierer separat bereitgestellt wird.

3. Verfahren nach Anspruch 1 oder 2, wobei das ver-
mischte kodierte Signal, das einem Knoten k bereit-
gestellt werden soll, das empfangene Signal von
dem Knoten k nicht umfasst.

4. Verfahren nach Anspruch 3, wobei das Kodieren auf
zumindest einem des Folgenden basiert:

- einer Puls-Code-Modulation-(PCM)-Darstel-
lung des dominanten Signals, und
- kodierten Parametern des dominanten Signals
wie von dem Knoten des dominanten Kanals
empfangen.

5. Verfahren nach einem der Ansprüche 1-4, wobei der
Kodierer derart adaptiert ist, dass er Parameterana-
lyse auf das dominante Signal basiert, sodass das
dominante Signal ein relativ höheres Gewicht bei der
Analyse als die anderen Signale hat.

6. Verfahren nach Anspruch 5, wobei die Parametera-
nalyse auf zumindest einem des Folgenden basiert:

- einer Puls-Code-Modulation-(PCM)-Darstel-
lung des dominanten Signals, und
- kodierten Parametern des dominanten Signals
wie von dem Knoten des dominanten Kanals
empfangen.

7. Verfahren nach einem der vorhergehenden Ansprü-
che, wobei der Kodierer Teil eines skalierbaren Co-
decs ist, umfassend einen primären Codec, der pri-
märes Kodieren/Dekodieren bereitstellt, und einen
sekundären Codec, der sekundäres Kodieren/Deko-
dieren bereitstellt.

8. Verfahren nach Anspruch 7, wobei die Kodiererad-
aption das Speisen des primären Kodierers lediglich
mit dem dominanten Signal umfasst.

9. Verfahren nach Anspruch 7 oder 8, ferner umfas-
send:

- Kodieren des vermischten Signals unter Ver-
wendung des sekundären Codecs, und wenn
das vermischte Signal das dominante Signal

15 16 



EP 2 572 499 B1

10

5

10

15

20

25

30

35

40

45

50

55

umfasst:

- Entfernen des dominanten Signals, oder
einer Approximation des dominanten Sig-
nals, zumindest teilweise aus dem ver-
mischten Signal vor dem sekundären Ko-
dieren.

10. Verfahren nach einem der Ansprüche 7-9, wobei der
primäre Codec parameterkompatibel mit einem Co-
dec ist, der zum Dekodieren des empfangenen do-
minanten Signals verwendet wird.

11. Verfahren nach Anspruch 10, wobei Codec-Parame-
ter in Bezug auf das dominante Signal zur Verwen-
dung in dem primären Codec bereitgestellt werden.

12. Verfahren nach Anspruch 10 oder 11, wobei zumin-
dest ein Teil des kodierten dominanten Signals wie
empfangen oder Codec-Parameter in Bezug auf das
kodierte dominante Signal wie empfangen zur Ver-
wendung beim primären Kodieren zurückgehalten
werden.

13. Verfahren nach einem der vorhergehenden Ansprü-
che, wobei das Ernennen des dominanten Signals
das Gewichten der Kandidatensignale auf Grundla-
ge von zumindest einem des Folgenden beinhaltet:

- der Art von Knoten, von dem das Signal emp-
fangen wird,
- der Codec-Art, die verwendet wird, um das Si-
gnal in dem Knoten, von dem das Signal emp-
fangen wird, zu kodieren,
- dem Pegel an Hintergrundgeräuschen in dem
Signal,
- dem Standort des Knotens, von dem das Sig-
nal empfangen wird,
- der IP-Adresse, von der das Signal empfangen
wird.

14. Anordnung (600), die zum Kodieren von Signalen
bei Telekonferenzen adaptiert ist, umfassend:

- eine Empfangseinheit (602), die adaptiert ist,
um Signale von einer Vielzahl von Knoten zu
empfangen, die an einer Telefonkonferenz teil-
nehmen,
- eine Analyseeinheit (604), die adaptiert ist, um
die empfangenen Signale zu analysieren,
- eine Auswahleinheit (606), die adaptiert ist, um
eines der empfangenen Signale als ein domi-
nantes Signal zu ernennen,
- eine Adaptionseinheit (608), die adaptiert ist,
um einen Kodierer auf Grundlage von Informa-
tionen in Bezug auf das dominante Signal zu
adaptieren, wobei der Kodierer derart adaptiert
ist, dass er das Kodieren auf das dominante Si-

gnal basiert, sodass das dominante Signal ein
relativ höheres Gewicht beim Kodieren als an-
dere empfangene Signale hat,
- eine Mischeinheit (610), die adaptiert ist, um
zumindest zwei der empfangenen Signale zu
mischen,
- einen Kodierer (612), der adaptiert ist, um ver-
mischte Signale zu kodieren, und
- eine Übertragungseinheit (614), die adaptiert
ist, um das kodierte vermischte Signal zumin-
dest einem der Knoten bereitzustellen, die an
der Telefonkonferenz teilnehmen.

15. Anordnung (600) nach Anspruch 14, ferner adap-
tiert, um das dominante Signal oder eine Angabe
davon zumindest einem von der Mischeinheit (610)
und dem adaptierten Kodierer (612) separat bereit-
zustellen.

Revendications

1. Procédé de codage de signaux dans une téléconfé-
rence, comprenant :

- la réception (502) de signaux à partir d’une
pluralité de noeuds participant à une téléconfé-
rence,
- l’analyse (504) des signaux reçus,
- la désignation (506) d’un des signaux reçus
comme étant un signal dominant,
- l’adaptation (508) d’un codeur sur la base d’in-
formations relatives au signal dominant, dans
lequel le codeur est adapté pour baser le codage
sur le signal dominant, de manière que le signal
dominant ait un poids relativement plus élevé
dans ledit codage que d’autres signaux reçus,
- le mélange (510) d’au moins deux des signaux
reçus,
- le codage (512) d’un signal mélangé, compre-
nant au moins deux des signaux reçus, en utili-
sant le codeur adapté,
- la fourniture (514) du signal mélangé codé à
au moins un des noeuds participant dans la té-
léconférence.

2. Procédé selon la revendication 1, dans lequel le si-
gnal dominant ou une indication du signal dominant
est fournie séparément à au moins un d’un mélan-
geur et du codeur adapté.

3. Procédé selon la revendication 1 ou 2, dans lequel
le signal mélangé codé à fournir à un noeud k ne
comprend pas le signal reçu à partir dudit noeud k.

4. Procédé selon la revendication 3, dans lequel le co-
dage est basé sur au moins un parmi :
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- une représentation de modulation par impul-
sions et codage, PCM, du signal dominant, et
- des paramètres codés du signal dominant tel
que reçu à partir du noeud du canal dominant.

5. Procédé selon l’une quelconque des revendications
1 à 4, dans lequel le codeur est adapté pour baser
une analyse de paramètres sur le signal dominant,
de manière que le signal dominant ait un poids re-
lativement plus élevé dans ladite analyse que les
autres signaux.

6. Procédé selon la revendication 5, dans lequel l’ana-
lyse de paramètres est basée sur au moins un
parmi :

- une représentation de modulation par impul-
sions et codage, PCM, du signal dominant, et
- des paramètres codés du signal dominant tel
que reçu à partir du noeud du canal dominant.

7. Procédé selon l’une quelconque des revendications
précédentes, dans lequel le codeur fait partie d’un
codec évolutif comprenant un codec primaire four-
nissant un codage/décodage primaire et un codec
secondaire fournissant un codage/décodage secon-
daire.

8. Procédé selon la revendication 7, dans lequel ladite
adaptation de codeur comprend l’alimentation du co-
dec primaire seulement avec le signal dominant.

9. Procédé selon la revendication 7 ou 8, comprenant
en outre :

- le codage du signal mélangé en utilisant le co-
dec secondaire, et quand le signal mélangé
comprend le signal dominant :

- l’élimination du signal dominant, ou d’une
approximation du signal dominant, au
moins en partie, du signal mélangé avant le
codage secondaire.

10. Procédé selon l’une quelconque des revendications
7 à 9, dans lequel le codec primaire est compatible
en paramètres avec un codec utilisé pour décoder
le signal dominant reçu.

11. Procédé selon la revendication 10, dans lequel des
paramètres de codec relatifs au signal dominant sont
fournis pour l’utilisation dans le codec primaire.

12. Procédé selon la revendication 10 ou 11, dans lequel
au moins une partie du signal dominant codé tel que
reçu, ou des paramètres de codec relatifs au signal
dominant codé tel que reçu, sont conservés pour
l’utilisation dans le codage primaire.

13. Procédé selon l’une quelconque des revendications
précédentes, dans lequel la désignation du signal
dominant implique la pondération des signaux can-
didats sur la base d’au moins un de ce qui suit :

- le type de noeud à partir duquel le signal est
reçu,
- le type de codec utilisé pour coder le signal
dans le noeud à partir duquel le signal est reçu,
- le niveau de bruit de fond dans le signal,
- l’emplacement du noeud à partir duquel le si-
gnal est reçu,
- l’adresse IP noeud à partir de laquelle le signal
est reçu.

14. Agencement (600) adapté pour coder des signaux
dans une téléconférence, comprenant :

- une unité de réception (602) adaptée pour re-
cevoir des signaux à partir d’une pluralité de
noeuds participant à une téléconférence,
- une unité d’analyse (604) adaptée pour analy-
ser les signaux reçus,
- une unité de sélection (606) adaptée pour dé-
signer un des signaux reçus comme étant un
signal dominant,
- une unité d’adaptation (608) adaptée pour
adapter un codeur sur la base d’informations re-
latives au signal dominant, dans lequel le codeur
est adapté pour baser le codage sur le signal
dominant, de manière que le signal dominant ait
un poids relativement plus élevé dans ledit co-
dage que d’autres signaux reçus,
- une unité de mélange (610) adaptée pour mé-
langer au moins deux des signaux reçus,
- un codeur (612) adapté pour coder des signaux
mélangés, et
- une unité de transmission (614) adaptée pour
fournir le signal mélangé codé à au moins un
des noeuds participant dans la téléconférence.

15. Agencement (600) selon la revendication 14, adapté
en outre pour fournir séparément le signal dominant
ou une indication de celui-ci à au moins une parmi
l’unité de mélange (610) et le codeur adapté (612).
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