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Source code adaption based on communication link quality and source coding
delay.

Technical field

[0001] 'The invention relates to source coding of voice data in conversational
services in a communication system, and especially to delay introduced by a

source codec.

Backeround

[0002] FEnd4o-end delay has a limited time budgetin conversational applications,
such as telephony. An end4o-end delay exceeding a certain limit will have a
negative effect on conversational quality. Therefore itis desirable to keep the end-o-

end delay within said certain limit.

[0003] 'The end+to-end delay is the sum of a number of different delays, associated
with different parts of the end4o-end communication chain. For example, the end-+o-
end communication chain typically comprises, besides the actual propagation
through a medium, different successive elements, such as source coding,
packetizing, channel coding, interleaving, retransmissions and jitter buffering. Fach
of these elements requires some processing time at their disposal, in order to
achieve proper operation of the respective element, such as good source coding
efficiency or a reliable transmission over a communication link with only few
transmission errors or frame/ packet losses. Since end4o-end delay is a restricted
resource, there is only a limited amount of time, which can be distributed among the

different elements of the end4o-end communication chain.

[0004] Before transmitting voice data over a communication link, the voice data is
source coded. Typically, source coding is performed in order to compress a
sequence of data, in order for it to require, e.g., less transmission bandwidth.
Source coding of voice data introduces a source coding delay component in end-o-
end delay in conversational services. The length of the source coding delay depends
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on the type of source codec used, and is typically in the range of 20ms, as e.g. in
GSM EFR (Global System for Mobile Communications) (Enhanced Full Rate), to
approximately 50ms, as e.g. in ITU-T standard G.718 (Intermational

Telecommunication Union‘Telecommunication Standardization Sector).

[0005] One type of source codec, which is frequently used for both circuit
switched (CS) and packet switched (PS) transmissions, is the AMR (Adaptive Multi
Rate) Multitmode codec. The AMR Multi-mode codec introduces a coding delay of
25ms, of which 5ms is a “lookahead” intended for enabling more efficient source
coding. Thus, an AMR Multi-mode codec uses 25ms of the available end+to-end
delay. Hgure 1 illustrates the lookahead in an exemplary AMR codec. Each slot
represents 5ms. In this example of AMR encoder, each frame 106, 108, comprising
speech data to be encoded, represents 4x5ms = 20ms. In the signal analysis of the
encoder, a 30ms windowing frame 102, 104 is used. The windowing frame 104
extends 5ms into the next frame of speech data, which 5ms constitute the so-called
lookahead 110.

[0006] 'The transmission delay, i.e. the part of an available end4oend delay spent
on the actual transmission through the communication system including, e.g.
transmission through the radio access network and transport through the core
network, depends largely on the access technology used and on the network
configuration. Typically, there is a distinct difference between CS transmissions and
PS transmissions, in terms of transmission delay. In CS transmissions, the
transmission delay is well defined and fixed for each transported frame throughout
the connection. In PS transmissions, on the other hand, each packetis transmitted
individually and hence associated with an individual transmission delay, which
gives rise to the known packet delay jitter, i.e. varations, in PS transmissions. That
is, the packets in PS transmissions arrive at the receiver with different delay, some

may arrive early, some late. For CS transmission, access techniques such as 3GPP

(3™ Generation Partnership Project) GSM/ Geran (GSM EDGE Radio Access
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Network, where EDGE stands for Enhanced Data rates for GSM Evolution) or
UIRAN (UMTS Terrestrial Radio Access Network, where UMTS stands for Universal
Mobile Telecommunications System), are used. For PS transmission, e.g. UIRAN PS
bearers such as HSPA (High Speed Packet Access) and ITE (Ieng Term Evolution),

are available. VoIP via Internet is also an example of PS transmission.

[0007] Even though there are a huge varety of access and transmission
techniques available, it could generally be said that extending the available
transmission delay budget will make a transmission more reliable, given a defined
transmission cost. In other terms, by extending the available transmission delay, the
transmission capacity may be significantly increased. For example, in an I'TE access
network, depending on the operating pointin terms of delay and capacity, an
increase of the available or allowed transmission delay of as litle as 5ms, may
translate to capacity improvements of as much as 15%, regarding the amount of
voice calls that can be accommodated in a cell. This is illustrated in figure 2, which
shows how an increase of the transmission delay of xms in an operating point P1
results in a capacity increase of AC, users per cell. However, the same increase of
the transmission delay in another operating point, P2, results in a capacity increase
of AC, users per cell, which is considerably smaller than AC,. Accordingly, the
scarcity of time available for transmission may have a substantial limiting effect on

transmission capacity.

[0008] 'The limitation of transmission capacity due to scarcity of available

transmission time is thus identified as a problem.

Summary
[0009] Ik would be desirable to enhance transmission efficiency in conversational
services. tis an object of the invention to enable an increase of transmission

capacity in conversational services. Further, itis an object of the invention to
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provide a method and an arrangement for extending the part of an available end+o-

end delay budget, which could be used for transmission, in conversational services.

[0010] According to one aspect, a method is provided in a network node, for
adapting a property of source coding to the quality of a commumication link in
packet switched conversational services in a communication system. W ithin the
method, information related to the quality of said communication link is obtained. A
source coding mode with an associated source coding delay is selected, based on
the obtained information and the associated source coding delay. There may for
example be several selectable source coding modes having the same characteristics
in terms of coding rate, but being associated with different coding delays. The
selected source coding mode is to be used when source coding voice data to be
transmitted over the communication link, and the source coding mode is selected

from a set of source coding modes associated with different source coding delays.

[0011] According to another aspect, an arrangement is provided in a network
node, and adapted to adapta property of source coding to the quality of a
communication link in packet switched conversational services in a
communication system. The arrangement comprises a functional unit adapted to
obtain information related to the quality of a communication link. The
arrangement further comprises a functional unit adapted to select a source
coding mode with an associated source coding delay, based on the obtained
information and the associated source coding delay. The selected source coding
mode is o be used when source coding voice data to be transmitted over the
communication link, and the source coding mode is selected from a set of source

coding modes associated with different source coding delays.

[0012] The above method and arrangement may be used for, when needed,
extending an available transmission delay budget in packet switched

conversational services, by adding time, which is gained by selection of a



WO 2011/108964 PCT/SE2010/050241

source coding mode associated with a reduced coding delay, when source

coding voice data.

[0013] The above method and arrangement may be implemented in different
embodiments. In some embodiments the network node is a mobile terminal or
other end-node, and in some embodiments, the network node is a central control
node. In both cases, an indication of the selected source coding mode can be
provided to one or more other network nodes. W hen the network node is an
endnode, voice data to be transmitted over the communication link may be

encoded in the network node using the selected source coding mode.

[0014] In some embodiments, the different selectable source coding modes
may be associated with one source codec, and in other embodiments, some of
the different selectable source coding modes may be associated with different

source codecs, respectively.

[0015] In some embodiments, atleast one of the different selectable source
coding modes may be associated with an Adaptive Multi Rate, AMR, source
codec, provided with at least one low-delay mode, wherein the encoding
process in the atleast one low-delay mode may be started without waiting for
the lookahead buffer to be filled with valid samples. The at least one low-delay
mode may be provided by modifying the shape of an IPC analysis window
and/ or shifting an IPC analysis window in time.

[0016] In some embodiments, atleast one of the different selectable source
coding modes may be associated with a scalable codec with a core coding
layer and atleast one enhancement coding layer where the different coding
layers are associated with different inherent delays. W hen transmission of
signals related to a layer being associated with a higher inherent delay is
suspended, it may be refrained from delaying a signal related to a layer being
associated with a low inherent delay, which is normally performed in order to
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synchronize it with signals related to a layer being associated with a higher
inherent delay.

[0017] In some embodiments, different parameters may be determined based
on the selected source coding mode, such as the duration of a time interval to be
made available for retransmissions over the communication link; the number of
retransmissions to be allowed over the communication link and/ or the size of a
jitter buffer to be used in a receiver of signals transmitted over the
communication link. These altermatives are examples of how the “delay budget’

gained from source coding can be made available for transmission.

[0018] In some embodiments, the obtained information related to the quality of
the communication link concemns at least one of the parameters: the time spent
on retransmissions over the communication link; the amount of retransmissions
made of packets over the communication link; the amount of packets lost in
transmission over the communication link; the amount of corrupt or unusable
packets received over the communication link, and a predetermined change in

one of the above listed parameters.

[0019] In some embodiments a source coding mode associated with a
relatively low source coding delay may be selected when the quality of the
communication link is determined to be bad, and a source coding mode
associated with a relatively high source coding delay may be selected when the
quality of the communication link is determined to be good.

[0020] The above features, which could be combined in different embodiments
have basically been described in terms of actions. However, the described
arrangement allows corresponding embodiments, where different functional units

are adapted to carry out the above described features and actions.



WO 2011/108964 PCT/SE2010/050241

Brief description of drawings

The invention will now be described in more detail by means of exemplary

embodiments and with reference to the accompanying drawings, in which:

[0021] HKgure 1 is a schematic view illustrating lookahead in an AMR codec

according to the prior art.

[0022] HKHgure 2 is a diagram illustrating the I'IE system capacity as a function of

I'TE air interface delay, according to the prior art.

[0023] Hgures 3ac are schematic views illustrating adaption of source coding
delay to channel conditions, according to an embodiment.

[0024] HKgure 4 is a flow chartillustrating procedure steps according to an
embodiment.

[0025] HKgure 5 is a block diagram illustrating an embodiment of an

arrangement in a radio transmitting entity.

[0026] Hgures 6ac are schematic views illustrating different exemplary
embodiments of selectable codec modes associated with different coding
delay.

Detailed description

[0027] Briefly described, a method and an arrangement are provided that can be
used for extending an available transmission delay budget in packet switched
conversational services, by adding time, which is gained from reducing a delay
used for source coding of voice data. The source coding delay is reduced by
providing a set of selectable source coding modes associated with different coding
delays, and adaptively selecting a source coding mode associated with a coding
delay that optimizes a tradeoff between source coding efficiency and transmission
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efficiency, given a certain estimated channel quality. The objective is to enable
transmission capacity enhancements at a given average level of voice service
quality, or, voice service quality enhancements ata given level of transmission

capacity, or both.

[0028] Some definitions:
W ithin this document, some expressions will be used when discussing the procedure

of adapting a property of source coding to the quality of a communication link, of
which some will be briefly defined here.

[0029] 'The term “source coding delay” refers to the amount of time a source
coding algorithm for, e.g., voice data, requires for its operation. This algorithmic
source coding delay is the time it takes for an input sample being fed into the
encoder until it is reproduced by the decoder, excluding the time needed for
computations or transmissions of coded speech data between encoder and decoder.
This delay can be caused by the encoder for buffering a part of the input signal
required for the coding algorithm to operate. It can also be caused by the decoder
for e.g. buffering coded speech data before speech samples can be reconstructed.

[0030] 'The term “transmission delay” here generally refers to the time between
source coding and source decoding, i.e. the time spenton, e.g. packetizing,
channel coding, interleaving, retransmissions and jitter buffering.

[0031] Generally, when referring to an allowed amount of delay, e.g. source
coding delay or transmission delay, the term “delay budget”, is used.

[0032] 'The term “codec” is used in its conventional meaning, i.e. as referring to

an encoder and/ or decoder.

[0033] Channel conditions are referred to as being “good” or “bad”. There is no
strict definition of a “good” or “bad” channel, since it depends, e.g. on what quality
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level is desired or could be accepted. The channel conditions typically relate to the
transmission channel quality which can be described by e.g. packet or frame
erasure rates, the amount of packet delay jitter, bit error rates, carmrier to interference
or noise ratios, etc.. Thus, a “good channel” could be interpreted as a channel
having a certain desired or acceptable quality, whilst a “bad channel” could be

interpreted as a channel having an undesired, i.e. too low, or unacceptable quality.

[0034] In exemplary embodiments of the invention, illustrated in figures 3a-<,
source coding delay 304a is adapted 308 to channel conditions, and traded
against transmission delay budget 306a. W hen channel conditions are determined
to be good, a reliable transmission can be achieved without extending a
transmission delay budget 306b. Thus, during good channel conditions, illustrated
in figure 3b, delay is better spentin a source codec, in order to improve the data
compression ratio. On the other hand, when channel conditions are determined to
be bad, illustrated in figure 3¢, relatively more gain can be achieved by spending
more of an available end4o-end delay budget 302 on transmission, e.g. by
increasing the number of allowed re{ransmissions in an HHARQ (Hybrid Automatic
RepeatreQuest) protocol, or by increasing a jitter buffer length, or, by using longer
and more efficient channel codes or longer interleaving, in exchange for spending
less delay in the source codec, all atthe price of only slightly sacrificing the source
coding efficiency.

[0035] Ris here assumed thata receiver deploys a jitter buffer that compensates
for delay jitter of received speech data packets. An important insight is that a jitter
buffer is also very suitable for compensating for changes in source coding delay.
The jitter buffer, if propery dimensioned, makes it possible to perform speech
coding delay changes without causing discontinuities in the reconstructed speech
signal. This is possible considering the Internet Engineering Task Force (IETF) Real
Transport Protocol (RIP), RFC 3550 (Request For Comments), which is typically used

for PS conversational voice transmissions. This protocol provides each packet with a
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timestamp, which indicates the sampling instant of the first voice sample transported
by the packet. Hence, regardless of the delay spent on source coding or
transmission, the timestamp information provides the exact time location of the
reconstructed voice segment in relation to the voice segments represented by the
other transported packets. If only the jitter buffer is sufficiently deep such that no
buffer overflow or underflow occurs, then a change in coding delay is simply
handled as any other delay jitter caused by the transmission.

[0036] An observation relevant for the invention is that the AMR Multitnode codec
in a PS scenario makes the same contribution of 25ms to an end4o-end delay for all
codec modes, even though one of the modes, MR122, does not make use of all
25ms for source coding. W hile modes MR10.2 and downwards, i.e. lower coding
rates, make use of the lookahead of 5ms, illustrated in figure 1, for more efficient
source coding, mode MR122 leaves the lookahead unused for source compression.
In the mode MR122, the lookahead of 5ms is only used for VAD (Voice Activity
Detection). Thus, in an AMR encoder operating in mode MR122 today, an input
signal frame is not processed until the lookahead buffer is filled with valid speech
samples. This waitis motivated in AMR applications for CS speech transmissions,
where the transmission time instances are constraint to occur regulary every 20ms,
and where mode switches between AMR modes can occur only at any 20ms
border. However, PS transmissions do not work under the same constraints. In PS
transmissions, as described above, each voice packetis associated with a
timestamp. Hence, there is no need to wait and transmit the packets only at pre-
defined transmission times, as is being done in CS systems. Rather, as soon as the
coded voice data to be transmitted with a packetis available, it can be transmitted.
Hence, coded voice data thatis encoded with AMRmode MR122 can be
transmitted 5ms earier compared to voice packets containing voice data encoded
with other AMR modes.
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[0037] Delay is an important attribute of efficient transmission and can either
be used for more efficient source coding, i.e. a better compression efficiency, or
for improved resilience to transmission errors, as previously mentioned. & can be
considered suboptimal to keep the source coding delay, being a component of
the end4o-end delay, fixed under all transmission conditions, as is the case in
current speech transmission systems. 'This should be seen in view of the fact that
many applications adapt the channel coding delay in response to the

transmission system configuration and condition.

[0038] The inventive concept can be applied to both traditional codecs, such

as AMR codecs, and in the development of new codecs.

[0039] In one AMR related embodiment of the invention, the processing of an
mput signal speech frame is immediately started when a sufficient amount of
input signal samples are available. For the encoding mode MR122, this implies
that the encoding process is started without waiting for the lookahead buffer to
be filled with valid samples, i.e. the encoding process starts, and finishes, 5ms
earlier as compared to conventional use. Thereby, the transmission can be
started 5ms earlier than in conventional use. The 5ms thus obtained from the
source coding can be used in a variety of ways for enhancing the transmission
efficiency in realtime applications involving PS transmission of speech. It should
be noted that this approach may require a modification of the VAD algorithm in
the AMR codec, which however does not conflict with the general idea of the

invention.

[0040] In one embodiment related to new codecs or conventional codecs other
than AMR codecs, a voice codec is provided with atleast two modes. One of
these modes is a low delay mode, with e.g. 20ms delay, typically operated ata
low bitrate of e.g. 8 kbps. Given the low rate and delay, this mode provides
decent but not extraordinary voice quality. A second mode, of the atleast two
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modes, is a highryate high quality mode, operated ate.g. 16 or 24 kbps having
a coding delay of e.g. 40ms. W henever the channel conditions are estimated to
be good, there is no need for an extended transmission delay budget, and the
available delay is better spent on operating the high quality codec mode
associated with the higher coding delay. However, when the channel conditions
degrade itis better to switch to the low+ate codec mode, which, due to the
lower coding delay, allows for spending more delay for the transmissions, which

in turn makes them more robust and more efficient.

[0041] In one embodiment, the remaining part of the transmission chain, i.e.
after the source codec, is not modified at all. In this embodiment, transmission
gain will be obtained from the mere fact that there is more time available for the
transmission of a speech packetto a receiver. Due to the increase in available
transmission time, the likelihood of late losses, i.e. when a speech packet arrives
too late ata receiver to be used for decoding, will be reduced, and hence the
speech quality will be increased without spending any more transmission

resources.

[0042] In embodiments for systems applying retransmission protocols, e.g. an
H-ARQ protocol with retransmissions using incremental redundancy, an
additional amount of milliseconds of transmission time, e.g. the AMR related
5ms, can be used for increasing the delay budget for retransmissions and hence
allow for an increased number of retransmissions. Such an increase will result in
a more reliable transmission, given the same transmission resource usage, e.g.
bandwidth. Altermatively, the transmission resource usage can be reduced, while
still keeping the same transmission reliability, e.g. QoS level (Quality of Service).
Thus, the additional number of milliseconds can be used either for enhancement
of speech quality, or for transmission system capacity enhancements, or both. &
is worth pointing out that the quality and/ or capacity gain is achieved without

any increase in computational complexity.
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[0043] Further, alterative low-delay encoder operation modes, not using
lookahead, could be provided in speech codecs, in addition to the conventional
modes using lookahead in the encoding process. h AMR codecs, low-delay
variants of the existing AMR modes, e.g. MR10.2, can be achieved by
modifying the IPC (linear Predictive Coding) analysis window such that less, or
none atall, lookahead will be used in the encoding process. The choice whether
to use the regular or low-delay encoder varants could be either fixed, i.e. for
some of the modes the low delay variants are used, or adaptive. One
adaptation possibility is to decide at call setup which variant of a mode to use,
e.g. based on capacity orload statistics of the radio access network. In case
high traffic load is likely to occur, the low-delay variant could be selected in
order to help maximizing system capacity. A further adaptation possibility is to
allow switching between a low-delay variant and the original version of a mode
ondine during a call, based on actual channel condition estimates obtained from
the receiving terminal or some control entity of the radio network. The low-delay
operation mode alternatives can then be used for more efficient transmission at
bad channel conditions, as outlined above. A shortening of the IPC analysis
window will come at the price of slightly reduced intrinsic quality of the
respective low-delay e.g. AMR codec mode. However, this quality reduction will
be compensated for by the quality gain due to the increased capability to deal
with the bad channel conditions.

[0044] In order to ensure that the best possible speech quality is achieved at
approximately all times, the source coding delay, i.e. the selection of source
codec mode, should be adapted to current channel conditions. For example,
when channel conditions are determined to be relatively good, and when no
extra delay for transmission enhancements is needed, the source codec may
operate in a regular mode using encoder lookahead. However, when channel

conditions are determined to be relatively bad, and when itis determined that a
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resulting gain from access to additional time for transmission exceeds a certain
quality loss due to e.g. a reduction of the IPC analysis window, a low-delay
source codec mode is selected. Such an adaptation would require the
transmission of adaptation data from a receiving end to a transmitting end. The
adaptation data could comprise channel measurement data, e.g. packetloss
rates, and/ or may comprise a request for a certain codec mode. In case of low
packetloss rate, the regular encoding mode with lookahead could be selected
and/ or requested. In case of high packetloss rate, the low-delay encoding
mode could be selected and/ or requested.

[0045] Further, the allowed number of HARQ re4ransmissions could be
adapted in direct response to a selected coding delay, or to a selected encoding
mode thatis associated with a certain coding delay. For example, when a
source codec operates in a “low-delay” mode, the maximum number of allowed
retransmissions in the HARQ protocol is preferably setto a higher number than
when the encoder operates in a “high-delay” mode. Such a direct control of the
H-ARQ protocol may not always be possible or desirable, as it requires that the
MAC (Media Access Control) layer receives an indication of which delay or
mode thatis used by the encoder. However, in case of the updink transmission
from a mobile phone to the network, where an IP stack is implemented in the
same physical mobile phone device, such direct control of the HARQ uplink
protocol is cleary feasible. Here, the detection of the coding delay could be
facilitated based on the codec mode used or through inspection of the timestamp
of the RIP packets from which a change in coding delay is easily detectable. In
case of the HAARQ protocol used for downlink transmissions, this kind of
adaptation based on interdayer communication is also possible, though may be

considered to involve undue effort and hence be undesired.

[0046] However, such interdayer communication may be avoided by the use of

feedback to the encoding-end from a receiving-end. For example, an adaptation
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of the source codec mode to channel conditions will ensure that an original
“high-delay” mode, with lookahead, is used in a source codec during good
channel conditions. Further, the delay caused by H-ARQ retransmissions will be
short when channel conditions are good. Then, when the channel deteriorates,
the delay caused by HARQ retransmissions will increase, which can be detected
by the receiver. Thus, a certain detected increase of the time spenton
retransmissions, and/ or the number of received re4ransmissions, and/ or a
certain detected increase of the amount of lost packets, can be used as a
criterion for deciding to use a low-delay encoder mode without lookahead.
hitially, e.g. at session setup, the number of allowed retransmissions in the H-
ARQ protocol could be setto a higher number, matching the low-delay source
coding. The IEIF RIP control protocol (RICP) that is specified as a part of the
RFC 3550 provides the necessary protocol elements facilitating the transmission
of feedback information to the encoding-end from a receiving-end.

[0047] A similar codec delay adaptation strategy is possible with codecs that
inherently have more than one coding delay option. An example of such a
codec is a scalable codec such as G.718 with an ACEIP (Algebraic Code
Excited Linear Prediction) core layer and an MDCT (Modified Discrete Cosine
Transform) enhancement layer. Typically, the ACEIP layer requires less coding
delay than the MDCT enhancement layer. In order to synchronize the layers, the
ACEIP layer signal is delayed in the decoder, such that it will have the same
delay as the reconstructed MDCT enhancement layer signal. Such introduction of
extra delay with the purpose of synchronizing the layers can be seen as a
similar waste of a part of the delay budget as with the unused lookahead delay
of the AMRmode MR122. This delay would be better spent if made available to
increase the transmission delay budget. According to one embodiment, the
above described codec and similar codec types may be adapted as follows:
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[0048] W hen channel conditions are determined to be good, speech is source
coded for transmission using both core and enhancement layers. The source
decoding in the receiving-end is then performed using an original high-delay
speech decoder mode that delays the ACEIP core layer signal in order to
synchronize it with the enhancement layer reconstruction signal. W hen channel
conditions are determined to be bad, the transmission of enhancement
information, e.g. MDCT related information, is suspended, and only core layer
information is sent. Thus, when channel conditions are determined to be bad,
instead of delaying the decoded ACEIP layer signal in the decoder, which is the
case today, the time conventionally used for layer synchronization may instead
be used e.g. in the HARQ protocol, for enabling further retransmissions, or in
the receiver jitter buffer, of which the length can be increased accordingly. The
configuration of when to use the different decoding delays could be made e.g.
at setup, or be changed adaptively during a session.

[0049] It should be pointed out that the described adaptation between source
coding with a longer delay and a corresponding shorter transmission delay on
good channels, and source coding with shorter delay and corresponding longer
transmission delay on bad channels, could also be generalized to switching
between completely different source codecs, which are notrelated to each other.
For example, an audio codec associated with a long coding delay could be
used when channel conditions are determined to be good, and a speech codec
associated with a relatively shorter coding delay could be used when channel
conditions are determined to be bad. The coding delay difference could then be
made available for, e.g. channel coding when channel conditions are
determined to be bad, or, as in the embodiment above, in the HARQ protocol,
for enabling further retransmissions, or in the receiver jitter buffer, in which the
buffer length can be increased accordingly.
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[0050] An embodiment of the procedure of adapting a property of source
coding to the quality of a communication link will now be described with
reference to figure 4. Iitially, data is received in a step 402. Depending on
whether the procedure is applied in an end-node orin a central control node,
the received data could either be voice data to be source coded before

transmission, or information related to voice data to be source coded.

[0051] Information related to the quality of a communication link, is obtained
in a step 404. The information could be obtained e.g. by performing
measurements on transmissions received over the communication link, receiving
reports of the quality of the communication link from another network entity, or
by using any other suitable method. Then, a source coding mode is selected
from a set of atleast two source coding modes, in a step 406, based on the
information obtained in step 404. This can be done by comparing a value
representing the quality information obtained in step 404 with a predetermined
threshold. The codec mode with low delay is selected when this value is below
the threshold, otherwise, the other mode is selected. The different source coding
modes in the set are associated with different source coding delays, and the
selection of a source coding mode from the set concemns selecting a desired
source coding delay in order to match the quality of the communication link.

W hen the procedure is applied in an end-node, which is to encode received
voice data, the received voice data is encoded, using the selected source coding
mode, in a step 408, and the source encoded voice data is then transmitted to
another network node in a step 410. When the procedure is applied in a central
control node orin an endnode, which is, e.g., to receive the encoded voice
data after transmission over the communication link, an indication of the selected
source coding mode is provided to one or more other networknodes in the step

410.
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[0052] The procedure may further comprise a step 407 of determining e.g. a
duration of a time interval to be made available for retransmissions, and/ or a
number of retransmissions to be allowed over the communication link when using
the selected source coding mode, and/ or a size of a jitter buffer to be used ina
receiver of signals transmitted over the communication link, based on the
selected source coding mode. The determined parameters are then provided to
the network nodes concemed, for use during transmission of speech, source
coded using the selected source coding mode, over the communication link in a

conversational service.

[0053] Below, an exemplary arrangement 500, adapted to enable the
performance of the above described procedure in a network entity, will be
described with reference to figure 5. The arrangement 500 comprises a
receiving unit 502, which is adapted to receive signals transmitted from other
network entities and/ or signals armriving to the network entity in the form of sound
waves, depending on whether the arrangement 500 is provided in an end-node
orin a central control node. The arrangement 500 further comprises a quality
unit 504, adapted to obtain information related to the estimated quality of a
communication link. The information could e.g. be derived from measurements
on transmissions received over the communication link, or from reports of the
quality of the communication link, received from another network entity, or by
using any other suitable method. The arrangement 500 further comprises a
selecting unit 506, adapted to selecta source coding mode from a setof atleast
two source coding modes associated with different coding delays, based on
information obtained in the quality unit 504. W hen the arrangement is to be
provided in an end-node, it further comprises a source coding unit 508, adapted
to source encode received voice data using the source coding mode selected by
the selecting unit506. The source coding unit 508 could comprise e.g. one or

more source codecs or one codec with the above different codec modes, with
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different delays. The arrangement 500 further comprises a transmitting unit 510.
In an endnode, the transmitting unit 510 is adapted to transmit encoded voice
data over the communication link and/ or to provide an indication of the selected
source coding mode to one or more other network nodes. In a central control
node, the transmitting unit 510 is adapted to provide an indication of the

selected source coding mode to one or more other network nodes.

[0054] The arrangement 500 may further comprise a determining unit 507,
adapted to determine e.g. atleastone of: a duration of a time interval to be
made available for retransmissions over the communication link; a number of
retransmissions to be allowed over the communication link; and a size of a jitter
buffer to be used in a receiver of signals transmitted over the communication
link, based on the selected source coding mode. The determined parameters are
then provided to the network nodes or functional units concemed, which is
schematically illustrated by a dashed arrow from unit507.

[0055] In figure 5 is also illustrated a computer program product (CPP) 514
which comprises instructions 516, which when executed by a processor 512, or
similar, will cause the units 504510 to perform their tasks according to an
embodiment of the described procedure. Connections between the processor
512 and the units 504510 are schematically illustrated by a dashed arrow from
512.

[0056] It should be noted that figure 5 merely illustrates various functional units
of the arrangement 500 in a logical sense. However, the skilled person is free to
implement these functions in practice using any suitable software and/ or
hardware means, such as e.g. ASICs (Application-Specific Integrated Circuit),
FPGAs (Held Programmable Gate Array) and DSPs (Digital Signal Processor).
Thus, the invention is generally not limited to the shown structure of the

arrangement 500.
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[0057] Different exemplary embodiments of selectable codec mode
compositions are illustrated in figures 6a-c. Hgure 6a shows a codec according
to one embodiment, having more than one codec mode per coding rate, atleast
one being associated with a high coding delay, and atleast one being
associated with a low coding delay. Hgure 6b shows a codec according to one
embodiment, where each codec mode is associated with a different coding rate
and a different coding delay. Hgure 6¢ shows an embodiment where different
coding delays are associated with different codecs, each having modes with
different coding rates. Altematively, the illustrated embodiments could be varied
and/ or combined in different ways. The number of possible selectable coding
delays is obviously not limited to the two altermatives “high” and “low”, which

are used here for the sake of simplicity.

[0058] An exemplary advantage of the above embodiments is that source
coding delay can be traded for transmission delay, which enables making
transmission over low quality channels more reliable than what is possible today

and which in tum may lead to system capacity enhancements.

[0059] While the invention has been described with reference to specific
example embodiments, the description is in general only intended to illustrate the
inventive concept and should notbe taken as limiting the scope of the invention.
The different features of the exemplary embodiments above may be combined in
different ways according to need, requirements or preference. The invention is

generally defined by the following independent claims.
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CIAIMS

1. A method in a network node, for adapting a property of source coding to
the quality of a communication link in packet switched conversational
services in a communication system, the method comprising the following

steps:

-obtaining (404 ) information related to the quality of said

communication link,

selecting (406) a source coding mode with an associated
source coding delay, based on the obtained information and
the associated source coding delay,

wherein the selected source coding mode is to be used when source
coding voice data to be transmitted over the communication link, and
wherein the source coding mode is selected from a set of source coding

modes associated with different source coding delays.

2. Method according to claim 1, wherein the network node is a mobile

terminal or other endnode in a conversational session.

3. Method according to claim 1, wherein the network node is a central

control node.

4, Method according to claim 2, further comprising

-encoding (408) voice data to be transmitted over the communication link
using the selected source coding mode.
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Method according to claim 14, further comprising:

providing an indication of the selected source coding mode to one or

more other network nodes.

Method according to any of the preceding claims, wherein the different
selectable source coding modes are associated with one source codec,

and/ or, with different source codecs, respectively.

Method according to any of the preceding claims, wherein atleast one of
the different selectable source coding modes is associated with an
Adaptive Multi Rate, AMR, source codec, provided with atleast one low-

delay mode.

Method according to claim 7, wherein the encoding process in the at
least one low-delay mode is started without waiting for the lookahead
buffer to be filled with valid samples.

Method according to claim 7 or 8, wherein the atleast one low-delay
mode is provided by atleast one of modifying the shape of an IFC

analysis window; and shifting an IPC analysis window in time.

Method according to any of the claims 1-6, wherein atleast one of the
different selectable source coding modes is associated with a scalable
codec with a core coding layer and atleast one enhancement coding
layer, the different coding layers being associated with different inherent
delays.

Method according to claim 10, wherein a signal related to a layer being
associated with a low inherent delay is not delayed to be synchronized
with signals related to a layer being associated with a higher inherent
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delay, when transmission of signals related to a layer being associated
with a higher inherent delay is suspended.

12. Method according to any of the preceding claims, further comprising:

-determining (407) atleast one of the following, based on the selected
source coding mode:

4he duration of a time interval to be made available for retransmissions
over the communication link,

4the number of retransmissions to be allowed over the communication
link, and

the size of a jitter buffer to be used in a receiver of signals transmitted

over the communication link.

13. Method according to any of the preceding claims, wherein the obtained
information related to the quality of the communication link concems at

least one of the following parameters:

+the time spent on retransmissions over the communication link,

+the amount of retransmissions made of packets over the
communication link,

+the amount of packets lost in transmission over the communication
link,

+the amount of corrupt or unusable packets received over the
communication link,

-a predetermined change in one of the above listed parameters.

14. Method according to any of the preceding claims, wherein a source
coding mode associated with a relatively low source coding delay is
selected when the quality of the commumication link is determined to be
bad.
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Method according to any of the preceding claims, wherein a source
coding mode associated with a relatively high source coding delay is
selected when the quality of the communication link is determined to be

good.

Arrangement in a network node, adapted to adapta property of source
coding to the quality of a communication link in packet switched

conversational services in a communication system, the arrangement

comprising:

-a quality unit (502), adapted to obtain information related to the

quality of a commumication link,

4 selecting unit (5606), adapted to selecta source coding mode with an
associated source coding delay, based on the obtained information
and the associated source coding delay,

wherein the selected source coding mode is to be used when source
coding voice data to be transmitted over the communication link, and
wherein the source coding mode is selected from a set of source coding

modes associated with different source coding delays.

Arrangement according to claim 16, wherein the network node is a

mobile terminal or other endnode.

Arrangement according to claim 16, wherein the network node is a
central control node.

Arrangement according to claim 17, further comprising

-a source coding unit (508), adapted to encode voice data to be

transmitted over the communication link using the selected source



WO 2011/108964 PCT/SE2010/050241

20.

21.

22.

23.

24.

25.

26.

25

coding mode.

Arrangement according to any of the claims 16-19, further adapted to
provide an indication of the selected source coding mode to one or more

other network nodes.

Arrangement according to any of the claims 1620, wherein the different
selectable source coding modes are associated with one source codec,

and/ or, with different source codecs, respectively.

Arrangement according to any of the claims 1621, wherein atleast one
of the different selectable source coding modes is associated with an
Adaptive Multi Rate, AMR, source codec, provided with atleast one low-

delay mode.

Arrangement according to claim 22, wherein the AMR source codec is
adapted to start the encoding process in the atleast one low-delay mode
without waiting for the lookahead buffer to be filled with valid samples.

Arrangement according to claim 22 or 23, wherein the atleast one low-
delay mode is provided by atleast one of: modifying the shape of an IPC

analysis window; and shifting an IPC analysis window in time.

Arrangement according to any of the claims 1621, wherein atleast one
of the different selectable source coding modes is associated with a
scalable source codec with a core coding layer and atleast one
enhancement coding layer, the different coding layers being associated
with different inherent delays.

Arrangement according to claim 25, wherein the scalable source codec
is adapted to refrain from delaying a signal, related to a layer being
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associated with a low inherent delay, for it to be synchronized with
signals related to a layer being associated with a higher inherent delay,
when transmission of signals related to a layer being associated with a
higher inherent delay is suspended.

27. Arrangement according to any of the claims 1626, further comprising:

a determining unit (507), adapted to determine atleastone of the
following, based on the selected source coding mode:

4he duration of a time interval to be made available for retransmissions
over the communication link,

4he number of retransmissions to be allowed over the communication
link, and

the size of a jitter buffer to be used in a receiver of signals transmitted

over the communication link.

28. Arrangement according to any of the claims 1627, wherein the quality
unit is adapted to obtain information conceming atleast one of the

following parameters:

-the time spent on retransmissions over the communication link,
+the amount of retransmissions made of packets over the
communication link,

+the amount of packets lost in transmission over the communication
link,

+the amount of corrupt or unusable packets received over the
communication link, and

-a predetermined change in one of the above listed parameters.

29. Arrangement according to any of the claims 1628, wherein the selecting

unit is adapted to select a source coding mode associated with a
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relatively low source coding delay when the quality of the communication

link is determined to be bad.

Arrangement according to any of the claims 1629, wherein the selecting
unit is adapted to select a source coding mode associated with a
relatively high source coding delay when the quality of the

communication link is determined to be good.
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