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Executive Summary

The EVS SWG met for 1 day with one evening session. There were 8 input contributions, which were all dealt with. Only minor revisions of the draft TR 22.813 were produced.
1. Opening of the session: November 9, 09:02
The SA4 EVS SWG Chairman, Stefan Bruhn (Ericsson), opened the EVS SWG meeting.
Stéphane Ragot (ORANGE) was appointed Secretary of the SA4 EVS SWG.
2. Approval of the agenda and registration/allocation of documents
The agenda including the allocation of 8 input documents was reviewed (TD S4-090828R1). The EVS SWG chairman suggested an order of presentation for the allocated input documents. This order was agreeable and the agenda was revised with this order shown in TD S4-090828R2 - see Annex 1 of the present report.

Huawei asked to resume drafting on sections where there was almost an agreement at the EVS SWG ad hoc meeting. 

3. Progress on the TR
Below is a summary of discussions on input contributions in the order of presentation.
Mr Stéphane Proust presented TD S4-090859 Proposed text to finalized draft EVS TR, from ORANGE SA, France Telecom
Two main proposed updates are proposed in the attached document: the EVS codec shall have both interop and non-interop modes (Sec. 6.1.6), to give the market a consistent view and avoid having competing approach, a step by step approach is proposed (Sec. 8): AMR-WB enhancement then EVS codec for missing features.
Comments / Questions: 
Qualcomm pointed out some inconsistency between the bandwidth section (wideband recommended) and the backward interop section (AMR-WB mandatory). It was clarified that the contribution is a proposal for compromise, and does not come back on bandwidth.

Huawei asked clarifications on the proposed two step approach and the two modes (interop and non-interop). 

Qualcomm noted that PS works by codec negotiation, the existing text on backward clearly identifies two options (use negotiation or bitstream interop), as a compromise, but in the proposed text in Sec. 6.1.6 it is proposed that both options shall be used. ORANGE clarified that the proposal is to answer all needs ("end to end negotiation is sufficient' and 'benefits in bitstream interop').

Huawei asked how a non-interop mode solves the problem of interoperability and how operators would decide to support the interop mode or not. ORANGE clarified that they consistently proposed backward interop, here they attempt to make a compromise, taking their proposal made previously and trying to accommodate for the need of other companies, while the level of support of each mode is another issue.

Qualcomm found that the document proposes no compromise, the proposal attempts to mandate AMR-WB while narrowband is not proposed. Orange stated that for audio bandwidth, they are open but in their contribution they would not propose something they don't need.

Huawei acknowledged the effort to find a compromise, hinted that an agreement can be found offline, and asked why bitstream interop with AMR-WB is needed in EVS if AMR-WB enhancements are done in a first step. ORANGE noted that this is a question of development strategy, to be discussed.

Conclusion:
TD S4-090859 was noted.

Mr Imre Varga presented TD S4-090882 Proposal for Draft EVS TR, from QUALCOMM Europe S.A.R.L.
Proposals made by Qualcomm at previous meetings are repeated: narrowband is proposed at the same level as wideband in audio bandwidth (Sec. 6.1.1), the backward interop section is a reduced to reflect that we target the MTSI service (Sec. 6.1.6), in Sec. 6.2.1 a wording similar to wideband is proposed for narrowband. Some new text is proposed for music and mixed content quality in Sec. 6.2.2. In Sec. 6.2.3 narrowband/wideband and superwideband cases are addressed separately. A note is added in Sec. 6.2.4. For Sec. 8 it new bandwidths and improvements of the working points: a separate contribution addresses the EVS WI, a WID is proposed in a separate document for AMR-WB optimization.
Comments / Questions: 

ORANGE noted that their proposal and Qualcomm's proposal are not contradictory, and proposed a way to cover all needs: ORANGE would be ok for WB mandatory and ok for NB if a compromise can be found, for backward interop ORANGE's proposed text could be taken (both modes and interop and non interop modes). 

AT&T fully supported this contribution, appreciated Qualcomm's effort to complete the TR text and to accommodate their need. 

Nokia commented that in Sec. 6.2.3 to rely on state of the art, the best implementations of packet loss concealment should be used as a reference (not the informative example solution) and that JBM should be left open to manufacturers. Qualcomm preferred to have JBM as part of the codec to have it in testing and make sure that the candidate works.
Samsung and Ericsson asked the background on the fixed delay requirement independent from the input type. Qualcomm clarified that the assumption is that the coder is conversational and EVS would not be a non-conversational codec.
There was some discussion on the proposed requirement of interoperation with legacy CS on one side and the sentence ' Interoperability is achieved through the use or negotiation of existing 3GPP codecs previously defined for voice services.' that could be interpreted as an indication that transcoding can always be avoided. In Section 6.3 of the TR it was agreed to remove the editor's note ('Editor’s note: The above sentence to be elaborated subject to input to SA4#51.'). There was no consensus on other proposed changes in Sections 6.1.6 and 6.3
ORANGE reiterated the proposal of compromise to answer all needs expressed, by having on one side narrowband modes and on the other hand AMR-WB backward interop modes. Qualcomm felt these two things are not balanced to each other and commented that the inclusion of narrowband means some narrowband modes in EVS, while interop means inclusion of AMR-WB which is a specific coder.
Conclusion: In Section 6.3 of the TR it was agreed to remove the editor's note 'The above sentence to be elaborated subject to input to SA4#51.'. There was no agreement to change or remove the other editor's note in the text of Section 6.3 (' Editor’s note: Transcoding can be avoided through negotiating the use of existing 3GPP codecs previously defined for voice services.').
TD S4-090882 was noted.
Mr Hiroyuki Ehara presented TD S4-090874 Proposal for the draft TR 22.813, from Panasonic Corporation
A text is proposed for Sec. 6.2 of draft TR. It is clarified that UE at cell edge is part of scenarios. The same text as for voice quality is proposed for mixed content and music. It is further proposed to remove section 6.2.3.  
Comments / Questions: 

Qualcomm was not against including the proposed sentence on cell edge in Sec. 6.2 but wanted to keep Section 6.2.3. AT&T had the same view. Panasonic has no strong opinion on the removal of Section 6.2.3. Huawei asked how UE at cell edge translate into measurable codec requirements and whether there would be cell edge crossing. At high level the sentence was agreeable, and details would be discussed in editing phase.

Qualcomm proposed '3GPP conversational codecs' instead '3GPP codecs' in Sec. 6.2, which was agreeable to Panasonic. Huawei commented that this should not be limited to conversational codecs and that we can find some codecs with higher delay that could well be used if they are penalized in some way, and requested a note to consider even non conversational coders. 
Conclusion:
On a high level the statement 'The realistic communication scenarios include a case where UE is located at a cell edge' was agreeable. It was not agreed to remove Sec. 6.2.3. 3GPP conversational codecs would be considered as reference codecs, but non conversational coders will be considered.
TD S4-090874 was noted.

Mr Anisse Taleb presented TD S4-090888 IP optimized operation in 3GPP EVS, from Huawei Technologies Sweden AB
This document recalls that one of the main points in the EVS scope is speech coding performance over IP. Some justifications are provided in this document for a set of requirements presented at the EVS ad hoc. It is proposed to evaluate the EVS performance in a realistic scenario including different delay and error profiles from the requirements on jitter buffer management (JBM) in TS 26.114 and to include the adaptation unit of JBM in the EVS decoder.

Comments / Questions: 

Nokia commented that JBM is a manufacturer specific option. ST Ericsson had the same opinion that JBM should be up to the manufacturer, with minimum performance requirements for JBM.

Huawei clarified that the proposal is to embed the adaptation unit, not the whole JBM algorithm, to perform testing according to channel profiles. According to Huawei, this speech decoder feature could be important to have in VoIP environment and would distinguish the codec from previous 3GPP… the EVS would be really optimized for an IP transport.
Motorola asked for evidence (results, experiments) that embedding the adaptation unit would give higher quality speech.
Qualcomm supported this proposal, and the first conclusion 'The performance of the codec shall be evaluated in a realistic scenario including different delay and error profiles consistent with the objective requirements on JBM in TS 26.114.'
An extensive discussion took place covering the following aspects related to JBM:

· evidence (results, experiments) that embedding the adaptation unit would give higher quality speech, the flexibility of the designer to choose either to drop packets or stretch speech
· ability to differentiate if an adaptation unit algorithm is defined, and the justification to mandate the embedding of the adaptation unit (in relation with the existing options in 26.114)

· practicality of testing and evaluation, how to evaluate the advantage of JBM inside the decoder, the difficult to realize a subjective test with variable delay and time stretching with multidimensional factors affecting the quality score, the need to use duplex communication for testing, the evaluation with jitter delay which may not be as mature as for frame erasure is mature
· the possibility to test only frame erasures, instead of having two parameters (delay jitter buffer and packet loss)
· the impact of JBM delay in the overall EVS codec delay if JBM is included

· where to insert the proposals in the TR

There was some reluctance from Motorola, Ericsson, Nokia to introduce the adaptation unit inside the EVS decoder as a mandatory feature.

The discussion then moved to the level of specification of the media adaptation unit in the EVS TR. Huawei stated they were flexible to have it as 'may'. Qualcomm could accept 'may' or 'should'.
Huawei insisted that it proposed to test with delay and error profiles, in a way consistent with 26.114, and to assess the quality of the codecs given the requirements in 26.114, and the EVS cannot be designed by ignoring the work on media handling for MMTel.
The EVS chairman invited offline discussions, especially on the question of the adaptation unit to be mandatory or treated like error concealment.
Conclusion: 

TD S4-090888 was noted.

Mr Markus Schnell presented TD S4-090826 Performance target considerations for EVS, from Fraunhofer Gesellschaft
A new section with text is proposed for the assessment/selection of reference technologies, alternatively the text to be included in section 7. In order to guarantee the best selection of reference candidates, the restrictions regarding the format of delivery (source code mandated) of the reference candidate should be as low as possible; modifications to the note in Sec. 6.2.1 of the TR are proposed. It is recommended to test the stereo performance of the code and to add in the TR a sentence on the unmasking effects of dual-mono coding. A requirement on quality for mixed/music content is proposed with respect to 3GPP general audio codecs (e.g. aacPlus).
Comments / Questions: 
Nokia asked how to verify codec attributes such a delay if a reference codec is provided only as a library. Fraunhofer clarified that the delay can be evaluated by coding/decoding using the library.
ORANGE asked who would provide this library, how to get it, how to choose between different versions, whether the library would be very stable, whether we would have to come to a process for selecting a reference codec.

Fraunhofer pointed out that in the highlighted text in Sec. 7 of the TR (assessment of existing codecs) it is not clear whether only 3G codecs or any codec can be used as reference codecs.  Ericsson clarified that the current Section 7 already covers/allows non 3GPP in the test.
Huawei recalled that the EVS SWG agreed at the last ad hoc for references to be used for quality in EVS and information is needed in terms of delay, complexity, memory usage to set the correct reference, and a closed-code codec will not make it possible. Fraunhofer commented that there are SDOs that work differently than in 3GPP, still they are successful. They claimed that the only SWB codec in use is AAC-LD which is fully defined and 3G should not exclude this… They wanted to make sure that the best reference coder is used in EVS. 

There was no agreement to edit the note on the reference codecs as proposed by Fraunhofer.

Regarding the sentence proposed for Sec. 6.1.2 on stereo content, Qualcomm commented that any coding can have detrimental effects (not just multiple monophonic coding). Huawei commented that background of the proposal is well-known and felt that the proposal is already quite well captured in the TR with the sentence 'The choice of whether using dedicated stereo/multi-channel coding or multiple monophonic codings depends on a trade-off between achievable quality, available bit rates, available delay, complexity and other implementation factors.'.
The EVS chairman summarized that concerns were expressed and the proposed sentence for Sec. 6.1.2 could not be included in the TR. 

On the proposal of comparing mixed content and music quality with 3GPP conversational codecs, Huawei felt this is a good proposal and proposed minor modifications to have this as an objective for the codec; they were not in favor of setting a too precise requirement such as 30%. Ericsson wanted have this as an objective and with the proposed 30% bit rate penalty as 'tbc'. Qualcomm had sympathy with the proposal and suggested the EVS bit rate should be reduced for comparison rather than the 3GPP general audio codec bit rate increased.
ORANGE commented that the proposed requirement is based on an analogy with results from MPEG standardization and commented that it would be needed to see the overall tradeoffs in codec requirements set in this MPEG exercise and it may be difficult to use such an analogy if an MPEG audio codec design had emphasis different from the EVS design constraints (e.g. quality on speech at 8 kbit/s). They feared that this would set too challenging requirements for music, and good quality for speech would not be reached. Fraunhofer clarified that they are not proposing to use an ISO codec in EVS, only a reference to the 3G audio codecs.

The EVS chairman invited to take Huawei's proposal to soften the proposed requirement with an objective and 'tbd'.

Fraunhofer and Huawei commented that such statement could also make sense for speech as a performance objective. ORANGE stated that the behavior may not be the same for different types of content, and proposed a wording for the objective for mixed content and music quality ('An objective could be defined …')
The EVS Chairman invited the interested parties to join offline Fraunhofer and ORANGE to draft a text such an objective.
Conclusion: 
There was no agreement to edit the note on the reference codecs as proposed by Fraunhofer. There was no consensus to include the proposed sentence for Sec. 6.1.2 in the TR.
TD S4-090826 was noted.
Mr Frédéric Gabin presented TD S4-090903 Proposal for further progress of the EVS TR, from Telefon AB LM Ericsson, ST-Ericsson (France) SAS
As section 6 of the TR is not completed, it may be difficult to put text in Section 7. Still it could help us to outline what has to be done in section 7. The mandate of Section 7 is about the assessment of existing codecs with regards to requirements. A time period would be defined to look for codecs that would fulfil the requirements and a test plan would be drafted. Steps are listed for testing. Codec modes (AMR and AMR-WB w/ and w/o DTX) and other existing codecs are proposed. It is suggested to make quality evaluations with these codecs and capacity simulations. It is suggested to use packet loss patterns from realistic LTE system simulations – implying to liaise with RAN groups. Results would be documented at SA4#58.
Comments / Questions: 

Huawei asked if the TR approval (thought to be scheduled at the present meeting) would be delayed if test results are required in Section 7. Ericsson clarified that the approval of Section 7 would be for SA4#58.
AT&T thought that the EVS SWG will not be at a state to approve the TR at this meeting.
Huawei commented that a lot of test results are available with, e.g. G.718, G.729.1, G.722.1. Ericsson answered that we can use such results, but there are number of evaluations on capacity over LTE that could be useful for the study item.
Qualcomm stated that one could think of other codecs than the proposed ITU codecs. Fraunhofer felt that the proposed codecs may not be the best references, especially the lowest bit rate for SWB is 24 kbit/s. 
There was some discussion on the proposed schedule (with a tentative deadline for finalizing the TR) and the availability of LTE bearer definitions from RAN groups.

Ericsson clarified that it would be possible to put some settings for parameters of the LTE bearers and ask for endorsement from RAN. Qualcomm found that this would imply delay of several months and recalled that Dec 2009 is the target completion date.

AT&T stated that the most important part of the TR is Section 6 wrt to SA4; there is a plan to do some tests without completing Section 6, and there is no indication of when Section 6 would be completed. Huawei and AT&T agreed that the first point is to finalize Sec 6. Ericsson felt that some difficulties in Section 6 could be resolved by looking at results in a LTE environment, progress may be faster based on results, and some agreed requirements in Section 6 could be used to start an evaluation.

AT&T felt that if Section 6 incomplete, it is a waste of time to start an evaluation. 

ORANGE commented that the issue is not to select an existing to answer to the EVS requirement, but to have results that could help set requirements. Huawei stated that this is not the mandate of the draft EVS TR, and existing codecs should check with regards to the defined requirements only. 

Panasonic asked which level and extent of assessment SA4 should have for this feasibility study. Qualcomm agreed with this.
ORANGE agreed that to first reach an agreement on Section 6, and agree on the level of work in Section 7 (maybe no work at all)..
Ericsson clarified that this proposal is not in contradiction with the attempt to make compromise in Section 6.
Conclusion: 

TD S4-090903 was noted.

4. Other business
The EVS chairman asked what is the best approach to follow, to continue with contributions or try to find a compromise.

ORANGE proposed one compromise by merging text from TD S4-090859 (backward interop) and TD S4-090882 (audio bandwidth). Other compromise proposals were invited and time was requested to consider other ideas.

The EVS chairman then decided to continue with contributions.

Mr Imre Varga presented TD S4-090883 On the importance of EVS SI and its successful completion, from Qualcomm Europe S.A.R.L.
This document considers the opportunity to enhance the user experience in several ways. Several aspects are proposed:
· Enhanced quality for NB and WB services through the minimization of incomplete calls, dropped calls, and packet loss/delay by improving capacity through codec spectral efficiency

· Enhanced quality for NB and WB services through improved robustness to packet loss and delay jitter

· Enhanced quality of in-call music such as musical ringback, music-on-old etc

· Enhanced quality through spectrally efficient and robust audio bandwidth extension

A draft WID is shown in annex.

Comments / Questions: 

Qualcomm clarified that the key point is to make an attractive coder able to show benefits compared to the existing codec landscape; it is clearly needed to have high flexibility in bandwidth and bit rate, high degree of quality level, high efficiency and high robustness against packet losses, at the same time. Qualcomm thinks the EVS TR should support the next generation of 3GPP speech coding and should be attractive also in comparison with other SDOs.

Ericsson asked to clarify what kind of bandwidth is referred to (SWB as in the TR, or extension of narrowband). Qualcomm clarified that the proposal is fully inline with the TR, with narrowband, wideband and superwideband.

ORANGE understood that this contribution gives us even more pressure to finalize the TR.

Conclusion: 

TD S4-090883 was noted.

Mr Anisse Taleb presented TD S4-090887 3GPP voice codec evolution, from Huawei Technologies Co. Ltd. and China Mobile
This contribution takes a global look at the evolution of the codecs enabling 3GPP voice services. In this context, the compatibility with legacy systems is examined and it is shown that having an additional requirement of bitstream interoperability is not only unwarranted but is a limiting factor in order to realize a substantial forward leap in quality and capacity of the voice service with the EVS. On the other hand, a careful look at the potential for optimizations shows that it is also possible to enhance the existing codecs and in particular the AMR-WB codec in a bitstream interoperable fashion and would be desirable.  

Comments / Questions: 
ORANGE found that no bitstream interop was required for EVS in this contribution and invited to discuss a compromise text for the TR.
AT&T found that the conclusion of this paper accurately describes AT&T's position, and commented that there needs to be consensus to include requirements and that they did not see justification to mandate AMR-WB bitstream interop.

Huawei recalled that they propose to optimize AMR-WB in a bitstream interop fashion outside EVS.

Qualcomm did not see a need for the inclusion of mandatory AMR-WB bitstream interop, with negotiation used in PS systems as written in TS 26.114. In their view an attractive EVS coder does not need bitstream interop in a mandatory way, however they think it is useful to optimize AMR-WB, to improve the working points of the coder.

Conclusion: 

TD S4-090883 was noted.

5. Close of the session: Nov. 11, 20:00
The SA4 EVS SWG Chairman, Stefan Bruhn (Ericsson), summarized that at this point of time no compromise for the TR was achieved. Some potential ways forward on certain formulations for performance requirements were developed. They will be part of the EVS SWG report. Progress will be noted and not lost.
The SA4 EVS SWG Chairman thanked all EVS SWG participants and closed the meeting.
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