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Executive Summary
The EVS SWG (34 participants) met for 2 days in Jeju Island prior to SA4#66 and covered 24 input Tdocs. All meeting documents allocated to the EVS SWG adhoc meeting were covered.
Progress was made in the specification of EVS performance requirements at 0% FER in NB, WB and SWB (non interoperable modes); street noise was added for NB noisy speech. The JBM performance requirements were updated. It was agreed to use testing at one single level for FER conditions. Besides the following Ideal masks were agreed for both reference and EVS conditions and DIRECT (as pre-processing).

Few open issues remained to solved asap in EVS performance requirements:

· The list of noise types in WB and SWB noisy speech
· The definition of mixed content category
· The FER conditions and the possibility of a channel aware mode
· The test levels for music & mixed content
The progress on merging proposals for EVS performance in DTX operation was left for offline discussion.

Discussions also covered qualifications rules (test sets, elimination rules, FoMs) and qualification deliverables.
The EVS SWG meeting produced 2 agreed output documents:
· S4-111004: EVS-3 (performance requirements) v0.0.7

· S4-111005: EVS-6a (qualification deliverables) v0.0.4

1 Opening of the session: November 5, 09:09 (local time)
The EVS SWG Chairman, Stefan Bruhn (Ericsson), opened the meeting.
Mr Kyunghun Jung (Samsung) welcomed delegates and explained meeting practicalities.
Minutes were taken by the EVS SWG Secretary, Stéphane Ragot (ORANGE).
2 Approval of the agenda and registration/allocation of documents
The EVS SWG Chairman presented S4-110818 and S4-110819.
The agenda in S4-110818R1 was reviewed and agreed with the following changes: S4-101001 and S4-101002 were added in A6/6.6, S4-110912 was added in A.I 6.8.1; the late contribution S4-100961 was added in A.I. 6.9. It was requested to add S4-100979 in A.I. 6.8.1.

The schedule in S4-110819 was reviewed to show what the EVS SWG should try to achieve; and it was agreed.
The EVS SWG Chairman recalled that the objective of the meeting is the finalization of performance requirements and qualification rules/deliverables.
3 Performance requirements (EVS-3)
Mr Imre Varga presented TD S4-110864 EVS Performance Requirements, from Qualcomm Incorporated
This document has 2 parts: JBM conditions for reference coder and channel aware mode with high PLR (10%).
Comments / questions: 
Mr Noboru Harada (NTT) asked whether any interface or API is defined in EVS DCs to switch encoder mode from normal mode to channel aware mode. He stated that with no DC, such switching is out of scope for the EVS codec, however this can be done as an optional functionality and candidates can provide any optional functionality on top of requirements. He was not in favour of defining requirements for optional features, while objectives would be possible.

Mr Imre Varga (Qualcomm) clarified that the idea of this contribution is not to have an option but to propose a requirement. He was not sure that a DC should cope with a switching mechanism, as the encoder was not meant to select automatically modes, but rather to take some external trigger to select which mode to use, which has nothing to do with the coder itself. He wondered whether a specification is needed and in which form.
Mr Anisse Taleb (Huawei) was not in favour of removing requirements on average JBM delay, and he stated that this is the most important JBM parameter; he wanted to see average delay figures reported for the different JBM solutions to be proposed by candidates. He questioned the choice of 200 ms used for fair comparison with AMR-WB and preferred to see infinite delay as one one requirement in MTSI is that it is better to increase delay than the number of packet losses.
Mr Vivek Rajendran (Qualcomm) clarified that the 200 ms comes from satisfied' scale from E-model in ITU-T G.114; he added that, otherwise, for error profile 6 the CuT may be compared to AMR-WB having no FER.
Mr Anisse Taleb (Huawei) stated that the delay figure for satisfied users is rather 150 ms based on TS 22.105 (which has to be checked) and proposed to relax delay to infinite depth for the jitter buffer.
Mr Vivek Rajendran (Qualcomm) repeated the example of error profile 6 which could lead to comparing CuT with losses against AMR-WB clean, which motivates the use of a finite delay for fair comparison.
Mr Anisse Taleb (Huawei) repeated the MTSI guideline when there is a choice to drop packet or increase delay; he pointed out that some PR proposals compare high FER for CuT low FER for reference. 

Mr Craig Greer (Samsung) commented that TS 26.114 has a guideline to keep late losses down to 1%, so there is no need to increase infinitely buffer depth to eliminate losses.
Mr Stefan Doehla (Fraunhofer) pointed to S4-100912 which describes the same problem and offers a compromise. He asked what is the total FER for the reference, when every packet that has delay beyond 200 ms is discarded.
Mr Vivek Rajendran (Qualcomm) clarified that the packet losses would be counted in addition to every packet arriving later than 200 ms.
Mr Stefan Doehla (Fraunhofer) stated that with the threshold of 200 ms for some cases, FER would be slightly higher than 1% for late losses.
Mr Vivek Rajendran (Qualcomm) did not believe late loss rate would be >1% for the 6 MTSI profiles.
Mr Anisse Taleb (Huawei) preferred to have a reference coder operating with a realistic JBM compliant with TS 26.114.

Mr Vivek Rajendran (Qualcomm) proposed to cap late losses to 1% for the fixed JBM and 6 error profiles.

Mr Nobuhiko Naka (NTT DOCOMO) asked if the 10% FER condition would apply only to the channel aware mode, which was the case.
It was clarified that the 22 dBov level should be understood as -26 dBov.

The EVS SWG Chairman asked whether the signal to switch to channel aware mode, required a change of DC. 
Mr Milan Jelinek (VoiceAge) asked to clarify the resolution and type of signal (e.g. bad / good channel if binary) used to trigger switching. 

The EVS SWG Chairman recalled the principles of codec adaptation and link adaptation, with 2 extremes: ideal channel state estimation with highest resolution for encoder or no feedback.
Mr Vivek Rajendran (Qualcomm) clarified that the idea is to simulate one particular case when there is a bad channel and to test the coder in these conditions.
Mr Stefan Doehla (Fraunhofer) requested to clarify first how RTCP messaging is defined in terms of granularity for error reporting and he felt premature to agree on the proposal when the surrounding system to encoder is not well understood.
Mr Nobuhiko Naka (NTT DOCOMO) repeated the NTT DOCOMO position from previous meetings that such high FER may not be needed in the EVS project; he stated that if 10% FER is assumed it is not sure that channel aware mode is efficient and useful.
Mr Stéphane Proust (ORANGE) understood the proposal to address unmanaged best-effort network, and not 3GPP managed networks.
Mr Craig Greer (Samsung) viewed the proposal of channel aware mode as something that makes codec more valuable, more robust, for lots of applications and capabilities.
Mr Stefan Doehla (Fraunhofer) asked if channel protection is assumed to increase and whether such mechanism should be defined.
Mr Imre Varga (Qualcomm) clarified that this proposal will make the EVS coder more universal, not to cope only with 3GPP networks. He proposed a step wise approach with a channel aware mode, and not high FER handling in normal mode of the coder aiming at solving all problems at the same time.

Mr Noboru Harada (NTT) considered that this channel aware mode is reopening the DC discussion and preferred not to go back to DC which are already completed.
Conclusion:

TD S4-110864 was noted.

The part on channel aware mode was left for offline discussions. The JBM part was to be discussed jointly with S4-110912.
Mr Stefan Dohla presented TD S4-110912 On Performance Requirements for JBM, from Fraunhofer IIS
This document proposed to test JBM independently from DTX for different input types. It is felt sufficient for candidates to provide delay CDF and JLR information with no additional constraints on top of TS 26.114. Two options (A, B) are proposed to generate reference conditions, option A is preferred by the Source. Table in Annex B is proposed for approval. 
Comments / questions: 
Mr Noboru Harada (NTT) asked how to test the proposed requirements on speech and music, given that the time line may have changed (sample may be shorter or longer).
Mr Stefan Doehla (Fraunhofer) stated that a methodology for FEC conditions could work, even though he was not sure about time scaling impacts, FER tests should have some similarity.
Mr Anisse Taleb (Huawei) has several questions/comments:

· What is option B exactly?
· Why testing with DTX off is 'essential' ? Mr Anisse Taleb (Huawei) considered that the normal codec operation mode is with DTX enabled and DTX is part of the codec.
· Why jitter buffer loss rate in Table 1 is not 1% after the proposed delay optimization ?

· Option B does not really follow the idea of S4-100441 where the candidate and reference have the same frame error condition so as to only have the effect of time scaling.

· Annex A defines a constraint that is not in TS 26.114.

· In Annex B, the effect of time scaling can be evaluated by subjective methodology, and time scaling don't have to be considered as frame loss.

· Option B is complicated and risky, Option A is good.
Mr Stefan Doehla (Fraunhofer) provided the following clarifications:

· DTX on corrsesponds to scenarios where bit rate is too high, there too much activity in signal, etc. He stated that it is important to perform time scaling in active signals, not just inactive ones.
· Granularity of delay does not allow reaching exactly 1% 

Mr Noboru Harada (NTT) considered that it is appropriate to test time scaling with DTX off and avoid doing time scaling in CNG part; he added that the EVS SWG already defines simple FER tests, so testing with DTX on and off in the FER case already covers a subset of JBM performance; he preferred to evaluate the performance of time scaling for JBM tests.
Mr Imre Varga (Qualcomm) was not in favour of option B because it required time scaling for the reference coder and there is not time scaling defined for AMR-WB.

Mr Anisse Taleb (Huawei) emphasized that DTX is quite extensively used; he added that the JBM test is not to test time scaling, or DTX, but how EVS will perform an IP-based scenario. He suggested testing all approaches with a realistic test and not to test a design that would be too easy or too hard for some algorithms.
The EVS SWG chairman noted some voices against option B while option A is close to S4-110864; he suggested to work under option A with some possible adjustment.
Mr Noboru Harada (NTT) stated that JBM should be tested in characterization. This was left to be discussed in A.I. 6.7. 

Mr Noboru Harada (NTT) questioned how to set subjective requirements for JBM.

Mr Anisse Taleb (Huawei) recalled that the requirement for JBM is defined and the missing piece was only about how to fix the error profiles for the reference codec, which is solved by option A.
Conclusion:
TD S4-110912 was noted.

The EVS SWG Chairman summarized that option A in TD S4-110912 assumes a static JBM with JB length adjusted to get at most 1% LLR and no time scaling is required for the reference. He stated that the exact value of 1% for LLR may be discussed. Option A was agreed, and it was left to the editing session to define how the actual adjustment to 1% LLR is done. 
The EVS SWG chairman asked whether both DTX on/off will be used for JBM testing, like in other PRs. The EVS SWG agreed on having both DTX on and off in the JBM PR case.

Mr Bernhard Feiten presented TD S4-110908 Categories of noisy speech for EVS performance requirements, from Deutsche Telekom AG
Clean speech is artificial, voice with ambient noise is important, several noise types are listed and this contribution considers the most important background noise would be music.
Clean speech for high efficiency, music is important for gaming, music on hold, noisy speech is proposed with background music for SWB.  Could agree to limit the num
Comments / questions: 
Mr Nobuhiko Naka (NTT DOCOMO) stated the he would like to have a variety of noise types encountered in MTSI service and networks.
Mr Harald Pobloth (Ericsson) commented that background music should be considered as a  signal class of mixed content, which makes it possible to consider further noise types in the noisy speech category.
Mr Bernhard Feiten (Deutsche Telekom) stated that background music may be in the mixed content & music category, and he clarified that noisy speech is speech with ambient sound where music could be the ambiance. 
Mr Anisse Taleb (Huawei) stated that noise is considered as 'bad', there are noise reduction mechanisms, and DTX will cut off these sounds. He asked to clarify whether the objective in EVS is to transmit or remove background noise. He emphasized that DTX is important aspect for capacity.
Mr Bernhard Feiten (Deutsche Telekom) assumed enough capacity and considered that part of good quality is that background noise is also transmitted (not of reducing background noise). He explained that listening to a remote room with all sound provides a very good and nice experience. 

Mr Anisse Taleb (Huawei) rather considered background noise (e.g. in a night club) as disturbance preventing hearing well the voice signal.

Mr Harald Pobloth (Ericsson) stated that background music should be faithfully conveyed by the EVS codec, and for this reason speech with background music belongs to mixed content.
Mr Stéphane Ragot (ORANGE) invited to have some consistency between SQ and EVS SWGs, and consider using the noise types discussed in the Ext_ATS WI (e.g. catefetia noise, etc.). 
It was clarified that this contribution discussed adjustable SNR to motivate the use cases.

Mr Noboru Harada (NTT) supported including speech with background music and asked how mixed content can be defined. It was pointed out that other contributions address this definition. 
Conclusion:

TD S4-110908 was noted.

It was concluded that a definition of mixed content category is needed, more noise types may be considered and it would be possible to align them to noise cases in the SQ SWG.
Ms Mi Suk Lee presented TD S4-110945 Proposals for EVS performance requirement (EVS-3), from ETRI
This contribution considers other noise types (street, background music, interfering talker) and noise level restriction to -26 dBov for FER condition.
Comments / questions: 
It was clarified that the source has no preference among the 3 listed noise types.

The EVS SWG Chairman asked if the proposal to limit the level to -26 dBov was acceptable for FER testing; this proposal was agreeable.

Mr Noboru Harada (NTT) asked whether this proposal was to use a single level for all content types (clean speech, for music and mixed content, etc.)
The proposal was reformulated as ' FER testing at one single level'.

Conclusion:

TD S4-110945 was noted.

It was agreed to use testing at one single level for FER conditions
The proposal on other noise types was noted and would be discussed when considering either adding one new noise type in EVS-3 or not adding further noise types to the existing list.
Mr Markus Schnell presented TD S4-110914 On Performance Requirements, from Fraunhofer IIS
Comments / questions: 
AMR-WB is seen as a relevant reference for SWB and it is considered that mixed BW testing can be solved by appropriate methodology. Some requirements were updated (text in yellow).
Conclusion:

Mr Imre Varga (Qualcomm) considered that SWB coders can be used as a reference at 13.2 kbit/s and using AMR-WB as a reference is a step back.
Mr Markus Schnell (Fraunhofer) clarified that G.718 test results showed that it is not obvious that SWB codecs lead to better quality than WB; he clarified that the performance of AMR-WB compared to SWB codecs is missing information, while the proposed requirement ensures that EVS will be better than what is available.

Mr Milan Jelinek (VoiceAge) reiterated his dislike of the 'BT' criterion.
Conclusion:
TD S4-110914 was noted.

Mr Milan Jelinek presented TD S4-110919 Updated proposal for EVS Permanent document (EVS-3): EVS performance requirements, from VoiceAge Corporation
Few modifications to previous proposals are made. Principles for setting requirements were recalled.
Comments / questions: 
Mr Nobuhiko Naka (NTT DOCOMO) noted that the reference at 13.2 kbit/s was changed from 24 to 32 kbit/s and detected a typo (identical requirement and objectives). He asked to clarify the meaning of 'tbd' requirements in lower rate SWB cases.
Mr Milan Jelinek (VoiceAge) explained that no suitable reference was found in lower rates.
Conclusion:

TD S4-110919 was noted.

Ms Holly Francois presented TD S4-110957 Proposed Performance Requirements, from Motorola Mobility UK Ltd.
This document proposes some updates to previous proposals. Text is black is existing, proposed changes are in red.
Comments / questions: 
Mr Nobuhiko Naka (NTT DOCOMO) asked whether it is proposed to set no requirement or the source did not find any suitable reference for SWB mixed content at 13.2 kbit/s.
Ms Holly Francois (Motorola) clarified that the source did not set any requirement because it was felt more appropriate just to have an objective.
Mr Noboru Harada (NTT) emphasized that the source proposed to set priority 'Q' for SWB 13.2 kbit/s and asked how to test this rate in qualification with no requirement.
Ms Holly Francois (Motorola) stated that it is still possible to test and have an objective.
Mr Imre Varga (Qualcomm) stated that there is no scenario for VBR with music and asked for the motivation to set a requirement in this case.

Ms Holly Francois (Motorola) explained this document in based on the existing EVS-3 P-doc where the requirement appeared with a value in brackets.
Mr Stefan Doehla (Fraunhofer) asked how jitter can be applied to DIRECT.

Ms Holly Francois (Motorola) stated that same techniques (delay) could be applied to DIRECT.

Conclusion:

TD S4-110957 was noted.

Ms Holly Francois presented TD S4-110958 Proposed Priorities for Performance Requirements, from Motorola Mobility UK Ltd.
Requirements and objectives are copied from EVS-3 ; only proposal is the priority column. The proposal may help EVS-3 editing and may be used to focus the discussion on qualification. 
Comments / questions: 
Mr Stéphane Ragot (ORANGE) stated that the priority of the meeting is to finalize all EVS PRs, and not just a subset of PRs for qualification.

Mr Noboru Harada (NTT) asked to focus on requirements and objectives and discuss priorities at another time. He also had concerns with the test size limitation and the possibility of filling the priority column with too many Q's.
Mr Milan Jelinek (VoiceAge) commented that PRs depend on frequency masks and suggested agreeing on frequency masks first.
The EVS SWG Chairman invited setting requirements so that they could be met with different frequency masks, and not only with a specific mask
Mr Stéphane Ragot (ORANGE) proposed to allocate the inputs about frequency masks to A.I. A3.

Holly Francois requested that during the editing of the performance requirements, the discussion of any requirements that the group could agree were not relevant to qualification be postponed until the more urgent requirements were agreed.

The chairman and the EVS-3 editor both preferred to take the requirements sequentially, unless discussion proved contentious.

Conclusion:

The part related to requirements in TD S4-110958 was noted.

Mr Harald Pobloth presented TD S4-110986 EVS codec performance requirement on content switching, from Telefon AB LM Ericsson, ST-Ericsson SA
There are several multimode codecs switching between different technologies optimized for different content types. There may be switching artefacts, and it is proposed to test content switching with expert listeners.
Comments / questions: 
Mr Markus Schnell (Fraunhofer) asked why expert listeners are needed for content switching artefacts when naive listeners are used for other coding artifacts; he considered naive listeners could detect artifacts.
Mr Harald Pobloth (Ericsson) clarified that it is more efficient to have expert listeners for the proposed test, and speech between music may potentially be averaged into other mixed content signals.
Mr Stéphane Proust (ORANGE) preferred to see tests based on use cases, and not on the assumption of technologies; he considered the proposed test is covered in mixed content testing, and averaging over samples is natural.
Mr Harald Pobloth (Ericsson) stated that there is nothing particular in 'speech between music' as all information is from separate speech testing and music testing; he added that the proposed test will save a lot of MOS listening.
The proposed requirement and the way to test this requirement were discussed in more details.
Mr Anisse Taleb (Huawei) commented that the problem of switching artifact could occur within the speech category, with voiced / unvoiced speech classification or transient / stationary signal coding. He proposed to enlarge the proposal to other cases where switching is involved.
Ms Eunmi Oh (Samsung) proposed to make sure that mixed content contains a mixture of speech between music for mixed content testing. Mr Harald Pobloth (Ericsson) considered this approach as expensive.

Conclusion:

TD S4-110986 was noted.

Concerns on the proposal were raised and the proposal was left for offline discussions.
Mr Minjie Xie presented TD S4-110926 Performance requirement and evaluation for VAD/DTX/CNG operation on the EVS codec, from ZTE Corporation
A method is proposed to evaluate DTX operation of EVS. The objective part is based on ideal CAF, and for the subjective part EVS DTX off is used as the reference with clean speech, noisy speech and music/mixed content.
Comments / questions: 
Mr Harald Pobloth (Ericsson) recommended having no requirement on activity rate for music and mixed content (DTX could be put in a wrong place and clip if a threshold is set); he preferred a subjective test for this case.

Mr Milan Jelinek (VoiceAge) also had concerns on objective requirements for music and mixed content.

Mr Noboru Harada (NTT) had concerns on self-referencing where the DTX requirement may not be met if there is a large difference between 'DTX on/off' while both conditions are above the requirement. Mr Milan Jelinek (VoiceAge) added that a candidate might be forced to degrade its codec performance with DTX off if DTX on degrades a lot performance.
Mr Milan Jelinek (VoiceAge) had issues with the ideal CAF, and stated that there might no issue with car but for with babble, office, interfering talker, background music there can be pieces of speech and ideal activity cannot count for segments that should be coded.
Mr Stefan Doehla (Fraunhofer) wondered whether the proposed margins could address this concern on ideal CAF. It was commented that the margin would have to be based on exact recording of noise.
It was pointed out that the choice of CAF (ideal or existing codec) would depend on margins.

Mr Anisse Taleb (Huawei) stated that there should not be an objective VAF for music & mixed content, only subjective is important. He preferred using only a reference CAF of legacy codecs. He stated that self-referencing was used in AMR characterization of VADs and would not be a problem.
Mr Milan Jelinek (VoiceAge) did not see any problem to do self-referencing for characterization, but he did see a problem for pass/fail requirement as it could encourage the proponent to reduce performance in DTX off condition in order to pass the DTX on condition. Stated differently, if two candidates have the same DTX on performance, and codec A has significantly higher DTX off performance than codec B, the codec A would fail the self-referencing requirement just because of its superior quality ; this should be avoided.

Mr Anisse Taleb (Huawei) stated that the ideal margin would highly depend on SNR, noise type, etc. and it would be better to set a margin on reference VAD; he added that what is important is to maximize quality while minimizing bandwidth, and the relative importance of noise and SNR would be captured in the reference VAD.
Conclusion:

TD S4-110926 was noted.

Some companies expressed concerns on the objective criterion for music & mixed content. The proposal was to be inserted in EVS-3 in brackets for discussion during the editing session.

Mr Stéphane Ragot presented TD S4-110938 On frequency masks for EVS testing, from ORANGE SA
Comments / questions: 
Mr Jari Hagqvist (Nokia) asked the relationship between this contribution and contributions in ITU-T SG12 on the definition of NB, WB and SWB.

The SA4 Secretary clarified that the work in SG12 will modify audio bandwidth definitions in P.10.
It was clarified that in ITU-T, the 50-7000 Hz is only nominal bandwidth, also sampling rate are disconnected from the definitions, and wideband can be wider than the nominal bandwidth (i.e. wider than 7 kHz).
It was noted that the audio bandwidth definitions will go to SG16 to produce adequate filters for processing.

Mr Stéphane Ragot (ORANGE) clarified that the lower part of the mask aims at removing DC.

Mr Harald Pobloth (Ericsson) suggested considering spectral balance.

Mr Imre Varga (Qualcomm) pointed out that there is a limitation of speaker membrane, and 50 Hz is difficult given the size of transducers and normally 50 Hz cannot be reproduced.
Mr Bernhard Grill (Fraunhofer) stated that EVS will not just target 3G applications; he did not see a bit difference from15000 to 16000 Hz, but recommended a lower cutoff than 50 Hz.
Mr Nobuhiko Naka (NTT DOCOMO) commented that there is interconnection with PSTN, and there is some signal processing in terminal (e.g. echo canceller, etc.) and the mask may affect the design of speech in the existing network.
Mr Stéphane Ragot (ORANGE) stated that the motivation is to increase quality for mobile to mobile communications which are an important application of EVS, and acknowledged that interconnection through gateways may consider other masks. He emphasized that the send mask is only meant for EVS testing and is not setting requirement on terminal acoustics or signal processing algorithms.

Mr Anisse Taleb (Huawei) stated that the spectrum of echo could spread the whole frequency range, and signal processing functions usually consider the whole spectrum. 
Mr Markus Schnell (Fraunhofer) asked if the new masks would be applied to EVS only or to reference codecs as well.
Mr Stéphane Ragot (ORANGE) clarified that the intention is to have the same mask for EVS and reference codecs.

Mr Stéphane Proust (ORANGE) stated that the mask would be a pre-processing for all conditions (EVS, reference) and the potential impact of masks has to be taken into account when setting PRs.

It was clarified that the masks would be applied to the DIRECT as well.

Mr Anisse Taleb (Huawei) asked if the ideal filter 50-4000 Hz could be used as a mask in NB. This proposal was repeated by the EVS SWG Chairman and was agreeable by the EVS SWG. The EVS SWG Chairman then proceeded to the WB  mask and asked if the 50-8000 Hz ideal mask was agreeable, which was the case. The 50-16000 Hz mask in SWB was also agreeable to the EVS SWG.
Mr Craig Greer (Samsung) asked to consider fullband. The 20-20000 Hz mask in FB was agreeable to the EVS SWG.

It was confirmed that the mask will be applied to candidates and reference codecs.

Mr Anisse Taleb (Huawei) asked if a receiving mask was needed.
Mr Stéphane Ragot (ORANGE) clarified that post-processing by the mask is not needed for critical sampling, in this case only 50 Hz high pass filtering may be needed.

Mr Anisse Taleb (Huawei) noted that that if sampling rate is critical for a given bandwidth, the mask corresponding to the bandwidth may be applied as post-processing for testing.
Conclusion:

TD S4-110938 was noted.

The following ideal masks were agreed for both reference and EVS conditions and DIRECT (as pre-processing) :

· in NB: 50-4000 Hz

· in WB: 50-8000 Hz

· in SWB: 50-16000 Hz

· in FB: 20-20000 Hz 
4 Contributions to Qualification Rules (EVS-5a)
Mr Imre Varga presented TD S4-110863 On EVS Qualification Rules, from Qualcomm Incorporated
The contributions proposes test sets, rules and FoMs based on the dBQ measure.

Comments / questions: 

Mr Stéphane Ragot (ORANGE) pointed out that MNRU are not applicable in SWB which brings an issue of the proposed dBQ measure.
Mr Imre Varga (Qualcomm) acknowledged the need for MNRU in SWB, and explained that Qualcomm has contributed in ITU-T on this topic to have P.800 SWB tests.
Mr Stéphane Proust (ORANGE) stated that, even if work is done on MNRUs for SWB, we have to take into account 2 dimensions: noise and bandwidth; he added that in SWB a candidate may have a lower bandwidth, dBQ takes only the SNR factor, and for SWB we would not take into account the bandwidth dimension of candidates.
Mr Stéphane Proust (ORANGE) recalled that qualification is to eliminate bad candidates and ranking is the second purpose; he asked why the number of pass/fail would not be sufficient for qualification and why a more complicated way of ranking is proposed.
Mr Imre Varga (Qualcomm) explained the motivation to be similar to AMR-WB: 2 candidates may be similar in number of passes/fails, but passes may be very different, one may just pass, another may have a large margin, hence the pass/fail counting is not sufficient and a more refined measure is needed.
Mr Yusuke Hiwasaki (NTT) noted that deltaMOS and deltadBQ were used in previous codec exercises in 3GPP, and had less problems with dBQ than with deltaMOS except that there is no proper MNRU for SWB. He explained that MOS figures would depend on test setup, may give different results across the language and labs and is not an accurate measure for the targeted purpose. He recalled that qualification tests will be in-house, with different test languages and setups for each candidate, therefore deltaMOS might not be a good idea at least for qualification.

Mr Imre Varga (Qualcomm) clarified that dBQ is proposed, but not the deltaMOS metric (text includes deltaMOS for completeness); he stated that dBQ is more suited for comparison across experiments. He stated that SWB MNRUs are needed for P.800 SWB testing as such, irrespective of whether we use dBQ.
The discussions then addressed test sets.

Mr Milan Jelinek (VoiceAge) pointed out that there would be only one NB rate (13.2 kbit/s) in test set 2. It was clarified that the 13.2 kbit/s rate was more for WB and for NB another cross-over rate may be defined.
Mr Bernhard Feiten (Deutsche Telekom) discussed the justification for DTX settings in test sets 1 and 2 and proposed to merge these 2 sets. It was clarified that the proposed sets 1 and 2 are motivated to reduce test size and reflect that 'DTX on' is for high efficiency and 'DTX off' for high quality.

A discussion on the EVS TR and EVS WID then took place regarding efficiency vs high quality and the relationship with test sets.
Mr Noboru Harada (NTT) pointed out that several proposals from other contributions should be considered.
Conclusion:

TD S4-110863 was noted.

Mr Markus Schnell presented TD S4-110913 Simplified Qualification Rules, from Fraunhofer IIS

A qualification procedure is proposed. Minimum performance requirements are proposed to avoid unbalanced overall performance – this does not apply to interoperable modes. Best performing candidate for each major WI objective is qualified. This proposal applies to qualification, for selection some extra work on FoMs will be required.
Comments / questions: 
Mr Jari Hagqvist (Nokia) stated that the combination phase assumes that technologies are combinable at the end, which may not be an automatic thing due to complexity issues or other technical issues; he noted that one codec winning in one category may be at the bottom in another which may be a problem.
Mr Markus Schnell (Fraunhofer) explained that the second concern is reflected in proposal by applying a minimum performance for each category, to guarantee minimum performance (at least 50% of all conditions in each major objective) and have balanced performance.
The EVS SWG Chairman recalled that rule 1 is for DC, rule 2 is an elimination rule based on PR, and rule 3 is based on FoMs.
Mr Anisse Taleb (Huawei) supported the idea of going through WID objectives and ranking codecs according to WID objectives. He had concerns with automatically qualifying the best candidate in certain category. He gave the example of a codec ranking number 2 in all cases, showing consistent quality and which could be the best codec than one codec that has a single best ranking (e.g. speech).

Mr Stéphane Proust (ORANGE) supported using test sets for elimination (if performance is bad over all test cases); he saw a contradiction that best performer is qualified, when a technology could be optimized for one specific case and performance could be lower for all other conditions, in this case qualification could lead to unbalanced performance of qualified candidates. 
Mr Bernhard Grill (Fraunhofer) clarified that the minimal quality is ensured by the rule of 50% and the intention is to keep in the second phase the best candidates showing the most promising performance in all categories, to make sure we don't lose anything in qualification phase.
Mr Craig Greer (Samsung) had a concern about qualifying a codec that is higher ranking in one category. He stated that the proposed approach is for a collaboration phase and not  selection. He emphasized that the goal is to make sure to pick 5 candidates with uniformly good performance.
The counting of passes/fails was clarified to be per lab and per condition (e.g. if a condition is passed in 2 labs, the codec get 2 points).

Conclusion:

TD S4-110913 was noted.

Mr Nobuhiko Naka presented TD S4-110960 Proposed principles on sets, from China Unicom, Deutsche Telekom AG, NTT DOCOMO Inc., NTT Corp
This document proposes a number of principles for sets to be used in EVS qualification rules (reflect WID objectives, no weakness in any WID objective, sufficient number of conditions in each set, split NB-WB and SWB performance). 
Comments / questions: 
It was pointed out that this input is related to TD S4-110978.

Mr Stéphane Ragot (ORANGE) commented that the focus on two key operation rates (13.2 and 24.4 kbit/s) would contradict the principles of sufficient number of operation points.
Mr Milan Jelinek (VoiceAge) commented on the implication of d) and e) principles with regards to the WID objectives. It was clarified that the main objectives of WID should be reflected as is.

Mr Noboru Harada (NTT) pointed to TD S4-110978 for a more detailed opinion on test sets; he emphasized that SWB is a new functionality introduced in EVS and it is important to make sure that quality is enough and that improvement in NB and WB is sufficient, which translates in 2 sets.
Conclusion:

TD S4-110960 was noted.

Mr Noboru Harada presented TD S4-110978 Proposal for the qualification rules of the EVS codec standardization, from NTT DOCOMO INC., NTT Corp., Deutsche Telekom AG
This document proposes test sets for qualification rules. Five sets are defined according to the WID objectives; all sets are to have the same importance and treated equally. It is proposed not to test subjectively JBM and AMR-WB interoperable modes in qualification.
Comments / questions: 
Mr Craig Greer (Samsung) asked if the 12 categories map to qualification experiments and what is the weighting for music & mixed content; he also saw an overlap between sets.

It was clarified that:

· there is not 1:1 mapping between categories and experiments

· each set has equal weighting (1/4)
· sets are derived in a top-down approach from WID objectives

· no solution is proposed in this contribution for ranking candidates; ranking is left open
Mr Yusuke Hiwasaki (NTT) was unsure that ranking is required in qualification where the goal is to slim down the candidate number for next phase; the proposed test sets are intended as indication to discriminate the performance of 15 candidates.

Mr Harald Pobloth (Ericsson) asked if there isn't an implicit weight between sets as the number of categories is not uniform.

Mr Noboru Harada (NTT) clarified that categories are proposed for the elimination rule, for instance to avoid good performance only in NB/WB mixed content & music but poor performance in SWB mixed content & music; the Source would like to ensure good performance on both cases, which is the motivation for categories. He added that with no separation in categories an unbalanced candidate could pass the elimination rule.
Mr Noboru Harada (NTT) clarified that test sets have equal weighting because nobody can say which a set is more important than another.
Mr Harald Pobloth (Ericsson) did not understand the meaning and equal importance of the test sets in this proposal.
Mr Anisse Taleb (Huawei) supported having sets mapping to WI objectives. He asked to clarify what categories mean in terms of verifying and ranking? He also proposed to consider, just like the NB/WB vs SWB separation, a separation between low and high bit rates, considering that low bit rates are important in wireless.

Mr Noboru Harada (NTT) stated that sets can be subdivided into high efficiency / high quality, without distorting the 1 to 1 mapping from WID objectives. He stated that, in order to get equal contribution from each set, some sort of normalization should be used.

Mr Anisse Taleb (Huawei) asked to clarify when sets or categories are used.

Mr Noboru Harada (NTT) clarified that the elimination rule would be used on each category, (modified rule 2a).
The EVS SWG Chairman explained that sets would be relevant for the calculation of FoM and categories for elimination.
Mr Imre Varga (Qualcomm) preferred a single list of test sets.
Mr Milan Jelinek (VoiceAge) also had concerns concerning the separation into categories for some sets, which implied that all sets do not have the same importance and are not rated equally, with the elimination rule.
Mr Yusuke Hiwasaki (NTT) summarized that this contribution is the basis of the Source's position, and discussion can focus on 5 sets first, before considering categories.

Mr Stéphane Proust (ORANGE) stated that, if rule 2a is just for elimination, there can be a compromise: if we map categories with test sets proposed by Qualcomm, we could have a list of subtest sets that ensure sufficient performance for rule 2a, there would be no question of weighting, then the question of how FoM is computed is another topic. He added that it would be possible to discuss rule 2a first, and then only to derive a smaller number of FoMs. Mr Imre Varga (Qualcomm) agreed with this approach.
The EVS SWG Chairman summarized that the discussion of elimination rules may be decoupled from the discussion of FoMs.

Conclusion:

TD S4-110978 was noted.

Mr Harald Pobloth presented TD S4-110999 Definition of speech service, from Telefon AB LM Ericsson, ST-Ericsson SA, Huawei Technologies Co. Ltd.
Speech service in defined in TS 22.105 and ITU-T E.105. It is concluded that in speech service the primary content type is speech.
Comments / questions: 
Mr Imre Varga (Qualcomm) noted that, in TS 22.105 and E.105, speech is the only content type being mentioned, music is not addressed at all.
Conclusion:

TD S4-110999 was noted.

Documents related to the definition of mixed content type were added to this A.I. during the meeting, given that such definition is required to progress several topics (categories in qualification rules, noise types and mixed content for PRs). The related presentation/discussion is summarized below:
Mr Markus Schnell presented the part dealing with the definition of mixed content in TD S4-110911 Proposed item selection process for mixed content and music, from Fraunhofer IIS
Only section 3.2 was presented. 
Comments / questions: 
The meaning of 'professionally produced audio scenario' was discussed. It was clarified that the speaker would be professional, which contrasts with usual speech database.

Mr Anisse Taleb (Huawei) commented on the examples (news trailer, advertisements, movie sound tracks), he emphasized that EVS is a codec for conversational applications and it needs to represent a simple user (not professional) that wants to play mixed content. He was unsure that movie sound tracks fit in this use case, and acknowledged that advertisements could be played in a call for free services for instance.

Mr Markus Schnell (Fraunhofer) clarified that these examples are taken from the definitions from 3GPP audio codec exercise, so as to stress very well a speech codec while representing a communication scenario.
Mr Harald Pobloth (Ericsson) preferred a selection more driven by use cases, noting that the audio codec target was different. He commented on the similar level of music and speech, and was unsure that professional speaker fits in a use case.

Mr Imre Varga (Qualcomm) stated that the proposal in mixed content box you discuss broadcast content, 
Mr Stéphane Proust (ORANGE) disagreed with selecting items to stress the codec assuming a certain technology. He insisted that items must be the typical items that represent the usage, and recommended to define content by speaking about use cases. He commented on the assumption of 'same level', and stated that ambient music is an interesting use case, where music is below speech.

Mr Markus Schnell (Fraunhofer) acknowledged that the proposed definition may be incomplete.

Mr Noboru Harada (NTT) listed some main application domains: cellphone recording music, answering speech, music on hold, future answering system in company capable with SWB, music with announcement.
Mr Anisse Taleb (Huawei) stated that mixed content would be composed by speech over music and speech between music, however in these 2 categories content should reflect real usage, e.g. call to customer service, put on hold, with advertisement, ticket number, etc.

Mr Milan Jelinek (VoiceAge) commented on the length of items (between 8 and 15 s) and stated that 15 s would be too long, depending on methodology.
Conclusion:

The part dealing with the definition of mixed content in TD S4-110911 was noted.

Mr Harald Pobloth presented the part dealing with the definition of mixed content TD S4-110984 EVS codec performance testing for music and mixed content, from Telefon AB LM Ericsson, ST-Ericsson SA 
Only section on mixed items was presented. 
Comments / questions: 
Mr Bernhard Grill (Fraunhofer) stated that usually items do not have hard transitions between speech and music.

Mr Harald Pobloth (Ericsson) clarified that the source can accept 'speech between music'.
Ms Eunmi Oh (Samsung) stated that if 'speech between music' is included in mixed content, mixed content should be on based on application scenarios, and not artificially made items.
Mr Noboru Harada (NTT) stated that defining mixed content and testing is different. The definition of mixed content should reflect its application scenarios. On the other hand, for testing, if labs use different material, it may be difficult to compare results; therefore definition of mixed content and how to test it are both is needed to be discussed.

Mr Stéphane Proust (ORANGE) stated that the 2 proposals can be merged, with speech over music with different SNR and speech between music.

Mr Anisse Taleb (Huawei) has concerns if mixed content is produced by candidates and not naturally produced.

Mr Harald Pobloth (Ericsson) commented that the problem solved by the definition in TD S4-110984 is to use native speech material in different labs.
Mr Stéphane Ragot (ORANGE) noted that the proposal implements the processing for speech with background music (as mixed content). Mr Bernhard Feiten (Deutsche Telekom) asked to clarify the number of speech with background music items for testing.

Mr Milan Jelinek (VoiceAge) asked whether it was meant that speech would be selected by listening labs, but music would be common to all candidates.
Mr Imre Varga (Qualcomm) had concerns that MOS scores would depend on many small factors (e.g. amount of speech, etc.) and did not support including speech between music items.
Mr Yusuke Hiwasaki (NTT) commented on the SNR level around 15 to 20 dB, and stated that usually music would have similar rms level with speech traditionally used in the mixed content, and therefore disagreed with the proposed level.
It was clarified that the SNR levels are open for discussion.

Mr Bernhard Grill (Fraunhofer) was unsure that speech with background music (with high SNR) is mixed content; he stated that it would be nice if background noise can be tonal, and that background noise is different animal from mixed content. He emphasized that for LTE for LTE there is some expectation of much higher quality which triggered the Fraunhofer input on professional content.
Mr Harald Pobloth (Ericsson) stated that the expectation is that background music is reproduced with fidelity, which is not difference from the requirement of professional content; he stated that for Ericsson ambient music is a mixed item, because music should be reproduced with same fidelliy as with professional music.
Ms Holly Francois (Motorola) asked whether NTT suggests a mix of mixed content with speech over music (20 dB),  and speech between music at similar levels.

Mr Nobuhiko Naka (NTT DOCOMO) clarified that mixed items contain music and speech, where background music will be covered, and intelligibility of speech is important in mixed content, and we don't want degraded both speech and music quality

Conclusion:

The part dealing with the definition of mixed content in TD S4-110984 was noted.

5 Qualification Deliverables (EVS-6a)
S4-100803 EVS Codec Development: Qualification Deliverables (EVS-6a) v. 0.0.3, from Editor was not presented because this Tdoc is from SA4#65.
Mr Stefan Doehla presented TD S4-110910 Additional Qualification Deliverables, from Fraunhofer IIS
Comments / questions: 
Mr Jari Hagqvist (Nokia) noted that this contribution asks for a lot of information about candidates and asked to clarify the relationship with test sets.

Mr Markus Schnell (Fraunhofer) clarified that the proposed deliverables are to verify compliance with DC.
Mr Harald Pobloth (Ericsson) commented that there is no DC on audio bandwidth,.and recalled that Fraunhofer was against the definition of a DC on audio bandwidth.
Mr Markus Schnell (Fraunhoger) stated that each candidate can freely choose the bandwidth according to the mode, and the audio bandwidth is interesting information.
Mr Imre Varga (Qualcomm) noted that it is proposed to move from an optional demo tape to a mandatory demo material; he asked why material on bit rates that are covered by qualification experiments are not allowed or required in this proposal; he also stated that AMR-WB with DTX is important for JBM performance evaluation. 

Mr Stefan Doehla (Fraunhofer) explained that this proposal is aligned with S4-110912 for the use of 'DTX off' in JBM testing.
Mr Anisse Taleb (Huawei) did not see the connection between reporting CDF / jitter loss rate and using existing AMR-WB bistream from TS 26.114, and did not understand the choice of 2 offsets.

Mr Stefan Doehla (Fraunhofer) clarified that the AMR-WB bitstream in 26.114 (in payload format as in rtpdump) is with DTX on and silence portions may be used for time scaling; the use of this bitstream would inform about the type of time scaling implemented by candidates, and verify the compatibility of interoperable modes with AMR-WB ; he also recalled that a conforming JBM solution in MTSI shall be able to operate for any start offset in patterns (for a circular shift) and the two offsets offer a way to verify this requirement.
Mr Anisse Taleb (Huawei) considered that the CDF  / jitter loss rate are a by-product of the testing of JBM, and did not see the usefulness of the proposed additional information.
Mr Hiroyuki Ehara (Panasonic) asked to clarify the reason for using the IETF template to report the RTP payload (including for instance an IPR declaration).

Mr Stefan Doehla (Fraunhofer) clarified that the RTP payload format should go to IETF in the end.
Mr Noboru Harada (NTT) asked how to check compliance with DC if RTP payload included in deliverables.

Mr Stefan Doehla (Fraunhofer) considered that the RTP payload deliverable should be treated as for information only, but it would be required because of the associated DC.
Conclusion:

TD S4-110910 was noted.

6 Joint editing of EVS P-docs
The EVS-3 Editor (Stéphane Ragot) presented the working document S4-111001 EVS Permanent document (EVS-3): EVS performance requirements v0.0.5rev1. containing only editorial corrections to v0.0.5.
S4-111001 was updated to S4-111002.
The EVS-3 Editor (Stéphane Ragot) presented the working document S4-111002 EVS Permanent document (EVS-3): EVS performance requirements v0.0.5rev2 containing (in brackets) all proposals discussed in A.I. A3.
The editing session started based on S4-111002.
During the editing session, S4-111002 was updated to S4-111003 EVS Permanent document (EVS-3): EVS performance requirements v0.0.6, with the following changes:

· Some corrections to S4-111002 were made to fix some missing parts from proposals.
· Progress was made on requirements/objectives for non-interoperable modes by either removing brackets or reducing the number of options.

· In narrowband street noise was added in the list of noise types.

As part of the editing the following issues in EVS-3 were identified:

· Additional noise types for noisy speech in WB and SWB were proposed and added in brackets ; requirements for noisy speech can be discussed after the decision on noise types is solved out (especially for the case of background music as a noise type, which depends partly on the definition of mixed content)

· A definition of mixed content is needed before setting requirements for the music & mixed content category

To progress EVS-3 based on S4-111003, two adhoc drafting groups were set up with the following respective mandate:
· One adhoc drafting group was in charge of finding a compromise text on JBM performance
· Another adhoc drafting group was in charge of finding a compromise text for performance in DTX operation

Besides, FER conditions were discussed ; the discussions focused on maximum FER rates, and the following list was edited online:
Maximum FER for requirement: 3, 5, 6, 10% (no channel information)

                                                   Channel aware mode 10%

                         For objective:     3, 5, 6, 10%

Some companies felt that the decision on maximum FER for requirement depends on the agreement (or not) on a channel aware mode in the EVS codec. Offline discussions on this topic were invited.
After offline discussions, Stefan Doehla (Fraunhofer) reported the outcome of the adhoc drafting group on JBM performance – this outcome was included in EVS-3 in brackets and replaced proposals received at this meetingss.
Discussions on performance in DTX operation did not converge yet.
The agreed outcome of EVS-3 editing session, reviewed by the EVS SWG at the end of the meeting, can be found in in S4-111004, EVS Permanent document (EVS-3): EVS performance requirements v0.0.7.
The EVS-6a Editor (Imre Varga) presented a version of S4-110803, integrating in brackets the main proposals from S4-110910. The discussion on each proposal is summarized below:
· On audio bandwidth proposal:
It was pointed out that this information is interesting, not necessary. It was clarified that a frequency response measurement tool is available in G.191 and P.50 was used as a test signal for some WB exercises in ITU-T and P.501 CSS is recommended for SWB. 

Mr Milan Jelinek (VoiceAge) has no strong view on this proposal but noted that in EVS DCs have no constraints on the audio bandwidth coded by EVS. 
Based on the overall discussion, Mr Markus Schnell (Fraunhofer) requested to remove all text in brackets related to audio bandwidth reporting.

· On RTP payload proposal

It was clarified that the proposal is to disclose the RTP payload header to verify that candidates comply with the EVS DC on RTP payload, and check actual bit rates.

The actual format used to report the RTP payload format (text, IETF template) was discussed.

The EVS SWG Chairman stated that he would expect that all features that have to be supported by the EVS codec can be signaled by the RTP payload format, which needs to be shown in qualification; furthermore, the RTP payload will ensure candidate play on same grounds by knowing the RTP header overhead.
The discussion then focused on how to report and show compliance with the EVS DC on RTP payload (e.g. description of RTP header, net bit rates, SDP parameters, etc.).
Mr Stéphane Ragot (ORANGE) emphasized that qualification may be difficult with candidates do not use the same RTP header size and net bit rates, and proposed to simplify discussions by forcing, for qualification, all candidates to use the same net bit rates.
· On demo material

It was commented that providing demo material for rates not covered by qualification experiments is unnecessary and does not help showing compliance to performance requirement (support of all mandatory bit rates). The possibility of using an objective tool instead of a demo tape was also discussed. It was proposed to list all proposed demo items in the test plan. Mr Anisse Taleb (Huawei) did not see the need to check if all bit rates are supported if some rates are not tested. It was emphasized that qualification does not cover all operation points of the codec, and there may be some DC that cannot be verified at qualification. 
The agreed outcome of EVS-6a editing session, reviewed by the EVS SWG at the end of the meeting, can be found in in S4-111005.

7 Close of the session: November 6, 19:25
The EVS Chairman closed the meeting. 
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