TSG-SA4#63 meeting
Tdoc S4 (11)0372 
14-18 February, 2011, Sanya, P.R. China

Source:
EVS SWG Secretary
 (ORANGE SA)
Title:
Draft report from SA4#63 EVS SWG 
Document for:
Approval

Agenda Item:
13.1
Executive Summary
The EVS SWG (49 participants) met for 8 ¼ day time slots (including evening sessions) and addressed 22 input contributions. All allocated contributions were covered including one postponed documents (S4-100632).
The discussion on EVS design constraints was focused on three aspects: complexity, algorithmic delay, RTP payload format. Some progress was made on complexity. There was still no agreement on the algorithmic delay design constraint.
Only one input was received on performance requirements; the related discussion produced minor updates to EVS-P3 permanent document.

The discussion on qualification rules and procedures was kicked off. 
The EVS SWG meeting produced the following three output documents (not presented to the EVS SWG) listed below:
· Updated EVS-P3 (S4-110373)
· Updated EVS-P4 (S4-110374) 
· EVS-P1 with additional editors (S4-110379)
1 Opening of the session: Feb. 14, 16:08 Local Time
The EVS SWG Chairman, Stefan Bruhn (Ericsson), opened the EVS SWG teleconference call. Minutes were taken by the EVS SWG Secretary, Stéphane Ragot (ORANGE).
2 Approval of the agenda and registration/allocation of documents
The agenda S4-110194R1 was approved.

It was agreed take documents in the order suggested by S4-110194R1 and take two late documents updating the list of Sources.
Later during the meeting, the EVS SWG Secretary asked to include one postponed document (S4-100632) in the agenda.
3 Contributions to EVS Design constraints
3.1 Sampling rates/Audio Bandwidth

No contribution on this item.

3.2 Number of audio channels

No contribution on this item.

3.3 Bit rates
No contribution on this item.

3.4 Algorithmic delay
All contributions allocated to this agenda item were covered and then the discussion took place in the editing of the EVS-P4 document (see agenda item 6).

Mr Craig Greer presented TD S4-110216 EVS Codec Algorithmic Delay, from SAMSUNG Electronics
Comments / questions: 
Mr Nobuhiko Naka (NTT DOCOMO) pointed to the NTT DOCOMO contribution in the Barcelona meeting showing that there is no significant capacity gain for increase radio delay; he stated that for the 8 ms HARQ interval is only for the uplink case and that if packet bundling is considered, the retransmission interval should be 20 ms.
Mr Craig Greer (Samsung) replied that uplink is the limiting factor on air interface, and the 20 ms delay difference is 20 ms reasonable as it allows for 2 retransmissions; he emphasized that if the algorithmic delay is increased above AMR-WB , the budget for air interface is decreased under the assumption of fixed e2e delay, and RAN2 is not in favor of transferring some RAN delay budget to the codec.
The EVS SWG Chairman requested not to discuss the balance between air interface delay and codec delay.
Mr Bernhard Grill (Fraunhofer) stated that the discussion is about few ms, which is not  take significant delay different (up to 16 and 18 ms away).
Mr Bernhard Feiten stated that there is a new version of G.114 from 2003, which is different from the older version text cited in 3GPP TS 22.105, and the text cited in the EVS TR is outdated. Mr Craig Greer (Samsung) clarified that there are 3 different versions of G.114 (1996, 2000 and 2003), but in the 2003 version there is still some text on 150 ms for transparency.

Some discussion took place on the figure that is included in the contribution. It was clarified that the figure is extracted from a draft version of the 2003 version of G.114. Mr Noboru Harada (NTT) stated that this figure has not been approved.  
Conclusion:

TD S4-110216 was noted.

Mr Daniel Sinder presented TD S4-110302 Algorithmic Delay of the EVS Coder, from Qualcomm Incorporated, AT&T 
Comments / questions: 
Mr Bernhard Grill (Fraunhofer) stated that higher delay is accepted in this contribution for for higher quality, which contradicts the higher delay quality compromise in the E-model; he added that this is opposite to figures from state of the art (e.g. AAC-ELD), which have less delay at higher bit rates. 

Mr Daniel Sinder (Qualcomm) clarified that this contribution supports both high and low delay and at higher bit rates a higher delay is possible; he stated that at higher bit rates quality can benefit from higher delay and the delay impact on capacity is less than for low bit rates.
Mr David Singer (Apple) suggested setting requirements so as to discover in our Call for Proposals the optimum point of operation for delay.
The EVS SWG Chairman requested again not to discuss the balance between air interface delay and codec delay, and not to challenge the RAN2 LS.
Mr Nobuhiko Naka (NTT DOCOMO) emphasized that NTT DOCOMO wants high quality even for low bit rates, which is the reason why they propose that 50 ms must be 'shall'.
Mr Imre Varga (Qualcomm) agreed that high quality at low bit rates is important, and Qualcomm put 50 ms as an option, irrespective of bit rates, which is a compromise from their point of view.
Mr Noboru Harada (NTT) stated thart EVS quality should be better than existing AMR-WB and any existing conversational codec (without limiting the compared technology to just 3GPP codecs). Mr Daniel Sinder (Qualcomm) supported the view of EVS as a leading codec, but requested to focus on 3GPP codecs. Mr Noboru Harada (NTT) expressed concern on the quality with music input signals if the comparison is limited to only AMR-WB.
Mr Daniel Sinder (Qualcomm) suggested discussing quality aspects in performance requirements, not in design constraints.
Mr Noboru Harada (NTT) had doubts that EVS can have much better quality for musical signasl by limiting the delay to 28 ms. Mr Daniel Sinder (Qualcomm) stated that qualcomm is not as concerned.
Mr Noboru Harada (NTT) stated that if 28 ms is the upper limit, this could exclude some candidate to be submitted, and that with 50 ms a better trade off can be obtained by comparing technologies.

Conclusion:

TD S4-110302 was noted.

Mr Hyung Sik Suh presented TD S4-110242 EVS Algorithmic delay, from LG Electronics Inc.
Comments / questions: 
Mr Anisse Taleb (Huawei) noted the upper limit of delay and asked to clarify the proposed additional design constraint of constant delay over bit rate range / audio bandwidth.
It was clarified that this contribution does not propose any additional constraint and that 30 ms is proposed as a single delay limit for both interop and non-interop modes as in in prior LGE contributions.
The EVS SWG Chairman clarified that the delay constraint is decoupled from the bit rate and bandwidth constraints, unless certain conditions are introduced; therefore, the delay limit would apply to all bit rates or all bandwidth.
Conclusion:

TD S4-110242 was noted.

Mr Harald Pobloth presented TD S4-110303 On the EVS codec design constraint on algorithmic delay, from Telefon AB LM Ericsson, ST-Ericsson SA, AT&T
Comments / questions: 
Mr Noboru Harada (NTT) asked to clarify why the e2e delay should not exceed 150 ms. Mr Harald Pobloth (Ericsson) replied that the EVS TR provides guidance to meet this preferred limit. Mr Noboru Harada (NTT) emphasized that 150 ms is 'preferred', and stated that in real world the guidance on e2e delay is very difficult to reach.
Mr Bernhard Grill (Fraunhofer) commented that in SA4#61 Ericsson made the case of 200 ms and now 150 ms following the TR guidance, and noted some contradiction.

Mr David Singer (Apple) commented that there is no objective that the algorithmic delay of an existing codec is the optimal design point, and no evidence that changing codec delay will have to break the RAN delay.
Mr Harald Pobloth (Ericsson) clarified that the EVS TR gives some guidance, and to achieve this guidance a low delay is needed, he asked for evidence that delay needs to be increased. Mr Markus Schnell (Fraunhofer) commented that existing SWB codecs do not support such low delay modes.
Mr Stéphane Ragot (ORANGE) commented on VoLTE trials with e2e delay potentially larger than 200 ms and emphasized the need for lowest possible codec delay.
Mr Nobuhiko Naka (NTT DOCOMO) asked to clarify whether 28 ms or 44 ms was still motivated for capacity reason. Mr Harald Pobloth (Ericsson) answered that the assumed tradeoff between air interface and codec delay is not true, and SA4 has to stick with 28 ms.
Mr Noboru Harada (NTT) emphasized that there is no tradeoff between codec and RAN delays, but there is a tradeoff between codec and e2e delays. 
Mr Yusuke Hiwasaki (NTT) stated that based on NTT calculation, to fit in 150 ms, 19 ms is left for codec delay, which is less than frame length, therefore NTT was puzzled with the proposed number. 

Mr Craig Greer (Samsung) commented that according to VoLTE trials e2e delay improvements in voice services not there yet, and it is up to 3GPP to keep reducing the delay budget.
Conclusion:

It was confirmed that out of band signallings may be additionally used.
ITD S4-110303 was noted.

Mr Nobuhiko Naka presented TD S4-110267 On algorithmic delay constraint of the EVS codec, from NTT DOCOMO Inc, NTT Corp.
Comments / questions: 
Mr Jari Hagqvist (Nokia) asked if the E-model is so straightforward to interpolate towards MOS. Mr Nobuhiko Naka (NTT DOCOMO) explained that he introduced values in E-model parameters, which may be complicated but gives very good estimation for the influence of delay values.
It was clarified that the 200 ms delay in the contribution is assumed to be the maximum UE to UE delay.
The e2e delay difference between legacy networks vs LTE was discussed. Mr Nobuhiko Naka (NTT DOCOMO) stated that he expects higher subjective quality with relaxed delay, and quality should be considered overall (not only delay itself, but total user experience, delay and subjective quality), which is the reason for 50 ms.
Mr Daniel Sinder (Qualcomm) asked to clarify how NTT DOCOMO came to the conclusion that 50 ms is necessary delay to reach the quality. Mr Nobuhiko Naka (NTT DOCOMO) commented that 50 ms comes from the value of existing SWB codecs, and G.718B is maximum limit for EVS.
Mr Daniel Sinder (Qualcomm) stated that the 3GPP codec should exceed capabilities from existing codecs, and if EVS can provide quality at lower delay, that exceeds the state of the art.
Mr Noboru Harada (NTT) clarified hat NTT / DOCOMO do not say the EVS codec should have 50 ms codec delay, 50 ms is just the upper limit to find the best tradeoff between delay and quality, and to select the best tradeoff SA4 should not exclude any potential candidate by setting lower delay. Mr Harald Pobloth (Ercisson) saw a contradiction between this position and TD S4-110278. Mr Nobuhiko Naka (NTT DOCOMO) explained that NTT DOCOMO's position is that 50 ms delay limit must be 'shall', while TD S4-110278 proposes 30 ms and 50 ms as a compromise.
Conclusion:

TD S4-110267 was noted.

Mr Stéphane Ragot presented TD S4-110278 On algorithmic delay constraint of the EVS codec, from NTT DOCOMO Inc, NTT Corp.
Comments / questions: 
Mr Imre Varga (qualcomm) noted the 'shall' for both high and low delay, and asked to clarify if each delay applies for all bit rates and bandwidths; he stated that all implications need to be understood, and that the proposal in TD S4-110302 is better.
Mr Stéphane Ragot (ORANGE) clarified that indeed the two delay approach would extend to FoM and performance requirements.
Mr Noboru Harada (NTT) stated that this contribution is the result of compromise; he added that NTT's view is that  there would be the same requirements for both low and high delay modes and that the assumption is that longer delay may have better quality.
Mr Nobuhiko Naka (NTT DOCOMO) clarified that this contribution is not proposing anything new, as many different companies supported 2 delays before.

Mr Harald Pobloth (Ericsson) noted that the status of high delay is proposed to be 'shall', while the EVS TR guidance says that delay should be low; he stated that 'shall' is not justified for high delay.
Mr Anisse Taleb (Huawei) stated that for low delay 15 % delay increase is substantial, and requested the EVS codec delay to be as close as possible to 3GPP conversational codecs; he added that some JBM take into account e2e delay. Mr Bernhard Grill (Fraunhofer) started that the low delay mode bring an increase of 4 ms in e2e delay.

Mr Stéphane Ragot (ORANGE) stated that this contribution is a compromise contribution and ORANGE's preference would be for a delay less than 30 ms. He added that this proposal is not new, the two-delay approach is one option listed in the EVS-P4 document. He noted that the 20 ms difference between 30 and 50 ms corresponds to one frame length, and there could be tradeoffs in error conditions with JBM, so he rather anticipated different performance requirements for each delay.
Mr Daniel Sinder (Qualcomm) stated that the proposing wording is insufficient as a single mode of 30 ms would be possible, as delay is only maximum.
Mr Anisse Taleb (Huawei) commented that Huawei has a similar proposal with different delay constraints. He commented that Huawei proposed 2 delay modes earlier for the sake of compromise and stated that Huawei's understanding of 2 delay modes is that the performance requirements will be different and that the high delay mode will be requested to deliver much more quality than the low delay mode, and if the quality of high delay is not significantly exceeding the quality of the low delay, the high delay mode should be removed.

Mr Hyung Sik Suh (LGE) stated that 2 delay modes can have negative effects for rate switching, and requested to explore more.
Mr Noboru Harada (NTT) stated that longer delay should have higher performance, and shorter delay may not achieve the quality NTT and NTT DOCOMO requires, which is the reason why NTT and NTT DOCOMO can't agree on shorter delay constraints; he emphasized that performance requirements should be the same, and shorter delay mode may not provide sufficient quality, especially for music required by NTT and NTT DOCOMO services.
Conclusion:
Think about

TD S4-110278 was noted.

Mr Bernhard Feiten presented TD S4-110282 On EVS Codec Algorithmic Delay, from Deutsche Telekom AG
Comments / questions: 
Mr Anisse Taleb (Huawei) commented that the model used is completely theoretical, and questioned the use of a multiplicative model, given that  the E-model is additive.  Mr Bernhard Feiten (Deutsche Telekom) clarified that a multiplicative model was used for simplificity, and there are few objective models using a multiplicative approach.

Mr Anisse Taleb (Huawei) asked to clarify the statement that further delay modes (eg. 10 ms) have to be considered given that this below the agreed frame length design constraint. Mr Bernhard Feiten (Deutsche Telekom) clarified that the frame length could be revisited with 10 ms.

Mr Bernhard Grill (Fraunhofer) stated that given the importance delay is receiving, 10 ms frame length and 15 ms for delay could be defined. Mr Anisse Taleb (Huawei) pointed out some potential problems in terms of optimized transmissions, as most of the work done in VoIP and transport assumes a packet rate of 1/20 ms and most schedulers that will be deployed will be optimized for this packet rate because of existing 3GPP codecs.

Mr Imre Varga (Qualcomm) asked to clarify the statement that lower delay should be preferred. Mr Bernhard Feiten (Deutsche Telekom) explained that this may be part of the performance requirements.
Mr Harald Pobloth (Ericsson) commented that Figure 1 assumed a codec architecture with an offset that may be hard to be agreed. He stated that 2 delay is more a compromise than a single delay of 35 ms, given that it is important to be at low end of delay, and several companies want high delay.
It was clarified that for the AMR-WB interop modes the Source is flexible with algorithmic delay. 

Mr Bernhard Grill (Fraunhofer) supported this contribution, as good engineers practice is to take the simplest solution, while the 2 delay mode approach is not the easiest solution.
Mr Hyung Sik Suh (LGE) stated that LGE does not agree with the numbers suggested, but the argument regarding single delay mode is still valid.
Conclusion:

TD S4-110282 was noted.

Mr Anisse Taleb presented TD S4-110296 On the Delay Design Constraints for the EVS Codec, from Huawei Technologies Co. Ltd, HiSilicon Technologies Co., Lt, China Mobile Com. Corporation

Comments / questions: 
Mr Daniel Sinder (Qualcomm) asked to clarify the terminology used in the contribution ('codec' vs 'mode'). Mr Anisse Taleb (Huawei) explained that it was preferred to avoid the wording 'mode', and to use 'operating points', as a mode could be seen as a bit rate mode; he added that there is no switching between the 2 possible delay operating points. He stated that all bit rates that are already in the EVS-P4 document need to be supplied for both operating modes, and the increase of delay is related to intrinsic quality, so 50 ms should offer better quality than a 26 ms.

Mr Daniel Sinder (Qualcomm) asked if Huawei supported 2 separate performance requirements for 2 codecs. Mr Anisse Taleb (Huawei) clarified that if high delay does not deliver quality, it should not be selected.

Mr Noboru Harada (NTT) asked if the assumption of 26 ms can provide enough quality for EVS, even though other companies prefer 28 ms or other numbers. Mr Anisse Taleb (Huawei) clarified that 26 ms is justified to maintain the delay of AMR-WB, as all the EVS TR is about improving things without sacrificing too much. He added that looking at the potential axes of optimization, and setting thedimension of delay aside, new coding technologies could be foreseen that may require additional processing power, and the agreed complexity requirements have been significantly increased to that of AMR-WB, therefore, one could expect an improvement in quality while maintain the delay of the codec.

Mr Harald Pobloth (Ericsson) repeated that  26 ms is more inline with what Ericsson is proposing, however for the status of high delay mode, there is motivation for 'may' or 'should' instead of 'shall'.  He added that the EVS work item is to standardize one EVS codec and not two of them.

Mr Anisse Taleb (Huawei) explained that this contribution is a way to find a compromise, setting requirements for 2 different codec delay operating points, while 'may' or not for the high delay does not change anything in terms of design constraints. He added that the wording 'modes' was replaced to avoid addressing delay switching.

Conclusion:

TD S4-110296 was noted.

3.5 Complexity 
Mr Yusuke Hiwasaki presented TD S4-110246 On relative complexity estimation factor of the EVS codec, from NTT Corp., NTT DOCOMO Inc, VoiceAge Corporation, Huawei Technologies Co. Ltd., ORANGE SA
Comments / questions: 
Mr Yusuke Hiwasaki (NTT) clarified that the complexity evaluation was done without error concealment (i.e. not performed with PLC part) and stated that it is ok to assume the relative complexity factor of 1.1 even for parts that were not covered.
Mr Anisse Taleb (Huawei) pointed to TD AHEVS-026 that considered both error-free and erro conditions, showing there was no impact from the error concealment. He agreed with the 10% complexity increase, which is an approximation, but close to STL2009-based on complexity.
Mr Stéphane Ragot (ORANGE) emphasized that this contribution was based on the test vector in TS 26.173, and TD S4-110279 considers other test cases. 

Mr Daniel Sinder (Qualcomm) was puzzled about the 10% increase given that complexity weights were reduced in STL2009 with respect to ETIS basic operators, and stated that complexity weights in STL2009 are inappropriate relative to modern platforms. 

It was clarified that the 10 % increase comes from control structures (IF, ELSE, etc.) statements, which were not instrumented in AMR-WB but increase complexity counting; moreover, the complexity weights for these control structures account for DSP architectures, e.g. if breaking pipeline. It was further clarified that control structures were added in ITU-T STL2005 and not STL2009.
Mr Anisse Taleb (Huawei) emphasized that the WMOPS tool is an approximation, but is needed to evaluate complexity of EVS candidates on the same basis.
Mr Daniel Sinder (Qualcomm) raised concerns on the accuracy of the STL tool, as two versions of the same tool deviate in terms of results; he repeated that some weights do not reflect modern implementations.

Mr Stéphane Ragot (ORANGE) recalled that STL2009 was agreed at SA4#62 to measure complexity.

It was further clarified that the motivation of this contribution was to be able to compute absolute complexity proposals based on relative values relative to AMR-WB.
Conclusion:

TD S4-110246 was noted.

Mr Stéphane Ragot presented TD S4-110279 On the complexity of AMR-WB with STL2009, from ORANGE SA
It was pointed out that Table 1 (b) contains a typo: the text 'at 6.6 kbit/s' shall be replaced by 'at 23.85 kbit/s'

Comments / questions: 
The EVS SWG Chairman asked if it was agreeable to use 1.1 for relative complexity, and it was the case.
Conclusion:

TD S4-110279 was noted.

Based on TD S4-110246 and TD S4-110279, the 1.1 relative complexity factor was agreed to convert ETSI basic operator-based complexity to STL2009-based complexity.
Mr Harald Pobloth presented TD S4-110254 On the EVS design constraints on complexity, from Telefon AB LM Ericsson, ST-Ericsson SA
Comments / questions: 
It was clarified that worst-case complexity is across all bit rates, bandwidth, and content, category wise

Mr Anisse Taleb (Huawei) agreed with the note clarifying the meaning of worst-case complexity, but requested to elaborate the text.

Mr Harald Pobloth (Ericsson) clarified that the complexity figure proposed previously by Ericsson did not change, as they assumed a ratio of 1.1.
Mr Yusuke Hiwasaki (NTT) asked if the intention was to include stereo operation in the 90 WMOPS limit, which was confirmed. Mr Yusuke Hiwasaki (NTT) commented that 15 WMOPS might be a bit too low to support all the optional/recommended features.
Conclusion:

TD S4-110254 was noted, and the note was edited and agreed as follows:
" The complexity of the codec for each category shall be measured with ITU-T STL2009 [ref] as the observed worst-case encoder + observed worst-case decoder complexity within the same category:"
Mr Hiroyuki Ehara presented TD S4-110268 Proposal on complexity of EVS design constraints, from Panasonic Corporation
Comments / questions: 
Mr Harald Pobloth (Ericsson) commented on the proposed note and requested to stay closer to the text of the EVS TR and split in different categories; he could see the value of an additional note starting preference for candidates, .e.g providing more functionality for same performance and lower complexity for same quality.
Mr Anisse Taleb (Huawei) was reluctant to add this note to mention quality in design constraints, but agreed that the proposed note is part of EVS TR; he suggested the proposal is well suited in performance requirement or some figure of merit.

Mr Hiroyuki Ehara (Panasonic) emphasized the spirit of the proposed note: if performance is the same, in that case lower complexity should be preferred, there is some value achieving same performance with lower computational complexity or memory usage. Mr Hiroyuki Ehara (Panasonic) requested to remind this spirit and ask to write some reminder somewhere.
Mr Anisse Taleb (Huawei) felt that the reminder is already in the EVS TR and stated that such as note would be confusing and create different interpretations of the design constraint; he suggested taking this topic for FoM or performance requirement, given that this note is already captured in right column of the EVS-P4 document.
Mr Nobuhiko Naka (NTT DOCOMO) asked if it is acceptable for Panasonic that complexity is 2x AMR-WB instead of 1.75x as mentioned in the contribution text. He stated that the EVS codec should be competitive, and that target bit rates in EVS is much lower than existing codecs which makes it competitive in this aspect. Mr Hiroyuki Ehara (Panasonic) stated that a value around 2x should be acceptable for Panasonic.
Mr Hiroyuki Ehara (Panasonic) acknowledged the concern about adding the proposed noted and agreed to reflect it in the minutes or another document. 

Conclusion:

The following note will be addressed in the forthcoming discussion about performance requirement or FoM:
" Note: Increased computational complexity and memory usage shall provide higher codec performance (quality or efficiency) rather than increased functionalities supported by an EVS candidate codec."

TD S4-110268 was noted.

Mr Markus Schnell presented TD S4-110281 On memory constraints for the EVS codec, from Fraunhofer Gesellschaft
Comments / questions: 
Ms Eunmi Oh (Samsung) asked how the figure of 105 kwords for RAM was obtained, and  how large memory requirements can be in the current platforms.
Mr Markus Schnell (Fraunhofer) explained that in a previous contribution the figure of RAM and ROM was combined, which was not accepted; the same numbers were used for RAM only, given that these numbers were defined 8 years ago. He stated that the proposed numbers reflect current technologies and capacity of of today's devices to implement all algorithms useful for coding

Mr Harald Pobloth (Ericsson) asked for the motivation for increase the previous RAM figure, and stated that for implementors at Ericsson this number was considered to be too high to be ra easonable number. Mr Markus Schnell replied that 105 kwords was implemented in 2004 in audio coding process, and there is no reason to go lower than that.
Mr Bernhard Grill (Fraunhofer) added that the complexity proposals in TD S4-110281 were not really increased, and stated that ROM is not significant and shared by several instances, and if something is important in memory usage one should concentrate on the RAM figure

Mr Harald Pobloth (Ericsson) suggested to set some hard limits at least for PROM in mandatory and AMR-WB interoperable modes, while 'as low as possible' is hard to quantify.

Mr David Singer (Apple) agreed with this contribution and supported looking at a multiplier since 2004; he was against artificially limiting what could be achieved, given that memory is measured in hundreds of Mbytes nowadays.
Mr Anisse Taleb (Huawei) asked to not to look at the high-end devices only, and stated that , the proposal is derived from a design constraint for a streaming codec in high-end phone and for PSS/MBMS.
Mr Imre Varga (Qualcomm) stated that the audio codec exercise in 3GPP SA4 was for a non-conversational codec. Mr Bernhard Grill (Fraunhofer) noted that this was 8 years ago.
Mr Nobuhiko Naka (NTT DOCOMO) stated that from an operator point of view, implementability is a concern, and asked if the PROM complexity figures are implementable or not.
Mr Harald Pobloth (Ericsson) stated that for low-end devices the proposed figure would be problematic, due to the nature of a streaming codec; he opposed the case where the encoder and decoder run on same device vs streaming with one part in encoder and other part in decoder.
Mr Stéphane Ragot (ORANGE) shared the same concern of implementability as NTT DOCOMO, and considered the text ''as low as possible' to be acceptable only as an objective and that a minimal requirement is for the codec to be implementable on devices. He stated that EVS not just for smartphones, but also for all ranges for devices?
Conclusion:

TD S4-110281 was noted.

3.6 DTX operation
No contribution on this item.

3.7 Jitter buffer management/VoIP support
No contribution on this item.

3.8 RTP pa
yload format
Ms Takako Sanda presented TD S4-110309 Editorial comment on RTP payload format text in the EVS Design Constraints, from Panasonic Corporation
Comments / questions: 
Mr Harald Pobloth (Ericsson)  asked if the note captures that all features and functionalities of the codec need to be supported in the payload format.
Ms Takako Sanda (Panasonic) clarified that RTCP and SDP can help the RTP payload design, just like e.g. AMR and AMR-WB payload format.
Mr David Singer (Apple) stated that the full features of the codec should be usable, the RTP payload does not impose constraints on the feature to use, i.e. the RTP payload does not impose constraints on the features of the codec that can be used.
Mr Stefan Bruhn (Ericsson) commented that the RTP payload format should not impose limitations, which has a slightly different meaning.
Mr Anisse Taleb (Huawei) commented that the RTP payload specification would describe what kind of parameters are out of band, and that the support of RTCP is limited in VoLTE.
Ms Takako Sanda (Panasonic) recognized that the RTP payload format contains SDP, and clarified that the intention is to reflect that CMR can be supported by RTCP.
Mr Anisse Taleb (Huawei) asked what kind of features of the EVS codec would be used by RTCP. Ms Takako Sanda (Panasonic) clarified that rate switching is commonly supported by RTCP, and can also be covered by the RTP header.
Mr Anisse Taleb (Huawei) stated that notes can be added only when it is needed to clarify but not to explain the associated text; he preferred amending any text that could be misunderstood, while notes should provide additional information and not explain the design constraint itself.
Conclusion:

TD S4-110309 was noted.

3.9 Rate switching
No contribution on this item.

3.10 Other design constraints 
No contribution on this item.
4 Contributions to EVS Performance requirements

Mr Harald Pobloth presented TD S4-110253 Proposal on complexity of EVS design constraints, from Telefon AB LM Ericsson, ST-Ericsson SA
Comments / questions: 
Mr Kimitaka Tsutsumi (NTT DOCOMO) stated that the statement that there is no evidence that increasing delay provides performance advantage is confusing, and asked to clarify.
Mr Harald Pobloth (Ericsson) answered that there is no evidence that performance requirements set in TR cannot be met with the delay of AMR-WB; he stated that specific performance requirements derived from the EVS TR can be met by a low delay mode, and slightly improved performance might be obtained by a high delay mode.
Mr Daniel Sinder (Qualcomm) noted the emphasis on realistic scenarios, and agreed with testing VAD/DTX/CNG. He asked is noise suppression as realistic scenario was a deliberate omission. Mr Harald Pobloth (Ericsson) clarified that noise suppression could be part of the processing plan, with the encoder fed with a noise suppression signal.
Mr Minjie Xie (ZTE) asked if wideband 5.9 VBR would provide wideband speech. Mr Harald Pobloth (Ericsson) clarified that there is no connection between bit rate and audio bandwidth.
It was clarified that the proposal translates the guidance of the TR into a list of conditions, for speech as well as mixed content and music.
Mr Bernhard Grill (Fraunhofer) commented on the transcoding with AMR and stated that AMR will be available in every terminal and not everything could be tested.
Mr Harald Pobloth (Ericsson) explained that EVS NB is supposed to provide an advantage over AMR, therefore the tandeming of EVS to AMR should be better than AMR to AMR.
Mr Markus Schnell (Fraunhofer) noted that 'better than' might be problematic and asked details about methodology, bit rate, contents.
The EVS SWG Chairman asked if the proposal could go in the EVS-P3 permanent document.

Mr Bernhard Grill (Fraunhofer) stated that this contribution contain too much text and could not go in EVS-P3 uncommented.
The EVS SWG Chairman clarified that only conditions and principles would be included in EVS-P3.

Mr Markus Schnell (Fraunhofer) was not happy with all conditions, and asked why tandeming against G.718-SWB was considered while this codec is nowhere used. He suggested starting from an empty table.
Mr Harald Pobloth (Ericsson) clarified that G.718-SWB is brand new and state of the art, and it might be deployed by the time EVS is on market; he repeated that this document tries to derive what the TR means for performance requirements.
Mr Bernhard Grill (Fraunhofer) stated that G.718-SWB is far away from state of the art in SWB. 
Mr Harald Pobloth (Ercisson) commented that different codecs can be considered but they need to fall in certain operating conditions.
The EVS SWG Chairman asked if the document was agreeable.

Mr Daniel Sinder (Qualcomm) suggested that the Source presents the document in the format of the EVS-P3 document, with a list of conditions.

The EVS SWG Chairman stated that the processing part needs to be separated from the performance requirements in this contribution. The way forward was discussed (online or offline editing). Mr Bernhard Grill (Fraunhofer) recalled that Fraunhofer had a full performance requirement document ready at SA4#60 meeting.

Mr Anisse Taleb (Huawei) requested to format the contribution that could be taken into account for editing.
Conclusion:

The Source was requested to format this contribution in a new input document to allow editing of the EVS-P3 document, and parties were welcomed to contribute to this offline editing. 
TD S4-110253 was revised to TD S4-110358 and was noted.

Mr Harald Pobloth presented TD S4-110358 On the EVS codec performance requirements including detailed list of conditions, from Telefon AB LM Ericsson, ST-Ericsson SA
Comments / questions:
Mr Yusuke Hiwasaki (NTT) noted an emphasis on tandeming conditions rather than direct conditions. He asked to clarify why some tandeming conditions are defined in NB mode with AMR and in WB with AMR-WB, he commented that any LTE UE carrying EVS would carry AMR and/or AMR-WB, and therefore suggested putting less emphasis on that part. He was puzzled to see all AMR-WB interoperable conditions for mixed content and music and  considered that the quality AMR-WB for such content may not be a useful thing to measure.
Mr Harald Pobloth (Ericsson) clarified that both direct and tandeming conditions are complete, with a correct balance correct; he stated that AMR and AMR-WB tandeming are important case for scenarios of CS with no TFO.
Mr Yusuke Hiwasaki (NTT) asked to justify the emphasis for AMR and AMR-WB tandeming and stated that a UE with EVS would automatically fallback to AMR and AMR-WB for the considered scenarios.
Mr Harald Pobloth (Ericsson) clarified that the transcoding scenario may occur even if AMR and AMR-WB are implemented in a terminal. He stated that AMR-EVS transcoding may be a better choice than the AMR-AMR transcoding, because EVS is supposed to provide better quality and overall the chain AMR-EVS should be better than AMR-AMR.
Mr Yusuke Hiwasaki (NTT) stated that the same comment is applicable for AMR-WB interoperable, which can be negotiated.
Mr Harald Pobloth (Ericsson) clarified that if a legacy network might not be able to convey e2e a codec, transcoding would be needed with, e.g. G.711.
Mr Bernhard Grill (Fraunhofer) stated that tandeming with AMR-WN in music does not make sens, as the signal is really destroyed and not useful; he added that G.718 had not good quality at lower bit rates, and that there are codecs better than G.718 and conditions tested with G.718 would destroy any meaning in the results.
Mr Bernhard Grill (Fraunhofer) commented that TD S4-110358 contains a huge matrix with conditions that is almost impossible to test with more than one codec, and asked if the proposal was meant for characterization. He preferred to define a realistic set of conditions and a realistic test. He asked to calculate how much time the test of all conditions would take.

The NB mask applied to the input/output was discussed. It was clarified that the mask simulates the connection to network which applies this mask (e.g. up to 7kHz for WB).

The difference between FER/jitter and FER/BER was clarified. Mr Nobuhiko Naka (NTT DOCOMO) asked to clarify the kind of error patterns for FER case. It was emphasized that the EVS TR requires testing under realistic conditions.
Mr Imre Varga (Qualcomm) commented that in the past SA4 liaised with RAN groups about error patterns, and the EVS SWG has to evaluate how to secure realistic error patterns in time.
Mr Minjie Xie (ZTE) noted a big differene in bit rates between EVS and SWB reference codecs (G.722.1C, G.718-SWB).
Mr Imre Varga (Qualcomm) commented on the test size that seemed relatively large.
Conclusion:

TD S4-110358 was further discussed in an evening session (see summary below).

Mr Stéphane Ragot presented TD S4-100632 EVS Permanent document (EVS-3): EVS performance requirements, from Editor
Comments / questions: 
Mr Harald Pobloth (Ericsson) noted that the organization of TD S4-110358 is similar, except the VAD/DTX column; he suggested adding a new column to indicate VAD/DTX.
Mr Harald Pobloth (Ericsson) noted that there are rows for each bandwidth (NB, WB, SWB) when bandwidth is predefined, but there is also the case of open design choice with unspecified bandwidth; he emphasized that his new bandwidth category was agreed in the design constraints.

Mr Stéphane Ragot (ORANGE) suggested not spending time to do the online editing but instead do offline the editing reflecting previous agreements.
Mr Harald Pobloth (Ercisson) requested to try editing the Ercisson input in TD S4-110358.
Conclusion:

TD S4-100632 was updated offline to S4-110374 and was not presented to the EVS SWG.
The input document in TD S4-110358 was further discussed in an evening session, with the objective to list conditions that should be considered for performance requirements.

The discussion that took place revealed the following open issues on performance requirements:

· If the mask is explicitly applied to the input,  the processing plan would be embedded in the performance requirements.

· The input of the codec may not be well defined when the input mask is not specified, the codec should be informed about this aspect. Concerns were raised on the fact the sampling rate may need to be specified for each specific coded bandwidth.
· Further views on the maximum bit rate for each bandwidth are needed and the way to capture transparency or saturation in terms of performance requirements.

· FER/jitter conditions with the FER values should be clarified (e.g. scenarios for 5% FER over LTE, kind of error patterns). Error patterns for CS may be considered. VoIP testing should be done with JBM. Instead of specifying FER values, some generic classification of profiles may be used (e.g , loaded network, etc.). Some reference codecs may not come with a JBM solution included. The use of JBM in testing may complicate testing, as it may be difficult to compare the original and modified signals when using MUSHRA.
Mr Nobuhiko Naka (NTT DOCOMO) stated that realistic scenarios should be at least characterized, and it would be better to test them in the selection phase; he requested to consider UL and DL LTE. Mr Hiroyuki Ehara (Panasonic) requested to consider radio conditions when UE is at the cell edge.

· For transcoding scenarios with AMR, G.711 should be considered as an additional codec in the AMR –EVS chain (e.g. for networks with no TFO). 

· DTX may be applicable to VBR.
· The minimimal bit rate for SWB is to be discussed. 
Mr Imre Varga (Qualcomm) raised concerns on multiplying the number of conditions. Mr Daniel Sinder (Qualcomm) asked to clarify the results of this discussion of TD S4-110358; he stated that he could agree to some of the conditions but not to test them.
The following test conditions were agreed: transcoding with AMR/G.711 and G.711 is a relevant test case and that for G.711 the two laws will be considered 

Mr Daniel Sinder (Qualcomm) requested to minute the following text:
"none of the tested conditions agreed here are agreed to be tested"
Mr Bernhard Grill (Fraunhofer) considered the list of test conditions to be oversized and unbalanced. Mr Noboru Harada (NTT) asked to clarify which conditions are for selection or characterization.
It was concluded that the list of tandeming conditions is subject to further inputs. It was felt that more discussion and further inputs are required on the list of conditions. Overall, the following minor updates were agreed for updating the EVS-P3 document in TS S4-100632:

· The bandwidth should be indicated as 'Coded Bandwidth'.

· The "Speech" content category will be further specified by the following text specifying subcategories: "Speech including –clean, -noisy (car, office, babble),-reverberant speech". (It was suggested to consider input level of speech and noise)
· The agreed EVS bit rates can be capture in brackets. 

· A column will be added in the EVS-P3 for the VAD/DTX status (on/off) 
It was agreed to reflect these updates in the EVS-P3 document (to be done offline) and to presen the update of TD S4-100632 in SA4 closing plenary. 
5 Contributions to other EVS topics

Mr Imre Varga presented TD S4-110223 EVS Codec Development: Selection Rules for Qualification Phase (EVS-5a), from Qualcomm Incorporated
Comments / questions: 
Mr Anisse Taleb (Huawei) commented on qualification procedures: he asked whether it is needed that candidates know their blinding code, and if there was a certain number or threshold of the number of candidates that are allowed to proceed into selection.

Mr Imre Varga (Qualcomm) clarified that this contribution assumed inhouse testing, cross-testing, and neutral host lab and neutral GAL; if there is a neutral host lab, the host lab can be done in a blind way for more secure testing. Regarding the quality ranking of candidates, he suggested agreeing on a cap to be manageable for testing, depending on performance requirements and test plans.
Mr Yusuke Hiwasaki (NTT) stated that this contribution is a very good kick-off to start preparing qualification procedures. He asked to confirm the 95% confidence interval procedure and to clarify if the intention is to have a maximum number of candidates. Mr Imre Varga (Qualcomm) answered that other proposals can be made instead of the 95% confidence interval and that the number of candidates for selection should be manageable and retain the best candidates.
Mr Harald Pobloth (Ericsson) supported that rule 3 would be applicable to candidates that pass rules 1 and 2.
Mr Stéphane Ragot (ORANGE) suggested starting a EVS-P5a permanent document.
Conclusion:

TD S4-110223 was noted.

Mr Imre varga (Qualcomm) was allocated editor of the EVS-P5a permanent document.
Mr Imre Varga presented TD S4-110224 EVS Codec Development: Qualification Deliverables (EVS-6a), from Qualcomm Incorporated
Comments / questions: 
Mr Paolino Usai (ETSI MCC) clarified that ETSI can only register the arrival date for the candidate.
Mr Harald Pobloth (Ericsson) pointed that that funding would be shared equally among qualified candidates, but the LoI is submitted before qualification. He also asked to clarify the additional information.
Mr Imre Varga (Qualcomm) acknowledged a mistake in section 4: the funding would be shared equally between submitted candidates for qualification.
Mr Yusuke Hiwasaki (NTT) commented on the funding declaration. Mr Imre Varga (Qualcomm) clarified that the companies submitting LoI will receive an invoice, and funding declaration amounts to showing the receipt; he was ok with including funding declaration in the schedule.
Mr Yusuke Hiwasaki (NTT) asked to clarify whether the 3GPP rules on stating the IPR policy would be according to 3GPP partners. Mr Paolino Usai (ETSI MCC) emphasized that this point was correct as 3GPP is not a legal entity. 
It was suggested to take the funding declaration out of the list of deliverables. Furthermore, it was proposed to add the frequency responses (as in ITU) to understand the responses of the codec (this information is not optional, and should be supplied).
Mr Stéphane Ragot (ORANGE) suggested aligning some of the deliverables with design constraints (e.g. RAM instead of dynamic / static RAM, WC defined as encoder+decoder…) 

The EVS SWG Chairman asked who would be willing to be editor of the EVS-P6a permanent document.
Conclusion:

TD S4-110223 was noted.

Mr Imre Varga (Qualcomm) was allocated editor of the EVS-P6a permanent document.

6 Joint editing of EVS-Pdocs

Mr Harald Pobloth presented TD S4-110224 EVS Permanent Document #4 (EVS-4): EVS design constraints, Version: 0.5.2, from Editor
Comments / questions: 
None.

Conclusion:

TD S4-110244 was used as a basis for the editing of the EVS-P4 document.
The computation complexity limits in the complexity box were addressed. 

The definition of worst-case (either TWC or WOF) was discussed; it was emphasized that TWC implies verification. Concerns were expressed on WOF as there would be a risk to get a higher value afterwards.

The note from the TD S4-110254 was agreed after some editing (see Section 3.5 of the present report for the full quotation of the agreed note).
New or revised proposals were collected for the EVS required non interoperable modes, to amend the list of complexity figures in brackets in TD S4-110244. The list ranged from 75 WMOPS to 100 WMOPS. Mr Bernhard Grill (Fraunhofer) stated that the proposed absolute values for the EVS required non interoperable modes had little variation, and the definition of worst-case was not significant, and the the 100 WMOPS would accommodate all possible WC. Mr Anisse Taleb (Huawei) provided complexity ratio with respect to STL2009-based AMR-WB complexity, e.g. for 100 WMOPS is 2.33 x AMR-WB complexity.

A hand vote took place for the different value and the majority was for the value of 85 WMOPS. There was no objection this absolute figure. Therefore the value of 85 WMOPS was agreed.
Hand votes took place for the complexity of AMR-WB interoperable modes and recommended and optional modes. There was no agreement on a single value, but the number of options for the value to be agreed was reduced; the list of options for the complexity values to be considered for agreement are reflected in TD S4-110373.
A new round of hand voting took place on this list of options .The EVS SWG Chairman asked who was uncomfortable with each option for the AMR-WB interoperable modes: 
Unconfortable with 60 WMOPS: 2 companies
Unconfortable with 55 WMOPS: 1 company
It was concluded that offline discussions are needed to decide on the complexity value.

A similar indicative hand vote took place for the complexity for the recommended and optional non-interoperable modes, however no agreement could be reached and the discussion went offline.
The complexity limits for the support functions were agreed to be set at 3 WMOPS

Second, the memory limits in the complexity box were addressed. 

The RAM figure of the required non-interoperable modes was discussed in first step. Inputs were collected in brackets.

Mr Hiroyuki Ehara (Panasonic) asked to compute the ratio wrt AMR-WB RAM figure, and keep the question open as about 6x RAM would be excessive. Mr Noboru Harada (NTT) stated that from operator's point of view, the emphasis is quality rather memory, and a strict narrow upper limit may not ensure good enough quality; he added that comparing to AMR-WB does not make much sense for current or near-future devices. Mr Anisse Taleb (Huawei) emphasized the need for low complexity from the EVS TR which provided agreed guidance.

Mr David Singer (Apple) stated that RAM is one of the cheapest resources while CPU costs money; je suggested not spending much time debating the RAM figures as all figures were tiny (not Mbytes range).
An indicative (double) hand vote took place for the values 39, 80, 105 and 128 kwords, but no majority of votes (who is confortable / who is uncomfortable) could be seen; the number of options to be considered were reduced to 80, 105 and 128 kwords.
The ROM figure of the required non-interoperable modes was discussed in second step. Inputs were collected in brackets. Mr David Singer (Apple) repeated that ROM is even less an issue than RAM. Mr Stéphane Ragot (ORANGE) stated that the 'as low as possible'  proposal is acceptable for an objective but not acceptable for a requirement; he added that a clear limit is required and the EVS codec should be implementable on all devices including low-end devices; he suggested inviting more inputs, especially from terminal manufacturers and gateways vendors.

The Program ROM figure of the required non-interoperable modes was discussed in third step. Mr Stéphane Ragot (ORANGE) pointed out that an informal tool was made available in ITU-T SG16 to count Program ROM and not just ETSI basic operators.
Inputs were collected for the other memory requirements. Mr Stéphane Ragot (ORANGE SA) asked how the AMR-WB interoperable ROM and Program ROM should be counted, as this part may not be isolated from the whole EVS codec. 
It was clarified that in TD S4-110373, for memory requirements, everytime there are brackets the number is tbd and other numbers could be proposed.
Then, algorithmic delay was discussed.

Mr Hyung Sik Suh (LG) stated that LG still believes a single delay mode is the best solution, and 2 delay modes with 'shall' for low delay. Mr Imre Varga (Qualcomm) stated pointed that 'may' or 'should' for high delay may also be considered. Mr Nobuhiko Naka (NTT DOCOMO) stated that longer delay is important for NTT DOCOMO, and there was no evidence that shorter delay would fulfill NTT DOCOMO's requirements, therefore longer delay must be 'shall'. Mr Hyung Sik Suh (LG) had concerns with 'shall' for the higher delay.
Mr Bernhard Feiten (Deutsche Telekom) suggested taking a hand vote for the single delay value before considering the two-delay option.

Proposals for the single delay limit were collected and the list was 26, 28, 30, 35, 40, 45, 50 ms. 

An indicative (double) hand vote took place under the assumption of a single delay mode; the results are summarized below:
	One delay mode (ms)
	26
	28
	30
	35
	40
	45
	50

	Confortable
	3
	11
	5
	3
	3
	7
	6

	Unconfortable
	8
	8
	8
	10
	13
	10
	11


Mr Imre Varga (Qualcomm) stated that this hand vote was for a single delay without FoM, and FoM would be another option.
The proposals for the dual delay mode were collected according to the following text (with 3 variables: X, Y, status):

"'The codec shall have a low delay mode with max delay [X]

In addition the codec [status] have a high-delay mode with max delay [Y]'
Another indicative (double) hand vote took place under the assumption of a dual delay mode. 

 the results are summarized below:

	Dual delay mode (X, Y in ms)
	Confortable
	Uncomfortable

	X=30, Y=50, status=shall
	9
	16

	X=28, Y=44, status=shall
	9
	18

	X=28, Y=50, status=may
	13
	14

	X=26, Y=50, status=shall
	3
	19

	X=30, Y=50, status=may
	5
	14


It was felt that the key issue was the status of the higher delay mode. Therefore an additional hand vote took place for the dual delay mode, under the assumption that X=28 or 30 and Y = 44 or 50; the results are summarized below:
	Dual delay mode (X=28,30, Y=44,50)
	Confortable
	Uncomfortable

	status=shall
	15
	13

	status=should
	11
	14

	status=may
	14
	14


It was concluded that the status of the high delay mode had to be resolved and the values of the lower and higher delay modes became secondary.

7 EVS schedule review

The latest version of the EVS schedule in TD S4-100184 was reviewed. The possibility of adhoc meetings and/or conference calls was discussed for the interim period until SA4#64, to keep up with the project plan. However no decision was made on potential dates.
8 Other business
None.
9 Close of the session: Feb. 17, 20:10
The EVS SWG Chairman thanked all participants and closed the meeting. 
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