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1 Introduction
This contribution takes a closer look at the use cases that have been presented in SA4 as justification for bit-stream interoperability of the EVS codec with AMR-WB.  The potential beneficial impact of bit-stream interoperability in these cases is compared against the down-side risk of constraining the performance of the codec in all other calls.  In short, we see that the potential up-side of achieving the best possible performance for all end-to-end EVS calls for the extent of these calls far exceeds the benefits of bit-stream interoperability in a comparatively small subset of calls and scenarios.
2 Assessment of the Proposed Use Cases for Bit-Stream Interoperability
2.1 Improved Quality of Two-Way Calls Between Legacy and EVS UEs
The two-way call is by far the predominant use case for today’s wireless conversational services, and there is little evidence to suggest this will change even in the long term future.  A certain percentage of calls—perhaps a large percentage during early stages of EVS deployment – will result in communication between a terminal supporting EVS and one with only legacy codecs.  Some of those legacy codecs may support AMR-WB.

It has been argued that if EVS is bit-stream interoperable with AMR-WB, then the EVS codec could offer better quality when connected to legacy AMR-WB clients than using AMR-WB end-to-end.

Let’s look at this situation more closely.  In the case where only one terminal supports the EVS codec and the other supports AMR-WB, there are two possible cases:

1. The terminal supporting EVS also supports AMR-WB.  If it is a wide band terminal, this is currently mandated by TS 26.114.  Since AMR-WB is defined by bit-exactness, the requirement in TS 26.114 is for bit-exactness – not for interoperable.
2. The terminal is non-compliant with TS 26.114 and supports AMR-WB only through the bit-stream interoperable mode of AMR-WB.  In this case, EVS could masquerade (using MIME type manipulation) as AMR-WB, thereby connecting the call with the legacy terminal.

In case 1, SIP negotiation will result in an end-to-end AMR-WB.  Thus, the bit-stream interoperability of the EVS codec is neither used nor relevant to the quality of the call.
In case 2, it is in theory possible that the bit-stream interoperable codec could improve upon the quality of AMR-WB.  However, as discussed in TDoc S4-090288 and verbal counter-arguments to TDoc S4-090336, it is inconclusive as to whether such improvements are measurable.  Even if we assume consistently measurable improvement could be achieved, we need to consider the likelihood of this case arising in real terminals and networks.
First, the terminal would be non-compliant with TS 26.114.  Second, either the chip vendor supplying the silicon in the terminal either never supported AMR-WB, or a choice would have to be made to remove or disable a thoroughly tested and debugged AMR-WB in favor of implementing a new and comparatively untested bit-stream interoperable EVS codec simply for a marginal quality improvement.  The former possibility suggests that bit-stream interoperability with AMR is more important than with AMR-WB, while the latter possibility seems highly unlikely.
In the end, it seems highly unlikely that for two-way calls the EVS codec would be used to improve the quality of EVS-toAMRWB calls over end-to-end AMR-WB.
2.2 PS to CS Handovers

At SA4#53, the process of VoIP call continuity in a PS to CS handover was discussed at considerable length, and two opposing views were presented with no consensus.  However, the debate centered around issues of efficiency of the handover.  For example, the possibility of lost packets during a codec memory swaps was discussed.  There was no suggestion that the call would be dropped, and the source of this contribution firmly believes that codec renegotiation in this scenario in no way risks the continuation of the call.  The justification for this believe has been presented in TDoc S4-090288 [2].
As with other wireless evolutions, early deployments of LTE, in most cases, will be clustered rather than uniformly distributed in order to offer enhanced services in densely populated geographic regions or corridors.  Thus PS to CS handovers will occur primarily when users transition out of the LTE coverage areas – an occasion that is unlikely to occur repeatedly during a call.  Therefore, even if one concedes that without bit-stream interoperability a packet or two might be adversely affected by the handover, the overall impact to the call is far less severe than the quality impact over the entire duration of the all-LTE portion of the call if a requirement of bit-stream interoperability constrains the quality of every packet.
2.3 Conferencing

Section 4.2 of TDoc S4-090241 presents an argument for bit-stream interoperability with AMR-WB as part of the EVS codec due to supposed benefits to conferencing scenarios.  The argument hinges on several assumptions.  This section takes a closer look at those assumptions.
First, it is assumed that the conference call is completed without an MCU for mixing.  As stated in that contribution, MCU-less conferencing is not practical for a large number of participants, so the focus is reduced to “…the most frequently occurring case of 3-party conferences (at least for non-enterprise use)…” [3].  While we agree that the 3-party conference is the most frequently occurring conference size for non-enterprise calls, there is not mention of how frequent such calls are.  It is our belief that such calls are far out-numbered by two-way non-enterprise calls, which is probably the predominant use case by a landslide margin.
Second, in the 3-way call, it is assumed not only that two of the users can use the EVS codec whereas one cannot, but also that the two EVS-enabled users initiate the call and then add the non-EVS user.  Since it is a non-enterprise conference, it is a good assumption that the three users are all acquaintances.  Thus, for these three users, there is roughly only a 1 in 3 chance that the two EVS users established their call before adding the third non-EVS user.  In the other 2 in 3 cases, the non-EVS user was probably one of the parties in the initial two-way call.
Third, it is assumed that the legacy non-EVS user has a device that supports multiple incoming streams (since there is no MCU).  This must mean that it is a VoIP capable UE.  And, since only interoperability with AMR-WB is proposed, it must be a VoIP device that supports multiple incoming and outgoing AMR-WB RTP streams, further limiting the likelihood of this scenario.

In summary, our understanding of the proposal is that 3GPP should risk constraining the quality and efficiency of every packet on every EVS call in order to avoid dropping 1 or 2 packets during codec re-negotiation when adding a third party to a non-enterprise two-way EVS-only call when the terminal being added supports multiple incoming and outgoing AMR-WB RTP streams (but not the EVS codec) and the network supports MCU-less calls and has the capacity to support twice the number of RTP streams compared to the MCU-based conference call.  This is clearly a niche use case, and the downside risk seems enormous compared to the potential benefits for a brief moment in a potentially very small percentage of calls.
2.4 Voice Mail Service
Without going into much detail, the issues here are similar to those presented in Sections 2.2 and 2.3.  In short, it seems illogical to constrain the potential improvement in quality for every frame of all end-to-end EVS calls with a bit-stream interoperability constraint simply to ensure the highest quality voice mail service under a limited set of circumstances that ultimately result in a small percentage of talk time for a small portion of the user population.  Operators have the flexibility to choose between cost and quality by respectively selecting to either (1) store the voice mail with the EVS codec and use transcoding for message retrieval, or (2) store the voice mail in a more widely deployed and possibly mandatory format such as AMR or perhaps AMR-WB.
3 Requirements to Enable the Above Use Cases
In each of the use case discussion in Sections 2.2-2.4, it is essential that the EVS terminal is using bit-stream interoperable operation at the critical time – the handover, the adding of a 3rd party to the call, or the recording of a voice message.  This implies at least one of two additional requirements must be met in order to benefit from these use cases as suggested in S4-090241.  These two additional requirements are as follows:
A. All modes of operation of EVS would have to be bit-stream interoperable with AMR-WB, or
B. Operators must give up a measure of control by allowing one client to force the other client to remain in a bit-stream interoperable mode (if not all modes possess this characteristic) in spite of any capacity or quality constraints imposed by the network conditions.
4 Precedence for bit-stream interoperability
In S4-090241, three examples of bit-stream interoperability of a new 3GPP codec with a legacy codec are given:

· E‑AAC+ → AAC
· AMR-WB+ → AMR-WB

· AMR12.2 → EFR

In each of these cases, the bit-stream interoperability is confined to specific modes of the encoder.  At SA4#53, some differences of opinion in this regard in the case of E-AAC+ at, but Table 1 of TS 26.401 indeed confirms this to be the case by nicely illustrating the precise encoding modes that are bit-stream interoperable with Release 5 AAC.
Also, it is worth noting that it is not at all clear that the inclusion of a mode of AMR (12.2) that is bit-stream interoperable with EFR has had any benefit on UMTS related to interoperability.  Furthermore, many defices now include completely redundant implementations of EFR by including an independent implementation as part of AMR.

Finally, note that none of these example meet requirement A in Section 3 above.  Therefore, the interoperable modes provide severely limited benefit unless requirement B in Section 3 is met.
5 Conclusion

An assessment of the use major use cases for bit-stream interoperability presented in SA4 clearly reveals that there is no impact on call completion in any of the use cases if bit-stream interoperability is not included in the EVS codec.  Furthermore, while there has been no consensus on the quality impact in these cases if bit-stream interoperability is not provided, it is clear that any impact is restricted to a small percentage of speech packets in a small percentage of calls.
Appendix A.3 of the current draft of the TR reads, “Although multiple methods to achieve interoperation may exist, the selected method of interoperation should ensure the highest possible quality for the end user relative to other possible methods of interoperation.”  It follows that the method of interoperation should ensure the best possible quality for the end user over the greatest percentage of calls and call time.  Therefore, the method of interoperation should not be selected to benefit a small percentage of scenarios for brief periods of time at the expense of the majority of calls and call time.

We therefore propose that no additional text is needed in TR 22.813 to further stipulate requirements on bit-stream interoperability.  Without a requirement for bit-stream interoperability, 3GPP is free to select the best possible codec whether or not is provides this capability.
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