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1. Abstract
The IVAS codec WID [1] calls for a solution that provides support for MTSI services, where such support is also accomplished by the provision of bit-exact EVS operation. There is an ongoing discussion how bit-exact EVS operation should be achieved. Two workable solutions are conceivable. Bit-exact EVS interoperation can be provided through:
1. Bitstream interoperability with a certain EVS interoperability mode included in the IVAS codec
2. Negotiating the use of the EVS codec by means of SIP/SDP mechanisms
It is notable that the IVAS WID gives no guidance which of these solutions to choose nor is any further information or motivation for any on the solutions available in the TR on VR [2] that is the basis for the IVAS WID.
However, during EVS standardization a similar discussion arose about EVS interoperability with AMR-WB. In the following we will shortly review the arguments exchanged in that discussion. Then we present a short cost-benefit analysis of the two conceivable solutions for bit-exact MTSI/EVS interoperability with IVAS services.
The document concludes with the proposal that bit-exact EVS interoperation should not be enforced by requiring the inclusion of an EVS interoperability mode into the IVAS codec. There are rather significant design benefits for the IVAS codec if interoperation is achieved when needed through SIP/SDP negotiation of the EVS codec.
2. Review of discussion about AMR-WB interoperability for EVS
The main discussion took place in the end of the EVS study phase. The matter was still unsettled until shortly before finalization of the study and the only agreed language on backward interoperability with existing 3GPP codecs was the following: 
“Backward interoperability with existing 3GPP codecs aims to reduce the need for transcoding as much as possible.
Backward interoperability with existing codecs can be achieved through
· the use or negotiation of existing 3GPP codecs previously defined for voice services, or 
· bitstream interoperability with one or more of these codecs when a new codec is defined.”
Only when finalizing the work and on the verge of opening the EVS codec work item the following text was added:
“It is recommended that the EVS codec shall achieve backward interoperability to the existing 3GPP AMR-WB codec by supporting all AMR-WB codec formats used in 3GPP conversational speech telephony services including CS.”
The main arguments exchanged were provided in documents S4-090241 [3], S4-090288 [4], S4-090491 [5].
Document [3] argued in favour of bitstream interoperability. Arguments used were that such kind of interoperability would allow for a smooth codec migration path from an existing to a new codec (this would not be valid here since the intention of the IVAS work item is just to complement but not to replace EVS). Further arguments were based on use cases, with SRVCC, conferencing and voice mail service as examples. 
Documents [4] and [5] argued for the counter position, against a requirement for bitstream interoperability. Document [4] for instance provided the argument that interoperability with legacy UEs could be achieved by the SIP/SDP offer-answer mechanism. And it also argued that bitstream interoperability hardly warrants efficiency of implementation and “if the memory used by the codec is of concern, then specific requirements should be placed on the memory usage of the codec, and not on the bit-stream it produces.” 
A further argument given was that the requirement for bitstream interoperability would come at a cost: 
“It is clear from the preceding sections that the benefits of bit-stream compatibility are questionable.  Even more importantly, it cannot be assumed that a design constraint such as bit-stream compatibility (or any constraint, for that matter) will not come at a cost.  That is, a different design without that constraint may be able to achieve better quality, better spectral efficiency, reduced complexity, or some more optimal mix of these performance indicators.”
The arguments provided in document [4] were countered with document [5], which states in its conclusion:
“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.”
The dispute was finally resolved by requiring that EVS should provide bitstream interoperability with AMR-WB.
3. EVS AMR-WB interoperability from today’s view
In retrospect, it can be said that the strong and still valid reason for AMR-WB interoperability is most likely the eSRVCC feature of 3GPP networks. The bitstream interoperability helps avoiding speech service interruptions when UEs roam between LTE and 3G networks. 
At the same time, many of the arguments provided in [4] and [5] turn out to be valid: 
If the eSRVCC reason disappears, interoperability is indeed achieved with SIP/SDP offer-answer mechanisms. Today TS 26.114 [6] specifies the necessary protocols that allow choosing a legacy codec, AMR or AMR-WB, if a UE does not support EVS. Transcoding is by no means required or used in such a case.
Also, the cost argument of document [4] proves to be partly right. While there is no doubt that EVS provides cutting-edge performance, it is clear that the implementation cost due to memory consumption is significantly beyond the original EVS design constraints. Even if it may be argued that this is not due to the inclusion of the AMR-WB interoperability mode, it has turned out that EVS has become quite a heavy-weight due to inclusion of various technologies, including AMR-WB.
4. Cost-benefit analysis
4.1 Bitstream interoperability
It is now assumed that bit-exact MTSI/EVS interoperability with IVAS services would be achieved through an EVS interoperability mode included in the IVAS codec. 
Unless no other (new) mono modes are included, the benefit with this approach is that whenever mono coding with IVAS is required, the coding falls back to well-tested and characterized EVS codec modes. Another benefit is that the AMR-WB IO mode of EVS that would also have to be included enables eSRVCC mechanisms causing virtually no service interruptions due to codec switching upon 3G/LTE roaming.
The cost with this approach is manifold:
· Memory consumption: Only for enabling the EVS mono modes, the RAM/ROM/PROM of today’s EVS codec would be required. It should be recalled that the actual figures of the EVS codec exceed the original design constrains requirements by a) RAM: 49% (149 kW instead of 100 kW), b) ROM: 47% (147 kW instead of 100 kW), and c) PROM 111% (114500 instead of 54260 operators). The memory cost for the IVAS codec with all its new functionality would inevitably be offset by this significant amount. The risk is that the new IVAS codec could become too costly to implement and thus less attractive.  
· Technology duplications: The technology duplications of the EVS codec, for example, the various MDCT coding schemes, bandwidth extension methods or frame loss concealment schemes would be preserved and continued even in the IVAS codec. While there is cost associated with such technology duplications, the benefit remains unclear.
· Design inflexibility and non-optimality: the EVS codec was designed and optimized for requirements of the use cases of the Enhanced Voice Services that are described in the EVS study phase TR 22.813 [7]. It is not obvious, or rather very unlikely, that the different use cases of the IVAS codec would imply the same set of requirements. Thus, the design of the IVAS codec would be inherently inflexible since it would have to retain all EVS legacy code even in a bit-exact manner. Consequently, the IVAS codec could not be optimal for the IVAS use case needs. One example of this potential problem is codec complexity. EVS codec complexity is about 88 wMOPS. While this is an acceptable complexity figure for two-party EVS communication, the spatial conferencing use case [8] or immersive media use case of IVAS [1] may imply other, lower complexity limits. Additional mono modes meeting certain specific IVAS use requirements could be added, though this would make the overall codec design even more complicated.   
4.2 SIP/SDP interoperability
It is now assumed that bit-exact EVS interoperation is provided through negotiating the use of the EVS codec by means of SIP/SDP mechanisms as specified for MTSI [6]. In case of interoperation with a legacy UE supporting EVS but not IVAS, the EVS codec would be negotiated, which would then satisfy the requirement of bit-exact EVS interoperation.  
The benefit with this approach is 
· Targeted, optimal design: The IVAS codec can be designed from a blank sheet, fully addressing the requirements imposed by the IVAS use cases. Where this is beneficial, designers have the possibility to rely on existing technology of the EVS codec but the design would not be constrained. The design would be inherently much slimmer compared to the opposite case when the complete EVS codec would have to be included. 
· Memory consumption/complexity: As the design is not constrained by including the complete EVS codec, the memory requirements are not upfront offset by the EVS codec memory consumption. The complexity of the IVAS codec modes could follow a complexity/performance trade-off perfectly matching IVAS use case requirements.
The only actual cost with this approach is that the IVAS codec would not contain codec modes that enable eSRVCC with virtually no service interruption. However, the solution to address this issue would not be to require bit-exact interoperation with the full EVS codec but rather only with AMR-WB. This is because there are only AMR-WB but no EVS deployments in 2G/3G networks. It could be argued that that new IVAS mono modes that are different from existing EVS codec modes would cause at least testing costs but such cost would in arise whenever new mono codec modes would be provided with IVAS on top of existing EVS codec modes. 
5. Conclusion
[bookmark: _GoBack]The review of the earlier discussions in SA4 about AMR-WB interoperability of EVS and the cost-benefit consideration for IVAS render it questionable if there is sufficient justification to require that the IVAS WID objective of bit-exact interoperation with EVS based MTSI services must be accomplished by including EVS into the IVAS codec. This would make the new IVAS codec less attractive since unnecessarily complex and its design could not meet the IVAS use case requirements in the best conceivable way. 
For the sake of a slim and focused IVAS codec design that is oriented at IVAS use cases, it is therefore proposed that there should be no requirement that the IVAS codec shall contain a bit-exact EVS interoperability mode. Among other coding modes, the IVAS codec should instead comprise new mono coding modes, exactly matching use case needs. For interoperation with EVS it is suggested to rely on SIP/SDP negotiation mechanisms that allows using EVS when required.   
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