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Introduction
TR 22.813 was a joint effort between SA1 and SA4 and is now ready for approval at SA#47 (March 2010). The TR contains a chapter that identifies and defines service and system requirements and high level codec requirements that should be met for “Enhanced Voice Services” within the EPS. 
As indicated in the SA4 LS reply to S4-100192 “LS on Enhanced Voice Codecs for the Evolved Packet System (EPS)”, SA4 has agreed a WID for standardization of a codec for the EVS that follows the lines of the EVS TR. The LS brings to SA1 attention that stage 1 work is foreseen from the WID with impacts on TS 22.173. This contribution makes a corresponding suggestion.    

We suggest that a condensed version of these requirements is captured as a new chapter in TS 22.173 under the name “IMS Multimedia Telephony with Enhanced Voice”.  The requirements in chapter 5 “System and service requirements” from TS 22.813 v0.9.9 (found in S4-010190) is copied below for easy reference.
Conclusion

We suggest that the requirements (based on the text in TR 22.813) are included into 22.173. A CR that suggests these changes can be found in CR S1-100072. 

From TR 22.813 v0.9.9

5
System and service requirements

The enhanced voice services for EPS should fulfill the system and service requirements described in the following sub-sections. 
5.1
Quality of user experience 

Enhanced voice services in the EPS should allow for significantly improved quality of user experience compared to voice services enabled by pre-Rel-10 3GPP access systems, considering the advancement of other communication systems. It should be possible to achieve significantly better service quality than is possible with both Rel-9 3GPP narrowband and wideband voice services. User experience is also impacted by the consistency of the quality experienced by the user under varying access and core network conditions. Under varying network conditions the user experience should be better than in pre-Rel-10 by the means of EVS. The improvement of the end-to-end quality should address all parts of the transmission chain.

5.2
Efficiency

Enhanced voice services in the EPS should be deployable in an efficient manner. Enhanced voice services should address the efficient use of the transmission resource in EPS access and transport networks as well as the possibility to implement the new services on low-cost devices and network equipment with limited computational resource. With regard to transmission efficiency, it should exceed that of the pre-Rel-10 3GPP wideband voice service.

5.3
Backward service interoperability with pre-Rel-10 3GPP networks and devices

Transcoding generates additional network effort (e.g. costs, transcoding gateways), degrades audio quality and increases latency. Transcoding-based solutions for ensuring service interoperability should be avoided as much as possible. 

Besides, conference call may interconnect subscribers using enhanced quality services equipped with new enhanced devices and users with "old/legacy" terminals. The best possible quality should be delivered to all participants.

If transcoding cannot be avoided, voice conversational quality degradation should be as limited as possible.
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