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1. Introduction
SA1 and SA4 are presently carrying out a study item seeking for enhanced voice service requirements for EPS, which will lead to 3GPP TR 22.813. This document reviews the status of the TR from SA1 perspective, identifies open issues, and suggests ways to resolve them.
2. Status and Open Issues
The sections of the TR which are SA1’s responsibility are ‘section 5: Use cases’ and ‘section 6: System and Service requirements’.

2.1 Section 5: Use cases
The list of use cases can be regarded as comprehensive. The use case ‘music sharing’ lacks a description. Music sharing as such is a streaming or off-line content distribution case rather than a use case for a conversational speech service. It is suggested to remove this use case.
All use cases have a subsection ‘use case evaluation’ which however lack contents. The authors regard such subsections as problematic since the use case evaluations may greatly depend on business models of different operators and deployment plans of their EPS systems. The evaluation perspective will obviously diverge significantly from one operator to another, and in addition, disclosing use case evaluations might imply the need to share sensitive information about specific EPS deployment plans. These aspects make it extremely difficult to reach any consensus in the evaluation of the use cases.  
It is proposed to remove the subsections ‘use case evaluation’. 

2.1 Section 6: System and Service Requirements

This section contains the subsections 
6.1 General service requirements
6.2 Backward service interoperability with pre rel9 3GPP networks and devices
6.3 Audio bandwidth
6.4 Support of mono or multi-channel signals (stereo, 5.1 …)
6.5 Voice quality performance
6.6 Audio quality performance
6.7 Perceived end-to-end service quality
6.8 Complexity and efficiency of service implementation
6.9 Other features 

Except for subsection ‘6.2 Backward service interoperability with pre rel9 3GPP networks and devices’, none of the subsection have contents yet.
The authors believe that the majority of the open subsections aim to specify requirements on a too detailed level limiting SA1’s possibilities to progress them. To specify requirements on such a level in fact requires specific expertise about what is achievable with state-of-the-art codec technology and the technology of further elements in the voice processing chain such as the acoustical signal processing. This is out of the expertise of SA1 and can more efficiently be addressed by SA4 experts. 

The authors hence believe that SA1 should rather concentrate on high-level requirements which are within the SA1 scope. This is in line with the message received in the SA4 LS answer to “Enhanced Voice Codecs for the Evolved Packet System (EPS)” [S4-080593] which relevant part reads as follows:

In the interest of speeding up progress, we (SA4) would like to inform SA1 that the S4 EVS SWG has identified the following key issues to be resolved in priority: Quality (Voice and Audio Quality), Cost (bit rate efficiency and complexity), and Interoperability.

The latter topic in the system and service requirements in Draft TR22.813 is understood to be stable. It should be noted that mere high-level requirements on quality and cost in Section 6 are sufficient for SA4 to further elaborate codec requirements in Section 7.
The authors would hence like to suggest restructuring section 6 as follows: 

1) Remove all open ‘low-level’ subsections except ‘6.2 Backward service interoperability with pre rel9 3GPP networks and devices’. 

2) Introduce a subsection on ‘Quality of user experience‘
This new subsection should specify all quality related requirements from a user perspective. It should express the expectation of SA1 to provide significantly improved voice service quality over what is possible today with the 3GPP speech services. The quality expectation shall relate to the true end-to-end quality perceived by the user. 
It is proposed to leave it to SA4 to formulate the specific requirements on the various quality impacting elements of the transmission chain and their relevant parameters, which in turn will lead to the expected enhancements of the quality of user experience. 
3) Introduce a subsection on ‘Cost efficiency’
This subsection should express the expectation of SA1 that the EVS can be implemented in a cost efficient manner. It is proposed to leave it to SA4 to break down such high-level requirements to bit rate requirements and complexity requirements for the codec. 

4) Refine subsection ‘6.2 Backward service interoperability with pre rel9 3GPP networks and devices’
This subsection should express more clearly the need for interoperability of the EVS with at least the existing wideband speech service. Interoperability is the only way for avoiding transcoding or service interruptions due to codec handover in all cases when the codec to be used throughout the session may change or cannot be negotiated at session setup. This is for instance the case during cell handover between cells with EPS support and other pre-Rel-9 cells without EPS support.

3. Text Proposal for draft TR 22.813
It is proposed to remove the use case evaluation subsections of 5. For section 6 it is further proposed to remove the empty subchapters, to add two subsections on quality of user experience and cost efficiency and to update the subsection on backward service interoperability with pre rel9 3GPP networks and devices. The proposed modifies section 6 on system and service requirements would read as follows:
----------------------------------------

Quality of user experience 
Enhanced voice services in the EPS can allow for significantly improved quality of user experience compared to voice services enabled by 3GPP releases prior to 3GPP Rel-9. It should be possible to achieve significantly better service quality than is possible with both release 8 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-release 9 by the means of EVS.  The improvement of the end-to-end quality should address all parts of the transmission chain. 
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-release 9 3gpp wideband voice service.
Backward service interoperability with pre rel9 3GPP networks and devices

It is important to remind that cost efficiency is one important objective of EPS. Transcoding generates additional network costs (transcoding gateways), degrades audio quality and increases latency. Transcoding-based solutions for ensuring service interoperability shall be avoided as much as possible. As a means for avoiding transcoding or service interruptions due to codec handover in cases where the codec to be used throughout the session may change or cannot be negotiated during call setup, it is required that backward service interoperability with at least the existing 3GPP wideband voice service is ensured. 

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 shall be delivered to all participants.

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

4. Suggested changes to chapter 5 and 6 in TR 22.813
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6
System and service requirements

The following system and service requirements are derived from the use cases described in section 5. 

[Editor's note: this work will be done by TSG SA1 experts]



6.1
Quality of user experience 

Enhanced voice services in the EPS shall allow for significantly improved quality of user experience compared to voice services enabled by 3GPP releases prior to 3GPP Rel-9. In particular it is required that significantly better service quality is achieved than is possible with both 3GPP narrowband and wideband voice services. The requirements shall address the 
end-to-end quality covering all parts of the transmission chain starting from acoustical receive characteristics and the acoustical signal processing and the coding of the sending terminal over the transmission and possible network processing functionality to the decoding and acoustical signal processing and the final acoustical transmit characteristics of the receiving terminal. The quality of user experience should also encompass the raw speech quality of the codec and resilience to transmission errors in the context of an EPS network.
6.2
Cost efficiency

Enhanced voice services in the EPS shall be deployable in a cost efficient manner. The requirements shall 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 (though state-of-the-art) computational resource. In particular it is required that the transmission efficiency exceeds that of the existing 3GPP wideband voice service.
3
Backward service interoperability with pre rel9 3GPP networks and devices

It is important to remind that cost efficiency is one important objective of EPS. Transcoding generates additional network costs (transcoding gateways), degrades audio quality and increases latency. Transcoding-based solutions for ensuring service interoperability shall be avoided as much as possible. As a means for avoiding transcoding or service interruptions due to codec handover in cases where the codec to be used throughout the session may change or cannot be negotiated during call setup (see section 5 Use Cases), it is required that backward service interoperability with at least the existing 3GPP wideband voice service is ensured.
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 shall be delivered to all participants.

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