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1. Introduction

The study item “Study of Enhanced Voice Service Requirements for the Evolved Packet System (EPS)” [1], was initiated to capitalize on the benefits that EPS offers for real-time voice communications.  However, the progress of the EVS study has been somewhat slow, in part due to differing views concerning the intent of the study.  
The study item description, as well as the SA1-completed portion of the study report [2] stresses the features important to real-time voice communications, including high quality, efficiency and interoperability.  In this contribution, we discuss the context and priorities of these features for the SA4 portion of the work to define codec requirements, assess existing codecs, and define a strategy for EPS's codec(s) standardization.
2.  Discussion
EPS as a 4’th generation network provides an opportunity for higher quality speech than available today.  This is achieved in part through a more flexible and efficient transport that will also benefit operators deploying narrowband and wideband voice based upon AMR and AMR-WB, respectively.

It is the position of the authors of this contribution that the primary intent of this EVS study is to focus on enhanced conversational speech with very high audio quality, as stated in the justification section of the study item description.  As 3GPP has already standardized speech codecs for narrowband and wideband speech, higher quality implies providing either higher bandwidth (at least super-wideband), multiple channels (at least stereo) or both.  Improved music quality may also be considered as in the scope of enhancements.  

A consistency of voice quality (robustness in the presence of frame erasures) has also been highlighted as important.  AMR and AMR-WB provide robustness in the presence of frame erasures in the circuit- and packet-switched services that make use of these codecs.  It should be noted that the network itself provides much of the error resilience, and EPS is expected to provide at least the same level of frame erasure protection as its circuit-switched predecessor, leading to equivalent or better consistency of quality performance for all users of EPS-based voice services.  Even so, codec technologies already exist which can easily be applied for further robustness enhancements, for example, those used in G.718.  Any new codec should also benefit from the error resilience that EPS offers.
Spectral efficiency should be considered in the context of the development of high quality codecs As such, codec requirements for higher bandwidths and multiple channels should be accompanied with requirements for their efficient encoding.  In addition, mobile operators will enjoy efficiency improvements in all voice-related services that are migrated to the more spectrally efficient EPS.
The study item description, as well as the system and service requirements section of the TR also state that interoperability with legacy services and network deployments must be considered.  The authors’ position is that bit-stream interoperability with AMR-WB is an important codec requirement as it will ease the deployment of high-quality services and can be achieved without jeopardizing the main goal of enabling higher quality services.  In fact, this has already been demonstrated through the development of the ITU-T G.718 standard.

Of course, it is possible that other achievements can be made including for instance encoding of WB speech at a lower bit-rate for still higher network efficiency, as well as enhancing WB quality performance (e.g. higher quality WB speech in conjunction with improved error robustness), however this should not compromise the main goal of the effort. 
3.  Proposal
It is proposed that the SA4 part of the EVS study dealing with codec-specific considerations focus on higher quality than available today.  This should be accomplished through first examining the possibilities of higher bandwidths (beyond wideband) and increased number of channels.  The opportunity for EPS to provide such a high quality should not be compromised.
It is proposed to add the following introductory text at the beginning of Section 6 of TR 22.813 [2]:
“To achieve the system and service requirements defined in Section 5, the EPS voice codec(s) should focus on efficient and interoperable means to deliver higher bandwidths (beyond wideband) and increased number of channels.”
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