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1. Introduction

Currently, SA1 and SA4 jointly work on the feasibility study of enhanced voice service requirements for the Evolved Packet System (EPS). At the last SA1 #41 meeting in Sophia Antipolis, the text of Section 5 (Use cases) and Section 6 (System and service requirements) were updated. In this contribution, we propose some texts for Section 6 of the latest TR22.813 (v0.6.1) which was recently updated by SA4.

2. Background of proposals

We consider that the following items are important, and therefore they should be addressed in the service requirements.

2.1 Bit-rate scalability on top of pre-Rel-9 interoperable bitstream

The functionality of bit-rate scalability is useful for adapting optimally and dynamically the bandwidths of various access networks and the capabilities of different terminals. It can provide the best possible highest quality of services without negotiation between end-to-end terminals. This functionality is beneficial for the use cases of Section 5.1 (i.e. audio conference with multiple participants) and Section 5.2 (i.e. two-party communication).

Interoperability with pre-Rel-9 3GPP systems is also important to avoid transcoding with the pre-Rel-9 codec. There are cases where bitstream interoperability with pre-Rel-9 3GPP systems is essential. Those cases include Mobility scenarios in Section 5.4 (i.e. handover from a cell with EPS support to another cell without it) and Voice-mail service in Section 5.6 (i.e. the EPS codec bitstream need to be decodable by a legacy codec).

Therefore bit-rate scalability on top of pre-Rel-9 3GPP codec bitstream is the useful and important functionality. We propose to add such functionality to the service requirement.

AMR-WB is the appropriate codec as the pre-Rel-9 3GPP codec, and bit-rate scalability should be provided for the wideband and super-wideband (including full-band if supported) voice services. This is proposed for realizing the best possible flexibility over wide range of available access network bandwidth. Moreover, capability to transmit high quality speech at a low bit-rate (e.g. around 8 kbit/s) is desirable.

2.2 Audio quality performance

Although the conversational voice service is a primary use case, there are other cases where a music signal or mixed contents (speech + music) must be encoded. These cases include; 1) music on hold or mixed contents message described in Section 5.7 (i.e. Access to network media server contents), and 2) some music signals which might be presented during the conversational voice service (e.g. background music at a shopping center). For providing transparent quality on those kinds of signals, it is preferable to have higher audio quality performance. It is important to achieve good quality even at a lower bit-rate both for wideband and super-wideband (including full-band (if supported)) services for providing the best possible audio quality over wide range of available access network bandwidth.

2.3 Robustness against packet loss
It is important to be robust sufficiently against packet loss due to IP network congestion controls or transmission errors in a mobile access network.


Such robustness should be provided at least for the wideband voice service.

2.4 Transcoding performance
Transcoding should be avoided for escaping from quality degradation and additional delay. Nevertheless, there is a case where transcoding cannot be avoided. This situation would happen, for example, in the use case of Section 5.6 (Voice mail service), i.e. an existing narrowband terminal may want to decode a bitstream encoded by the EPS codec. In this case, a voice mail server has to transcode the EPS codec bitstream to the narrowband codec bitstream. Therefore it is beneficial to address the tarnsconding performance in service requirements.

3. Proposals
Based on the above backgrounds, we propose some texts for Section 6 of “System and service requirements” as follows. We have created two sub-sections, 6.7.1 and 6.7.2, for Section 6.7 (Other features).

-----------------

Proposed texts for the sections 6.1, 6.5, 6.6 and 6.7 of Draft 3GPP TR 22.813 v0.4.1 (2008-07).

6.1 General service requirements

Section 6 defines the system and service requirements derived from the use cases. The enhanced voice services for EPS should fulfill these system and service requirements described in the following sub-sections.
6.5 Voice quality performance
Robustness against packet loss should be provided. Improved robustness compared to the existing narrowband and wideband codec of pre-Rel-9 3GPP systems is desirable for the wideband voice service.

6.6 Audio quality performance

Improved audio quality performance for mixed contents (e.g. speech+music) is desirable. Improved audio quality compared to the existing voice codec of pre-Rel-9 3GPP systems is desirable for the wideband service.

6.7 Other features




6.7.2 Transcoding performance

The quality degradation due to transcoding should be as small as possible whenever transcoding cannot be avoided.
-----------------
