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1 Introduction

This document is related to the Rel.6 work item “Packet Switched Streaming” and contains the design constraints and performance requirements for the selection of the audio codec for PSS/MMS in Rel.6. The subjective quality evaluation procedures are described in the “PSS/MMS Audio Codec Selection Test Plan” (S4-030377).

1.1 Background

At SA-4 #24, the PSM SWG agreed that the establishment of mandatory audio codecs for PSS in Rel.6 would be desirable (see [1]). Based on this decision, the following language was included into the living document of TS 26.234 Rel-6:

SA4 PSM was in agreement that the selection of a mandatory codec for audio in PSS and MMS (and MBMS ffs) would be desirable in the context of Rel.6. The group acknowledged that in the lower bitrate audio range (12 kbit/s to <32 kbit/s, as defined in the S4-020660) there were two contenders being presented, namely aacPlus and the proposed Wideband AMR Extension presented as a work item to SA4. In the higher bitrate audio range, the group agreed that at the present moment, aacPlus and AAC appear to be the contenders in that field.

The list of candidate codecs was closed on March 31st, 2003. The current list of candidates can be found in XXX (Draft report of SA-4 Audio Codec Adhoc). Furthermore, the current draft of the design constraints for the AMR-WB+ work item (see [3]) sets the maximum bitrate for the WB-AMR+ codec to 24kbit/s. 

1.2 Document structure

2 Selection process for an audio codec in PSS Rel-6

[Ed. Comment: Section 2 still under discussion]
The first and foremost objective for a codec to be selected as a mandatory codec for PSS/MMS in Rel.6 is that the selected codec should offer optimum performance among the relevant use cases in the particular bitrate range. This is reflected by the performance requirements. However, the audio quality is not the only objective that needs to be considered in this context. The design constraints are also used to make sure that the selected codec can be implemented at a reasonable cost on 3G terminals and also offers enough flexibility for the service (e.g. various bitrates).

Therefore, a two-step selection approach is being taken. 

· First, candidates are checked against the design constraints and the performance requirements. Non complying candidates are excluded from the second step. 

· Second, the remaining codecs, all complying with the design constraints and the performance requirements, are ranked based on the extent to which each candidate matches the performance objectives in the relevant scenarios. 

· If, after the second step, multiple candidates ?are ranked first?, those are further ranked according to the design objectives and the top-ranked codec will be selected. 

The content types that are taken into account for the selection as per Table 2.2 and Table 2.5 below aim to represent potential applications in the respective bitrate range, selected in an effort to keep the number of configurations at a reasonable level. By no means, these lists imply that they represent a concise list of possible use cases. The relative value assigned to each of the test cases is meant to serve as a guidance when building an overall quality grade for the candidates based on data from various content types.

For the higher bitrate range, in case that no candidate manages to meet the requirements, AAC (the codec currently specified in Rel.5) will be considered as a fallback solution.

	Availability of specification
	Normative bitstream and decoder description (ANSI C-code) plus conformance criteria. ANSI C-code description of the error concealment algorithm used during selection testing as an example solution.


	The availability of a publicly endorsed open standard is an advantage.

	Availability of fixed point code
	
	Fixed point code available for both encoder and decoder

	MMS content creation (constraint only relevant in the lower bitrate range)
	
	Availability of a low complexity, fully specified encoder (relevant for MMS) is an advantage


Discussion on encoder availability: One idea presented was that an informative encoder description should be made available in ANSI C-Code. Issues discussed in that context were:

· Is there a difference between terminal-based and server-based encoders?

· Can we enable better-than-tested encoders without giving up a defined minimum quality?

· Under which terms and conditions will such source code be made available (free as part of specification or under fair, reasonable and non-discriminatory licensing terms)?

	Commercial deployment
	
	Usage of the codec in other commercial applications is an advantage (has a positive influence on availability of chipsets, stability of implementations and enables content re-use

	Availability of chipsets
	
	Availability of cost-efficient chipsets implementing the codec is an advantage
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