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1. Introduction

AMR-WB speech codec is targeted to wideband speech applications. The codec has reasonable performance also in music, but it is not comparable to performance of generic audio codecs.

A new work item for AMR-WB based audio extension was established at SA#18. AMR-WB codec with the new extension is called AMR-WB+ codec hereafter. Audio is understood here as speech, music and mixed content.

AMR-WB+ will be considered as a candidate for PSS and MMS services in 3GPP Rel-6. SA4 will define the selection criteria for a codec for low-rate high quality audio applications.

This document gives draft performance requirements for AMR-WB+ codec.

2. AMR-WB+ operational modes 

The AMR-WB+ codec is targeted to packet switched streaming services as well as messaging services. The streaming client could contain only the AMR-WB+ decoder, whereas the audio content will be created using separate authoring tools. In messaging applications the mobile terminal will also contain the encoder with reasonable complexity and algorithmic delay. Although the complexity or delay of the streaming codec for content creation in the network side is not a very critical item, it would be beneficial to have a codec, which could also be used for content creation in the terminal side. The following use cases could be then identified:

A.
High quality, high complexity encoding for downlink streaming and Messaging containing speech, music and mixed content.

B.
Good quality, moderate complexity encoding for uplink streaming and Messaging containing speech, music and mixed content.

The decoder will be common for both use cases and it will be possible to decode both types of content in a terminal. It will also be possible to run the moderate complexity uplink encoder in a terminal.

3. Performance requirements

Unless otherwise stated, the performance requirements and objectives shall be interpreted as “not worse than” the performance of the reference codec. Conditions “not worse than”, “equivalent” and “better than” shall be determined statistically at the 95% confidence interval.

The sampling rate figures in the requirements for use case A are considered as the decoder output sampling frequency. For use case B the sampling rate considers both encoder and decoder.

AMR-WB+ DTX is switched off in the experiments verifying the requirements in the Tables 1 – 8 below.

The reference codecs needs to be available for the testing and for the codec proponents. The essential properties of the reference codecs including the delay and complexity should be characterized and reported.

3.1 Requirements and Objectives

The channel error performance is specified and evaluated assuming generic IP transport on a UTRAN bearer. Each error condition (EC) is defined using one BLER profile (single indicator per frame). BLER is considered here as frame error rate.

Random frame errors with the given rate are assumed. To be able to compare codecs, 1% BLER means on the average one lost frame out of 100 frames regardless of frame length.

	Criteria
	Performance Requirement
	Performance Objective

	Audio quality
	No worse than the better of AMR-WB and MPEG-4 AAC LC at the same bitrate in any test case based on the average performance over music, mixed content and speech, and better in at least one test case.

Test cases covered shall be 14kbit/s mono, 18kbit/s stereo, 24kbit/s mono and 24kbit/s stereo
	Maximum performance across all relevant bitrates and content types



	Error Robustness
	At 3% frame-loss rate no worse than the better of AMR-WB and MPEG-4 AAC-LC at the same bitrate and frame loss rate in any test case based on the average performance over music, mixed content and speech.

Test cases covered shall be 14kbit/s mono and 24kbit/s stereo.


	At 5% frame-loss rate no worse than the better of AMR-WB and MPEG-4 AAC-LC at the same bitrate and frame loss rate in any test case based on the average performance over music, mixed content and speech.

Test cases covered shall be 14kbit/s mono and 24kbit/s stereo.
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