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1. Introduction

This document provides the performance requirements associated with the Work Item Description for Higher Bitrate Audio Codec.  This codec is proposed as a candidate for packet switched streaming services (PSS) and messaging services (MMS).

2. 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 table below lists the performance requirements against which the codecs complying with the design constraints will be evaluated in terms of audio quality and error robustness.

	Criteria
	Performance Requirement

	Audio quality
	Better than AAC in at least one test case and equivalent or better in the others. Test cases are 24kbit/s mono, 24kbit/s stereo and 48kbit/s stereo. The codec shall offer the ability to create CD-quality streams at no more than 128kbit/s

	Error Robustness
	Under 1% frame loss rate (defined below) and at 24kbit/s stereo, candidate shall perform better than error-free AAC-LC at 24kbit/s stereo.


3. Content Types

Pop – with or without vocals

Classical – with or without vocals

Single Instruments

Vocal

Choir

Mixed speech and Music

Clean Speech

4. General considerations regarding audio quality assessments

In tests conducted over the past years, the MUSHRA method (as described in [1]) has been proven to deliver reliable results for the purpose of assessing the audio quality of lossy codecs, especially in the intermediate quality range. Therefore, test data considered in the selection process should be based on the MUSHRA test methodology.

For the purposes of minimizing the workload whilst maintaining integrity, the selection process should be based on relevant test data, previously generated inside 3GPP or by other reputable independent organizations. Minor deviations from the originally intended test scenario are acceptable in this context. 

1% random frame loss represents the loss of one frame in 100 under random distribution conditions.
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