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1 Introduction
This document provides some proposed text for the EVS Performance Requirements Permanent Document (EVS-P3).

Several principles detailed in Section 2 have been followed in constructing an example set of requirements and objectives that can be found in attachment.

2 General principles for setting performance requirements

One principle is to avoid as much as possible 'Better Than' criteria for Requirements entirely due to problems with statistical variation but to permit its use as part of Objectives.

Another principle has been to group the input signal conditions for the Codec-Under-Test (CuT) as far as possible and use a reference codec under the equivalent operating conditions. This means that the Requirements and Objectives can be stated in a concise manner whilst capturing many configurations. 

Key guidelines are summarized:
1) According to 3GPP TR 22.813, Enhanced voice services in EPS should allow for significantly improved quality of user experience compared to voice services enabled by pre-Rel-10 3GPP access systems. Performance tests must be consequently designed to firstly qualify candidates on the basis of the expected improvement with respect to currently experienced 3GPP voice services. Therefore it is very important to give high priority to reference codecs already used and deployed in 3GPP network and services: AMR and AMR-WB must consequently be used as the reference codecs whenever possible.

2) The EVS codec aims at improving quality in particular by extending the coded bandwidth. Therefore it is relevant to check for improvements with respect to reference conditions of lower bandwidth according to section 6.2.1 of the TR: "For super-wideband signals: the quality shall be significantly better than the state-of-the-art 3GPP wideband codec with wideband input". This can be verified with mixed bandwidth tests. Note that some past standardization exercices, e.g. ITU-T G.729.1, have demonstrated that mixed bandwidth tests (ITU-T P.800) give reliable and useful results. It is therefore proposed to use AMR-WB as the reference to check the improvement brought by SWB at similar bit rates (e.g. SWB around 12.65 kbit/s).
3) Fixed/mobile convergent user equipments could allow an extended usage of EVS codec for fixed/mobile convergent services where quality can be compared with currently experienced fixed services with less bit rate constraints and so at higher encoded bandwidth, bit rates and related qualities like for videoconferencing applications. Therefore it is proposed to use G.711, G.722, G722.1C and G.719 as reference codecs. These codecs in addition to AMR and AMR-WB are the one to be considered to test transcoding although qualification tests could be limited to self tandeming. For lower bit rate quality can be compared against AMR-WB (see point 2).
The SILK codec may be used but we consider that standardized ITU-T codecs would give a better state of the art quality reference in similar operating conditions.
4) For coded bandwidth aiming at high quality (WB and higher bandwidths), the bit rate at which the quality is maximized and saturates should be tested: for each encoded bandwidth, it is proposed to select a set of two bit rates with a quality requirement nwt direct that must be achieved by default be the highest bit rate or the lower one if sufficient: 48-64 kbit/s for WB, 64-96 for SWB.
5) The "better than" criteria should be avoided whenever suitable nwt reference can be found especially when there is a risk that the test cannot sufficiently discriminate between high qualities due to statistical confidence interval issues. However a better than criterion can be still relevant to be used with conditions where a real quality increase is expected like when comparing different bandwidth (see point 2)

3 Remarks on I/O frequency masks

Performance requirements for NB and WB shall be set with NB and WB limited input/output to take into account terminals with limited bandwidth capabilities. On the other hand, SWB voice services should be offered by new high quality terminals with full bandwidth capabilities. It is then proposed that SWB be tested with 32 kHz I/O frequency sampling and no output bandwidth limitation.
These considerations are not captured in the attached file.
Attachment

See proposed performance requirements in attached file named 'EVS-3 v0.0.1_revised.doc'
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