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1. Introduction

This paper discusses the input levels to be used for the quality assessment of the EVS codec, this is based on ITU-T recommendation P.830 and past experiences gathered in the assessment of speech codec with various input categories.
2. Speech levels
For narrowband and wideband speech P.830 clearly recognizes that digital speech codecs are sensitive to the level of the input speech and that the performance of the codec could depend on this level. This is especially true but not limited to fixed point implementations. Therefore, when assessing the performance of codecs it is usual to set different input levels in order to assess the quality of the codec and to insure that this potential dependency is small or non-existent. P 830 recommends input levels of 14, 26 and 38 dB below the overload point of the codec, while usually -26dBov +- 10dB are used in practice. These levels have also been used for SWB input signals.

2. Music and mixed content levels

According to P.830, “ITU-T recommends that only simple testing be used in order to ensure that the music is of reasonable quality”. While this is the case for most speech codecs standardized within ITU-T, the EVS codec has as an objective “Enhanced quality for mixed content and music in conversational applications (for example, in-call music), leading to improved user experience for cases when selection of dedicated 3GPP audio codecs is not possible”. 

When it comes to music and mixed content, codec tests conducted within ITU-T as well as MPEG consider a single level to be tested. In both instances, RMS level is used to set the input level. This is in fact motivated by the fact that the level of digital music that is encoded is usually set by the content creator and as such because of the diversity of content and the richer character of Music, the encoded content would already have a wide distribution of levels and the normalization serves only the purpose of setting an equal average level of listening. This has also been the case in 3GPP for the standardization of the 3GPP audio codecs (AMR-WB+, aacPlus). 
3. Proposal

The source proposes to assess the quality of the EVS codec with the following input levels:

· Speech: -16dBov, -26dBov, -36dBov based on active speech level
· Music and mixed content: -26dBov based on RMS
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