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At recent SA4 meetings several input contributions to the EVS subgroup (e.g. [1-3]) proposed requirements for high quality audio for both, mixed content and music signals. 

The support of music necessitates certain minimum requirements. Music content in general is available in 44.1 or 48 kHz, respectively, and almost exclusively in stereo. Therefore, any credible EVS music mode has to support both: A 20 kHz audio band width and stereo. Furthermore, as music may contain any type of audio signal, adequate performance for all classes of signals must be assured. For content providers it would be unacceptable if certain types of music would perform inadequately.

To guarantee a competitive performance for music, a reference codec has to be identified which provides a quality benchmark which is sufficiently high to make the EVS codec successful and future proof. While some recent ITU-T codecs have been designed with some capabilities for non speech signals, they nevertheless show weak performance for certain types of audio signals (for example G.722.1-C for transient signals [7]). This makes them unsuitable as reference codecs as it is not challenging to outperform them at least for these class of items. On the other hand, High-Efficiency AAC / AAC are widely recognised as the state-of-the-art music codecs both of them also being part of various 3GPP specifications [4]. The performance at 14 and 18 kbps mono and 18, 24,32 and 48 kbps stereo has been documented in [4]. Apart from their high end-to-end delay, therefore, these codecs constitute the ideal quality reference.

To compensate for this higher delay  (as compared to the delay requirements for the EVS codec) a 25-30% bit rate bonus for the EVS codecs under test is proposed. This number is derived from previous experience in ISO standardization efforts where these codecs were converted into low delay variants which have then shown to provide equal performance to the regular versions at a 25 to 30% higher bit rate [5].

Enhanced aacPlus reference encoder and decoder source code is available at [6]. This software supports mono bit rates from 10kbps up to 44kbps and stereo from 16kbps to 51kbps. From these bitrate ranges the test points in the attached requirements document are derived.
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