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An annex to ITU-T G.722.1 developed within ITU-T SG16 has been recently approved. As G.722.1 main body, its main application is also videoconferencing; this annex is an extension of G.722.1 toward higher bandwidth the input signal is at 32 kHz sampling frequency. The characterization phase took as reference the MPEG-AAC-LD and also the optional codecs for the 3GPP PSS/MMS services, extended AMRWB and Enhanced aacPlus. 
This paper presents the characterization test results and show up some needed adaptation on the P serie recommendations due to the new bandwidth. 
Clean speech and noisy reverberant speech signals were tested in the first phase of characterization whereas Music and mixed content items were in the second phase.
For clean speech and noisy reverberant speech, G.722.1 annex C met all quality performance requirements for a 99% and 95% confidence interval (those requirements were relative to the reference codec MPEG4 AAC-LD) and moreover it is even scored better than AAC-LD at 24 and 32 kbps. G.722.1C quality is scored worse than the 3GPP extended AMRWB codec and not worse than the 3GPP enhanced aacPlus codec for a 99% and 95% confidence interval in most of the cases.
For music and mixed content, G.722.1C at 24, 32 and 48 kbps is scored better than AAC-LD at the same bit rate.
G.722.1 annex C is the first conversational codec working at 32 kHz sampling frequency, recommendations on Telephone transmission quality, telephone installations, local line networks, quality models have to be adapted to this new bandwidth such as P.341 and G.107, for example.
