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=====  AUTONUM   CHANGE  =====
6.1.4.3.3
Random Access

The audio decoder is able to start decoding a new audio stream at every random access point (RAP). As defined in clause 6.1.4.2, the sync sample (RAP) contains the configuration information (PACTYP_MPEGH3DACFG and PACTYP_AUDIOSCENEINFO) that is used to initialize the audio decoder. After initialization, the audio decoder reads encoded audio frames (PACTYP_MPEGH3DAFRAME) and decodes them.

To optimize startup delay at random access, the information from the MHAS PACTYP_BUFFERINFO packet should be taken into account. The input buffer should be filled at least to the state indicated in the MHAS PACTYP_BUFFERINFO packet before starting to decode audio frames.

Note, that it may be necessary to feed several audio frames into the decoder before the first decoded PCM output buffer is available, as described in ISO/IEC 23008-3 [19], clause 5.5.6.3 and clause 22.

It is recommended that, at random access into a new audio stream, the receiving device performs a 100ms fade-in on the first PCM output buffer that it receives from the audio decoder.
