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TSG RAN WG1 is currently investigating channel coding and interleaving for any service including the speech service. TSG RAN WG1 would like to get an  update on the current status of the Speech codec decisions in TSG SA WG4.





TSG RAN WG1 would like in particular to ask the opinion of TSG SA WG4 regarding some items linked to speech service definition and the scheme for channel coding, rate matching, interleaving and multiplexing which is currently discussed in RAN WG1. The main items are the following.





What are the qualities of service in terms of BER, FER foreseen to be needed for speech bits and the associated signaling to support variable rate operation (measures, mode command, mode indication)? If this depends of the speech rate, these numbers should be given for each rate.


Is Unequal Error Protection envisaged, and how many classes of bits per frame are foreseen? Does this depend on the speech rate? If it does what are the different values? It should be noted that, depending on the implementation scheme, fewer bit classes per frame could lead to less tail bits. 


Is there a need for CRC on each class of bits?  In total how many CRCs would be needed? 


What are the allowable delays for speech transmission, and what is the foreseen consequence on interleaving depth needed?


What are the bits rates envisaged for the speech transmission both for encoded speech bits and associated signaling to support bit rate adaptation.


What will be the transmission scheme in absence of speech activity ? Would this be a discontinuous transmission scheme, corresponding to the transmission of a Silence frame on a regular basis or would it be a continuous transmission at low rate?


Is it possible to define what is the average Voice Activity Factor with this scheme?


What is the adaptivity scheme foreseen, in particular how often can the speech mode change?


What will the bad frame indication consist of, in particular will it be a binary indication, indicating only bad frames, or could it indicate some level of degradation?


How many speech modes are foreseen to be used in the course of one call? This number might indeed be smaller than the total number of modes, restricted hence the transition between modes. It must be noted that Power Control will compensate for the radio quality degradation to some extent, thus some discussion between our two groups might be needed to clarify the issue. It should be noted that the radio conditions variation might be different in FDD mode and TDD mode, due to the TDMA component in TDD and the difference in control algorithms. Having fewer rates would lead to a reduced number of transport format combinations, which would in turn increase the chances of being able too use blind rate detection which reduces the overhead, since no Layer 1 signaling for rate indication is needed. 





TSG RAN WG1 thanks TSG SA WG4 in advance for providing information on these points.





