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1	Background


As you know, at the Boston meeting the H.323 experts made a recommendation to use on low bitrate


channels G.723.1 as mandatory low-bitrate speech coder for H.323. As you also may know, this was not unanimously supported by SG16 in the their March meeting, so a rather politically coloured, informative formulation in 6.2.5.3 was adopted (see bellow Sentence 2 and 3 with the G.723.1 and G.729). Unfortunately, this formulation was felt by many “ITU-T outsiders” as a contradiction, unprecise and confusing and not understandable (from the technical point of view). Even worse, the Industry in this case was not willing any more to follow the draft ITU-T recommendation.





In the IMTC (International Multimedia Teleconferencing Consortium) last month an official ballot was taken to determine which low-bitrate coder  (G.723.1 or G.729) should be supported in their H.323 based implementation. There was a clear unanimous support to have only one coder for the same functionality (thus not 2 where you have to implement two and pay royalties for both of them). In the formal voting the decision was made to use G.723.1 (with over 73 % in favour) as mandatory codec for the IMTC VoIP Implementation Agreement Ver. 1.  The technical reasons for their vote are clear to this group, and it does not need further explanation. It is also clear that the Industry will follow in their implementation the IMTC vote.





2	Proposal


In order to minimize any additional damage that this case has already caused the ITU-T we are suggesting to remove the stroked sentences from the draft. We believe it is better to say nothing on this issue, if there is no agreement on a clear formulation within the ITU, and especially since we know that the Industry goes in a different direction anyway.�


“6.2.5.3 Low Bitrate Operation


G.711 audio cannot be used in an H.323 conference being carried over low bitrate (< 56 kbps) links or segments. An endpoint used for multimedia communications over such low bitrate links or segments should have an audio codec capable of encoding and decoding speech according to Recommendation G.723.1. An endpoint used for audio-only communications over such low bitrate links or segments should have an audio codec capable of encoding and decoding speech according to Recommendation G.729. An endpoint may support several audio codecs in order to provide the widest possible interoperability with those endpoints which only support one low bitrate audio codec. The endpoint shall indicate in the H.245 Capability Exchange procedures at the beginning of each call the capability to receive audio according to the available audio Recommendations which can be supported within the known bitrate limitations of the connection. An endpoint which does not have this low bitrate audio capability may not be able to operate when the end-to-end connection contains one or more low bitrate segments. 


The endpoint shall also comply with the requirement of 6.2.5  to be capable of encoding and decoding speech according to Recommendation G.711. However, the endpoint need not indicate this capability if it is sure that it is communicating through a low bitrate segment. If an endpoint is unaware of the presence, in the end-to-end connection, of any links or segments with insufficient capacity to support G.711 audio (along with other intended media streams, if any), then the endpoint shall declare the capability to receive audio according to Recommendation G.711.”





