


ITU Telecommunication Standardization Sector  Document AVC-1129�Study Group 16


Former Q.2&3/15 Rapporteur Meeting





Boston, 18-21 February 1997                                     


                                                                 


SOURCE : 		Ofer Shapiro, RADVison LTD.


			email		ofer@radvision.rad.co.il


			voice:		972-3-6455258.





TITLE  : 	H.225.0 Annex F: new audio packetization.





PURPOSE: Proposal. 








This document is a  new version of H.225 Annex F. Change marks are against the text in AVC-1084. 


Status of this Document:


The packetization of G.728 was introduced into new version of RFC 1890 by Mr. Casner, Who gracefully helped in this procedure. The new version of this RFC is still to be published.


Mr. Kumar has notified that the same procedure has taken place for Intel proposal for G.723.1. The text available to me (circulated to the mailing list in October), is integrated in this document. A newer version is welcomed. 


A contribution for G.729 is still pending. 


�



Scope.


This document contains new packetization information regarding audio coding that is not covered in H.225. 


New audio coding.


G.723.1


Payload information as will be approved. 


About G.723.1


G.723.1 is specified in ITU recommendation G.723.1. Reference implementations for G.723.1 are available as part of the CCITT/ITU-T Software Tool Library (STL) from the ITU General Secretariat, Sales Service, Place du Nations, CH-1211 Geneve 20, Switzerland. The library is covered by a license.


This Recommendation specifies a coded representation that can be used for compressing the speech or other audio signal component of multi-media services at a very low bit rate. A G.723.1 frame can be one of three sizes: 24 bytes (6.3 kb/s frame), 20 bytes (5.3 kb/s frame), or 4 bytes.  These 4-byte frames are called SID frames (Silence Insertion Descriptor) and are used to specify comfort noise parameters. There is no restriction on how 4, 20, and 24 byte frames are intermixed. The first two bits in the frame determine the frame boundary. It is possible to switch between the two rates at any 30 ms frame boundary. Both (5.3 kb/s and 6.3 kb/s) rates are a mandatory part of the encoder and decoder. This coder was optimized to represent speech with a high quality at the above rates using a limited amount of complexity.


Conformance to RFC 1890		


G.723.1 packetization conforms to RFC 1890 except for the packetization interval (30 ms vs. 20 ms default):


The first packet of a talkspurt (first packet after a silence period) is distinguished by setting the marker bit in the RTP data header.


The sampling frequency (RTP clock frequency) is 8000 Hz.


The packetization interval should have a duration of 30 ms (one frame) as opposed to the default packetization of 20 ms.


Codecs should be able to encode and decode several consecutive frames within a single packet.


A receiver should accept packets representing between 0 and 180 ms of audio data as opposed to t
