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* * * Next Change * * * *

10.2.1
AMR and AMR-WB Codecs

On IMS terminations, the AMR and AMR-WB codecs are transported according to the IETF AMR RTP profile, IETF RFC 4867 [16], 3GPP TS 26.114 [62] selects options applicable within 3GPP.

IETF RFC 4867 [16] contains the MIME registration of the IETF AMR RTP profile with media type "audio" and media subtype of "AMR" and "AMR-WB". The AMR and AMR-WB codecs shall be signaled accordingly in the SDP "a=rtpmap"-line and a dynamic RTP payload type shall be used. 
The selected options are expressed as MIME parameters in SDP "a=fmtp"-line. The following MIME parameters shall be supported on the Mn interface:
· "mode-set"

· "mode-change-period"
In addition the following MIME parameters may be supported on the Mn interface:
· "octet-align"
· "mode-change-neighbor" (for IMS this parameter shall be included and set to 1)
· "maxptime"
· "ptime"

For compatibility with GSM peers, the IM-MGW shall perform mode changes only in every second sent package.

Example of encoding of AMR codec
ABNF:

Local {



v=0




c=IN IP4 $




m=audio $ RTP/AVP 96 




a=rtpmap:96 AMR/8000 




a=fmtp:96 mode-set=0,2,5,7;mode-change-period=2;mode-change-neighbor=1


a=maxptime:20 







}

ASN.1:

LocalDescriptor{

PropertyParams{ 

PkgdName=0x000B001




/*SDP_V  * /

 value= "0"


PkgdName=0x000B008




/*SDP_C * /



     value= "IN IP4 $"




PkgdName=0x000B00F


/*SDP_M * /




     value= "audio $ RTP/AVP 96"
PkgdName=0x000B00C




/*SDP_A * /

value= "rtpmap:96 AMR/8000" 

PkgdName=0x000B00C




/*SDP_A * /

value= "fmtp:96 mode-set=0,2,5,7;mode-change-period=2;mode-change-neighbor=1" 
PkgdName=0x000B00C




/*SDP_A * /

value= "maxptime:20"
}} 
NOTE:
The c-line may be provided after m-line.
On RTP-CN (SIP-I) terminations speech codecs are supported according to 3GPP TS 29.232 [5] subclause 10.2.1.
* * * End of Changes * * * *

