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7.2.3.2.2C
Coding of INVITE with instance-id in form of IMEI URN

An Emergency Access Transfer Function (EATF) that provides IMS-based mechanisms for enabling service continuity of IMS emergency sessions is described in 3GPP TS 23.237 [118]. A correlation of the call legs at the EATF is based on the equipment identifier.

A Mobile Equipment Identifier (MEI) parameter of the Mobile Service Transport (MST) Application Transport Parameter is defined in 3GPP TS 29.205 [14].

An instance-id is a SIP Contact header field parameter defined in IETF RFC 5626 [119]. When an IMEI is available, the instance-id shall take the form of an International Mobile station Equipment Identity (IMEI) URN as specified in IETF RFC 7254 [120].

When an O-MGCF receives the Mobile Service Transport (MST) Application Transport Parameter containing the Mobile Equipment Identifier (MEI) parameter within the IAM the O-MGCF shall perform the mapping to the “+sip.instance” Contact header field parameter according to table 7.2.3.2.2C.1.

Table
7.2.3.2.2C.1:
Mapping of ISUP/BICC to SIP

	( IAM
	( INVITE

	ISUP Parameter
	Value
	SIP Component
	Value

	MST Application Transport Parameter
	Mobile Equipment Identifier: IMEI
	Contact header 

containing “+sip.instance” parameter in the form of IMEI URN
	gmsa urn set to “imei” namespace

NOTE 1

NOTE 2



	
	Mobile Equipment Identifier: IMEISV
	
	

	NOTE 1: 
The gsma-specifier “imei” is generated as:

            urn:gsma:imei:tac-snr-spare
            where 
     “tac” represents 8 digits type allocation code (TAC), “snr” represents 4 digits serial number (SNR), 
     and “spare” represents spare decimal digit as specified in 3GPP TS 23.003 [74].
NOTE 2: 
The Software Version Number is not interworked and thus the “svn” parameter is not included within the gsma urn.
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