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	Reason for change:
	When sending IMEI in sip.instance media feature tag, some UEs encountered in field trials set the spare digit to a non zero value.

Setting the spare digit to a non zero value when IMEI is transported in the sip.instance media feature tag is incorrect since draft-montemurro-gsma-imei-urn states:

------------------

3.  Namespace Registration Template

...

      A URN with the 'imei' NSS contains one imeival, and its formal

      definition is provided by the following ABNF (RFC 5234) [5]:

      imeival =  tac "-" snr "-" spare

      tac      = 8DIGIT

      snr      = 6DIGIT

      spare    = DIGIT

...
4.2.3.  Spare

   The Spare is a single decimal digit.  When the IMEI is stored on the

   Mobile Equipment and network equipment it contains a value that is

   used as a Check Digit and is intended to avoid manual reporting

   errors, (e.g. when customers register stolen mobiles at the

   operator's customer care desk) and also to help guard against the

   possibility of incorrect entries being provisioned in the network

   equipment.  The Spare is always set to zero when transmitted by the

   Mobile Equipment, (including when in the IMEI URN format).  Annex B

   of 3GPP TS 23.003 [2] specifies a mechanism for computing the actual

   check digit in order to validate the TAC and SNR.

------------------

If:

- the UE incorrectly sets the spare digit to non zero value in the sip.instance media feature on the PS leg;
- the MSC correctly sets the spare digit to zero value in the sip.instance media feature on the CS leg; and

- the EFTF uses the entire value of the sip.instance media feature tag of PS leg and the entire value of the sip.instance media feature tag of CS leg to correlate the PS and CS legs, then no matching legs are found and emergency call fails to be transferred from PS to CS.

	
	

	Summary of change:
	The EFTF can ignore the spare digit in IMEI URN when associating the target access leg with source access leg.

	
	

	Consequences if not approved:
	PS to CS SRVCC access transfer of an emergency call fails, leading to loss of the emergency call when UE moves to area where there is no PS domain coverage or where PS domain is unable to carry emergency call.
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	Other comments:
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12.5.1
EATF procedures for PS to CS session continuity, E-SR-VCC

The EATF needs to distinguish between the following initial SIP INVITE requests to provide specific functionality for E-SR-VCC:

1.
SIP INVITE request routed to the EATF due to E-STN-SR in the Request-URI. In the procedures below, such requests are known as "SIP INVITE requests due to E-STN-SR".

NOTE 1:
The same E-STN-SR is used for all the emergency session access transfers within one PLMN.

Other initial SIP requests can be dealt with in any manner conformant with 3GPP TS 24.229 [2].

When the EATF receives a SIP INVITE request due to E-STN-SR on the Target Access Leg, the EATF shall: 

1.
associate the SIP INVITE request due to E-STN-SR with a source access leg, i.e. an existing SIP session anchored at the EATF with the instance-id media feature tag provided by the SC UE in the Contact header field at session establishment equal to the instance-id media feature tag included in the Contact header field of the received SIP INVITE request. 
NOTE 2:
When the sip.instance media feature tag contains an IMEI URN as specified in draft-montemurro-gsma-imei-urn [x], the spare digit (i.e. the digit matching the spare ABNF rule) is required to be set to zero. If the spare digit is set to non zero value, the spare digit can be ignored.

If no source access leg exists or if multiple source access legs exist, then the EATF shall send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request due to E-STN-SR; and

2.
originate session modification as described in 3GPP TS 24.229 [2] towards the remote UE with a new SDP offer with media characteristics as received in the SIP INVITE request due to E-STN-SR.

Upon receiving the SIP ACK request from the Target Access Leg, and after an operator specific timer has expired, the EATF shall release the source access leg as described in 3GPP TS 24.229 [2].

NOTE 3:
Delaying the release of the source access leg as described above allows an SC UE to reuse the PS dialog in case of PS to CS SRVCC cancellation.

