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IETF RFC 6910: "Completion of Calls for the Session Initiation Protocol (SIP)".
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3GPP TS 23.226: "Global Text Telephony (GTT); stage 2".

[123]
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PROPOSED CHANGE

7.4.21.1
User-to-User Signalling (UUS) service 1 (implicit)

7.4.21.1.0
General
The coding of the User-user information element is described within ITU-T Recommendation Q.737.1 [42]. The User-to-User header field is defined within IETF RFC 7433 [99]. A package for interworking user-to-user information with the ISDN is defined by IETF RFC 7434 [99A].
7.4.21.1.1 
Void
7.4.21.1.2
Incoming Call Interworking from SIP to ISUP at I-MGCF

On the receipt of a User-to-User header field with the "purpose" header field parameter set to "uui-isdn", or a User-to-User header field without a "purpose" parameter, with "encoding" header field parameter set to "hex" or without an "encoding" parameter, with "content" header field parameter set to "uui-isdn" or without a "content" parameter, that is valid as defined by IETF RFC 7434 [99A], the I-MGCF shall map the content of the "uuidata" field to the "protocol discriminator" and "user information" parameters of the user-user information element. 

The "length of user-user contents" parameter shall be set by the I-MGCF according to the normal procedures. 

The I-MGCF maps the messages transporting the user-user information according to the normal interworking procedures (see table 24ab).

Table 24ab: Mapping of the User-to-User header field to the ISUP user-to-user information parameter

	SIP parameter (
	( ISUP parameter

	SIP header field
	Source component value
	ISUP parameter name
	ISUP parameter field

	User-to-User 
	uuidata
	User-to-user
	Protocol discriminator and user information 


7.4.21.1.3
Outgoing Call Interworking from ISUP to SIP at O-MGCF

On the receipt of the user-to-user information parameter the O-MGCF shall map the protocol discriminator and user information parameter fields to the uuidata field of the User-to-User header field (see table 24ac). 
If sent, the "purpose", "content" and "encoding" header field parameters are not mapped and are set in accordance with IETF RFC 7434 [99A]
The O-MGCF maps the messages transporting the user-to-user information parameters according to the normal interworking procedures.

Table 24ac: Mapping of the ISUP user-to-user information parameter to the User-to-User header field
	( ISUP parameter
	( SIP parameter 

	ISUP parameter name
	ISUP parameter field
	SIP header field
	Source component value

	User-to-user
	Protocol discriminator and user information
	User-to-User
	uuidata (NOTE)

	NOTE:
The MGCF shall always send uuidata as a token (see IETF RFC 7433 [99]). The letters used for the hex digits shall always be capital form.








