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Annex I (normative):
Interworking of SIP Transfer of Tariff Information

I.1
Interworking SIP to ISUP

Tariff information in the content body of a reliable 18x provisional response or in the content body of a mid-dialog request, a mid-dialog response or in the content body of a 200 OK response shall be mapped to appropriate ISUP messages in accordance with subclause 7.2.

Tariff information as defined in 3GPP TS 29.658 [xxx] in the XML body of a INFO request shall be mapped to a APM message containing a Access Pransport Parameter with a CRGT as shown in Table I.1.1

Table I.1.1: Mapping of a INFO request
	INFO (
	APM(

	SIP Transfer of Tariff Information XML
	Access Transport Parameter (CRGT)

	
	

	


I.2
Interworking ISUP to SIP
Tariff information in the Access Pransport Parameter of a ACM, CPG and ANM shall be mapped to appropriate SIP messages in accordance with subclause 7.2.

Tariff information as defined in ETSI ES 201 296 [yyy] in a APM message containing a Access Transport Parameter (CRGT) shall be mapped to a SIP Transfer of Tariff Information body of a INFO request as shown in Table I.2.1

Table I.2.1: Mapping of a INFO request
	APM (
	INFO(

	Access Transport Parameter (CRGT)
	SIP Transfer of Tariff Information XML
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