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* * *  Second Change  * * *

7.4.5.1
General
The ISDN Subaddress in ISUP is transported within the Access Transport Parameter. The Coding of the Subaddress parameter within the Access Transport Parameter is described within ETSI EN 300 403‑1 [96].  The isdn-subaddress parameter carried within a tel or sip URI is defined within RFC3966 [97]. The isdn-subaddress encoding type carried within a tel or sip URI is defined within RFC 4715 [xx].
* * *  Third Change  * * *
7.4.5.2
Incoming Call Interworking from SIP to ISUP at I-MGCF

The mapping in Table 24ba of the isdn-subaddress parameter received within a tel or sip URI to the ISUP Access Transport Parameter encapsulating the Subaddress shall be applied.

The mapping in Table 24bb of the Subaddress received within an ANM Message containing the ISUP Access Transport Parameter to the isdn-subaddress of a tel or sip URI to be sent within a 200 OK (INVITE) shall be applied.
Table 24ba Mapping of the Subaddress received in an initial INVITE to the Subaddress sent in the IAM

	SIP Message INVITE
	ISUP Message IAM

	Source SIP header field and component
	Source component value
	ISUP Parameter field
	Derived value of parameter field

	To header field including the  isdn-subaddress      
	"isub=" 1*uric
 
"uric" containing the Subaddress digits
	isub-encoding not present
	Access Transport Parameter
	called party Subaddress

	Type of Subaddress = "NSAP" (000)

	
	
	"isub-encoding=nsap-ia5"
	
	
	

	
	
	"isub-encoding=nsap-bcd"
	
	
	Type of Subaddress = "NSAP" (000)

	
	
	"isub-encoding=nsap"
	
	
	Type of Subaddress = "NSAP" (000)

	
	"isub=" 1*uric ("uric" containing the Subaddress digits) and isub-encoding does not contain nsap value
	No mapping

	P-Asserted-Identity header Field

including the  isdn-subaddress
	"isub=" 1*uric 

"uric" containing the Subaddress digits
	isub-encoding not present
	Access Transport Parameter
	calling party Subaddress

	Type of Subaddress = "NSAP" (000)

	
	
	"isub-encoding=nsap-ia5"
	
	
	

	
	
	"isub-encoding=nsap-bcd"
	
	
	Type of Subaddress = "NSAP" (000)

	
	
	"isub-encoding=nsap"
	
	
	Type of Subaddress = "NSAP" (000)

	
	"isub=" 1*uric ("uric" containing the Subaddress digits) and isub-encoding does not contain nsap value

	No mapping

	


Table 24bb Mapping of the Subaddress received in an ANM to the Subaddress sent in the 200 OK (INVITE)
	ISUP Message ANM
	SIP Message 200 (OK)

	ISUP Parameter field
	Source component value
	Source SIP header field and component
	Derived value of parameter field

	Access Transport parameter
	connected party Subaddress and Type of Subaddress = "NSAP" (000)

	P-Asserted-Identity including the  isdn-subaddress
	"isub=" 1*uric and "isub-encoding=nsap-ia5"
The Subaddress digits included into the "uric" shall be derived from the Access Transport parameter


	
	connected party Subaddress

and Type of Subaddress ≠ "NSAP" (000)
	No mapping

	


* * *  Fourth Change  * * *
7.4.5.3
Outgoing Call Interworking from ISUP to SIP at O-MGCF 

The mapping in Table 24bc of the isdn-subaddress parameter received within a tel or sip URI to the ISUP Access Transport Parameter encapsulating the Subaddress shall be applied.

The mapping in Table 24bd of the Subaddress received within an ANM Message containing the ISUP Access Transport Parameter to the isdn-subaddress of a tel or sip URI to be sent within a 200 OK (INVITE) shall be applied.
Table 24bc Mapping of the Subaddress received in an IAM to the Subaddress sent in the INVITE

	ISUP IAM Message
	SIP INVITE Message

	ISUP Parameter field
	Source component value
	Source SIP header field and component
	Derived value of parameter field

	Access Transport parameter




	called party Subaddress and Type of Subaddress = "NSAP" (000)

	To header field including the isdn-subaddress 
	"isub=" 1*uric and "isub-encoding=nsap-ia5"
The Subaddress digits included into the "uric" shall be derived from the Access Transport parameter


	
	called party Subaddress and Type of Subaddress ≠ "NSAP" (000)
	No mapping

	
	calling party Subaddress and Type of Subaddress = "NSAP" (000)

	P-Asserted-Identity header field including the isdn-subaddress 
	"isub=" 1*uric and "isub-encoding=nsap-ia5"
The Subaddress digits included into the "uric" shall be derived from the Access Transport parameter


	
	calling party Subaddress and Type of Subaddress ≠ "NSAP" (000)
	No mapping

	


Table 24bd Mapping of the Subaddress received in a 200OK to the Subaddress sent in the ANM
	SIP Message 200 (OK)
	ISUP Message ANM

	Source SIP header field and component
	Source component value
	ISUP Parameter field
	Derived value of parameter field

	P-Asserted-Identity header Field 
including the isdn-subaddress
	"isub=" 1*uric

"uric" containing the Subaddress digits
	isub-encoding not present
	Access Transport parameter
	connected party Subaddress

	Type of Subaddress = "NSAP" (000)

	
	
	"isub-encoding=nsap-ia5"
	
	
	

	
	
	"isub-encoding=nsap-bcd"
	
	
	Type of Subaddress = "NSAP" (000)

	
	
	"isub-encoding=nsap"
	
	
	Type of Subaddress = "NSAP" (000)

	
	"isub=" 1*uric ("uric" containing the Subaddress digits) and isub-encoding does not contain nsap value

	No mapping
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