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IETF RFC 5993: "RTP Payload format for Global System for Mobile Communications Half Rate (GSM-HR)".

[115]
IETF RFC 6432: "Carrying Q.850 Codes in Reason Header Fields in SIP (Session Initiation Protocol) Responses".

[116]
IETF RFC 3326: "The Reason Header Field for the Session Initiation Protocol (SIP)".
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[118]
3GPP TS 23.237: "IP Multimedia subsystem (IMS) Service Continuity; Stage 2".

[119]
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IETF RFC 7254: "A Uniform Resource Name Namespace for the Global System for Mobile Communications Association (GSMA) and the International Mobile station Equipment Identity (IMEI)".
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IETF RFC 3168: "The Addition of Explicit Congestion Notification (ECN) to IP".

[130]
IETF RFC 6679: "Explicit Congestion Notification (ECN) for RTP over UDP".
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Editor's note:
The above document cannot be formally referenced until it is published as an RFC.
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IETF draft-ietf-sipcore-status-unwanted-02: "A SIP Response Code for Unwanted Calls".

Editor's note:
The above document cannot be formally referenced until it is published as an RFC.
*** 2nd Change ***

L.0
General
The called IN number and original called IN number are optional parameters defined in ITU-T Recommendation Q.763 [4].
The SIP History-Info header field (including the mp-param parameter) is defined in IETF RFC 7044 [91], the cause-param URI parameter is defined in IETF RFC 4458 [113] and the cause-param value "380" is defined in IETF RFC 8119 [148].
*** 3rd Change ***

L.1
Interworking SIP to ISUP
The I-MGCF may perform the following procedure based on the operator policy, if the called IN number and original called IN number parameters are supported in the CS network.

When receiving the History-Info header field in the incoming initial INVITE request, the I-MGCF may include a called IN number and an original called IN number parameters in the outgoing IAM as shown in table L.1.1 and table L.1.2.
Table L.1.1: Mapping of History-Info header field to called IN number
	Source SIP header field and component
	Source Component value
	called IN number
	Derived value of parameter field

	
	
	Numbering plan indicator
	"ISDN (Telephony) numbering plan (Recommendation E.164)"

	hi-targeted-to-uri of the hi-entry with a hi-index that matches the last hi-entry with cause-param URI parameter with the value "380" defined in IETF RFC 8119 [148] and a mp-param header field parameter (NOTE 3);

the global number portion of the hi-targeted-to-uri is assumed to be in form 
"+" CC + NDC + SN (NOTE 1).
	CC
	Nature of address indicator
	If CC is equal to the country code of the country where I-MGCF is located AND the next ISUP node is located in the same country, then set to "national (significant) number" else set to "international number".

	
	CC, NDC, SN
	Address signals
	If NOA is "national (significant) number" then set to NDC + SN.

If NOA is "international number"

then set to CC + NDC + SN.

	Privacy header field, or Privacy header field escaped in the hi-entry above identified. (NOTE 2).
	"history" or "session" or "header"
	APRI
	"presentation restricted"

	
	Privacy header field absent or "none"
	
	"presentation allowed"

	NOTE 1:
If the hi-targeted-to-uri is a SIP URI and does not contain "user=phone", then mapping to called IN number is impossible; therefore, there is no need to generate called IN number.
NOTE 2:
It is possible that an entry of the History-Info header field itself is marked as restricted or the whole History-Info header field.

NOTE 3:
The hi-target-param parameter set to "mp" as defined in IETF RFC 7044 [91] indicates that the target of the Request-URI was changed and shall appear in this hi-targeted-to-uri. Due to backward compatibility rules the hi-target-param may not appear in each concerned hi-entry; so that the identification of the hi-entry shall rely on the cause-param value.


Table L.1.2: Mapping of History-Info header field to original called IN number
	Source SIP header field and component
	Source Component value
	original called IN number
	Derived value of parameter field

	
	
	Numbering plan indicator
	"ISDN (Telephony) numbering plan (Recommendation E.164)"

	hi-targeted-to-uri of the hi-entry with a hi-index that matches the first hi-entry with a cause-param URI parameter with the value "380" defined in IETF RFC 8119 [148] and a mp-param header field parameter (NOTE 4);

the global number portion of the hi-targeted-to-uri is assumed to be in form
"+" CC + NDC + SN (NOTE 2).
	CC
	Nature of address indicator
	If CC is equal to the country code of the country where I-MGCF is located AND the next ISUP node is located in the same country, then set to "national (significant) number" else set to "international number"

	
	CC, NDC, SN
	Address signals
	If NOA is "national (significant) number" then set to
NDC + SN.

If NOA is "international number"

then set to CC + NDC + SN

	Privacy header field, or Privacy header field escaped in the hi-entry above identified (NOTE 3).
	"history" or "session" or "header"
	APRI
	"presentation restricted"

	
	Privacy header field absent or "none"
	
	"presentation allowed"

	NOTE 1:
The original called IN number is generated only when there are more than two hi-entries having a cause URI parameter set to the value defined in IETF RFC 8119 [148].

NOTE 2:
If the hi-targeted-to-uri is a SIP URI and does not contain "user=phone", then mapping to original called IN number is impossible; therefore, there is no need to generate original called IN number.

NOTE 3:
It is possible that an entry of the History-Info header field itself is marked as restricted or the whole History-Info header field.

NOTE 4:
The hi-target-param parameter set to "mp" as defined in IETF RFC 7044 [91] indicates that the target of the Request-URI was changed and shall appear in this hi-targeted-to-uri. Due to backward compatibility rules the hi-target-param may not appear in each concerned hi-entry; so that the identification of the hi-entry shall rely on the cause-param value.


*** 4th Change ***

L.2
Interworking ISUP to SIP
The O-MGCF may perform the following procedure based on the operator policy, if the History-Info header field is supported in the IMS network.
When receiving the called IN number parameter (and the original called IN number parameter) in the incoming IAM, the O-MGCF may include the History-Info header field in the outgoing initial INVITE request as shown in table L.2.1, table L.2.2 and table L.2.3.

The O-MGCF should first create hi-entries for the original called IN number and the called IN number and then thoses for the original called number and the redirecting number.
NOTE:
It is operator specific.if an IN number is used as a first dialled number and call diversions are at the later position (it is often forbidden to have a call diversion towards an IN service number) or the contrary.
Table L.2.1: Mapping of original called IN number to History-Info header field
	ISUP Parameter
	Derived value of parameter field
	SIP component
	Value

	IAM
	
	Initial INVITE request
	

	Original called IN number
	
	History-Info header field
	hi-targeted-to-uri of the first created hi-entry.

	Nature of address indicator
	"national (significant) number"
	hi-targeted-to-uri
	Add CC (of the country where the O-MGCF is located) to address signals of original called IN number, then map to user portion of URI scheme used.

Addr-spec

"+" CC NDC SN mapped to user portion of URI scheme used.

	
	"international number"
	
	Map complete address signals of original called IN number to user portion of URI scheme used.

	Address signals
	If NOA is "national (significant) number" then the format of the address signals is 
NDC + SN.

If NOA is "international number" then the format of the address signals is 
CC + NDC + SN.
	hi-targeted-to-uri
	"+" CC NDC SN mapped to user portion of URI scheme used.

	APRI
	"presentation restricted"
	Privacy header field escaped in hi-targeted-to-uri corresponding to original called IN number
	"history"

	
	"presentation allowed"
	
	Privacy header field absent or "none"

	
	
	hi-index
	"index=1"


Table L.2.2: Mapping of called IN number to History-Info header field
	ISUP Parameter
	Derived value of parameter field
	SIP component
	Value

	IAM
	
	Initial INVITE request
	

	Called IN number
	
	History-Info header field
	If mapping of original called IN number is performed, then hi-targeted-to-uri of the second created hi-entry.

Otherwise, hi-targeted-to-uri of the first created hi-entry.

	Nature of address indicator
	"national (significant) number"
	hi-targeted-to-uri
	Add CC (of the country where the O-MGCF is located) to address signals of called IN number, then map to user portion of URI scheme used.

Addr-spec

"+" CC NDC SN mapped to user portion of URI scheme used.

	
	"international number"
	
	Map complete address signals of called IN number to user portion of URI scheme used.

	Address signals
	If NOA is "national (significant) number" then the format of the address signals is 
NDC + SN.

If NOA is "international number" then the format of the address signals is 
CC + NDC + SN.
	hi-targeted-to-uri
	"+" CC NDC SN mapped to user portion of URI scheme used.

	APRI
	"presentation restricted"
	Privacy header field escaped in hi-targeted-to-uri corresponding to called IN number
	"history"

	
	"presentation allowed"
	
	Privacy header field absent or "none"

	
	
	hi-targeted-to-uri; cause-param URI parameter, as defined in IETF RFC 8119 [148].
	If mapping of original called IN number is performed, then set to "380".

Otherwise, no mapping is performed.

	
	
	hi-index and hi-target-param
	If mapping of original called IN number is performed, then set to "index=1.1" and "mp=1".

Otherwise, set to "index=1" and no mp-param is created.


Table L.2.3: Mapping of called party number to History-Info header field
	ISUP Parameter
	Derived value of parameter field
	SIP component
	Value

	IAM
	
	Initial INVITE request
	

	Called party number
	
	History-Info header field
	If mapping of original called IN number is performed, then hi-targeted-to-uri of the third created hi-entry.

Otherwise, hi-targeted-to-uri of the second created hi-entry.

	Nature of address indicator
	"national (significant) number"
	hi-targeted-to-uri
	Add CC (of the country where the MGCF is located) to address signals of called party number, then map to user portion of URI scheme used.

Addr-spec

"+" CC NDC SN mapped to user portion of URI scheme used.

	
	"international number"
	
	Map complete address signals of called party number to user portion of URI scheme used.

	Address signals
	If NOA is "national (significant) number" then the format of the address signals is 
NDC + SN.

If NOA is "international number" then the format of the address signals is 
CC + NDC + SN.
	hi-targeted-to-uri
	"+" CC NDC SN mapped to user portion of URI scheme used.

	
	
	hi-targeted-to-uri; cause-param URI parameter, as defined in IETF RFC 8119 [148].
	"380"

	
	
	hi-index and hi-target-param
	If both original called IN number and called IN number are mapped to hi-entries, then set to "index=1.1.1" and "mp=1.1".

If original called IN number is not mapped, but called IN number is mapped to hi-entry, then set to "index=1.1" and "mp=1".


…….

*** End of Changes ***

