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Next change
7.5.4.2.2
Call forwarding within the ISUP Network appeared

The following scenario shows if a Call Forwarding appears in the ISUP/PSTN and the redirected Number is within the SIP network. Table 7.5.4.2.2.1 should be seen as an example.

For the mapping of 180 (Ringing) response and 200 (OK) response to the regarding ISUP messages and parameters no additional procedures beyond the basic call procedures are needed.

To interwork the redirection number at the O-MGCF it can be needed to create placeholder History entries. Such a History entry has to provide a hi-targeted-to-uri with a placeholder value "unknown@unknown.invalid" a cause-param and a hi-index as described within table 7.5.4.2.2.1.

Table 7.5.4.2.2.1: Mapping of IAM to SIP INVITE request

	ISUP Parameter or IE 
	Derived value of parameter field
	SIP component


	Value

	IAM
	
	INVITE request
	

	Redirecting number
	
	History-Info header field
	hi-targeted-to-uri of the penultimate created hi-entry IF Redirection counter exceed 1 ELSE no mapping

	Nature of address indicator:
	"national (significant) number"

	hi-targeted-to-uri 
	Add CC (of the country where the MGCF is located) to Generic Number Address Signals 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 Redirection number Address Signals 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 userinfo portion of URI scheme used

	Redirecting number
	APRI
	Privacy header field that

corresponds to the penultimate hi-targeted-to-uri entry in the History-Info header
	Priv-value

	
	"presentation restricted"
	
	"history"

	
	"presentation allowed"
	
	Privacy header field absent or "none" (NOTE 3)

	Redirection Information
	Redirecting indicator
	Privacy header field that

corresponds to the penultimate hi-targeted-to-uri entry in the History-Info header
	Priv-value

	
	Call diverted
	
	"none" (NOTE 4)

	
	Call diverted, all redirection info presentation restricted
	
	"history"

	Redirection Information
	Redirection counter

1
	hi-index
	Number of diversions are sown due to the number of hi-index Entries

Index for original called Party Number = 1

Address Signals (CdPN)

Number = 1.1

	
	2
	
	Index for original called Party Number = 1

Index for Redirecting number

with Index = 1.1

Address Signals (CdPN)

Number = 1.1.1

	
	N
	
	Index for original called Party Number = 1

Placeholder History entry with Index = 1.1

…

Fill up

…

Index for Redirecting Number

with = 1+[(N-1)*".1"]

Index for Address Signals (CdPN)

= 1+N* ".1" (e.g. N=3 ( 1.1.1.1)

	Redirection Information
	Redirecting Reason and

Original Redirection Reason 

(NOTE 1)
	hi-targeted-to-uri; cause-param URI parameter, as defined in IETF RFC 4458 [113].

The Redirecting Reason shall be mapped to the last hi-targeted-to-uri.

If the redirection counter is 2 or higher, the Original Redirection Reason shall be mapped to the second hi-targeted-to-uri.

If the redirection counter is 3 or higher, for each hi-targeted-to-uri following a placeholder History entry the value "404" shall be taken (NOTE 2)
	cause-param value

	
	unknown 
	
	404

	
	unconditional
	
	302 

	
	User Busy 
	
	486

	
	No reply
	
	408

	
	Deflection during alerting
	
	487

	
	Deflection immediate response 
	
	480

	
	Mobile subscriber not reachable
	
	503



	Called Party Number
	See Redirecting number
	History-Info header field see hi-targeted-to-uri
	URI of the last hi-targeted-to-uri entry of History-Info header field

	Original Called Party Number
	See Redirecting number
	History-Info header field see hi-targeted-to-uri 
	URI of first hi-targeted-to-uri entry of History-Info header field

	Original Called Party Number
	APRI
	Privacy header field of the first hi-targeted-to-uri entry of History-Info header 
	Priv-value

	
	"presentation restricted"
	
	"history" 

	
	"presentation allowed"
	
	"none"

	NOTE 1: 
Original Redirection Reason contains only the "unknown" parameter

NOTE 2: 
For all History entries except the first one a cause-param URI parameter as defined in IETF RFC 4458 [113] has to be included.
NOTE 3: 
If the Redirecting Indicator has the value "Call diverted, all redirection info presentation restricted", the privacy value "history" shall be set.

NOTE 4: 
If the Redirecting Number APRI has the value "presentation restricted", the privacy value "history" shall be set.


End of changes
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