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7.2.3.1.2B.2
Coding of the IAM when Dial Around Indication (DAI) is present

The procedures followed in clauses 7.2.3.1.2.1 and 7.2.3.1.2B.1 apply with the following addition.

If the tel-URI parameter in a tel-URI or the userinfo part of a SIP URI with user=phone in the Request-URI of an initial INVITE request, contains a "cic=" parameter, as defined in IETF RFC 4694 [93] and a "dai=" parameter, as defined in IETF draft-yu-tel-dai [95], the I-MGCF may extract the carrier selection code from the "dai=" field for routeing the call.  If the outgoing IAM message contains the Carrier Selection Information parameter (CSI), defined in ITU-T Q.1902.3 [30]based on network configuration the CSI may be populated using the carrier selection code from the "dai=" field.  The mapping of Dial Around Indication to Carrier Selection Information, is shown below:

Table 7a.0e : Mapping of  SIP Dial Around Indicator to ISUP Carrier Selection Information

	SIP "dai=" component
	ISUP Carrier Selection Information parameter

	“no-ind”
	“no indication” (0000 0000)

	"presub"
	“selected carrier identification code pre-subscribed and no input by calling party” (0000 0001)

	"presub-da"
	selected carrier identification code presubscribed and input by calling party (0000 0002)

	"presub-da-unkwn"
	selected carrier identification pre-subscribed and input by calling party undetermined (0000 0011)

	"da”
	selected carrier identification not pre-subscribed, and input by calling party (0000 0100)

	"cic-chrg-pty"
	“no indication” (0000 0000)

	"altcic-chrg-pty"
	“no indication” (0000 0000)

	"verbal-clg-pty"
	“no indication” (0000 0000)

	"verbal-chrg-pty"
	“no indication” (0000 0000)

	"emergency"
	“no indication” (0000 0000)

	"presub-unkwn-da"
	carrier selected by input from calling party (0000 0010)

	"operator" 
	carrier selected by a network operator (0000 1011)


-------------------------------------  3rd  change ----------------------------------

7.2.3.2.2B.2
Mapping of “dai” in REQUEST URI Header

The procedures followed in clause 7.2.3.2.2.1 and 7.2.3.2.2B.1 apply with the following addition.

If the Carrier Selection Information parameter, defined according to ITU-T Q.1902.3 [30], is included in the IAM message the O-MGCF, based on network configuration, may send the carrier selection information to the SIP network. In such a case the "dai=" parameter as defined in IETF draft-yu-tel-dai- [95] is included in the SIP-Request URI and configured according to the table below.

Table 17e: Mapping of ISUP "Carrier Selection Information" to SIP "Dial Around Indicator"

	1. ISUP Carrier Selection Information parameter (binary digits) 
	1. SIP "dai=" component

	"no indication" (0000 0000)
	"no-ind"

	"selected carrier identification code pre-subscribed and no input by calling party" (00000001)
	"presub"

	"selected carrier identification code presubscribed and input by calling party" (0000 0010)
	"presub-da"

	"selected carrier identification pre-subscribed and input by calling party undetermined" (0000 0011)
	"presub-da-unkwn"

	"selected carrier identification not pre-subscribed, and input by calling party" (0000 0100)
	"da"

	"carrier selected by input from calling party"  (0000 1010)
	"presub-unkwn-da"

	"carrier selected by a network operator" (0000 1011)
	"operator" 


-------------------------------------  end changes ----------------------------------
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