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7.1
General

The following sub-clauses define the signalling interworking between the Bearer Independent Call Control (BICC) or ISDN User Part (ISUP) protocols and Session Initiation Protocol (SIP) with its associated Session Description Protocol (SDP) at a MGCF. The MGCF shall act as a Type A exchange (ITU-T Recommendation Q.764 [4]) for the purposes of ISUP and BICC Compatibility procedures. The services that can be supported through the use of the signalling interworking are limited to the services that are supported by BICC or ISUP and SIP based network domains.

BICC is the call control protocol used between Nodes in a network that incorporates separate call and bearer control. The BICC/ISUP capabilities or signalling information defined for national use is outside the scope of the present document. It does not imply interworking for national-specific capabilities is not feasible.

The capabilities of SIP and SDP that are interworked with BICC or ISUP are defined in 3GPP TS 24.229 [9]

Services that are common in SIP and BICC or ISUP network domains will seamlessly interwork by using the function of the MGCF. The MGCF will originate and/or terminate services or capabilities that do not interwork seamlessly across domains according to the relevant protocol recommendation or specification.

Table 1 lists the services seamlessly interworked and therefore within the scope of the present document.

Table 1: Interworking Capabilities between BICC/ISUP and SIP profile for 3GPP

	Service

	Speech/3.1 kHz audio

	CS data Calls (optional)

	En bloc address signalling

	Overlap address signalling from the CS side towards the IMS

	Out of band transport of DTMF tones and information. (BICC only)

	Inband transport of DTMF tones and information. (BICC and ISUP)

	Direct-Dialling-In (DDI)

	Multiple Subscriber Number (MSN)

	Calling Line Identification Presentation (CLIP)

	Calling Line Identification Restriction (CLIR)

	Connected line presentation (COLP)

	Connected line restriction (COLR)

	Carrier routeing 


<<<end of second change>>

<<<start of third change>>

7.2.3.1.2B
 Coding of the IAM for Carrier Routeing
This clause describes additional coding procedures for carrier-based routeing

7.2.3.1.2B.1
Coding of the IAM when a Carrier Identification Code (cic) is present
The procedures followed in clause 7.2.3.1.2.1 apply with the following addition.

Based on network configuration, 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, the I-MGCF will extract the carrier identification code from the “cic” field for routeing the call.  If the outgoing IAM message contains the Transit Network Selection (TNS) parameter, defined in [30], based on network configuration the TNS may be populated using the carrier identification code from the “cic=” filed not including any country code present.
7.2.3.1.2B.1
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 “dai” parameter,  the I-MGCF will 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 [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 x.x – Mapping of Dial Around Indicator to Carrier Selection Information

	SIP “dai=” component
	ISUP Carrier Selection Information parameter

	“no ind”
	“no indication” (00)

	"presub"
	“selected carrier identification code pre-subscribed and no input by calling party” (01)

	"presub-da"
	selected carrier identification code presubscribed and input by calling party (02)

	"presub-daUnkwn"
	selected carrier identification pre-subscribed and input by calling party undetermined (03)

	"da”
	selected carrier identification not pre-subscribed, and input by calling party (04)

	"CIC-chrgPty"
	“no indication” (00)

	"altCIC-chrgPty"
	“no indication” (00)

	"verbal-clgPty"
	selected carrier identification code not presubscribed and input by calling party (04)

	"verbal-chrgPty"
	“no indication” (00)

	"emergency"
	“no indication” (00)

	"presubUnkwn-da"
	carrier selected by input from calling party (10)

	"operator" 
	carrier selected by a network operator (11)


<<<end of third change>>

<<<start of fourth change>>

7.2.3.2.2B
Coding of the INVITE for Carrier Routeing
This clause describes additional coding procedures for carrier-based routeing

7.2.3.2.2B.1
Mapping of cic in REQUEST URI Header

The procedures followed in clause 7.2.3.2.2.1 apply with the following addition.
If the Transit Network Selection parameter, defined according to [30], is included in the IAM message the O-MGCF, based on network configuration, may send the transit network selection information to the SIP network.  In such a case the “cic=” parameter as defined in IETF RFC 4694 [xx] is included in the SIP-Request URI and configured according to the table below

Table x.x – Mapping of Transit Network Selection to “cic” in SIP Request
	ISUP parameter/field
	Value
	SIP Component
	Value

	Transit Network Selection
	4 digits (YYYY)
	Carrier id code in Userinfo of Request URI

	“cic=carrier ID code” (not including +CC code)


7.2.3.2.2B.1
Mapping of dai in REQUEST URI Header

The procedures followed in clause 7.2.3.2.2.1 apply with the following addition.
If the Carrier Selection Information parameter, defined according to [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 [xx2] is included in the SIP-Request URI and configured according to the table below.
	ISUP Carrier Selection Information parameter (binary digits) 
	SIP “dai=” component

	“no indication” (0000000)
	“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 (00000010)
	"presub-da"

	selected carrier identification pre-subscribed and input by calling party undetermined (00000011)
	"presub-daUnkwn"

	selected carrier identification not pre-subscribed, and input by calling party (00000100)
	"da”

	carrier selected by input from calling party (00001010)
	"presubUnkwn-da"

	carrier selected by a network operator (00001011)
	"operator" 
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