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Abstract

It has been agreed in Question 11/11 meeting to produce a new Recommendation for specifying interworking between Bearer Independent Call Control protocol (Q.1902 including Q.764 ISUP) with Session Initiation Protocol (SIP) and Session Description Protocol (SDP). The editors propose this TD as a baseline structure of this a new Recommendation, Q.1912.SIP.
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Specifications of Bearer Independent Call Control

Interworking between Session Initiation Protocol (SIP) and the Bearer Independent Call Control (BICC) or ISDN User Part (ISUP) Protocols

ITU-T  Recommendation  Q.1912.SIP

New Recommendation Q.1912.SIP

INTERWORKING BETWEEN SIP/SDP AND THE BEARER INDEPENDENT CALL CONTROL PROTOCOL

Summary

This Recommendation defines the signalling interworking between the Bearer Independent Call Control (BICC) or ISDN User Part (ISUP) protocols and SIP to support services that can be commonly supported by BICC/ISUP and SIP ‑based networks.
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1
Scope

This Recommendation defines the signalling interworking between Bearer Independent Call Control (BICC) Protocol and Session Initiation Protocol (SIP) with its Session Description Protocol (SDP) at a Serving Node (SN). The service applicability of this signalling interworking is limited to whatever services than can be commonly supported by both the BICC and SIP ‑based networks.
BICC is the protocol defined in Q.1902. It is the call control protocol used between “Serving Nodes” in a network that uses separate call and bearer control protocols. An Interface Serving Node (ISN) is a node that provides interfaces to non‑BICC networks.

SIP and SDP is defined by IETF in RFC2543 and RFC2327, respectively. SIP are used to signal to the ISN for services supported in the BICC network using an access bearer based on Internet Protocol (IP). Besides SIP and SDP, which have wide ranging applications, other standards will be required to support the services. It is assumed in this Recommendation that the initial service requests must be forwarded and/or delivered via a trusted SIP Outbound Proxy within the network. In other word, the ISN will view this interface as Network‑to‑Network Interface (NNI). Support for SIP operating in User‑Network (UNI) Interface is for further study.

The interworking between BICC/ISUP and SIP takes place in the CSF at an ISN. The scope of this Recommendation is thus as shown in Figure 1.
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Figure 1/Q.1912.SIP:  Scope of this Recommendation for BICC and SIP/SDP interworking

2
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3
Definitions

For BICC specific terminology, the readers should refer to ITU-T Recommendation Q.1902. For SIP/SDP specific terminology, the readers should refer to definitions in the RFC. Definitions for additional terminology to clarify this interworking Recommendation are listed as follows:

Incoming Interface Serving Node (I‑ISN): It is an Interface Serving Node functional entity, which terminates incoming calls using non‑BICC protocols and originates outgoing calls using the BICC protocol. The non‑BICC protocols include the User Network Interface (UNI) or Network‑Network Interface (NNI) protocols.

Outgoing Interface Serving Node (O‑ISN): It is an Interface Serving Node functional entity, which terminates incoming calls using BICC protocol and originates outgoing calls using non‑BICC protocols.

Previous SIP Proxy (P‑SIPP): The Previous SIP Proxy is adjacent to the Originating SN and forwards the initial INVITE. It may not be Outbound SIP Proxy.

Next SIP Proxy (N‑SIPP): The Next SIP Proxy is adjacent to the Destination SN and receives the initial INVITE from the Destination SN.

4
Abbreviations

	APM
	Application Transport Message

	BCF-N
	Bearer Control Nodal Function

	BICC
	Bearer Independent Call Control

	BIWF
	Bearer Interworking Function

	CSF-N
	Call Service Nodal Function

	DSN
	Destination Serving Node

	DTMF
	Dual Tone Multi Frequency

	ISDN
	Integrated Services Digital Network

	ISN
	Interface Serving Node

	ISUP
	ISDN User Part

	N‑SIPP
	Next SIP Proxy

	OSN
	Originating Serving Node

	O‑SIPP
	Outbound SIP Proxy

	P‑SIPP
	Previous SIP Proxy

	SCN
	Switched Circuit Network

	UAC
	User Agent Client

	UAS
	User Agent Server

	UA
	User Agent, i.e., UAC+UAS


5
General considerations

5.1
Conventions for Representation of BICC/ISUP PDU

1. The name of each signalling information element for the following classes of terms is capitalised:

· indicators,

· parameters,

· information elements,

· messages.

Examples: Called Party Number parameter, Initial Address Message.

2. The definition of a parameter value is written in italics and is put between quotation marks.

Example: Nature of Address value 0000011 – “national (significant) number”.

5.2
Conventions for Representation of SIP/SDP Information

1. All letters of the names of SIP Requests are capitalised; and followed by the word “method”.

2. The first letter of the names of SIP headers is capitalised with the colon (i.e., “:”) at the end of the names.

Examples: To: and From: headers.

3. Syntactic components of SIP headers including parameters are represented by the names of the components are enclosed in “<” and “>”.

Examples: <tag>, <URI>, etc.

4. The names of SIP parameters will have the equal (i.e., “=”) symbol at the end of the names.

Examples: transport=, etc.

6
Interworking considerations

6.1 Methodology Assumptions

6.2
Interworking Methodology

7
Interworking Node: Incoming SIP and Outgoing BICC/ISUP

7.1
Interworking with Forward Signalling Information

7.1.1
Interworking with Forward INVITE

	INVITE (To OSN)

Header:  
	
	IAM (From OSN)

Parameters and Fields
	
	Remarks

	INVITE SIP-URL SIP/2.0
	
	IAM BICC-STC-Instance
	
	

	Via: SIP/2.0/UDP Host(P-SIPP); branch=x
	MS
	
	
	

	Via: SIP/2.0/UDP Host(O-SIPP); branch=x
	MS
	
	
	

	Via: SIP/2.0/UDP Host(UAC)
	MS
	
	
	

	
	
	Nature of Connection parameter
	F
	

	
	
	Forward Call Indicators parameter
	F
	

	
	
	Calling Party’s Category parameter
	F
	

	
	
	Transmission Medium Requirement parameter
	F
	

	From:
	M
	Calling Party Address parameter
	O
	

	To: 
	M
	Called Party Address parameter
	V
	

	Call-ID:
	M
	
	
	

	Cseq: no INVITE
	M
	
	
	

	Contact: 
	M
	
	
	

	---all other headers provided by O-SIPP
	
	
	
	

	Content-Type: application/sdp 
	O
	
	
	

	Content-length: (…)
	M
	
	
	

	
	
	
	
	

	v=

o= 

s= 

c=

b=

t=

a=


	
	
	
	

	m=


	
	TMR or USI parameters
	
	


7.1.2
Interworking with Forward PRACK

7.1.3
Interworking with Forward COMET

7.1.4
Interworking with Forward ACK

7.1.5
Interworking with Forward BYE

7.1.6
Interworking with Forward CANCEL

7.2
Interworking with Backward Signalling Information

7.2.1
Interworking with Backward APM

7.2.2
Interworking with Backward ACM

7.2.3
Interworking with Backward CPG

7.2.4
Interworking with Backward ANM

7.2.5
Interworking with Backward CONN

7.2.6
Interworking with Backward REL

7.2.7
Interworking with Backward RLC

8.
Interworking Node: Incoming BICC/ISUP and Outgoing SIP

8.1
Interworking with Forward Signalling Information

8.1.1
Interworking with Forward IAM

8.1.2
Interworking with Forward APM

8.1.2
Interworking with Forward COT

8.1.3
Interworking with Forward REL

8.1.4
Interworking with Forward RLC

8.2
Interworking with Backward Signalling Information

8.2.1
Interworking with Backward Responses of INVITE

8.2.2
Interworking with Backward BYE

8.2.3
Interworking with Backward Re‑INVITE

8.2.4
Interworking with Backward Responses of Re‑INVITE

8.2.5
Interworking with Backward Redirection 3XX Responses

8.2.6
Interworking with Backward Server‑Error 4XX Responses

8.2.7
Interworking with Backward Server‑Error 5XX Responses

8.2.8 Interworking with Backward Global‑Failure 6XX Responses

ANNEX‑A

BICC Specific Interworking for Basic Call

ANNEX‑B

ISUP Specific Interworking for Basic Call

ANNEX‑C.1~C.N

Interworking for ISDN Supplementary Services 

Editor’s Note: There are probably multiple service‑specific annexes, which can be Annex C.1, Annex C.2, etc.
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