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Foreword

This Technical Specification has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

The present document describes the mapping procedures between ISUP/BICC and SIP signalling. These procedures will enable the interworking between a CS/PSTN and an IM CN subsystem.

Editor’s note: To be completed

1
Scope

The present document details the mapping procedures between ISUP/BICC and SIP.

Editor’s note: To be completed

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies.  In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

 [1]
draft-ietf-sip-rfc2543bis-04 (July 2001): “SIP: Session Initiation Protocol”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC.

[2]
RFC 2976 (October 2000): “The SIP INFO method”.

[3]
draft-ietf-sip-100rel-03 (March 2001): “Reliability of provisional responses in SIP”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[4]
draft-ietf-sip-callerprefs-04 (June 2001): “SIP caller preferences and callee capabilities”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[5]
draft-ietf-sip-refer-00 (July 2001): “The REFER method”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[6]
draft-ietf-sip-serverfeatures-05 (July 2001): “The SIP supported header”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[7]
draft-ietf-sip-session-timer-05 (July 2001): “The SIP session timer”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[8]
draft-sip-manyfolks- resource-01 (February 2001): “Integration of resource management and SIP”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[9]
draft- sip-privacy-02 (May 2001): “SIP extensions for caller identity and privacy”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[10]
draft- sip-state-01 (March 2001): “SIP extensions for supporting distributed call state”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[11]
draft- sip-call-auth-01 (February 2001): “SIP extensions for media authorization”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC. 

[12]
draft-ietf-mmusic-sdp-new-03 (January 2002): “SDP: Session Description Protocol”.

Editor’s note: The above document cannot be formally referenced until it is published as an RFC.

[13]
RFC 1890 (January 1996): “RTP Profile for Audio and Video Conferences with Minimal Control”.

[14]

ITU-T Recommendation Q.763 (06/2000) – Specifications of Signalling System No.7 ISDN User Part (ISUP).

3
Definitions and abbreviations

3.1
Definitions

For the purposes of the present document, the following terms and definitions apply.

Basic Voice Call: A Basic Voice Call (BVC) is a call that conveys only a speech component. The definition of the BVC pertains only to the boundary between the IMS and the CS/PSTN. If more than one IMS party is involved in a communication with a PSTN party/parties, the communication between the IMS parties shall not be adversely impacted by the presence of a PSTN party. Please note that this boundary may still be subject to regulatory requirements associated with communications with the PSTN including, but not limited to, lawful interception of voice calls and number portability.

IM CN subsystem: (IP Multimedia CN subsystem) comprises of all CN elements for the provision of IP multimedia applications over IP multimedia sessions. 

3.2
Abbreviations

For the purposes of the present document, the following abbreviations apply:

BVC
Basic Voice Call

CN
Core Network

CS
Circuit Switched

CSCF
Call State Control Function

FQDN
Fully Qualified Domain Name

IM
IP Multimedia

IP
Internet Protocol

ISUP
ISDN User Part

MGCF
Media Gateway Control Function

MT
Mobile Terminated

QoS
Quality of Service

SDP
Session Description Protocol

SIP
Session Initiation Protocol

SS7
Signalling System No.7

UE
User Equipment

4
CS/PSTN (ISUP) originated, IM CN subsystem terminated (SIP)

The following subclause describes the mapping procedures between ISUP and SIP for an en-bloc CS/PSTN originated, IM CN subsystem terminated call type. 

4.1
Basic voice call

Editor’s Note: This sub-clause will describe the mapping requirements for a basic voice call

4.2
Calling Line Identification Presentation (CLIP)

Editor’s Note: This sub-clause will describe the mapping requirements when CLIP is used in con-junction with a basic voice call  

4.3
Calling Line Identification Restriction (CLIR)

Editor’s Note: This sub-clause will describe the mapping requirements when CLIR is used in con-junction with a basic voice call  

4.4
Call Forwarding Unconditional (CFU)

Editor’s Note: This sub-clause will describe the mapping requirements when CFU is used in con-junction with a basic voice call  

4.5
Call Forwarding on mobile subscriber Busy (CFB)

Editor’s Note: This sub-clause will describe the mapping requirements when CFB is used in con-junction with a basic voice call  

4.6 Call Forwarding on No Reply (CFNRy)

Editor’s Note: This sub-clause will describe the mapping requirements when CFNRy is used in con-junction with a basic voice call  

4.7
Call Forwarding on mobile subscriber Not Reachable (CFNRc)

Editor’s Note: This sub-clause will describe the mapping requirements when CFNRc is used in con-junction with a basic voice call  

5
IM CN subsystem mobile originated (SIP), CS/PSTN (ISUP) terminated in the same network

5.1
Basic voice call

5.2
Calling Line Identification Presentation (CLIP)

5.3
Calling Line Identification Restriction (CLIR)

5.4
Call Forwarding Unconditional (CFU)

5.5
Call Forwarding on mobile subscriber Busy (CFB)

5.6
Call Forwarding on No Reply (CFNRy)

5.7
Call Forwarding on mobile subscriber Not Reachable (CFNRc)

6
IM CN subsystem mobile originated(SIP), CS/PSTN (ISUP) terminated by separate network operator

6.1
Basic voice call

6.2
Calling Line Identification Presentation (CLIP)

6.3
Calling Line Identification Restriction (CLIR)

6.4
Call Forwarding Unconditional (CFU)

6.5
Call Forwarding on mobile subscriber Busy (CFB)

6.6
Call Forwarding on No Reply (CFNRy)

6.7
Call Forwarding on mobile subscriber Not Reachable (CFNRc)

7
CS/PSTN (BICC) originated, IM CN subsystem terminated (SIP)

7.1
Basic voice call

7.2
Calling Line Identification Presentation (CLIP)

7.3
Calling Line Identification Restriction (CLIR)

7.4
Call Forwarding Unconditional (CFU)

7.5
Call Forwarding on mobile subscriber Busy (CFB)

7.6
Call Forwarding on No Reply (CFNRy)

7.7
Call Forwarding on mobile subscriber Not Reachable (CFNRc)

8
IM CN subsystem mobile originated (SIP), CS/PSTN (BICC) terminated in the same network

8.1
Basic voice call

8.2
Calling Line Identification Presentation (CLIP)

8.3
Calling Line Identification Restriction (CLIR)

8.4
Call Forwarding Unconditional (CFU)

8.5
Call Forwarding on mobile subscriber Busy (CFB)

8.6
Call Forwarding on No Reply (CFNRy)

8.7
Call Forwarding on mobile subscriber Not Reachable (CFNRc)

9
IM CN subsystem mobile originated(SIP), CS/PSTN (BICC) terminated by separate network operator

9.1
Basic voice call

9.2
Calling Line Identification Presentation (CLIP)

9.3
Calling Line Identification Restriction (CLIR)

9.4
Call Forwarding Unconditional (CFU)

9.5
Call Forwarding on mobile subscriber Busy (CFB)

9.6
Call Forwarding on No Reply (CFNRy)

9.7
Call Forwarding on mobile subscriber Not Reachable (CFNRc)
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