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Abstract

The current Technical Report has reserved several sections to address call flows related to the use of SIP-I within the PLMN. Call flows should be provided to completely illustrate the use of SIP-I. 3GPP TS 23 153 and TS 23.205 provides the call flows when BICC used, the same set should be addressed with SIP-I replaces BICC as the call control protocol.

Many of the call flows illustrated in 3GPP TS 23.205 are not call control protocol specific. Instead they reference generic procedures such as “Bearer Establishment” and “Release of Bearer”. Therefore there is no need to repeat these call flows, instead a simply reference to existing call flows should be made with a statement that the generic procedures may use either BICC or SIP-I (or ISUP?) as the call control protocol. 

When the call flows are call control protocol specific, explicit examples should be provided. This list is limited to call establishment, call clearing, and mid-call codec negotiation.

Some call flow sections are already provided in the Technical Report. It is proposed that the Technical Report be amended with additional sections to address the SIP-I specific call flows and a general section to address all common call flows.

First Change

9
Mid Call Codec Negotiation

Editor's Note:
Changes to this Clause need to be agreed within CT4.

Editor's note: The section is to define the mid call codec negotiation flow examples.

9.1
Network Initiated

Editor's note: The section is to define the network initiated mid call codec negotiation flow examples.

9.2 User Initiated
Editor's note: The section is to define the user initiated mid call codec negotiation flow examples.

10
Call Clearing

Editor's Note:
Changes to this Clause need to be agreed within CT4.

Editor's note: The section is to define the call clearing flow examples.

10.1
Network Initiated

Editor's note: The section is to define the network initiated call clearing flow examples.

10.2
User Initiated

Editor's note: The section is to define the user initiated call clearing flow examples.

10.3
(G)MSC server Initiated

Editor's note: The section is to define the (G)MSC server initiated call clearing flow examples.

10.4
MGW Initiated

Editor's note: The section is to define the MGW initiated call clearing flow examples.

10.5
Call Clearing for Iu Interface on IP
Editor's note: The section is to define the call clearing for Iu Interface on IP flow examples.

11
Handover/Relocation

Editor's Note:
Changes to this Clause need to be agreed within CT4.

Editor's note: The section is to define the handover/relocation flow examples.

The following procedures are common between BICC and SIP-I. The following call flows are illustrated in the specified sub-clauses of 3GPP TS 23.205 [2] and are applicable to SIP-I. The SIP-I procedures for bearer establishment and bearer release shall be assumed. 
8.1

UMTS to UMTS

8.2

UMTS to GSM

8.3

GSM to UMTS

8.4

GSM to GSM

8.5

Handling of GSM Services after UMTS to GSM Handover

12
Additional Procedures

Editor's Note:
Changes to this Clause need to be agreed within CT4.

Editor's note: The section is to define the additional procedures for which no new flows are required.

The following procedures are common between BICC and SIP-I. The existing call flows are illustrated in the specified sub-clauses of 3GPP TS 23.205[2] and are applicable to SIP-I. The SIP-I procedures for bearer establishment and bearer release shall be assumed. 

10


General (G)MSC server-MGW Procedures

10.1

MGW Unavailable

10.2

MGW Available

10.3

MGW Recovery

10.4

(G)MSC server Recovery

10.5

MGW Re-register

10.6

MGW Re-registration Ordered by (G)MSC server

10.7

Removal from Service of a Physical Termination

10.8

Restoration to Service of a Physical Termination

10.9

Audit of MGW

10.10
MGW Capability Change

10.11
Void

10.12
(G)MSC Server Out of service

10.13
MGW Resource Congestion Handling - Activate

10.14
MGW Resource Congestion Handling -Indication

13


Interactions with Other Services

13.1

Enhanced Multi-Level Precedence and Pre-emption service (eMLPP) 

13.2

Call Deflection Service

13.3

Line identification Services

13.4

Call Forwarding Services

13.5

Call Waiting (CW) 

13.6

Call Hold (CH) 

13.7

Multiparty (MPTY) 

13.8

Closed User Group (CUG) 

13.9

Advice of Charge (AoC) 

13.10
User-to-User Signalling (UUS) 

13.11
Call Barring Services

13.12
Explicit Call Transfer (ECT) 

13.13
Completion of Calls to Busy Subscriber (CCBS) 

13.14
Multiple Subscriber Profile (MSP) 

13.15
Multicall

13.16
Calling Name Presentation (CNAP) 

13.17
Alternate Speech/Fax

13.18
Modification of the Access Bearer

13.19
GSM Fax

14


Interactions with Other Network Features and Services

14.1

Customised Applications for Mobile network Enhanced Logic (CAMEL) 

14.2

IST

14.3

Operator Determined Barring (ODB) 

14.4

DTMF

14.5

OR

14.6

Providing tones or announcements

14.7

Global Text Telephony

14.8

Emergency Calls

14.9

Subscriber and equipment trace

17


Bearer Redirect

17.1

Example of use of Bearer Redirect with Call Forwarding on No Reply (CFNRy) 

18


(G)MSC MGW Tandeming

18.1

Example of use of MSC MGW Tandeming during call setup to provide bearer access to specialised MGW resources

13
Impact to existing services

Editor's Note:
Changes to this Clause need to be agreed within CT4, unless marked differently for specific Subclauses.

Editor's note: The section is to define the interworking with existing services that are currently supported by a BICC based Nc Interface.  Additional services may be added when identified. 
13.1
Supplementary Services

Editor's note: The section is to define the impacts on supplementary services.

13.2
Number Portability

Editor's note: The section is to define the impacts on Number Portability.

13.3
SCUDIF

Editor's Note:
Changes to this Clause need to be agreed within CT3.

Editor's note:
The section is to analyse possible impacts on SCUDIF compared to the current handling based upon BICC or ISUP.

There is no way to signal the use of MUME within SDP with existing IETF specifications.  Support for mid-call switching between speech and multimedia modes according to SCUDIF will require an addition to the CLEARMODE IETF RFC 4040 [34] to allow signalling of MUME.  Since this extension is needed, IETF RFC 4040 [34] should also be expanded to allow signalling within SDP of other CLEARMODE applications such as Nx64, V.120 and V.110.  These additions should be included in a bis version of IETF RFC 4040 [34].

Editor's Note: MUME is only recognized within 3GPP CS networks, so it remains to be decided whether and how to support SCUDIF when interconnecting to non-3GPP networks.  One approach to consider is to allow the MSC the option of interworking SCUDIF to SIP-I in the same manner as being developed for CS-to-IMS interworking of the service.

Editor's Note: The goal is to assure that SCUDIF operates correctly between two MSCs with a signalling plane connection that transits through a non-3GPP SIP-I network.  It is FFS whether additional mechanisms are needed to assure correct operation in this case.
13.4
GTT

On the Nb interface, GTT is carried either as CTM in audio, V.18 tones in TDM, or as T.140 text within a CS multimedia bearer.  CTM is only used on Nb when the peer endpoint is known by an established convention to support CTM, since there is no way to signal its use in the network.  In IMS, GTT is carried as T.140 text according to 3GPP TS 26.235 [33].  

13.5
Impacts on Data Call Handling

Editor's Note:
Changes to this Clause need to be agreed within CT3.

Editor's note:
The section is to analyse possible impacts on data call handling compared to the current handling based upon BICC or ISUP.

13.6
Support of DTMF

SIP-I does not include a method of signalling DTMF events in the manner provided by BICC.  Instead SIP-I uses the mechanism provided in draft-ietf-avt-rfc2833bis-15 [35] to signal DTMF events within the bearer plane.  

When interfacing to the PLMN using ISUP, the MSC receiving DTMF events from a mobile station signals those events to its MGW so that the MGW can generate the DTMF tones in-band within the bearer plane to the PLMN.  When interfacing to a SIP-I network, the MSC receiving DTMF events from a mobile station signals those events to its MGW so that the MGW shall signal the DTMF digits in the bearer plane as telephone-events according to draft-ietf-avt-rfc2833bis-15 [35].

When interworking DTMF telephone-events received from a SIP-I network to BICC, the MGW shall detect the DTMF events in the bearer plane and indicate them to its controller for carriage in the BICC signalling plane.  When interworking DTMF events received from a BICC network to SIP-I, the MGW controller shall signal DTMF events received in the signalling plane to its MGW for transmission in the bearer plane towards the SIP-I network.

When interworking to a SIP-I network, in-band DTMF received in the bearer plane from a BICC or ISUP network may optionally be detected at an MGW and translated to the corresponding telephone-events for carriage in the bearer plane of the SIP-I network.

Editor's Note:
When receiving in-band DTMF from a BICC or ISUP network towards a SIP-I network, it is for further study if the MGW is always required to detect the DTMF tones and translate them to the corresponding telephone-events.
14
Interworking between SIP-I based 3GPP CS Domain and BICC based 3GPP CS Domain 

Editor's Note:
Changes to this Clause need to be agreed within CT3.

Editor's note:
The section is to analyse the interworking between a SIP-I based 3GPP CS Domain or subnet within a CS Domain and a BICC based 3GPP CS Domain or subnet within a CS Domain.

15
Interworking between SIP-I based 3GPP CS Domain and 3GPP IP Multimedia Subsystem
Editor's Note:
Changes to this Clause need to be agreed within CT3.

Editor's note:
The section is to analyse the interworking between a SIP-I based 3GPP CS Domain and the 3GPP IP Multimedia Subsystem (IMS).

16
Impacts to Messages/Procedures and their contents

Editor's Note:
Changes to this Clause need to be agreed within CT4.

Editor's note: The section contains the detailed description of the impacted information flows used in when implementing an SIP-I based Nc interface.

16.1
Impacts to Messages between (G)MSC servers

Editor's note: The section contains the detailed description of the impacted information flows between (G)MSC servers when implementing a SIP-I based Nc interface.

16.2
Impacts to Procedures between (G)MSC server and MGW

Editor's note: The section contains the detailed description of the impacted information flows between the (G)MSC-S and the MGW servers when implementing a SIP-I based Nc interface.
















































































































