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Introduction

The purpose of this document is to try and identify the capabilities that need to be conveyed between the AS and the S-CSCF, thereby identifying requirements over the capabilities of the SIP+ interface. The document follows on from the guidelines of S2-01797 reference [1]. 

This document emphasises that initial service invocation does not necessarily take place when a call request is made or received by a subscriber, but may occur at other points in call (or session) processing. By way of examples in this document (prepaid user and a conditional call forwarding service) we illustrate the principles. The SIP+ interface is considered as a service control interface and thus the extensions/enhancements required to SIP need to be identified. This can be achieved without the introduction of new SIP methods. This document concludes with a table that lists the desired capabilities that should be incorporated in the SIP+ interface. 

Service Invocation

Extract from [1] states “SIP+ is based on the SIP protocol information with necessary enhancements to allow for service control” 

So what do we understand by service control? The ability to influence the outcome of a call/session, either at the time it is originated, or at any time during the establishment, progress or active phase of a call/session. Service control includes number translation, altering charging information, obtaining information about the call/session establishment phase, setting thresholds on the duration of the call/session, passing information about the call/session..Etc. 

The traditional telephony approach to service invocation has been to have the call processing entity (e.g., MSC), interrupt call processing at various possible stages and to send an indication to the service/application entity to obtain further instructions as to how the call is to proceed. The mechanism for service invocation currently employed in 3GPP CAMEL and OSA includes the following points in processing for interruption:

1. mobile originating call attempt by a subscriber 

2. mobile originating call establishment failed from originating side

3. in-coming call to terminating subscriber

4. in-coming call to terminating subscriber not delivered due to said subscriber being busy or did not answer within a specified time period.

Discussion topic : For IP MM services, do we expect to retain these types of initial triggers? If CAMEL services are to be used and assuming that the existing OSA (Multiparty Call Control SCF) capabilities are to be retained, then these types of initial triggers are still required.

Additional IM initial service triggers may also include :

5. modification of session media stream (eg change from voice to video)

6. addition of new parties in the call/session (eg change from two party to three party conference)


The following table (table 1) attempts to list the cases for initial service triggering identified in 1 – 4 above together with the appropriate SIP message that could lead to service invocation. The column for the equivalent SIP+ message has been populated based on the information flows provided later on in this document. However, we recognise that this work needs further refinement/discussion.

Case
Service Invocation


Functional Element affected
SIP trigger
Possible Equivalent SIP+ message (further discussion required)

1 (MO Call attempt)
Initial call/session request by the originating subscriber


Originating party’s S-CSCF
INVITE
INVITE forwarded to IMSSF, OSA SCS or SIP service platform

2 (MO call unsuccessful)
Indication to originating party’s S-CSCF that call establishment failed.
Originating party’s S-CSCF
404 Not Found

482 Loop detected

483 Too many Hops

See note 

The 4xx message not sent to the IMSSF or OSA SCS but a new INVITE message together with the 4xx error message is sent instead. A SIP dialogue is created between the IMSS, OSA SCS or SIP Service Platfrom. The invite message needs to contain information from the original INVITE message at the Originating S-CSCF. 

3 (incoming call to terminating subscriber
Initial incoming call/session request to terminating subscriber. 
Terminating party’s  S-CSCF 
INVITE
INVITE

4 (incoming call to unreachable terminating subscriber
Indication at the terminating S-CSCF that call could not be delivered to called subscriber
Terminating party’s S-CSCF
486 (Busy here)

600 (Busy Everywhere)?
The 4xx message not sent to the IMSSF, OSA SCS but a INVITE message together with the 4xx error message. The INVITE message needs to contain information from the original INVITE message at the terminating S-CSCF. 




603 (Decline)

408 (Request Timeout)


Table 1 Service invocation and SIP triggers

PrePaid Service Example

The purpose of this example is to start identifying the requirements for the functionality that needs to be incorporated in SIP+ to support prepaid. Prepaid is seen as key by several operators. The example is currently a simple ‘sunny day scenario’, where a subscriber makes a call, and has enough credit to make a call to last a certain duration. At some point in time the credit required to proceed with  the call runs out and the call is disconnected by the prepaid service. Service triggering is based on case 1 (i.e. MO call attempt). 

Assumptions

· Subscriber A, identified by UEa is a prepaid subscriber. Every call that subscriber A makes needs to be ‘controlled’ by an application residing in the application server. By controlled, we indicate that an application is responsible for determining the duration of a call/session based on a credit facility maintained in the application itself. 

· The AS monitors the entire duration of the call/session made by subscriber A. This is purely for simplicity. Other possibilities are not excluded.

· Prepaid service is based on existing mechanisms available today in CAMEL and OSA. This is, the CSCF is provided a time threshold (requirement for data volume threshold needs to be investigated) by the AS. The CSCF runs the necessary timer and when this threshold is reached, it notifies the AS.

CAMEL based Detailed flows

Figure 1 shows the prepaid service example for the scenario where the example is based on CAMEL. The flows between the CSE and the IMSSF are based on existing CAMEL information flows. Detail parameters are not provided and is recognised that additional parameters needs to be conveyed. Detailed textual information is provided below :

1. The S-CSCF of UEa receives a SIP invite message form UEa.

2. Based on the information obtained from the UEa service profile (during registration), the S-CSCF detects that the criteria for the certain pre-defined triggers are met, upon which it shall send a notification of that fact to the CSE via the IMSSF. In this example, the INVITE message is forwarded to the IMSSF. 

3. The IMSSF recognises that the INVITE message is for the invocation of a new service for the subscriber. The IMSSF examines the Originating CAMEL subscription Information (O-CSI) obtains the address of the CAMEL Service Environment and forwards an initial service request (InitialDP) to the CSE. 

4. The CSE arms the necessary Detection Points (DPs) required as per the service logic. In this example O_Answer and O_Disconnect are armed. This would mean that a notification needs to be sent to the CSE when the call/session is established and when it is torn down.

5. As subscriber A is a prepaid subscriber, the CSE needs to instruct the CSCF about the time threshold that the call may last. A CAP ApplyCharging message is sent to the IMSSF.

6. IMSSF needs to translate the ApplyCharging messages in such a way that it conveys the necessary information to the S-CSCF. Current SIP messages do not have such explicit capability. A fairly straight forward possibility would be the use of the SIP REDIRECT message plus necessary extension to indicate the time threshold to be applied. Additional information required would be the action to be taken on threshold being reached (ie S-CSCF initiated session/call release or notification back to the CSE for further instructions). Tariff Switch capabilities would also need to be included.

7. The originating S-CSCF forwards the INVITE to the I-CSCF of the called subscriber network. 

8. The I-CSCF of the UEb queries the HSS to obtain the S-CSCF of UEb

9. The HSS returns UEb’s S-CSCF location

10. The I-CSCF forwards the SIP INVITE message to the S-CSCF of UEb 

11. UEb is notified of the incoming call.

12. UEb accepts the incoming call.

13. The terminating S-CSCF sends an indication to the I-CSCF that UEb accepted the call

14. I-CSCF forwards the SDP message to the originating S-CSCF

15. Indication sent to UEa that call/session has been established.

16. Bearer establishment and call set up between UEa and UEb is performed following the procedure described the basic call flow sections for originating and terminating sections (See TS 22.228).

17. Indication sent to the IMSSF that the call/session has been established. In this example, the INFO message plus the necessary extension has been used to convey this.

18. The IMSSF translates the bearer establishment into a ReportBCSMEvent (O_Answer).

19. The originating S-CSCF detects that the time threshold provided by the CSE in flow 5 has been reached and sends an indication to the IMSSF. For this, the INFO message plus the necessary extension(s) has been used to convey this.

20. The IMSSF sends an ApplyChargingReport to the CSE to indicate that the threshold has been reached, 

21. The prepaid service logic detects that the user has exhausted all his/her credit and thus instructs the CSCF to release the session. (Ideally, at this stage the user should get a notification that his/her credit has expired. However for the sake of simplicity, this step is ignored for the time being.)

22. The IMSSF sends a BYE message to the S-SCSF
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A BYE message is sent to the terminating I-CSCF

24. I-CSCF sends a BYE message to the terminating S-CSCF

25. A BYE is sent to Uea.

OSA based Detailed flows

Figure 2 show the same prepaid example but for the situation where the application is based on Open Service Access (OSA).  The only differences between figure 1 and figure 2 are the flows from the CSE to the IMSS and the OSA SCS and the OS AS. For these reasons detailed text information is not provided to avoid excessive repetition of the text. The assumption is made that the application running on the OSA AS has been properly authenticated and authorised by the OSA Framework procedures described in 3G TS 23.127. The OSA Prepaid application for this example makes use of the Multiparty call Control Service Capability Feature. To illustrate this, the OSA interface names are prefixed to the method names, i.e. IpInterfaceName.method_name. In case OSA convenience functions are used, flows 10, 11, and 12 can be replaced by a single OSA method invocation of IpMultiPartyCall.createAndRouteCallLegReq, which combines the functionality of creating the call leg, routing it, and requesting the event reports.

[image: image2.wmf]OSA

AS

Originating 

UEa

Home Network 

2. INVITE

9. INVITE

OSA

GW

5. 

IpCallLeg

.

routeReq

S-CSCF

1. INVITE

3. 

IpAppMultiPartyCallControlManager

.reportNotification

PrePaid Service

7. 

IpMultiPartyCall

.

superviseReq

Terminating 

UEb

Home Network 

13. INVITE

I-CSCF

16. SDP

UEb

UEa

14. SDP

17. SDP

18. Bearer Establishment & Call Setup & Answer

Threshold Reached

21. INFO

22. 

IpAppMultiPartyCall

.

superviseRes

23. 

IpMultiPartyCall

.release

24. BYE

8. Redirect

27. BYE

25. BYE

26. BYE

HSS

S-CSCF

10. Locate 

UEb

11. Response

12. INVITE

15. SDP

19. INFO

6. 

IpCallLeg

.

eventReportReq

4. 

IpMultiPartyCall

.

createCallLeg

20. 

IpAppCallLeg

.

eventReportRes


Conditional Call Forwarding Example

The purpose of this example is to show service triggering after call establishment has failed. The case under consideration is where a subscriber has a service provisioned where if calls/session are not answered due to the subscriber sending a busy indication. The service logic would diverts the call to an appropriate mail box as determined by the application (eg could depend on the session descriptor) or redirect the call to another termination point.

Assumptions

The mailbox of UEb is within the same home network. (Only done for simplicity of the information flows).

CAMEL based detailed in formation Flows

1. The S-CSCF of UEa receives a SIP INVITE message form UEa.

2. The originating S-CSCF forwards the SIP INVITE message to the I-CSCF of the destination subscriber’s network

3. The I-CSCF of UEb queries the HSS to obtain the S-CSCF of UEb

4. The HSS returns the called subscriber’s S-CSCF location

5. The I-CSCF forwards the SIP INVITE message to the S-CSCF of Ueb

6. The S-CSCF forwards the SIP INVITE message to UEb.

7. The called subscriber decides that he/his system is to busy to accept the call/session invitation and responds with a 486 Busy Here messages

8. The S-CSCF detects that from UEb user profile, a service invocation is required from the service triggers to redirect the call based 486 (Busy Here). The S-CSCF needs to send an indication to the IM SSF. In this example, an INVITE is sent that contains ass part of the extensions the 486 (BusyHere) indicator.

9. The IM SSF detects that a service needs to be invoked for this subscriber. Using the CAMEL Subscription information it determines the address of the CSE and sends it an InitialDP message to the CSE.

10. The CSE invokes the appropriate service logic and in this example sends a RequestReportBCSM  requesting to be notified about call set up (ie O_Answer)

11. The service logic sends a Connect message to the IM SSF to indicate the destination number the call should be routed to (ie the number of the mail box)

12. The IM SSF sends a SIP Redirect message to the S-CSCF

13. The S-SCCF forwards the SIP invite to the UEc

14. The UEc accepts the incoming call 

15. – 17 The SDP message is propagated to the I-CSCF, the S-CSCF of the originating subscriber and to UEa.

19. The S-CSCF informs the IMSFF that the call/session has be successfully established using an INFO message. 

20. The IM SSF indicates to the service logic that the call has been redirected to the UEc by sending a ReportBCSMEvent (O_Answer) message
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OSA based detailed in formation Flows
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Figure 4 show the same conditional call forwarding example but for the situation where the application is based on OSA.  The only differences between figure 3 and figure 4 are the flows from the CSE to the IMSS and the OSA SCS and the OS AS. For this reasons detail text information is not provided to avoid excessive repetition of the text. For brevity, the OSA interface names are not included in the flow diagram.

Functionality required in SIP+

In order to determine the enhancements required to SIP to evolve SIP+ into a service control interface, it is first necessary to identify the functionality that needs to be conveyed in SIP+. Table 2 below provides the first steps in identifying these capabilities. It is recognised that further work is required, especially to identify new capabilities specific for IP Multimedia that are not covered by current tool kits. 

Pre Paid Time Thresholds
Indicate to CSCF to apply time threshold for a call/session

Indication to AS from CSCF that time threshold has been reached

Modification of call setup information such destination number/Call redirection
Modification of called/destination number with continued supervision of the call/session

Modification of the called/destination number without further supervision of the call/session

Service Triggering
Triggering at various stages of call/session establishment phase 

Charging information
AS informs the CSCF of additional charging related information when the equivalent of the Call Detail Record is created in the CSCF.

Call/session Information Reporting
Request to the CSCF to provide information about a call/session

Report to AS about call/session information (call duration time, call end time)

User interaction – sending of information to user such as voice announcement, video announcement…etc and the collection of user information 
Request the CSCF to initiate user interaction dialogue




Table 2 Functionality that needs to be incorporated in SIP+

Conclusions


Lucent Technologies proposes the SIP+ be based on SIP. The examples provided indicate that the current SIP methods would be sufficient to convey the required information. Table 2 provides an initial view as the enhancements required to make SIP+ a service control interface.  Lucent would encourage further discussions to refine table 2.
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Figure 3 CAMEL based Conditional Forwarding
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Figure 4 OSA based conditional call forwarding
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