TSG-SA Working Group 2
TSG S2 001118

R00 Drafting, 12th-14th June 2000
Agenda Item: 
Source: 
Lucent Technologies
Title:
Support of Supplementary Services 

Document for:
Approval

Introduction

The working assumption agreed at S2#13 is that a flexible approach for whereby call handling may be supported at either the hCSCF or the vCSCF. Lucent Technologies have outlined a mechanism for the support of this approach in S2-000914 to allow the vCSCF to decide against a set of specified criteria whether or not it should handle the call or proxy it to the hCSCF. 

A standardised mechanism has been proposed whereby the home network informs the visited network about the conditions under which the call control in the visited network is passed to the home network. On a per call basis, the vCSCF would be able to determine if it can 

· handle the call knowing that no service control is required 

· handle the call, providing the necessary subscribed service control (eg via CAMEL),

· not handle the call as home service control is required. In this case, call control is passed to the hCSCF.

This has the advantage of allowing the use of the vCSCF thereby reducing the need for signalling over international links and providing consistency with the current GSM/UMTS model, whilst the hCSCF approach will allow access to call-related services provided in the home network.

S1 Requirements

S1 have provided an overview of the services to be supported in the IP Multimedia Domain in 22.976. The following 

· IP multimedia services are the new services in Release 2000, including IP telephony.  

· Supplementary services for IP multimedia services are not standardised but implemented using the toolkits or at the call control level.  

· IP multimedia services use GPRS as a bearer.

· Value added non-call related services include a large variety of different operator specific services. They are usually not specified by 3GPP. The services can be based on fully proprietary protocols or standardised protocols outside 3GPP.

Noting from the above that Supplementary Services for IP multimedia services are not standardised S1 also state that;

“In order to create or modify the above services (both call and non-call related services) operators may utilise toolkits standardised by 3GPP (such as CAMEL or LCS) or external solutions such as IP toolkit mechanisms.”

Section 7.5 covers the “Support of supplementary services”

· New or operator specific supplementary services shall, as a principle, not be standardised, but instead be created using the VHE service capabilities (i.e. toolkits), as stated for Release 99.

· Release 2000 shall not specify in detail how Release 99 services are implemented, but solely identify the requirement for them to be supported.

· To enable continued support of services, the existing Release 99 supplementary services in the CS domain shall be supported.

Discussion

It is therefore clear that the task is not to standardise the existing GSM/UMTS Supplementary Services from the CS domain as specified in TS22.004 for the IP Multimedia CN Domain. This would simply provide a system that copies the functionality of Release 99 systems and offer nothing to differentiate the service offering of Release 2000 networks.

However, it is also necessary to be able to provide users with supplementary services that display the same “look and feel” as those that they use today. S1 have stated that as a principle these should be created using VHE service capabilities. However the “look and feel” of the service are actually mainly determined by the terminal manufacturers MMI, and very few users would expect to need to use the defined * codes. The implementation of supplementary services may be quite different to the current approach for GSM/UMTS, but it must be possible for the user to initiate services such as Call Hold in the same manner whether it is a CS or a PS voice call.

There is an example of how this might be achieved for Call Hold in Annex D of TR22.976. It also considers the locations for service execution and states that;

The following different possible locations for the execution of the service (service logic) may be considered:

· the client  (terminal, server/gatekeeper) maintains the states of the calls it is handling. Therefore many of the services, like call forwarding are suitable for implementation in a client.  Services which are personalised/customised or interact with the user to the user's own specific requirements (e.g. calendar etc.) are best implemented in a client.  The user may control the call handling requirements for the cases when he is available, and by defining his forwarding requirements as part of his profile he may also control his call handling requirements when he is unavailable.  Such a profile could, for example, be webpage-based allowing fine-grain handling of each medium within his multimedia call.  Further, the user's personalisation may also be accessed by the application/feature servers to provide continuity of service when the client is unavailable.

· an application/feature server implements services that are not suitable for client implementation (e.g. when the client is not reachable), but in general it is also be possible to implement many services at application/feature servers. For example services which interfaces with a group of clients (e.g. with the first available agent with a specific skill) are maybe best implemented in a server. 

This application/feature server can also be used as a proxy or secondary client for those clients that are non-operational (e.g. powered-down, not registered, not reachable). Upon detection of the operational failure of a primary client, the gatekeeper notifies and routes all calls destined for the non-operational client to the server, which could then provide such services as call forwarding and messaging (for voice, facsimile and email).

A special case of such an application/feature server could be a conference server which maintains also the state of the calls that it is handling and which can provide n-way conferencing services.

Support of Service Interactions between hCSCF and vCSCF.

"What is the interaction of services such as call hold. For example, if a call is being served in the visited network is put on hold and the next MO call requires support in the home network, do we have two call state being maintained in different networks? If so ,what are the implications on service interaction"

Many of the service interactions that are defined in GSM today are as a result of the need to limit the number of active traffic channels to one. (Though the introduction of Multicall in Release 99 changes this.)

If supplementary services are implemented as applications on the basis of the client/server model proposed above then it will necessary for the application to manage the interactions between different calls. Furthermore if the same toolkits are used for both GSM and UMTS it will be possible to offer common supplementary services that operate over either system.

So in the case of call hold described in the question above, there may well be call states being maintained in multiple locations.

If two or more calls are active to a given terminal at any one time it is the task of the application under direction from the user to signal to the appropriate CSCF that the call has been placed on hold, and to switch between any number of other calls. The arbitrary restrictions on the number of calls that may be placed on hold in GSM can be disregarded.

There is no need for standardised inter-CSCF service interactions.

Proposal

It is proposed that the following text is added to Section 7. “Service Platforms” of TR23.821.

7
 Service Platforms 

[…….]

7.2 VHE

New or operator specific supplementary services shall, as a principle, not be standardised, but instead be created using the VHE service capabilities (i.e. toolkits).

For example in the case of Call Hold, if two or more calls are active to a given terminal at any one time it is the task of the application to handle service interactions. It shall under direction from the user to signal to the appropriate CSCF that the call has been placed on hold, and to switch between any number of other calls.

It is also proposed to add the following list of essential Supplementary Services and associated SIP features as an Annex.

List of Supplementary Services indicated by S1 as essential for R2000 in TR22.976

The table below lists shows how each of the services listed as essential for Release 2000 by S1, can be supported with SIP.  The intention of this table is to show the capabilities within the SIP toolkit that can be used by applications to create services.

The information provided is based on the Informational Internet Draft “SIP Telephony Call Flows”, draft-ietf-sip-call-flows-00.txt which expires Sept 2000.  This draft gives examples of call flows, and identifies extensions to SIP which are “Work in Progress”.

Details regarding the parameters given in the last column can be found from the SIPv2.0 rfc 2543 and the Internet draft “SIP Call Control Extensions”.
Feature Name
Short description
S1 Comments / Notes
Relevant SIP Feature

Multimedia Call Barring 
Enables mobile subscriber to have barring of certain categories of outgoing multimedia calls. 
Also includes incoming multimedia calls and barring when roaming. 
Barring when roaming should be handled during the registration process.

Multimedia Call Forwarding 
Forwarding of multimedia call (e.g. triggered by conditions of Unconditional, Busy, No Reply, Not Reachable etc).  Triggers/activation will be different and more detailed in a MM environment for the different media components.
Conditions require to be evaluated.  
The definition of a busy subscriber changes in that all sessions can be routed to a terminal, however, the user may decide to reject a call and provide details on the forwarding of that call.

Multimedia Call Holding 
Allows served mobile subscriber to interrupt communication on an existing active multimedia call and then subsequently re-establish communication

A call is placed on hold by an INVITE(C=0) message being sent.  The network simply needs to forward this to the other terminal.

Multimedia Call Waiting 
Permits mobile subscriber to be notified of an incoming multimedia call while the mobile subscriber is engaged in other multimedia call(s). Subscriber can either accept, reject, ignore, or deflect the incoming multimedia call.  

As any number of sessions can be handled by the terminal.  This is achieved by simply providing an INVITE message for the incoming call.

Caller Identification and restriction
Similar to CLIP, CLIR, CNAP and CNAR.
Could include additional IP related information such as IP address. 

Essential due to European, FCC and other regulatory requirements.
CLIP/CNAP: The calling address is in the INVITE message

CLIR/CNAR: How the From field should be filled is for FFS.

Incoming call screening will be handled by the interrogating CSCF when the incoming call reaches the home network.  Hence a service where calls are screened if they have no calling party name will be detected in the home network.

Connected Line Identification and restriction
Similar to COLP and COLR
Could include additional IP related information such as IP address.

Essential due to European, FCC and other regulatory requirements.
Use the To and From fiedls of the ACK message as for CNAP/CNAR

Multimedia conferencing 
Similar to Multiparty but is applicable to multimedia calls.

Currently, conferencing is supported by mixing by on of the users.  Further work is needed in this area.

