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1.  Introduction


This contribution proposes input for clause 8 of TR 22.976, with a case study of how the Call Diversion study could be supported in a Release 2000 network.





2.  Proposal


The following text for the empty clause 8 below is proposed.





8.1	Introduction


One of the most important requirements for the control of multimedia services in an all IP based network is that the necessary protocol actions are performed using functional peer-to-peer signalling. The protocol has to be designed in such a manner that the functional entities communicate with their peer entities (servers, clients or gateways (in case of interworking)) directly without assuming any network intervention. 


Other requirements are e.g.:


use of an open, standardised, extendible protocol to enable service differentiation in multi-vendor networks


independence from vendor specific solutions and platforms


support of interworking with public networks (e.g. ISDN networks)


standardised and extendible service capabilities instead of standardised services


support of client/server service models.


8.2	Case study on the support of Call Diversion services


This category of services include any kind of call diversion services (e.g. immediate call diversion, call diversion on no reply, call diversion on not reachable, call diversion on busy, call deflection etc.). 





8.2.1	Requirements


The main requirements of this category of services are:


provide the functionality to re-route the entire incoming call, or individual media of the incoming call


allow the re-routing on defined criteria (e.g. context of called party or calling party, time, location, call set-up indication, user indication, service type, etc.)


be able to differentiate the service type of the incoming call (e.g. speech, data, multimedia, etc.)


provide sufficient capabilities to select where re-routing shall take place (e.g. in the network, in a third party, in the terminal etc.)


user controlled administration, activation, de-activation and interrogation from different points (e.g. via the terminal, in the network, via a third party, user's web-based service personalisation etc.)


the ability to inform the involved parties (calling, served, forwarded-to) that call diversion was invoked.





8.2.2	Needed service capabilities


3G defines the service capabilities on which the services shall be built rather than defining the services themselves.  This section identifies the functional support required from service capabilities which shall then be combined to build the required service. 


The following functional support shall be provided by the service capabilities to fulfil the above defined requirements for the call diversion services:-


monitor for an incoming call


provide user and/or terminal status (e.g. context of the calling or called parties)


create a call to a (forwarded-to) destination for one or more media of an incoming call


connect  one or more media of an incoming call to one or more media of a (forwarded-to) destination


identification of the service type of the incoming call


administration (e.g. settings, modifications, interrogations, etc.) of the service data (e.g. forwarded-to destinations, trigger criteria, activation state, etc.) in the network, in a third party, in the terminal etc.


definition of the functionality (service logic) for the execution of the service


inform the involved parties about the  invocation of a  service.


8.2.3	Functional description


In traditional telephony a user is provided with only a limited number of forwarding services (e.g. unconditional, in case of busy, etc.).  With the introduction of service capabilities it shall be possible for forwarding services to be made dependent on a variety of conditions. Examples for these conditions are the state of the called party (e.g. absent, busy, no reply, location, context etc.), the kind of service type (e.g. speech, multimedia, data etc.), the caller identification, the time of day or day of week etc.


For each of the above mentioned scenarios it is required that the user can program the forwarding of incoming calls (or media of incoming calls) to different destination addresses. It shall be possible that the programming of the destination can be done locally at the home client (terminal, gatekeeper, proxy server), or by remote programming via connection to the home client (e.g. via WAP/Web access).


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.


8.2.4	Call flows


The following two examples show how a call diversion service could be realised within an all IP based network. The message names used only indicate the function behind the signalling (the mapping of this functional flows to protocols such H.323 signalling or SIP messages is outside of the scope of this document). 


Also the service capabilities supporting the function (e.g. usage of CAMEL, MExE, SAT), as well as the functional entity in which the service logic is executed (e.g. application/feature server, client) are not identified in this study.  The "served party" entities in Figure 1 and Figure 2 represent the network and/or the terminal capabilities..  The box "An application…" in Figure 1 and Figure 2 depicts service logic which is processing the call, and information on the calling/called party's context is potentially obtained from several sources (e.g. calling/called party, the network, user profile, user's webpage etc.).
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Figure 1: Example for call forwarding at the served party
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Figure 2: Example for call forwarding with new call set-up between calling and forwarded-to party





