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The proposal requires only the barest minimum "supplementary service" features in the serving network, be it GPRS, UMTS or EDGE, are standardised, and most supplementary services are provided via service enablers.

A number of input papers have discussed the minimum feature set requirements for 3G.IP. A separate input paper to this meeting outlines a proposed method for legacy support, whilst simultaneously promoting a simple common feature set oriented around the new multimedia call model. Existing users can continue to remain with the standard GSM or IS41 feature set if they wish. New and more advanced users may choose to take advantage of an emerging Virtual Home Environment feature set built on the multimedia call model. Over time, the benefits of the new features should result in significant take-up and migration to the new model.

The proposal requires only the barest minimum "supplementary service" features in the serving network, which includes a basic make and receive call capability supplemented by primitives allowing the terminal to manipulate each session (e.g. hold, transfer, divert etc). The Virtual Home Environment will build on toolkits that use these basic primitives to create alternative, personalised call handling services tailored to the user requirements. 

Analysis

First, let us consider some of the major changes about to impact the requirements for features and thus the way in which features are delivered:

· Differentiation: The need for many operators to provide their own distinct product offerings is one of the main drivers for the concept of the virtual home environment. This will primarily use toolkits within the networks and terminals to provide the same set of services to users on different networks, whilst supporting many different sets of services for different users. 

· Unified Messaging: There is a growing requirement for more sophisticated handling of incoming calls based on the callers preferences and factors such as time of day, caller id, location, call state etc which cannot be met directly from the current call divert feature set. We have already seen some of these being developed as proprietary features on handsets (e.g. divert on caller id), and the growing awareness of unified messaging platforms. With the growth of different types of messages (email, voicemail, short message etc) being available on the mobile terminal, a common filtering of messages of these different types will be required.

· Location, Caller ID, Service Profile: Whilst currently the most information sent through the network is typically the caller ID (some services also use cell ID to provide location information), this will rapidly increase with the deployment of location capabilities. We are also seeing the growing tailoring of services on the WWW using "cookies" and other personalised data to target and respond to the users known preferences, previous history etc. There will likely be some regulatory influence regarding the users data privacy issues, which will address all aspects of this topic.

· Data Services: WAP will shortly be deployed and result in new types of service, which merge the web-browser aspect with telephony call-control capabilities. The equivalent of web page "call me now" buttons is but the start.

· Provisioning: We already see some operators offering selection and provisioning of services via Web pages. As the number of different services grows, this is surely only more likely to be more widely adopted. This has an impact on how the services are provisioned and implemented.

An analysis of the broad classes of existing 2G supplementary services has identified the following categories:

Basic Call 

Call Barring (includes advice of charge, prepay)

Call Divert 

Call Manipulation (Call hold, transfer etc)

Addressing (includes number translation, number portability, emergency call) 

These are discussed in more detail below and can then be mapped into an evolution into 3G classes as follows:

Basic Call

The ability to make voice and data calls to other terminals. This needs to include interworking with existing voice and data networks for both fixed and mobile users, addressed using the standard E.164 phone numbers. Specifically this must include capabilities for Mobile Number Portability  and Lawful Intercept (voice and data). Implicitly, Tandem Free Operation (TFO) will be included.

Call Barring

This performs two basic functions which both relate to cost control

· Limiting the user to those services to which he has subscribed. E.g., no roaming, no long distance

· Cost control for the subscriber, e.g., limiting children to calling only their home number

We have witnessed the tremendous growth of pre-paid service in the GSM marketplace. One of the reasons for its success is the transparent cost control aspect, which is useful to both subscribers and network operators. The benefits of cash flow, no need for offline billing statements, settlement etc. helps both parties. As GPRS is deployed and 3rd party services are offered, one can expect prepaid accounts to handle more than just basic voice services, but data transport and service transactions too. One can argue that if the technology allows it, operators will be keen to ensure that all services are available to any user provided they have the means to fund it. Whether the risk of default of payment is underwritten by the subscriber’s bank, the network operator or another party is perhaps more of what’s at stake here.

Therefore the requirements for call barring are oriented less at limiting those teleservices which a user is subscribed to, and more at simple filtering of defining which services are made available to users (by defining their menu options on the terminal) and blocking of specific teleservices to number ranges.

Specifying which services are available to users can be done through WAP, MeXe toolkits.

Outbound call barring for teleservices can be implemented using SIM Toolkit based on the number dialled, serving network etc. WAP-Telephony API may also have some of these capabilities.

Therefore, there is no requirement for a specific call barring service other than the capabilities offered by the initial authentication/access control and the toolkits offered in Release 2000.

Advice of Charge

A related feature in 2G networks is advice of charge. This is based on the serving network being aware of the teleservice in use, the price for it and the mark-up used in the home network. In future, the price charged to a subscriber may bear little relation to the charges imposed by the serving network because (a) there may be special offers/discounts etc (b) the service may include elements charged elsewhere (e.g., content charged by a 3rd party). Therefore the advice of charge must originate from the pre-pay system, which may typically use WAP/MeXe to present the information to the user.

Call Divert

This category of services include call divert immediate, call divert on no reply, call divert on not reachable, call divert on busy plus CCBS (call completion to busy subscriber).

The growth of unified messaging services to replace simple voicemail services is predicted for a number of reasons:

· the availability of text/graphic information on the terminal to describe/list the messages available

· the use of mobile terminals to receive data from a variety of sources (voice calls, email, SMS, fax)

· the requirement for a single point of contact for all communications including real-time (voice), non-real time (email, fax, SMS, paging) and broadcast (newsgroups etc).

· the growing needs to filter inbound communications dependent on users context and profile (location, busy, preferences regarding caller ID, topic etc).

Most of the current voicemail suppliers (large and small) are presenting long term unified messaging solutions that are based on an evolution of their existing voicemail platforms. These effectively operate as service nodes, to which all traffic is initially directed, and then filtered (e.g., messages taken), converted (e.g., email to voice etc), or routed onward to the users terminal. An alternative solution is to allow all calls to be directed to the terminal and for it to filter inbound calls based on known preferences (e.g., caller ID, location etc), and invoking diversion as appropriate. This is currently implemented in some vendors’ terminals to allow for example diversion of all business callers when out of hours.

We can see parallels with this approach in the CTI industry, where a basic set of primitives from the terminal (PC) allows the formulation of personalised call handling. Several vendors to develop complete PBX feature sets based on a standard Telephony API (e.g. TSAPI, TAPI, S.100) have used these basic primitives.

Since terminals are more sophisticated, they should be capable of receiving alerts about incoming calls even when already engaged in one. This will allow the terminal to signal its intent on how to process the call.

Therefore the requirement for call diversion features within the serving network is substantially reduced. The features, which would be needed, are:

· call divert immediate (as implemented in today's HLRs)

· call divert on no reply

· a set of primitives that allows the terminal to:

· be notified of the presence of incoming calls (including when already in call)

· hold/transfer/accept any of the incoming calls to another destination

· be notified of success or failure of these actions

This will allow terminals to be capable of providing the call diversion features when online, and the home network/serving network to handle call diversion when the terminal is offline or unreachable. The service logic which controls these capabilities can be downloaded into the terminal in a secure manner using MeXe, building on the WAP Telephony API capabilities already being developed to meet this need.

Therefore no basic call divert features other than those proposed above are required to be standardised.

The basic primitives also provide capability to offer call waiting, hold and transfer features. These should be accessible through the MeXe toolkit.

Conferencing

A solution for basic 3-way voice conferencing supported in the network is likely to be required, since this is the most likely service to be used with the greatest gains. Although, H.323 terminals (PCs) currently offer multimedia conferencing on the terminal, it requires one terminal to "anchor" the session and provide the mixing of sessions. A more sophisticated multimedia conferencing solution may be required, but this will be dependent on the codecs used etc. It may be more appropriate to provide this as a native IP service using an MCU (MRF), internal or external to the network.

Multicast and broadcast support may also be offered, using IP multicast. The benefits of this approach are most likely to occur where many users are receiving the same feed on the same cell, and the commercial benefits for this are yet to be fully understood. Any IP service will of course allow multicast connections to be made outside of the cellular part of the core network.

Number Portability

This is but one of many aspects of addressing and routing which must interwork with the existing fixed and mobile 2G network schemes already deployed. Essentially number portability can be implemented within the HLR, as part of the initial inbound call-processing query. More sophisticated schemes, which resolve one or more identities to actual routing codes may overlay these 2G schemes. We see parallels in the email world, where email addresses appear to be portable between computers with different IP addresses, and where multiple email addresses per user and per device are supported.

Service Provisioning

The range of new services created will require provisioning and configuration by users and network operators. Since the services themselves are not standardised, the specific feature codes to provision, enable and configure them cannot be standardised. Instead, it is expected that toolkits such as WAP, personalised Internet web pages or direct access to customer helpdesk by voice telephone will be used to allow (self)provisioning, configuration and enabling of VHE services.

Summary of service primitives

In order to build a set of supplementary services suitable for differentiation in the VHE, we therefore only require a basic set of service primitives which are available for access from the terminal, together with call handling for those cases where the terminal is offline or unreachable.

These are:

Authentication (as per GSM/GPRS via SIM Card)

Basic Call (including implicit Mobile Number Portability, Lawful Intercept and Tandem Free Operation). Shall  allow interworking as voice only call with legacy networks.

Internet Access (i.e., standard GPRS service)

Call Divert ImmediateCall Diversion on unreachable (ie when terminal does not respond to paging)

Call manipulation primitives from the terminal:

· set-up outbound basic call 

· notify/accept/answer incoming call

· hold

· transfer

· divert

Call triggers (CAMEL) to monitor and manipulate multimedia calls from the home network:

· incoming call arrival (similar to CAMEL in cs domain)

Minimum terminal requirements to support these features include:

· SIM Toolkit (Class FFS)

· MExE Classmark 1

These primitives will allow VHE supplementary services to be created that run on the terminal and invoke these capabilities from the currently supported and active call model in the serving network.
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