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1 Introduction

Besides Telecommunication services (Tele- and Bearer Services), their enhancement or modification by supplementary services are already defined and offered by GSM/UMTS networks. There is a strong requirement that the UMTS Rel'00 network also offer these supplementary services. A supplementary service modifies or enhances a basic Telecommunication service and, hence, cannot be offered to a subscriber on a stand alone basis. It must be offered together with or in association with a basic Telecommunication service. The same supplementary service may be offered with a number of different Telecommunication services.

This document analyses how the existing GSM /UMTS supplementary services can be offered by a UMTS Rel'00 network. Based on the short description how supplementary services operations are defined in GSM/UMTS, within a H.323 environment or using SIP mechanisms the different possibilities offered by a UMTS Rel'00 core network to provide these services are described.

2 Definitions

CS Domain 
Comprises all core network functionality for provision of bearer- and teleservices in a circuit oriented manner. It includes the functions for the call control, related supplementary services, application services and mobility support. Maintaining calls while terminals change the location is handover functionality of the CS domain UMTS specific call control. Transport and control of the CS domain network are separated to enable service provision by different means of transport resources (ATM, IP, STM, ...) for better transport resource efficiency and convergence with the PS domain transport. An implementation option in the CS domain is the combination of transport and control in one network entity comparable to R99 MSCs. The main new characteristics of the R00 CS domain compared with the R99 CS domain is the flexibility for PLMN internal transport means, that allows for transport based on IP. Between the terminals and the network the protocols are the same as for R99 to use the services offered by the CS domain. This means for example there is no need for IP enabled terminals if IP is the transport resource within the network.
PS Domain
comprises all core network functionality for provision of bearer services in a packet oriented manner. It includes the functionality for bearer service control, application services support and mobility support. The bearer service is maintained while terminals change the location by the bearer service control handover functionality.
IM Domain
The IP based Multimedia domain (IM) enables new services with multiple media components per call based on non-UMTS IP multimedia call control standards (e.g. H.323, SIP). Also, services comparable to that of the CS domain can be offered, e.g. pure voice calls. Terminals using the services of the IM domain have to support the IP bearer services of the PS domain as it provides the IP transport between the terminal and the network. The PS domain bearer service offers the handover functionality for maintaining the service while the terminal changes the location. The separation of IP bearer provided by the PS domain and the call/service control provided by the IM domain results in an IM domain, that is flexible to operate on any other IP access system, e.g. wired networks. The IM domain provides also supplementary services related to the multimedia call control and supports application services.
3 GSM/UMTS Supplementary Services

Definitions and descriptions of supplementary services defined for GSM/UMTS are given in 3G TS 22.004 and the 3G TS 22.08x-series and 3G TS 22.09x‑series. The technical realisation of the supplementary services is described in 3G TS 23.011 and 3G TS 23.08x and 3G TS 23.009x‑series. 

3G TS 24.08x-series and 3G TS 24.09x‑series specify the procedures used at the radio interface  for normal operation, registration, erasure, activation, deactivation, invocation and interrogation of supplementary services. Provision and withdrawal of supplementary services is an administrative matter between the mobile subscriber and the service provider and cause no signalling on the radio interface.

3G TS 24.008 and 3G TS 24.080 specifies the formats and coding for the supplementary services. The functional protocol is based on the use of the Facility information element which is transported specific functional messages specified in 3G TS 24.080.

The defined procedures specify the basic methodology for the control (e.g. invocation and for Call Independent Supplementary Service (CISS) operations i.e. registration, erasure, interrogation) of supplementary services. Two different categories are defined.

· Separate Message Category
The first category uses separate functional messages for the request, acknowledgement and rejection of specific procedures. These procedures can only be performed during the active phase of a call. The functions of these messages are not to be duplicated or overlapped by the ones of the Common Information Element Category. 

The hold and retrieve families of messages (HOLD (ACK/REJECT), RETRIEVE (ACK/REJECT)) defined in TS 24.008 are identified for this category. 

· Common Information Element Category
This category uses operations defined in 3G TS 24.080 for supplementary services signalling, mainly for used for CISS operations. Procedures are initiated by sending an operation including an invoke component. The invoke component may yield a Return Error, Return Result or Reject component (also included in an operation) depending on the outcome of the procedure. 

To transport the supplementary service signalling the Facility information element is used. The use of the Facility information element is common to many services, and its content indicates what type of procedure is being requested. This category can be signalled both in the mobile to network and the network to mobile directions.

A REGISTER message, a FACILITY message or certain existing 3G TS 24.008 Call Control message (e.g. SETUP, ALERTING, CONNECT, RELEASE, RELEASE COMPLETE)  is used to carry the Facility information element which includes these operations. These operations request, acknowledge or reject the desired supplementary service procedure

The invocation of the supplementary services is mainly done in the MSC (VMSC/GMSC) as well as in some circumstances also at the HLR (e.g. CFU). The service logic for the invocation of the different supplementary services is standardised and the necessary service data e.g. status of the service (active, deactivate quiescent), call forwarding numbers, CFU data, is stored in the HLR and VLR.

4 Supplementary Services for H.323

ITU-T defines a family of recommendations as H.323 [1] for multimedia communications over packet based networks. The majority of VoIP products available today support H.323.

H.323 provides a set of features in addition to pure basic call signalling [20] as integral part of the H.323 standard. An example is:

· Multi-point Conferencing (centralised, de-centralised, conference-out of consultation, ..)

In addition, the ITU-T H.450.x series defines further supplementary services for H.323. 

Interworking with other networks: H.450 is based on the corresponding  ISO IEC JTC 1 PSS1 standards (QSIG), aligned to fit the needs for H.323 environment.  This allows easy interworking between H.450 features of the IP world with the features of the private PBX networks (QSIG) and public ISDNs (DSS1, NI2,...).  

Extensibility: H.450 provides a mechanism for proprietary extensions, which allows to add proprietary functionality to standardised features as well as proprietary supplementary services itself. 

The following H.450 recommendations are available now:

· H.450.1
Generic functional protocol for the support of supplementary services in H.323 [2]
The generic functional protocol provides mechanisms for the support of supplementary services which relate to existing H.323 calls or are entirely independent of any existing H.323 calls. 

· H.450.2
Call transfer supplementary service for H.323 [3]
Call Transfer (SS-CT) is a supplementary service which enables the served user A to transform an existing call (user A-user B) into a new call between user B and a user C selected by user A. User A may or may not have a call established with user C prior to Call Transfer. The SS-CT is applicable to various basic services supported by H.323 Multimedia Endpoints.

· H.450.3
Call diversion supplementary service for H.323 [4]
This Recommendation specifies the diversion supplementary services (SS-DIV), which comprise the services Call Forwarding Unconditional (SS-CFU), Call Forwarding Busy (SS-CFB), Call Forwarding No Reply (SS-CFNR) and Call Deflection (SS-CD), all of which are applicable to various basic services supported by H.323 endpoints.
· H.450.4
Call Hold Supplementary Service for H.323 [5]
The Call Hold supplementary service enables the Served (Holding) User A to put User B (with whom User A has an active call) into a hold condition (Held User) and subsequently to retrieve that user again. During this hold condition, User B may be provided with music and/or video on hold.  The Served (Holding) User A may perform other actions while User B is being held, e.g. consulting with another User C.
· H.450.5
Call Park and Call Pickup Supplementary Services for H.323 [6]
Call Park (SS-PARK) is a supplementary service that enables the Parking User A to place an existing call with user B (Parked User) to a Parking Position. The call can later be picked-up by retrieving the parked party from the same terminal where the park took place or from another terminal.
Call Pickup (SS-PICKUP) is a supplementary service that enables the Picking-up User to either pick up a parked call or to pick up an alerting call. Upon successful invocation of SS-PICKUP, the Picking-up User is connected with the Parked User respectively with the calling User.
· H.450.6
Call Waiting Supplementary Service for H.323 [7]
The Call waiting (CW) supplementary service permits a served user while being busy to be informed of an incoming call with an indication. The user then has the choice of accepting, rejecting or ignoring the waiting call. The user calling the busy party is informed about the call waiting condition.
· H.450.7
Message Waiting Indication Supplementary Service for H.323 [8]
The Message Waiting Indication supplementary service provides a general purpose mechanism by which a user can be advised that messages  intended for that user are available. In one of its simplest forms, when a message is left for a user, a Message Centre sends a notification to the Served User, where a Message Waiting lamp is lit. 
Additional information provided by the notification mechanism allows the Served User to know the number of messages that are waiting, the types of messages, the subjects of the messages, and the priority of the highest priority message. 
SS-MWI also provides a mechanism whereby it is possible for an endpoint to issue a callback request to the Served User.
· H.450.8
Name Identification Service for H.323 [9]  (planned to finalised 2/00)
This Recommendation describes the procedures and the signalling protocol for the Name Identification features for in H.323 systems. These features are: (a) Calling Party Name Presentation and Restriction, (b) Connected Party Name Presentation and Restriction, (c) Alerting Party Name Presentation and Restriction, (d) Busy Party Name Presentation and Restriction.
· H.450.9
Call Completion Supplementary Service for H.323 [10]  (planned to finalised autumn 2000)
The Call Completion supplementary services are Completion of Calls to Busy Subscribers (SS-CCBS), and Completion of Calls on No Reply (SS-CCNR). 
SS‑CCBS enables a calling User A, encountering a busy destination User B, to have the call completed when User B becomes not busy, without having to make a new call attempt.
SS‑CCNR enables a calling User A, encountering a destination User B that, though alerted, does not answer, to have the call completed when User B becomes not busy again after a period of activity, without having to make a new call attempt.

All of the above mentioned services may be executed in the H.323 endpoints. H.323 endpoints may be terminals, gateways or server endpoints. 

As an alternative, a gatekeeper or a transit proxy may act for H.450 supplementary service signalling on behalf of the client.  

The supplementary service operations require an association between the involved peer SS-Control entities. This association is achieved implicitly by the transport connection used for call signalling. The  supplementary service could be performed either call independent or call related [2]:

· Call related procedures

For the call related transport of H.450.1 Supplementary Service Operations, the call signalling channel and call reference of the call to which the Operations relates shall be used. The SS operations shall be conveyed in the User-user information element.

· Call independent procedures
For the call independent transport of H.450.1 Supplementary Service operations, the call signalling procedures of H.225.0 shall be used to establish a call independent signalling connection between the peer SS-Control entities. A Bearer capability information element and a conferenceGoal shall be included in the SETUP message. No H.245 control channel and no media channels shall be established in conjunction with a call independent signalling connection. The SS operations shall be conveyed in the User-user information element

The messages that may also be used for the transport of H.450.1 Supplementary Services are already defined in Recommendation H.225.0 and include ALERTING, CALL PROCEEDING, CONNECT, SETUP, RELEASE COMPLETE, FACILITY, PROGRESS.

In the normal case the H.450 supplementary services are supported by the H.323 terminals and the communication between the involved terminals is transparent for the Gatekeepers (in the Gatekeeper routed scenario) or is directly between the endpoints (without routing via Gatekeepers). 

If the H.450 features are terminated at a Gatekeeper or at a Proxy Server due to that the terminal do not support the service a stimulus protocol is used between terminal for the control of the service. The Gatekeeper/Proxy in this case provides the mapping to the functional, symmetric H.450 feature signalling for GK-GK communication or inter-domain communication (i.e. feature networking).

The H.323 standard does not define the usage of a central database which held the information of the user e.g.  subscribed services, terminal capabilities, etc. The usage of such a database depends on the implementation. 

5 SIP based Supplementary Services

The model for development of telephony services (such as multi-party calls, call transfer, hold, etc.) using SIP [11] is substantially different from other telephony architectures, such as H.323 or GSM/UMTS. These differences stem from the need for extensibility and growth. The Internet has thrived because it enabled rapid development and deployment of new applications without centralised control or “forklift upgrades” of all systems involved. 

Similarly, it is necessary that the protocols like SIP which provide Internet telephony services shall also allow for quick development and deployment of new services. Furthermore, it is appropriate that these services shall also be available to existing endpoints e.g. terminals, if possible.

To realise this goal, a set of tools was designed that a SIP client has at its disposal in order to construct services. The behaviour of a server in response to the invocation of these tools is also well defined [for more details see also 12]. This approach allows clients to construct services by applying particular tools in a certain order.

The tools fall into two categories: 

· The first are request methods. There are three request types which can be used as tools for creating services: INVITE, BYE, and OPTIONS. The other SIP request methods are not used for creating call services directly. 

· The second type of tool are the header fields, primarily Call-Disposition, Also, Location, and Replaces. Each header field causes the server to perform a well-defined operation. Server behaviour in response to receiving any combination of these three are also well defined. There are other header fields  but these are either independent of those used for call services (the authentication headers being an example), or provide additional information which may be needed for call services (Call-ID, for example).
The header fields and request method types are orthogonal. That is, the semantics defined for the four call service header fields are independent of which request or response message they are present in. This both simplifies implementation and allows for richer service offerings.

SIP provides the necessary mechanism to support the following services [15]:

· call forwarding, including the equivalent of 700-, 800- and 900- type calls

· call forwarding no answer, call forwarding busy, call forwarding unconditional,

· address translation services

· called and calling "numbers" delivery, where numbers can be of any (preferably unique)naming scheme,

· blind and supervised call transfer,

· user location,

· invitation to multicast conferences, etc.

The tools offered by SIP allow to offer roughly equivalent services to H.323. A comparison in these dimensions is somewhat difficult, as new services are always being added to both SIP and H.323 [14]. 

The SIP tools also allow to rebuild the services offered by IN Capability Set 1. Nearly all of the IN CS 1  services could be build using functions of the SIP Proxy Servers, SIP Redirection Server as well as SIP clients at the endpoint (terminals) [13].To provide PINT services  (e.g. request-to-call, request-to-fax, request-to-hear-content) in combination with SIP the IETF working group PINT (PSTN-Internet Interworking) has defined the necessary extensions to the SIP and SDP protocol [16]. These extensions include e.g. for SIP new requests like SUBSCRIBE, NOTIFY, UNSUBSCRIBE, the usage of the Require and Warning header, etc. and for SDP e.g. new media types (e.g. "test", "image", "application"), new network type "TN" and address type "RFC2543", etc. For more details see [16].

6 Rel'00 Architecture

The following figure provides an overview of the core network in Rel'00. 
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Two major steps have been defined for Rel'00

· Call/Bearer separation for the CS domain
The R99 CS domain architecture evolves by separation of transport and control towards an bearer independent CS domain architecture allowing for IP, and other transport, means internal in the PLMN. (The terminals need no IP capabilities for using services of the CS domain).
· Addition of IP based Multimedia services as an overlay to the PS domain
An IP based multimedia (IM) service control architecture is introduced into the R00 architecture in parallel to the CS domain architecture. The multimedia service control architecture offers services similar, but not the same,  to that of the CS domain (e.g. pure voice calls) and in addition services comprising multiple different bearers. The separation of transport and control is inherent. This approach evolves IP based multimedia control standards to support the application services of the mobile network. The service control architecture uses the IP bearer services of the PS domain between the terminal and the network for IP transport. The terminals have to support IP bearer of the PS domain to use IM domain services. The IM domain and the PS domain are architecturally separated allowing any other IP access network.
7 Support of Supplementary Services in Rel'00

As a first step the support of the following supplementary services will be analysed. The analysis of the support of the other supplementary services is planned for the next version of this document.

· Call Forwarding Services (CFU, CFB, CFNRy, CFNRc)

· Call Barring Services 

· Call Hold / Call Waiting

· Line Identification Services (Presentation/Restriction services)

· Multiparty.

In the following sections the provision of the GSM/ UMTS supplementary services in the different Rel'00 domains will be analysed in more detail.  The different procedures for handling supplementary services, i.e. (a) the call independent supplementary service procedures  (so-called subscriber controlled input (SCI)), including activation/deactivation/registration/erasure/interrogation and (b) the invocation of the supplementary services will be analysed.

7.1 Support of Supplementary Services in CS Domain

The CS domain R'00 is designed to support Rel'99 (and if also exists Rel'00) cs-only terminals. The main difference to the CS Domain of  Rel'99 is that the CS Domain Rel'00 is based the separation of signalling (call control) and transport (bearer control). 

The visited MSC-Server function handles the signalling towards the cs-terminal. The GMSC-Server function handles the signalling towards the PSTN/ISDN and will be based on ISUP. The signalling between the MSC-Server functions will be based on e.g. BICC (The decision which protocol is used will be defined by S2).

7.1.1 Call Independent Supplementary Service Operations

The protocol used for handling of CISS operations on the Iu-cs interface will be the same as for Rel'99 and therefore no additional changes are identified for the time being.

The communication between the HSS/HLR and visited MSC Server function (including a VLR function) for subscription data update will use MAP. This implies (a) that there is a need for a MAP interface at the HSS/HLR and (b) that the CISS operations (e.g. registration, erasure) for the different supplementary services could  be supported without changes.

7.1.2 Supplementary Service Invocation

7.1.2.1 Call Forwarding

The call forwarding services can be divided into two categories: (a) early call forwarding (CFC, CFNRc) executed in HSS/HLR and GMSC Server function and (b) late (or conditional) call forwarding (CFB, CFNRy, CFNRc) invoked at the VMSC Server function.

Early Call Forwarding:

For the handling of CFU and CFNRc (in the HSS) no modification in Rel'00 would be necessary. The GMSC Server function communicate with the HSS via MAP to get the necessary CF information, e.g. forwarded-to-number. The invocation of the call forwarding will be performed within the GSMC Server function.

Late (or Conditional) Call Forwarding:

The condition (busy, no reply, not reachable) which invokes the execution of the call forwarding will be detected within the VMSC Server function. This means that a communication path (VoIP , VoATM connection) between  the MGW (to the PSTN/ISDN) and the CS-GW (MGW to the  UTRAN) already exists. To perform the call forwarding a new communication path to the forwarded-to-number has to be established. 

If the forwarded-to-number points to the PSTN/ISDN a communication path from the CS-GW to the MGW has to be established, which means that there will be a second VoIP/VoATM connection. To avoid this situation different possibilities were identified: 

· The "Support of optimal Routing feature" defined within GSM can be used. This feature requires that a MAP interface between the MSC Server functions exists.Thsi kind of interface is not planned yet.

· The usage and the evaluation of the release cause in the ISUP RELEASE message at the MSC Server function and GMSC Server respectively. 

· To avoid the set-up of maybe unnecessary VoIP/VoATM connection only a signalling link between the MSC Server functions towards the subscriber could be established (if supported by BICC) and only in the case that the subscriber accepts the call the transport link from the MGW (to the PSTN/ISDN) the terminal via CS-GW will be established. 

· Other possibilities are FFS (e.g. using BICC, using IP methods, etc) and will be analysed in detail by S2 and the CN.

7.1.2.2 Call barring

The invocation of the different call barring services could supported without any change due to they are performed within the HSS (for incoming calls) and at the MSC Server function (for outgoing calls).

7.1.2.3 Call Hold / Call waiting

The Call Hold and the Call waiting services will be invoked at the VMSC Server function.

Call Hold (CH)

The CH service is invoke by the subscriber by sending a HOLD message (defined in TS 24.008). This message is received by the VMSC Server via the Iu-cs interface. If the subscriber has the CH service subscribed and the conditions (like no other call on hold) are fulfilled the VMSC Server function will invoke the CH service by instructing the CS-GW to put the connection on hold. It has to be analysed if the protocol used on this interface MEGACO (e.g. using Modify termination/Move command) support such function [18].  

The opposite request from the subscriber to put a held call back in the active state (RETRIEVE) has also to be supported on the MSC Server Function - CS-GW interface.

If announcements are used within the PLMN, it has to ensured that it is also possible within the Rel'00 network.

Call Waiting (CW)

This service operates when the traffic channel at the served subscriber is not available and B is engaged in an active or held call. When a third party (calling subscriber C) attempts to connect to that termination, the served subscriber B is given an appropriate indication of the waiting call. A notification that the call is waiting will be sent back towards the calling subscriber C.

To allow this functionality it is necessary that the GS-GW is capable of handling a waiting call in addition to at least one active call and maybe parallel to one held call.

7.1.2.4 Line Identification Services

The invocation of the different line identification/restrictions could be supported without any change as in Rel'99.

7.1.2.5 Multi-Party (MPTY)

The request for the establishment of a MPTY is signalled over the Iu-cs interface using the BuildMPTY operation (defined within TS 24.080). If this message is received in the VMSC-Server function and the pre-conditions for a multi-party are fulfilled, the VMSC Server function has to trigger the invocation of conference at the CS-GW (or maybe at the MRF). It has to be investigated if the set-up of a conference could be done by using MEGACO (ADD / Modify termination).

7.2 Support of Supplementary Services in Rel'00 IM Domain

Due to that the IM Domain of Rel'00 is completely based on IP the normal SS defined for CS services can not be supported in the same manner as for the CS Domain, but  as described in  section 4 "Supplementary Services for H.323" and in section 5 "SIP based Supplementary Services" nearly all of the functions offered by the GSM/UMTS supplementary services  can be provided for real-time applications in the IM Domain of Rel'00.

7.2.1 Call Independent Supplementary Service Operations

Many of the services can be provided at the terminal itself, therefore H.323 (especially H.450.1) and also SIP do not define operations (i.e. CISS operations) to modify subscription information of the different services e.g. at a central database. One exception is maybe the support of a remote activation/deactivation of CF defined within H.450.3.

To modify the information needed for invocation of the different services at a central database,  e.g. at the HSS a WEB based approach could be used . Other means providing an access to the HSS (e.g. LDAP clients, etc.) are also possible. 

The usage of a WEB-based approach would require such a interface at the HSS, but would allow to access and therefore also change the information using WAP applications at the terminals. Due to this approach is also possible for subscribers using terminals working at the CS domain and even using the Rel'99 terminals to modify the (supplementary) service information in the same way as using a IM domain capable terminal (using IP clients). 

The storage of the user specific information for the different supplementary services in the HSS provides the possibility that the information could be downloaded to the primary clients (the used terminal) as well as to a feature server (which could act as secondary client) when the subscriber registered at the core network. The download of the recent information ( e.g. using JAVA RMI) to the used client would update the client with the recent user specific settings for the services, of the preferred user interface layout (depending of the capabilities of the used client/terminal), etc.

7.2.2 Supplementary Service Invocation

As already stated in the section above as well as in section 4 and 5, the handling of supplementary services in H.323 and SIP are distributed across different endpoints (e.g. clients, gatekeepers, proxy servers), based on the suitability of the service at that endpoint. 

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 Open Items

· Support of optimal routing for late call forwarding to avoid two VoIP/VoATM connection between CS-GW and MGW (GSM feature SOR, usage of ISUP release causes, others)

· Possibility to put a call on hold and to retrieve it again within the CS-CW by using MECAGO, H.248

· Handling of waiting calls/terminations at the CS-GW.

· Establishment of a conference within the CS-GW for the support of multi-party

· WEB access at the HSS (HTTP interface) to support the handling of CISS operations using a WAP/WEB application 

· playing of announcements
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