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2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· -
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· -
For a specific reference, subsequent revisions do not apply.

· -
For a non-specific reference, the latest version applies.  In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

2.1
Normative references

[1]
3GPP TS 22.003: "CS Teleservices supported by a PLMN".

[2]
Void

[3]
Void

[4]
Void

[5]
3GPP TS 22.101: "Service principles".

[6]
Void

[7]
3GPP TS 22.146: "Multimedia Broadcast/Multicast Service; Stage 1"

[8]
Void

[9]
IETF RFC 3261: "SIP: Session Initiation Protocol"

[10]
3GPP TS 22.078: "Customised Applications for Mobile network Enhanced Logic (CAMEL); Service definition – Stage 1"

[11]
3GPP TS 22.057: "Mobile Execution Environment (MexE); Service description, Stage 1"
[12]
3GPP TS 22.038: "USIM/SIM Application Toolkit (USAT/SAT); Service description; Stage 1"

[13]
3GPP TS 22.127: "Stage 1 Service Requirement for the Open Service Access (OSA) 

[14]
3GPP TR 21.905: "Vocabulary for 3GPP specifications" 

[15]
IETF RFC 3966: "The tel URI for Telephone Numbers"

[16]
3GPP TS 22.240: "Stage 1 Service Requirement for the 3GPP Generic User Profile (GUP)"

[17]
ETSI ETS 300 284: "Integrated Services Digital Network (ISDN); User-to-User Signalling (UUS) supplementary service; Service description"

[19]
ETSI TS 102 424: "Telecommunications and Internet converged Services and Protocols for Advanced Networking (TISPAN); Requirements of the NGN network to support Emergency Communication from Citizen to Authority"
[20]
3GPP TS 22.173: "Multimedia Telephony Service and supplementary services" 
[21]
3GPP TS 31.103: "Characteristics of the IP Multimedia Services Identity Module (ISIM) application".
[22]
IETF RFC 5039: "The Session Initiation Protocol (SIP) and Spam"
http://www.ietf.org/rfc/rfc5039.txt?number=5039 
[23]
IETF RFC 5631: "Session Initiation Protocol (SIP) Session Mobility"
http://www.ietf.org/rfc/rfc5631.txt?number=5631 
[xx]
3GPP TS 22.081: "Line Identification supplementary services; Stage 1"
[yy]
ITU-T Recommendation E.164: "The international public telecommunication numbering plan".
2.2
Informative references

[18]
GSMA PRD IR.34: "Inter-Service Provider IP Backbone Guidelines"

3
Definitions and abbreviations

3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [14] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [14].
Access independence: the ability for the subscribers to access their IP Multimedia services over any access network capable of providing IP-connectivity, e.g. via:

-
3GPP accesses (e.g. E-UTRAN, UTRAN, GERAN)

-
Non 3GPP accesses with specified interworking (e.g. WLAN with 3GPP interworking, DOCSIS®, WiMAX™ and cdma2000® access)

-
Other non 3GPP accesses that are not within the current scope of 3GPP (e.g. xDSL, PSTN, satellite, WLAN without 3GPP interworking) 

Conference:  An IP multimedia session with two or more participants. Each conference has a “conference focus”. A conference can be uniquely identified by a user. An example for a conference could be a multimedia game, in which the conference focus is located in a game server.
Conference Focus:  The conference focus is an entity which has abilities to host conferences including their creation, maintenance, and manipulation of the media. A conference focus implements the conference policy (e.g. rules for talk burst control, assign priorities and participant’s rights).

IM CN subsystem: (IP Multimedia CN subsystem) comprises of all CN elements for the provision of IP multimedia applications over IP multimedia sessions 

IMS Inter UE Transfer: Transfer at the IMS-level of all or some of the media components of an IMS session between UEs under the control of the same end-user while maintaining service continuity.

IP multimedia application: an application that handles one or more media simultaneously such as speech, audio, video and data (e.g. chat text, shared whiteboard) in a synchronised way from the user’s point of view. A multimedia application may involve multiple parties, multiple connections, and the addition or deletion of resources within a single IP multimedia session.  A user may invoke concurrent IP multimedia applications in an IP multimedia session.

IP multimedia service: an IP multimedia service is the user experience provided by one or more IP multimedia applications.  

IP multimedia session: an IP multimedia session is a set of multimedia senders and receivers and the data streams flowing from senders to receivers.  IP multimedia sessions are supported by the IP multimedia CN Subsystem and are enabled by IP connectivity bearers (e.g. GPRS as a bearer).  A user may invoke concurrent IP multimedia sessions.

Unsolicited Communication: Unsolicited Communication (UC) denotes bulk communication in IMS where the benefit is weighted in favour of the sender. In general the receiver(s) of UC do not wish to receive such communication. UC may comprise of, e.g., "SPam over IP Telephony (SPIT)" [22] or "SPam over IP Messaging (SPIM)".

Further definitions are given in 3GPP TR 21.905 [14].

3.2
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [14] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [14].

DOCSIS®
Data Over Cable Service Interface Specifications

WiMAX™
Worldwide Interoperability for Microwave Access

NOTE:
WiMAX™ is a trademark of  the WiMAX Forum
DOCSIS® is registered trademark of Cable Television Laboratories, Inc.
cdma2000® is a registered trademark of the Telecommunications Industry Association (TIA-USA)
/* start of 2nd change */ 
7.5
Invoking an IP multimedia session

7.5.0
General
The user shall be able to invoke one or more IP multimedia sessions.  The user shall also be able to activate concurrent IP multimedia applications within each IP multimedia session.
7.5.1
Identification and addressing
Subscribers within the IMS shall be identifiable in originating and terminating sessions by means of one or multiple Public User Identities. Public User Identities shall:

-
be able to be assigned to more than one Private User Identity for a subscriber;

-
be administered by the network operator and not be changeable by the user; and

-
be globally reachable.
Both telecommunication numbering and Internet addressing schemes shall be supported as types of Public User Identity. 
The Public User Identity shall utilise either the SIP URI scheme (as defined in IETF RFC 3261 [9]) or the Tel URI scheme (as defined in IETF RFC 3966 [15]). 

Both SIP URIs and Tel URIs can be used to convey E.164 [yy] numbers;

-
The network operator shall be able to use in the Public User Identity either the same E.164 [yy] number used for CS speech telephony (TS11 [1]) or a different E.164 number.

NOTE 1:
Using the same E.164 number in IMS as allocated in the CS domain allows the subscriber to receive communications in the CS domain when outside IMS coverage.

SIP URIs of type "sip:user@domain" (also known as "alphanumeric SIP URIs") shall be able to:

-
be provisioned by multiple operators, at the behest of the domain owner, without any changes to the domain name portion; and

-
contain domain names that are part of another URI scheme without requiring provisioning by the same entity.

NOTE 2:
This allows customers who use an operator in one geographic region to use another service provider in another region without affecting the domain name used (of which may be part of a corporate branding), as well as choose a different operator for different service offerings e.g. different IMS operator compared to their email provider. 
NOTE 3:
It is assumed that the domain owner has the responsibility of ensuring uniqueness of the SIP URI across multiple operators, and that the "user" portion points to the same person across different schemes.
Whilst not required for routing between terminals within the IMS, it should be possible for the IMS network to:
-
recognise and treat URIs containing 'IM' or 'Pres' prefixes, received from other networks supporting such prefixes; and
-
insert an 'IM', 'Pres' or 'mailto' prefix to an outgoing URI to enable routing to the correct addressee in external networks supporting such prefixes.


It shall be possible for the network operator to guarantee the authenticity of a Public User Identity presented for an incoming session to a user where the communication is wholly across trusted networks.  
NOTE 4: 
This is equivalent to the calling line presentation services CLIP [xx] in the telephony networks.





A terminating IMS entity may receive the original destination identity provided by the originating entity.

NOTE 5:
This enables the address originally input by the subscriber to be available at the destination even when it has been translated e.g. from a free phone or premium rate service identifier.

/* start of 3rd change */ 
7.12
 Support for Local Numbers in the IMS

A number or short code originating from a UE may correspond to a local number based on HPLMN/VPLMN's numbering plan,a service number in the HPLMN/VPLMN,  or a private numbering plan.
A number or short code may have a local context indicator  (LCI) added to it. The value of an LCI helps the HPLMN to route the call and, if necessary, route the call to the country/VPLMN/private network of origin. The LCI may include:

-
access specific information consist of e.g. country code plus network code, country code plus area code, or an identification of a private numbering plan; 
-
the home domain;

-
an indication that UE does not support processing of the dialled string; or

-
any other value entered by the user.

If the HPLMN cannot interpret the number or short code based on the included LCI, the HPLMN may apply policies to translate local numbers to globally routable identity and to route the call.
The HPLMN shall analyse the received number and route the call as follows:

-
If the number or short code has an LCI, the HPLMN should interpret the short code to a globally routable URI or E.164 [yy] number according to the value of the LCI, and then correctly route the call. If the HPLMN is unable to resolve or route the received number then an error message shall be returned to the originating UE.

/* start of 4th change */ 
8.3.1
Overlap Signalling

Support for overlap signalling in the IMS is an option limited to the interworking with PSTN/ISDN networks that use overlap signalling. Support of this option shall be based on inter-operator policies at the interconnection point. The IMS of operators not supporting overlap signalling shall not be affected.
In the absence of such inter-operator policies, networks interworking with IMS shall select appropriate signalling mechanisms to complete the call without any impact on IMS networks not supporting overlap signalling..

Note 1: 
PSTN/ISDN networks that convert overlap signalling to en-bloc, are considered to be networks that do not use overlap signalling.

In the cases where a PSTN/ISDN network, based on inter-operator policies, provides overlap signalling into the IMS, the following requirements shall be taken into account:

-
For calls terminating in the IMS, conversion of overlap signalling to en-bloc shall take place within the IMS domain.

-
Impact on the IMS shall be minimized.

-
The service experience for the end-user shall be similar to the PSTN/ISDN.

-
When the IMS network supports transit of traffic, transit of overlap signalling may be supported towards destination networks, if the policy permits overlap signalling towards those.
Note 2:
Overlap signalling support should not be linked to E.164 [yy] numbering schemes.

Note 3:
Overlap signalling is not generated or terminated by an IMS UE it is only generated or terminated by devices within the PSTN/ISDN networks.

/* no more changes */ 
