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3.2
Abbreviations

For the purposes of the present document, the following abbreviations apply:

1xx
A status-code in the range 101 through 199, and excluding 100

2xx
A status-code in the range 200 through 299

AAA
Authentication, Authorization and Accounting

AS
Application Server

APN
Access Point Name

AUTN
Authentication TokeN

B2BUA
Back-to-Back User Agent

BGCF
Breakout Gateway Control Function

c
conditional

BRAS
Broadband Remote Access Server

CCF
Charging Collection Function

CDF
Charging Data Function

CDR
Charging Data Record

CK
Ciphering Key

CN
Core Network

CSCF
Call Session Control Function

DHCP
Dynamic Host Configuration Protocol

DNS
Domain Name System

DTD
Document Type Definition

ECF
Event Charging Function

E-CSCF
Emergency CSCF

FQDN
Fully Qualified Domain Name

GCID
GPRS Charging Identifier 

GGSN
Gateway GPRS Support Node

GPRS
General Packet Radio Service

HSS
Home Subscriber Server

i
irrelevant

IBCF
Interconnection Border Control Function

I-CSCF
Interrogating CSCF

ICID
IM CN subsystem Charging Identifier
IK
Integrity Key

IM
IP Multimedia

IMS
IP Multimedia core network Subsystem

IMS-ALG
IMS Application Level Gateway 

IMSI
International Mobile Subscriber Identity

IOI
Inter Operator Identifier
IP
Internet Protocol

IP-CAN
IP-Connectivity Access Network

IPsec
IP security

IPv4
Internet Protocol version 4

IPv6
Internet Protocol version 6

ISC
IP Multimedia Subsystem Service Control

ISIM
IM Subscriber Identity Module

I-WLAN
Interworking – WLAN

m
mandatory

MAC
Message Authentication Code

MCC
Mobile Country Code

MGCF
Media Gateway Control Function

MGW
Media Gateway

MNC
Mobile Network Code

MRFC
Multimedia Resource Function Controller

MRFP
Multimedia Resource Function Processor

n/a
not applicable

NAI
Network Access Identifier
NA(P)T
Network Address (and Port) Translation

NASS
Network Attachement Subsystem

NAT
Network Address Translation

o
optional

OCF
Online Charging Function

P-CSCF
Proxy CSCF

PDF
Policy Decision Function

PDG
Packet Data Gateway

PDP
Packet Data Protocol

PDU
Protocol Data Unit

PLMN
Public Land Mobile Network

PSI
Public Service Identity

PSAP
Public Safety Answering Point
PSTN
Public Switched Telephone Network

QoS
Quality of Service

RAND
RANDom challenge

RES
RESponse

RTCP
Real-time Transport Control Protocol

RTP
Real-time Transport Protocol

S-CSCF
Serving CSCF

SDP
Session Description Protocol

SIP
Session Initiation Protocol

SLF
Subscription Locator Function

SQN
SeQuence Number

UA
User Agent

UAC
User Agent Client

UAS
User Agent Server

UE
User Equipment

UICC
Universal Integrated Circuit Card

URI
Uniform Resource Identifier

URL
Uniform Resource Locator

UDVM
Universal Decompressor Virtual Machine

USIM
Universal Subscriber Identity Module

WLAN
Wireless Local Area Network

x
prohibited

xDSL
Digital Subscriber Line (all types)

XMAC
expected MAC

XML
eXtensible Markup Language
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4.1
Conformance of IM CN subsystem entities to SIP, SDP and other protocols

SIP defines a number of roles which entities can implement in order to support capabilities. These roles are defined in annex A.

Each IM CN subsytem functional entity using an interface at the Gm reference point, the Mg reference point, the Mi reference point, the Mj reference point, the Mk reference point, the Mm reference point, the Mr reference point and the Mw reference point, and also using the IP multimedia Subsystem Service Control (ISC) Interface, shall implement SIP, as defined by the referenced specifications in Annex A, and in accordance with the constraints and provisions specified in annex A, according to the following roles.

The Gm reference point, the Mg reference point, the Mi reference point, the Mj reference point, the Mk reference point, the Mm reference point and the Mw reference point are defined in 3GPP TS 23.002 [2].

The Mr reference point is defined in 3GPP TS 23.228 [7].

The ISC interface is defined in 3GPP TS 23.228 [7] subclause 4.2.4.

-
The User Equipment (UE) shall provide the User Agent (UA) role, with the exceptions and additional capabilities to SIP as described in subclause 5.1, with the exceptions and additional capabilities to SDP as described in subclause 6.1, and with the exceptions and additional capabilities to SigComp as described in subclause 8.1. The UE shall also provide the access dependent procedures described in subclause B.2.2.

-
The P-CSCF shall provide the proxy role, with the exceptions and additional capabilities to SIP as described in subclause 5.2, with the exceptions and additional capabilities to SDP as described in subclause 6.2, and with the exceptions and additional capabilities to SigComp as described in subclause 8.2. Under certain circumstances as described in subclause 5.2, the P-CSCF shall provide the UA role with the additional capabilities, as follows:

a)
when acting as a subscriber to or the recipient of event information; and

b)
when performing P-CSCF initiated dialog-release the P-CSCF shall provide the UA role, even when acting as a proxy for the remainder of the dialog.

-
The I-CSCF shall provide the proxy role, with the exceptions and additional capabilities as described in subclause 5.3.

-
The S-CSCF shall provide the proxy role, with the exceptions and additional capabilities as described in subclause 5.4, and with the exceptions and additional capabilities to SDP as described in subclause 6.3. Under certain circumstances as described in subclause 5.4, the S-CSCF shall provide the UA role with the additional capabilities, as follows:

a)
the S-CSCF shall also act as a registrar. When acting as a registrar, or for the purposes of executing a third-party registration, the S-CSCF shall provide the UA role;

b)
as the notifier of event information the S-CSCF shall provide the UA role;

c)
when providing a messaging mechanism by sending the MESSAGE method, the S-CSCF shall provide the UA role; and

d)
when performing S-CSCF initiated dialog release the S-CSCF shall provide the UA role, even when acting as a proxy for the remainder of the dialog.

-
The MGCF shall provide the UA role, with the exceptions and additional capabilities as described in subclause 5.5, and with the exceptions and additional capabilities to SDP as described in subclause 6.4.

-
The BGCF shall provide the proxy role, with the exceptions and additional capabilities as described in subclause 5.6.

-
The AS, acting as terminating UA, or redirect server (as defined in 3GPP TS 23.218 [5] subclause 9.1.1.1), shall provide the UA role, with the exceptions and additional capabilities as described in subclause 5.7.2, and with the exceptions and additional capabilities to SDP as described in subclause 6.6.

-
The AS, acting as originating UA (as defined in 3GPP TS 23.218 [5] subclause 9.1.1.2), shall provide the UA role, with the exceptions and additional capabilities as described in subclause 5.7.3, and with the exceptions and additional capabilities to SDP as described in subclause 6.6.

-
The AS, acting as a SIP proxy (as defined in 3GPP TS 23.218 [5] subclause 9.1.1.3), shall provided the proxy role, with the exceptions and additional capabilities as described in subclause 5.7.4.

-
The AS, performing 3rd party call control (as defined in 3GPP TS 23.218 [5] subclause 9.1.1.4), shall provide the UA role, with the exceptions and additional capabilities as described in subclause 5.7.5, and with the exceptions and additional capabilities to SDP as described in subclause 6.6.

NOTE 1:
Subclause 5.7 and its subclauses define only the requirements on the AS that relate to SIP. Other requirements are defined in 3GPP TS 23.218 [5].

-
The AS, receiving third-party registration requests, shall provide the UA role, with the exceptions and additional capabilities as described in subclause 5.7.

-
The MRFC shall provide the UA role, with the exceptions and additional capabilities as described in subclause 5.8, and with the exceptions and additional capabilities to SDP as described in subclause 6.5.

-
The IBCF shall provide the proxy role, with the exceptions and additional capabilities to SIP as described in subclause 5.10, and with the exceptions and additional capabilities to SDP as described in subclause 6.6. If the IBCF provides an application level gateway functionality, then the IBCF shall provide the UA role, with the exceptions and additional capabilities to SIP as described in subclause 5.10, and with the exceptions and additional capabilities to SDP as described in subclause 6.6.
-
The E-CSCF shall provide the proxy role with the exceptions and additional capabilities as described in subclause 5.11.
Editors's note: A number of open issues still under study within TS 23.167 may require UA functionality of the E-CSCF. They will listed here.
In addition to the roles specified above, the P-CSCF, the I-CSCF, the IBCF, the S-CSCF, the BGCF and E-CSCF can act as a UA when providing server functionality to return a final response for any of the reasons specified in RFC 3261 [26].

NOTE 2:
Annex A can change the status of requirements in referenced specifications. Particular attention is drawn to table A.4 and table A.162 for capabilities within referenced SIP specifications, and to table A.317 and table A.328 for capabilities within referenced SDP specifications. The remaining tables build on these initial tables.

NOTE 3:
The allocated roles defined in this clause are the starting point of the requirements from the IETF SIP specifications, and are then the basis for the description of further requirements. Some of these extra requirements formally change the proxy role into a B2BUA. In all other respects other than those more completely described in subclause 5.2a P-CSCF implements proxy requirements. Despite being a B2BUA a P-CSCF does not implement UA requirements from the IETF RFCs, except as indicated in this specification, e.g., relating to registration event subscription.

NOTE 4:
Except as specified in clause 5 or otherwise permitted in RFC 3261, the functional entities providing the proxy role are intended to be transparent to data within received requests and responses. Therefore these entities do not modify message bodies. If local policy applies to restrict such data being passed on, the functional entity has to assume the UA role and reject a request, or if in a response and where such procedures apply, to pass the response on and then clear the session using the BYE method.
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4.2
URI and address assignments

In order for SIP and SDP to operate, the following preconditions apply:

1)
I-CSCFs used in registration are allocated SIP URIs. Other IM CN subsystem entities may be allocated SIP URIs. For example sip:pcscf.home1.net and sip:<impl-specific-info>@pcscf.home1.net are valid SIP URIs. If the user part exists, it is an essential part of the address and shall not be omitted when copying or moving the address. How these addresses are assigned to the logical entities is up to the network operator. For example, a single SIP URI may be assigned to all I-CSCFs, and the load shared between various physical boxes by underlying IP capabilities, or separate SIP URIs may be assigned to each I-CSCF, and the load shared between various physical boxes using DNS SRV capabilities.

2)
All IM CN subsystem entities are allocated IP addresses. For systems providing access to IMS using a fixed broadband interconnection, any IM CN subsystem entities can be allocated IPv4 only, IPv6 only or both IPv4 and IPv6 addresses. Otherwise, systems shall support IP addresses as specified in 3GPP TS 23.221 [6] subclause 5.1.

3)
The subscriber is allocated a private user identity by the home network operator, and this is contained within the ISIM application, if present. Where no ISIM application is present but USIM is present, the private user identity is derived (see subclause 5.1.1.1A). This private user identity is available to the SIP application within the UE.

NOTE:
The SIP URIs can be resolved by using any of public DNSs, private DNSs, or peer-to-peer agreements.

4)
The subscriber is allocated one or more public user identities by the home network operator. The public user identity shall take the form of SIP URI as specified in RFC 3261 [26] or tel URI as specified in RFC 3966 [22]. At least one of the public user identities is a SIP URI and it is stored within the ISIM application, if ISIM application is present. Where no ISIM application is present but USIM is present, the UE derives a temporary public user identity (see subclause 5.1.1.1A). All registered public user identities are available to the SIP application within the UE, after registration.

5)
The public user identities may be shared across multiple UEs. A particular public user identity may be simultaneously registered from multiple UEs that use different private user identities and different contact addresses. When reregistering and deregistering a given public user identity and associated contact address, the UE will use the same private user identity that it had used during the initial registration of the respective public user identity and associated contact address.

6)
For the purpose of access to the IM CN subsystem, UEs are assigned IPv6 prefixes in accordance with the constraints specified in 3GPP TS 23.221 [6] subclause 5.1 (see subclause 9.2.1 for the assignment procedures). In the particular case of UEs accessing the IMS using a fixed broadband interconnection, UEs can be allocated IPv4 only, IPv6 only or both IPv4 and IPv6 addresses.
7)
For the purpose of emergency service, the UE:s are assigned an emergency public user identity as defined in TS 23.003 [3]
Editor’s note: The definition of emergency public user identity in TS 23.003 [3] is not included yet.
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4.2A
Transport mechanisms

This document makes no requirement on the transport protocol used to transfer signalling information over and above that specified in RFC 3261 [26] clause 18. However, the UE and IM CN subsystem entities shall transport SIP messages longer than 1300 bytes according to the procedures of RFC 3261 [26] subclause 18.1.1, even if a mechanism exists of discovering a maximum transmission unit size longer than 1500 bytes.

For initial REGISTER requests, the UE and the P-CSCF shall apply port handling according to subclause 5.1.1.2 and subclause 5.2.2.

The UE and the P-CSCF shall send and receive request and responses other than initial REGISTER requests on the protected ports as described in 3GPP TS 33.203 [19]. 
In case of emergency session the UE and P-CSCF may send request and responses on non protected ports.  
Next change

4.4
Trust domain

RFC 3325 [34] provides for the existence and trust of an asserted identity within a trust domain. For the IM CN subsystem, this trust domain consists of the functional entities that belong to the same operator's network (P-CSCF, the I-CSCF, the IBCF, the S-CSCF, the BGCF, the E-CSCF, the MGCF, the MRFC, and all ASs that are included in the trust domain). Additionally, other IMS nodes that are not part of the same operator's domain may or may not be part of the trust domain, depending on whether an interconnect agreement exists with the remote network. SIP functional entities that belong to a network for which there is an interconnect agreement are part of the trust domain. ASs outside the operator’s network can also belong to the trust domain if they have a trusted relationship with the home network. SIP functional entities within the trust domain will need to take an action on the removal of the P-Asserted-Identity header when SIP signalling crosses the boundary of the trust domain.
Editor's note: Shall the PSAP or an emergency centre be a part of the trust domain.The issues on PSAP and emergency centre is outside the scope of this specification when they are PSTN connected  and can only be described here when IP connected. Pstn connected will be described in TS 29.163 and is not addressed.For the Ip connection it will have to be a separate paragraph as PSAP and emergency centre are not part of IMS. 
Editor's note: the exact mechanism to determine which nodes are part of the trust domain and which nodes are not, is FFS.

For the purpose of the P-Access-Network-Info header, a trust domain also applies. This trust domain is identical to that of the P-Asserted-Identity. For the P-Access-Network-Info header, subclause 5.4 also identifies additional cases for the removal of the header.

NOTE:
In addition to the procedures specified in clause 5, procedures of RFC 3325 [34] in relation to transmission of P-Asserted-Identity headers and their contents outside the trust domain also apply.

According to draft-ietf-sip-history-info [66] subclause 3.3, the History-Info header can be restricted to specific domains. Therefore for the purpose of the History-Info header within this specification, a trust domain also applies. This trust domain is identical to that of the P-Asserted-Identity. For the History-Info header, subclause 5.4 also identifies additional cases for the removal of the header. SIP functional entities within the trust domain will need to take an action on the removal of the History-Info header when SIP signalling crosses the boundary of the trust domain.

5.1.6
Emergency service






5.1.6.1
General
Editor’s note: The references of where the stage 1 and stage 2 describe how the choice between CS domain and IMS domain for emergency call shall be included here. 
Editor’s note: The triggering of the emergency registration shall be referenced here.
5.1.6.2
Initial registration

When a UE performs an initial emergency registration in the context of emergency service the UE shall execute the actions as specified in subclause 5.1.1.2 with the following additions;in the context of an emergency call
-
the To and From header in the REGISTER request shall include the emergency public user identity as specified in 3GPP TS 23.003 [3].

-
at the receipt of the 200 (OK) response the UE shall store and bind the received entries to the emergency public user identity.
Editor’s note: The need for an emergency service indication in the REGISTER request is for further study. The header Priority defines an “emergency indication”. However it is only defined for INVITE.
5.1.6.3
Initial subscription to theregistration-state event package

When a UE performs initial subscription to the reg event package a UE shall execute the procedures in the context of emergency service as specified in subclause 5.1.1.3 with the following additions;

-
Request URI, To and From header in the SUBSCRIBE request shall include the emergency public user identity as specified in TS 23.003 [3].
5.1.6.4
User-initiated emergency reregistration

Editors note: 
Either the text shall say that user-initiated reregistration in the context of emergency service shall not apply or text similar to subclause 5.1.6.1 shall be included.

5.1.6.5
Authentication
When a UE performs Authentication a UE shall execute the procedures as specified in subclause 5.1.1.5.  
5.1.6.6
User-initiated emergency deregistration

When a UE performs a user-initiated emergency deregistration in the context of emergency service the UE shall execute the procedures as specified in subclause 5.1.1.6 with the following additions;

-
the To and From header in the REGISTER request shall include the emergency public user identity as specified in TS 23.003 [3].

Editor’s note: The need for an emergency service indication in the REGISTER request is for further study. The header Priority defines an “emergency indication” . However it is only defined for INVITE
5.1.6.7
Network-initiated emergency deregistration

When a UE performs a network-initiated emergency deregistration in the context of emergency service a UE shall perform the action as specified in 5.1.1.7
5.1.6.8
Emergency session setup
5.1.6.8.1
General

In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a XML body that includes an <alternative service> element with the <type> child element set to "emergency", the UE shall automatically:

-
send an ACK request to the P-CSCF as per normal SIP procedures;

NOTE 1:-The UE can attempt an emergency call setup according to the procedures described in 3GPP TS 24.008 [8].
Editor’s note: The possibility to contact an emergency centre without setting up a session may be specified under this subclause eg use of a MESSAGE request?
NOTE 2: Other emergency numbers which the UE does not detect will be treated as a normal call. 

5.1.6.8.2
Emergency session set-up - without credentials
Editor’s note: The word credentials may be needed to be clarified.

The UE shall apply the procedures as specified in subclause 5.1.3 with the following additions:
-
 include a Request URI in the INVITE request shall be in accordance with the URI as specified in draft-ietf-sipping-sos-01 [67].
NOTE 1: Other emergency numbers which the UE does not detect will be treated as a normal call. 
Editor’s note: Type of emergency service assignment shall be described. A media feature tag which represents the emergency type shall be included in the emergency session as defined in draft-ietf-sipping-sos-01 [67]
· include in the P-Access-Network-Info header  into any request for a dialog, any subsequent request (except ACK requests and CANCEL requests) or response (except CANCEL responses) within a dialog or any request . The UE shall populate the P-Access-Network-Info header with the current point of attachment to the IP-CAN as specified for the access network technology (see subclause 7.2A.4);

Editor’s note: Which information to be included to identify the UE and which header (the P-Preferred Identity or From header) shall carry this information
NOTE 2:
During the dialog, the points of attachment to the IP-CAN of the UE may change (e.g. UE connects to different cells). The UE will populate the P-Access-Network-Info header in any request or response within a dialog with the current point of attachment to the IP-CAN (e.g. the current cell information 
The UE shall build a proper preloaded Route header value for all new dialogs  The UE shall build a Route header value made out of, the P-CSCF URI (containing the IP address or the FQDN learnt through the P-CSCF discovery procedures).
When a SIP transaction times out, i.e. timer B, timer F or timer H expires at the UE, the UE may behave as if timer F expired, as described in subclause 5.1.1.4.

NOTE 3:
It is an implementation option whether these actions are also triggered by other means.
The UE can indicate privacy in a response of the P-Asserted-Identity that will be generated by the P-CSCF in accordance with RFC 3323 [33], and the additional requirements contained within RFC 3325 [34].

NOTE 4:
In the UE-terminating case, this version of the document makes no provision for the UE to provide an P-Preferred-Identity in the form of a hint.

NOTE 5:
A number of headers can reveal information about the identity of the user. Where, privacy is required, implementers should also give consideration to other headers that can reveal identity information. RFC 3323 [33] subclause 4.1 gives considerations relating to a number of headers.
If the UE receives the 403 response code the UE shall;

 -
send an ACK request to the P-CSCF as per normal SIP procedures;

-
either:
- 
if another IM core network is available attempt an emergency session setup using that IM core network; or
-
terminate the session.
Editor’s note: Which response code to be used may need further investigations. Possible codes are 380 with appropriate new value in the XML body or 488.
Editor’s note: The use of the Priority header with the value “emergency” requires further study.
Editor’s note: The procedure related to location information handling needs to be added. The additions will make references to IETF RFC 3825[81] and “draft-ietf-geopriv-dhcp-civil-08” [82].
5.1.6.8.3
Emergency session set-up with credentials
The UE shall apply the procedures as specified in subclause 5.1.2A, 5.1.3 and 5.1.4 with the following additions:

-
 include a Request URI in the INVITE request in accordance with the URI as specified in draft-ietf-sipping-sos-01 [67]; and
-
include a P-Preferred-Identity value with the emergency public user identity in the INVITE request. 
Editor’s note: The use of the Priority header with the value “emergency” requires further study.

Editor’s note: Type of emergency service assignment shall be described. A media feature tag which represents the emergency type shall be included in the emergency session as defined in draft-ietf-sipping-sos-01 [67]

�PAGE \# "'Page: '#'�'"  �� Enter the specification number in this box. For example, 04.08 or 31.102. Do not prefix the number with anything . i.e. do not use "TS", "GSM" or "3GPP" etc.


�PAGE \# "'Page: '#'�'"  �� Enter the CR number here. This number is allocated by the 3GPP support team.  It consists of at least three digits, padded with leading zeros if necessary.


�PAGE \# "'Page: '#'�'"  �� Enter the revision number of the CR here. If it is the first version, use a "-".


�PAGE \# "'Page: '#'�'"  �� Enter the version of the specification here. This number is the version of the specification to which the CR will be applied if it is approved. Make sure that the latest version of the specification (of the relevant release) is used when creating the CR. If unsure what the latest version is, go to � HYPERLINK "http://www.3gpp.org/3G_Specs/3G_Specs.htm" ��� � HYPERLINK "http://www.3gpp.org/specs/specs.htm" ��http://www.3gpp.org/specs/specs.htm�.


�PAGE \# "'Page: '#'�'"  �� For help on how to fill out a field, place the mouse pointer over the special symbol closest to the field in question.


�PAGE \# "'Page: '#'�'"  �� Mark one or more of the boxes with an X.


�PAGE \# "'Page: '#'�'"  �� SIM / USIM / ISIM applications.


�PAGE \# "'Page: '#'�'"  �� Enter a concise description of the subject matter of the CR. It should be no longer than one line.  Do not use redundant information such as "Change Request number xxx to 3GPP TS xx.xxx".


�PAGE \# "'Page: '#'�'"  �� Enter the source of the CR. This is either (a) one or several companies or, (b) if a (sub)working group has already reviewed and agreed the CR, then list the group as the source.


�PAGE \# "'Page: '#'�'"  �� Enter the acronym for the work item which is applicable to the change. This field is mandatory for category F, B & C CRs for release 4 and later. A list of work item acronyms can be found in the 3GPP work plan. See � HYPERLINK "http://www.3gpp.org/ftp/information/work_plan/" ��http://www.3gpp.org/ftp/information/work_plan/� .�The list is also included in a MS Excel file included in the zip file containing the CR cover sheet template.


�PAGE \# "'Page: '#'�'"  �� Enter the date on which the CR was last revised.  Format to be interpretable by English version of MS Windows ® applications, e.g. 19/02/2002.


�PAGE \# "'Page: '#'�'"  �� Enter a single letter corresponding to the most appropriate category listed below. For more detailed help on interpreting these categories, see the Technical Report � HYPERLINK "http://www.3gpp.org/ftp/Specs/archive/21_series/21.900/" ��21.900� "TSG working methods".


�PAGE \# "'Page: '#'�'"  �� Enter a single release code from the list below.


�PAGE \# "'Page: '#'�'"  �� Enter text which explains why the change is necessary.


�PAGE \# "'Page: '#'�'"  �� Enter text which describes the most important components of the change. i.e. How the change is made.


�PAGE \# "'Page: '#'�'"  �� Enter here the consequences if this CR was to be rejected. It is necessary to complete this section only if the CR is of category "F" (i.e. correction).


�PAGE \# "'Page: '#'�'"  �� Enter the number of each clause which contains changes.


�PAGE \# "'Page: '#'�'"  �� Tick "yes" box if any other specifications are affected by this change.  Else tick "no".  You MUST fill in one or the other.


�PAGE \# "'Page: '#'�'"  �� List here the specifications which are affected or the CRs which are linked.


�PAGE \# "'Page: '#'�'"  �� Enter any other information which may be needed by the group being requested to approve the CR. This could include special conditions for it's approval which are not listed anywhere else above.


�PAGE \# "'Page: '#'�'"  �� This is an example of pop-up text.





CR page 14

