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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

APN
Access Point Name

AS
Application Server

ATCF
Access Transfer Control Function

AUTN
Authentication TokeN

AVP
Attribute-Value Pair
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

CPC
Calling Party's Category

CSCF
Call Session Control Function

DHCP
Dynamic Host Configuration Protocol

DNS
Domain Name System

DOCSIS
Data Over Cable Service Interface Specification

DTD
Document Type Definition

DTMF
Dual Tone Multi Frequency
DVB
Digital Video Broadcast

DVB-RCS2
Second Generation DVB Interactive Satellite System
e2ae-security
End-to-access edge security 
EATF
Emergency Access Transfer Function

EC
Emergency Centre

ECF
Event Charging Function

ECI
E-UTRAN Cell Identity

ECN
Explicit Congestion Notification

E-CSCF
Emergency CSCF

EF
Elementary File
EPS
Evolved Packet System

FAP
cdma2000® 1x Femtocell Access Point
FQDN
Fully Qualified Domain Name

GCID
GPRS Charging Identifier 

GGSN
Gateway GPRS Support Node

GPON
Gigabit-capable Passive Optical Networks
GPRS
General Packet Radio Service

GRUU
Globally Routable User agent URI

GSTN
General Switched Telephone Network
HPLMN
Home PLMN

HSS
Home Subscriber Server

i
irrelevant

IARI
IMS Application Reference Identifier
IBCF
Interconnection Border Control Function

ICE
Interactive Connectivity Establishment
I-CSCF
Interrogating CSCF

ICS
Implementation Conformance Statement

ICID
IM CN subsystem Charging Identifier
ICSI
IMS Communication Service Identifier
ID
Identifier
IK
Integrity Key

IM
IP Multimedia

IMC
IMS Credentials
IMEI
International Mobile Equipment Identity
IMS
IP Multimedia core network Subsystem

IMS-AGW
IMS Access Gateway
IMS-ALG
IMS Application Level Gateway 

IMSI
International Mobile Subscriber Identity

IMSVoPS
IMS Voice over PS Session

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

IWF
Interworking Function

KMS
Key Management Service

LRF
Location Retrieval Function

m
mandatory

MAC
Message Authentication Code

MCC
Mobile Country Code

MEID
Mobile Equipment IDentity

MGCF
Media Gateway Control Function

MGW
Media Gateway

MNC
Mobile Network Code

MRB
Media Resource Broker

MRFC
Multimedia Resource Function Controller

MRFP
Multimedia Resource Function Processor

MSC
Mobile-services Switching Centre
n/a
not applicable

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

NASS
Network Attachment Subsystem

NAT
Network Address Translation
NCC
Network Control Center
NCC_ID
Network Control Center Identifier
NP
Number Portability

o
optional

OCF
Online Charging Function

OLI
Originating Line Information

OMR
Optimal Media Routeing

PCRF
Policy and Charging Rules Function

P-CSCF
Proxy CSCF

PDG
Packet Data Gateway

PDN
Packet Data Network

PDP
Packet Data Protocol

PDU
Protocol Data Unit

P-GW
PDN Gateway

PICS
Protocol Implementation Conformance Statement 

PIDF-LO
Presence Information Data Format Location Object

PLMN
Public Land Mobile Network

PSAP
Public Safety Answering Point

PSI
Public Service Identity

PSTN
Public Switched Telephone Network

QCI
QoS Class Identifier

QoS
Quality of Service

RAND
RANDom challenge
RCS
Return Channel via Satellite
RCST
Return Channel via Satellite Terminal
RES
RESponse

RTCP
Real-time Transport Control Protocol

RTP
Real-time Transport Protocol

S-CSCF
Serving CSCF

SCTP
Stream Control Transmission Protocol

SDES
Session Description Protocol Security Descriptions for Media Streams

SDP
Session Description Protocol

SIP
Session Initiation Protocol

SLF
Subscription Locator Function

SNR
Serial Number
SQN
SeQuence Number

STUN
Session Traversal Utilities for NAT
SVN
Satellite Virtual Network

SVN-MAC
SVN Medium Access Control label
TAC
Type Approval Code

TURN
Traversal Using Relay NAT

TLS
Transport Layer Security

TRF
Transit and Roaming Function
UA
User Agent

UAC
User Agent Client

UAS
User Agent Server

UDVM
Universal Decompressor Virtual Machine

UE
User Equipment

UICC
Universal Integrated Circuit Card

URI
Uniform Resource Identifier

URL
Uniform Resource Locator

URN
Uniform Resource Name

USAT
Universal Subscriber Identity Module Application Toolkit

USIM
Universal Subscriber Identity Module

VPLMN
Visited PLMN

WLAN
Wireless Local Area Network

x
prohibited

xDSL
Digital Subscriber Line (all types)

XGPON1
10 Gigabit-capable Passive Optical Networks
XMAC
expected MAC

XML
eXtensible Markup Language
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3A
Interoperability with different IP-CAN

The IM CN subsystem can be accessed by UEs resident in different types of IP-CAN. The main body of this document, and annex A, are general to UEs and IM CN subsystems that are accessed using any type of IP-CAN. Requirements that are dependent on the type of IP-CAN are covered in annexes B, D, E, H, L, M, O, Q, R, and S.

At any given time, for a given SIP transaction or dialog, the UE sees only one type of IP-CAN, as reported to it by the lower layers. The UE follows the procedures of the IP-CAN specific annex related to the last type of IP-CAN reported, even if it is different to one used previously. In particular, handover at the radio layers between two different access technologies can result in such a change while the dialog or transaction proceeds.

At any given time, for a given SIP transaction or dialog, the P-CSCF sees only one type of IP-CAN, as determined by interface to a particular resource architecture, e.g. policy and charging control, and by the access technology reported to it over that interface, or in the absence of this, by preconfiguration in the system. The P-CSCF follows the procedures of the IP-CAN specific annex related to the last type of IP-CAN determined, even if it is different to one used previously. In particular, handover at the radio layers between two different access technologies can result in such a change while the dialog or transaction proceeds.

It is the responsibility of the IP-CAN to ensure that usage of different bearer resources are synchronised on the handover from one IP-CAN to another, e.g. so that a signalling bearer provided by one IP-CAN is a signalling bearer (if provided by that IP-CAN) after handover, and that the appropriate QoS and resource reservation exists after handover. There is no SIP signalling associated with handover at the IP-CAN, and therefore no change in SIP state at one entity is signalled to the peer SIP entity when handover occurs.

In particular the following constraints exist that can have an impact on P-CSCF usage:

1)
some IP-CANs can explicitly label a bearer as a signalling bearer, while others provide a bearer that has appropriate QoS, but no explicit labelling. Therefore if handover occurs from an IP-CAN with explicit labelling, to an IP-CAN with no explicit labelling, and then back to an IP-CAN with explicit labelling, the signalling will then be on a bearer that is not explicitly labelled; and

2)
some IP-CANs support signalling of grouping of media within particular bearers, while others do not. Therefore if handover occurs from an IP-CAN with grouping, to an IP-CAN with no grouping, and then back to an IP-CAN with grouping, the signalled grouping can have been lost.

When a UE supports multiple IP-CANs, but does not support handover between those IP-CANs, the annex specific to that IP-CAN applies unmodified.

Where handover between IP-CANs occurs without a reregistration in the IM CN subsystem, the same identies and security credentials for access to the IM CN subsystem are used before and after the handover.
At the P-CSCF, the access technology can variously use the PCRF or NASS in support of both signalling and media bearer provision (or indeed use neither). How to determine which applies is up to network dependent rules, but can be specific to the access technology used by each different UE. Not all access technologies are defined for use with NASS, and not all access technologies are defined for use with the PCRF.

NEXT CHANGE
5.2
Procedures at the P-CSCF

5.2.1
General

Where the P CSCF provides emergency call support, the procedures of subclause 5.2.10 shall be applied first.

Subclause 5.2.2 through subclause 5.2.9 define P-CSCF procedures for SIP that do not relate to emergency. All SIP requests are first screened according to the procedures of subclause 5.2.10 to see if they do relate to an emergency. 

For all SIP transactions identified:

-
as relating to an emergency; or

-
if priority is supported, as containing an authorised Resource-Priority header field or a temporarily authorised Resource-Priority header field, or, if such an option is supported, relating to a dialog which previously contained an authorised Resource-Priority header field;
the P-CSCF shall give priority over other transactions or dialogs. This allows special treatment of such transactions or dialogs. If the P-CSCF recognises the need for priority processing to a request or if the P-CSCF recognises the need to provide different priority processing than the one indicated by the originating UE, based on the information stored during registration, the P-CSCF may insert or modify Resource-Priority header in accordance with RFC 4412 [116].
NOTE 1: 
The special treatment can include filtering, higher priority processing, routeing, call gapping. The exact meaning of priority is not defined further in this document, but is left to national regulation and network configuration.

The P-CSCF shall support the Path and Service-Route header fields.

NOTE 2:
The Path header field is only applicable to the REGISTER request and its 200 (OK) response. The Service-Route header field is only applicable to the 200 (OK) response of REGISTER request.

NOTE 3:
In subsequent procedures, the P-CSCF can address the needs of individual users (e.g. in support of attached enterprise networks or in support of priority mechanisms, from information saved during registration. In this release of the specification, no information is specified in the registration procedures to perform this, and therefore this information has to either be associated with the user at time of registration from configured information, or by a mechanism outside the scope of this release of the specification.

When the P-CSCF sends any request or response to the UE, before sending the message the P-CSCF shall:

-
remove the P-Charging-Function-Addresses and P-Charging-Vector header fields, if present.

When the P-CSCF receives any request or response from the UE, the P-CSCF:

1)
shall remove the P-Charging-Function-Addresses and P-Charging-Vector header fields, if present. Also, the P-CSCF shall ignore any data received in the P-Charging-Function-Addresses and P-Charging-Vector header fields; and

2)
may insert previously saved values into the P-Charging-Function-Addresses and P-Charging-Vector header fields before forwarding the message;
NOTE 4:
When the P-CSCF is located in the visited network, then it will not receive the P-Charging-Function-Addresses header field from the S-CSCF, IBCF, or I-CSCF. Instead, the P-CSCF discovers charging function addresses by other means not specified in this document.

3)
shall remove the P-Access-Network-Info header field, if the request or the response include a P-Access-Network-Info header field with a "network-provided" parameter;

4)
may insert a P-Access-Network-Info header field where:

a)
if no mechanism exists to support the access technology for this UE, the "network-provided" parameter is included, and the access-type field is set to a preconfigured value;

b)
if NASS is used to support the access technology for this UE, the "network-provided" parameter is included, and the access-type field is set:

-
when xDSL is the IP-CAN, to one of "ADSL", "ADSL2", "ADSL2+", "RADSL", "SDSL", "HDSL", "HDSL2", "G.SHDSL", "VDSL", or "IDSL", and the "dsl-location" parameter is set with the value received in the Location-Information header field in the User-Data Answer command as specified in ETSI ES 283 035 [98];

-
when Ethernet is the IP-CAN, to one of "IEEE-802.3", "IEEE-802.3a", "IEEE-802.3e",  "IEEE-802.3i", "IEEE-802.3j", "IEEE-802.3u" ,"IEEE-802.3ab"or "IEEE-802.3ae", "IEEE-802.3ak", "IEEE-802.3aq", "IEEE-802.3an", "IEEE-802.3y" or "IEEE-802.3z" and if NASS subsystem is used, and the "eth-location" parameter is set with the value received in the Location-Information header field in the User-Data Answer command as specified in ETSI ES 283 035 [98];
-
when Fiber is the IP-CAN, to one of "G-PON", "XGPON1" or "IEEE-802.3ah" and if NASS subsystem is used, and the "fiber-location" parameter is set with the value received in the Location-Information header field in the User-Data Answer command as specified in ETSI ES 283 035 [98];
c)
if the PCRF is used to support the access technology for this UE, the access technology is not DVB-RCS2, and 3GPP-User-Location-Info as specified in 3GPP TS 29.214 [13D] is not available, the access-class field is set to a value consistent with that received from the PCRF in the IP-CAN-Type and RAT-Type parameters using the procedures specified in 3GPP TS 29.214 [13D]. If a 3GPP-MS-TimeZone parameter is available from the PCRF, then the UE-time-zone field may also be added using this information;
e)
if DOCSIS is used, and proprietary means of obtaining a location are used, the access-type field is set to "DOCSIS" and the "network-provided" parameter is added;
f)
if the access technology for this UE is DVB-RCS2, the "network-provided" parameter is included, the access type field is set to "DVB-RCS2" and the "dvb-rcs2-node-id" parameter is set with the value provided by the IP-CAN provider.
NOTE 5:
The above requirements to insert a P-Access-Network-Info header field overrides the preclusion of this functionality by RFC 3455 [52].

Editor's note: [IMSProtoc3: CR3819] The above note should be removed when the reference to RFC 3455 is updated to draft-drage-sipping-rfc3455bis.

When the P-CSCF receives any request or response containing the P-Media-Authorization header field, the P-CSCF shall remove the header field.

NOTE 6:
Depending on the security mechanism in use, the P-CSCF can integrity protect all SIP messages sent to the UE outside of the registration and authentication procedures by using a security association or TLS session. The P-CSCF will discard any SIP message that is not protected by using a security association or TLS session and is received outside of the registration and authentication procedures. The integrity and confidentiality protection and checking requirements on the P-CSCF within the registration and authentication procedures are defined in subclause 5.2.2.

With the exception of 305 (Use Proxy) responses, the P-CSCF shall not recurse on 3xx responses.

NOTE 7:
If the P-CSCF is connected to a PDF the requirements for this interconnection is specified in the Release 6 version of this specification.

The P-CSCF may add, remove, or modify, the P-Early-Media header field within forwarded SIP requests and responses according to procedures in RFC 5009 [109].

NOTE 8:
The P-CSCF can use the P-Early-Media header field for the gate control procedures, as described in 3GPP TS 29.214 [13D]. In the presence of early media for multiple dialogs due to forking, if the P-CSCF is able to identify the media associated with a dialog, (i.e., if symmetric RTP is used by the UE and and the P-CSCF can use the remote SDP information to determine the source of the media) the P-CSCF can selectively open the gate corresponding to an authorized early media flow for the selected media. 
When SIP digest without TLS is used, the P-CSCF shall discard any SIP messages received outside of the registration and authentication procedures that do not map to an existing IP association as defined in subclause 5.2.3.
In case a device performing address and/or port number conversions is provided by a NA(P)T or NA(P)T-PT controlled by the P-CSCF, the P-CSCF may need to modify the SIP contents according to the procedures described in annex F. In case a device performing address and/or port number conversions is provided by a NA(P)T or NA(P)T-PT not controlled by the P-CSCF, the P-CSCF may need to modify the SIP contents according to the procedures described in annex K if both a "reg-id" and "+sip.instance" header field parameters are present in the received Contact header field as described in RFC 5626 [92].
The P-CSCF shall support the provision of the user-related policies (e.g. consideration of the user as a priviledged sender):

-
from the S-CSCF during registration; and

-
by local configuration.

For the same policy, the precedence between the locally configured policy and a policy received during registration shall be based on local operator policy.
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7.2A.4
P-Access-Network-Info header field
7.2A.4.1
Introduction

The P-Access-Network-Info header field is extended to include specific information relating to particular access technologies.

7.2A.4.2
Syntax

The syntax of the P-Access-Network-Info header field is described in RFC 3455 [52]. There are additional coding rules for this header field depending on the type of IP-CAN, according to access technology specific descriptions.

Table 7.2A.4 describes the 3GPP-specific extended syntax of the P-Access-Network-Info header field defined in RFC 3455 [52].

Table 7.2A.4: Syntax of extended P-Access-Network-Info header field
   P-Access-Network-Info  = “P-Access-Network-Info” HCOLON 

                            access-net-spec *(COMMA access-net-spec)

   access-net-spec        = (access-type / access-class) *(SEMI access-info)

   access-type            = "IEEE-802.11" / "IEEE-802.11a" / "IEEE-802.11b" / "IEEE-802.11g" / "IEEE-802.11n" / "3GPP-GERAN" / "3GPP-UTRAN-FDD" / "3GPP-UTRAN-TDD" / "3GPP-E-UTRAN-FDD" / "3GPP-E-UTRAN-TDD" / "ADSL" / "ADSL2" / "ADSL2+" / "RADSL" / "SDSL" / "HDSL" / "HDSL2" / "G.SHDSL" / "VDSL" / "IDSL" / "3GPP2-1X" / "3GPP2-1X-Femto" / "3GPP2-1X-HRPD" / "3GPP2-UMB" / "DOCSIS" / "IEEE-802.3" / "IEEE-802.3a" / "IEEE-802.3e" / "IEEE-802.3i" / "IEEE-802.3j" / "IEEE-802.3u" / "IEEE-802.3ab"/ "IEEE-802.3ae" / "IEEE-802.3ah" / "IEEE-802.3ak" / "IEEE-802.3aq" / "IEEE-802.3an" / "IEEE-802.3y" / "IEEE-802.3z" / GPON/ XGPON1 / "GSTN"/ "DVB-RCS2"/ token

...access-class           = "3GPP-GERAN" / "3GPP-UTRAN" / "3GPP-E-UTRAN" / "3GPP-WLAN" / "3GPP-GAN" / "3GPP-HSPA" / "3GPP2" / token
   np                     = "network-provided"
   access-info            = cgi-3gpp / utran-cell-id-3gpp / dsl-location / i-wlan-node-id / ci-3gpp2 / ci-3gpp2-femto / eth-location / fiber-location / np/ gstn-location / UE-time-zone / dvb-rcs2-node-id / extension-access-info

   extension-access-info  = generic-param
   cgi-3gpp               = "cgi-3gpp" EQUAL (token / quoted-string)

   utran-cell-id-3gpp     = "utran-cell-id-3gpp" EQUAL (token / quoted-string)

   i-wlan-node-id         = "i-wlan-node-id" EQUAL (token / quoted-string)

   dsl-location           = "dsl-location" EQUAL (token / quoted-string)

   eth-location           = "eth-location" EQUAL (token / quoted-string)

   fiber-location         = "fiber-location" EQUAL (token / quoted-string)

   ci-3gpp2               = "ci-3gpp2" EQUAL (token / quoted-string)
   ci-3gpp2-femto         = "ci-3gpp2-femto" EQUAL (token / quoted-string)
   gstn-location          = "gstn-location" EQUAL (token / quoted-string)
   UE-time-zone           = "UE-time-zone" EQUAL (token / quoted-string)
   dvb-rcs2-node-id       = "dvb-rcs2-node-id" EQUAL (token / quoted-string)
The presence of the "np" parameter indicates a P-Access-Network-Info header field is provided by the P-CSCF, S-CSCF, the AS or by the MGCF. The content can differ from a P-Access-Network-Info header field without this parameter which is provided by the UE.

The "np" parameter can be used with both "access-type" and "access-class" constructs. The "access-type" construct is provided for use where the value is not known to be specific to a particular "access-class" value, e.g. in the case of some values delivered from the PCRF. The "access-class" field can be set only by the P-CSCF. The "np" parameter can be set only by the P-CSCF, S-CSCF, the AS or by the MGCF. The UE-time-zone parameter, the gstn-location parameter and the "GSTN" value of access-type field shall not be inserted by the UE.
Editor's Note [NWK-PL2IMS-CT, CR#3975]: The UE-time-zone parameter is only generated by the access, whether it should be more correctly called "access point time zone" is FFS.
7.2A.4.3
Additional coding rules for P-Access-Network-Info header field
The P-Access-Network-Info header field is populated with the following contents:

1)
the access-type field set to one of "3GPP-GERAN","3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", "3GPP-E-UTRAN-FDD", "3GPP-E-UTRAN-TDD", "3GPP2-1X", "3GPP2-1X-HRPD", "3GPP2-UMB", "3GPP2-1X-Femto", "IEEE-802.11", "IEEE-802.11a", "IEEE-802.11b", "IEEE-802.11g", "IEEE-802.11n", "ADSL", "ADSL2", "ADSL2+", "RADSL", "SDSL", "HDSL", "HDSL2", "G.SHDSL", "VDSL", "IDSL", or "DOCSIS", "IEEE-802.3", "IEEE-802.3a", "IEEE-802.3e", "IEEE-802.3i", "IEEE-802.3j", "IEEE-802.3u", or "IEEE-802.3ab", "IEEE-802.3ae", "IEEE-802.3ah", "IEEE-802.3ak", "IEEE-802.3aq", "IEEE-802.3an", "IEEE-802.3y" , "IEEE-802.3z" or "DVB-RCS2" as appropriate to the access technology in use.

2)
if the access type field is set to "3GPP-GERAN", a cgi-3gpp parameter set to the Cell Global Identity obtained from lower layers of the UE. The Cell Global Identity is a concatenation of MCC, MNC, LAC and CI (as described in 3GPP TS 23.003 [3]). The value of "cgi-3gpp" parameter is therefore coded as a text string as follows:

Starting with the most significant bit, MCC (3 digits), MNC (2 or 3 digits depending on MCC value), LAC (fixed length code of 16 bits using full hexadecimal representation) and CI (fixed length code of 16 bits using a full hexadecimal representation);

3)
if the access type field is equal to "3GPP-UTRAN-FDD", or "3GPP-UTRAN-TDD", a "utran-cell-id-3gpp" parameter set to a concatenation of the MCC, MNC, LAC (as described in 3GPP TS 23.003 [3]) and the UMTS Cell Identity (as described in 3GPP TS 25.331 [9A]), obtained from lower layers of the UE, and is coded as a text string as follows:

Starting with the most significant bit, MCC (3 digits), MNC (2 or 3 digits depending on MCC value), LAC (fixed length code of 16 bits using full hexadecimal representation) and UMTS Cell Identity (fixed length code of 28 bits using a full hexadecimal representation);

4)
void
5)
if the access type field is set to "3GPP2-1X", a ci-3gpp2 parameter set to the ASCII representation of the hexadecimal value of the string obtained by the concatenation of SID (16 bits), NID (16 bits), PZID (8 bits) and BASE_ID (16 bits) (see 3GPP2 C.S0005-D [85]) in the specified order. The length of the ci-3gpp2 parameter shall be 14 hexadecimal characters. The hexadecimal characters (A through F) shall be coded using the uppercase ASCII characters. If the UE does not know the values for any of the above parameters, the UE shall use the value of 0 for that parameter. For example, if the SID is unknown, the UE shall represent the SID as 0x0000;

NOTE 1:
The SID value is represented using 16 bits as supposed to 15 bits as specified in 3GPP2 C.S0005-D [85].

EXAMPLE:
If SID = 0x1234, NID = 0x5678, PZID = 0x12, BASE_ID = 0xFFFF, the ci-3gpp2 value is set to the string "1234567812FFFF".

6)
if the access type field is set to "3GPP2-1X-HRPD", a ci-3gpp2 parameter set to the ASCII representation of the hexadecimal value of the string obtained by the concatenation of Sector ID (128 bits) and Subnet length (8 bits) (see 3GPP2 C.S0024-B [86]) and Carrier-ID, if available, (see 3GPP2 X.S0060 [86B])in the specified order. The length of the ci-3gpp2 parameter shall be 34 or 40 hexadecimal characters depending on whether the Carrier-ID is included. The hexadecimal characters (A through F) shall be coded using the uppercase ASCII characters;

EXAMPLE:
If the Sector ID = 0x12341234123412341234123412341234, Subnet length = 0x11, and the Carrier-ID=0x555444, the ci-3gpp2 value is set to the string "1234123412341234123412341234123411555444".

7)
if the access type field is set to "3GPP2-UMB" 3GPP2 C.S0084-000 [86A], a ci-3gpp2 parameter is set to the ASCII representation of the hexadecimal value of the Sector ID (128 bits) defined in 3GPP2 C.S0084-000 [86A]. The length of the ci-3gpp2 parameter shall be 32 hexadecimal characters. The hexadecimal characters (A through F) shall be coded using the uppercase ASCII characters;
EXAMPLE:
If the Sector ID = 0x12341234123412341234123412341234, the ci-3gpp2 value is set to the string "12341234123412341234123412341234".

8)
if the access-type field set to one of "IEEE-802.11", "IEEE-802.11a", "IEEE-802.11b" or "IEEE-802.11g", or "IEEE-802.11n", an "i-wlan-node-id" parameter is set to the ASCII representation of the hexadecimal value of the AP's MAC address without any delimiting characters;
EXAMPLE:
If the AP's MAC address = 00-0C-F1-12-60-28, then i-wlan-node-id  is set to the string "000cf1126028".

9)
if the access type field is set to "3GPP2-1X-Femto", a ci-3gpp2-femto parameter set to the ASCII representation of the hexadecimal value of the string obtained by the concatenation of femto MSCID (24 bit), femto CellID (16 bit), FEID (64bit), macro MSCID (24 bits) and macro CellID (16 bits) (3GPP2 X.P0059-200 [86E]) in the specified order. The length of the ci-3gpp2-femto parameter is 36 hexadecimal characters. The hexadecimal characters (A through F) are coded using the uppercase ASCII characters.
10)
if the access-type field is set to one of "ADSL", "ADSL2", "ADSL2+", "RADSL", "SDSL", "HDSL", "HDSL2", "G.SHDSL", "VDSL", "IDSL", the access-info field shall contain a dsl-location parameter obtained from the CLF (see NASS functional architecture);
11)
if the access-type field set to "DOCSIS", the access info parameter is not inserted. This release of this specification does not define values for use in this parameter;
12)
if the access type field is equal to "3GPP-E-UTRAN-FDD" or "3GPP-E-UTRAN-TDD", a "utran-cell-id-3gpp" parameter set to a concatenation of the MCC, MNC, Tracking Area Code as described in 3GPP TS 23.003 [3] and the E-UTRAN Cell Identity (ECI) as described in 3GPP TS 23.003 [3], obtained from lower layers of the UE, and is coded as a text string as follows:

Starting with the most significant bit, MCC (3 digits), MNC (2 or 3 digits depending on MCC value), Tracking Area Code (fixed length code of 16 bits using full hexadecimal representation) and ECI (fixed length code of 28 bits using a full hexadecimal representation);

13)
if the access-type field is set to one of  "IEEE-802.3", "IEEE-802.3a", "IEEE-802.3e", "IEEE-802.3i", "IEEE-802.3j", "IEEE-802.3u", "IEEE-802.3ab", "IEEE-802.3ae", IEEE-802.3ak", IEEE-802.3aq", IEEE-802.3an", "IEEE-802.3y" or "IEEE-802.3z" and NASS subsystem is used, the access-info field shall contain an eth-location parameter obtained from the CLF (see NASS functional architecture);
14)
if the access-type field is set to one of "GPON", "XGPON1" or "IEEE-802.3ah" and NASS is used, the access-info field shall contain an fiber-location parameter obtained from the CLF (see NASS functional architecture);
15)
if the access-type field is set to "GSTN", the access-info field may contain a gstn-location parameter if received from the GSTN; and
NOTE 2:
The "cgi-3gpp", the "utran-cell-id-3gpp", the "ci-3gpp2", the "ci-3gpp2-femto", the "i-wlan-node-id", eth-location, and the "dsl-location" parameters described above among other usage also constitute the location identifiers that are used for emergency services.

16)
the UE-time-zone-parameter in access-info field is coded as a text string as follows:
Starting with "UTC", "+"or"-", 2 digits (from 00 to 13), ":", 2 digits (from 00 to 45).
17)
if the access-type field is set to "DVB-RCS2", the access-info field shall contain a "dvb-rcs2-node-id" parameter which consists of comma-separated list consisting of NCC_ID, satellite_ID, beam_ID, and SVN-MAC as specified in [194], [195]; the NCC_ID shall be represented as two digit hexadecimal value, the satellite_ID shall be represented as a two digit hexadecimal value, the beam_ID shall be respresented as a four digit hexadecimal value, and the SVN-MAC shall be represented as six digit hexadecimal value.
EXAMPLE:
If the (8 bit) NCC_ID = 0x3A, the (8 bit) satellite_ID = 0xF5, the (16 bit) beam_ID = 0xEA23, and the (24 bit) SVN-MAC = 0xE40AB9, then the "dvb-rcs2-node-id" is set to the string "3A,F5,EA23,E40AB9".
NEXT CHANGE
7.2A.10
"phone-context" tel URI parameter

7.2A.10.1
Introduction

The "phone-context" tel URI parameter indicates that the UE uses local service number or that the UE has included information according to a local dialling plan in the Request-URI.

In the former case, the "phone-context" tel URI parameter is included in a Tel-URI or a corresponding SIP URI with a "user" SIP URI parameter set to "phone".

In the latter case, the "phone-context" tel URI parameter is included in the user part of a SIP URI with the "user" SIP URI parameter set to "dialstring" (see RFC 4967 [103]). 

7.2A.10.2
Syntax

The syntax of the "phone-context" tel URI parameter is described in RFC 3966 [22]. There are additional coding rules for this parameter depending on the type of IP-CAN, according to access technology specific descriptions.

7.2A.10.3
Additional coding rules for "phone-context" tel URI parameter

In case the current IP-CAN is indicated in the "phone-context" tel URI parameter, the entities inserting the "phone-context" tel URI parameter shall populate the "phone-context" tel URI parameter with the following contents:

1)
if the IP-CAN is GPRS, then the "phone-context" tel URI parameter is a domain name. It is constructed from the MCC, the MNC and the home network domain name by concatenating the MCC, MNC, and the string "gprs" as domain labels before the home network domain name;

EXAMPLE:
If MCC = 216, MNC = 01, then the "phone-context" tel URI parameter is set to '216.01.gprs.home1.net'.

2)
if the IP-CAN is I-WLAN, then the "phone-context" tel URI parameter is a domain name. It is constructed from the SSID, AP's MAC address, and the home network domain name by concatenating the SSID, AP's MAC address, and the string "i-wlan" as domain labels before the home network domain name;

EXAMPLE:
If SSID = BU-Airport, AP's MAC = 00-0C-F1-12-60-28, and home network domain name is "home1.net", then the "phone-context" tel URI parameter is set to the string "bu-airport.000cf1126028.i-wlan.home1.net".

3)
if the IP-CAN is xDSL, then the "phone-context" tel URI parameter is a domain name. It is constructed from the dsl-location (see subclause 7.2A.4) and the home network domain name by concatenating the dsl-location and the string "xdsl" as domain labels before the home network domain name;

4)
if the IP-CAN is DOCSIS, then the "phone-context" tel URI parameter is based on data configured locally in the UE;
5)
if the IP-CAN is EPS, then the "phone-context" tel URI parameter is a domain name. It is constructed from the MCC, the MNC and the home network domain name by concatenating the MCC, MNC, and the string "eps" as domain labels before the home network domain name;

6) 
if the IP-CAN is Ethernet, then the "phone-context" parameter is a domain name. It is constructed from the eth-location (see subclause 7.2A.4) and the home network domain name by concatenating the eth-location and the string "ethernet" as domain labels before the home network domain name;
7)
if the IP-CAN is Fiber, then the "phone-context" parameter is a domain name. It is constructed from the fiber-location (see subclause 7.2A.4) and the home network domain name by concatenating the fiber-location and the string "fiber" as domain labels before the home network domain name;
8)
if the IP-CAN is cdma2000®, then the "phone-context" parameter is a domain name. It is constructed from the subnet id and the home network domain name by concatenating the subnet id as the domain label before the home network domain name;
9)
if the access network information is not available in the UE, then the "phone-context" tel URI parameter is set to the home network domain name preceded by the string "geo-local."; and

10)
if the IP-CAN is DVB-RCS2, then the "phone-context" tel URI parameter is based on data configured locally in the UE.
In case the home domain is indicated in the "phone-context" tel URI parameter, the "phone-context" tel URI parameter is set to the home network domain name (as it is used to address the SIP REGISTER request, see subclause 5.1.1.1A or subclause 5.1.1.1B).
In case the "phone-context" tel URI parameter indicates a network other than the home network or the visited access network, the "phone-context" tel URI parameter is set according to RFC 3966 [22].

NEXT CHANGE
7.7
SIP timers

The timers defined in RFC 3261 [26] need modification in some cases to accommodate the delays introduced by the air interface processing and transmission delays. Table 7.7.1 shows recommended values for IM CN subsystem.

Table 7.7.1 lists in the first column, titled "SIP Timer" the timer names as defined in RFC 3261 [26].

The second column, titled "value to be applied between IM CN subsystem elements" lists the values recommended for network elements e.g. P-CSCF, S-CSCF, MGCF, when communicating with each other i.e. when no air interface leg is included. These values are identical to those recommended by RFC 3261 [26].

The third column, titled "value to be applied at the UE" lists the values recommended for the UE, when in normal operation the UE generates requests or responses containing a P-Access-Network-Info header field which included a value of "3GPP-GERAN","3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", "3GPP-E-UTRAN-FDD", "3GPP-E-UTRAN-TDD", "3GPP2-1X", "3GPP2-1X-HRPD", "3GPP2-UMB", "IEEE-802.11", "IEEE-802.11a", "IEEE-802.11b", "IEEE-802.11g", "IEEE-802.11n", or "DVB-RCS2". These are modified when compared to RFC 3261 [26] to accommodate the air interface delays. In all other cases, the UE should use the values specified in RFC 3261 [26] as indicated in the second column of table 7.7.1.

The fourth column, titled "value to be applied at the P-CSCF toward a UE" lists the values recommended for the P-CSCF when an air interface leg is traversed, and which are used on all SIP transactions on a specific security association where the security association was established using a REGISTER request containing a P-Access-Network-Info header field provided by the UE which included a value of "3GPP-GERAN","3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", "3GPP-E-UTRAN-FDD", "3GPP-E-UTRAN-TDD", "3GPP2-1X", "3GPP2-1X-HRPD", "3GPP2-UMB", "IEEE-802.11", "IEEE-802.11a", "IEEE-802.11b", "IEEE-802.11g", "IEEE-802.11n", or "DVB-RCS2". These are modified when compared to RFC 3261 [26]. In all other cases, the P-CSCF should use the values specified in RFC 3261 [26] as indicated in the second column of table 7.7.1.

The final column reflects the timer meaning as defined in RFC 3261 [26].

Table 7.7.1: SIP timers
	SIP Timer 
	Value to be applied between IM CN subsystem elements 
	Value to be applied at the UE
	Value to be applied at the P-CSCF toward a UE
	Meaning

	T1
	500ms default
(see NOTE)
	2s default
	2s default
	RTT estimate

	T2
	4s
(see NOTE)
	16s
	16s
	The maximum retransmit interval for non-INVITE requests and INVITE responses

	T4
	5s
(see NOTE)
	17s
	17s
	Maximum duration a message will remain in the network

	Timer A
	initially T1
	initially T1
	initially T1
	INVITE request retransmit interval, for UDP only 

	Timer B
	64*T1
	64*T1
	64*T1
	INVITE transaction timeout timer

	Timer C
	> 3min
	> 3 min
	> 3 min
	proxy INVITE transaction timeout

	Timer D
	> 32s for UDP
	>128s
	>128s
	Wait time for response retransmits

	
	0s for TCP/SCTP
	 0s for TCP/SCTP
	0s for TCP/SCTP
	

	Timer E
	initially T1
	initially T1
	initially T1
	non-INVITE request retransmit interval, UDP only 

	Timer F
	64*T1
	64*T1
	64*T1
	non-INVITE transaction timeout timer

	Timer G
	initially T1
	initially T1
	initially T1
	INVITE response retransmit interval 

	Timer H
	64*T1
	64*T1
	64*T1
	Wait time for ACK receipt. 

	Timer I
	T4 for UDP
	T4 for UDP
	T4 for UDP
	Wait time for ACK retransmits 

	
	0s for TCP/SCTP
	0s for TCP/SCTP
	0s for TCP/SCTP
	

	Timer J
	64*T1 for UDP
	64*T1 for UDP
	64*T1 for UDP
	Wait time for non-INVITE request retransmits 

	
	0s for TCP/SCTP
	0s for TCP/SCTP
	0s for TCP/SCTP
	

	Timer K
	T4 for UDP
	T4 for UDP
	T4 for UDP
	Wait time for response retransmits 

	
	0s for TCP/SCTP
	0s for TCP/SCTP 
	0s for TCP/SCTP
	

	NOTE:
As a network option, SIP T1 Timer’s value can be extended, along with the necessary modifications of T2 and T4 Timers’ values, to take into account the specificities of the supported services when the MRFC and the controlling AS are under the control of the same operator and the controlling AS knows, based on local configuration, that the MRFC implements a longer value of SIP T1 Timer.


NEXT CHANGE
8
SIP compression

8.1
SIP compression procedures at the UE

8.1.1
SIP compression

If in normal operation the UE generates requests or responses containing a P-Access-Network-Info header field which included a value of "3GPP-GERAN","3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", "3GPP-E-UTRAN-FDD", "3GPP-E-UTRAN-TDD", "3GPP2-1X", "3GPP2-1X-HRPD", "3GPP2-UMB", "IEEE-802.11", "IEEE-802.11a", "IEEE-802.11b", "IEEE-802.11g", "IEEE-802.11n", or "DVB-RCS2", then the UE shall support: 
-
SigComp as specified in RFC 3320 [32] and as updated by RFC 4896 [118]; and

-
the additional requirements specified in RFC 5049 [79], with the exception that the UE shall take a State Memory Size of at least 4096 bytes as a minimum value. 
If in normal operation the UE generates requests or responses containing a P-Access-Network-Info header field which included a value of "3GPP-GERAN","3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", "3GPP-E-UTRAN-FDD", "3GPP-E-UTRAN-TDD", "3GPP2-1X", "3GPP2-1X-HRPD", "3GPP2-UMB", "IEEE-802.11", "IEEE-802.11a", "IEEE-802.11b", "IEEE-802.11g", "IEEE-802.11n", or "DVB-RCS2", then the UE may support: 

-
the negative acknowledgement mechanism specified in RFC 4077 [65A].

When using SigComp the UE shall send compressed SIP messages in accordance with RFC 3486 [55]. When the UE will create the compartment is implementation specific, but the compartment shall not be created until a set of security associations or a TLS session is set up if signalling security is in use. The UE shall finish the compartment when the UE is deregistered. The UE shall alow state creations and announcements only for messages received in a security association.

NOTE:
Exchange of bytecodes during registration will prevent unnecessary delays during session setup.

If the UE supports SigComp: 
-
the UE shall support the SIP dictionary specified in RFC 3485 [42] and as updated by RFC 4896 [118]. If compression is enabled, the UE shall use the dictionary to compress the first message; and
-
if the UE supports the presence user agent or watcher roles as specified in table A.3A/2 and table A.3A/4, the UE may support the presence specific dictionary specified in RFC 5112 [119]. 

The use of SigComp is not re-negotiated between initial registration and deregistration.
8.1.2
Compression of SIP requests and responses transmitted to the P-CSCF

In normal operation the UE should send the generated requests and responses transmitted to the P-CSCF:

-
compressed according to subclause 8.1.1, if the P-Access-Network-Info header field of the initial registration message includes a value of "3GPP-GERAN","3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", "3GPP2-1X", "3GPP2-1X-HRPD", "3GPP2-UMB", "IEEE-802.11", "IEEE-802.11a", "IEEE-802.11b", IEEE-802.11g", "IEEE-802.11n", or "DVB-RCS2";

-
uncompressed, if the P-Access-Network-Info header field of the initial registration message includes a value of "3GPP-E-UTRAN-FDD" or "3GPP-E-UTRAN-TDD.
In other cases where SigComp is supported, the UE need not compress the requests and responses.

NOTE 1:
Compression of SIP messages is an implementation option. However, compression is strongly recommended.

NOTE 2:
In an IP-CAN where compression support is mandatory the UE can send even the first message compressed. Sigcomp provides mechanisms to allow the UE to know if state has been created in the P-CSCF or not.

NEXT CHANGE
8.2.2
Compression of SIP requests and responses transmitted to the UE

For all SIP transactions on a specific security association where the security association was established using a REGISTER request from the UE containing a P-Access-Network-Info header field which included a value of "3GPP-GERAN","3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", "3GPP-E-UTRAN-FDD", "3GPP-E-UTRAN-TDD", "3GPP2-1X", "3GPP2-1X-HRPD", "3GPP2-UMB", "IEEE-802.11", "IEEE-802.11a", "IEEE-802.11b", "IEEE-802.11g", "IEEE-802.11n", or "DVB-RCS2", and the UE has indicated that it supports SigComp and is willing to receive compressed messages in accordance with RFC 3486 [55], then the P-CSCF should compress the requests and responses transmitted to the UE according to subclause 8.2.1. In other cases where SigComp is supported, it need not.

NOTE:
Compression of SIP messages is an implementation option. However, compression is strongly recommended.

NEXT CHANGE
9
IP-Connectivity Access Network aspects when connected to the IM CN subsystem

9.1
Introduction

A UE accessing the IM CN subsystem and the IM CN subsystem itself utilises the services supported by the IP-CAN to provide packet-mode communication between the UE and the IM CN subsystem. General requirements for the UE on the use of these packet-mode services are specified in this clause.

Possible aspects particular to each IP-CAN is described separately for each IP-CAN.

9.2
Procedures at the UE

9.2.1
Connecting to the IP-CAN and P-CSCF discovery

Prior to communication with the IM CN subsystem, the UE shall:

a)
establish a connection with the IP-CAN;
b)
obtain an IP address using either the standard IETF protocols (e.g., DHCP or IPCP) or a protocol that is particular to the IP-CAN technology that the UE is utilising. The UE shall fix the obtained IP address throughout the period the UE is connected to the IM CN subsystem, i.e. from the initial registration and at least until the last deregistration; and
c)
acquire a P-CSCF address(es).


The UE may acquire an IP address via means other than the DHCP. In this case, upon acquiring an IP address, the UE shall request the configuration information (that includes the DNS and P-CSCF addresses) from the DHCP server through a single request and reply exchanged with the DHCP server.


The methods for acquiring a P-CSCF address(es) are:

I.
Employ Dynamic Host Configuration Protocol for IPv4 RFC 2131 [40A] or for IPv6 (DHCPv6) RFC 3315 [40]. Employ the DHCP options for SIP servers RFC 3319 [41] or, for IPv6, RFC 3361 [35A]. Employ the DHCP options for Domain Name Servers (DNS) RFC 3646 [56C].


The UE shall either:

-
in the DHCP query, request a list of SIP server domain names of P-CSCF(s) and the list of Domain Name Servers (DNS); or

-
request a list of SIP server IP addresses of P-CSCF(s).

II.
Obtain the P-CSCF address(es) by employing a procedure that the IP-CAN technology supports. (e.g. GPRS).
III.
The UE may use pre-configured P-CSCF address(es) (IP address or domain name). For example:
a.
The UE selects a P-CSCF from the list stored in ISIM or IMC;

b.
The UE selects a P-CSCF from the list in IMS management object.

NOTE:
Access-specific annexes provide additional guidance on the method to be used by the UE to acquire P-CSCF address(es).


When acquiring a P-CSCF address(es), the UE can freely select either method I or II or III. 

The UE may also request a DNS Server IP address(es) as specified in RFC 3315 [40] and RFC 3646 [56C] or RFC 2131 [40A].

9.2.2
Handling of the IP-CAN

The means to ensure that appropriate resources are available for the media flow(s) on the IP-CAN(s) related to a SIP session is dependant on the characteristics for each IP-CAN, and is described separately for each IP-CAN in question.

GPRS is described in annex B. I-WLAN is described in annex D. xDSL is described in annex E. DOCSIS is described in Annex H. EPS is described in annex L. cdma2000® packet data subsystem is described in Annex M. EPC via cdma2000® HRPD is described in annex O. cdma2000® Femtocell network is described in annex Q. DVB-RCS2 is described in Annex S. If a particular handling of the IP-CAN is needed for emergency calls, this is described in the annex for each access technology.
9.2.2A
P-CSCF restoration procedure

The UE may support P-CSCF restoration procedures.

An IP-CAN may provide means for detecting a P-CSCF failure.

An UE supporting the P-CSCF restoration procedure should either use the keep-alive procedures described in RFC 6223 [143] or the procedure provided by a IP-CAN for monitoring the P-CSCF status.

NOTE 1:
The UE can use other means to monitor the P-CSCF status, e.g. ICMP echo request/response. However, those other means are out of scope of this document.
NOTE 2:
A UE registered through the procedures described in RFC 5626 [92] can use the keep-alive mechanism to monitor the status of the P-CSCF. 
9.2.3
Special requirements applying to forked responses
Since the UE does not know that forking has occurred until a second provisional response arrives, the UE will request the radio/bearer resources as required by the first provisional response. For each subsequent provisional response that may be received, different alternative actions may be performed depending on the requirements in the SDP answer:

-
the UE has sufficient radio/bearer resources to handle the media specified in the SDP of the subsequent provisional response, or

-
the UE must request additional radio/bearer resources to accommodate the media specified in the SDP of the subsequent provisional response.

NOTE 1:
When several forked responses are received, the resources requested by the UE is the "logical OR" of the resources indicated in the multiple responses to avoid allocation of unnecessary resources. The UE does not request more resources than proposed in the original INVITE request.

NOTE 2:
When service-based local policy is applied, the UE receives the same authorization token for all forked requests/responses related to the same SIP session.
When an 199 (Early Dialog Terminated) response for the INVITE request is received for an early dialogue, the UE shall release reserved radio/bearer resources associated with that early dialogue.

When the first final 200 (OK) response for the INVITE request is received for one of the early dialogues, the UE proceeds to set up the SIP session using the radio/bearer resources required for this session. Upon the reception of the first final 200 (OK) response for the INVITE request, the UE shall release all unneeded radio/bearer resources.

NEXT CHANGE
A.1.3
Roles

Table A.2: Roles

	Item
	Roles
	Reference
	RFC status
	Profile status

	1
	User agent
	[26]
	o.1
	o.1

	2
	Proxy 
	[26]
	o.1
	o.1

	o.1:
It is mandatory to support exactly one of these items.

	NOTE:
For the purposes of the present document it has been chosen to keep the specification simple by the tables specifying only one role at a time. This does not preclude implementations providing two roles, but an entirely separate assessment of the tables shall be made for each role.


Table A.3: Roles specific to this profile

	Item
	Roles
	Reference
	RFC status
	Profile status

	1
	UE
	5.1
	n/a
	o.1

	1A
	UE containing UICC
	5.1
	n/a
	c5

	1B
	UE without UICC
	5.1
	n/a
	c5

	2
	P-CSCF
	5.2
	n/a
	o.1

	2A
	P-CSCF (IMS-ALG)
	[7]
	n/a
	c6

	3
	I-CSCF
	5.3
	n/a
	o.1

	3A
	void
	
	
	

	4
	S-CSCF
	5.4
	n/a
	o.1

	5
	BGCF
	5.6
	n/a
	o.1

	6
	MGCF
	5.5
	n/a
	o.1

	7
	AS
	5.7
	n/a
	o.1

	7A
	AS acting as terminating UA, or redirect server
	5.7.2
	n/a
	c2

	7B
	AS acting as originating UA
	5.7.3
	n/a
	c2

	7C
	AS acting as a SIP proxy
	5.7.4
	n/a
	c2

	7D
	AS performing 3rd party call control
	5.7.5
	n/a
	c2

	8
	MRFC
	5.8
	n/a
	o.1

	8A
	MRB
	5.8A
	n/a
	o.1

	9
	IBCF
	5.10
	n/a
	o.1

	9A
	IBCF (THIG)
	5.10.4
	n/a
	c4

	9B
	IBCF (IMS-ALG)
	5.10.5, 5.10.7
	n/a
	c4

	9C
	IBCF (Screening of SIP signalling)
	5.10.6
	n/a
	c4

	9D
	IBCF (Privacy protection)
	5.10.8
	n/a
	c4

	10
	Additional routeing functionality
	Annex I
	n/a
	c3

	11
	E-CSCF
	5.11
	n/a
	o.1

	11A
	E-CSCF acting as UA
	5.11.1, 5.11.2, 5.11.3
	n/a
	c7

	11B
	E-CSCF acting as a SIP Proxy
	5.11.1, 5.11.2
	n/a 
	c7

	12
	LRF
	5.12
	n/a
	o.1

	c2:
IF A.3/7 THEN o.2 ELSE n/a - - AS.

c3:
IF A.3/3 OR A.3/4 OR A.3/5 OR A.3/6 OR A.3/9 THEN o ELSE o.1 - - I-CSCF, S-CSCF, BGCF, MGCF, IBCF.

c4: 
IF A.3/9 THEN o.3 ELSE n/a - - IBCF.

c5:
IF A.3/1 THEN o.4 ELSE n/a - - UE.
c6:
IF A.3/2 THEN o ELSE n/a - - P-CSCF.
c7:
IF A.3/11 THEN o.5 ELSE n/a - - E-CSCF.
o.1:
It is mandatory to support exactly one of these items. 

o.2:
It is mandatory to support at least one of these items.

o.3:
It is mandatory to support at least one of these items.
o.4
It is mandatory to support exactly one of these items.
o.5:
It is mandatory to support exactly one of these items.

	NOTE:
For the purposes of the present document it has been chosen to keep the specification simple by the tables specifying only one role at a time. This does not preclude implementations providing two roles, but an entirely separate assessment of the tables shall be made for each role.


Table A.3A: Roles specific to additional capabilities

	Item
	Roles
	Reference
	RFC status
	Profile status

	1
	Presence server
	3GPP TS 24.141 [8A]
	n/a
	c1

	2
	Presence user agent
	3GPP TS 24.141 [8A]
	n/a
	c2

	3
	Resource list server
	3GPP TS 24.141 [8A]
	n/a
	c3

	4
	Watcher
	3GPP TS 24.141 [8A]
	n/a
	c4

	11
	Conference focus
	3GPP TS 24.147 [8B]
	n/a
	c11

	12
	Conference participant
	3GPP TS 24.147 [8B]
	n/a
	c6

	21
	CSI user agent
	3GPP TS 24.279 [8E]
	n/a
	c7

	22
	CSI application server
	3GPP TS 24.279 [8E]
	n/a
	c8

	31
	Messaging application server
	3GPP TS 24.247 [8F]
	n/a
	c5

	32
	Messaging list server
	3GPP TS 24.247 [8F]
	n/a
	c5

	33
	Messaging participant
	3GPP TS 24.247 [8F]
	n/a
	c2

	33A
	Page-mode messaging participant
	3GPP TS 24.247 [8F]
	n/a
	c2

	33B
	Session-mode messaging participant
	3GPP TS 24.247 [8F]
	n/a
	c2

	34
	Session-mode messaging intermediate node
	3GPP TS 24.247 [8F]
	n/a
	c5

	50
	Multimedia telephony service participant
	3GPP TS 24.173 [8H]
	n/a
	c2

	50A
	Multimedia telephony service application server
	3GPP TS 24.173 [8H]
	n/a
	c9

	51
	Message waiting indication subscriber UA
	3GPP TS 24.606 [8I]
	n/a
	c2

	52
	Message waiting indication notifier UA
	3GPP TS 24.606 [8I]
	n/a
	c3

	53
	Advice of charge application server
	3GPP TS 24.647 [8N]
	n/a
	c8

	54
	Advice of charge UA client
	3GPP TS 24.647 [8N]
	n/a
	c2

	55
	Ut reference point XCAP server for supplementary services
	3GPP TS 24.623 [8P]
	n/a
	c3

	56
	Ut reference point XCAP client for supplementary services
	3GPP TS 24.623 [8P]
	n/a
	c2

	57
	Customized alerting tones application server
	3GPP TS 24.182 [8Q]
	n/a
	c8

	58
	Customized alterting tones UA client
	3GPP TS 24.182 [8Q]
	n/a
	c2

	59
	Customized ringing signal application server
	3GPP TS 24.182 [8R]
	n/a
	c8

	60
	Customized ringing signel tone UA client
	3GPP TS 24.182 [8R]
	n/a
	c2

	61
	SM-over-IP sender
	3GPP TS 24.341 [8L]
	n/a
	c2

	62
	SM-over-IP receiver
	3GPP TS 24.341 [8L]
	n/a
	c2

	63
	IP-SM-GW
	3GPP TS 24.341 [8L]
	n/a
	c1

	71
	IP-SM-GW
	3GPP TS 29.311 [15A]
	n/a
	c10

	81
	MSC Server enhanced for ICS
	3GPP TS 24.292 [8O]
	n/a
	c12

	82
	ICS user agent
	3GPP TS 24.292 [8O]
	n/a
	c2

	83
	SCC application server
	3GPP TS 24.292 [8O]
	n/a
	c9

	84
	EATF
	3GPP TS 24.237 [8M]
	n/a
	c12

	85
	In-dialog overlap signalling application server
	Annex N.2, Annex N.3.3
	n/a
	c9

	86
	In-dialog overlap signalling UA client
	Annex N.2, Annex N.3.3
	n/a
	c2

	87
	Session continuity controller UE
	3GPP TS 24.237 [8M]
	n/a
	c2

	88
	ATCF (proxy)
	3GPP TS 24.237 [8M]
	n/a
	c13 (note 4)

	89
	ATCF (UA)
	3GPP TS 24.237 [8M]
	n/a
	c12 (note 4)

	91
	Malicious communication identification application server
	3GPP TS 24.616 [8S]
	n/a
	c9

	c1:
IF A.3/7A AND A.3/7B THEN o ELSE n/a - - AS acting as terminating UA, or redirect server and AS acting as originating UA.

c2:
IF A.3/1 THEN o ELSE n/a - - UE.

c3:
IF A.3/7A THEN o ELSE n/a - - AS acting as terminating UA, or redirect server.

c4:
IF A.3/1 OR A.3/7B THEN o ELSE n/a - - UE or AS acting as originating UA.

c5:
IF A.3/7D AND A.3/8 THEN o ELSE n/a - - AS performing 3rd party call control and MRFC (note 2).

c6:
IF A.3/1 OR A.3A/11 THEN o ELSE n/a - - UE or conference focus.

c7:
IF A.3/1 THEN o ELSE n/a - - UE.

c8:
IF A.3/7D THEN o ELSE n/a - - AS performing 3rd party call control.
c9:
IF A.3/7A OR A.3/7B OR A.3/7C OR A.3/7D THEN o ELSE n/a - - AS acting as terminating UA, or redirect server, AS acting as originating UA, AS acting as a SIP proxy, AS performing 3rd party call control.
c10:
IF A.3/7A OR A.3/7B OR A.3/7D THEN o ELSE n/a - - AS acting as terminating UA, or redirect server, AS acting as originating UA, AS performing 3rd party call control.
c11:
IF A.3/7D THEN o ELSE n/a - - AS performing 3rd party call control.
c12:
IF A.2/1 THEN o ELSE n/a - - UA.
c13:
IF A.2/2 THEN o ELSE n/a - - proxy.

	NOTE 1:
For the purposes of the present document it has been chosen to keep the specification simple by the tables specifying only one role at a time. This does not preclude implementations providing two roles, but an entirely separate assessment of the tables shall be made for each role.

NOTE 2:
The functional split between the MRFC and the AS for page-mode messaging is out of scope of this document and they are assumed to be collocated.
NOTE 3:
A.3A/63 is an AS providing the IP-SM-GW role to support the transport level interworking defined in 3GPP TS 24.341 [8L]. A.3A/71 is an AS providing the IP-SM-GW role to support the service level interworking for messaging as defined in 3GPP TS 29.311 [15A].
NOTE 4:
An ATCF shall support both the ATCF (proxy) role and the ATCF (UA) role.


Table A.3B: Roles with respect to access technology

	Item
	Value used in P-Access-Network-Info header field
	Reference
	RFC status
	Profile status

	1
	3GPP-GERAN
	[52] 4.4
	o
	c1

	2
	3GPP-UTRAN-FDD
	[52] 4.4
	o
	c1

	3
	3GPP-UTRAN-TDD
	[52] 4.4
	o
	c1

	4
	3GPP2-1X
	[52] 4.4
	o
	c1

	5
	3GPP2-1X-HRPD
	[52] 4.4
	o
	c1

	6
	3GPP2-UMB
	[52] 4.4
	o
	c1

	7
	3GPP-E-UTRAN-FDD
	[52] 4.4
	o
	c1

	8
	3GPP-E-UTRAN-TDD
	[52] 4.4
	o
	c1

	9
	3GPP2-1X-Femto
	[52] 4.4
	o
	c1

	11
	IEEE-802.11
	[52] 4.4
	o
	c1

	12
	IEEE-802.11a
	[52] 4.4
	o
	c1

	13
	IEEE-802.11b
	[52] 4.4
	o
	c1

	14
	IEEE-802.11g
	[52] 4.4
	o
	c1

	15
	IEEE-802.11n
	[52] 4.4
	o
	c1

	21
	ADSL
	[52] 4.4
	o
	c1

	22
	ADSL2
	[52] 4.4
	o
	c1

	23
	ADSL2+
	[52] 4.4
	o
	c1

	24
	RADSL
	[52] 4.4
	o
	c1

	25
	SDSL
	[52] 4.4
	o
	c1

	26
	HDSL
	[52] 4.4
	o
	c1

	27
	HDSL2
	[52] 4.4
	o
	c1

	28
	G.SHDSL
	[52] 4.4
	o
	c1

	29
	VDSL
	[52] 4.4
	o
	c1

	30
	IDSL
	[52] 4.4
	o
	c1

	41
	DOCSIS
	[52] 4.4
	o
	c1

	51
	DVB-RCS2
	[52] 4.4
	o
	c1

	c1:
If A.3/1 OR A.3/2 THEN o.1 ELSE n/a - - UE or P-CSCF.

o.1:
It is mandatory to support at least one of these items.


Table A.3C: Modifying roles
	Item
	Roles
	Reference
	RFC status
	Profile status

	1
	UE performing the functions of an external attached network
	4.1
	
	

	NOTE:
This table identifies areas where the behaviour is modified from that of the underlying role. Subclause 4.1 indicates which underlying roles are modified for this behaviour.


Table A.3D: Roles with respect to security mechanism
	Item
	Security mechanism
	Reference
	RFC status
	Profile status

	1
	IMS AKA plus IPsec ESP
	clause 4.2B.1
	n/a
	c1

	2
	SIP digest plus check of IP association
	clause 4.2B.1
	n/a
	c2

	3
	SIP digest plus Proxy Authentication
	clause 4.2B.1
	n/a
	c2

	4
	SIP digest with TLS
	clause 4.2B.1
	n/a
	c2

	5
	NASS-IMS bundled authentication
	clause 4.2B.1
	n/a
	c2

	6
	GPRS-IMS-Bundled authentication
	clause 4.2B.1
	n/a
	c2

	7
	Trusted node authentication
	clause 4.2B.1
	n/a
	c3

	20
	End-to-end media security using SDES
	clause 4.2B.2
	o
	c5

	21
	End-to-end media security using KMS
	clause 4.2B.2
	o
	c5

	30
	End-to-access-edge media security using SDES
	clause 4.2B.2
	n/a
	c4

	c1:
IF (A.3/1A OR A.3/2 OR A.3/3 OR A.3/4) THEN m ELSE IF A.3/1B THEN o ELSE n/a - - UE containing UICC or P-CSCF or I-CSCF or S-CSCF, UE without UICC.

c2:
IF (A.3/1 OR A.3/2 OR A.3/3 OR A.3/4) THEN o ELSE n/a - - UE or P-CSCF or I-CSCF or S-CSCF.

c3:
IF (A.3/3 OR A.3/4) THEN o ELSE n/a - - I-CSCF or S-CSCF.
c4:
IF (A.3/1 OR A.3/2A) THEN o ELSE n/a - - UE or P-CSCF (IMS-ALG).

c5:
IF A.3/1 THEN o - - UE.


NEXT CHANGE
Annex S (normative):
IP-Connectivity Access Network specific concepts when using DVB-RCS2 to access IM CN subsystem

S.1
Scope

The present annex defines IP-CAN specific requirements for a call control protocol for use in the IP Multimedia (IM) Core Network (CN) subsystem based on the Session Initiation Protocol (SIP), and the associated Session Description Protocol (SDP), where the IP-CAN is DVB-RCS2 satellite access network. 

DVB-RCS2 (Second Generation DVB Interactive Satellite System) is a term referring to the ETSI standard [193], [194], [195] for 2nd generation DVB satellite based access network technology with a return channel for two-way communication.

S.2
DVB-RCS2 aspects when connected to the IM CN subsystem

S.2.1
Introduction

A UE accessing the IM CN subsystem, and the IM CN subsystem itself, utilise the services provided by the DVB-RCS2 satellite access network to provide packet-mode communication between the UE and the IM CN subsystem.

From the perspective of the UE, the necessary IP-CAN bearer for signalling is transparently available to the UE.

The UE is not directly involved in requests for IP-CAN bearer(s) for media flow(s). The IM CN interacts with the PCRF in the DVB-RCS2 IP-CAN to establish IP-CAN bearer(s) for media flow(s), on behalf of the UE.

S.2.2
Procedures at the UE

S.2.2.1
Activation and P-CSCF discovery

Prior to communication with the IM CN subsystem, the UE shall:

a)
establish a connection to a DVB-RCS2 RCST depending on local configuration; the RCST shall have completed the RCST commissioning and initialization procedures as described in [195], and thus have achieved IP connectivity to the NCC of an SVN;

b)
obtain an IP address using either the standard IETF protocols (e.g., DHCP or IPCP) or a protocol that is particular to the SVN that deploys the NCC to which the RCST is connected. The UE shall fix the obtained IP address throughout the period the UE is connected to the IM CN subsystem, i.e. from the initial registration and at least until the last deregistration; and

c)
acquire a P-CSCF address(es), according to one of the methods described in clause 9.2.1; the method available to the UE is determined by the SVN to which the RCST is connected.

S.2.2.1A
Modification of IP-CAN bearer used for SIP signalling

Not applicable.

S.2.2.1B
Re-establishment of IP-CAN bearer used for SIP signalling

Not applicable.

S.2.2.1C
P-CSCF restoration procedure

A UE supporting the P-CSCF restoration procedure uses the keep-alive procedures described in RFC 6223 [143].

If the P-CSCF fails to respond to keep-alive requests the UE shall acquire a different P-CSCF address using any of the methods described in the subclause S.2.2.1 and perform an initial registration as specified in subclause 5.1. 

S.2.2.2
Void

S.2.2.3
Void

S.2.2.4
Void

S.2.2.5
Handling of the IP-CAN for media

S.2.2.5.1
General requirements

The UE does not directly request resources for media flow(s). 

S.2.2.5.1A
Activation or modification of IP-CAN for media by the UE

Not applicable.

S.2.2.5.1B
Activation or modification of IP-CAN for media by the network

Not applicable.

S.2.2.5.1C
Deactivation of IP-CAN for media

Not applicable.

S.2.2.5.2
Special requirements applying to forked responses

The UE does not directly request resources for media flow(s). As a result there are no special UE requirements applying to forked responses.

S.2.2.5.3
Unsuccessful situations

Not applicable.

S.2.2.6
Emergency service

Emergency service is not supported when the IP-CAN is a DVB-RCS2 satellite access network.

S.2A
Usage of SDP

S.2A.0
General

Not applicable.

S.2A.1
Impact on SDP offer / answer of activation or modification of satellite bearer for media by the network

Not applicable.

S.2A.2
Handling of SDP at the terminating UE when originating UE has resources available and IP-CAN performs network-initiated resource reservation for terminating UE

Not applicable.

S.2A.3
Emergency service

No additional procedures defined.

S.3
Application usage of SIP

S.3.1
Procedures at the UE

S.3.1.1
P-Access-Network-Info header field

The UE may, but need not, include the P-Access-Network-Info header field where indicated in subclause 5.1.

S.3.1.2
Availability for calls

Not applicable.

S.3.1.2A
Availability for SMS

Void.

S.3.1.3
Authorization header field

Void
S.3.2
Procedures at the P-CSCF

S.3.2.1
Determining network to which the originating user is attached

In order to determine from which network the request was originated the P-CSCF shall check if the location information received in the network provided and/or UE provided "dvb-rcs2-node-id" parameter in the P-Access-Network-Info header field(s) indicates that the UE is connected to the same network as the P-CSCF or not.

NOTE 1:
If local policy does not require the insertion of P-Access-Network-Info header field in the P-CSCF even if it is missing in the received initial request, the P-CSCF can assume that the request is initiated by a UE in the same network as the P-CSCF.

NOTE 2:
If the location information in the network provided and UE provided "dvb-rcs2-node-id" parameters (in a request that includes two P-Access-Network-Info header fields) is contradictory, or the two P-Access-Network-Info header fields indicate different access types the P-CSCF ignores either the network provided or the UE provided information according to operator policy.

S.3.2.2
Location information handling

Upon receipt of an initial request for a dialog or standalone transaction or an unknown method, the P-CSCF based on local policy may include a P-Access-Network-Info header field. The value of the "dvb-rcs2-node-id" parameter shall be provided by the IP-CAN.

S.3.3
Procedures at the S-CSCF

S.3.3.1
Notification of AS about registration status 

Not applicable

S.4
3GPP specific encoding for SIP header field extensions

Void.

S.5
Use of circuit-switched domain

There is no CS domain in this access technology.
END OF CHANGES
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