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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

HTTP
HyperText Transfer Protocol

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
IMSoAC
IMS over Avian Carriers
IMSVoPS
IMS Voice over PS Session

IOI
Inter Operator Identifier
IP
Internet Protocol

IP-CAN
IP-Connectivity Access Network
IPoAC
IP over Avian Carriers
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, S and T.

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 *****
Annex T (normative):
IP-Connectivity Access Network specific concepts when using IPoAC to access IM CN subsystem

T.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 IPoAC [x]. The IPoAC IP-CAN is a network which does not even require GERAN, UTRAN and E-UTRAN radio access networks. 
T.2
IPoAC aspects when connected to the IM CN subsystem

T.2.1
Introduction

A UE accessing the IM CN subsystem, and the IM CN subsystem itself, utilise the services provided by IPoAC to provide packet-mode communication between the UE and the IM CN subsystem.

Requirements for the UE on the use of these packet-mode services are specified in this clause.

When using the IPoAC, each IP-CAN bearer is provided by means of identification of avian carrier. Avian Carrier with QoS as specified in RFC2549 [y] may be used.

It is assumed that there is a person standing in front of P-CSCF in order to support IPoAC interworking.  The details of such interworking entity are out of scope of 3GPP.

It is assumed IMSoAC does not require any security mechanisms.
T.2.2
Procedures at the User
T.2.2.1
Establishment of IP-CAN bearer and P-CSCF discovery

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

a)
fetch an avian carrier;
b)
ensure that the avian carrier fetched is alive and is well-fed;


The user shall choose one of the following options when performing establishment of this bearer:

I.
A dedicated avian carrier for SIP signalling:


The user shall indicate to the network that this is a avian carrier intended to carry IM CN subsystem-related signalling only by setting the IM CN Subsystem Signalling Flag. 
II.
A general-purpose avian carrier:


The user may decide to use a general-purpose avian carrier to carry IM CN subsystem-related signalling. The user shall indicate to the network that this is a general-purpose avian carrier by not setting the IM CN Subsystem Signalling Flag. Both signalling and media can be carried on the general-purpose avian carrier.
Upon successful signalling of avian carrier exchange, the user receives an indication from the network in the form of an IM CN Subsystem Signalling Flag. If the flag is not received, the UE shall consider the avian carrier as a general-purpose avian carrier.

The encoding of the IM CN Subsystem Signalling Flag is defined as a piece of white cloth tied to the avian carrier’s right leg.
NOTE 1:
Specific material for the cloth is left to operator policy.

NOTE 2:
Care should be taken when attaching the IM CN Subsystem Signalling Flag to the avian carrier to avoid unwanted downloads onto the user's clothes and to avoid congestion around the cricoid cartilage in order to avoid premature termination of the avian carrier.

Avian carriers do not need to discover P-CSCF address(es), as they have innate homing ability.
T.2.2.1A
Modification of an IP-CAN bearer used for SIP signalling

The IP-CAN bearer shall not be modified from a dedicated avian carrier for SIP signalling to a general-purpose avian carrier or vice versa.
T.2.2.1B
Re-establishment of the IP-CAN bearer for SIP signalling

If:

1)
the dedicated avian carrier for SIP signalling is no longer available due to e.g. being eaten by hawks, being shot at by a red neck, made into a tasty meal in that restaurant across the road from that meeting hotel in Shenzhen;

2)
bearer establishment is controlled by the UE; and

3)
there are other avian carriers available in the cage,

Then the user shall attempt to re-establish the dedicated avian carriers for SIP signalling. If this procedure does not suck seed, the user shall give up and use the postal service instead.

T.2.2.1C
P-CSCF restoration procedure
IMSoAC does not support P-CSCF restoration procedure.

T.2.2.2
Void
T.2.2.3
Void
T.2.2.4
Void
T.2.2.5
IP-CAN bearer for media

T.2.2.5.1
General requirements

The user can establish media streams that belong to different SIP sessions on the same avian carrier.

During establishment of a session, the user establishes data streams(s) for media related to the session. Such data stream(s) may result in activation of additional avian carrier(s). Such additional avian carrier(s) shall be established as secondary avian carriers associated to the avian carriers used for signalling. Such secondary avian carriers for media can be established either by the user or the network. The secondary avian carriers are identified by the red cloth tied to the left leg of an avian carrier.
NOTE:
Specific material for the cloth is left to operator policy.
T.2.2.5.1A
Activation or modification of IP-CAN for media by the User
If the user is determined not to initiate resource allocation for media according to 3GPP TS 24.167 [8G] and both UE and network are allowed to establish the secondary avian carrier(s), then the user shall refrain from establishing the secondary avian carrier(s) for media and from modifying existing avian carriers for media until the UE considers that the network did not initiate resource allocation for the media.
T.2.2.5.1B
Void
T.2.2.5.1C
Void

T.2.2.5.2
Void
T.2.2.5.3
Void
T.2.2.6
Emergency service

When emergency call is made, the avian carrier carries a piece of yellow cloth tied to either leg, which indicates SOS.  Consideration for the mapping between Emergency SIP URIs and emergency types stored in the UE/USIM, or any considerations for locally defined emergency numbers are not necessary.
NOTE 1:
As an operator policy decision and subject to local and regional regulations, the user may proritise the emergency avian carrier over any other avian carriers by means of genetically modified avian carrier with abilities to fly faster.
NOTE 2:
As an operator policy decision and subject to local and regional regulations, avian carriers that can chirp like a siren may be used.
NOTE 3:
Specific material for the cloth is left to operator policy.
T.2A
Usage of SDP

T.2A.0
Void
T.2A.1
Impact on SDP offer / answer of activation or modification of IP-CAN Bearer for media by the network

If due to the activation of IP-CAN bearer from the network the related SDP media description needs to be changed the user shall update the related SDP information by sending a new SDP offer within a SIP request, which is sent over the existing SIP dialog.
If the user receives a modification request from the network for a IP-CAN bearer that is used for one or more media streams in an ongoing SIP session, the user shall:

1)
if, due to the modification of the IP-CAN bearer  indicated in a written letter, the related SDP media description needs to be changed, the related SDP information shall be updated by sending a new SDP offer within a SIP request over the existing SIP dialog and respond to the PDP context modification request.

NOTE:
The user can decide to indicate additional media streams as well as additional or different codecs in the SDP offer than those used in the already ongoing session.

T.2A.2
Void
T.2A.3
Void

T.3
Application usage of SIP

T.3.1
Procedures at the UE

T.3.1.1
P-Access-Network-Info header field
The use of P-Access-Network-Info header field is not required, as network can easily tell that the IP-CAN is avian carrier.
T.3.1.2
Availability for calls

Avian Carrier is always available for calls.

T.3.1.2A
Availability for SMS

Avian Carrier is always available for SMS.

T.3.1.3
Void
T.3.2
Procedures at the Network
T.3.2.1
Determining network to which the originating user is attached
In order to determine from which network the request was originated, the Network (e.g. the person standing in front of P-CSCF) shall check if the avian carrier is alive and the avian carrier has any name tag on it.
T.3.2.2
Void
T.3.2.3
Void
T.3.3
Void
T.3.3.1
Void
T.4
3GPP specific encoding for SIP header field extensions

T.4.1
Void

T.5
Void
***** End of change *****
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