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1
Scope

The present document contains a high-level description of the 3GPP Release 6 (R6) Features.
Its latest version is available at: http://www.3gpp.org/ftp/Information/WORK_PLAN/Description_Releases/
3GPP Release Timeline

· 3GPP synchronizes specification development into releases

· Releases cover the areas of:

· Accesses (GSM, EDGE, HSPA, UMTS, LTE, LTE-Advanced, etc.)

· Core Network (GSM Core, EPC)

· Services (IMS, MMTel)
[image: image16.wmf]
For each Feature (or independent item), references are given to guide the reader on how to deepen the subject: the Work Item Description (WID) as well as the list of impacted specifications is provided at the beginning of each clause describing the feature. The impact of a given feature on a particular specification is described in the Change Request (CR) list, which can be found at the end of the respective specification, or alternatively in the CR database, which contains the full list of CRs for all 3GPP specifications.

Chapter 2 of the present document contains global references, and provides links towards the 3GPP Specifications, the meeting contributions, the Work Plan, the Work Item Descriptions (WIDs) and the CR database.

2
References

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

2.1
Specifications

Global information on the Specifications (also called "specs") can be found at:

http://www.3gpp.org/specs/specs.htm
The latest versions of all 3GPP specifications, containing the most recent corrections and additions, are available at:

http://www.3gpp.org/ftp/Specs/latest/
For specific purposes, older versions might be needed. These versions are available at:

http://www.3gpp.org/ftp/Specs/Archive/
where the specifications are sorted by series and then by folders containing all the available versions of a given spec (one folder per spec), for all Releases.

2.2
Tdocs

The Temporary Documents (tdocs) are mainly the original papers written by the 3GPP Members, and are the inputs for elaborating the specs. They are available (sorted by 3GPP technical groups (Technical Specification Groups (TSGs) and Working Groups (WGs)) at:

http://www.3gpp.org/ftp/
starting with 'tsg....'.

2.3
Work Plan, Work Items and Study Items

Work Item Description ("WID") (also called WI Description) and Study Item (also called "Feasibility Studies") are forms which initial version provides the target to be reached before starting the technical work. Potential subsequent versions narrow the target and foreseen completion date according the actual progress. They are stored in:

http://www.3gpp.org/ftp/Information/WI_sheets/
The 3GPP Work Plan is a living document, updated roughly each month, which contains the full list of Work Items and Study Items, as well as summary information for each WI, as: the WG in charge of it, its starting date and (foreseen or actual) completion date, the actual progress, etc. The Work Plan is available at:

http://www.3gpp.org/ftp/Information/WORK_PLAN/
2.4
Change Request database

A specification is originally drafted and maintained by a rapporteur, who compiles the contents from discussions in the WGs and TSGs. When it is considered to be 80% complete, it is brought under a so-called "change control" process. After this, changes to the specification can only be made using Change Requests that are usually agreed by consensus in the Working Group responsible for the specification, and then formally approved by the relevant Technical Specification Group.

The Change Request database contains all available information on Change Requests, including a Work Item code, a Change Request number that is unique within the specification (different versions are possible, but only one can ever be approved), the status of each Change Request and references to relevant temporary document numbers and meetings. This database is available in:

http://www.3gpp.org/ftp/Information/Databases/Change_Request/
Further information on CR is available at:

http://www.3gpp.org/specs/CR.htm
3
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. 
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [1].
AMC
Adaptive Modulation and Coding schemes

AN
Access Network

ARQ
Automatic Retransmission Query

BICC
Bearer Independent Call Control
BS
Base Station

BSS
Base Station Subsystem

CAMEL
Customised Applications for Mobile network Enhanced Logic

CC
Call Control

CDMA
Code Division Multiple Access

CDR
Charging Data Record

CN
Core Network

CS
Circuit Switched

DSCH 
Downlink Shared CHannel

EMS
Enhanced Messaging Service

E-OTD
Enhanced Observed Time Difference

FCS
Fast Cell Selection

FDD
Frequency Division Duplex 

FS
Feasibility study 

GERAN
GSM/EDGE Radio Access Network 

GPRS
General Packet Radio Service

GPS
Global Positioning System
GSM
Global System for Mobile communications
GUP
Generic User Profile
IMS
IP Multimedia Subsystem

ISDN
Integrated Services Digital Network

JPEG
Joint Picture Expert Group

LCS
Location Services

MAC
Medium Access Control

MAP
Mobile Application Part

MBMS
Multimedia Broadcast and Multicast Service
ME
Mobile Equipment

MIMO
Multiple Input Multiple Output antenna processing

MM
Mobility Management

MMS
Multimedia Messaging Service

MS
Mobile Station

MSC
Mobile Switching Centre 

MT
Mobile Termination

NDS
Network Domain Security 

NSS
Network Sub System
OoBTC
Out of Band Transcoder Control

PCM
Pulse Code Modulation

PDCP
Packet Data Convergence Protocol

PDN
Packet Data Network

PLMN
Public Land Mobile Network

PoC
Push to talk over Cellular

PS
Packet Switched

QoS
Quality of Service

RAB
Radio Access Bearer

RAN
Radio Access Network

RANAP
Radio Access Network Application Part

RB
Radio Bearer

RLC
Radio Link Control

RRC
Radio Resource Control

RRM
Radio Resource Management

RTP
Real Time Protocol

SAP
Service Access Points

SAT
SIM Application Toolkit

SCUDIF
Service Change and UDI Fallback

SGSN
Serving GPRS Support Node

SIP
IETF's Session Initiated Protocol

SMS
Short Message Service

TA
Timing Advance 

TDD
Time Division Duplex

TE
Terminal Equipment

TFO
Tandem Free Operation

TrFO
Transcoder Free Operation

UE
User Equipment

UICC
Universal IC Card

UMTS
Universal Mobile Telecommunication System

USAT
USIM Application Toolkit

UTRA
Universal Terrestrial Radio Access

UTRAN
UMTS Terrestrial Radio Access Network

W-CDMA
Wideband Code Division Multiple Access

4
New Features applicable to UMTS and GSM

4.1
Multimedia Broadcast and Multicast Service (MBMS)
A.
Overall description of MBMS
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In both GERAN and UTRAN, one early functionality that allowed to deliver content to multiple users in a point-to-multipoint way was the SMS Cell Broadcast Service (defined since GSM Phase 1 and UTRAN Rel-99). This service was delivered to all users in a cell, over a shared broadcast channel. Hence it was allowing typically only low bit rate information. MBMS adds important functionalities to the concept of sharing radio and core network resources in the Packet Switched domain by introducing a multicast mode (in addition to the broadcast mode), which enables data to be delivered to only a set of users within a service area, and to charge accordingly.

In this mode, the network knows how many users have joined a given MBMS service through a counting procedure:

· In the UTRAN, this allows the network to select between point-to-point or point-to-multipoint transmission (on a cell by cell basis), opting for the most resource-efficient way.

· In the GERAN, on the other hand, this allows the network to select between transmission with user feedback and transmission without user feedback (on a cell by cell basis).
Services relying on MBMS are classified in three categories:

· Streaming services (e.g. audio or video),

· File download services,

· Carousel services. This type of service combines aspects of the two previous ones: for example data provided to a user repetitively and updated at certain times to reflect changing circumstances, or still images collated to display low frame-rate video.
In the standard, "MBMS" refers to the MBMS Bearer Service, whereas "MBMS user service" defines the MBMS Teleservice. A MBMS user service consists of multiple successive broadcast- or multicast sessions. It is possible to associate different Quality of Service (and hence different applications) to each session. Also, it is possible that one application-independent MBMS transport service is used by more than one MBMS user service at a time, as shown below:
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Each service may involve a succession of sessions. Each session involves a session start and session stop:
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Specific MBMS Rel-6 application codecs are introduced, like for example audio codecs Extended AMR-WB (AMR-WB+), Enhanced aacPlus and video codec H.264/AVC. The definition of the media codecs, formats and transport/application protocols using MBMS are detailed in next section.
When a UE activates one MBMS multicast service (through the Non Access Stratum procedure MBMS Service activation), the Core Network becomes aware of the UEs which have activated this MBMS service and a UE context is created in the Core Network (applicable to UTRAN only). 
In UTRAN only, when the UE-activated MBMS multicast service establishes the Radio Resource Control (RRC) connection to the Packet-Switched Core Network, the UE and the service activation are linked together in the RNC by the Core Network. This process is known as UE Linking, which enables the activation of the RNC registration procedure in case of Iur mobility.
When the UE has joined at least one MBMS multicast service and/or activated the broadcast mode of the MBMS, it is known as active.
The Allocation and Retention Priority (coming from the Core Network) allows for prioritisation between MBMS bearer services and between MBMS bearer services and non MBMS bearer services in the radio interface.
The point-to-point transmission is used only in the multicast mode of MBMS. The point-to-multipoint transmission is used both for the broadcast and for the multicast mode of MBMS. MBMS point-to-point transmission is available only in the UTRAN (where Rel-99 bearers are re-used).
As stated earlier, the MBMS Counting (or Access Control) procedure is used in the multicast mode to know how many users have joined a given multicast service and determine in turn the optimum transmission mechanism on a per-cell basis (point-to-point or point-to-multipoint in the UTRAN; with feedback or without feedback in the GERAN) for a given session. MBMS service users are hence prompted to reply to the network. In UTRAN, the ratio of UEs replying to the prompt is controlled by a "probability factor". This factor optimises the use of the resource by avoiding the systematic transmission of all the requests and of their respective UE replies.
The architecture model for MBMS is as follow. A new functional node is introduced in the Core Network, the Broadcast-Multicast Service Centre (BM-SC):
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The BM-SC provides functions for MBMS user service provisioning and delivery. It serve as an entry point for PLMN-internal and external MBMS Content Providers, where it is used to authorise and initiate MBMS Bearer Services within the PLMN and to schedule and deliver MBMS transmissions. The download delivery method is based on the File deLivery over Unidirectional Transport (FLUTE) protocol (IETF RFC 3926). The streaming delivery method is based on the Real-Time transport Protocol (RTP).
More precisely, the BM-SC provides five sub-functions:

· It handles the authorisations and generates the charging records (Membership function);

· It schedules the MBMS sessions and transmissions (Session and Transmission function);

· It acts as a proxy agent for signalling between GGSNs and other BM-SC sub-functions, transparent to the GGSNs. It generates the charging records for content provider charging of transmitted data (Proxy and Transport function);

· It provides service announcements for multicast and broadcast user services, e.g. session descriptions and time of transmission by means of e.g. SMS or SMS-CB, URL, PUSH mechanism. The service announcements may be triggered by the BM-SC but are not necessarily sent by the BM-SC (Service Announcement function); and

· It handles, with the UE, nearly all the security functionality for MBMS, except for the normal network bearer security, offering authentication, key distribution and data protection for a MBMS User Service (Security function).
Information on the Gi interface is routed to the UE transparently via the GGSN, while information on the Gmb interface interconnects to the GGSN. Hence two distinct interfaces are represented between GGSN and BM-SC in the architecture model.
It is possible for the same MBMS user service to transfer its data on separate MBMS bearer services for 2G or 3G coverage (possibly with different QoS). In this case two IP multicast addresses are allocated for the same MBMS service. This is done by the BM-SC delivering two sets of MBMS data and sending independent session start messages for each of the MBMS bearer service. The content may in turn be delivered in both coverage areas (or 2G, or 3G only if needed).
On the UTRAN radio interface, for the point-to-point transmission, the Rel-99 UTRAN logical channels are re-used. For the point-to-multipoint transmission, three new logical channels are introduced:

· MBMS point-to-multipoint Control Channel (MCCH). Used for control plane information and sent to UEs with an activated MBMS service (i.e. UEs who have joined the service).

· MBMS point-to-multipoint Traffic Channel (MTCH). For user plane information, sent to UEs with activated MBMS service.

· MBMS point-to-multipoint Scheduling Channel (MSCH). Control plane information dealing with MBMS Service transmission schedule.
Those three new UTRAN logical channels are mapped to the already existing Forward Access Channel, FACH (transport channel). They are all mapped in turn to the (already existing for the Rel-99) Secondary Common Control Physical Channel (SCCPCH).

Hence, MBMS has small impact to the UTRAN physical layer (RAN WG1) specifications. However, MBMS in UTRAN introduces soft combining option at physical layer and selection combining option at (UTRAN) Radio Link Control (RLC) level, which in turn triggers new Layer 1 requirements. Unacknowledged Mode RLC (with re-ordering) is used for MBMS. Soft combining is also performed at transport channel level. In the TDD mode, the concept of timeslot set is used to allow this.
In GERAN a new logical channel is defined, the MPRACH: it is used during the initial counting procedure. Existing GPRS and EGPRS coding schemes are re-used. The GERAN Radio Link Control (RLC) protocol operates in the newly created non-persistent mode for point-to-multipoint transmission.
The MBMS UE capability is not sent to the UTRAN, however minimum MBMS UE capabilities are defined, in terms of parallel channels that the UE may operate/monitor. Minimum MBMS MS capabilities are also defined for the GERAN, so that an MBMS-capable MS shall be able to receive at least one MBMS service. The reception of multiple sessions depends on the capabilities of the MS. If an MBMS-capable MS supports multiple TBF procedures, it shall be able to support the reception of multiple sessions.
In addition, in UTRAN, the autonomous UE cell reselection may also be affected by MBMS (if needed). The Frequency Layer Convergence functionality allows the UTRAN to request UEs to preferentially re-select to the frequency layer on which the MBMS service is intended to be transmitted, by use of oFFSet and target frequency. This may be used both with or without the already existing Hierarchical Cell Structure (HCS). Symmetrically, Frequency Layer Dispersion (FLD) denotes the process where the UTRAN is able to redistribute UEs across the frequencies after the end of the MBMS session.
In GERAN, the service outage which can be experienced at a cell re-selection by an MS, involved in the reception of one or more MBMS sessions, may be remarkably reduced via the Fast Reception Resumption procedure. 
This procedure allows for delivering information on the MBMS radio bearers established in the neighbouring cells and relevant to the MBMS sessions the MS is receiving in the serving cell. 
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Following on development of MBMS specifications that define the bearer service for MBMS, there is the need to define MBMS user services that use such bearer. This implies the specification of a limited set of media codecs, formats and transport/application protocols for MBMS. This work takes into consideration the need to maximize the reuse of existing features of other 3GPP services (e.g., PSS, MMS). The impact of DRM is also taken into account. 
TS 22.246 defines possible application scenarios, including classifications of MBMS user services, common requirements for multicast and broadcast services, and service requirements. The use case examples also provide guidance on quality of service expectations for the benefit of the radio access networks groups. 

TS 26.346 defines several aspects: 

· The MBMS Download delivery method, based on the IETF FLUTE protocol. 

· The MBMS Streaming delivery method, based on RTP (without the usage of RTCP in uplink). 

· Some error robustness mechanisms, in particular a full file repair procedure for MBMS download. This is based on point-to-point HTTP requests and responses to deliver to the receiver(s) the missed packets during the first multicast/broadcast transmission. This solution is particularly efficient and scalable over a large number of receivers. As for the FEC (Forward Error Correction) scheme for MBMS download and streaming, Raptor is the single mandatory one, also specified in TS 26.346.

· The service announcement, described above, using the FLUTE delivery method to be delivered via broadcast/multicast , SMS or HTTP pull. 

· The Media codecs. The intention is that of reusing the available codecs from other services (e.g., MMS, PSS, Conversational Multimedia), in order to increase the level of interoperability. Currently the set of codecs has been selected. 

· The reception reporting, enabling content delivery verification and user Quality of Experience reporting.
TR 26.946 describes application and architectural aspects of MBMS user services.

TR 26.936 describes the Performance characterization of the Enhanced aacPlus and Extended Adaptive Multi-Rate - Wideband (AMR-WB+) audio codecs.

In addition, MBMS-specific security aspects have been developed by SA3 in 33.246.
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	Document
	Title/Contents

	SP-030712
	WLAN Interworking WID

	SP-020542
	WLAN Interworking – Architecture Definition and stage 2 definition of WLAN access and Interworking

	SP-020514
	WLAN Interworking Security WID

	SP-040778
	Charging management for the service domain (CH-SC)

	NP-030490
	WLAN Interworking – stage 3 definition of WLAN – 3GPP interworking

	TP-030185
	USIM enhancements for WLAN Interworking

	Impacted Specifications

	TS 22.101
	Service aspects; Service principles

	TS 22.105
	Services and service capabilities

	TS 21.133
	3G security; Security threats and requirements

	TS 33.106
	Lawful interception requirements

	TS 33.107
	3G security; Lawful interception architecture and functions

	TS 33.108
	3G security; Handover interface for Lawful Interception (LI)

	TS 33.200
	Security principles for the UMTS

	TS 33.210
	3G security; NDS; IP network layer security

	TS 33.203
	3G security; Access security for IP-based services

	TS 29.061
	Interworking between the PLMN supporting packet based services and PDNs

	New Dedicated Specifications/Reports

	TS 22.934
	Feasibility study on 3GPP system to WLAN interworking

	TS 22.234
	Requirements on 3GPP system to WLAN interworking

	TS 23.234
	3GPP-WLAN interworking Stage 2

	TS 29.234
	3GPP system to WLAN interworking; Stage 3

	TS 29.161
	Interworking between the PLMN supporting packet based services with WLAN access and PDNs

	TS 32.252
	Telecommunication management; Charging management; WLAN charging


The I-WLAN work item defines the interworking between 3GPP systems and Wireless Local Area Networks (WLANs). For this purpose, "3GPP - WLAN interworking" refers to the utilisation of resources and access to services within the 3GPP system by respectively the WLAN UE and user. The intent of 3GPP - WLAN Interworking is to extend 3GPP services and functionality to the WLAN access environment. Thus the WLAN effectively becomes a complementary radio access technology to the 3GPP system.
The WLAN provides access to services located in WLANs and/or networks behind the WLAN. In 3GPP - WLAN interworking, 3GPP system functionalities can reside behind the WLAN or in parallel to the WLAN. 
The feasibility document TS 22.934 includes a number of different scenarios of 3GPP-WLAN interworking ranging from common billing to the provision of services seamlessly between the WLAN and the 3GPP system, referred as Scenarios 1 to 6. In addition, the study includes the analysis of a number of environments where both the 3GPP system and WLAN may be deployed, and outlines some of the different WLAN technologies that may be interworked with 3GPP systems.
The stage 1 in 22.234 takes the conclusions of the feasibility study and defines the highly level requirements for I_WLAN.
The global architecture, provided in TS 23.234, is shown below:
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As shown on the figure, Rel-6 addresses different possibilities of interconnection with the internet, called "scenario": Scenario 2 refers to the case where the internet is accessed directly from the WLAN, i.e. the WLAN is seen as a parallel system to the 3GPP. The UMTS network provides only authentication, authorization and accounting ("AAA") but the transport of the application data does not go through UMTS. The interworking includes the creation of mechanisms for selecting and switching between the WLAN and 3GPP systems. 

Scenario 3 refers to the case where the actual bearer connection is supported by the UMTS Core Network and the WLAN is used instead of the UTRAN. UMTS network services as e.g. IMS, LCS, MBMS, etc. are supported only by the latter scenario. In Scenario 3, where the 3GPP system functionalities are located behind WLAN, the interworking between 3GPP system and WLAN includes: 

· Enabling usage of 3GPP system functionalities between mobile terminals and 3GPP systems via the WLAN (e.g. providing IMS calls)

· Utilizing 3GPP system functionalities to complement the functionalities available in the WLAN ( e.g. providing charging means, authentication, authorization, and accounting functions)
Scenario 1 refers to a pure commercial agreement between a "WLAN operator" and a UMTS operator, so that the user pays one single bill and does not need to subscribe to two different contracts.
Stage 3 protocol description for several reference points in the WLAN-3GPP Interworking System defines the:

· Dw reference point between 3GPP AAA Server and an SLF
· Wa reference point between WLAN AN and 3GPP AAA Proxy
· Wd reference point between 3GPP AAA Proxy and 3GPP AAA Server
· Wx reference point between 3GPP AAA Server and HSS
· Wm reference point between 3GPP AAA Server and PDG
· Wg reference point between 3GPP AAA Server/Proxy and WAG
· Pr reference point between 3GPP AAA Server and PNA
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	SP-010064
	Support of the Presence Capability

	SP-010517
	Support of the Presence Service Architecture  (WI on S2's involvement on the Presence Service Architecture)

	NP-040492
	Support of the Presence Service in Core Network Signalling Protocols

	SP-030212
	Media Codecs and Formats for IMS Messaging and Presence

	SP-020514
	WLAN Interworking Security WID

	Impacted Specifications

	TS 23.078
	Customized Applications for Mobile network Enhanced Logic (CAMEL) Phase X; Stage 2

	TS 23.218
	IP Multimedia (IM) session handling; IM call model; Stage 2

	TS 24.229
	Internet Protocol (IP) multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3

	TS 29.002
	Mobile Application Part (MAP) specification

	TR 29.061
	Interworking between the Public Land Mobile Network (PLMN) supporting packet based services and PDNs

	TS 29.228
	IP Multimedia (IM) Subsystem Cx and Dx Interfaces; Signalling flows and message contents

	TS 29.229
	Cx and Dx interfaces based on the Diameter protocol; Protocol details

	TS 29.328
	IMS Sh interface; Signalling flows and message contents

	TS 29.329
	Sh interface based on the Diameter protocol; Protocol details

	TR 26.936
	Performance characterization of the Enhanced aacPlus and Extended Adaptive Multi-Rate - Wideband (AMR-WB+) audio codecs

	New Dedicated Specifications/Reports

	TS 22.141
	Presence service; Stage 1

	TS 26.141
	IP Multimedia System (IMS) Messaging and Presence; Media formats and codecs

	TR 24.841
	Presence Service based on SIP; Functional Models Flows and Protocol Details

	TS 24.141
	Presence Service using the  IMS; Stage 3


The presence service refers to the ability to provide real-time "presence information" about a user, i.e. his/her capability to answer a call. This presence information is provided to what is called "presentity" (presence entity), which refers to other user's devices, services and services components. This internet terminology is extensively used by 3GPP to ensure alignment with the internet recommendations on the presence service description and behaviour.
The presence service is already available in the internet world, although unfortunately with different non interoperable mechanisms. This feature specifies a wireless-enhanced version of the presence service through the support of wireless attributes (e.g. services, media components of a multimedia service, location information) in an interoperable manner both within the wireless network, and with external networks.
A presence-enabled service as observed by the user is a service in which the user can control the dissemination of his presence information to other users and services, and also be able to explicitly identify specifically which other users and services to which he provides presence status. Combined with the capability of other users' control of their own presence status, virtually infinite combinations of users and services interacting at different levels can be created.
Presence is an attribute related to -but quite different from- mobility information, and is a service that can be exploited to create additional services. The types of services that could be supported by the presence service may include:

· New communications services: The presence service will enable new multimedia services to exploit this key enabler to support other advanced multimedia services and communications. These new services may infer the context, availability and willingness of a user to accept or participate in particular types of communications by accessing the presence information for the user's devices and services. Examples of such new multimedia services that could potentially exploit the presence service include "chat", instant messaging, multimedia messaging, e-mail, handling of individual media in a multimedia session etc.

· Information services: The presence service may also be exploited to enable the creation of services in which abstract entities are providing the services to the mobile community. The presence service may be used to support such abstract services as cinema ticket information, the score at a football match, motorway traffic status, advanced push services etc.

· Enhanced existing services: Existing wireless services may also be significantly enhanced by exploiting the presence information. For example a user may dynamically arrange for his wireless services to be supported through his corporate PABX whilst he is on-site, require media to be converted and directed to specific devices (e.g. user cannot accept a voice call whilst in a meeting, but is prepared to receive the voice call converted to text in the form of an SMS/MMS/e-mail message). The presence service may also be used to enable the creation of advanced versions of CS/PS services, enable terminal capabilities support etc.
The architecture is shown below.

[image: image5]
Figure: Presence architecture
Interfaces Ph, Pi, Pc, Pg, Pk and Pl are based on existing Rel-5 procedures e.g. CAMEL, MAP, CAP, RADIUS, ISC, Cx, Sh.
"Presence User agent" is the terminal or a network located element that collects and sends user related presence information to a presence server.

"Presence Network agent" collects and sends network related presence information on behalf of the presentity to a presence server

"Watcher Presence Proxy" provides watcher related function such as authentication of watchers.

"Presentity Presence Proxy" provides presentity related functionality such as determining the presence server associated with a presentity. 

"Presence server" is responsible for managing presence information on behalf of a presence entity.
Stage 3 is applicable to Application Servers and User Equipment providing presence functionality. Stage 3 provides:

· protocol details for the presence service within the IMS based on the Session Initiation Protocol (SIP) and SIP Events as defined in 3GPP TS 24.229.

· requirements for this protocol by reference to specifications produced by the IETF within the scope of SIP and SIP Events, either directly, or as modified by 3GPP TS 24.229.

· requirements for manipulation of presence data are defined by use of a protocol at the Ut reference point based on XML Configuration Access Protocol (XCAP).
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	SP-010572
	WID for "Speech Recognition and Speech Enabled Services"

	SP-010581
	WID for "Speech Enabled Services Based on Distributed Speech Recognition (DSR)" at SA1

	SP-020687
	WID for "Codec Work to Support Speech Recognition Framework for Automated Voice Services"

	Impacted Specifications

	TS 26.235
	PS conversational multimedia applications; Default codecs

	TS 26.236
	PS conversational multimedia applications; Transport protocols

	TS 23.207
	End-to-end Quality of Service (QoS) concept and architecture

	TR 22.941
	IP based multimedia framework

	New Dedicated Specifications/Reports

	TS 22.243
	Speech recognition framework for automated voice services; Stage 1

	TS 26.177
	Speech Enabled Services (SES); Distributed Speech Recognition (DSR) extended advanced front-end test sequences

	TS 26.243
	ANSI C code for the fixed-point distributed speech recognition extended advanced front-end

	TR 23.877
	Architectural aspects of speech-enabled services

	TR 26.943
	Recognition performance evaluations of codecs for Speech Enabled Services (SES)


Speech-driven services may play an important role for mobiles in a close future: the small portable mobile device that is used to access information needs improved user interfaces such as speech input. But the complexity of vocabulary speech recognition systems is beyond the memory and computational resources of such devices. This feature defines a server-side processing of speech and DTMF input as to overcome these constraints, taking into account the distortions introduced by the encoding used to send the audio between the client and the server as well as additional network errors. 
Whereas Stage 1 and Stage 3 aspects (including Codec) are fully defined –see the specifications listed in the table above‑, there is no specific Stage 2 for this feature, because, from an architecture point of view, the Automatic Speech Recognition (ASR) server (i.e. the entity performing the speech recognition) is considered as a "normal" end user. 
In summary, this feature is fully supported simply by defining a new type of optimised codec, the "Distributed Speech Recognition (DSR) Extended Advanced Front-end". This codec is not mandatory: it "should be supported" by 3G PS multimedia terminals offering speech enabled services, but AMR and AMR-WB may also be supported, keeping in mind that DSR offers a substantial performance advantage.
The configuration considered was the use of the PS network connected to both UTRAN and GERAN. So the impact on Stage 3 was mostly the ability to select the DSR codec in TS 26.235 on "PS conversational multimedia applications; Default codecs". IETF RTP Payload Formats were mentioned and defined in TS 26.236 and 26.235 for these codecs.
Other specifications related to this feature are TS 26.243, containing the "ANSI C code for the Fixed-Point Distributed Speech Recognition Extended Advanced Front-end", and TS 26.177, containing the DSR extended advanced front-end test sequences.
Finally, TR 26.943 ("Recognition performance evaluations of codecs for Speech Enabled Services(SES)") summarises the recognition performance of the selected codecs.
It has to be noted that OMA has defined a Multimodal support which is not incompatible, and then re-usable, by what has been defined for the 3GPP system.

4.5
Generic User Profile Rel-6 (GUP)
Written by:
A. Sultan, M. Clayton
Acronym:
GUP

UID:
31008

Main responsibility:
S1
References

	Document
	Title/Contents

	SP-040515
	The 3GPP Generic User Profile

	TP-020275
	GUP - Data Description Method

	SP-030109
	GUP Security

	SP-020539
	GUP Stage 2 - Architecture

	Impacted Specifications

	TS 22.228
	Service requirements for the IMS; Stage 1

	TS 33.102
	3G security; Security architecture

	TS 33.203
	3G security; Access security for IP-based services

	TS 33.210
	IP network layer security

	New Dedicated Specifications/Reports

	TS 22.240
	Service requirements for GUP; (Stage 1)

	TS 23.240
	GUP requirements; Architecture (Stage 2)

	TS 23.241
	GUP; Stage 2; Data Description Method (DDM)

	TS 29.240
	GUP; Stage 3; Network


The fact of having several domains within the 3GPP mobile system (e.g. Circuit-Switched, Packet-Switched, IMS) and access technologies (e.g. GERAN, UTRAN and WLAN) introduces a wide distribution of data associated with the user. This causes difficulties to create, access and manage the user-related data located in different entities.
The Generic User Profile provides a means to enable harmonised usage of the user-related information originating from different entities, while allowing extensibility to cater for future developments.
The GUP reference architecture is provided in the figure below, extracted from TS 23.340:
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Figure: GUP Reference Model
The GUP Server is a functional entity providing a single point of access to the Generic User Profile data of a particular subscriber. The reference architecture does not specify or limit the physical location of the GUP Server enabling flexibility in the implementations. However, the GUP Server shall be located in the home operator network of the targeted subscriber.
The actual user-related databases that the applications want to access are called the "GUP Data Repositories", and are e.g. the HSS/HLR, the IMS Application Servers or the Management Servers.

The "Repository Access Function (RAF)" represents the adaptation between the GUP Data Repository specific interface and the Rp. The protocol between the RAF and the GUP data repository is out of the standardization scope. The Rp is an intra-operator reference point, as both the GUP Server and the RAF(s) are located in the Home Network.
The protocol used on Rp and Rg reference points are defined in TS 29.240. The application-level protocol's functionality, semantics and WSDL/XML definitions are provided in that TS. This protocol is relying on respectively SOAP (Simple Object Access Protocol), HTTP and TCP/IP. The implementation of the Rp and Rg interfaces follows the Liberty Alliance Data Service Template specification. Note that from a Liberty Alliance's point of view, GUP servers and data repositories will play the role of Liberty Alliance data services. 
Finally, TS 23.241 defines a Data Description Method (DDM) and a Datatype Definition Method (DtDM) to be used for GUP data. The DDM is a set of common rules on how to specify the GUP data components both in the network and in the User Equipment. The DtDM is a set of rules for defining new data types and can be applied to datatypes outside of GUP. The DtDM forms part of the DDM. The built-in datatypes and rules are defined in the W3C's "XML Schema Part 2: Datatypes specification".
From an operational point of view, the GUP server can operate in two modes of operation: the "Proxy" mode (default mode), where the applications' requests and answers transit through the GUP Server (which operates also filter), so that the Applications only know the GUP Server address. In the "Redirect" mode, by answering to the first request, the GUP Server also provides to the application the information (e.g. address of GUP Data Repository(s)) to allow the Application to send subsequent requests directly to the GUP Data Repositories. In this mode, the application can use the Rp reference point directly to the corresponding GUP Data Repositories.
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	Digital Rights Management (DRM)

	Impacted Specifications
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	New Dedicated Specifications/Reports

	TS 22.242
	Digital Rights Management (DRM); Stage 1

	Stages 2, 3 and Security
	Defined in OMA


Services and capabilities specified by 3GPP allow "content" (including, but not limited to data, text, audio, or video) to be delivered (by a variety of means, including streaming, downloading) and played or stored for future use on the mobile. Delivery methods may include forwarding onward from the device. It is essential to create a solution that will respect the intellectual property rights as specified by the rights holders. 

The objective of the DRM work was, therefore, to specify a framework that will support an interoperable, uniform, high volume market for the distribution of protected content. Expression and enforcement of rights and rules is an essential component of this distribution capability, called Digital Rights Management (DRM). 
This work has since been handed over to OMA for completion.
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	Service Requirements for network sharing

	SP-030123
	Network sharing – stage-2

	NP-040429
	Network Sharing Stage 3

	RAN_Work_Items
	Enhancement of the support of network sharing in the UTRAN

	Impacted Specifications

	TS 22.011
	Service accessibility

	TS 22.101
	Service aspects; Service principles

	TS 22.115
	Service aspects; Charging and billing

	TS 22.129
	Handover requirements between UTRAN and GERAN or other radio systems

	TS 25.401
	UTRAN overall description

	TS 25.413
	UTRAN Iu interface Radio Access Network Application Part (RANAP) signalling

	TS 25.331
	Radio Resource Control (RRC) protocol specification

	TS 25.304
	UE procedures in idle mode and procedures for cell reselection in connected mode

	New Dedicated Specifications/Reports

	TR 22.951
	Service aspects and requirements for network sharing

	TS 23.251
	Network sharing; Architecture and functional description


Network sharing is becoming more popular as a means to provide coverage quickly and in a cost efficient way. 
The high price paid for the license in some countries as well as mergers, acquisitions have raised recently high interest in this topic. For these reasons 3GPP has decided to investigate what shortcomings currently in the technical specifications may prevent a standardized approach to the deployment of shared networks. 
TR 22.951 describes a variety of possible network sharing scenarios and highlights the expected user experience. Charging aspects, terminal aspects and security were also investigated.
TR 22.951 collates requirements, considerations and deployment scenarios that operators as well as users need to see fulfilled for a successful use of a shared network. Particular attention has been given in making possible the avoidance of proprietary solutions particularly for what concerns the terminals.
Furthermore, the concepts discussed in TR 22.951 may be applied to sharing a GERAN and UTRAN infrastructure, in this sense the interest in network sharing tools extends to the vast majority of the existing GSM operators who intend to deploy a UTRAN to complement the existing GSM/GPRS coverage. 
TR 22.951 identified various scenarios, service and user requirements that should be fulfilled by 3GPP specifications in order to enable network sharing. The functionalities needed to enable network sharing in a standardized way will be added to existing or new specifications. 
To date of writing this text, the identity of the affected specifications has not been completed.
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	Support for subscriber certificates

	NP-030399
	Support for subscriber certificates, stage 3

	Impacted Specifications

	TS 23.003
	(N4)

	TS 23.008
	(N4)

	TS 24.109
	Bootstrapping interface (Ub) and network application function interface (Ua); Protocol details (N1)

	TS 29.109
	(N4)

	TS 29.230
	(N4)

	TS 31.102
	(T3)

	TS 31.103
	(T3)

	TS 31.111
	(T3)

	TS 33.246
	3G Security; Security of Multimedia Broadcast/Multicast Service (MBMS)

	New Dedicated Specifications/Reports

	TS 33.220
	Generic Authentication Architecture (GAA); Generic bootstrapping architecture

	TS 33.221
	Generic Authentication Architecture (GAA); Support for subscriber certificates

	TS 33.222
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Digital signatures are the best way to secure e-commerce, service authorization and accounting. The simplest way to introduce them in mobile networks is to make use of the existing authorization and charging infrastructure. 
Subscriber certificates provide a migration path towards global Public Key Infrastructure (PKI). On the one hand, operators and service providers don't have to wait for a world-wide PKI to benefit from public key technology. 
Local architecture for digital signatures can be deployed incrementally; an operator can choose to deploy independently of the others. On the other hand, the existence of subscribers and service providers that use digital signatures makes it easier to build global PKI.
The concept relies on signalling between mobile terminal and serving network and thus has to be standardized. 
The terminal and the serving network can interact only over standardized interface.
To make it possible to issue subscriber certificates in 3GPP systems in order to authorize and account for service usage both in home and in visited network. This required the specification of:

· Signalling procedures to issue temporary or long-term certificates to subscribers.

· Standard format of certificates and digital signatures, e.g. re-using wireless PKI.
Refers to OMA and Online Certificate Status Protocol Mobile Profile" Open Mobile Alliance OMA-WAP-OCSP V1.0. URL: http://www.openmobilealliance.org/.
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	TS 26.236
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3GPP defines the enablers to support "services like" Push to Talk over Cellular (PoC), but in Rel-6, the aim is actually only to support PoC. The "Push to Talk over Cellular (PoC)" feature itself is defined by OMA. As a reminder, the PoC application is a kind of walky-talky applied to mobile, i.e. it is a half-duplex voice communication. It takes place between users sharing a same session and where the users can communicate one at a time, using voice bursts transfer. The total time between when a user starts to speak and when the receiver(s) can listen the voice burst is several seconds (typically 1 to 5 seconds).

In 3GPP, most of the work was a study reflected in the TR 23.979, which concludes that the current 3GPP IMS specifications supports the requirements to deploy PoC services as defined by OMA. The TR indeed shows how all the flows supporting this service can be conveyed using the present system and its concepts, in particular the IMS' Service Based Local Policies (SBLP) and the Go interface (see respectively TS 23.228 and 23.207): PoC will contain the same GPRS/PDP contexts usage options as for any IMS service, i.e. the options also apply for PoC.

The TR recommends the QoS Attribute settings and the Radio Network Configurations to support OMA PoC services. Knowing that the main issue in supporting PoC services is the session establishment delays, the TR also contains an analysis of the delay for the PoC session establishments based on 'on demand' signalling and based on 'pre-established session' signalling, the two types of PoC sessions as described in OMA documentation. It finally describes the analyses of the required SigComp performance and gives requirements to support the PoC service. This analysis concludes that IMS provides sufficient SigComp support for the OMA PoC delay requirements.

The PoC codecs are specified in 3GPP SA4's TS 26.235 and TS 26.236.
The PoC charging is specified in 3GPP SA5's TS 32.272.
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Subscription Management (SuM) standardization significantly enhances the ability of 3GPP based networks to offer complex services in the areas of:

· Multimedia

· Data services
In light of developments both within 3GPP (e.g. GUP) and outside 3GPP to identify and utilize subscription data, it is appropriate to liaise and coordinate tasks within 3GPP necessary to assess the task of SuM. 

Efforts within the mobile community to define advanced SuM functionality (i.e. Liberty Alliance) have provided valuable insight into developing SuM functionality for 3GPP.

The objective of this work is to refine the operational requirements, and define an architecture, data models, and NRM IRP leading to solutions necessary for SuM. 

SuM capabilities arising from service requirements (as defined by SA1) of Rel-6 have been developed.
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The justification of the study item is, that since the use of IP based services becomes more important there is an increasing demand to improve the coverage and throughput as well as reduce the delay of the uplink. Applications that could benefit from an enhanced uplink may include services like video-clips, multimedia, e-mail, telematics, gaming, video-streaming etc. 
In study item phase, this item investigates enhancements that can be applied to UTRA in order to improve the performance on uplink dedicated transport channels for UTRA FDD. The study includes the following topics to enhance uplink performance in general or to enhance the uplink performance for background, interactive and streaming based traffic:

· Adaptive modulation and coding schemes

· Hybrid ARQ protocols

· Node B controlled scheduling 

· Physical layer or higher layer signalling mechanisms to support the enhancements

· Fast DCH setup

· Shorter frame size and improved QoS
The following techniques among the techniques considered in study item phase are part of the work item:

· Node B controlled scheduling: Possibility for the Node B to control, within the limits set by the RNC, the set of TFCs from which the UE may choose a suitable TFC,

· Hybrid ARQ: Rapid retransmissions of erroneously received data packets between UE and Node B,

· Shorter TTI: Possibility of introducing a 2 ms TTI.
The work item is identified as building blocks:
· FDD Enhanced Uplink: Physical Layer

· FDD Enhanced Uplink: Layer 2 and 3 Protocol Aspects

· FDD Enhanced Uplink: UTRAN Iub/Iur Protocol Aspects

· FDD Enhanced Uplink: RF Radio Transmission/ Reception, System Performance Requirements and Conformance Testing
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For physical layer, the FDD Enhanced Uplink specification work includes:

· Physical and Transport Channels mapping

· Multiplexing and Channel Coding

· Physical Layer procedures

· Physical layer measurements

· UE physical layer capabilities
Physical and transport channels mapping

As the basic physical layer structure, there is at most one CCTrCH of E-DCH type per UE and only one E-DCH per CCTrCH of E-DCH type. The E-DCH supports one transport block per E-DCH TTI. Both 2 ms TTI and 10 ms TTI are supported by the E-DCH. The CCTrCH of E-DCH type and the CCTrCH of DCH type are mapped to different physical channels.
The UE can receive two types of grants as scheduling scheme of the FDD enhanced uplink.

· relative grants, consisting of one bit per time interval

· absolute grants, consisting of multiple bits per time interval

Neither type of grant has to be transmitted in every time interval, i.e., DTX may be used, depending on the scheduling strategy implemented. The time interval equals the E-DCH TTI configured.

The UE is informed by higher layer signalling or in another way on which physical resource (e.g., OVSF code) it can find the respective grant. The network may configure each UE to monitor an individual physical resource, or multiple UEs to monitor the same physical resource. Seen from the UE, there is no difference between these two cases.

In non-soft handover, there is only a single cell responsible for E-DCH scheduling, the serving E-DCH cell. In soft handover, there is one serving E-DCH cell and at least one non-serving E-DCH cell. The UE shall be capable of receiving

· one absolute grant and one relative grant per time interval from the serving E-DCH cell

· one relative grant per time interval from each of the non-serving E-DCH cells
As the physical channel for data transmission, the E-DPDCH is a new physical channel on which the CCTrCh of E-DCH type shall be mapped. The E-DPDCH definition and attributes are the same as the DPDCH except where noted. The E‑DPDCH radio frame is divided in 5 subframes, each of length 2 ms; the first subframe starts at the start of each E‑DPDCH radio frame and the 5th subframe ends at the end of each E‑DPDCH radio frame.

On the other hand, as the physical channel for uplink control signalling, the E-DPCCH is a new code multiplexed uplink physical channel used to transmit control signalling associated with the E‑DCH. E-DPCCH has the same framing structure as the E-DPDCH.

In addition to E-DPDCH and E-DPCCH, as the physical channels for downlink control signalling, the following channels are defined for FDD uplink enhancement.

· E-DCH HARQ Acknowledgement indicator channel (E-HICH)

This channel is a fixed rate (SF=128) downlink physical channel carrying the uplink E-DCH Hybrid-ARQ Acknowledgement (HARQ-ACK) indicator.
· E-DCH relative grant channel (E-RGCH)

This channel is a fixed rate (SF=128) downlink physical channel carrying the uplink E-DCH Relative Grants.

· E-DCH absolute grant channel (E-AGCH)

This channel is a fixed rate (30 kbps, SF=256) downlink common physical channel carrying the uplink E-DCH Absolute Grant.
Multiplexing and Channel Coding

Figure 5.1.1 shows the processing structure for E-DCH transport channel mapped onto a separate CCTrCH, the following processing steps can be identified:
-
Add CRC to the transport block. CRC facilitates detection of error in E-DCH decoding at Node B.

-
Code block segmentation. The value of maximum code block size Z = 5114 for turbo coding shall be used.

-
Channel coding. The rate 1/3 turbo coding shall be used.

-
Physical layer hybrid ARQ and rate matching. This block generates transmitted bit pattern extracted from the output of the channel coding and matches the number of input bits to the number of available physical channel bits within the TTI. 

-
Physical channel segmentation

-
Interleaving and physical channel mapping. Input bits are interleaved and mapped to physical channel(s) allocated for E-DCH TTI transmission.
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Figure 5.1.1: TrCH processing for E-DCH

Spreading and Modulation
Figure 5.1.2 illustrates the spreading operation for the E-DPDCHs and the E-DPCCH.
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Figure 5.1.2: Spreading for E-DPDCH/E-DPCCH

The E-DPCCH shall be spread to the chip rate by the channelization code cec. The k:th E-DPDCH, denominated E‑DPDCHk, shall be spread to the chip rate using channelization code ced,k. After channelization, the real-valued spread E-DPCCH and E-DPDCHk signals shall respectively be weighted by gain factor ec and ed,k.

The value of ec shall be derived as specified in TS 25.214 based on the power oFFSet E-DPCCH signalled by higher layers. The relative power oFFSets E-DPCCH are quantized into amplitude ratios as specified in Table 1B of TS 25.213.
The value of ed shall be computed based on the reference gain factors as specified in TS 25.214. The reference gain factors are derived from the power oFFSets E-DPDCH signalled by higher layers. The relative power oFFSets E-DPDCH are quantized into amplitude ratios as specified in Table1B.1 of TS 25.213.

The value for ed, k shall be set to 
[image: image9.wmf]ed

b

´

2

 if the spreading factor for E-DPDCHk is 2 and to ed otherwise.

After weighting, the real-valued spread signals shall be mapped to the I branch or the Q branch according to the iqec value for the E-DPCCH and to iqed,k for E-DPDCHk and summed together.

The E-DPCCH shall always be mapped to the I branch, i.e. iqec = 1.
The IQ branch mapping for the E-DPDCHs depends on Nmax-dpdch and on whether an HS-DSCH is configured for the UE; the IQ branch mapping shall be as specified in table 5.1.1.
Table 5.1.1: IQ branch mapping for E-DPDCH

	Nmax-dpdch
	HS-DSCH configured
	E-DPDCHk
	iqed,k

	0
	No/Yes
	E-DPDCH1
	1

	
	
	E-DPDCH2
	j

	
	
	E-DPDCH3
	1

	
	
	E-DPDCH4
	j

	1
	No
	E-DPDCH1
	j

	
	
	E-DPDCH2
	1

	1
	Yes
	E-DPDCH1
	1

	
	
	E-DPDCH2
	j


Physical Layer procedures
Regarding the physical layer procedures, the following procedures are defined. 

· The E-AGCH/E-HICH/E-RGCH power control is under the control of the node B.

· The following physical layer parameters are signalled to the UE from higher layers:

· E-HICH set to be monitored

· E-RGCH set to be monitored

· Setting of uplink DPCCH/E-DPCCH and E-DPDCH power difference is specified in 25.214 clause 5.1.2.5B.
UE physical layer capabilities

UE physical layer capabilities are as follows:

· The E-DCH UE categories are defined in TS 25.306.

· Support of 10 ms TTI is mandatory for all UEs. 

· The maximum uplink DCH rate when E-DCH is configured for the UE is 64 kbps.
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Modifications of protocol architecture to the existing nodes have been made to support enhanced uplink DCH:

· UE: A new MAC entity (MAC-es/MAC-e) is added in the UE located below MAC-d. MAC- es/MAC-e in the UE handles HARQ retransmissions, scheduling and MAC-e multiplexing, E-DCH TFC selection.

· Node B: A new MAC entity (MAC-e) is added in Node B which handles HARQ retransmissions, scheduling and MAC-e demultiplexing.

· S-RNC: A new MAC entity (MAC-es) is added in the SRNC to provide in-sequence delivery (reordering) and to handle combining of data from different Node Bs in case of soft handover.

The resulting protocol architecture is shown in Figure 5.1.3:
[image: image10.wmf] 

PHY

 

PHY

 

EDCH FP

 

EDCH FP

 

Iub

 

UE

 

NodeB

 

Uu

 

DCCH

 

DTCH

 

TNL

 

TNL

 

DTCH

 

DCCH

 

MAC

-

e

 

SRNC

 

MAC

-

d

 

MAC

-

e

 

MAC

-

d

 

MAC

-

es /

 

MAC

-

e

 

MAC

-

es

 

Iur

 

TNL

 

TNL

 

D

RNC

 


Figure 5.1.3: Protocol Architecture of E-DCH
With Regard as the general principle of MAC architecture, the E-DCH MAC multiplexing has the following characteristics:

· Logical channel multiplexing is supported at MAC-e level;

· Multiple MAC-d flows can be configured for one UE;

· The multiplexing of different MAC-d flows within the same MAC-e PDU is supported. But not all the combinations may be allowed for one UE. The allowed combinations are under the control of the SRNC.

· There can be up to 8 MAC-d flows for a UE;

· Up to 16 logical channels can be multiplexed on an E-DCH transport channel.

The re-ordering entity is part of a separate MAC sub-layer, MAC-es, in the SRNC. Data coming from different MAC-d flows are reordered in different reordering queues. There is one reordering queue per logical channel. The reordering is based on a specific TSN included in the MAC-es PDU and on Node-B tagging with a (CFN, subframe number). For each MAC-es PDU, the SRNC receives the TSN originating from the UE, as well as the (CFN, subframe number) originating from the Node-B to perform the re-ordering. Additional mechanisms (e.g. timer-based and/or window-based) are up to SRNC implementation and will not be standardized. Furthermore, the reordering entity detects and removes duplicated received MAC-es PDUs.
Characteristics of the HARQ protocol

The HARQ protocol has the following characteristics:

-
Stop and wait HARQ is used;

-
The HARQ is based on synchronous downlink ACK/NACKs;

-
The HARQ is based on synchronous retransmissions in the uplink:

-
The number of processes depends on the TTI: 8 processes for the 2 ms TTI and 4 processes for the 10 ms TTI. For both scheduled and non-scheduled transmission for a given UE, it is possible to restrict the transmission to specific processes for the 2 ms E-DCH TTI;

-
There will be an upper limit to the number of retransmissions. The UE decides on a maximum number of transmissions for a MAC-e PDU based on the maximum number of transmissions attribute, according to the following principles: 

· The UE selects highest maximum number of transmissions among all the considered HARQ profiles associated to the MAC-d flows in the MAC-e PDU;

· Further optimisations such as explicit rules set by the SRNC are FFS.
· Pre-emption will not be supported by E-DCH;

· In case of TTI reconfiguration, the MAC-e HARQ processes are flushed and no special mechanism is defined to lower SDU losses.

-
Intra Node B macro-diversity and Inter Node B macro-diversity should be supported for the E-DCH with HARQ;

-
Incremental redundancy shall be supported by the specifications with Chase combining as a subcase:

-
The first transmission shall be self decodable;

-
The UTRAN configures the UE to either use the same incremental redundancy version (RV) for all transmissions, or to set the RV according to set of rules based on E-TF, Retransmission Sequence Number (RSN) and the transmission timing;

-
There shall be no need, from the H-ARQ operation point of view, to reconfigure the Node B from upper layers when moving in or out soft handover situations. However, the Node-B may be aware of the soft handover status via a soft handover indicator.

Node B controlled scheduling

The Node B controlled scheduling is based on uplink and downlink control together with a set of rules on how the UE shall behave with respect to this signalling.

In the downlink, a resource indication (Scheduling Grant) is required to indicate to the UE the maximum amount of uplink resources it may use. When issuing Scheduling Grants, the Node B may use QoS-related information provided by the SRNC and from the UE in Scheduling Requests.

The Scheduling Grants have the following characteristics:

-
Scheduling Grants are only to be used for the E-DCH TFC selection algorithm (i.e. they do not to influence the TFC selection for the DCHs);

-
Scheduling Grants control the maximum allowed E-DPDCH/DPCCH power ratio of the active processes. For the inactive processes, the power ratio is 0 and the UE is not allowed to transmit;

-
All grants are deterministic;

-
Scheduling Grants can be sent once per TTI or slower;

-
There are two types of grants:

-
The Absolute Grants provide an absolute limitation of the maximum amount of UL resources the UE may use;

-
The Relative Grants increase or decrease the resource limitation compared to the previously used value;

-
Absolute Grants are sent by the Serving E-DCH cell:

-
They are valid for one UE, for a group of UEs or for all UEs;

-
The Absolute Grant contains:

· the identity (E-RNTI) of the UE (or group of UEs) for which the grant is intended;
· the maximum power ratio the UE is allowed to use, on 5 bits;
· in case of 2ms TTI an HARQ process activation flag indicating if the Primary Absolute Grant activates or deactivates one or all HARQ processes. That bit is also used to switch the UE from its primary E-RNTI to its secondary E-RNTI for both the 2ms and the 10ms TTI. The use of the bit encoding the flag is FFS for the Secondary Absolute Grant.
-
Group identities or dedicated identities are not distinguished by the UE. It is up to the UTRAN to allocate the same identity to a group of UEs;

-
Up to two identities (E-RNTIs), one primary and one secondary, can be allocated to a UE at a time. In that case, both identities shall use the same E-AGCH channel. The allocation is done by the Node-B and sent by the SRNC in RRC.

-
The identity consists of 16 bits (16 bits CRC at layer 1);

-
Relative Grants (updates) are sent by the Serving and Non-Serving Node-Bs as a complement to Absolute Grants:

· The UE behaviour is exactly the same for Relative Grants for one UE, for a group of UEs and for all UEs;
-
The Relative Grant from the Serving E-DCH RLS can take one of the three values: "UP", "HOLD" or "DOWN";

-
The Relative Grant from the Non-serving E-DCH RL can take one of the two values: "HOLD" or "DOWN". The "HOLD" command is sent as DTX. The "DOWN" command corresponds to an "overload indicator";

-
For each UE, the non-serving Node-B operation is as follows:

-
If the Node-B could not decode the E-DPCCH/E-DPDCH for the last n1 TTIs (where n1 is TBD) because of processing issue, it shall notify the SRNC;

-
The non-serving Node-B is allowed to send a "DOWN" command only for RoT reasons (maximum allocated uplink RoT in the cell is exceeded) and not because of lack of internal processing resources.
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In order to support the Enhanced Uplink, the impacts on Iub/Iur protocol of are highlighted as follows, based on a scenario (depicted in Figure 5.1.4) with one UE being in SHO with two Node Bs, the latter being controlled by different RNCs.
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Figure 5.1.4. One UE in SHO for E-DCH

There is one Serving Node B and one Serving E-DCH Cell per UE. The Serving E-DCH Cell is determined by the SRNC. The Serving E-DCH Cell is in charge of sending absolute grants to UEs. The non-serving cells may participate in the scheduling process by distributing relative grants.

If E-DCH Active Set contains more than one cell in a Node B, combining in the Node B is mandatory.

For each UE there is only one MAC-e entity residing in the Node B, performing HARQ operation. This MAC-e entity generates common (i.e. identical) ACK/NACKs and distributes them over the affected cells. Similarly, the Node B scheduler generates common (i.e. identical) relative grants and distributes them over the affected cells.

In case of Soft HO the MAC-e entities located in different Node Bs handle HARQ operation independently from each other.

A re-ordering entity is located in the MAC-es entity in the SRNC.

Selection combining is performed in SRNC. It is assumed to be part of the MAC-es.
The general RRM principles for E-DCH can be summarised as follows:

· The CRNC configures a maximum UL resource usage threshold (in terms of power and/or interference) on a per cell basis;

· Node B provides measurement reports of the total UL resource usage (in terms of power and/or interference) in a cell, and

· Node B provides measurement reports of the contribution to the above UL resource usage measurement that is due to all E-DCH traffic in a cell (or, equivalently, to all non E-DCH traffic in a cell).
Impacts on Iub/Iur control plane protocols 

Regarding NBAP Cell-level procedures, during cell configuration or later the CRNC allocates a certain number of E-AGCH and E-RGCH/E-HICH channelization codes to the Node B (cf. HS-SCCH code allocation for HSDPA). This allocation is carried out with the Physical Shared Channel Reconfiguration procedure (cf. same as with HS-SCCH).
Later, when using RL-level procedures (RL Setup, RL Reconfiguration etc.) for a specific UE, the Node B selects one of the E-RGCH/E-HICH codes, allocates an E-RGCH sequence number and an E-HICH sequence number, and sends this info to the RNC. Similarly, the Node B selects one of the E-AGCH codes, allocates an E-RNTI and sends this info to the RNC.

The CRNC can use the Physical Shared Channel Reconfiguration procedure anytime to add or remove E-AGCH and E-RGCH/E-HICH channelization codes (cf. same as with HS-SCCH). Given that all info on sequence number passes through the CRNC, the latter can easily detect the need for allocation of additional E-RGCH/E-HICH codes in order to prevent code shortage in the Node B.
Regarding NBAP/RNSAP dedicated procedures, existing NBAP/RNSAP dedicated procedures are used to set up the following information:

· DPCCH information

· E-DPCCH and E-DPDCH physical layer information

· E-DCH specific TFCS (E-TFCS)
· binding of the E-DCH to the DL E-HICH/E-RGCH/E-AGCH

· UE identity (E-RNTI), including a "group identity" and an "all" identity
· HARQ parameters

· GBR info

Both Synchronised and Unsynchronised RL Reconfiguration procedures are used. The RL Reconfiguration can be used e.g. to change the Serving E-DCH Cell. In the case of unsynchronised procedure it could happen that for a short period of time both the Source and the Target cells distribute absolute grants, or neither. In either case this is not considered as an issue.

Diversity control handling for E-DCH: combining in DRNC is not allowed, whereas combining in Node B is mandatory.
Impacts on Iub/Iur user plane protocols

The MAC-d flow concept on Iub/Iur is applicable to E-DCH as well. However, in contrast to the HS-DSCH, the E-DCH Frame Protocol does not operate with MAC-d PDUs directly, because the MAC-d PDUs are packaged into MAC-es PDUs first. In that sense a MAC-d flow in the E-DCH context designates "a flow of MAC-es PDUs carrying MAC-d PDUs belonging to the same MAC-d flow".

Each MAC-d flow is mapped on a separate Iub/Iur transport bearer.

Upon successful reception of a MAC-e PDU over the radio, the Node B de-multiplexes the MAC-e PDU on per MAC-d flow basis and packages the MAC-es PDUs into E-DCH FP frames for transmission over Iub.

For 2 ms Uu TTI and depending on configuration from higher layers, the uplink E-DCH Mac-es PDU's from one or more 2ms Uu TTI's may be bundled into one E-DCH Data Frame before being transferred at an interval of e.g. 10ms from the Node B to the SRNC. This bundling allows for bandwidth efficiency, but may be undesirable for some delay-sensitive traffic. The RNC has signalling means for controlling the bundling process. The RNC can request the following from the Node B:

· Shipping data every 2ms only (provided there is data to be sent) i.e. no bundling at all;

· Shipping data every 10ms only (provided there is data to be sent) i.e. bundling of 5 consecutive TTIs and noting that some of them may be "empty".

Only silent mode is used i.e. only data from successfully received MAC-e PDUs are forwarded across the Iub interface.

After successful decoding of the E-DCH payload the number of HARQ retransmissions is signalled to the RNC. After unsuccessful decoding of the E-DCH payload a HARQ failure indication is signalled to the RNC.

A TNL congestion indication is used by the SRNC to signal that a transport network congestion situation on Iub/Iur has been detected. If this indication is received the Node B should reduce the bit rate on the Iub interface.

RF Radio Transmission/Reception, System Performance Requirements and Conformance Testing
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In order to improve the performance on uplink dedicated transport channels, this work item investigates enhancements for the following aspects:

· UE radio transmission and reception

· Base Station radio transmission and reception

· Base Station conformance testing

· Requirements for support of Radio Resource Management
The enhancement for above aspects is reflected on following features on the RAN4 specifications.

· Power ratios for the non-RX diversity case

· Implementation Margins

· Active Set Size for E-DCH

· The simulation results on E-DPDCH and E-DPCCH dependent on the final TB size decision in RAN2 and on the final power quantization decision in RAN1.

· Ideal simulation results & with implementation margin for DL channels for EUL for test scenarios.

· E-TFC finalization

· RTWP measurement

· UE Power Headroom measurement
5.2
RAB Support enhancement: Voice over IMS

Editor's note:
It has to be checked how this fits within the RAN improvement and if any functionalities are missing.
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Voice Calls over IP make use of Conversational Packet Switched Multimedia Services that can be performed through IMS in an efficient and integrated way (Quality of Service improvements, no need of separate call setup servers).
For this, a Session control Signalling is needed, for multimedia session control. They are based on the 3GPP adopted version of SIP.
In addition, the voice payload is encoded and packetized to appropriate RTP packets. These packets are then transported end-to-end inside UDP datagrams over real-time IP connections that have been negotiated and opened between the terminals during the SIP call. E.g. for AMR 12.2 kbps, fixed packet size of 92 bytes including uncompressed RTP/UDP/IP header of 60 bytes every 20 ms.
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Figure: User plane protocol stack for 3G PS conversational multimedia terminal
RTCP (carried over UDP/IP) may also be used to carry media control information.
The Robust Header Compression (RoHC) (RFC 3095), already introduced in the 3GPP Rel-4, may also enhance for Voice over IMS.
Enhancements provided by the Work Item

In order to reduce the RLC overhead, one bit was introduced in the RLC PDU header (operating in unacknowledged mode), in order to indicate the beginning of the SDU (to save one byte per RLC PDU), allowing to align the start of the RLC SDU with the start of the RLC PDU. This was in fact introduced in the Rel-5 standards, namely impacting the Radio Link Control (TS 25.322), Radio Resource Control (TS 25.331) and UE Capability specification (TS 25.306).
It was decided that the handling of variable size ROHC packets could be performed by using the existing RLC segmentation and concatenation functionality (by delaying of some of the smaller ROHC packets, to allow for the completion of the transmission of larger ROHC packets).
Additions to the RoHC functionality were also provided, in order to specify to the UE a "target mode" to be used within the RoHC de-compressor functionality, when leaving the RoHC U-mode (namely towards the O-mode or U-mode). This impacted the PDCP configuration information (sent from RRC to PDCP layer).
In addition, RoHC performance testing requirements were introduced in the PDCP protocol (TS 25.323), in a normative annex (entering the RoHC RTP compressor and using a fixed payload size of 32 octets). A maximum compressed header overhead was defined, both for the IP versions 4 and 6.
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Figure: Application flows in voice over IMS
In addition, examples of RABs have been added in the related Technical Report (TR 25.993, Typical examples of RABs and RBs supported by UTRA). They cover RABs for conversational PS (e.g. 16.8, 38.8, 40 and 42.8 kbps for the 'media' RABs, 8 kbps interactive RAB for SIP). Additionally HSDPA and FDD Enhanced Uplink also allow to use further RABs.
Finally, one flag was introduced in the RAB Assignment procedure in order to inform the UTRAN that some RABs are for application level signalling such as SIP.
6
GERAN-only new Features
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In TSG GERAN was found feasible to develop a set of protocols that allow an MS capable of generic access to obtain services provided by the core network, using alternate access methods such as through a generic IP based broadband connection. The generic broadband connection provides connectivity between the MS and the core network and may be obtained through any means or any combination of means such as ADSL, Cable, alternate wireless access, etc. The MS connects to a network node that interfaces with the core network through the standard A/Gb interfaces. A new interface, the Up interface, that connects the MS to a generic access network controller (GANC) was defined. A new protocol, the GARR, that mimics the functionality as seen by the MM layer was defined as well. 
The following specifications were developed in TSG GERAN:

a. 3GPP TS 43.318 Stage 2 description for generic IP based broadband access to standard A/Gb interface without impacting CN protocols and using currently defined A/Gb interfaces.

b. 3GPP TS 44.318 New access interface protocols required for generic access.

c. MS Conformance Tests for generic access to A/Gb Interface (added to 3GPP TS 51.010)
3GPP TS 43.901 contains the Feasibility Study on generic access to A/Gb interface. 
Note that he existing GERAN specifications in Rel-6 support the Um interface signalling mechanisms required to perform PS handover to/from an MS operating in A/Gb mode. The working assumption for Generic Access (as specified in 3GPP TS 43.318 and 44.318) implies that requirements on GERAN should also apply for Generic Access. However, the specifications currently may lack detailed procedures applicable for PS handover between GERAN/UTRAN mode and GAN mode (left FFS in Rel-7).

6.2
Flexible Layer One for GERAN (FLOGER)
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Available in Rel-6 for GERAN Iu mode, the Flexible Layer One (FLO) provides radio bearers that increase the spectral efficiency of real time multimedia, streaming and other services. This is achieved through tailored SDU formats and low protocol overhead. 

Principles of FLO: introduction of transport channels

With FLO, the physical layer of GERAN offers one or several transport channels (TrCH) to the MAC sublayer. Each of these transport channels can carry one data flow providing a certain QoS. A number of transport channels can be multiplexed and sent on the same basic physical sub-channel at the same time. 

The configuration of a transport channel i.e. the number of input bits, channel coding, interleaving etc. is denoted the Transport Format (TF). As in UTRAN, a number of different transport formats can be associated to one transport channel. The configuration of the transport formats is completely controlled by the RAN and signalled to the MS at call setup. In both the MS and the BTS, the transport formats are used to configure the encoder and decoder units. When configuring a transport format, the RAN can choose between a number of predefined CRC lengths and block lengths. 

On transport channels, transport blocks (TB) are exchanged between the MAC sublayer and the physical layer on a transmission time interval (TTI) basis. For each TTI, a transport format is chosen and indicated through the transport format indicator (TFIN). In other words, the TFIN tells which transport format to use for that particular transport block on that particular TrCH during that particular TTI. When a transport channel is inactive, the transport format with a transport block size of zero (empty transport format) is selected.

Only a limited number of combinations of the transport formats of the different TrCHs are allowed. A valid combination is called a Transport Format Combination (TFC). The set of valid TFCs on a basic physical sub-channel is called the Transport Format Combination Set (TFCS). The TFCS is signalled through the Calculated Transport Format Combinations (CTFC).

In order to decode the received sequence the receiver needs to know the active TFC for a radio packet. This information is transmitted in the Transport Format Combination Indicator (TFCI) field. This field is basically a layer 1 header and has the same function as the stealing bits in GSM. Each of the TFC within a TFCS are assigned a unique TFCI value and when a radio packet is received, this is the first to be decoded by the receiver. From the decoded TFCI value the transport formats for the different transport channels are known and the actual decoding can start.

In case of multi-slot operation, there shall be one FLO instance for each basic physical sub-channel. Each FLO instance is configured independently by Layer 3 and as a result gets its own TFCS. The number of allocated basic physical sub-channels depends on the multi-slot capabilities of the MS.
Limitations of FLO
The following assumptions are made in order to limit the complexity of FLO:

· FLO shall be used on dedicated channels only, maintaining the 26-multiframe structure for which the SACCH shall be treated as a separate logical channel based on Rel-5 format;
· All TrCHs shall use the same TTI: the same length as in GSM/GPRS of Rel-5, i.e. 20ms;
· FLO shall provide at most 8 transport channels per basic physical sub-channel;

· FLO shall support a maximum of 4 active transport channels per radio packet per basic physical sub-channel;

· The size of the TFCI shall be limited to 5 bits, allowing a maximum of 32 different TFCs per basic physical sub-channel;

· A maximum of 32 different TFs is allowed per TrCH;

· One RLC PDU cannot be mapped across multiple basic physical sub-channels.

Evolution from Rel-5

In GERAN Rel-5, logical channels are offered by the physical layer to the MAC sublayer. With FLO, transport channels are offered by the physical layer to the MAC sublayer.

In GERAN Rel-5, speech frames, RLC/MAC blocks, data frames and blocks of info bits are exchanged on logical channels between the physical layer and the MAC sublayer. With FLO, transport blocks are exchanged on transport channels between the physical layer and the MAC sublayer.

In GERAN Rel-5, a fixed set of coding schemes are standardized for each logical channel in 3GPP TS 45.003. With FLO, transport formats are configured at call setup for each transport channel.

In GERAN Rel-5, only one logical channel can be sent per radio block. With FLO, the transport format combinations allow a number of transport channels to be multiplexed within the same radio block.

In GERAN Rel-5, the coding scheme and/or the content of the radio block is indicated by the stealing bits. With FLO, the TFC and thereby the active transport formats of the TrCHs is indicated by the TFCI.
TR 45.902 provides an overview of FLO, its architecture and study the impacts it has on the GERAN radio protocol stack.

The main advantage of FLO is that the configuration of the physical layer (e.g. channel coding and interleaving) is specified at call setup. This means that the support of new services such as IMS services can be handled smoothly without having to specify new coding schemes in each release. 

Through several enhancements such as reduced granularity and flexible interleaving, the radio bearers offered by FLO would not only fulfil the IMS requirements in terms of flexibility and performance, but also greatly improve the link level performance of real-time IMS services compared to GERAN Rel-5. 
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This feature aimed at integrating the existing TETRA Advanced Packet Service (TAPS) into GSM. Although the GSM and TAPS will somewhat work independently, no major changes to GSM standards were needed. Indeed, the TAPS interfaces are not different from the GSM ones, and the related specifications are under responsibility of GERAN. Double subscription, or roaming between the two systems would be the possible way of working for dual terminals, depending on regulator policies and extended frequency band assigned to TAPS.

TAPS, also called T-GSM 900 systems, are specified for the following frequency band (providing a guard band at the crossover from up link to down link at 915 MHz):

870.4 – 876 MHz: mobile transmit, base receive;

915.4 – 921 MHz: base transmit, mobile receive;

with a carrier spacing of 200 kHz.

See also CEPT ECC Report No. 5 on Adjacent Band Compatibility between TAPS (T-GSM 900) and GSM at 915 MHz.

In addition, TAPS standard were aligned with the GSM specifications.
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Seamless support of streaming services in A/Gb mode (SSStrea)
Written by:
P. Usai
Acronym:
SSStrea

UID:
50130

Main responsibility:
GP
References

	Document
	Title/Contents

	GP-022561
	WID on Seamless support of streaming services in A/Gb mode (SSStrea)

	GP-022562
	WID on SSStrea - study of cell change mechanisms

	GP-022563
	WID on SSStrea - Reduction of service interruption times and packet loss during mobility procedures

	GP-022564
	WID on SSStrea - Identification of requirements for streaming

	GP-023424
	WID on SSStrea - MS Conformance testing

	SP-030107
	WID on GERAN A/Gb mode security enhancements

	Impacted Specifications

	TS 33.102
	3G security; Security architecture

	New Dedicated Specifications/Reports

	TR 44.933
	Seamless support of streaming services in GERAN A/Gb mode (v. 1.3.0)


GPRS Rel-97 design focussed on the support of best effort QoS, which was later defined as Background class. Since then, some improvements have been introduced into the specifications in order to enable the support of Interactive and, to a lesser extent, Streaming services (e.g. NACC, delayed TBF release, Gb flow control per Packet Flow Context). However, full support of the Streaming class cannot be guaranteed in GPRS, especially due to the large interruptions to the service at cell change:

· MS cell reselection mechanisms are proving to be slow in live networks;

· At Routeing Area change, the resumption of the data transfer is postponed until the Routeing Area Update procedure is performed;

· MS controlled cell reselection is not dependent of the load of the cells. It has been seen in live networks that reselection towards congested cells while in packet transfer mode causes a longer interruption to the service

· Cell reselection between GERAN A/Gb mode and UTRAN is likely to offer the same performance as GPRS Rel-97.
Full support will be offered by the UTRAN and, in order to have a seamless support across the PLMN, similar quality needs to be offered by the GERAN A/Gb mode and when changing RAN.

The main requirements for Streaming Service support in GERAN A/Gb mode are related to: 

-
Setting the appropriate values of SDU error ratio, Residual BER and Transfer Delay

-
The duration of the data transfer interruption due to Cell Update and RAU procedures.

-
Residual BER: The UMTS Streaming Class Residual BER is 10-5. This value can be set for GERAN A/Gb mode as well, because 24 bit CRC check at Logical Link Control (LLC) layer will satisfy this requirement.

-
SDU error ratio: The value for SDU Error Ratio is 10-4. However, this value cannot be met in case of LLC unacknowledged mode due to 12-bit CRC limitations at RLC layer. Therefore the 10-3 is agreed. Note that this is also an acceptable value for the UTRAN Radio Access Bearer Service attributes for streaming class.

 -
Transfer delay: From the simulation results, the transfer delay of 2 s required in the UMTS QoS Streaming Service profile is sufficiently well met by GERAN A/Gb mode.
This Work Item provided also additions required for the efficient support of Streaming services in the GERAN specifications. Some areas of improvement are listed below:

· Requirements for the support of streaming services

· Performance of NACC for streaming services

· Performance of cell change in DTM for the PS domain
The following areas of improvements were foreseen to be developed in the WID, but were "closed at GERAN#17", i.e. were neither completed nor included in Rel-6:

· Optimisations of existing mechanisms/procedures

· Inter-system NACC

· PS Handover (within GERAN and between GERAN and UTRAN)

· Dependency to other features
No work was felt needed for MS conformance testing.
GERAN A/Gb mode security enhancements were accomplished by changes to TS 43.020 and TS 33.102 on introducing the special RAND mechanism as a principle for GSM/GPRS and removal of A5/2 in the medium/long-term.
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With packet data services becoming more and more widely used, mobile stations will have to support simultaneous PDP contexts with different quality of service requirements. For instance, mobile users who have a real time audio, a web browser and an e-mail application running at the same time require support for all these applications with their appropriate QoS. 
It is of course possible to support multiple applications (and multiple PDP contexts) using the current standards either by mapping all of these data streams onto one Temporary Block Flow (TBF) or by releasing a TBF and setting up a new one each time data from a different application needs to be transmitted. Both of these approaches have some limitations. 
In order to multiplex multiple data streams onto one TBF, they must all share the same RLC mode. If upper layer PDUs utilising a different RLC mode need to be transmitted, there is no choice other than to release the current TBF and set-up a new one thus leading to delays and high signalling load. Even if the different data flows can utilise the same TBF, the smallest unit for multiplexing is the LLC frame. The payload of an LLC frame may be up to 1520 octets. Therefore, it is not possible to multiplex an application with small packets and strict delay requirements together with an application with large packets when only one TBF is used. Thus, the requirement for multiple TBFs for GERAN is defined.
The objective of this Work Item is to produce the necessary changes to the GERAN A/Gb mode standards to support the simultaneous use of multiple TBFs by one MS.
The establishment of a TBF can be initiated by either the mobile station or the network.
If the mobile station supports multiple TBF procedures, the mobile station shall indicate its support in the Multiple TBF Capability field in the MS Radio Access Capability 2 IE. If the network supports multiple TBF procedures, the network shall indicate its support in the Multiple TBF Capability field in the GPRS Cell Options IE.

If both the network and the mobile station support multiple TBF procedures, and if more than one request is received from upper layers to transfer upper layer PDUs for more than one Packet Flow Context (PFC) before the packet access procedure can be initiated by the mobile station, then the mobile station may initiate a packet access procedure requesting multiple TBFs. 
Multiple TBF testing procedures were felt not needed, and the related work item was deleted at TSG GERAN#27.
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Service interruption times during cell change need to be minimised for certain PS services due to tight delay requirements. 

PS handover is a feature used by the network to command a mobile station to move from its old (source) cell to a new (target) cell while operating in packet transfer mode and continue the operation of one or more of its ongoing packet switched services in the new cell using TBF resource allocations provided within a PS HANDOVER COMMAND message.
The objective of this Work Item is to elaborate a concept for support of PS handover in A/Gb mode and define the stage 2 and stage 3, i.e. to introduce changes in the standards that make it possible to minimise service interruption due to mobility, with a minimum of impacts to existing systems. The current functional split of the protocol architecture between core and radio access network has been maintained.

This Work Item included among other things the introduction of changes/additions to RAN and CN signalling as well as functions to transfer user data flows and contexts between target and source cell/node.

TS 43.129 contains the Stage 2 aspects.
The PS Handover procedure is used to handover an MS with one or more packet flows from a source cell to a target cell. The source and target cells can be located within either the same BSS (Intra BSS HO), different BSSs within the same SGSN (Intra SGSN HO) or belonging to different SGSNs (Inter SGSN HO), or systems with different radio access types (Inter RAT HO, Inter mode HO).

While the MS is still in the source cell:

· Radio resources in the target cell are allocated and signalled to the MS.

· System information of the target cell needed for access in the target cell is signalled to the MS.

For each scenario (Intra BSS HO, Intra SGSN HO, Inter SGSN HO and Inter RAT/mode HO) the PS handover procedure is divided into:

· a preparation phase; and

· an execution phase.

By using the Gs interface (together with NMO1) the interruption time for the PS Handover procedure would be shortened since using a combined LAU/RAU procedure would be possible.

The corresponding protocol changes were implemented in TS 44.060, 44.064, 44.065, 48.008 and 48.018.
7
Improvements of UMTS and GSM pre-Rel-6 features

7.1
IMS Phase 2 (IMS2)
Written by:
M. Pope
Acronym:
IMS2

UID:
32021

Main responsibility:
S1,S2
References

	Document
	Title/Contents

	SP-000216
	Release 5 IMS Feature: Support of IP multimedia services. (IMS Phase 2 is developed from this Feature)

	NP-030229
	Enhancements to the Cx and Sh interfaces

	SP-020065
	IMS Group Management

	NP-040494
	Stage 3 for IMS Group management (e.g. chat)

	SP-020065
	IMS Messaging

	NP-040494
	Stage 3 for IMS Messaging

	NP-040494
	Stage 3 for Additional SIP Capabilities

	NP-040494
	Review additional SIP Capabilities against IMS

	NP-020091
	Interworking between IMS and IP networks

	NP-030292
	Interworking between IMS and CS networks

	SP-030106
	Lawful Interception in the 3GPP Rel-6 architecture

	SP-030049
	IMS charging (SA5)

	NP-040494
	IMS Management objects

	Impacted Specifications

	TS 22.140
	Multimedia Messaging Service (MMS); Stage 1

	TS 22.228
	Service requirements for the Internet Protocol (IP) multimedia core network subsystem; Stage 1

	TS 29.061
	Interworking between the PLMN supporting packet based services and PDNs

	TS 33.106
	3G security; Lawful Interception requirements

	TS 33.107
	3G security; Lawful interception architecture and functions

	TS 33.108
	3G security; Handover interface for Lawful Interception

	New Dedicated Specifications/Reports

	TS 22.340
	IP Multimedia System (IMS) messaging; Stage 1

	TR 22.800
	IMS subscription and access scenarios

	TS 24.167
	3GPP IMS Management Object (MO); Stage 3

	TS 29.162
	Interworking between the  IMS and IP networks

	TS 29.163
	Interworking between the  IMS and CS networks

	TR 29.962
	Signalling interworking between the 3GPP profile of the Session Initiation Protocol (SIP) and non-3GPP SIP usage

	TS 32.260
	Telecommunication management; Charging Management; IMS charging (SA5)


The objective for Rel‑5 was to define concepts regarding general service requirements and service features for Rel-4, consisting of an evolved Rel-99, and IM (IP Multimedia) services. IP multimedia services shall support multiple media components per call based on existing multimedia call control standards.

Main developments were the addition of IP IMS messaging, CN to CS interworking to IMS and IMS charging.
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Location Services (LCS) refer to the capability from the network to provide the location of a user and to offer a set of applications using this information, referred to as "location applications". The applications themselves are outside the scope of the standardization work. The 3GPP work consists in defining the location methods and the open interfaces enabling the applications.

LCS are introduced in Rel-99 and are described in the corresponding Rel-99 description document, including a commented architecture diagram.
For a general description of LCS and a description of all the positioning methods (Cell ID based, OTDOA based and 
A-GPS), refer to the Rel-99 description document.

For a description of the documentation structure, refer to the Rel-4 document.
Rel-6 introduces lot of small uncorrelated enhancements amongst which: 

· alignment of LCS specifications between 3GPP and other forums;

· Enhanced support for anonymity and user privacy;

· Location Services support for IMS public identities;

· New area event for location service triggering reports;

· Introduction of the GMLC-GMLC interface (Lr) for roaming situations.

The LCS improvements in the RAN are shown in the next sections.

RAN aspects (called "UE positioning methods")

For the "cell ID" based method, the position of an UE is estimated with the knowledge of its serving Node B. The information about the serving Node B and cell may be obtained by paging, locating area update, cell update, URA update, or routing area update.

The OTDOA-IPDL method involves measurements made by the UE and LMU of the UTRAN frame timing (e.g. SFN-SFN observed time difference). These measures are then sent to the SRNC.

Network-assisted GPS methods make use of UEs, which are equipped with radio receivers capable of receiving GPS signals.
The objective of this work item was to enhance the interface between the Stand-Alone SMLC (SAS, the main LCS computing entity) and the Serving RNC (SRNC), or Iupc interface, introduced in Rel-5, for the support of all the positioning methods. The SMLC was initially specified for the A-GPS method in the Rel-4. For a description of SMLC, SAS and Iupc, refer to Rel-5 ETSI/MCC document. 

The idea was also that it shall be transparent for the UE whether standalone SMLC is used or not.

The Iupc interface uses the Positioning Calculation Application Part (PCAP) signalling, defined in TS 25.453. The Iupc interface enables the SAS to communicate with the RNC to forward UE Positioning assistance data to UEs and to receive UE Positioning measurement data from the RNC.

When timing assistance is needed, the SAS relies on the RNC to obtain it. 
The Iupc interface uses an Iups-like protocol stack for the transport layer.

The signalling between RNC and SAS is done by using PCAP procedures. The main procedures are the PCAP Position Calculation (with a request coming from the SRNC, position calculation response from the SAS) and PCAP Information exchange (for the SAS to provide the RNC with UE Positioning related information). Hence the SRNC can query the standalone SMLC for the position of the UE.

A-GPS Minimum Performance Specification
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A-GPS has already been standardized as one of UE location technologies supported by 3GPP in Rel-99. An A-GPS UE will integrate a GPS receiver and will receive assistance data from the network, through standardized signalling, that will help it detect the GPS signals faster and more accurately. Assistance data include GPS time, an approximate position of the UE, satellite and constellation information and others.
Two types of A-GPS terminals are specified: UE Based A-GPS and UE assisted A-GPS. The first will measure signals from GPS satellites perform the calculations and report a location, in terms of longitude/latitude; the second will measure the GPS signals, send a measurement report to the network, that will perform the calculation to determine position.
Currently, there are no requirements on the performance of A-GPS FDD UEs so the location measurement reporting accuracy from different UE vendors is different, which makes it difficult for a network operator to use these location reports to provide a consistent location service in the same operational environment.
This Work Item aims at specifying a minimum set of performance requirements, based on mature and achievable A-GPS technology. The choice of requirements involved a trade off between those related to the location service and those stressing a particular characteristic of a GPS receiver. 
The new requirements, listed below, are collected in the new TS 25.171 (Requirements for support of Assisted Global Positioning System (A-GPS); Frequency Division Duplex (FDD))
Sensitivity: Verifies the performance of A-GPS receiver in weak satellite signal conditions.

Nominal Accuracy: Verifies the accuracy of A-GPS position estimate in ideal conditions. The aim is to ensure good accuracy for a position estimate when satellite signal conditions allow it. 

Dynamic Range: To ensure that a GPS receiver performs well when visible satellites have rather different signal levels. Strong satellites are likely to degrade the acquisition of weaker satellites due to their cross correlation products

Multi-Path scenario: The purpose of the test case is to verify the receiver's tolerance to multipath while the test setup is kept simple

Moving scenario and periodic update: The purpose of the test case is to verify the receiver's capability to produce GPS measurements or location fixes on a regular basis, and to follow when it is located in a vehicle that slows down, turns or accelerates
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	End-to-end transparent streaming service; General description

	TS 26.234
	End-to-end transparent streaming service; Protocols and codecs

	TS 32.235
	Charging data description for application services

	TS 31.102
	Characteristics of the USIM Application

	TS 29.198-15
	Open Service Access (OSA) Application Programming Interface (API); Part 15: Multi-media Messaging (MM) Service Capability Feature (SCF)

	TS 32.270
	MMS Charging 

	TS 29.199-05
	Open Service Access (OSA); Parlay X web services; Part 5: Multimedia messaging

	New Dedicated Specifications/Reports

	
	None


Further elaborations and new functionalities were defined in Rel-6 for the Multimedia Messaging Service, introduced in its first version in Rel-99 (see Rel-99 description document for further information).

It includes the following items:

· The major improvement is the introduction of the handling of private addressing schemes in MMS. 
This offers the possibility for services such as Virtual Private Networks (VPN) or Address Hunting Services to use such a subscriber-specific and flexible addressing. This enhancement helps in improve the acceptance of the user and addresses as well needs of corporate customers.

· Support for enhanced charging methods, e.g. transparency to the user, improvements of inter-operator charging mechanisms
· The architecture now defines the possibility to use multiple MMS Relay/Server, as defined in TS 23.140 annex M "Recipient MMS Relay/Server Delivery Report generation and presentation to the originator MMS User Agent".

7.4
AMR-WB extension for high audio quality (AMRWB+)
Written by:
P. Usai
Acronym:
AMRWB+

UID:
34023

Main responsibility:
S4
References

	Document
	Title/Contents

	SP-030083
	Updated WID on AMR-WB extension for high audio quality

	Impacted Specifications

	
	None

	New Dedicated Specifications/Reports

	TS 26.290
	AMR-WB+ codec; Transcoding functions

	TS 26.304
	AMR-WB+ codec; Floating-point ANSI-C code

	TS 26.273
	ANSI-C code for the fixed-point Extended AMR-WB+ speech codec

	TS 26.274
	AMR-WB+ speech codec; Conformance testing

	TS 26.412
	General audio codec audio processing functions; Source code for 3GP file format

	TR 26.936
	Performance characterization of the Enhanced aacPlus and AMR-WB+ audio codecs


The Extended AMR-WB codec (AMR-WB+) developed under this Work Item was targeted for wideband applications.
This work item does not introduce any new services; it extends the AMR-WB codec (new modes) targeting for use in PS streaming and messaging services such as MBMS. The codec is primarily intended for non-conversational services. As this work item brings just additional modes to the existing AMR-WB codec, there are no service nor architectural impacts. The AMR-WB extension does contain both the bit exact AMR-WB and new modes. The new modes provide consistent quality for audio which is understood here as speech, music and mixed content. 
Mobile streaming audio and messaging services will often contain speech only or speech mixed with music on background. Typical content types will be e.g. news casting and infotainment. Considering the expected mixed streaming content, available codecs have difficulties in performing consistently well for both speech and music at a range of bit-rates well below 32 kbit/s.

Radio resources and channel capacity set limitations to available data rates for streaming. Audio content, such as described above, should be made available at a low bit-rate well below 32 kbit/s, focusing on the bit-rate range already used in the AMR-WB codec. Especially, if video is included in the content, the data rate should be as low as possible. However, for streaming and messaging applications, the delay requirements can be relaxed compared to the one required for conversational services.
The objective of the work was to enhance the current AMR-WB codec for audio by developing an audio extension based on the current 3GPP AMR-WB speech codec. The AMR-WB codec based audio extension offers new audio modes, with music performance comparable to the quality of state-of-the-art audio codecs and speech performance at least as good as that of AMR-WB.

Similar bit-rates as the AMR-WB codec are used as to ensure efficient use of radio resources.

Among other characteristics, the codec supports mono and stereo coding, provides a low complexity decoder for the streaming client and offers a seamless switching between the previous modes and the ones of the extended AMR-WB codec.

Finally, the normative fixed-point source code for both encoder and decoder is provided as to enable fast and wide adoption of the codec and to guarantee known audio quality.

7.5
QoS Improvements (QoS1)
Written by:
M. Pope
Acronym:
QoS1

UID:
32016

Main responsibility:
S2
References
	Document
	Title/Contents

	SP-010719
	QoS Improvements

	SP-020540
	FS on Dynamic Policy control enhancements for end-to-end QoS

	SP-030306
	Definition of the Gq interface

	NP-030198
	Gq interface specification for Dynamic Policy control enhancements – Stage 3 (CT3)

	Impacted Specifications

	TS 23.107
	Quality of Service (QoS) concept and architecture

	TS 23.207
	End-to-end Quality of Service (QoS) concept and architecture

	TS 23.221
	Architectural requirements

	TS 29.207
	Policy control over Go interface (CT3)

	TS 29.208
	End-to-end Quality of Service (QoS) signalling flows (CT3)

	New Dedicated Specifications/Reports

	Draft 23.917
	WITHDRAWN: Contents all in 23.207

	TS 29.209
	Policy control over Gq interface (CT3)


The service-based local policy control provides a way to manage the access network through dynamic policies over the Go interface. The Rel-5 IMS work uses a Policy Control Function (PCF) that is only applicable for IMS and tightly linked to the SIP session control. This does not enable a generic service policy to be applied to both IMS and non-IMS services. Within Rel-5 the PCF is shown as being a logical entity of the P-CSCF. Therefore, this work item was initially to provide a feasibility study towards standardizing the interface between the PCF and application proxies (e.g. P-CSCF in the IM domain). The final result was to include the necessary changes in TS 23.207 and TS 23.221 and the feasibility study was withdrawn.

7.6
Rel-6 OSA enhancements (OSA3)
Written by:
A. Zoicas
Acronym:
OSA3

UID:
15010

Main responsibility:
C5 (former N5)
References

	Document
	Title/Contents

	SP-030038
	Scope of the Open Service Access Release 6

	NP-040351
	Open Service Access (OSA) enhancements

	Impacted Specifications

	TS 22.127
	Service Requirement for the Open Services Access (OSA); Stage 1

	TS 29.198-01
	OSA API; Part 1: Overview

	TS 29.198-02
	OSA API; Part 2: Common data

	TS 29.198-03
	OSA API; Part 3: Framework

	TS 29.198-04-1
	OSA API; Part 4: Call control; Subpart 1: Common call control data definitions

	TS 29.198-04-2
	OSA API; Part 4: Call control; Subpart 2: Generic call control data SCF

	TS 29.198-04-3
	OSA API; Part 4: Call control; Subpart 3: Multi-party call control data SCF

	TS 29.198-04-4
	OSA API; Part 4: Call control; Subpart 4: Multimedia call control SCF

	TS 29.198-05
	OSA API; Part 5: Generic user interaction

	TS 29.198-06
	OSA API; Part 6: Mobility

	TS 29.198-07
	OSA API; Part 7: Terminal capabilities

	TS 29.198-08
	OSA API; Part 8: Data session control

	TS 29.198-11
	OSA API; Part 11: Account management

	TS 29.198-12
	OSA API; Part 12: Charging

	TS 29.198-13
	OSA API; Part 13: Policy management SCF

	TS 29.198-14
	OSA API; Part 14: Presence and Availability Management (PAM)

	TR 29.998-01
	Mapping for OSA; Part 1: General Issues on API Mapping

	TR 29.998-04-1
	Mapping for OSA; Part 4: Call Control Service Mapping; Subpart 1: API to CAP Mapping

	TR 29.998-04-4
	Mapping for OSA; Part 4: Call Control Service Mapping; Subpart 4: Multiparty Call Control ISC

	TR 29.998-05-1
	Mapping for OSA; Part 5: User Interaction Service Mapping; Subpart 1: API to CAP Mapping

	TR 29.998-05-4
	Mapping for OSA; Part 5: User Interaction Service Mapping; Subpart 4: API to SMS Mapping

	TR 29.998-06
	Mapping for OSA; Part 6: User Location and User Status Service Mapping to MAP

	TR 29.998-08
	Mapping for OSA; Part 8: Data Session Control Service Mapping to CAP

	New Dedicated Specifications/Reports

	TS 23.198
	Open Service Access (OSA); Stage 2 (see Note)

	TS 29.198-15
	OSA API; Part 15: Multi-media Messaging SCF

	TS 29.199-01
	OSA; Parlay X Web Services; Part 1: Common

	TS 29.199-02
	OSA; Parlay X Web Services; Part 2: Third party call

	TS 29.199-03
	OSA; Parlay X Web Services; Part 3: Call notification

	TS 29.199-04
	OSA; Parlay X Web Services; Part 4: Short messaging

	TS 29.199-05
	OSA; Parlay X Web Services; Part 5: Multimedia messaging

	TS 29.199-06
	OSA; Parlay X Web Services; Part 6: Payment

	TS 29.199-07
	OSA; Parlay X Web Services; Part 7: Account management

	TS 29.199-08
	OSA; Parlay X Web Services; Part 8: Terminal status

	TS 29.199-09
	OSA; Parlay X Web Services; Part 9: Terminal location

	TS 29.199-10
	OSA; Parlay X Web Services; Part 10: Call handling

	TS 29.199-11
	OSA; Parlay X Web Services; Part 11: Audio call

	TS 29.199-12
	OSA; Parlay X Web Services; Part 12: Multimedia conference

	TS 29.199-13
	OSA; Parlay X Web Services; Part 13: Address list management

	TS 29.199-14
	OSA; Parlay X Web Services; Part 14: Presence

	NOTE:
OSA Stage 2 was inherited by CT5 (former CN5) from SA2 at TSG#25 Sep 2004. 
SA2's 23.127 (OSA/VHE Stage 2) was replaced from Rel-6 onwards by a new CT5 TS 23.198 (Stage 2 OSA-only). TS 23.127 was withdrawn from the 3GPP Release 6.


The Open Service Access (OSA), a Rel-99 Feature further enhanced in this Release.
As a reminder, OSA enables service application developers to make use of network functionality through open, standardized, secure, extensible and scalable interfaces. Applications see the network functionality offered to them as a set of Service Capability Features (SCFs) in the OSA API. These SCFs provide access to the network capabilities on which the application developers can rely when designing their applications. The OSA API is independent of where or which network capabilities are implemented in the network, and of vendor specific solutions and programming languages. A secure OSA API is a key enabler for the Virtual Home Environment (VHE) system concept, which requires users to be consistently presented with the same personalised services in whatever network and terminal, subject to the capabilities of both. This work has been done jointly between The Parlay Group, 3GPP SA1 (stage 1), 3GPP CT5 (former CN5) (stages 2 and 3), ETSI TISPAN and 3GPP2, so that there is a single set of standard OSA APIs for the whole development community.
This work item enhances the OSA interface of previous releases by adding: 

· Multi Media Messaging function (29.198-15)

· Policy management extensions (29.198-13)

· Presence and Availability Management for 3GPP (29.198-14)

· Introduction of migration support mechanism (29.198-3)

· Framework Function for Federation (29.198-3)

· Support for High-Availability (29.198-3 to 14)

· OSA interfaces at high level of abstractions, also known as Parlay X Web services (29.199-series), detailed below.
Parlay X is a set of telecommunications Web Services (PXWS). Parlay X is designed to enable software developers to use capabilities from the telecom network (e.g. location, or the ability to set up a call) in applications. 
The PXWS were defined by the Parlay Group, and are also a part of the 3GPP Rel-6 specifications.

The principle behind Parlay X is that since Web Services are widely used in the IT industry, they are a good basis for telecommunication service creation. There is a large number of developers and programmers who use Web Services, and there is a wide variety of development tools. 
The Parlay X APIs define a set of simple-to-use, high-level, telecom-related Web Services. 

A Web Service is a collection of protocols and standards used for exchanging data between applications or systems. Software applications written in various programming languages and running on various platforms can use Web Services to exchange data over computer networks like the Internet in a manner similar to inter-process communication on a single computer. 
This interoperability (e.g. between Windows and Linux applications) is due to the use of open standards. 
OASIS and the W3C are the steering committees responsible for the architecture and standardization of Web Services. 

7.7
Operations, Administration, Maintenance & Provisioning OAM&P Rel-6 (OAM)

Written by:
A. Zoicas
Acronym:
OAM

UID:
35010

Main responsibility:
S5
The OAM&P Feature comprises the following SA5 Building Blocks:

a) Principles, high level Requirements and Architecture (OAM-AR)

b) Network Infrastructure Management (OAM-NIM) 

c) Performance Management (OAM-PM)

d) Trace Management (OAM-Trace)
References

	Document
	Title/Contents

	SP-040766
	OAM&P Feature Rel-6 Operations, Administration, Maintenance & Provisioning (OAM)

	SP-040767
	BB: Principles, high level Requirements and Architecture (OAM-AR)

	SP-040789
	BB: Network Infrastructure Management (OAM-NIM)

	SP-040782
	BB: Performance Management (OM-PM)

	SP-040782
	BB: Trace Management Rel-6 (OAM-Trace)

	Impacted Specifications

	TS 32.101
	Telecommunication management; Principles, high level Requirements 

	TS 32.102
	Telecommunication management; Architecture

	TS 32.xyz, 52.402
	see next tables

	New Dedicated Specifications/Reports

	TS 32.xyz, 52.008
	see next tables


a)
Principles, high level Requirements and Architecture (OAM-AR)

New areas incorporated or enhanced in 32.101 and 32.102 include:

· Subscription Management (Service Operations Management Framework)

· Management of Service Specific Entities

· Transfer of IRP Methodology from 32.102 to a NIM specification

· Impact of Emergency Call Enhancements
b)
Network Infrastructure Management (OAM-NIM)

The existing Integration Reference Points (IRP) Information Services and Network Resource Models have been extended to support new Rel-6 entities and functionality in the RAN and in the CN. In order to provide a more efficient management over the Itf-N interface, the Configuration Management (CM) and Fault Management (FM) frameworks and some of the IRPs have also been enhanced, and some new IRPs introduced. The new work areas are:

· Notification Log IRP

· File Transfer (FT) IRP

· Communication Surveillance (CS) IRP

· Entry Point (EP) IRP 

· Transport Network (TN) NRM IRP 

· CM; Signalling Transport Network (STN) interface NRM IRP

· Control of Remote Electrical Tilting (RET) antennas
References for "OAM-NIM"
	Document
	Title/Contents

	SP-040789
	BB: Network Infrastructure Management (OAM-NIM)

	Impacted Specifications

	32.101, 32.102
	Principles, high level Requirements and Architecture

	32.111-1
	Fault Management (FM)

	32.111-2, 32.111-3, 32.111-4
	FM; Alarm IRP

	32.300
	Configuration Management (CM); Name convention for Managed Objects

	32.301, 32.302, 32.303, 32.304
	CM Notification IRP

	32.311, 32.312
	Generic IRP management

	32.321, 32.322, 32.323, 32.324
	Test management IRP

	32.600
	CM; Concept and high-level requirements

	32.601, 32.602, 32.603, 32.604,
	Basic Configuration Management IRP

	32.611, 32.612, 32.613, 32.614, 32.615
	Bulk CM IRP

	32.621, 32.622, 32.623, 32.624, 32.625
	CM Generic network resources IRP

	32.631, 32.632, 32.633, 32.634, 32.635
	CM Core Network Resources IRP

	32.641, 32.642, 32.643, 32.644, 32.645
	CM UTRAN network resources IRP

	32.651, 32.652, 32.653, 32.654, 32.655
	CM GERAN network resources IRP

	32.661, 32.662, 32.663, 32.664
	Kernel CM

	32.671, 32.672, 32.673, 32.674
	State Management IRP

	32.691, 32.692
	Inventory management network resources IRP

	New Dedicated Specifications/Reports

	32.111-5
	Fault Management; Part 5: Alarm IRP XML Definitions

	32.150
	IRP Concept and definitions

	32.151
	IRP Information Service template

	32.152
	IRP Information Service UML repertoire

	TR 32.805
	Process guide; Backward compatibility recommendations

	32.305
	CM; Notification IRP: XML Definitions

	32.313
	Generic IRP management; CORBA SS

	32.314
	Generic IRP management; CMIP SS

	32.331, 32.332, 32.333, 32.334, 32.335
	Notification Log IRP

	32.341, 32.342, 32.343, 32.344
	File Transfer IRP 

	32.351, 32.352, 32.353, 32.354
	Communication Surveillance IRP

	32.361, 32.362, 32.363
	Entry Point IRP 

	32.675
	CM; State Management IRP CMIP SS XML file format definition

	32.690
	Inventory Management IRP Requirements

	32.695
	Inventory Management network resources IRP XML file format definition

	32.711, 32.712, 32.713, 32.714, 32.715
	Transport Network NRM IRP 

	32.751, 32.752, 32.753, 32.754, 32.755
	CM; Signalling Transport Network interface NRM IRP 

	TR 32.804
	Control of Remote Electrical Tilting (RET) antennas; Requirements


c)
Performance Management (OAM-PM)

During the lifetime of a UMTS network, its logical and physical configuration will undergo changes of varying degrees and frequencies in order to optimise the utilisation of the network resources. These changes will be executed through network configuration management activities and/or network engineering.

Many of the activities involved in the daily operation and future network planning of a UMTS network require data on which to base decisions. This data refers to the load carried by the network and the grade of service offered. In order to produce this data, Performance Measurements are executed in the NEs, which comprise the network. The data can then be transferred to an external system, e.g. an Operations System (OS), for further evaluation. It is necessary to describe the mechanisms involved in the collection of the data and the definition of the data itself. 

New functionality is added and existing functionality is enhanced as follows:

· PM IRP definitions

· Measurement job Administration functions

· Performance threshold Management functions

· PM File format enhancements

· Performance Measurement definitions
References for " OAM-PM"
	Document
	Title/Contents

	SP-040782
	Performance Management (OM-PM)

	Impacted Specifications

	32.401
	PM; Concept and requirements

	52.402
	PM; Performance measurements - GSM

	32.403
	PM; Performance measurements - UMTS and combined UMTS/GSM

	New Dedicated Specifications/Reports

	32.411, 32.412, 32.413, 32.414
	PM IRP

	32.432
	Performance measurement: File format definition

	32.435
	Performance measurement: XML file format definition

	32.436
	Performance measurement: ASN.1 file format definition


d)
Trace Management (OAM-Trace); Subscriber and equipment trace in UTRAN

The "Trace" functionality was officially covered by two independent WIs: "Trace Management (OAM-Trace)" and "Subscriber and equipment trace in UTRAN". As they correspond to a same goal, their descriptions have been grouped in this section.
Written by:
A. Zoicas and J. Caldenhoven
Acronym:
OAM-Trace-RAN

UID:
23013

Main responsibility:
RAN3
References for " OAM-Trace-RAN"
	Document
	Title/Contents

	SP-040782
	Trace Management (OAM-Trace)

	RAN_Work_Items_History
	Subscriber and equipment trace in UTRAN (OAM-Trace-RAN) by RAN3

	NP-040411
	Trace Management, Stage 3 (OAM-Trace) by CT4 (former CN4)

	Impacted Specifications

	TS 25.413
	UTRAN Iu interface RANAP signalling

	TS 25.420
	UTRAN Iur Interface: General Aspects and Principles

	TS 25.423
	UTRAN Iur interface RNSAP signalling

	TS 23.205
	Bearer-independent circuit-switched core network; Stage 2

	TS 29.232
	Media Gateway Controller (MGC) - Media Gateway (MGW) interface; Stage 3

	TS 29.060
	GPRS Tunnelling Protocol (GTP) across the Gn and Gp interface

	TS 29.002
	Mobile Application Part (MAP) specification

	TS 29.228
	IMS Cx and Dx Interfaces; Signalling flows and message contents

	New Dedicated Specifications/Reports

	TS 32.421
	Subscriber and equipment trace; Trace concepts and requirements

	TS 32.422
	Subscriber and equipment trace; Trace control and configuration management

	TS 32.423
	Subscriber and equipment trace; Trace data definition and management

	TS 52.008
	GSM subscriber and equipment trace


Subscriber and Equipment Trace provide very detailed information at call level on one or more specific mobile(s). This data is an additional source of information to Performance measurements and allows going further in monitoring and optimisation operations. 

Contrary to Performance Measurements, which are a permanent source of information, Trace is activated on user demand for a limited period of time for specific analysis purposes. 

Trace plays a major role in activities such as determination of the root cause of a malfunctioning mobile, advanced troubleshooting, optimisation of resource usage and quality, RF coverage control and capacity improvement, dropped call analysis, Core Network and UTRAN end-to-end UMTS procedure validation.

Subscriber and Equipment Trace is also available for GSM-only systems.
Management Based Activation means that the Trace Session in the RNC is activated/deactivated directly from the RNC Element Manager using the Trace Parameter Configuration over the management interface.

The RNC is configured by the RNC Element Manager to trace a given subscriber or a given equipment. In Rel-99, the CN provides to the RNC the IMSI for an Iu connection using the COMMON ID message. Thus, it is possible to perform Management Activation on the IMSI with Rel-99 protocols on UTRAN interfaces. In order to enable Management Activation on the IMEI/IMEISV a new RANAP message was introduced and the CN INVOKE TRACE RANAP message was re-used in Rel-6.

7.8
Charging Management (CH)
Written by:
A. Zoicas
Acronym:
CH

UID:
35016

Main responsibility:
S5
References

	Document
	Title/Contents

	SP-040773
	Charging Management (Feature: CH)

	Impacted Specifications

	TS 22.115
	Service aspects; Charging and billing

	TS 23.125
	Overall high level functionality and architecture impacts of flow based charging; Stage 2

	
	Note that SA5 Rel-5 TSs have not been propagated to Rel-6

	New Dedicated Specifications/Reports

	TS 32.240
	Charging architecture and principles

	TR 32.815
	Online Charging System (OCS) architecture study

	TS 32.295
	CDR transfer

	TS 32.296
	OCS: Applications and interfaces

	TS 32.297
	Charging Data Record (CDR) file format and transfer

	TS 32.298
	CDR parameter description


Rel-6 comprises both the enhancements to existing services and access technologies that are further evolved in other 3GPP WGs, and the provision of charging capabilities for new Rel-6 services and access technologies. 
This item refers to the definition (stages 2 and 3) of the Charging, called "Charging Framework", covering all aspects of Bearer, IMS and Service Charging as required by all other 3GPP Rel-6 work items as well as enhancements to the existing framework. Harmonization of interfaces and protocols across all domains and subsystems was achieved.
Charging items shown here are also presented in appropriate clauses (e.g. LCS charging also appears in the LCS clause)
References for "Bearer Charging"
	Document
	Title/Contents

	SP-030048
	Charging Management for Bearer level (BB: CH-BC)

	SP-040041
	IP flow based bearer level charging (CH-FBC)

	NP-040245
	Gx interface for FBC

	NP-040339
	Rx interface for FBC

	Impacted Specifications

	None
	SA5 Rel-5 TSs 32.205, 32.215 have not been propagated to Rel-6

	New Dedicated Specifications/Reports

	TS 32.250
	CS domain charging

	TS 32.251
	PS domain charging

	TS 32.252
	WLAN charging (WLAN-CH)

	TS 23.125
	Overall architectural aspects of IP flow based bearer level charging

	TS 29.210
	Gx interface for flow based charging

	TS 29.209
	Rx interface for flow based charging


References for "IMS Charging"
	Document
	Title/Contents

	SP-030049
	Charging Management for IM Subsystem (IMS2-CH)

	Impacted Specifications

	None
	SA5 Rel-5 TS 32.225 has not been propagated to Rel-6

	New Dedicated Specifications/Reports

	TS 32.260
	Diameter Accounting and Credit Control application

	TS 32.299
	Diameter charging applications


References for "Service Charging"
	Document
	Title/Contents

	SP-040778
	Charging Management for the Service domain (BB: CH-SC)

	SP-050032
	PoC charging (WT: PoC-CH)

	SP-040779
	MBMS charging (WT: MBMS-CH)

	Impacted Specifications

	None
	SA5 Rel-5 TS 32.235 has not been propagated to Rel-6

	New Dedicated Specifications/Reports

	TS 32.270
	MMS charging

	TS 32.271
	LCS charging

	TS 32.272
	PoC charging

	TS 32.273
	MBMS charging


7.9
Rel-6 UICC/USIM enhancements and interworking (USAT1)
Written by:
G. Lenhart
Acronym:
USAT1

UID:
1800

Main responsibility:
T3
References

	Document
	Title/Contents

	WIDs

	TP-000155
	USAT local link

	TP-030031
	2G/3G Java Card™ API based applet interworking

	TP-030259
	USIM application toolkit Conformance Test Specification for Mobile Equipments

	TP-040186
	Test Specification for (U)SIM API for Java Card™

	Impacted Specifications

	TS 31.101
	UICC-terminal interface; Physical and logical characteristics

	TS 31.102
	Characteristics of the USIM application

	TS 31.103
	Characteristics of the IP Multimedia Services Identity Module (ISIM) application

	TS 31.111
	USIM Application Toolkit (USAT)

	TS 31.113
	USAT Interpreter Byte Codes

	New Dedicated Specifications/Reports

	TS 31.115
	Secured packet structure for (U)SIM Toolkit applications

	TS 31.116
	Remote APDU Structure for (U)SIM Toolkit applications


Rel-6 UICC/USIM enhancements and interworking is a combination of the following independent items:

· UICC API containing: Java API Test specification, 2G/3G Java Card™ API based applet interworking, (U)SIM API for Java Card Testing

· Rel-6 USIM toolkit enhancements containing: USIM application toolkit Conformance Test Specification for Mobile Equipments, C SIM API
Two new TS 31.115 and TS 31.116 cover the essential details of the (U)SIM Toolkit applications enhancements:

· TS 31.115 specifies only additional requirements or explicit limitations for the structure of the Secured Packets in implementations using Short Message Service Point to Point (SMS-PP) and Short Message Service Cell Broadcast (SMS-CB), based on ETSI specifications. It is applicable to the exchange of secured packets between an entity in a 3G or GSM PLMN and an entity in the (U)SIM.
Secured Packets contain application messages to which certain mechanisms have been applied. Application messages are commands or data exchanged between an application resident in or behind the 3G or GSM PLMN and on the (U)SIM. The Sending/Receiving Entity in the 3G or GSM PLMN and the UICC is responsible for applying the security mechanisms to the application messages and thus turning them into Secured Packets.

· TS 31.116 defines additional requirements or explicit limitations for the remote management of files and applets on the SIM/USIM/ISIM. It describes the APDU (Application Protocol Data Unit) format for remote management. Furthermore the document specifies:

· a set of commands coded according to this APDU structure and used in the remote file management on the SIM/USIM, also specified in 3GPP.

· a set of commands coded according to this APDU structure and used in the remote applet management on the SIM/USIM. based on ETSI specifications.

7.10
Packet Switched Streaming Services Rel-6 (PSSrel6)
Written by:
P. Usai, A. Sultan
Acronym:
PSSrel6

UID:
34022

Main responsibility:
S4
References

	Document
	Title/Contents

	SP-020685
	WID on Packet Switched Streaming Services

	Impacted Specifications

	TS 22.233
	Transparent end-to-end packet-switched streaming service (PSS); Stage 1

	TS 26.233
	PSS; General description

	TS 26.234
	PSS; Protocols and codecs

	New Dedicated Specifications/Reports

	TS 26.244
	PSS; 3GPP file format (3GP)

	TS 26.245
	PSS; Timed text format

	TS 26.246
	PSS; 3GPP SMIL language profile

	TS 26.401
	General audio codec audio processing functions; Enhanced aacPlus general audio codec (Enhanced aacPlus); General description

	TS 26.402
	Enhanced aacPlus; Additional decoder tools

	TS 26.403
	Enhanced aacPlus; Encoder specification; Advanced Audio Coding (AAC) part

	TS 26.404
	Enhanced aacPlus; Encoder specification; Spectral Band Replication (SBR) part

	TS 26.405
	Enhanced aacPlus; Encoder specification; Parametric stereo part

	TS 26.406
	Enhanced aacPlus; Conformance testing

	TS 26.410
	Enhanced aacPlus; Floating-point ANSI-C code

	TS 26.411
	Enhanced aacPlus; Fixed-point ANSI-C code

	TS 26.412
	General audio codec audio processing functions; Source code for 3GP file format

	TS 26.290
	Extended Adaptive Multi-Rate - Wideband (AMR-WB+) codec; Transcoding functions

	TS 26.304
	AMR-WB+ codec; Floating-point ANSI-C code

	TS 26.273
	ANSI-C code for the fixed-point AMR-WB+ speech codec

	TS 26.274
	AMR-WB+ speech codec; Conformance testing

	TS 26.412
	General audio codec audio processing functions; Source code for 3GP file format

	TR 26.936
	Performance characterization of the Enhanced aacPlus and AMR-WB+ audio codecs


Streaming refers to the ability of an application to play synchronized media streams like audio and video streams in a continuous way while those streams are being transmitted to the client over a data network.

Streaming Services today are mostly driven by the web (Video/Audio on demand, realised as Download and play, Progressive Download, Unicast A/V streaming with offline encoding, Web TV realised as Multicast A/V streaming with offline encoding, etc.).

PSS follows a client-server model sitting on a 3G Radio Access and Core Network and uses IETF defined protocols:

· RT media Transport: RTP/UDP

· NRT media transport: HTTP/TCP/IP

· Control/Signalling: RTSP
Following the PSS-E specifications developed under Rel-5, more advanced aspects were developed under Rel-6 like QoE metrics, Bit rate adaptation, new audio/video codecs (eaacPlus, AMR-WB+, H.264), and harmonization with existing 3GPP multimedia applications was considered as well to provide full backwards compatibility with the Rel-5 Extended Streaming solution.
The Rel-6 enhancements of PS Streaming are:

· Introduction of new codecs and formats:

· Introduction of Extended AMR-WB and Enhanced aacPlus into PSS service

· Introduction of the H.264 (AVC) video codec into the PSS service

· Support for 128 kbps video included

· Support for service adaptation, Support adaptation to varying network conditions.

· Support for bitrate adaptation

· Real time monitoring of application level QoS.

· Enabling adaptation based on capability exchange, including user preferences.

· Adaptation to network capabilities and characteristics (GERAN, UTRAN and WLAN).

· Harmonized streaming support for MMS.

· MIME type references updated

· Introduction of a server file format and a file format for progressive download. 

· Support for media stream selection (alternatives in SDP)

· Extended support for synthetic audio

· Support for "Quality of Experience" (defined as the sum of factors influencing the user's experience during the use of the service)

· Quality of Experience metrics added (applicable to audio, video, speech and timed text media types only)

· Clarifications and updates to a number of protocols (SDP, RTSP, RTP)

· RTP retransmisson included

· RTP transport of timed text included

· Update of PSS UAProf vocabulary and RDF schema for Rel-6.

· Adoption of SVG Tiny 1.2 for PSS service
· DRM (Digital Rights Management, see Rel-5) included

· Client buffer feedback mechanism updated
From a documentation perspective, the following functionalities have been moved to their own TSs in R6:

· The 3GPP file format (3GP), moved to TS 26.244

· The Timed text format, moved to TS 26.245

· The 3GPP SMIL Language Profile, moved to TS 26.246
A number of other individual Work Items for Rel-6 were linked to PSSRel6, i.e.:

· IMS Phase2 

· MMS
· End to End QoS (Concept and Architecture) for PS Domain Charging Management

· MBMS

· GUP

· AMR-WB extension for high audio quality

· DRM (confidentiality and integrity protection)

· Charging: the mobile streaming application allows various charging models, e.g. time based, volume based, service usage based

7.11
Codec Enhancements for PS Conversational Multimedia Applications (CEPSCM)
Written by:
P. Usai
Acronym:
CEPSCM

UID:
34027

Main responsibility:
S4
References

	Document
	Title/Contents

	SP-040066
	WID on Codec Enhancements for PS Conversational Multimedia Applications

	Impacted Specifications

	TS 26.235
	PS conversational multimedia applications; Default codecs

	TS 26.236
	PS conversational multimedia applications; Transport protocols

	New Dedicated Specifications/Reports

	-
	-


It is important to consider enhancements for the set of codecs for PS Conversational Multimedia Applications for each 3GPP release in order to provide the best possible QoS and also to enable harmonisation of the set of codecs throughout 3GPP. Rel-6 Work Items exist for the consideration of codecs for all other services/applications (PSS, MMS, MBMS, IMS Messaging and Presence, Speech Recognition and Speech Enabled Services, PoC) but this Work Item was felt needed for any changes (except corrections) in the codec and transport protocol definitions.

This WI considered enhanced codecs (and the related transport protocols) for the set of codecs for PS conversational multimedia applications thus impacting TS 26.235 and TS 26.236; any changes in the set of codecs (and in the related transport protocols) was studied to justify them as giving improved performance. 
The priority in this work was set to the harmonisation of codecs with other services, and especially to consider if any of the enhanced codecs, included in Rel-6 for other services, for example voice, audio-visual and text conversation, could be added also for PS conversational applications to obtain improved performance and harmonisation benefits. DSR (Distributed speech Recognition) codec, PoC, AMR SDP parameters, H.264 | AVC video codec, support for 128 kbps video into packet-switched conversational services were included in TS 26.235 and TS 26.236.
It should be noted that the standardization of codecs will not stop the use of other codecs through the network if the end user or end application require it.

7.12
3G-324M Improvements (3G-324MI)
Written by:
P. Usai
Acronym:
3G-324MI

UID:
34028

Main responsibility:
S4
References

	Document
	Title/Contents

	SP-040067
	WID on 3G-324M Improvements

	Impacted Specifications

	TS 26.111
	Codec for circuit switched multimedia telephony service; Modifications to H.324

	New Dedicated Specifications/Reports

	TR 26.911
	Codec(s) for Circuit-Switched (CS) multimedia telephony service; Terminal implementor’s guide


The 3GPP CS mobile video telephony standard 3G-324M is now being deployed in several countries and is one of the major services distinguishing 3G networks from 2G. The interest for the 3G-324M service is high and will probably continue to be so in the near future. No major changes have been made to the 3G-324M specifications since 1999, although there now exist better alternatives for media encoding than originally specified and the service requirements have also become clearer.
This work specified a number of minor backwards-compatible changes to the 3G-324M specifications including:
· For improved media quality, introduce the codecs selected as part of 3GPP PS Conversational specifications as optional 3G-324M codecs, i.e. H.264 | AVC as optional video decoder, and AMR-WB as optional speech codec. The missing signalling of H.264 decoder capabilities was also added to TS 26.111.
· For improved compatibility, clarify in TR 26.911 whether NSRP is a windowed protocol

· For reduced application setup time, recommend in TR 26.911 that H.245 messages be concatenated into as few NSRP packets as possible.

· For improved compatibility, clarify in TR 26.911 that a UE must cope with a remote party having only "transmit" capabilities.

· For improved compatibility, clarify in TR 26.911 that a UE must cope with a remote party having only video or only audio capabilities.

· For improved compatibility, specify in TR 26.911 how codec and configuration conflicts during OpenLogicalChannel signalling shall be resolved through introduction of Master-Slave rules.
The work mainly focussed on two aspects of 3G-324M: improved interoperability and enhanced user experience. 
The interoperability is improved by the clarifications added in TR 26.911, the user experience will be enhanced by the addition of new codecs (speech and video), clarification of DTMF signalling and reduced set-up time in TS 26.111.

7.13
Enhancement of dialled service for CAMEL (EDCAMEL)
Written by:
A. Berkalo, A. Sultan
Acronym:
EDCAMEL

UID:
12006

Main responsibility:
N4
References

	Document
	Title/Contents

	SP-020818

NP-030153
	Enhancement of dialled service for CAMEL (stage 1)

Enhancement of dialled service for CAMEL (stages 2 and 3)

	Impacted Specifications

	TS 22.078

TS 23.008

TS 23.016

TS 23.018

TS 23.078

TS 29.002

TS 29.078
	CAMEL4, stage 1 (SA1)
Organization of Subscriber Data

Subscriber Data Management, Stage 2

Basic Call Handling

CAMEL4, stage 2

MAP Specification

CAMEL4, stage 3

	New Dedicated Specifications/Reports

	
	None


"Enhancement of dialled service for CAMEL", also called "Enhanced CSE (CAMEL Service Environment) capability for dialled services", enables the full control of HPLMN versus VPLMN specific service numbers, called respectively "Subscribed dialled services" and "Serving Network Dialled Services". 
To this aim, new Information Flows (IFs) are allowed at the Trigger Detection Point "Analysed_Information". 
These IFs are: Apply Charging, Call Information Request, Cancel (all requests) and Request Report BCSM Event, together with their acknowledgements and reporting. 

As a reminder, the Detection Points are points in call at which specified events are detected by the Service Control Function (SCF), which can influence subsequent handling of the call. If the DP is not armed, the processing entity continues the processing without SCF involvement. See the Rel-99 document for a deeper description of CAMEL.
Since CAMEL4 allows a selective implementation of CAMEL features, new Information Elements (IEs) corresponding to this feature are added, so that the MSC can inform that it supports this new capability to the SCF. These new IEs are called "DCSI Enhancements" (Enhancement of Subscribed Dialled Services) and "NCSI Enhancements" (Enhancement of Serving Network Dialled Services). They are added to the "SupportedCAMEL4Functionalities" parameter of InitialDP Operation.
Other remarks on EDCAMEL are that:

· It also offers the control of charging in case of multiple services per subscriber (e.g. prepaid, VPN).

· It doesn't apply to IMS, because IMS uses CAMEL3 capabilities and enhanced dialled service use CAMEL4.
· Stage 1 was introduced in Rel-5 (CAMEL phase 4), but it was subsequently removed as stages 2 and 3 could not be completed in Rel-5 time frame. EDCAMEL was re-introduced and completed as part of Rel-6 (CAMEL phase 4).

7.14
CAMEL prepay interworking with SCUDIF (SCCAMEL)
Written by:
K. Kymalainen
Acronym:
SCCAMEL

UID:
12008

Main responsibility:
N4
References

	Document
	Title/Contents

	NP-030584
	Full CAMEL4 prepay support for SCUDIF

	Impacted Specifications

	TS 22.078
	CAMEL; Service description; Stage 1 (SA1)

	TS 23.078
	CAMEL; Stage 2

	TS 29.078
	CAMEL; CAMEL Application Part (CAP) specification

	TS 29.002
	Mobile Application Part (MAP) specification

	TS 23.172
	Technical realization of CS multimedia service; UDI/RDI fallback and service modification; Stage 2 (CT3)

	New Dedicated Specifications/Reports

	
	None


Full CAMEL4 prepay support for SCUDIF (Service Change and UDI Fallback) defines and develops the CAMEL protocols to support a bearer service change notification at the active phase of the call.
Some operators may want to charge a CS multimedia call at a premium rate compared to a speech call. This is mainly because multimedia calls require more capacity in the radio network and core network (in the MSC server, 16 kbit/s is adequate for speech but not for video). The same principle of charging would also apply to prepay subscribers. If the in-call modification would not be reported to the gsmSCF, then the prepay service logic has no means to derive to correct charging rate for the call. The subscribers may soon find a work-around to get calls for a lower price – start with speech, continue with video. The other way around, it would not be acceptable to charge SCUDIF calls that fall-back to speech at the multimedia charging rate. Given that CS video call may become a key 3G service the risk of lost revenue is serious.
Another key point is the user interaction. The service logic shall know if the call is multimedia, i.e. a data call. During a data call not in-band tones or announcements shall be given, whereas for a speech call it is possible.
If the gsmSCF knows the bearer information then also the Call Party Handling (CPH) inter-work is better. For a multimedia call the CPH shall not be applied because a regular MSC or MSC server has no capability to conference video streams.
The solution is that Basic service changes during active call shall be reported to SCP. Reporting is done only if gsmSCF/SCP requests MSC/SSP to do so. Also the ApplyChargingReport would be generated in order to get a new call period timer value.

7.15
Circuit Switched Video and Voice Service Improvements (CS_VSS)
Written by:
M. Clayton
Acronym:
CS_VSS

UID:
31046

Main responsibility:
S1
References

	Document
	Title/Contents

	SP-040331
	Circuit Switched Video and Voice Service Improvements

	Impacted Specifications

	TS 23.009
	Handover procedures (CT1)

	TS 24.008
	Mobile radio interface Layer 3 specification; Core network protocols; Stage 3 (CT1)

	New Dedicated Specifications/Reports

	TR 23.903
	Redial solution for voice-video switching (SA2)


Combinational services, which are applicable to both UTRAN and GERAN are intended to enable the unidirectional or bi-directional (simultaneous send receive) exchange of PS data within the context of an IMS session.
A specific subscription for combinational services is not necessary. However, both users A and B must have valid subscriptions for voice calls as well as for accessing the IMS. The existing address context is reused when the combined service is established, which makes the combined service simple to invoke for the user.
The IMS session may consist of one or more IMS services. Requirements for the following capabilities are included:

· Radio capability exchange. 

· Terminal capability exchange.

· E.164 number exchange.

· Adding IMS session to an ongoing CS call. 

· Adding a CS call to an ongoing IMS session.

· Supplementary services as they relate to CSICS.
It is intended that the capabilities defined herein for CSICS shall support interoperability between different operator networks, and roaming.
The result of this work was only TR 23.903 (Redial solution for voice-video switching) produced by SA2 under the work item: Stage 2 Study on architecture alternatives and two CT1 CRs:

	Meeting
	Doc
	Spec
	CR
	Rev
	Subject
	Cat
	Version-New
	WG
	Workitem

	CP-28
	CP-050072
	23.009
	0105
	1
	Directed Retry Handover for Bearer Service
	F
	6.1.0
	C1
	CS_VSS

	CP-28
	CP-050072
	24.008
	0937
	3
	SETUP Message Enhancement for Voice Video Switching
	B
	6.9.0
	C1
	CS_VSS


7.16
Network Domain Security; MAP application layer security (MAPSEC)

Written by:
M. Clayton

Acronym:
MAPSEC

UID:
33020

Main responsibility:
S3
References

	Document
	Title/Contents

	SP-040280
	WID for Network Domain Security; MAP application layer security (NDS/MAPsec)

	Impacted Specifications

	TS 33.200
	3G Security; Network Domain Security (NDS); Mobile Application Part (MAP) application layer security

	New Dedicated Specifications/Reports

	None
	None


Fraudulent SMS traffic creating customer dissatisfaction and leading to financial losses for operators has been encountered by several network operators. The absence of security in Signalling System No. 7 (SS7) networks is an identified security weakness in 2G systems. This was formerly perceived not to be a problem, since the SS7 networks were the provinces of a small number of large institutions. This is no longer the case, and so there is now a need for security precautions.
MAP payload encryption is an important element to combat it. The original specification of MAP application layer security (TS 33.200) did not cover SMS related MAP traffic. Moreover, automatic security association and key management procedures were missing from the specification.
For 3G systems the clear goal was to be able to protect the core network signalling protocols, and by implication this means that security solutions needed to be found for both SS7 and IP based protocols. In addition, various protocols and interfaces are used for control plane signalling within and between core networks and so the security mechanisms specified for MAP are on the application layer. This means that MAPsec is independent of the network and transport protocols to be used. The security services that have been identified as necessary are confidentiality, integrity, authentication and anti-replay protection. These are ensured by standard procedures, based on cryptographic techniques.
The work involves defining mechanisms for protecting the MAP protocol at the application layer. The MAP protocol may also be protected at the network layer when IP is used as the transport protocol. However, whenever inter-working with networks using SS7-based transport is necessary, protection at the application layer needed to be used.
The security measures specified in this work item are only fully useful if all interconnected operators use them. In order to prevent active attacks all interconnected operators must at least use MAPsec with the suitable protection levels as indicated in this specification and treat the reception of all MAP messages (protected and unprotected) in a uniform way in the receiving direction.
Before protection can be applied, Security Associations (SA) needs to be established between the respective MAP network elements. Security associations define, among other things, which keys, algorithms, and protection profiles to use to protect MAP signalling. The necessary MAPsec-SAs between networks are negotiated between the respective network operators. The negotiated SA will be effective PLMN-wide and distributed to all network elements which implement MAP application layer security within the PLMN. Signalling traffic protected at the application layer will, for routing purposes, be indistinguishable from unprotected traffic to all parties except for the sending and receiving entities.
Protection at the application layer implies changes to the application protocol itself to allow for the necessary security functionality to be added.
Some work in respect of the second objective has already been carried out (cf. SP-020115; SA#15).
TS 33.204, contains the Stage 2 specification for security protection of the TCAP protocol. The actual implementation (stage-3) specification can be found in TS 29.002.

7.17
Rel-6 Security enhancements (SEC1)
Written by:
M. Clayton

Acronym:
SEC1

UID:
1571

Main responsibility:
S3
References

	Document
	Title/Contents

	SP-000421
	WID for Enhanced HE control of security (including positive authentication reporting)

	SP-030491
	NDS; Authentication Framework (NDS/AF)

	Impacted Specifications

	TS 42.068
	Voice Group Call Service (VGCS); Stage 1

	TS 43.068
	Voice Group Call Service (VGCS); Stage 2

	TS 44.068
	Group Call Control (GCC) Protocol

	TS 42.069
	Voice Broadcast Service (VBS); Stage 1

	TS 43.069
	Voice Broadcast Service (VBS); Stage 2

	TS 44.069
	Broadcast Call Control (BCC) protocol

	TS 31.102
	Characteristics of the USIM application

	TS 24.008
	Mobile radio interface Layer 3 specification; Core network protocols; Stage 3

	TS 48.008
	MSC-BSS interface; Layer 3 specification

	TS 42.009
	Security aspects

	TS 43.020
	Security-related network functions

	New Dedicated Specifications/Reports

	TR 33.810
	NDS/AF; Feasibility study to support NDS/IP evolution


This work item contains a number of elements, which when combined, form the basis for security enhancements for Rel-6. As for Charging or Testing, this "Feature" contains mostly elements used by other Features, such as VGCS or VBS.
Enhanced HE control of security (including positive authentication reporting)

In order to facilitate roaming with TIA's cdma2000, the 3GPP authentication and key agreement mechanism has been adopted by the TIA TR-45 group. TR-45 have identified requirements for enhancing the degree of control the home environment can exert on the serving network with respect to authentication and key agreement. In particular, two security features, required by TR-45, were added to the 3GPP standard:

· Authentication vector revocation

· Positive authentication result reporting
Network Domain Security; Authentication Framework (NDS/AF)

For 3GPP systems, there was a need for truly scaleable entity authentication framework since an increasing number of network elements and interfaces are covered by security mechanisms.

This is the general objective of this item. The framework is developed in the context of the Network Domain Security work items, which limits the scope to the control plane entities of the core network.

The primary objective was for the authentication framework to provide entity authentication for the nodes that are using NDS/IP. This means that the authentication is developed to replace the (not so scaleable) default IPsec/IKE use of pre-shared secrets to authenticate the network elements. The authentication framework will therefore be based on profiled X.509v3 type of digital certificates and of profiled public key infrastructure technology and standards. 

It was included into the work how actual operator Certification Authority's (CA's) are organized feasibly and what are the trust relationships between them. Thus, feasible trust models and their effects were covered more closely. Additionally the work has presented requirements for the used protocols and certificate profiles, so as it is possible for operator IPsec and PKI implementations to interoperate.

This was based on the Feasibility study on NDS/AF (TR 33.810).
Key Management of group keys for Voice Group Call Services

See the description in the VGCS section.

8
Improvements of UTRAN-only pre-Rel-6 features

8.1
Rel-6 Improvements of Radio Interface

Written by:
C. Gutierrez
Acronym:
RInImp

UID:
1216

Main responsibility:
RP
This Feature contains a set of independent improvements detailed in the following clauses.

8.1.1
Improving Receiver Performance Requirements for the FDD UE

Acronym:
RInImp-UERecPerf
UID:
24006
Main responsibility:
R4
References

	Document
	Title/Contents

	R4-020520
	Proposed Way-Forward for Common Pilot Channel (CPICH) Interference Mitigation SI

	Impacted Specifications

	TS 25.101
	UE radio transmission and reception (FDD)

	New Dedicated Specifications/Reports

	TR 25.991
	FS on the mitigation of the effect of the CPICH interference at the UE


This Work Item builds up on the conclusions reached on the Common Pilot Channel (CPICH) Interference Mitigation Study. The idea behind CPICH interference mitigation is to reduce the effect of the interference associated with the CPICHs of the same-cell and other-cell Node Bs. Since each UE utilizing this ability sees less effective interference, it will require less transmitted power from the Node-B to obtain its desired block error rate. The information content and structure of the pilot channels are known a priori at the UE, this is exploited to calculate cross-correlation terms (i.e., interference terms) which are subtracted at the output of the RAKE receiver, reducing the interference level seen by the subsequent decoding stage of the detector.
The Work Item implements improved performance requirements, but does not mandate any specific approach, algorithm or method (i.e. the CPICH cancellation method is not required). Two of the existing requirements in 25.101 requirements are modified: the demodulation of DCH in Inter-Cell Soft Handover for 144 kbps and for 385 kbps. These test the performance of the UE receiver in interference limited condition and are tightened in 0.3 dB.

8.1.2
FDD Base station classification
Acronym:
RInImp-BSClass-FDD
UID:
1476
Main responsibility:
R4
References

	Document
	Title/Contents

	
	[To be added]

	Impacted Specifications

	TS 25.104
	Base Station (BS) radio transmission and reception (FDD)

	TS 25.141
	Base Station (BS) conformance testing (FDD)

	New Dedicated Specifications/Reports

	TR 25.951 
	FDD Base Station Classification


Rel-99 to Rel-5 FDD BS specifications have been done according to the requirements for the macrocell Node Bs. 
For the UTRA evolution, requirements specific for other type of base stations are needed as well (e.g. micro, pico). 

A classification of TDD BS, for both 1.28 Mcps and 3.84 Mcps, was introduced in Rel-5
The objectives of this WI can be summarized as follows:

· Definition of base station classes according to deployment scenarios (e.g. macro/micro/pico, indoor/outdoor).

· Identification, review and possible update of:

· radio parameters dependent on deployment scenarios.

· measurement requirements dependent on deployment scenarios.

· conformance test specifications.
The basis for the classification is the Minimum Coupling Loss, defined as the minimum distance loss including antenna gain measured between antenna connectors (at the terminal and the BS).
-
Wide Area BS class. Requirements are based on BS-UE MCL of 70dB (Macro cell application)

-
Medium Range BS class. Requirements are based on BS-UE MCL of 53dB (Micro cell application)

-
Local Area BS class. Requirements are based on BS-UE MCL of 45dB (Pico cell application)
The following characteristics, which were defined for the generic BS case up to Rel-5, are now differentiated for each class:

· Transmitter

· Base station maximum output power

· Frequency error

· Spurious emissions

· Receiver

· Reference sensitivity

· Dynamic range

· Adjacent Channel Selectivity 

· Blocking characteristics

· Intermodulation characteristics

8.1.3
Frequency bands

The frequency bands are Release independent. This means that specifications and requirements exist in such a way that it is possible to have an UTRAN radio network of any of the 3GPP Releases, with its set of features, on any of the frequency bands.
Provisions for three new bands for FDD usage have been added to Rel-6 specifications, framed in three Work Items under responsibility of RAN WG4:

· UMTS-850. For use in ITU Region 2. Acronym: RInImp-UMTS850. The Work Item takes into consideration the co-existence with technologies operating in the band already, like GSM/GPRS, TIA/EIA-136, TIA/EIA/IS-95, and Analogue AMPS.
· DS-CDMA introduction in the 800 MHz band. Acronym: RInImp-UMTS800. For use in Japan. In Japan, currently the band 806-960MHz is mainly used for several Mobile Services. The coexistence with the following technologies is taken into account: ARIB STD-27(PDC), ARIB STD-T53(IS-95), and ARIB STD-T64 (cdma2000), taking the frequency reframing plan in Japan into account. This allocation is expected to be used only in Japan.
· UMTS 1.7/2.1 GHz. Acronym: RInImp-UMTS1721. For use in North America.
The following allocations are specified in Rel-6 for FDD:

	Common name
	Band
	Uplink
	Downlink

	UMTS Core
	I
	1920 – 1980 MHz
	2110 –2170 MHz

	UMTS1900
	II
	1850 –1910 MHz
	1930 –1990 MHz

	UMTS1800
	III
	1710-1785 MHz
	1805-1880 MHz

	UMTS1721
	IV
	1710-1755 MHz
	2110-2155 MHz

	UMTS850
	V
	824 – 849 MHz
	869-894 MHz

	UMTS800
	VI
	830-840 MHz
	875-885 MHz


The following FDD radio characteristics are different for each band:

-
Channel raster

-
UE and BS Emission mask

-
UE Sensitivity 

-
UE and BS Narrowband blocking.

-
UE and BS Narrowband Inter-modulation.

-
Co-existence requirements
References
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	RAN_Work_Items_History
	WI Sheet

	Impacted Specifications

	TS 25.101
	UE radio transmission and reception (FDD)

	TS 25.104
	Base Station (BS) radio transmission and reception (FDD)

	TS 25.133
	Requirements for support of radio resource management (FDD)

	TS 25.141
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	TR 25.942
	RF system scenarios
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8.1.4
Improved Receiver Performance Requirements for HSDPA
Acronym:
RInImp-HSPerf
UID:
24013
Main responsibility:
R4
References

	Document
	Title/Contents

	RAN_Work_Items_History
	WI Sheet

	Impacted Specifications

	TS 25.101
	UE radio transmission and reception (FDD)


Performance requirements for HSDPA capable UE are specified in Rel-5 based on a receiver of RAKE type. In order to enhance the benefits of HSDPA, a new set of tighter requirements are specified. This will allow for increased coverage, cell capacity and peak data rate via a reduction in the received power required by the HSDPA terminals.

The new requirements are optional for HSDPA terminals and, although they are based on reference receiver structures, the specification will not mandate any specific structure (i.e. each manufacturer is free to comply with the requirements with any implementation). The new requirements are specified as "types" in 25.101. The fact that a UE complies with one of the types is not signalled to the network; the increased performance is indirectly reflected in a better Channel Quality Indicator reported by the UE which will allow the network to increase the data rate or reduce the allocated downlink power. 
Under this feature, two new HSDPA UE performance "types" are defined:

· Type 1, based on a UE receiver with RX diversity

· Type 2, based on LMMSE receiver structure
The following Work Task are dedicated to each of the types
8.1.4.1
Performance Requirements of Receive Diversity for HSDPA

Acronym:
RInImp-HSPerf-RxDiv
UID:
24014
Main responsibility:
R4
This work item specifies the performance requirements based on a HSDPA UE receiver with two antennas. However, UE is allowed to meet the requirements by any means.

8.1.4.2
Improved Minimum Performance Requirements for HSDPA UE categories 7 and 8
Acronym:
RInImp-HSPerf-10code
UID:
20011
Main responsibility:
R4
This improvement targets high end terminals and would allow categorisation of terminals (from low end to high end) based on market demand. Low cost terminals, with support for up to 5 channelization codes, would be implemented with less complex RAKE receivers. 10-code terminals would comply with significantly better performance requirements which would be derived from an advanced receiver structure. 
LMMSE (Linear Minimum Mean Square Error) chip level equalizer would be a suitable reference receiver for defining these performance requirement improvements as LMMSE offers gains in multipath conditions for a range of Ior/Ioc values. It also has a benefit of being a well-known advanced receiver structure. 
The Work Item specifies "type 2" requirements for 10 Code HSDPA UEs, based on an advanced receiver structure. However, no specific implementation solution would be mandated by the performance requirements and the UE is allowed to meet the requirements with any means
8.2
Rel-6 RAN improvements

Acronym:
RANimp
UID:
9
Main responsibility:
RP
This Feature contains a set of independent improvements detailed in the following subsections.

8.2.1
Rel-6 RRM optimization for Iur and Iub
Written by:
J. Calderhoven
Acronym:
RANimp-RRMopt
UID:
23012
Main responsibility:
RAN3
This is a generic item which focuses on optimizing the existing procedures and functions of Iub and Iur. For Rel-6, it contains one single task, described in the following subsection.
8.2.1.1
Improved access to UE measurement data for CRNC to support TDD RRM
Acronym:
RANimp-RRMopt-UEMsD
UID:
23014
Main responsibility:
RAN3
References

	Document
	Title/Contents

	RP-020901
	Study Item Description: "Improved Access to UE Measurement Data for the CRNC to Support TDD RRM

	Impacted Specifications

	TS 25.423
	UTRAN Iur interface RNSAP signalling

	New Dedicated Specifications/Reports

	-
	-


The improvement introduced with this Work Item are means of providing the CRNC with UE measurement data without adding unacceptable complexity or burden to the CRNC or SRNC.
The Controlling RNC (CRNC) is a critical element of the Radio Resource Management (RRM) function. In TDD, the CRNC is responsible for Dynamic Channel Allocation (DCA). In order to effectively perform DCA, the CRNC needs access to measurements that characterize interference and path loss on both a cell and time slot basis.
The Serving RNC (SRNC) requests and receives UE specific measurements. In the case that the SRNC and CRNC are not collocated, the CRNC will be unable in Rel-5 to access these critical measurement data, even though they are inherently available to the network.
The desired UE related measurements for Rel-6 are:

· Downlink CCPCH RSCP

· UE TX power 

· DL ISCP
The Rel-5 Iur interface allows the SRNC to forward some UE related measurements in certain scenarios (e.g. DL ISCP data to support Downlink Power Control). However, there is no mechanism to allow the CRNC to request this information according to its own needs.
The solution for increasing the CRNC access to UE measurements was the introduction of new measurement procedures:

A way for the CRNC to request from the SRNC the measurements it needs and the manner to which report (event trigger or periodic).

A way for the SRNC to respond back including the ability to deny the request if it doesn't fit into the UE measurements currently active.

A way for the SRNC to report the measurement when the measurement is fulfilled.

A way for the SRNC or CRNC to terminate the measurement if had the need.

The existing dedicated and common measurement procedures implemented in TS 25.423 perform the above functions except they deal with DRNS measurements reported to the SRNC and thus each dedicated or common procedure exists in the opposite direction that is needed by UE measurements.

Therefore the identical procedures switched around were introduced in order to fulfil the above task.

8.2.2
Remote Control of Electrical Tilting Antennas
Written by:
J. Calderhoven
Acronym:
RANimp-TiltAnt (also called "RET")
UID:
23010
Main responsibility:
RAN3
References

	Document
	Title/Contents

	RP-030193
S5-048270
	WID; Remote Control of Electrical Tilting Antennas

RET -OAM aspects

	Impacted Specifications

	TS 25.401
	UTRAN architecture description; stage 2

	New Dedicated Specifications/Reports

	TS 25.460

TS 25.461

TS 25.462

TS 25.463
TS 32.804
	UTRAN Iuant Interface: General Aspects and Principles

UTRAN Iuant Interface: Layer 1

UTRAN Iuant Interface: Signalling Transport

UTRAN Iuant interface: Remote Electrical Tilting (RET) antennas Application Part (RETAP) signalling

Remote control of Electrical Tilting (RET) antennas; Requirements


8.2.2.1
Tilting Antenna - RAN aspects
Acronym:
RANimp-TiltAnt
UID:
23015
Main responsibility:
RAN3
Because of the interference limitation property of the CDMA based UTRAN, the tilting of antennas is essential for the successful operation and optimisation of UMTS network coverage. The objectives of this work item was the specification of a standardized open interface to enable local Remote Electrical Tilting (RET) antenna-controlling functionality situated in the Node B. Controlling the electrical tilt of antennas remotely from the O&M Network before Rel-6 is possible via proprietary interfaces between Node B-Element Manager and Node B.

In order to allow the RET antenna system being provided by a third party vendor and to enable consistent remote control of the antenna from the Network Manager across the network, the Iuant Interface was introduced and specified in the TS 25.46x series.

8.2.2.2
OAM&P impacts
Acronym:
RANimp-TiltAnt-OAM
UID:
35023
Main responsibility:
SA5
RET functionality in the UTRAN accompanied by an appropriate set of signalling commands and control parameters from the Network Manager over the Ift-N interface (Telecom Management Interface between Network Element (NE) and NE Manager) allows the operator to optimise the whole network using consistent commands – even in a multi-vendor environment. The Itf-N was enhanced in order to provide the parameters and functionality across the Itf-N interface which are needed for a network wide controlling of RET antenna devices.

8.2.3
Network Assisted Cell Change (NACC) from UTRAN to GERAN
Written by:
J. Calderhoven
Acronym:
RANimp-NACC
UID:
23011
Main responsibility:
RAN3
References

	Document
	Title/Contents

	RP-030156

	WID: Network Assisted Cell Change (NACC) from UTRAN to GERAN

	Impacted Specifications

	TS 23.060

TS 25.401

TS 25.410

TS 25.413

TS 25.420

TS 25.423
	GPRS; Service description

UTRAN Overall Description

UTRAN Iu interface: General Aspects and Principles
UTRAN Iu interface RANAP signalling
UTRAN Iur Interface: General Aspects and Principles
UTRAN Iur interface RNSAP signalling

	New Dedicated Specifications/Reports

	TR 25.901
	Network Assisted Cell Change (NACC) from UTRAN to GERAN - Network Side Aspects


NACC offers the possibility to reduce the delay when transiting between GPRS cells by providing the system information of the target cells. In GPRS networks without NACC, cell re-selection can causes a service interruption in the region of 4 – 8 seconds, which has an impact on the user experience. Similar interruption times can be expected in mixed UMTS and GPRS networks during UE cell re-selection from UTRAN to GERAN.
In Rel-6 it was specified how the RNC acquires the System Information (GERAN SI) required to be delivered to the UE/MS as part of the NACC function, the impacts on UTRAN architecture were studied and the signalling support on the UTRAN Interfaces for Network Assisted Cell Change from UTRAN to GERAN was provided.
In Rel-5 the provision of the GERAN (P)SI messages in the CELL CHANGE ORDER FROM UTRAN message was introduced. In order for this feature to work successfully, a standardized method was required to signal relevant GERAN information across the UTRAN interfaces. Therefore the RAN Information Management (RIM) mechanism, which was defined initially for the use of NACC between BSSs, was extended for the use between GERAN and UTRAN.
The following functionalities were introduced for NACC:
a) UTRAN functions
GERAN System Information Retrieval is introduced as an additional UTRAN function, as is RAN Information Management as an additional function related to radio resource management and control.
b) Signalling Architecture

The mechanism used to gain access to the GERAN SI/PSI at the SRNC is such that the (P)SI will be stored by the local RNC.
c) Format of the RIM messages

GERAN does not adapt RIM messages to the target system and are routed via the CN without interpretation. The RNC needs to send and receive BSSGP messages within a container within the RANAP message.
d) Information Exchange over the Iu Interface

The transfer of RIM information over the Iu from UTRAN, will be performed using a new RANAP procedure – Direct Information Transfer. This generic Class 2 RANAP procedure has been designed such that it will transfer information from the RNC to the CN or vice versa, in unacknowledged mode – maintaining the agreed RIM principles.
e) Information Exchange over the Iur Interface

The transfer of RIM information over the Iur between the SRNC and the DRNC will be performed using an existing RANAP R5 procedure – [RNSAP] Information Exchange – following an appropriate modification/addition to the procedure.
8.2.4
Optimisation of downlink channelization code utilization

Written by:
Y. Ishii
Acronym:
RANimp-RABSE-CodeOptFDD
UID:
21008

Main responsibility:
R1
References

	Document
	Title/Contents

	RP-040136
	WID on Optimisation of downlink channelization code utilisation

	Impacted Specifications

	TS 25.211
	Physical channels and mapping of transport channels onto physical channels (FDD)

	TS 25.212
	Multiplexing and channel coding (FDD)

	TS 25.213
	Spreading and modulation (FDD)

	TS 25.214
	Physical Layer Procedures (FDD)

	TS 25.215
	Physical layer; Measurements (FDD)

	TS 25.302
	Services provided by the physical layer

	TS 25.331
	Radio Resource Control (RRC) protocol specification

	TS 25.402
	Synchronization in UTRAN Stage 2

	TS 25.420
	UTRAN Iur Interface: General Aspects and Principles

	TS 25.423
	UTRAN Iur interface Radio Network Subsystem Application Part (RNSAP) signalling

	TS 25.430
	UTRAN Iub Interface: general aspects and principles

	TS 25.433
	UTRAN Iub interface Node B Application Part (NBAP) signalling

	New Dedicated Specifications/Reports

	No
	No


Since using secondary scrambling codes introduces some loss of intra-cell orthogonality in downlink, code utilization in downlink is an important element for the efficiency of downlink in FDD UTRA cells. Several features require a UE specific downlink code for a dedicated channel, such as HSDPA which requires an associated DPCH, compressed mode by SF reduction, IMS with infrequent RTCP packets and full headers which have to be sent with low delay. HSDPA transmissions also require channelization codes and therefore would benefit from a limited use of secondary scrambling codes, so efficient code utilization of dedicated channels also improves HSDPA performance.

The objective of this work item is to introduce improvements to UTRA FDD downlink which allow a better utilization of downlink codes for dedicated channels.
8.2.5
Optimisation of channelization code utilisation for 3.84 Mcps TDD

Written by:
Y. Ishii
Acronym:
RANimp-RABSE-CodOptTDD
UID:
21009

Main responsibility:
R1
References

	Document
	Title/Contents

	RP-040551
	WI Description for Optimisation of Channelisation Code Utilisation Code Optimisation 3.84 Mcps TDD

	Impacted Specifications

	TS 25.221
	Physical channels and mapping of transport channels onto physical channels (TDD)

	TS 25.224
	Physical layer procedures (TDD)

	TS 25.302
	Services provided by the physical layer

	TS 25.331
	Radio Resource Control (RRC) protocol specification

	New Dedicated Specifications/Reports

	No
	No


This feature is the same as the one described above, but this time applicable to the downlink and uplink dedicated channels using 3.84 Mcps TDD. The work for 1.28 Mcps TDD (LCR-TDD) is done in Rel-7 Work Item "Optimization of Channelisation Code Utilisation for 1.28 Mcps TDD".

8.2.6
HS-DPCCH ACK/NACK Enhancement

Written by:
Y. Ishii
Acronym:
RANimp-RABSE-ACKNACK
UID:
20013

Main responsibility:
R1
References

	Document
	Title/Contents

	RP-040390
	WID of HS-DPCCH ACK/NACK Enhancement

	Impacted Specifications

	TS 25.212
	Multiplexing and channel coding (FDD)

	TS 25.214
	Physical layer procedures (FDD)

	TS 25.331
	Radio Resource Control (RRC); Protocol Specification

	TS 25.433
	UTRAN Iub interface NBAP signalling

	New Dedicated Specifications/Reports

	No
	No


The Technical Report (TR 25.899) on "HSDPA Enhancements" under the Radio Link Performance Enhancements Study Item has shown that enhancements to the HS-DPCCH ACK/NACK transmission can reduce the UE peak power when using HSDPA in UTRA FDD, which can result in improved coverage for DCH or E-DCH. The transmission of a layer 1 preamble and postamble can improve ACK/NACK decoding reliability, enabling the current performance to be achieved with a lower HS-DPCCH transmit power. Further resulting benefits include improving cell coverage for HSDPA.

This work item introduces layer 1 improvement to the transmission of ACK/NACK on the UTRA FDD HS-DPCCH, together with associated higher-layer signalling to activate the improvements, as to improve the coverage for uplink DCH or E-DCH. 

8.2.7
Beamforming Enhancements

Written by:
Y. Ishii
Acronym:
RANimp-BFE
UID:
20999

Main responsibility:
R1
References

	Document
	Title/Contents

	RP-010711
	WI Description of Beamforming

	Impacted Specifications

	TS 25.215
	Physical layer; Measurements (FDD)

	TS 25.423
	UTRAN Iur interface Radio Network Subsystem Application Part (RNSAP) signalling

	TS 25.425
	UTRAN Iur interface user plane protocols for Common Transport Channel data streams

	TS 25.433
	UTRAN Iub interface Node B Application Part (NBAP) signalling

	TS 25.435
	UTRAN Iub interface user plane protocols for Common Transport Channel data streams

	New Dedicated Specifications/Reports

	TR 25.887
	Beamforming enhancements


Beamforming with dedicated pilot symbols or with S-CPICH has potential to improve system capacity. Also UTRAN RRM could be improved by defining support for measurements that take into account the possible use of beamforming with S-CPICH or with dedicated pilots only.

This work item defines potential new measurements for UTRA FDD for efficient support of RRM in case beamforming is used in UTRAN. 

As for L1 aspects, TS25.215 sections on received total wide band power, SIR, transmitted carrier power and transmitted carrier power of all codes not used for HS-PDSCH or HS-SCCH transmission are updated to include description on beamforming antennas. 

As for UTRAN interface protcol, the measurements specified to support beamforming require some signalling support over the Iub in order to be useful. The Node-B beamforming capability is required to be known by the RNC. The possible modes are  ("none", "flexible beam", "grid of fixed beams"). A capability of "none" means that beamforming antennas, as defined above, are not provided. This does not exclude the application of other non-standardized (uplink) schemes using antenna arrays which do not require support in the specifications. The following messages are suggested:

· Beamforming mode to apply: "none", "flexible beam", or "grid of fixed beams". 

· The average wideband power measurements (uplink and downlink) should be reported from the Node-B to the RNC over the Iub interface. Thus, a measurement message should be sent for each cell portion (1,2,…,N) in addition to the sector wideband measurement. The reporting of these measurements could be on request or periodic, as specified for the sector wideband measurements. If the beamforming mode is "none", then only sector wideband measurements are reported.

· If the beamforming mode is "flexible beam" or "grid of fixed beams", information should be added to the "Node-B configuration message", so that the RNC obtain information on the number of beams (N), in which the Node-B conducts wideband power measurements for RRM purposes. 

· The beamforming specific Node-B measurements are intended for RRM purposes such as admission control (AC), packet scheduling (PS), etc. During a random access procedure, if beamforming is used in a Node-B, the RNC should therefore also know in which cell portion the new UE is located. This information is required in order to be able to make a decision on whether the UE can get a call accepted. The cell portion of the new UE is equivalent to the portion of the uplink where the highest SIR is received from that particular UE. This can be accomplished by introducing a new procedure during random access, e.g. before deciding on admission, the RNC asks the Node-B to perform a best cell portion measurement. Alternatively, this could be accomplished by adding the cell portion index to each random access message sent from the Node-B to the RNC.

· Similar action has to be taken during soft handover (SHO) where the RNC needs the information of which cell portion the UE belongs to. This information is needed in the AC in order to decide for available resources before the new radio link is created. This can be accomplished by e.g., asking the Node-B to perform a best cell portion measurement before deciding if the new link should be created.

· In addition to the special behaviour related to random access and SHO, there is also an issue for the RNC to signal to the Node-B in which cell portion to transmit a certain link to a certain UE. This requires an addition to the signaling scheme that is used in the present version of the specification.

· For scenarios where the Node-B uses beamforming mode "grid –of fixed beams" or "flexible beam" with one SCPICH assigned per beam, there are additional considerations. For this particular case, a UE transition from one beam to another require higher layer signalling, since the UE needs to get informed that it should use another SCPICH. To be able to handle this the following signalling between Node-B and RNC is needed for the case where beamforming is applied with a SCPICH per beam:

· For each UE, the Node-B should measure the uplink received power of the of the pilot symbols in all the beams where a SCPICH is assigned. These measurements should be locally averaged in the Node-B before they are reported to the RNC. The length of the power averaging window is selected by the RNC. In order to reduce the Iub signalling load, we could chose to only report the strongest measurements to the RNC.

· Based on these measurements, the RNC determines whether a beam handover is needed or not. Hence, the beam handover algorithm can be implemented in coherence with the conventional sector handover algorithms. 

According to these suggestions, TS 25.423, 25.425, 25.433 and 25.435 were updated. 

9
Improvements of GERAN-only pre-Rel-6 features
9.1
Addition of U-TDOA in GERAN

Written by:
P. Usai

Acronym:
UTDOACS, UTDOAPS
UID:
50444, 50445

Main responsibility:
GP
References

	Document
	Title/Contents

	GP-032773
	WID on Addition of U-TDOA in GERAN CS domain

	GP-032774
	WID on Addition of U-TDOA in GERAN PS domain

	Impacted Specifications

	TS 23.060
	GPRS; Service Description; Stage 2

	TS 43.059
	Functional Stage 2 Description of Location Services in GERAN (addition of U-TDOA in CS domain)

	TS 45.005
	GERAN Radio transmission and reception

	TS 48.071
	Location Services (LCS); Serving Mobile Location Centre - Base Station Subsystem (SMLC-BSS) interface Layer 3 specification

	TS 49.031
	Location Services (LCS); Base Station System Application Part LCS Extension (BSSAP-LE)

	New Dedicated Specifications/Reports

	No
	No


Uplink Time Difference Of Arrival (U-TDOA) provides Location Services to all mobiles, including unmodified, legacy and roaming MS. This Work Item included Uplink TDOA as a location determination method for GSM/GPRS. 
Priority was to achieve US FCC E911 Oct 2003 location accuracy requirements for network-based location methods. These requirements are 100m (67%) and 300m (95%) levels of accuracy.
This Work Item was completed, except for potential LMU performance specs.
9.2
Downlink Advanced Receiver Performance (DARP)
Written by:
P. Usai

Acronym:
DARP

UID:
50101

Main responsibility:
GP

References

	Document
	Title/Contents

	GP-041966
	WID on Downlink Advanced Receiver Performance

	GP-041967
	WID on DARP test scenarios

	GP-041968
	WID on DARP for GMSK modulated voice services

	GP-041969
	WID on DARP for GPRS and EGPRS MCS1-MCS4

	GP-041970
	WID on DARP Capability signalling

	GP-041971
	WID on GERAN MS Conformance test for DARP

	Impacted Specifications

	TS 45.005
	Radio transmission and reception

	TS 45.008
	Radio subsystem link control

	TS 24.008
	Mobile radio interface Layer 3 specification; Core network protocols; Stage 3

	TS 51.010-1
	MS conformance specification; Part 1: Conformance specification

	New Dedicated Specifications/Reports

	TS 45.015
	Release independent Downlink Advanced Receiver Performance (DARP); Implementation guidelines

	TR 45.903
	Feasibility study on Single Antenna Interference Cancellation (SAIC) for GSM networks


DARP improves the link level performance and thereby the radio network capacity (spectral efficiency) for GMSK modulated circuit switched voice and packet data services (EGPRS MCS1-4) when operating in areas being limited by GMSK interference (see TR 4.903 "Feasibility study on Single Antenna Interference Cancellation (SAIC) for GSM networks").

9.3
Reduction of PS service interruption in Dual Transfer Mode

Written by:
G. Thomasen
Acronym:
PSintDTM

UID:
50109

Main responsibility:
G2
References

	Document
	Title/Contents

	GP-032548
	Reduction of PS service interruption in Dual Transfer Mode

	GP-032549
	

	GP-032550
	

	GP-032551
	Reduction of PS service interruption in Dual Transfer Mode

	Impacted Specifications

	TS 44.006
	MS – BSS interface Data Link (DL) layer specification

	TS 44.018
	Mobile radio interface layer 3 specification; RRC protocol

	TS 44.060
	GPRS; MS - BSS interface; RLC/MAC protocol

	TS 43.055
	Dual Transfer mode

	New Dedicated Specifications/Reports

	None
	None


The definition of Dual-Transfer Mode (DTM) in Rel-99 provides means for a basic provision of simultaneous CS and PS services in GSM/GPRS. However, CS call establishment and release during an ongoing PS session may penalize the PS session heavily as it involves releasing and re-establishing the PS resources. Such impacts have already been highlighted in TS 43.055 and some enhancements, if needed, could overcome such problem and benefit any traffic class used in the PS domain. In addition the DTM performance at CS handover (intersystem or not) may need some improvements. 
This work investigated improvements to DTM procedures and where necessary enhanced the current procedures e.g.:
· Cell change scenarios 

· CS channel establishment during PS session

· CS channel release during PS session
The objective of this work is to analyse the common use cases for DTM and any performance requirements associated with those use cases. Performance studies identified the need for enhancements to the current DTM procedures, with necessary changes to the Channel establishment and release procedures for an MS which is entering or leaving DTM and the cell change scenarios for an MS operating in DTM. 
Additionally, enhancements which bring significant benefits to DTM operation, but which are not required had been investigated in the same manner.
Stage 3 CRs have been approved to TS 44.006, 44.018 and 44.060 on this WI.
10
Studies

10.1
Priority Service (PRIOR1)
Written by:
M. Clayton
Acronym:
PRIOR1

UID:
31015

Main responsibility:
S1

References

	Document
	Title/Contents

	SP-010523
	Priority Service

	SP-040103
	Multimedia Priority Service

	Impacted Specifications

	None
	None

	New Dedicated Specifications/Reports

	TS 22.950
	Priority service feasibility study

	TS 22.952
	Priority service guide


The intent of the priority feasibility study was to assess the ability of 3GPP specifications to meet high-level requirements identified for Priority Service. This Feasibility Study consisted of a multi-step process, namely:

1. Identify high-level requirements for Priority Service.

2. Determine existing relevant 3GPP specifications for Priority Service.

3. Perform a Gap Analysis to assess the ability of existing 3GPP specifications to meet the high-level Priority Service requirements.

Priority Service allows qualified and authorized users to obtain priority access to the next available radio (voice or data traffic) channels on a priority basis before other PLMN users during situations when PLMN congestion is blocking call attempts. In addition, Priority Service supports priority call progression and call completion to support an "end-to-end" priority call.

Priority Service is intended to be used by qualified and authorized users, i.e., emergency service personnel, only during times of emergency situations and network congestion. Access to Priority Service is limited to key personnel and those with leadership responsibilities and is not intended for use by all emergency service personnel. This is to ensure that non-emergency service personnel cannot "take over" the network and deny the other non-emergency service subscribers a reasonably level of service.

Priority Service providers should adhere to uniform, nationwide operating access procedures. Priority Service can provide significant benefits for public safety. There may be times during emergencies when non-Priority Service subscribers will be unable to obtain access to their wireless services (because Priority Service personnel are using the channels); nevertheless, the benefits of Priority Service outweigh any inconvenience to non-Priority Service subscribers.

Priority Service is to be available at all times in equipped markets in both the HPLMN and VPLMN within a country where the PLMN provider is offering the service. The capability for pre-emption should be supported, with the option to turn it on/off depending on regional requirements. Priority Service is applicable to both GERAN and UTRAN and is activated on a per call basis using Priority Service dialling procedures. 

Priority Service, supported by the 3GPP system set of services and features, is one element in ability to deliver calls of a high priority nature from mobile to mobile networks, mobile to fixed networks, and fixed to mobile networks.

Based on the analysis in this Feasibility Study, most of the high-level requirements for Priority Service can be supported through the use of Access Control, eMLPP, A/Iu Priority element, and SIM-based capabilities. The "authorization by PIN" requirement could be supported by a handset-based solution and not a network-based solution.
10.2
Study on Privacy Capability (PrivCap)
Written by:
M. Clayton
Acronym:
PrivCap

UID:
31030

Main responsibility:
S1

References

	Document
	Title/Contents

	SP-020579
	WID on a Generalised Privacy Capability (S1-021827)

	Impacted Specifications

	TS 22.007
	[never published]

	New Dedicated Specifications/Reports

	TR 22.949
	Study on a generalized privacy capability


Privacy in 3GPP is about the appropriate handling of privacy related information between the user and service provider and between users in accordance with the preferences of the user and regulatory policies. 

Building and maintaining trust between users of 3GPP services and the network operator requires the careful consideration and deployment of capabilities that safeguard confidential information about the user. Privacy is therefore seen not only as a value added service but also as a risk-reduction mechanism in terms of service deployment.

From a 3GPP perspective, a generic way to handle privacy related information is desirable in order to provide as far as possible a common set of rules that can be used by any service that requires the protection of personal data or information about a user. 

Privacy is protected by regulation usually in the form of directives enforced by regional or national authorities. Where specific legal requirements exist, these need to be considered by each application to assure compliance. 

The aim of the WI was to investigate and summarise the existing service requirements on privacy for 3GPP services. In order to ensure that these services and future 3GPP services will have a consistent set of rules that control the availability and usage of confidential information, it was the intention to identify a common way to handle privacy related information in the network. 

Generic privacy requirements for the mobile industry are also being defined by the Open Mobile Alliance and it was the intention of this work to present the existing requirements and any alternatives to achieving the required functionality within 3GPP networks.

The scope of this study was to:

-
Identify privacy related information that is used in the 3GPP system;

-
Identify the existing 3GPP services that handle privacy related information;

-
Identify the various stakeholders that handle, control or consume personal data, and to define their relationships;

-
Document the definitions of the various functions, stakeholders and functions involved in a privacy capability;

-
Identify the work being done by other organizations and the additional work to be done by 3GPP.

The types of data subject to privacy rules within the scope of this study include

-
Privacy related information specific to an individual user;

-
Privacy related information relating to entities such as corporations;

-
Network data such as serving cell and broadcast area, e.g. data that relates to the user's location or presence in
It was seen as essential that 3GPP, Liberty and OMA are involved and coordinated in the development of privacy features and support for privacy in telecommunication networks. The first step anyhow was to establish the service requirements that apply in different environments. Quite often the service requirements that are identified regarding privacy are related to corresponding regulatory requirements. 

The recommendation was to seek a liaison with Liberty and OMA and communicate service requirements on privacy that apply in 3GPP networks. There are many service requirements on privacy already documented in 3GPP's Specifications and many of these privacy requirements are quite relevant also for other organisations and similar services in other networks and environments.
10.3
Support of Push Services (PUSH)
Written by:
A. Sultan
Acronym:
PUSH

UID:
1365

Main responsibility:
S1

References

	Document
	Title/Contents

	SP-000669
	Support of Push service

	SP-030126
	Support of Push Services – Stage 2

	Impacted Specifications

	TS 22.174
	Push service; Stage 1

	TS 23.174
	Push service; stage 2

	TS 23.875
	Support of Push service

	TS 23.876
	Push architecture

	TS 23.974
	Support of push service

	TS 23.976
	Push architecture

	New Dedicated Specifications/Reports

	None
	None


This Rel-6 item, presented as a Feature but being just a study, investigated the way to "push" content to the mobile, i.e. to send information without any particular request from the user. The conclusion is that having a GPRS session permanently established when the mobile is on will cope with this need.

Note that TS 23.174, supposed to describe "Push Stage 2", was never produced due do the conclusion above.
10.4
Study on Interworking aspects and migration scenarios for IPv4 based IMS Implementations (IPv4IMS)

Written by:
M. Pope
Acronym:
IPv4IMS

UID:
32062

Main responsibility:
S2

References

	Document
	Title/Contents

	SP-040327
	Study on Interworking aspects and migration scenarios for IPv4 based IMS Implementations (Study)

	Impacted Specifications

	23.981
	Interworking aspects and migration scenarios for IPv4 based IMS Implementations

	New Dedicated Specifications/Reports

	23.221
	Architectural requirements


3GPP IMS uses exclusively IPv6. At the same time, it is understood that there will exist IPv4 based IMS implementations, namely initial IMS implementations and IMS implementations based on 3GPP2 specifications. 
This work item studied interworking and migration scenarios related to IPv4 based IMS implementations. 
The study provides guidelines for operators and vendors on interworking aspects of IPv4 based IMS implementations, and guidelines on migrating to 3GPP IMS using IPv6.

10.5
Study on Bandwidth and resource savings in CS networks (BARS)
Written by:
M. Pope
Acronym:
BARS

UID:
32060

Main responsibility:
S2
References

	Document
	Title/Contents

	SP-030308
	Study on Bandwidth and resource savings in CS networks

	Impacted Specifications

	None
	-

	New Dedicated Specifications/Reports

	23.977
	Bandwidth and Resource Savings and Speech Enhancements for CS networks (BARS)


A standards-based solution was required to reduce bandwidth and transcoder requirements in calls which pass between Media Gateways across the Nb interface in the CS domain for packet networks which are not pure 3G implementations and provide possible enhancements to an overall network solution to improve speech quality. This work item identifies the full set of requirements for bandwidth and resource savings and improved speech quality, with specific consideration to networks supporting A/Gb mode and the BICN. The different architectural solutions to meet these requirements are also assessed. Consideration is given to existing architectures and solutions to provide harmony between 2G nodes, UMTS nodes and external networks (PSTN/ISDN). Backward compatibility to existing solutions and ease of network introduction/upgrade was given high importance.
Conclusions:

The extended set of scenarios studied has enabled a detailed examination of the identified requirements. These scenarios have gone beyond the existing basic set of scenarios provided in the current TS 23.153. Some scenarios, e.g. intra UTRAN handover or call forwarding, have not been documented because no further insights were expected to have come from this. This study also identified that architectural solutions exist for all of the investigated interworking scenarios for 2G and 3G access for mobile-to-mobile and mobile-to-PSTN calls, which

-
maximise the perceived speech quality;

-
minimise the core network bandwidth;

-
minimise the usage of signal processing devices in the path.
The study briefly addressed the interworking of CS speech with IMS and triggered the related work ongoing in TS 29.163. The study also identifies that there are a few issues that could benefit from further standardization work. These include:

· Different AMR-NB configurations are preferred for GERAN and UTRAN. A common AMR-NB configuration would improve the situation for GERAN-UTRAN calls. Changes would be necessary in TS 26.103 and TS 28.062 and some dependent specifications (e.g. TS 23.153).

· The standardization of additional codec framing for EFR over the Nb interface would be of benefit for the GERAN-GERAN calls. Changes would be necessary in TS 26.101 and TS 26.102.

· Some clarifications in the OoBTC could improve inter-vendor interoperability and minimize signalling load. Changes would be necessary in TS 23.153.

· It could be made optional for the MSC-S in OoBTC to follow the local TFO decision on the "Optimal Codec Type". Changes would be necessary in TS 23.153 and TS 28.062.

· Further clarifications on Inter-PLMN signalling could be provided to include in addition to TFO/PCM also BICC and potentially SIP. No problems are expected with using BICC between CS-PLMNs. The gain of using SIP for the interconnection of CS-PLMNs had not been studied in its entirety.
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	TR 23.864
	Commonality and interoperability between IP Multimedia System (IMS) core networks (draft v.0.6.0)


This study, covered in DRAFT TR 23.864 version 0.6.0 resulted in CR#280 to TS 23.228 (IMS Stage 2) providing a re-organization of the TS to better reflect aspects of interoperability and commonality between IP Multimedia Systems using different IP-Connectivity Networks.

The capabilities the IP Connectivity Network (or "IP-CAN" for "IP-Connectivity Access Network") has to offer to support the IMS are reminded, in particular with respect to mechanisms to handle the QoS ("Policy Decision Function" in the IMS and "Policy Enforcement Function" in the IP-CAN) and the Service-Based Local Policy. Other issues considered are: User and service profile, UE and ISIM/USIM, IP version issues, Security, Charging, Bearer level considerations, SIP Compression and Emergency calls.

10.7
FS on (U)SIM Security Reuse by Peripheral Devices on Local Interfaces

Written by:
M. Clayton
Acronym:
none

UID:
33018

Main responsibility:
S3
References

	Document
	Title/Contents

	SP-030341
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	TS 33.234
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	TR 33.817
	Feasibility Study on (U)SIM Security Reuse by Peripheral Devices on Local Interfaces


This work item was a direct input to SA. There was a possibility of alternative peripheral devices on local interfaces to user equipment. An existing example was identified as WLAN, and others such as Bluetooth were a distinct possibility. For these diverse usage models the potential security threats and issues needed to be evaluated and appropriate security requirements may need to have been specified to counteract any potential threats. The key was to keep the security on these interfaces is under 3GPP control. 
The objective of the WI was:

· To study the feasibility of diverse usage models (e.g., as noted above accessing 3GPP system and WLAN simultaneously) including the model with multiple external (wired or wireless) interfaces from a security point of view, and to realize these models without incorporating significant changes to the infrastructure. 

· To study the impact on current security specifications for 3GPP, especially with regards to key setting procedures, and USIM sequence number synchronization, UICC presence detection/UICC application presence detection issues and termination of the UICC usage etc. 

· To study any additional user authentication requirements (e.g. PINs) when used over local interfaces like Bluetooth, IR or USB. 

· To study the impact on having many entities using the same security mechanism and any 3GPP core network elements. 

· Conduct a threat analysis related to the proposed new functionality. 
NOTE: 
Priority on requirements and solutions for incorporation into 3GPP-WLAN Interworking security specification TS 33.234.
The conclusion was TR 22.934 v6.1.0 on 3G‑WLAN interworking requires the ability for a (U)SIM to be used for providing common access control and charging for WLAN and 3G services using the 3GPP system infrastructure. 
The current specifications of (U)SIM assume that UE has one-to-one association between the UICC and the Mobile Equipment (ME). This assumption does not hold for several diverse usage models.
TR 33.817 signified those usage models, studied the associated issues, analysed specific security threats, and developed appropriate security requirements for the usage models. It also studied the impact on current security specifications for 3GPP, especially with regards to key setting procedures, and USIM sequence number synchronization, UICC and UICC-application presence and detection/UICC application presence detection issues and termination of the UICC usage etc. It also addressed the additional user authentication requirements (e.g. PINs) and device management requirements when used over local interfaces such as Bluetooth, IR or USB. 
TR 33.817 also examined the impact on 3GPP core network elements.
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	TR 33.878
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It is understood that some “early” IMS implementations may not offer the full set of 3GPP Rel-5 security features as defined in TS 33.203. This has created the need for interim security solutions. Although full support of TS 33.203 security features is preferred from a security perspective, it must be acknowledged that early IMS implementations will exist which do not support these features. Therefore, it is important to ensure that an interim security solution is standardized to avoid interoperability problems and to ensure that these early IMS implementations provide an adequate level of security.

The objective is to:

· develop requirements for an interim security solution for early IMS

· develop a single interim security solution for early IMS

· ensure that the interim solution for early IMS is adequately standardized
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This work item was developed to characterize the performance of default codecs for PS conversational multimedia applications, which is described in TR 26.935.

The codecs under test are mainly AMR-NB (Adaptive Multi-Rate Narrowband) and AMR-WB (Adaptive Multi-Rate Wideband); in addition, several ITU-T codecs (G.723.1, G.729, G.722 and G.711) are included in this evaluation. Experimental results from the speech quality testing exercise are reported to illustrate the behaviour of these codecs.

The results give information of the performance of PS conversational multimedia applications under various operating and transmission conditions (e.g. considering radio transmission errors, IP packet losses, end-to-end delays, and several types of background noise). The performance results can be used e.g. as guidance for network planning and to appropriately adjust the radio network parameters.
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	General requirements on interworking between the PLMN and the integrated Services Digital Network(ISDN) or Public Switched Telephone Network (PSTN)

	TR 23.910
	Circuit switched data bearer services
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	TS 23.202
	Circuit switched data bearer services


Although TR 23.910 originally was intended as a working document to develop CS data calls, it currently serves also as a stage 2 for CS data services and contains information of normative character provided nowhere else. For this reason, TR 23.910 was also propagated from Rel-99 to Rel-4 and Rel-5. It should be also noted that there are reference for detailed specifications from normative TS 29.007 to TR 23.910, in particular for user plane issues.
The contents of TR 23.910 can be divided in 3 groups:

· information suitable as normative stage 2 for Cs data services

· information of finer granularity better suited for a normative stage 3 specification.

· duplicated information also contained in other 3GPP specifications in an almost identical wording.
The objective of this work is to replace TR 23.910 without loosing information by:

· Removing duplicated information

· Transferring the remaining stage 2 related information into a new stage 2 TS for CS data calls

· Transferring the remaining stage 3 related information into TS 29.007.
Some normative texts from TR 23.910 have been transferred into TS 29.007 which introduced a reference to the new TS 23.202. Stage 2 related information from TR 23.910 has been converted to a new specification TS 23.202 without adding a new functionality.
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MExE Rel-6 targets the following areas:
· General enhancements and improvements

· Investigate and identify support 
· for the terminal parts of the VHE User Profile or Generic User Profile with SA1 and SA2

· of USAT/OSA/CAMEL interaction to provided advanced services with T3, SA2, CN5 and CN2

· of security enhancements 

· of terminal management support with SA5

· of service provisioning 
The WI was closed in March 2003 by TP#19 because the lack of activity. Rel-6 corrections were done under WI TEI6.
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After completion of Rel-99, possible topics have been identified that could improve the radio link performance. In order to improve the performance, it is felt necessary to continue related studies after Rel-99 completion and to include possible agreed improvements to the coming UTRA releases. The purpose of this study item is to study the radio link performance enhancements for both UTRA FDD and TDD. This is a permanent study item to be repeated for every UTRA Release.
The output document under this study item is the technical report on HSDPA (High Speed Downlink Packet Access) Enhancements for Rel-6. TR 25.899 describes enhancement technologies proposed as candidates of the improvement on HSDPA physical layer. It reports system performance gain and/or other beneficial points for each proposal. It also reports the complexity and some points changed from Rel-5 to easily understand the benefits of new technologies. Furthermore, the impacts on the specification in other than physical layer are clarified.

The technologies considered as enhancement are as followed.

· CQI Enhancement for FDD mode

· Dynamic Range Extension for the TDD CQI Report

· Multiple Simultaneous Transmission to a UE in an HSDPA Sub-frame

· Code Reuse for Downlink HS-DSCH

· Fast Signalling between Node-B and UE

· Fast Adaptive Emphasis

· ACK/NACK Transmit Power Reduction for HS-DPCCH with preamble and postamble

· Fractional dedicated physical channel

· HSDPA operation without and associated DPCH (TDD)
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	TS 25.222
	Multiplexing and channel coding (TDD)

	TS 25.224
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	TS 25.331
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In the case of 1.28Mcps TDD, some idle time slots due to discontinuous transmission can be used for monitoring GSM, FDD and 3.84 Mcps TDD as compressed mode in FDD mode. However, the Rel-4 specification may not reserve enough time for each inter-system measurement. This may cause the relatively long measurement time and may result in the increase of terminal power consumption or a call drop in case that UE is located at handover region.

The purpose of this study item is to provide the enlarged measurement window and the change of the location of measurement window in 1.28 Mcps TDD for improved system performance and to understand potential benefits with respect to the respective study areas, to investigate the proposed method and to identify the impacts to current specifications, which is needed for the introduction of the improvement of inter-frequency and inter-system measurement for1.28 Mcps TDD. 

At the start of the inter-frequency and inter-system measurement process for the handover preparation, the LCR TDD UE shall find synchronization to the cell to measure using the synchronization channel during its idle timeslots. For a TDD cell to monitor after this procedure the exact timing of the midamble of the P-CCPCH is known and the measurements of P-CCPCH RSCP, pathloss, etc. can be performed. Still there is room for improvements in the following scenarios. 

· GSM measurement

· FDD measurement

· 1.28 Mcps TDD measurement

· 3.84Mcps TDD measurement

In this SI, the following three methods are discussed to improve the above 4 listed scenarios during inter-frequency and inter-system measurement for 1.28 Mcps TDD. 

· Asymmetric pattern as channel re-assigning method

· Pattern combination scheme as channel re-assigning method

· RNC based implementation method

Based on the analysis and discussion of the first two methods -- asymmetric pattern and pattern combination scheme, it is thought that both of them have impact on power control and UL synchronisation functions, although they can obtain improvement of reduced synchronisation time and increased synchronization probability. In order to compromise on the impact and performance improvement, the third method -- RNC based implementation method without modification on the current specification is recommended. 

In conclusion, RNC based implementation method can improve IF/IS measurement with no change of the current specification and can be the best option for improvement. 
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The scope of this Study Item is to consider the performance of OFDM in the mobile environment and to consider scenarios in which OFDM may be introduced in UTRAN 3GPP based systems. This activity involves the Radio Access work area of the 3GPP studies and has some effect on the Mobile Equipment and Access Network of the 3GPP systems. 

The aims of this study are:

· to consider the advantages that may be gained by introducing a new modulation technique in 3GPP RAN systems, 

· to estimate possible benefits and complexity and 

· to recommend to 3GPP RAN if further standardization development work should be undertaken by 3GPP. 

As a starting point, OFDM is considered in the downlink only. It should be possible to operate in a 5MHz spectrum allocation i.e. coupled with W-CDMA in the uplink for a 2*5MHz deployment scenario.

The following list provides examples of areas that are to be considered in the study:

· Throughput for data services. To be compared with throughput of current UTRAN releases;

· Complexity aspects of multimode UEs supporting both OFDM and Rel-99/Rel-5 UMTS;

· Deployment scenarios including frequency re-use aspects within diverse spectrum allocations;
The purpose of the study is to consider the feasibility of introducing OFDM in UTRAN and to compare OFDM performance with HSDPA. The analysis of OFDM performance and its comparison with reference HSDPA performance should be based on a basic OFDM design (often referred as textbook OFDM). More elaborate OFDM techniques should not be considered. However the use of text book OFDM in the feasibility study phase does not restrict the design when moving to the specification phase. It is a study of physical layer aspects only and does not include changes in UTRAN architecture. Changes are to be restricted to the physical layer and not extend beyond those needed to support an additional modulation. 

The technique of Orthogonal Frequency Division Multiplexing (OFDM) is based on the well-known technique of Frequency Division Multiplexing (FDM). In FDM different streams of information are mapped onto separate parallel frequency channels. Each FDM channel is separated from the others by a frequency guard band to reduce interference between adjacent channels. 

The OFDM technique differs from traditional FDM in the following interrelated ways: 

1) multiple carriers (called sub-carriers) carry the information stream,

2) the sub-carriers are orthogonal to each other, and

3) a guard time may be added to each symbol to combat the channel delay spread.

These concepts are illustrated in the time-frequency representation of OFDM presented in the following figure.
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Figure: Frequency-Time Representation of an OFDM Signal

Since the orthogonality is guaranteed between overlapping sub-carriers and between consecutive OFDM symbols in the presence of time/frequency dispersive channels the data symbol density in the time-frequency plane can be maximized.
In this SI, more specifically, the following key aspects have been studied:

· Spectrum compatibility

· Frequency Re-use

· Physical channel structure

· Synchronisation

· Impacts on the UE and Node B

· Impacts on the UL

· Impacts on L2 and L3 protocols

· Performance comparison between OFDM and HSDPA as of Rel-5
Conclusions of this Study:

1)
Feasibility of introducing OFDM:
For the aspects considered in the Study Item, there are no indications that the introduction of OFDM in UTRAN is not feasible for the downlink. Further study is required to fully characterize some aspects (e.g. channel estimation, radio resource management aspects, inter-cell interference etc).

2)
Performance benefits of introducing OFDM:

For the performance comparison, two different receiver structures have been considered in case of HSDPA Rel-5:

-
a "normal" RAKE receiver

-
a receiver utilizing more "advanced" MMSE chip-level equalizer. 

Ideal channel estimation has been assumed for the system-level performance evaluation. Performance with more realistic channel estimation has been investigated at the link level.

The studies carried out within the study item indicates that the basic OFDM scheme offers the possibility for improved performance, compared to HSDPA Rel-5 with a Rake receiver, for channels with significant time dispersion. This performance advantage decreases for channels with less time dispersion. However, by the introduction of more advanced receiver structure, there is no significant performance difference between HSDPA Rel-5 and the performance of the OFDM. 

3)
Complexity impact of introducing OFDM:
The introduction of OFDM will have an incremental complexity impact on (multi-mode) UE complexity. Introducing OFDM on the network side will also require modifications to existing Node B design. The exact amount of modifications and the corresponding effort has not been concluded on and may also be manufacturer dependent.

Note that the considered advanced receiver structure for HSDPA Rel-5 is more complex than the corresponding detector for OFDM. The overall terminal complexity impact from introducing OFDM also depends on whether or not it can be assumed that advanced receivers will anyway be introduced in the UE. Note that work on improved receivers and the specification of related performance requirements is already underway within the Work Item "Improved receiver performance requirements for HSDPA".
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After performing this study the Work Item "Improved access to UE measurement data for CRNC to support TDD RRM" was agreed. The study showed the benefits of introducing new measurement procedures in order to provide the CRNC with UE measurement data without adding a significant amount of complexity.
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The interest in this FS was shown because of three major advantages which could be seen:

1) It would not be necessary to use an expensive high power amplifier when a distribution system is connected after the node B. Distribution systems require low input powers. If a high power amplifier is used, the BS output signal must be attenuated before it is fed into the distribution system, thus the high power amplifier is not needed at all.

2) Sharing of infrastructures among operators would be possible, especially in locations where it is difficult to find sites.

3) allow the placement of one or several base stations in a centralised position with separate RF power amplifiers.

It was not the intention to create a new interface within the BS. Its purpose was to enlarge the output power range of the current base station in order to allow lower output power values. A BS doesn't have necessarily to comply with the whole allowed output power range. It comprises a sub-range of the allowed output power range.

The FS has been initiated in order to study two main items:

1) Identify the range of output powers to be considered. This SI assessed what must be understood as low output power.

2) Once the range of output powers to be considered has been delimited, it must be studied how the RAN specifications can be changed in order to allow that range of output powers.
The agreed solution to reach the low output power was to create the following two parameters:

1) External_Gain_DL: This is the DL gain of the external distribution system. This parameter also includes the losses of the coupling system between the low output power base station and the distribution system.

2) External_Gain_UL: This is the UL gain of the external distribution system. It comprises all the way from the distribution system remote antenna connector and the low output power base station antenna connector.
These two parameters could be stored into the local database of the BS. This made no changes in RAN Technical Specifications necessary.
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After the introduction in TSG GERAN of several enhancements for Gb, like Multiple TBF in A/Gb mode, Flow control supporting an MS with multiple data flows with different QoS over the Gb interface, Seamless support of streaming services, the remaining outstanding issue was the provision of conversational services for the packet domain.

This Feasibility Study was concluded at GERAN#13 meeting, and the relevant document is GP-030321 (v. 1.2.0).

Successively the PS Handover work item was kept in Rel-6, while the work item on the support of conversational services in A/Gb mode via the PS domain was moved to Rel-7.
The following aspects should be key part of this analysis for the conversational class:

· Requirements for the support of conversational services

· Identification of the different building blocks for the provision of conversational services on the existing A/Gb protocol stack

· Outline of impact and feasibility of these building blocks and their different solutions

· Impact on 3GPP architecture and requirement to co-ordinate with other TSGs (CN, SA) 

· Standardisation effort

· Dependency to other features
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The feasibility study investigated the potential for increased performance, overall cost reduction, operational simplification and treatment of legacy handsets offered by Uplink TDOA (Time Difference Of Arrival).

The objective was to explore the potential impacts from uplink TDOA location method on the following:

· Call Control, Mobility Management and Radio Resource management

· 3GPP specifications

· Network Protocols

· System Aspects

· Treatment of legacy MS
The results of this feasibility study establish that uplink TDOA is a viable location method and led to the creation of two work items to include Uplink TDOA in the specifications (CS and PS domain).
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Determine the controversial test cases in the different test regimes and align them with 3GPP GERAN test specifications. Such test cases were added to TS 51.010.

The key goal of the WI is to get an alignment between the test-regimes, including the PVG "ADDITIONAL GSM 850/1900 CERTIFICATION TEST CASES AND REQUIREMENTS", and the 3GPP core specifications, with intention that 3GPP TS 51.010 would contains a super-set of the test cases used globally (PTCRB uses at this moment their own set of TCs some time contradicting or not included in 51.010).

The WI was completed successfully.
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The use of Single Antenna Interference Cancellation (SAIC) techniques has been studied as a method for increasing the downlink spectral efficiency of GSM/EDGE networks. 

SAIC is a generic name for all the techniques which attempt to cancel or suppress interference by means of signal processing without the use of multiple antennas. This Work Item was a Feasibility Study investigating the possibility to introduce SAIC in GSM/EDGE networks and determine the potential of SAIC in typical network layouts. These following aspects were studied:

· Determine feasibility of SAIC for GMSK and 8-PSK scenarios under realistic synchronized and non-synchronized network conditions. Using a single Feasibility Study, both GMSK and 8-PSK scenarios were evaluated individually.

· Evaluate the realistic interference statistics including CIR (Carrier to Interference plus noise Ratio) and DIR (Dominant-to-rest of Interference Ratio) levels and distributions based on network simulations and measurements, where possible.

· Evaluate the robustness against different training sequences.

· Determine method to detect/indicate SAIC capability. 
TR 45.903 defines the scope and objectives of this feasibility study, including the network scenarios that have been defined to evaluate SAIC performance in GSM networks. These scenarios are representative of typical GSM deployments worldwide today. Interference statistics associated with the network scenarios were obtained via system simulations, and are defined in terms of the distributions of the parameters which are critical to understanding SAIC performance. These critical parameters include:
· Carrier to Interference plus noise Ratio (CIR)
· Dominant to rest of Interferer Ratio (DIR)
· other interferer ratios, which define the relative power of the dominant co-channel interferer to each of the other considered interferers

· the delay between the desired signal and each of the interferers. 
It is important to understand the network statistics of these key parameters since most SAIC algorithms can only cancel one interferer, and their effectiveness in doing this is affected by the 'remaining' interference, and delays between the desired signal and the interferers. 

Candidate SAIC algorithms were evaluated at the link level based on the interference statistics. Both 'long-term average' and per burst results were generated. The long-term average results represent the classical way of looking at link performance via link simulations, defining the Bit Error Rate (BER) and Frame Error Rate (FER) averaged over the entire simulation run as a function of the CIR. This is the type of performance that is typically specified in the GSM standards. However, to develop a system capacity estimate, it is necessary to define the link performance on a per burst basis. To this end, the average BER over the burst as a function of the burst CIR and burst DIR are derived. This burst performance is used to develop a link-to-system level mapping. This mapping was used to develop voice capacity and data throughput estimates for both conventional and SAIC receivers. The voice capacity gain and data throughput gain for SAIC is then deduced from these estimates. 

Field trials have been conducted using an SAIC prototype MS. Testing considerations for SAIC capable MSs, and signalling options for identifying an MS as being SAIC capable were added. Finally, the TR provides the relevant conclusions that can be drawn from this feasibility study, the most important of which is the conclusion that SAIC is a viable and feasible technology, which will support significant voice capacity gains for both synchronous and asynchronous networks when applied to GMSK modulation. In addition, modest increases in GPRS data throughput are also supported for the types of data traffic considered. The TR also identifies those clauses of the core and testing specifications that will be impacted by the inclusion of an SAIC capability.
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	RInImp
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	RInImp-IMSRealTime
	R2

	24006
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	R4

	24004
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	R4
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	R4
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	R4

	3
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	RP
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	R3
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	R1

	21000
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	R1
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	R1
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	RP
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	R3
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	S3
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	S1,S2,S3,S5,NP
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	PoC
	S2,S4,S5

	32062
	Interworking aspects and migration scenarios for IPv4 based IMS Implementations (Study)
	IPv4IMS
	S2

	11032
	Interoperability and Commonality between IMS using different "IP-connectivity Networks"
	IMSCOOP
	S2

	1365
	Support of Push Services
	PUSH
	S1

	42009
	Multimedia Messaging (MMS) enhancements
	MMS6
	T2,S1,S4,S5

	42005
	Rel-6 MExE enhancements
	MEXE6
	T2

	2062
	Subscription Management
	SuM
	S5

	2499
	Presence Capability
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	S1

	50056
	Enhanced A/Gb feasibility study
	AGbEnFS
	GP

	50063
	Flexible Layer One for GERAN
	FLOGER
	GP
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	Uplink TDOA feasibility study
	TDOAF
	GP

	2544
	Multimedia Broadcast and Multicast Service
	MBMS
	S1,S2,S4,S5,T1,RP,GP

	31006
	Speech Recognition and Speech Enabled Services
	SRSES
	S1

	31008
	Generic User Profile Rel-6
	GUP
	S1

	31010
	Digital Rights Management
	DRM
	S1

	31012
	WLAN-UMTS Interworking Rel-6
	WLAN
	S1

	31015
	Priority Service
	PRIOR1
	S1

	31018
	Network Sharing 
	NTShar
	S1

	32016
	QoS Improvements
	QoS1
	S2

	33002
	Subscriber certificates
	SEC1-SC
	S3

	15010
	Rel-6 OSA enhancements
	OSA3
	N5

	50401
	Addition of frequency bands to GSM (TAPS)
	TAPS
	GP

	50130
	Seamless support of streaming services in A/Gb mode
	SSStrea
	GP

	34300
	Performance characterisation of default codecs for PS conversational multimedia application
	CODCAR
	S4

	31030
	Study on Privacy Capability
	PrivCap
	S1

	35010
	OAM&P Rel-6
	OAM
	S5

	35016
	Charging Management
	CH
	S5

	1800
	Rel-6 UICC/USIM enhancements and interworking
	USAT1
	T3

	34022
	Packet Switched Streaming Services Rel-6
	PSSrel6
	S4

	34023
	AMR-WB extension for high audio quality
	AMRWB+
	S4

	34027
	Codec Enhancements for Packet Switched Conversational Multimedia Applications
	CEPSCM
	S4

	34028
	3G-324M Improvements
	3G-324MI
	S4

	51101
	Single Antenna Receiver Interference Cancellation (SAIC)
	SAIC
	GP,G1

	12006
	Enhancement of dialled service for CAMEL
	EDCAMEL
	S1

	32060
	Bandwidth and resource savings in CS networks
	BARS
	S2

	33018
	FS on (U)SIM Security Reuse by Peripheral Devices on Local Interfaces
	S3

	50600
	Multiple TBF in A/Gb mode
	MULTBF
	GP,G2

	50096
	Alignment between the test-regimes for GERAN capable MS
	ALTERE
	G3new

	50444
	Addition of U-TDOA in the CS domain 
	UTDOACS
	GP

	50445
	Addition of U-TDOA in the PS domain 
	UTDOAPS
	GP

	50101
	Downlink Advanced Receiver Performance
	DARP
	GP

	50109
	Reduction of PS service interruption in Dual Transfer Mode
	PSintDTM
	G2

	12008
	CAMEL prepay interworking with SCUDIF
	SCCAMEL
	N4

	31046
	Circuit Switched Video and Voice Service Improvements
	CS_VSS 
	S1

	33020
	Network Domain Security; MAP application layer security (NDS/MAPsec)
	MAPSEC
	S3

	33021
	FS on Security for early IMS
	SEC-IMS
	S3

	13024
	Reorganisation of CS Data Specifications
	CS Data
	N3

	50553
	Generic Access to A/Gb Interface (GAAI)
	GAAI
	GP

	50559
	Support of PS Handover for GERAN A/Gb mode
	SPSHAGB
	GP,G2

	60111
	small Technical Enhancements and Improvements for Rel-6
	TEI6
	All

	25019
	Small Technical Enhancements and Improvements for Rel-6 Conformance Testing
	TEI6_Test
	R5,T1
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	3
	Rel-6 RAN Feasibility Studies
	
	RP

	23006
	Deleted - FS on the evolution of the UTRAN architecture
	RANimp-FSEvo
	R3

	9
	Rel-6 RAN improvements
	RANimp
	RP

	624
	RAB support enhancement
	RANimp-RABSE
	R2

	23009
	Deleted - Iu enhancements for IMS support in RAN
	RANimp-RABSE-IuEnhIMS
	R3

	23005
	Deleted - Improvement of RRM across RNS and RNS/BSS
	RANimp-RRM1
	R3

	20001
	UE positioning
	LCS2-UEpos
	RP

	2457
	Deleted - UE positioning enhancements - other methods
	LCS2-UEpos-enh
	R2

	1571
	Rel-6 Security enhancements
	SEC1
	S3

	2026
	Enhanced HE control of security (including positive authentication reporting)
	SEC1
	S3

	2027
	Deleted - SEC1 Stage 2 (Enhanced HE control of security)
	SEC1
	S3

	32021
	IMS Phase 2
	IMS2
	S1,S2,S3,S5,NP

	32027
	Deleted - Stage 2 of IMS Phase 2
	IMS2
	S2

	42009
	Multimedia Messaging (MMS) enhancements
	MMS6
	T2,S1,S4,S5

	42015
	Deleted - FS Multiple MMS Relay/Server Architecture
	MMS6
	T2

	50063
	Flexible Layer One for GERAN
	FLOGER
	GP

	55077
	Deleted at TSG#27 - GERAN MS Conformance test for the Flexible Layer One - DELETE
	FLOGER-Msconf
	G4,G5

	55078
	Deleted at TSG #27 - MS Test in 51.010
	FLOGER-Msconf
	G4,G5

	55079
	Deleted at TSG#27 - GERAN BTS Conformance test for the Flexible Layer One - DELETE
	FLOGER-BTSconf
	G3new

	53080
	Deleted at TGS #27 - BTS Test in 51.021 - DELETE
	FLOGER-BTSconf
	G3new

	2544
	Multimedia Broadcast and Multicast Service
	MBMS
	S1,S2,S4,S5,T1,RP,GP

	50085
	Support of MBMS in GERAN
	MBMS-GERAN
	GP

	55091
	Deleted - MS conformance tests - G5
	MBMS-GERAN
	G5

	31006
	Speech Recognition and Speech Enabled Services
	SRSES
	S1

	11021
	Deleted - SES codec negotiation at Session Description Protocol (SDP)
	SRSES
	N1

	31008
	Generic User Profile Rel-6
	GUP
	S1

	31010
	Digital Rights Management
	DRM
	S1

	31037
	Deleted - Monitoring of Stages 2 and 3 progress (actual work to be done by OMA)
	DRM
	S1

	15010
	Rel-6 OSA enhancements
	OSA3
	N5

	15037
	Deleted - TR on Presence and Availability Management (from the PRESNC WI)
	OSA3
	N5

	50401
	Addition of frequency bands to GSM (TAPS)
	TAPS
	GP

	54102
	Deleted at TSG #27 - Addition of frequency bands to GSM – Changes for conformance tests
	TAPS-Conf
	G4

	54103
	Deleted at TSG #27 - 51.010-1 Add testing
	TAPS-Conf
	G4

	1800
	Rel-6 UICC/USIM enhancements and interworking
	USAT1
	T3

	1802
	UICC API
	USAT1-API
	T3

	43003
	Deleted - Java API Test specification (TS 43.019 Rel-5)
	USAT1-API
	T3

	50600
	Multiple TBF in A/Gb mode
	MULTBF
	GP,G2

	50605
	Deleted at TGS # 27 - Multiple TBF in A/Gb mode – MS testing
	MULTBF-Testing
	G3new

	50109
	Reduction of PS service interruption in Dual Transfer Mode
	PSintDTM
	G2

	50113
	Deleted - MS Conformance testing - Reduction of PS service interruption in DTM
	PSintDTM-ConfMS
	G3new

	50114
	Deleted - BTS Conformance testing - Reduction of PS service interruption in DTM
	PSintDTM-ConfBTS
	G3new

	31046
	Circuit Switched Video and Voice Service Improvements
	CS_VSS 
	S1

	52137
	Deleted - CS_VSS - GERAN2 Part
	CS_VSS 
	G2

	13017
	Deleted - CS_VSS  - CN3 Part
	CS_VSS 
	N3

	31029
	Deleted - Study of Feature Interactions Requirements
	FINTER
	S1

	50563
	Deleted (moved to Rel7) - Enhancements of VGCS in public networks for communication of public authority officials
	EVGCS
	GP,G2

	50500
	Deleted - Support of Conversational Services in A/Gb mode via the PS domain
	SCSAGB
	GP

	50501
	Delete - Creation of a TR
	SCSAGB-TR
	GP

	50502
	Delete - Stage 2
	SCSAGB-Stage2
	GP

	50503
	Delete - Radio Channel Support
	SCSAGB-RCS
	GP

	50504
	Delete - Definition of radio resource management functionality
	SCSAGB-RRM
	GP,G2

	50505
	Delete, replaced by 50561 - PS Handover
	SCSAGB-PSH
	GP,GP, N1

	50506
	Delete - Modifications to FLO
	SCSAGB-FLO
	GP,G2

	2
	Deleted - Rel-6 Evolutions of the transport in the UTRAN
	ETRAN
	RP
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