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GERAN & IP Multimedia Core Network Subsystem
Radio Bearer Service Requirements

1. Introduction

The IP Multimedia Subsystem (IMS) utilizes the PS domain to transport multimedia signaling and bearer traffic. From the mobile user perspective, the UMTS network is a network to access the multimedia services of IMS. Its ability to satisfy the user is more important that its technology itself. The Quality of Service (QoS) is the collective effect of service performances, which determine the degree of satisfaction of a user of a service. The end-to-end Quality of Service (QoS) requirements must be met everywhere in the network. Every entity of the network contributes to fulfill the QoS requirements, and in particular the radio access network (RAN). Two different RANs exist within UMTS: UTRAN and GERAN.  Both RANs provide bearer services that should fulfill IMS requirements.

The purpose of this document is to analyze what are the QoS requirements that are set by IMS on GERAN. It is organized as follows: first a few general definitions are given in section 2. Then in section 3 a high level description of the IMS and its services is given. Next, section 4 explains the QoS architecture in UMTS. And finally section 5 details what are the IMS requirements that are set on GERAN.

2. Definitions

Firstly, a few definitions are given [1] [2]:

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

A multimedia call consists of multiple component data streams that must be temporally synchronized before presentation to the end-user. The multiple component data streams of a single multimedia call could either be transmitted using a single bearer or multiple bearers.

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

A Bearer service is a type of telecommunication service that provides the capability of transmission of signals between access points. The characterization of a bearer service is made by using a set of end-to-end characteristics with requirements on QoS, which distinguishes it from other bearer services (e.g. data rate, delay, information loss). Particular values are assigned to each characteristic when a given bearer service is described and defined. The bearer services are negotiable and can be used flexibly by applications.

The Quality of Service (QoS) is the collective effect of service performances, which determine the degree of satisfaction of a user of a service. It is characterized by the combined aspects of performance factors applicable to all services such as service operability performance, service accessibility performance, service retention performance, service integrity performance and some other factors specific to each service. 

The Service Capabilities are the bearers defined by parameters, and/or mechanisms needed to realize services. Service capabilities consist of bearers defined by QoS parameters (bearer services) and the mechanisms needed to realize services. These mechanisms include the functionality provided by various network elements, the communication between them and the storage of associated data. These are within networks and under network control.

The Services Capability Features are open, technology independent building blocks accessible via a standardized application interface. The Framework service capability features are used e.g. for authentication, registration, notification, etc. and provide functionality that is independent of any particular type of service. The Non-Framework service capability features represent the total collection of service capability features that are not included in the Framework. These non-framework service capability features enable the application to make use of the functionality provided by the network and service capabilities. Examples of non-framework service capability features are session control, Security/Privacy, address translation, location, user status, charging.

3. IP Multimedia Subsystem

The IP Multimedia Subsystem (IMS) utilizes the PS domain to transport multimedia signaling and bearer traffic. From the mobile user perspective, the UMTS network is a network to access multimedia services of IMS as depicted on Figure 1.
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Figure 1. UMTS Architecture
3.1 Examples of Services provided by IMS

Below are briefly described a few IMS services, which should be available through UMTS (i.e. both GERAN and UTRAN) [8].

Subscribers to the IMS Basic Multimedia Service shall be able to address, access and present in their terminals different types of multimedia objects. The media types include real-time voice, text, and video. The use of the different media will depend on the capabilities of the user’s device and the supporting networks:

· audio download,

· video download,

· audio streaming,

· video streaming,

· general data files,

· text messaging (e.g. SMS),

· emails,

· general web browsing and

· multi-media messaging.

Besides subscribers to the IMS Basic Voice Service shall be able to make and receive conversational class voice calls via the IMS to/from all types of network (within IMS, GSM, PSTN etc.).

Furthermore subscribers to the IMS Videophone Service shall be able to make and receive conversational class videophone calls if the user devices can support the video component and compatible codecs and all networks used by the call, end to end, are capable of supporting it. The Videophone Service also provides the same capabilities as the Voice Service.

The motivation for the Mixed Media Interactive Communication service is to enable communication services where the upstream and downstream communication paths are different types of interactive media. For instance a subscriber could initiate a call where the subscriber input is provided in a textual fashion and the return communications are provided in an audio media

Also the motivation for the Multimedia Based Voice Response Unit service is to enable communication services where the media type changes during the active communication session. For instance a customer places a voice call to the customer service center.  Instead of connecting the customer to an audio unit that plays announcements and prompts for input, the current session is switched from a voice call to an interactive “data call”.   During this interactive “data call”, textual and/or graphical representation of the various options are provided to the subscriber’s UE.  The customer can then browse through the choices and select the desired service.  After selection by the customer, the current connection may again change media (e.g., switch back to voice call, receive a streaming video).

Finally the IMS enhances the Gaming experience by allowing multiple users to contact other users and establish synchronized peer-to-peer sessions as well as by adding and removing voice and/or messaging media components on demand.

The following section describes what the requirements are to support these services.

3.2 General Principles & Requirements

The following principles and requirements are set for the IMS [1] [4] [7]. Firstly, IP multimedia applications and the specific feature codes to provision, enable and configure them shall, as a principle, not be standardized, allowing operator specific variations. Instead an architectural framework shall be created that enables maximum flexibility in the end user device and network servers, similar in concept to that used in the Internet. This framework shall enable an operator to efficiently deploy IP multimedia applications in a network-agnostic manner without having to wait for these applications or additional enabling technology, to be standardized.

Secondly, the service capabilities shall be standardized but not the services themselves. They provide a defined platform which will enable the support of speech, video, multi-media, messaging, data, other teleservices, user applications and supplementary services and enable the market for services to be determined by users and home environments.

Thirdly, support for IP multimedia sessions shall be provided in a flexible manner to allow operators to differentiate their services in the market place as well customize them to meet specific user needs.  This shall be provided by the use of service capabilities in both networks and terminals, for the creation and support of IP multimedia applications. Some high level requirements for IP multimedia applications are given in [4]:

· Negotiable QoS for IP multimedia sessions both at the time of a session establishment as well as during the session by the operator and the user;

· Negotiable QoS for individual media components in an IP multimedia session both at the time of establishing a media component as well as when the media component is active by the operator and the user;

· End to end QoS for voice at least as good as that achieved by the circuit-switched (e.g. AMR codec based) wireless systems shall be enabled;

· IP multimedia sessions shall be able to support a variety of different media types;

· Support for interworking between the packet and circuit switched services, and with PSTN, ISDN and Internet;

· Support for interworking with Internet.

Finally the IP multimedia applications shall be able to negotiate their capabilities to identify and select the available media components, QoS etc. of IP multimedia sessions.  It shall be possible for the capability negotiation to take place on invocation, acceptance and during an IP multimedia session, during which the network shall understand the limitations of the mobile and thereby take appropriate actions.

From the analysis above, the only IMS requirements that can be used at the RAN level are related to flexibility and numbers of flows to be carried in parallel:

· the RAN should not be optimized for a few given IMS services, but instead should be flexible enough to efficiently deploy any IP multimedia applications.

· the RAN should allow the transport of several flows in parallel (e.g. text and video).

There are no specific requirements for the RAN itself. Each IMS service gives its own requirements from one end to another with UMTS and its RAN as a part of the transmission chain. The ability of UMTS and its RAN to support one service is thus measured by their ability to fulfill the specific requirements of the service in terms of delay and bitrate for instance. In order to understand how the requirements are actually set on the RAN, the UMTS QoS architecture and QoS attributes are explained in the next section.

4. Quality of service in UMTS

This section briefly explains how the QoS is managed in UMTS [2] [5] [6]. 

4.1 Quality of Service

From the mobile user perspective, the UMTS network is a network to access multimedia services. Its ability to satisfy the user is more important that its technology itself. The Quality of Service (QoS) is the collective effect of service performances, which determine the degree of satisfaction of a user of a service. It is characterized by the combined aspects of performance factors applicable to all services such as service operability performance, service accessibility performance, service retention performance, service integrity performance and some other factors specific to each service. Some general requirements are [5]:

· only the QoS perceived by end-user matter,

· QoS definitions have to be future proof,

· QoS mechanism have to allow efficient use of radio capacity,

· allow independent evolution of Core and Access networks,

· allow evolution of UMTS network, (i.e., eliminate or minimize the impact of evolution of transport technologies in the wireline world) and

· QoS has to be provided end-to-end.

And in brief, the quality of a service is measured by:

1. the degree of satisfaction of the users, and

2. its spectral efficiency (or degree of satisfaction of the operator).

In order to provide satisfactory services, end-to-end QoS requirements are set for each service, and must be met end-to-end. 

4.2 QoS Architecture

To ensure that the end-to-end QoS requirements are met from one end to another, a QoS architecture is defined (see Figure 2). By introducing a hierarchy of services, the QoS architecture allows the QoS to be controlled at different levels, and within different elements along the transmission chain. It is indeed very important that every element fulfils the QoS requirements since it only takes one faulty element to jeopardize the all QoS.

The end-to-end QoS is ensured by two services:

· the external bearer service, and

· the UMTS bearer service.

A bearer is a service providing QoS between two defined points. The external bearer service manages the QoS within external networks (out of the scope of 3GPP specifications), while the UMTS bearer service contains mechanisms to allocate QoS over the UMTS network. It is equally important for both services to fulfill the QoS requirements in order to guarantee the end-to-end QoS. For instance, if the external bearer service (internet) cannot fulfill the requirements, it does not help that the UMTS bearer service can.
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Figure 2. Bearer and QoS Architecture for UMTS in PS Domain
The UMTS acts as an infrastructure allowing services to be provided, and maintained while the terminal moves and hides these moves from the IP multimedia subsystem. The UMTS bearer service can be split into:

· radio access bearer (RAB) service, and

· core network bearer service (CN BS).

Both services reflect the optimized way to realize the UMTS Bearer Service over a cellular network topology. The RAB service can in turn be split into:

· radio bearer (RB) service, and

· Iu bearer service.

Such a split allows the CN to be independent from the radio access technology used by the RAN. The main task of the RAN is to create and maintain Radio Access Bearers (RAB) for communication between MS and CN. The RAB gives the CN the illusion of a fixed communication, relieving the CN of radio related aspects. The RAN and the CN map the end-to-end QoS requirements over the Iu interface (Iu Bearer Services), while the RAN only takes care of satisfying the QoS requirements over the radio path (Radio Bearer Service). Because the radio access technology differs, the radio bearer service offered by GERAN and UTRAN is different.

In order to ease the mapping of the end-to-end QoS requirements on the UMTS bearers, four traffic classes are introduced.

4.3 Traffic classes

Four different traffic classes are defined in UMTS [2] [5]:

Conversational: real time conversation scheme is characterized by that the transfer time must be low because of the conversational nature of the scheme and at the same time that the time relation (variation) between information entities of the stream must be preserved in the same way as for real time streams. Therefore the limit for acceptable transfer delay is very strict, as failure to provide low enough transfer delay will result in unacceptable lack of quality. The transfer delay requirement is therefore both significantly lower and more stringent than the round trip delay of the interactive traffic case.

Streaming: this one way transport scheme is characterized by that the time relations (variation) between information entities (i.e. samples, packets) within a flow must be preserved, although it does not have any requirements on low transfer delay. The delay variation of the end-to-end flow must be limited, to preserve the time relation (variation) between information entities of the stream.

Interactive: when the end-user is on line requesting data from remote equipment this scheme applies. Interactive traffic is characterized by the request response pattern of the end-user. At the message destination there is an entity expecting the message (response) within a certain time. Round trip delay time is therefore one of the key attributes. Another characteristic is that the content of the packets must be transparently transferred (with low bit error rate).

Background: when the end-user sends and receives data-files in the background, this scheme applies. Examples are background delivery of E-mails, SMS, download of databases and reception of measurement records. Background traffic is characterized by that the destination is not expecting the data within a certain time. The scheme is thus more or less delivery time insensitive. Another characteristic is that the content of the packets must be transparently transferred (with low bit error rate).
The main distinguishing factor between these classes is how delay sensitive the traffic is: conversational class is meant for traffic which is very delay sensitive while background class is the most delay insensitive traffic class. Conversational and streaming classes are mainly intended to be used to carry real-time traffic flows. Interactive class and background are mainly meant to be used by traditional Internet applications like WWW, Email, Telnet, FTP and News. Table 1 summarizes the fundamental characteristics of the four UMTS traffic classes. Nevertheless it is still hard at this point to figure out what the requirements are, and that is the reason why QoS attributes are specified.

	Traffic class
	Conversational
	Streaming
	Interactive
	Background

	Fundamental characteristics
	Preserve time relation between information entities

Conversational pattern (stringent and low delay)
	Preserve time relation between information entities of the stream
	Request response pattern

Preserve payload content
	Destination is not expecting the data within a certain time

Preserve payload content

	Example of the application
	voice
	video streaming
	Web browsing
	email download


Table 1. UMTS Traffic classes

4.4 QoS attributes 

The QoS attributes of the UMTS bearer service describe the service provided by the UMTS network to the user of the UMTS bearer service. The QoS attributes defined for UMTS bearer service are listed below [5]:

Traffic class (conversational, streaming, interactive or background): type of application for which the UMTS bearer service is optimized. Thanks to the traffic class, UMTS can make assumptions about the traffic source and optimize the transport for that traffic type.

Maximum bitrate (kbps): maximum number of bits delivered by the UMTS bearer service within a period of time, divided by the duration of the period.

Guaranteed bitrate (kbps): guaranteed number of bits delivered by the UMTS bearer service within a period of time, divided by the duration of the period. It cab be used to facilitate admission control based on available resources, and for resource allocation within UMTS. Quality requirements expressed by e.g. delay and reliability attributes only apply to incoming traffic up to the guaranteed bitrate.

Delivery order (yes or no): indicates whether the UMTS bearer shall provide in-sequence SDU delivery or not. This information cannot be extracted from the traffic class alone.

Maximum SDU size (octets): the maximum allowed SDU size that is used for admission control and policing.

SDU format information (bits): list of possible exact sizes of SDUs. SDU size information is needed to be able to operate in transparent RLC protocol mode.

SDU error ratio: indicates the fraction of SDUs lost or detected as erroneous (used as a target). It can be used to configure the protocols, algorithms and error detection schemes.

Residual bit error ratio: indicates the undetected bit error ratio in the delivered SDUs. If no error detection is requested, residual bit error ratio indicates the bit error ratio in the delivered SDUs. It can be used to configure radio interface protocols, algorithms and error detection coding.

Delivery of erroneous SDUs (yes, no or x) indicates whether SDUs detected as erroneous shall be delivered or discarded. “Yes” implies that error detection is employed and that erroneous SDUs are delivered together with an error indication, “no” implies that error detection is employed and that erroneous SDUs are discarded, and “x” implies that SDUs are delivered without considering error detection. It can be used to decide whether error detection is needed and whether frames with detected errors shall be forwarded or not.

Transfer delay (ms): indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs during the lifetime of a bearer service, where delay for an SDU is defined as the time from a request to transfer an SDU at one end of the bearer to its delivery at the other end.

Traffic handling priority: specifies the relative importance for handling of all SDUs belonging to the UMTS bearer compared to the SDUs of other bearers. Within the interactive class, there is a definite need to differentiate between bearer qualities. This is handled by using the traffic handling priority attribute, to allow UMTS to schedule traffic accordingly.

Allocation/Retention Priority: specifies the relative importance compared to other UMTS bearers for allocation and retention of the UMTS bearer. The priority is used for differentiating between bearers when performing allocation and retention of a bearer. In situations where resources are scarce, the relevant network elements can use the Allocation/Retention Priority to prioritize bearers with a high Allocation/Retention Priority over bearers with a low Allocation/Retention Priority when performing admission control.

Source statistics descriptor (speech or unknown): specifies the characteristics of the source of submitted SDUs. Valid at RAB level only.

In the table below, the QoS attributes and their relevancy for each traffic class are summarized.

	Attributes
	Conversational
	Streaming
	Interactive
	Background

	Maximum bitrate
	(
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	(

	Delivery order
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	Maximum SDU size
	(
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	SDU format information
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	SDU error ratio
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	Residual bit error ratio
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	Delivery of erroneous SDUs
	(
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	(

	Transfer delay
	(
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	Guaranteed bit rate
	(
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	Traffic handling priority
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	Allocation/Retention priority
	(
	(
	(
	(

	Source statistics descriptor
	(
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Table 2. QoS attributes in UMTS
The derivation of QoS attributes from any application requirements is straightforward. The requirements of the IMS service can therefore be translated into QoS attribute values. The RAN is then able to carry the IMS service if it can provide one RAB that supports the required QoS attribute values.

No specific QoS attribute values are given for IMS services in particular. Instead ranges of values to be supported for the different traffic classes are given [5].

5. Requirements on GERAN

GERAN and UTRAN sharing the same CN, this section tries to identifiy the IMS requirements that are GERAN specific, i.e. the requirements on the radio bearer service.

5.1 UMTS bearer service

Requirements are set on the UMTS bearer service through QoS attributes values that are given for the four traffic classes [5]. However not only these values are given with UTRAN as the only RAN in mind, but some of them are still under evaluation as well. For instance the maximum bitrate is 2048kbps, while the number of priority levels for allocation/retention priority is not yet known. 

When GERAN is connected to the same 3G CN as UTRAN, it provides the UMTS bearer service as well. The values listed in [5], should therefore include GERAN specific values for the maximum bitrate and the guaranteed bitrate. In GERAN, the maximum bitrate is obtained when all the timeslots are used with the highest coding scheme: 8 timeslot with MCS9 ( 473.6 kbit/s.
Besides since some residual bit error ratio values were derived from CRC lengths of the layer 1 of UTRAN, it is fair to expect that the same attributes should also include the values that are derived from the CRC lengths of GERAN. Table 3 gives the residual bit error ratio values when the (E)GPRS coding schemes are used (see figures in Annex A). Whether longer CRCs are needed or not, and what type of CRC will be available on data TCHs are two issues for further studies.

	CRC
	RBER

	24 (UTRAN)
	6.10-8

	16 (UTRAN)
	1.10-5

	8 (UTRAN)
	4.10-3

	16 (CS - GERAN)
	1.10-5

	12 (MCS - GERAN)
	2.10-4


Table 3. RBER for different CRC
All other QoS attributes (e.g. maximum SDU size, traffic handling priority or source statistics descriptor) are believed to be common between GERAN and UTRAN.

5.2 RAB service

The QoS attributes for RAB service are inherited from the UMTS bearer service. However when establishing a UMTS bearer and the underlying RAB for support of a service request, some attribute on UMTS level does typically not have the same value as corresponding attribute on RAB level. For example requested transfer delay for the UMTS bearer shall typically be larger than the requested transfer delay for the RAB, as the transport through the core network will use a part of the acceptable delay.

For the following attributes/settings the attribute value for the UMTS bearer will normally be the same as the corresponding attribute value for the RAB:

· maximum bitrate

· guaranteed bit rate 

· delivery order

· maximum SDU size

· SDU format information

· delivery of erroneous SDUs

· source statistics descriptor

· traffic handling priority

· allocation/Retention priority
For the following attributes, the attribute value for the UMTS bearer will normally not be the same as the corresponding attribute value for the Radio Access Bearer. The relation between the attribute values for UMTS Bearer service and Radio Access Bearer service is implementational and depends for example on network dimensioning.
· residual BER of RAB service shall be reduced with the bit errors introduced in the core network.

· SDU error ratio of RAB service shall be reduced with the errors introduced in the core network.
· Transfer delay of RAB service shall be reduced with the delay introduced by the core network.
In practice, this means that only the delays differ since the bit errors introduced in the CN are negligible when compared to ones introduced by the RAB. Unfortunately here again, the given values for the RAB QoS attributes in [5] consider UTRAN as the only RAN. As previously said, it should also include GERAN specific values for the bitrate, the maximum bitrate and maybe the residual BER and the SDU error ratio.

The RAB service is realized by the combination of the radio bearer service, and the Iu bearer service. The former is really the one that is RAN specific while the later is common between GERAN and UTRAN. The next section extracts the requirements on the radio bearer service from the requirements on the RAB service.

5.3 GERAN Radio Bearer service
Although there are no QoS attributes specifically given for the radio bearer service in [5], it can inherit its attributes from the RAB service, as the RAB service inherits its from the UMTS bearer service. Assuming that the errors introduced by the Iu bearer service are negligible, only the transfer delays are reduced with the delay introduced by Iu:

	Attributes
	Conversational
	Streaming
	Interactive
	Background

	Maximum bitrate (kbps)
	< 473.6 (1)
	< 473.6 (1)
	< 473.6 (1)
	< 473.6 (1)

	Guaranteed bit rate (kbps)
	< 473.6 (1)
	< 473.6 (1)
	
	

	Residual bit error ratio
	5*10-2, 10-2, 5*10-3, 10-3, 10-4, 10-6
	5*10-2, 10-2, 5*10-3, 10-3, 10-4, 10-6
	 (2)
	(2)

	Transfer delay
	80 - 250 ms (3)
	250 ms - seconds (3)
	
	


(1) MCS9 on 8 timeslot - (2) to be assessed - (3) shall be reduced by the delay introduced on Iu

Table 4. GERAN radio bearer service attributes
According to the analysis above and to sections 3 and 4, the GERAN radio bearer service should:

1) not be optimized for a few given IMS services, but instead be flexible enough to efficiently deploy any IP multimedia applications

2) allow the transport of several flows in parallel (e.g. text and video)

3) satisfy the user in a spectral efficient manner

4) provide radio bearers of which the QoS attributes are given in Table 4. 

6. Conclusion

The IP Multimedia Subsystem, which utilizes the PS domain to transport multimedia signaling and bearer traffic, sets end-to-end Quality of Service requirements that must be met everywhere along the transmission chain. Every link contributes to fulfill the QoS requirements, and in particular the radio access network (RAN). This document has explained how the QoS is managed in UMTS and what the requirements are to support IMS services in GERAN. In particular, the GERAN radio bearer service should:

1) not be optimized for a few given IMS services, but instead be flexible enough to efficiently deploy any IP multimedia applications

2) allow the transport of several flows in parallel (e.g. text and video)

3) satisfy the user in a spectral efficient manner

4) provide radio bearers of which the QoS attributes are given in Table 4. 

A companion contribution [9] assesses how GERAN can fulfill these requirements and also investigates possible enhancements for the support of IMS services in Release 6.
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Annex A - Undetected Errors

This annex presents the probability of undetected errors when different coding schemes are used. The probability of undetected errors of any CRC code can be estimated using the following equation below, where A is the weight distribution function of the CRC code depending of the generator, n is the block size including the CRC bits an p is the bit error probability:
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