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Requirements on GERAN Radio Bearers for Multi-media Control Signalling

1 Introduction

This document presents an overview of multi-media control signaling, specifically for the basic speech conversation case. 
The service performance requirements are shown.

The basic issues when matching the service requirements on the limited (worst case) bandwidth are discussed.
The document is intended for discussion.

2 Acronyms

CC
Call Control

MS
Mobile Station

MuM
Multi-media 

RAB
Radio Access Bearer

SDP
Session Description Protocol

SIP
Session Initiation Protocol

TE
Terminal Equipment

UE
User Equipment, the UMTS vocabulary for an MS

3 Overview of end-user requirements

The end-user wants the system to respond quickly.

3GPP have stated the objectives:

· “The basic requirement for quality of service parameter values over UMTS is that they should be closely comparable to the corresponding values achieved when using the contemporary fixed networks (e.g. PSTN/ISDN/B-ISDN and PDN) alone”. We assume that   “closely comparable” means “within 10%” and that GERAN shall meet the same requirements (which is not self-evident, since it will(?) imply an improvement compared to today’s GSM and TDMA systems)

· “Maintain or improve quality of service levels when compared to today’s networks”

From Ref. 2 we find the following QoS parameters for session control:

· Time for Network Access (TNA). Time from user action (switch on power) to access network until positive response returned to user (“connected to Telenor”).

· Time to Invoke Service (TIS). Service Access, get alerting indication (or ringing indication, if this is the first user feedback). See figure 1.

· Time to Connect at Answer (TTC). Through-connect when call has been accepted (to avoid clipping). See figure 1.

· Time to Release Session (TTR). Time to release resources for re-use

Ref. 2 states:

· 
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TNA

< 10 seconds

· 
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 < 1 seconds (unclear/misprint in ref. 2), 
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TIS

< 2 seconds 

· 
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 < 100 milliseconds, 
[image: image6.wmf]%

95

TTC

< 200 milliseconds

· 
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TTR

< 200 milliseconds

For TNA the air interface delay is not critical, so we do not study this case.

Air interface delay is significant for TIS. It can be noted, however, that TIS only comprises a fraction of the entire setup sequence. Ref. 3 indicates that an MS-MS call should take approx. 5 seconds to establish.

4 Overview of Basic SIP signalling case

We estimate the MuM signaling of a simple MS-originated two-party voice call. It is assumed that 
· a Best-Effort PDP context is already established

· the SIP Server address is stored (in MS or DNS)

· RSVP and security functions (IPsec, IKE, or similar) are not considered

· One RAB is used for signaling and one (RTP) for payload

· RTCP is not considered


We only consider the signals crossing the air interface. There will be up to 12 SIP/SDP messages (up- & downlink; ignoring PDP context activations). This stems from the need to meet the Time to connect at Answer for the end user QoS expectations using SIP signaling. It is thus believed that “Preconditions” are required, which will add 6 messages to the basic sequence. The overall signaling sequence will thus be: negotiation of codecs, RAB establishment, alerting of subscriber. 
Message lengths are typically 150-500 bytes + UDP/IP headers long. The air interface will thus need to transmit approximately 30kbit in a few seconds (without compression).

Compression of signaling messages
Compression should be transparent/lossless, to allow general applications. RTP/UDP/IP headers can be compressed considerably, down to 1-2 bytes. Payload can be compressed less. The achievable compression depends on the algorithm complexity and the mixture of protocols in the data stream the compressor works on. It is unclear in the overall architecture where the signaling payload compression takes place, in the Core Network or in the GERAN. 
Two broad classes of loss-less compression methods are Huffman and Lempel-Ziv. Huffman is limited to single-character compression and thus gives little compression, in the order of 30% for (long) text messages. Lempel-Ziv can achieve better compression, the level depending on message length and thus if each signaling message is compressed in isolation or if the state tables are kept between messages, so that the entire signaling sequence is processed. Winzip, gzip, UNIX Compress and V.42bis all use versions of Lempel-Ziv. Compression factors of 2-2.5 are often claimed for these algorithms operating on (long) ASCII text. This report does not analyze compression methods further, but suggests that 3GPP S2 decide on the location of compression and requirements on GERAN as well as considers the MS complexity.
A few conclusions can be drawn from this brief case study.

MuM signaling characteristics

The relatively large volume of SIP signaling combined with the expected system response times makes SIP signaling very bursty. The air interface must transmit 30kbit in a few seconds (without compression)

MuM signaling simultaneity 

Due to the “independence” between the applications, which should have minimal radio awareness, and the RAN, RAB’s can be requested in different ways for the same service:

· set up RAB’s with different timing, all at once or in sequence

· disconnect of “control RAB’s” when not immediately needed or for the entire duration of the session.

· similar applications can ask for somewhat different QoS

· the number of RAB’s can differ, only one with high QoS or many with varying QoS

The RAN only serves the RAB requests on a “first come, first served” basis, complying to the QoS commitments, until the resources are depleted. In the current work we must thus assume the worst case: that all RAB’s associated with a specific call are required simultaneously. In particular, MuM signaling can be used during a call, e.g. to activate a multi-party call, so it is clear that the RAN must assume simultaneous use of all RAB’s, based on the requested QoS profile. GERAN RAB’s should thus for all mobile types (e.g. single time-slot) allow at least basic services over a set of RAB’s.

Compression and spectrum efficiency

Compression of the IP signaling protocols should be used to increase efficiency and performance. In order to maintain the application flexibility, the compression shall be transparent/lossless. The location of the compression algorithm must be decided. More studies are needed to identify algorithms and more accurate compression figures. It is suggested that TSG GERAN send a Liaison Statement to S2 asking for advice, since this issue involves architecture decisions and Mobile Station complexity. A proposed LS is found in the Appendix
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6 Conclusions and Proposals

This document presented an overview of MuM control signaling, with focus on a basic application.

It is proposed to send a Liaison Statement to S2 asking S2 to set the framework for GERAN design of Radio Bearers. See Appendix for a proposal.
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Appendix
To:
3GPP  TSG S2 

Copy:


From: 3GPP TSG GERAN

LS on GERAN requirements for Multimedia Control signaling

There are overall requirements on supporting general Internet Multimedia (MuM) control signaling procedures for 3G packet-based operation and 3GPP has agreed that SIP/SDP shall be the basis. TSG GERAN has started investigations of how to provide suitable GERAN Radio Access Bearers for this purpose and has identified that some requirements have to be clarified in order to allow a proper design. This is necessary since different estimations on for instance bandwidth might result in different design solutions.

Therefore TSG GERAN would like to ask S2 on advice regarding the following questions:

1. For a MuM speech application, what are the estimated normal signaling volumes (before and after compression, assuming feasible mobile complexity) and delay over the Iu-ps interface per phase: from Power-on until registered in the SIP Server, until feedback of “Call in Progress”, until “Ringback”, until “through-connect”, during call/session, until call disconnected?

2. Shall GERAN perform network side compression of Multi-media messages, or is that performed in the Core Network?

TSG GERAN also wants to inform S2 about the particular limitations, which apply to GERAN, so that they can be considered in the ongoing work on MuM control and QoS.
First, it has been required by operators, that GERAN has a similar spectrum efficiency as GSM circuit switched speech. Therefore a voice over IP call should be possible with a single slot mobile.

Second, GERAN will operate with varying bit rate per timeslot, depending on radio conditions and transceiver capability, ranging from gross bit rate 22.8kbit/s up to ~65kbit/s. The gross bit rate is only available between RAN and MS and it has high error rate.
Third, channel coding must be applied by GERAN to reduce the error rate of control messages to acceptable levels. Channel coding will reduce the effective net bit rate, which is available to the Core Network.  As an example, the current GSM signaling channel protocol (LAPDm & channel coding on FACCH) has a typical net transfer rate of approximately 7-8kbit/s, assuming modified window sizes, using the entire 22.8kbit/s gross bit rate for signaling. 8kbit/s is thus a plausible signaling rate for MuM operation on legacy transceivers. For new transceivers more optimized methods can be considered. However, with tight (1/3) frequency re-use, a considerable fraction of the GERAN cell area will provide approximately the same signaling bit rates as the current GSM solution. 
The next TSG GERAN meeting will be in November 2000. It would be beneficial if S2 could give advice within this time period.
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Role of RSVP not clear yet.



It is assumed that BE bearer is always available as long as IP connect state is valid. 



The use of  DTMF, charging and supplementary services is FFS.  



Possible user activities during the call (from Nils document):

-send DTMF, put a call on hold (CH), retrieve a held call (CH), establish a new call while there is a held call (CH), answer a new call and put the active call on hold (CW, CH), reject a new incoming call (CW), join two calls (three parties) into a conference (Multiparty), split a conference (conference on hold) (Multiparty), join a new party to the conference (Multiparty), rejoin a conference (Multiparty), order call completion to busy subscriber (CCBS), receive subscriber free indication (CCBS), accept completion of the call (CCBS), establish another call in addition to an already active call (Multicall), answer another call in addition to an already active call (Multicall), transfer active call (ECT), send user to user information (UUS), redirect incoming call to another number without answering (CD), interaction with services via USSD signalling, SMS or WAP (DTMF separate), bearer modification (used with HSCSD and when switching between different calls, but potentially applicable to circuit switched multimedia (H.324M)).  
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