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DTM Enhancements Concept Paper

1. Concept

It is felt that some of the existing Dual Transfer Mode (DTM) procedures are not suitable for use with real time PS services.  This concept paper describes the use cases for the DTM where concerns have been raised, an evaluation of the current DTM procedures and will in time contain a description of the enhancements proposed. 

The purpose of this paper is to capture the current state of work being carried out in the DTM WI in GERAN. 

2. Causes for concern

The possibility to support real time PS services in GERAN places additional quality of service requirements on the PS domain.  The current DTM procedures were never designed with real time services in mind and are based on the principle that the PS service is of secondary importance to the CS connection.  

In order to focus the discussion, the following services have been considered when considering the need for DTM enhancements:

· Interactive gaming

· Video streaming

· Audio streaming

· Voice Messaging

· Gold service data

For interactive games, which are considered as a conversational type service in [1], the one way delay of < 250 ms is required coupled with a zero packet loss.  

For streaming video services a transport delay variation of less than 2 seconds is required coupled with a packet loss at the session layer of < 2%.  Audio streaming has similar requirements but with a slightly tighter packet loss target of < 1%.  For voice messaging, a one way delay of < 1 second is required with a Frame Erasure Rate of <3%.  

The so-called “gold service” data service has not been characterised in [1], but could be offered to subscribers at a premium as an improved data service for applications such as web browsing and bulk data transfer.  

3. Use cases

The cases of concern in the DTM procedures are the call establishment, call release and mobility procedures described in [2].  

The call establishment and release procedures require the release of the PS resources whenever a CS resource (SDCCH or TCH) is established, with the PS resource being re-established after the completion of the TCH setup.

More detailed analysis of the potential use cases when considering the services described in section 2 above is provided in [3], and the results are shown in Table 1 and Table 2.   Table 1 gives the PS service category for each use case described along with the delay and loss requirements as defined in [1].  These delay and loss requirements are given as an indication of the sensitivity of the service to delay and loss.  The final column indicates the perceived importance of the service in the short to medium term and is based on the maturity of services already deployed in UTRAN/GERAN networks and those that will be deployed.  

	PS Service Category
	Use Case
	Delay Requirement
	Loss Requirement
	Importance of service in short/medium term

	Interactive Gaming 
	Real-time gaming with 1 or more participants + voice call from participant or external party
	< 250 ms one way
	Zero residual loss
	Medium

	Audio Streaming
	Listening to high quality music 
	< 2s delay variation
	< 1% packet loss
	Low

	Voice messaging
	Listening to voice mail or e-mail via text-to-speech
	< 1s one way delay for playback
	< 3% FER
	Low/Medium

	Video Streaming
	Watching video clip then receive a call
	< 2s delay variation
	< 2% packet loss
	High

	Video Streaming
	Friend calls to share a video clip
	< 2s delay variation
	< 2% packet loss
	High

	Video Streaming
	Camera on mobile used to add video to voice call
	< 2s delay variation
	< 2% packet loss
	Medium

	Data service
	Web browsing plus voice call
	< 4s one way delay
	Zero residual loss
	Low


Table 1
 Summary of Use Cases with Delay and Loss Requirements

Table 2 shows the relative impact of the PS service outage due to CS call establishment, call release and handover for the same set of use cases as in table 1.  This is a qualitative assessment based on the user’s perception of the impact of the impairment in the context of what they are doing at the time.  

	PS Service Category
	Use Case
	CS Call

Establishment
	CS Call

Release
	Handover

	Interactive Gaming 
	Real-time gaming with 1 or more participants + voice call from participant or external party
	High
	High
	High

	Audio Streaming
	Listening to high quality music 
	Medium
	Medium
	Low

	Voice messaging
	Listening to voice mail or e-mail via text-to-speech
	Low
	Low
	Low

	Video Streaming
	Watching video clip then receive a call
	High
	High
	High

	Video Streaming
	Friend calls to share a video clip
	Low
	Low/Medium
	High

	Video Streaming
	Camera on mobile used to add video to voice call
	Low
	Low
	High

	Data service
	Web browsing plus voice call
	Low
	Low
	Low


Table 2 Impact of PS Service Interruption on Perceived QoS

4. Service Interruption analysis of current procedures.

An analysis of the current DTM procedures is available in [4].  The analysis of the procedures focuses on the interruption caused by the CS procedures when a PS session is ongoing.  

The CS domain events analysed in the paper are:

· Establishment of a CS call during a PS session

· Release of a CS call during a PS session

· Cell change due to CS mobility during a PS session

For each of these three scenarios, an estimation of the service interruption time is provided in Table 3.  In each case, the calculated service interruption times are realistic best-case times.  Best case refers to the situation where there is no resource contention and no significant queuing delays for messages on any given transmission link.  Realistic means that assumptions such as cells without PBCCH that use frequency hopping are considered.  However, the delays are likely to be closer to a best case value than a worst case one.  

	DTM Procedure
	Estimated PS Service Interruption Time

	Establishment of a CS call during a PS session
	1370 – 2625 ms


	Release of a CS call during a PS session
	1430 ms

	Cell change due to CS mobility during a PS session
	820 ms


Table 3. PS Service interruption time caused by CS call establishment procedures
5. Solutions


5.1 Release of a CS Connection While in DTM
One possible way to accelerate RR mode transition (from dual transfer mode to a packet transfer mode) would be to offer the minimum system information to continue packet transfer already while in dual transfer mode and the rest of information by using the PACKET (P)SI STATUS messages while in packet transfer mode. This solution is described in [9].
5.1.1 Action while in dual transfer mode

As mentioned in the previous clause the MS shall have a certain set of system information depending on whether packet control channel is supported or not by the network to continue without a service gap in the packet transfer mode after an RR connection is released. The proposed enhancement is depicted in Figure 1.

While in dual transfer mode the MS may receive PSI messages on the PACCH (PBCCH exists on the cell). Anyhow, in [7] is specified that the MS shall every 30s check if the system information has been changed. This can also be seen reasonable for PSI messages received on the PACCH when in dual transfer mode. This means that the MS cannot use PSI messages received over 30s ago. Another drawback is that as PSI messages are distribution messages (intended for all mobiles) the network cannot confirm that the MS has received the message via the RLC/MAC polling mechanism.

When for RR connection is released and the needed system information is missing or it is not received within 30s a network may send system information before releasing CS resources.

If packet control channels are supported then a network may send PSI1 and a consistent set of PSI2 messages when the MS is in the dual transfer mode.

If packet control channels are not supported then a network may send SI3, SI13 and, if present, SI1 messages when the MS is in the dual transfer mode.

A network sends these messages by using PACKET SERVING CELL DATA message on the PACCH. The MS can use PACKET (P)SI STATUS message to indicate which messages it has received correctly. This is presented in figure 3 with dotted arrows before the CHANNEL RELEASE message.

A network shall send the needed system information before the release of an RR connection. The CHANNEL RELEASE message is sent after the MS acknowledges that it has received correctly all needed system information. The PACKET (P)SI STATUS message can be used to acknowledge the receipt of system information. Currently in the PACKET SI STATUS message the MS can indicate that it has received SI1 and SI3 messages from the required set to make packet access (i.e the MS cannot indicate the receipt of the SI13 message). When packet control channels are supported and the PACKET PSI STATUS message is used the MS can indicate that it has received consistent set of PSI2 messages from the required set to make packet access (i.e. the MS cannot indicate the receipt of the PSI1 message). Because of the MS cannot indicate neither SI13 nor PSI1 message the new field e.g. < BASIC_SET_RECEIVED : bit > is needed in the both messages. The indication that the MS has received the basic set can also be done with the new RLC/MAC message.

If a network cannot send all needed information or it has not enough resources then it can just send CHANNEL RELEASE message with new notification that the MS is not allowed to continue in the packet transfer mode after the release of an RR connection. After the release of PS resources the MS may ask them as specified in the [6]. A network shall also indicate with the new information that the MS is allowed to continue in the packet transfer mode after the release of CS resources.

A timer shall be defined in a network for waiting response from the MS to the receipt of system information messages. In case no response is received by the network (i.e. the timer expires), a network shall send CHANNEL RELEASE message with indication that the MS is not allowed to continue in the packet transfer mode after release of an RR connection. The value of the timer shall be set so that network resources are not wasted too long e.g. when the MS has only DL TBF allocated it shall wait until it is polled to send the PACKET DOWNLINK ACK/NACK message.
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Figure 1 The proposed enhancement for an RR connection release.
5.1.2 Action while in packet transfer mode
When an RR connection has been released then a network may allocate TBFs with normal procedures e.g. by using a PACKET TIMESLOT RECONFIGURE message.

If the MS has had while in dual transfer mode only PDTCH/Fs power control parameters apply in the packet transfer mode too.

If the MS has had while in dual transfer mode in some timeslot PDTCH/H and TCH/H configuration in the downlink the MS releases also PDTCH/H when an RR connection is released.
5.1.2.1 Delivery of system information
This works as already specified in [7] with the PACKET PSI STATUS or PACKET SI STATUS procedure.

5.1.2.2 Packet measurements

Similarly as currently specified in [7] and [8].

5.1.2.3 Timing advance
Similarly as currently specified in [7].

5.1.2.4 Mobility scenarios

During a dual transfer mode the location of the MS may chance. Cell, location area and routing area changes are possible. The behavior of the MS is also depending on what is the network operation mode of the network. This sub-clause presents different possible scenarios that are relevant when an RR connection is released.
5.1.2.4.1 MS changes RA during dedicated connection and NMOII or NMOIII is used

A normal Routing Area Update is made during DTM and when an RR connection is released MS may continue in a packet transfer mode without any interruption.

5.1.2.4.2 MS changes LA or RA during dedicated connection and NMOI is used

When handover is completed the MS makes RAU and when an RR connection is released it makes Combined RAU procedure. This can be done via normal uplink TBF resource allocation.

If the RAU is not completed before an RR connection is released the MS’s behavior is FFS because of when an RR connection is released the MS shall immediately start combined RAU. It would be easier just to release a TBF in this special case.

If the MS has made the RAU and user data transfer is already ongoing when CS resources are released the MS is not allowed based on the current standard [9] send user data while combined RAU is in progress. The described case is very problematic if RLC is working in unacknowledged mode because of combined RAU shall be done with RLC acknowledge mode. In this case a TBF shall be released.

Another possibility would be to add to the PACKET (P)SI STATUS message or to the new message the new field e.g. < CS_PROCEDURE_PENDING : bit > meaning that the combined RAU will happen when a CS connection ends. When a network receives a message with this notification it knows that both CS and PS resources can be released when an RR connection ends without waiting the expiry of the timer.
5.1.2.4.3 MS changes LA during dedicated connection in NMOII or NMOIII or NMO is changed from NMOI to NMOII

When handover is completed the MS makes RAU and when an RR connection is released it makes Location Area Update (LAU) procedure. This can be done as today MS releases packet resources and starts random access procedure (i.e normal PS => CS change).

Another possibility would be to add to the PACKET (P)SI STATUS message or to the new message the new field e.g. < CS_PROCEDURE_PENDING : bit > that the LAU will happen when a CS connection ends. When a network receives a message with this notification it knows that both CS and PS resources can be released when an RR connection ends without waiting the expiry of the timer.
6. Conclusions

At TSG GERAN WG2 #17bis it was agreed that the service interruption times look significant for the call establishment and release cases, and also that the mobility case does not pose a significant increase over the NACC case calculated in previous studies.

Any further work should focus on the call establishment and release phases and explore the benefits of the proposal when compared with the complexity of the solution
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� Gold service data is where a subscriber pays a premium for better handling of non real time data


� This value depends on when a DTM Request message can be sent to the network.  It is currently understood that early DTM Request should be possible causing the shorter interruption.  
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