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1-Introduction
France Telecom has evaluated the impacts of video to / from speech service change in UTRAN and CN for a long time. Last year, the R&D division of France Telecom has evaluated the different scenarios for video to speech service change in terms of signalling in the case SCUDIF is applied or not i.e. for Release 5 / 6 and Release 99 respectively. 
The SCUDIF is a Release 5 / 6 improvement for video to speech service change. This improvement requires that signalling is exchanged between the whole UMTS network to switch from video to speech in both UEs.
Analyses have shown that the signalling could be improved for video to speech codec change and for the switching between different modes of the multi-rate AMR codec.
The discussion paper analyses the "CS video call" to "CS speech call" service change with:

· Call retry (Release 99)
· User-initiated SCUDIF (Release 5)
· Enhanced Release 6 mechanisms (e.g. network-initiated SCUDIF)
In the scope of the signalling enhancements for CS and PS connections Orange provides signalling improvement for UMTS Release 7.

2-Discussion
2.1-Video to speech fallback with Call retry (Release 99)
In the case the UE is under 3G coverage with good radio conditions and wants to establish a mobile-to-mobile CS video call, the following messages are exchanged between the UE, the RNC and the MSC of the core network it is registered to (see Figure 1).
Assumptions:
-We only consider the MM "CM service request" and "Common Id" messages in the first diagram.
-We do not consider the optional MM "authentication request / response".
-We only consider the RRC/RANAP "security mode command / complete" procedures in the first diagram. Security procedures are defined in TS 33.102 [11].
-We do not consider the optional MM "Identity request / response (IMEI)".

-We do not consider the optional MM "TMSI reallocation command / complete".
-We consider that the UE has already decoded the SIB on the BCH transport channel.
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Figure 1 Mobile-to-mobile CS video call establishment (Release 99)
When UEa encounters 3G radio degradation, the Video codec may not be used anymore since it requires too much radio resources. In this case, depending on UE implementation, a speech call is established manually or automatically. This method is called "Call retry" and does not require specifications in the standard according to TR 23.972 [2]. Both options imply the same kind of procedures (see Figure 2).
[image: image2.wmf] 

 

Speech call conversation over 

G.711 bearer service

 

UE a

 

RNC a

 

MSC a

 

MSC b

 

RNC b

 

UE b

 

H.324m 

codec

 

Video call conversation over UDI 64 kbps bearer service

 

H.324m 

codec

 

 

RANAP

: 

RAB 

release request

 

ISUP: 

REL

 

Connection release

 

ISUP: 

RLC

 

Manual / automatic:

 

Loss of connection 

triggers 

speech call 

request

 

AMR 

codec

 

RRC: RRC connection 

setup 

request

 

CC

 

RRC

 

RRC: RRC connection 

setup

 

RRC: RRC connection 

setup 

complete

 

RRC

 

CC

 

RRC: Initial direct transfer

 

CC: 

SETUP

 

RANAP

: Initial

 UE message

 

CC: 

SETUP

 

RRC: 

Measurement Report

 

RRC: 

Measurement Control

 

RRC: 

Radio bearer setup 

complete

 

RANAP

: 

RAB assignment 

response

 

RRC:

DL

 direct transfer

 

CC: 

ALERTING

 

RANAP

: 

Direct transfer

 

CC: 

ALERTING

 

Call 

accepted

 (CC: 

CONNECT

)

 

ISUP:

ANM

 

RRC:

DL

 direct transfer

 

CC: 

CONNECT

 

RANAP

: 

Direct t

ransfer

 

CC: 

CONNECT

 

ISUP:

CPG

 

Alerting (CC: 

ALERTING

)

 

Connection confirmation

 (CC: 

CONNECT ACK

)

 

RRC:

UL

 di

rect transfer

 

CC: 

CONNECT ACK

 

RANAP

: 

Direct transfer

 

CC: 

CONNECT ACK

 

Speech call conversatio

n over

 CS RAB

 

Speech call conversation over

 CS RAB

 

G.711 

codec

 

AMR 

codec

 

AMR 

codec

 

G.711 

codec

 

AMR 

codec

 

ISUP: 

IAM

 

ISUP:

ACM

 

RRC:

 DL

 direct transfer

 

CC: 

CALL PROCEEDING

 

RANAP

: 

Direct transf

er

 

CC: 

CALL PROCEEDING

 

 

RRC: 

Radio bearer setup

 

RANAP

: 

RAB assignment 

request 

[

RAB parameters

]

 

C

all request (CC: 

SETUP

)

 

C

a

ll response (CC: 

CALL CONFIRMED

)

 


Figure 2 Mobile-to-mobile CS video call to speech call manual or automatic fallback (Release 99)
Analysis of Release 99 call retry:

- During the codec change (from H.324m to AMR), the RAB is not maintained

- RABs are changed in the access network where the service change (radio degradation) was required as well as in the access network where the service change was not required (good radio conditions)
- End to end signalling is exchanged
- It is not possible to re-negotiate the user rate with end to end signalling solution. Note that this issue will be improved with BICC from Release 4
- It Is not possible to perform service change from UDI/RDI to speech. Note that this issue will be improved with SCUDIF from Release 5.
2.2-Multi-rate AMR mode change (Release 99) - Informative
In the case the UE is under 3G coverage with good radio conditions and wants to establish a mobile-to-mobile CS speech call, the following messages are exchanged between the UE, the RNC and the MSC of the core network it is registered to (see Figure 3).
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Figure 3 Mobile-to-mobile CS speech call establishment (Release 99)

When UEa encounters 3G radio degradation, the higher AMR mode (e.g. AMR 12.2 kbps) may not be used anymore since it requires too much radio resources. In this case, the AMR mode may be decreased (e.g. down to 4.75 kbps). The codec mode change is described in TR 25.922 [6]. The following procedures occur (see Figure 4).
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Figure 4 Mobile-to-mobile CS speech call mode decrease (Release 99)
Analysis of AMR codec change:

- During the codec mode change (from AMR 12.2 to AMR 4.75), the RAB is maintained.

- RAB bit rate is modified only in the access network where the service change (due to radio degradation) was required but is not modified in the access network where the service change was not required (due to good radio conditions). Indeed, this is due to the fact that AMR flow is transcoded into G.711 in order to be conveyed between the MSCs. Consequently a local RAB bit rate modification in an access network is compensated by the G.711 transcoding and has no impact on the RAB bit rate in the distant access network.
- No end-to-end signalling is exchanged.

2.3-Video to speech service change with SCUDIF (Release 5)
In the case the UE is under 3G coverage with good radio conditions and wants to establish a mobile-to-mobile CS video call, the following messages are exchanged between the UE, the RNC and the MSC of the core network it is registered to (see Figure 5). This procedure is described in TS 23.172 [1]. 
Notes:

· The UE provides, in the CC SETUP message, a repeat indicator (RI) and two PLMN bearer capabilities (BC);
· In Release 4, the MSC is split into MSC server and media gateway (MGW);
· In Release 4, ISUP signallign is added (or replaced by) BICC signalling;

[9] provides a clear distinction between two functions:

· Fallback: when two services (multimedia and speech) are proposed but only one of them is available or wanted, only the service available (preferred or less preferred) is selected, and the other one is discarded;

· Service change: when two services (multimedia and speech) are available during the active state of a call, users may request a service change to switch between the two services;
The service change (i.e. codec change) may be initiated:

· By the subscriber via MMI (User-initiated SCUDIF) in Release 5;
· By the network (network-initiated SCUDIF) in Release 6.
Assumptions:

· Messages flows between the MSC server and the associated MGW are not shown on next figures;

· This paper does not make distinction, from UTRAN point of view, between "fallback" and "service change" since both are seen as reactions to radio degradation or service unavailability;
· We assume TFO/TrFO is not applied i.e. AMR is converted into G.711 between the media gateways (MGWs) [13] [14].
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Figure 5 Mobile-to-mobile CS video call establishment (Release 5)

When UEa encounters 3G radio degradation, the Video codec may not be used anymore since it requires too much radio resources. In this case, the Video RAB is modified and the alternate Speech RAB is established instead (see Figure 6). This procedure is described in TS 23.172 [1] and TS 23.153 [10].
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Figure 6 Mobile-to-mobile CS video call to speech call User-initiated SCUDIF (Release 5) 
Analysis of Release 5 SCUDIF:

- During the codec change (from H.324m to AMR), the RAB is not maintained;
- RABs are changed in the access network where the service change (due to radio degradation) was required as well as in the access network where the service change was not required (due to good radio conditions);
- End to end signalling is exchanged in order to change of service from UDI/URI to speech in both access networks;
- The UE has got a little knowledge of bad radio conditions it is suffering of and the MSC has no knowledge of the UE's bad radio conditions;
From [1]: to deploy user-initiated SCUDIF:

- Both UEa and UEb must support user-initiated SCUDIF;
- UTRANa and UTRANb must support RAB modification and UDI bearer;
- The core network must support user-initiated SCUDIF.
2.4-Video to speech service change with Release 6 signalling improvements

SA2 has completed its study of Release 6 signalling improvements for video to speech service change on June 2004 with the following conclusion [1]:

· SCUDIF (either BICC based or ISUP based): This mechanism probably requires changes to operator’s existing commercial arrangements before it can be used. Specification changes may be needed to ensure the correct interaction between mobiles and networks. Interaction with SA 1 is required to clarify the requirement on who should pay for e.g. a video call when the B party “pushes to video”.

· Dual Call: This mechanism requires some changes to the MSC/RNC/BSC interactions and limits some tariff models. However existing commercial arrangements need not be changed.

· Re-dial with release of the radio connection: This is the only mechanism that does not mandate network changes. However, at least some BSC changes are needed to avoid poor performance (e.g. long gaps at service change and/or high redialed call setup failure rate) caused by "accidental" or "systematic" handover of voice calls to 2G.

· Re-dial using the same radio connection: This mechanism requires some changes to the MSC/RNC/BSC interactions and some HLR functionality. However, existing commercial arrangements need not be changed.

The general conclusion is that "None of the approaches fully meets both, all the service requirements, and the requirements of operators for fast deployment. The only mechanism that offers scope for deployment of a system complying to the anticipated R’6 specification, and, aligns with existing inter-operator commercial arrangements is re-dial with release of the radio connection” [1].

In present section, we describe the network-initiated SCUDIF that is specified from Release 6 (see Figure 6).
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Figure 7 Mobile-to-mobile CS video call to speech call Network-initiated SCUDIF (Release 6) 

Analysis of Release 6 SCUDIF:

- During the codec change (from H.324m to AMR), the RAB is not maintained;
- RABs are changed in the access network where the service change (due to radio degradation) was required as well as in the access network where the service change was not required (due to good radio conditions);
- End to end signalling is exchanged in order to change of service from UDI/RDI to speech in both access networks;
- The RNC has got full knowledge of bad radio conditions the UE is suffering of and the MSC has no knowledge of the UE's bad radio conditions. The RNC can detect the need for service change from video to speech faster than the UE;
From [1]: to deploy user-initiated SCUDIF:

- Both UEa and UEb must support user-initiated SCUDIF;
- UTRANa and UTRANb must support RAB modification and UDI bearer;
- The core network must support user-initiated SCUDIF.
3-Proposal
3.1-Video to speech service change with proposed Release 7 signalling improvements
When the UE encounters bad radio conditions and is in CS video call, either the bit rate is switched from 64 kbps to 32 kbps (not standardised yet), either a service change occurs from CS video call to speech call. This scenario is standardised with call retry from Release 99, with SCUDIF improvements in Release 5 and Release 6.
When the UE encounters bad radio conditions and is in CS voice speech, the codec mode (i.e. the codec rate) may be decreased in the case both the UE and UTRAN support AMR multirate. This scenario is standardised from Release 99.

In order to change of service (SCUDIF), a codec change is required in the UE (e.g. from H.324m to AMR) and some signalling is exchanged end-to-end between the access network where the bad radio conditions occur (let's say UTRANa) and the access network where no bad radio condition occurs (let's say UTRANb).

In other words, when a service change is required for one UE, all the network is aware of this.

SCUDIF answers the service change problematic with the following limitations:
· The RAB is modified in both UTRANa and UTRANb;
· The synchronisation of voice and video codecs between UEa (under UTRANa) and UEb (under UTRANb) is not obvious (c.f. discussions on Service Change Indicator postponed in CT1 and rejected in RAN3 [16]);
· The codec switching time in UEa and UEb is high since all the network entities (UTRANa, core network and UTRANb) are impacted and end-to-end signalling exchanges are required.
Proposal:

Orange suggests that the service change (i.e. codec change from H.324m to AMR) only impacts the access network where the bad radio conditions occur. For this reason, Orange proposal is called "local service change".
In other words, the "MSC server a" (which is interconnected to UTRANa), the "MSC server b" and "Media gateway b" (which are interconnected to UTRANb), UTRANb and UEb are not aware of the service change in UTRANa.

Only UEa, UTRANa and the "Media gateway a" (which is interconnected to UTRANa) are aware of the service change.

Signalling is only exchanged between UEa, UTRANa and "Media gateway a". With local signalling exchange, the codec switching time will be shorter.

The RAB is maintained in the UTRANa during the service change in order to avoid additional signalling exchange due to the re-negotiation of RAB parameters.

The core network signalling is not impacted by Orange proposal. Indeed, only the Iu-UP protocol and the "Media gateway a" are impacted in the core network user plane.

When radio degradation only lasts a few seconds, local service change allows switching from video call to 3G voice call while maintaining the RAB and avoid switching from video call to GSM voice call.
Assumption:

· Local service change may work together with current fallback mechanisms.
Next section provides indications to fulfil previous assumptions.

3.2-Introduction of new features

In the UE:
The AMR codec and the video codec with all their modes (8 modes for AMR and 2 modes for H.324m) are seen as a single codec that is hidden thanks to a new "codec switching layer in the UE". With Orange proposal, the access stratum only "sees" one codec (see Figure 8).
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Figure 8 Introduction of a codec switching layer
In the UE and the RNC:

The multirate AMR codec requires a RAB that is different from the RAB required to support H.324m codec flows. With Orange proposal, the RAB associated to H.324m is extended in order to support H.324m modes (2 modes) as well as AMR modes (8 modes) (see Figure 9). The new "extended RAB" is able to support unequal error protection (UEP) related to the AMR codec with RAB sub-flows associated to the three AMR classes (A, B and C).
Note:
· We are talking about new "extended RAB" since the RAB remains the same (Video call 64 kbps CS RAB) whereas the radio bearer and the Iu bearer are extended from 64 kbps CS RAB to lower bit rates i.e. for the support of Video call and multi-rate AMR calls. In other words, orange proposal reuses existing RAB parameter settings for Video call and extend them to AMR.
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Figure 9 Introduction of an extended CS RAB
Moreover a new "UE capability" is required so that the UE informs the RNC about the support of "local service change" functionality.
In the RNC and the user plane of the media gateway:

For the same reason, a new "extended Iu bearer" is introduced in order to support both codecs and modes. With Orange proposal, this extended Iu bearer is supported in "non transparent mode" (i.e. rate control may be applied in the same way as multirate AMR). 
In the transcoding unit of the media gateway:

Since the UEa (under UTRANa) may change of service (i.e. change of codec), and since the UEb (under UTRANb) and "MSC server b" are not aware of this, as a result, UEa will switch to AMR whereas UEb will maintain H.324m. With Orange proposal (see Figure 10), a new "Video component insert / AMR extract layer" is introduced in the transcoding unit of the media gateway order to:

· Extract AMR frames from H.324m frames generated by UEb;
· Convert AMR frames from UEa into H.324m frames by inserting the video component in order to provide UEb with video frames.
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Figure 10 Video component insert / AMR extract layer
Assumption:

· SA4 working group will provide the video component insert function as well as AMR extract function. These functions are made possible with H324m and AMR codecs.

Signalling improvement:

Thanks to these new features, signalling exchanges are limited to UTRANa. The RNCa is at the essence of the service change since it has the knowledge of the bad radio conditions the UEa is suffering of. The following messages are exchanged during the service change:

· RRC "TFC control" between the RNCa and the UEa with TFCS restriction mechanism (in uplink, the TF change is commanded by RNCa to the UEa and the RNC changes its TF by itself);
· Iu-UP "Rate control" between the RNCa and the "media gateway a" with RFCI restriction mechanism.
3.3-Impact on 3GPP specifications

The following specifications are mainly impacted by local service change:

· RRC (TS 25.331) for the new "extended radio bearer", for the update of the "TFC control procedure" and for the new "UE capability";
· Iu-UP (TS 25.415) for the new "extended Iu bearer" and for the "rate control" procedure;
· UE capabilities (TS 25.306) for the new "UE capability" definition;
· RAB (TS 34.108) for the definition of the new "extended RAB". Note that during RAN2#51, Vodafone has suggested a 64 kbps CS RAB extension for Video call to AMR reconfiguration [15]. This proposal could be useful for the definition of the new "extended RAB".

Next section provides an example of operation of local service change.

3.4-Local service change procedure
In the case the UE is under 3G coverage with good radio conditions and wants to establish a mobile-to-mobile CS video call, the following messages are exchanged between the UE, the RNC and the MSC of the core network it is registered to (see Figure 11).
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Figure 11 Mobile-to-mobile CS video call establishment (Local service change)

When UEa encounters 3G radio degradation, the Video codec may not be used anymore since it requires too much radio resources. In this case, the UE (and only this one) that encounters radio degradations changes of service, locally, from Video call to voice call. This signalling improvement method is at the essence of current proposal and the procedure is described hereafter (see Figure 12).
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Figure 12 Mobile-to-mobile CS video call to speech call (Local service change)
Analysis of local service change:

- During the codec change (from H.324m to AMR), the RAB is maintained:

=> Improvement compared to Release 6 SCUDIF;
- RABs are changed in the access network where the service change (due to radio degradation) was required (i.e. locally) and not in the access network where the service change was not required (due to good radio conditions):

=> Improvement compared to Release 6 SCUDIF;
- Local signalling is exchanged and not end-to-end signalling:

=> Improvement compared to Release 6 SCUDIF;
- The RNC has got full knowledge of bad radio-conditions the UE is suffering of and the MSC server has no knowledge of the UE's bad radio conditions. The RNC can detect the need for service change to speech faster than the UE:

=> Improvement compared to Release 5 SCUDIF;
To deploy local service change:

- Only UEa must support "extended RAB", "local service change UE capability" and "Codec switching layer" features:

=> Improvement compared to Release 6 SCUDIF;
- Only UTRANa must support "extended RAB":

=> Improvement compared to Release 6 SCUDIF;
- Only the MGW's Iu-UP of the core network must support "extended RAB" as well as "Video component insert / AMR extract" features:

=> Improvement compared to Release 6 SCUDIF.
4-Synthesis

Mobile-to-mobile CS video call establishment messages are summarized below. Note that the called party's signaling messages are not provided for simplicity reasons.
	Protocol
	Message
	Call retry (Release 99)
	SCUDIF (Release 5) = User-initiated SCUDIF

SCUDIF (Release 6) = Network-initiated SCUDIF
	Orange signaling improvement (Release 7)

	RRC
	RRC connection request
	Yes
	Yes
	Yes

	NBAP
	Radio link setup request
	Yes
	Yes
	Yes

	NBAP
	Radio link setup response
	Yes
	Yes
	Yes

	ALCAP Iub
	Establish request
	Yes
	Yes
	Yes

	ALCAP Iub
	Establish response
	Yes
	Yes
	Yes

	DCH-FP
	DL synchronization (first)
	Yes
	Yes
	Yes

	DCH-FP
	UL synchronization (first)
	Yes
	Yes
	Yes

	DCH-FP
	DL synchronization (second)
	Yes
	Yes
	Yes

	DCH-FP
	UL synchronization (second)
	Yes
	Yes
	Yes

	NBAP
	Radio Link restore indication
	Yes
	Yes
	Yes

	RRC
	RRC connection setup
	Yes
	Yes
	Yes

	RRC
	RRC connection setup complete
	Yes
	Yes
	Yes (new UE capability for local service change)

	RRC [MM]
	Initial direct transfer

[CM service request]
	Yes
	Yes
	Yes

	RANAP [MM]
	Initial UE message

[CM service request]
	Yes
	Yes
	Yes

	RANAP
	Common Id
	Yes
	Yes
	Yes

	RANAP
	Security mode command
	Yes
	Yes
	Yes

	RRC
	Security mode command
	Yes
	Yes
	Yes

	RRC
	Security mode complete
	Yes
	Yes
	Yes

	RANAP
	Security mode complete
	Yes
	Yes
	Yes

	RRC [CC]
	UL direct transfer [Setup]
	Yes
	Yes (different parameters)
	Yes (same parameters as Release 99)

	RANAP [CC]
	Direct transfer [Setup]
	Yes
	Yes (different parameters)
	Yes (same parameters as Release 99)

	ISUP
	IAM
	Yes (ISUP)
	Yes (BICC)
	Yes (ISUP)

	Called party call establishment
	Yes
	No
	Yes

	ISUP
	ACM
	Yes
	No
	Yes

	RANAP [CC]
	Direct transfer [Call proceeding]
	Yes
	Yes (different parameters)
	Yes (same parameters as Release 99)

	RRC [CC]
	DL direct transfer [Call proceeding]
	Yes
	Yes (different parameters)
	Yes (same parameters as Release 99)

	Called party call establishment
	No
	Yes (different parameters)
	No

	RANAP
	RAB assignment request
	Yes
	Yes (different parameters)
	Yes (same parameters as Release 99)

	NBAP
	Radio Link reconfiguration prepare
	Yes
	Yes
	Yes

	NBAP
	Radio Link reconfiguration ready
	Yes
	Yes
	Yes

	ALCAP Iub
	Establish request
	Yes
	Yes
	Yes

	ALCAP Iub
	Establish response
	Yes
	Yes
	Yes

	ALCAP Iu
	Establish request
	Yes
	Yes
	No

	ALCAP Iu
	Establish response
	Yes
	Yes
	No

	DCH-FP
	DL synchronization (first)
	Yes
	Yes
	Yes

	DCH-FP
	UL synchronization (first)
	Yes
	Yes
	Yes

	DCH-FP
	DL synchronization (second)
	Yes
	Yes
	Yes

	DCH-FP
	UL synchronization (second)
	Yes
	Yes
	Yes

	NBAP
	Radio link reconfiguration commit
	Yes
	Yes
	Yes

	Iu-UP
	UP initialization / ack
	No
	No
	Yes (extended Iu bearer)

	Iu-UP
	UP message
	No
	No
	Yes

	RRC
	Radio bearer setup
	Yes
	Yes
	Yes (extended radio bearer)

	RRC
	Radio bearer setup complete
	Yes
	Yes
	Yes (extended radio bearer)

	RANAP
	RAB assignment response
	Yes
	Yes
	Yes (same parameters as Release 99)

	ISUP
	APM
	No
	Yes (BICC)
	No

	RRC
	Measurement control
	Yes
	Yes
	Yes

	RRC
	Measurement report
	Yes
	Yes
	Yes

	ISUP / BICC
	CPG / ACM
	Yes (ISUP CPG)
	Yes (BICC ACM)
	Yes (ISUP CPG)

	RANAP [CC]
	Direct transfer [Alerting]
	Yes
	Yes
	Yes

	RRC [CC]
	DL direct transfer [Alerting]
	Yes
	Yes
	Yes

	ISUP / BICC
	ANM
	Yes (ISUP)
	Yes (BICC)
	Yes (ISUP)

	RANAP [CC]
	Direct transfer [Connect]
	Yes
	Yes
	Yes

	RRC [CC]
	DL direct transfer [Connect]
	Yes
	Yes
	Yes

	RRC [CC]
	UL direct transfer [Connect ack]
	Yes
	Yes
	Yes

	RANAP [CC]
	Direct transfer [Connect ack]
	Yes
	Yes
	Yes

	Number of signaling messages
	51
	51
	51

	Average number of data exchanged
	FFS
	FFS
	FFS


Table 1 Comparison of signalling messages for service establishment

CS Video call to speech call service change messages are summarized below. Note that the called party's signaling messages are not provided for simplicity reasons:

	Protocol
	Message
	Call retry (Release 99)
	SCUDIF (Release 5) = User-initiated SCUDIF
	SCUDIF (Release 6) = Network-initiated SCUDIF
	Orange signaling improvement (Release 7)

	RANAP
	RAB release request
	Yes
	No
	No
	No

	RANAP
	RAB modify request
	No
	No
	Yes
	No

	ISUP
	Release
	Yes
	No
	No
	No

	ISUP
	Release complete
	Yes
	No
	No
	No

	RRC
	RRC connection request
	Yes
	No
	No
	No

	NBAP
	Radio link setup request
	Yes
	No
	No
	No

	NBAP
	Radio link setup response
	Yes
	No
	No
	No

	ALCAP Iub
	Establish request
	Yes
	No
	No
	No

	ALCAP Iub
	Establish response
	Yes
	No
	No
	No

	FP
	DL synchronization (first)
	Yes
	No
	No
	No

	FP
	UL synchronization (first)
	Yes
	No
	No
	No

	RRC
	RRC connection setup
	Yes
	No
	No
	No

	FP
	DL synchronization (second)
	Yes
	No
	No
	No

	FP
	UL synchronization (second)
	Yes
	No
	No
	No

	NBAP
	Radio Link restore indication
	Yes
	No
	No
	No

	RRC
	RRC connection setup complete
	Yes
	No
	No
	No

	RRC [MM]
	Initial direct transfer

[CM service request]
	Yes
	Yes
	Yes
	No

	RANAP [MM]
	Initial UE message

[CM service request]
	Yes
	Yes
	Yes
	No

	RANAP
	Common Id
	Yes
	Yes
	Yes
	No

	RANAP
	Security mode command
	Yes
	Yes
	Yes
	No

	RRC
	Security mode command
	Yes
	Yes
	Yes
	No

	RRC
	Security mode complete
	Yes
	Yes
	Yes
	No

	RANAP
	Security mode complete
	Yes
	Yes
	Yes
	No

	RANAP [CC]
	Direct transfer [Modify]
	No
	No
	Yes
	No

	RRC [CC]
	UL direct transfer [Setup]
	Yes
	No
	No
	No

	RRC [CC]
	UL direct transfer [Modify]
	No
	Yes
	No
	No

	RRC [CC]
	DL direct transfer [Modify]
	No
	No
	Yes
	No

	RANAP [CC]
	Direct transfer [Setup]
	Yes
	No
	No
	No

	RANAP [CC]
	Direct transfer [Modify]
	No
	Yes
	No
	No

	ISUP / BICC
	IAM / APM
	Yes (ISUP IAM)
	Yes (BICC APM)
	Yes (BICC APM)
	No

	Called party call establishment / modification
	Yes
	Yes
	Yes
	No

	BICC
	APM
	No
	Yes
	Yes
	No

	RANAP [CC]
	Direct transfer [Call proceeding]
	Yes
	No
	No
	No

	RRC [CC]
	DL direct transfer [Call proceeding]
	Yes
	No
	No
	No

	RANAP
	RAB assignment request
	Yes
	Yes
	Yes
	No

	NBAP
	Radio Link reconfiguration prepare
	Yes
	Yes
	Yes
	No

	NBAP
	Radio Link reconfiguration ready
	Yes
	Yes
	Yes
	No

	ALCAP Iub
	Establish request
	Yes
	Yes
	Yes
	No

	ALCAP Iub
	Establish response
	Yes
	Yes
	Yes
	No

	ALCAP Iu
	Establish request
	Yes
	Yes
	Yes
	No

	ALCAP Iu
	Establish response
	Yes
	Yes
	Yes
	No

	Iu-UP control frame
	Rate control
	No
	No
	No
	Yes

	NBAP
	Radio link reconfiguration commit
	Yes
	Yes
	Yes
	No

	FP
	DL synchronization (first)
	Yes
	Yes
	Yes
	No

	FP
	UL synchronization (first)
	Yes
	Yes
	Yes
	No

	FP
	DL synchronization (second)
	Yes
	Yes
	Yes
	No

	FP
	UL synchronization (second)
	Yes
	Yes
	Yes
	No

	RRC
	Transport Format Combination Control
	No
	No
	No
	Yes

	RRC
	Radio bearer setup
	Yes
	No
	No
	No

	ISUP
	ACM
	Yes
	No
	No
	No

	RRC
	Radio bearer reconfiguration
	No
	Yes
	Yes
	No

	RRC
	Radio bearer setup complete
	Yes
	No
	No
	No

	RRC
	Radio bearer reconfiguration complete
	No
	Yes
	Yes
	No

	RANAP
	RAB assignment response
	Yes
	Yes
	Yes
	No

	RRC
	Measurement control
	Yes
	Yes
	Yes
	Yes

	RRC
	Measurement report
	Yes
	Yes
	Yes
	Yes

	ISUP
	CPG
	Yes
	No
	No
	No

	RANAP [CC]
	Direct transfer [Alerting]
	Yes
	No
	No
	No

	RRC [CC]
	DL direct transfer [Alerting]
	Yes
	No
	No
	No

	ISUP
	ANM
	Yes
	No
	No
	No

	RANAP [CC]
	Direct transfer [Connect]
	Yes
	No
	No
	No

	RRC [CC]
	DL direct transfer [Connect]
	Yes
	No
	No
	No

	RRC [CC]
	UL direct transfer [Modify complete]
	No
	No
	Yes
	No

	RANAP [CC]
	Direct transfer [Modify complete]
	No
	Yes (downlink)
	Yes (uplink)
	No

	RRC [CC]
	DL direct transfer [Modify complete]
	No
	Yes
	No
	No

	RRC [CC]
	UL direct transfer [Connect ack]
	Yes
	No
	No
	No

	RANAP [CC]
	Direct transfer [Connect ack]
	Yes
	No
	No
	No

	Number of signaling messages
	54
	31
	32
	4

	Average number of data exchanged
	FFS
	FFS
	FFS
	FFS


Table 2 Comparison of signalling messages for service change

Analysis:

Orange proposal shows that "local service change" strongly improves the signalling exchanged during the service change by decreasing the number of messages from 54 (with call retry) to 4 (with "local service change") in the case we do not take the called party's signalling messages into account.
5-Conclusion
In current proposal, Orange has analysed the operation of the video call to speech call service change from Release 99 (with call retry) to Release 6 (with network-initiated SCUDIF). Then Orange has proposed an improvement for Release 7, in the scope of the "Signalling enhancements for CS and PS connections: analyses and recommendations" work item.
The key points of Orange proposal, compared to previous solutions (from Release 99 to Release 6) are listed below:

- During the codec change (from H.324m to AMR), the RAB is maintained;
- RABs are changed in the access network where the service change (due to radio degradation) was required (i.e. locally) and not in the access network where the service change was not required (due to good radio conditions);
- Local signalling is exchanged and not end-to-end signalling: has a result, the number of exchanged signalling messages is dramatically reduced;
- The RNC has got full knowledge of bad radio-conditions the UE is suffering of and the MSC server has no knowledge of the UE's bad radio conditions. The RNC can detect the need for service change to speech faster than the UE.

To deploy local service change and if we assume that the UEa, under UTRANa, encounters bad radio conditions:

· Only UEa must support "local service change" functionality and not the other UE (let's say UEb);

· Only UTRANa must support "local service change" functionality;

· Only the MGWa's Iu-UP must support "local service change" functionality.
Orange proposals:
· Proposal 1: adding the description of present proposal in TR 25.815, e.g. as a new section 7.X called "Local service change"

· Proposal 2: sending a liaison statement to SA2 (with RAN3, CT1, RAN and SA4 in CC) in order to:

· receive feedback on the impact of such solution on the UMTS architecture;

· receive requirements

If discussed and agreed within RAN2, Orange will be very pleased to provide documents, relatively to proposal 1 (i.e. a change request on TR 25.815) and proposal 2 (i.e. a liaison statement to SA2).

6-References
[1] 3GPP TR 23.801 v1.0.0 June 2004, "Potential mechanisms for CS domain video and voice service improvements (Release 6)"

[2] 3GPP TR 23.972 v3.0.0 March 2000, "Circuit switched multimedia telephony (Release 99)"
[3] 3GPP TR 23.910 v3.6.0 September 2002, "Circuit switched data bearer services (Release 99)"
[4] 3GPP TS 26.102 v5.2.0 March 2003, "AMR speech codec – Interface to Iu, Uu and Nb (Release 5)": that describes the mapping of the AMR generic frame format to the Iu interface
[5] 3GPP TS 26.110 v5.0.0 February 2002, "Codec for circuit switched multimedia telephony service – General description (Release 5)": that provides information on H.324m video codec and on the multiplexing of the H.263 video component and AMR audio component in the resulting H.324m frame
[6] 3GPP TR 25.922 v6.2.0 September 2005, "Radio resource management strategies (Release 6)"

[7] 3GPP TS 25.331 v6.9.0 April 2006, "Radio resource control (RRC) – Protocol specification (Release 6)" 

[8] 3GPP TS 25.415 v6.2.0 March 2005, "UTRAN Iu interface user plane protocols (Release 6)"
[9] 3GPP TS 23.172 v5.6.0 and 6.3.0 June 2005, "URI/RDI fallback and service modification – Stage 2 (Release 5)"

[10] 3GPP TS 23.153 v5.12.0 September 2005, "Out of band transcoder control; Stage 2 (Release 5)"

[11] 3GPP TS 33.102 v3.13.0 December 2002, "3G security – Security architecture (Release 99)"
[12] 3GPP TR 25.815 v0.4.2 November 2005, "Signalling enhancements for Circuit-Switched (CS) and Packet-Switched (PS) Connections - Analyses and Recommendations (Release 7)"[13] 3GPP TS 23.153 v5.12.0 September 2005, "Out of band transcoder – Stage 2 (Release 5)": that describes the operation of Tandem Free Operation (TFO) and Transcoder Free Operation (TrFO)
[14] 3GPP TR 25.953 v4.0.0 March 2001, "Transcoder Free Operation (Release 4): that describes the operation of TrFO in UTRAN
[15] 3GPP RAN2#51 R2-060637 February 2006, "Agreed CR to 25.993 on VT Bearer configurations", Vodafone

[16] Discussions on Service Change Indicator for SCUDIF:

-postponed in CT1 in the scope of TS 24.007: http://www.3gpp.org/ftp/Specs/html-info/24007-CRs.htm 

-rejected by RAN3 in the scope of TS 25.413: http://www.3gpp.org/ftp/Specs/html-info/25413-CRs.htm

7-Glossary

ACM

Address Complete Message
ANM

Answer Message
APM

Application Transport Mechanism

BC

Bearer Capability

BICC

Bearer Independent Call Control
CC

Call Control

CPG

Call Progress

FNUR

Fixed Network User Rate

IAM

Initial Address Message
ISUP

ISDN User Part

MGW

Media Gateway

MMI

Man-to-Machine Interface

MM

Mobility Management

RDI

Restricted Digital Information
RI

Repeat Indicator

SCI

Service Change Indicator

SCUDIF

Service Change and UDI / RDI Fallback
TFO

Tandem Free Operation

TrFO

Transcoder Free Operation
UDI

Unrestricted Digital Information
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