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3.3
Abbreviations

For the purposes of the present document, the following abbreviations apply:

SCUDIF 
Service Change and UDI Fallback
5.1Mechanism 1: SCUDIF

5.1.1 Description

SCUDIF signals at multimedia call setup information elements for speech and multimedia. The user may decide which mode (speech or multimedia) is used initially and may also modify the call later. Also the originating and terminating networks may change the service to speech when multimedia is not supported as a service or because of lack of resources. Inter MSC and therefore also inter PLMN signalling bases on the BICC codec negotiation. 

SCUDIF consists of the following functional components:

· The existing fallback to speech application within SCUDIF, as defined in 23.172 from rel5 onwards.

· The existing user-initiated service change application within SCUDIF, as defined in 23.172 from rel5 onwards.

· A network-initiated service change procedure, as defined in 23.172 from rel6 onwards.

	Issues
	SCUDIF Solution

	
	Fallback to speech (rel5)
	User initiated service change (rel5)
	Network initiated service change (rel6)

	Issue 1: 3G VT user to 3G non-VT user
	Yes
	-
	-

	Issue 2: 3G VT user to user on non-VT network
	Yes
	-
	-

	Issue 3: 3G VT user invoked call change from VT to speech (and vice versa)
	-
	Yes
	-

	Issue 4: VT call failure during 3G-2G handover
	-
	-
	Yes

	Issue 5: VT degradation in 3G cell
	-
	Yes
	Yes


Table 1: Solution to Issue mapping
The basic premise of Network Initiated service change is that under certain conditions the radio access network makes the determination that a service change to speech is required, and invokes the signalling required to change the call type from 64K UDI to speech. There is no manual interaction required on the part of the user. There are several manners in which this could occur:

· In the case of 3G cell performance degradation, potentially after unsuccessful handover/relocation trials, the radio access network could trigger the service change (assuming the user has not already done so via user initiated service change).

· In the case of a 3G-2G handover, the radio access ensures that the service change to speech occurs prior to processing the relocation required.

The Iu RANAP trigger to indicate the video call cannot be maintained even on neighbour cells needs to be clarified.

In more details, the SCUDIF feature provides the following:

· At call set-up the user equipment identifies itself to the network as requesting a SCUDIF call, i.e. a call with the possibility to modify the call at any time between a “speech” call and a “multimedia” call.
· The originating user may request “speech” first or “multimedia” first, i.e. the user defines its preferred service.
· If any part of the network cannot support the multimedia service it falls automatically back to “speech”.

· If any part of the network cannot support SCUDIF it falls back to the preferred service (i.e. could become “multimedia-only” only or “speech-only”).
· Call setup is in all cases comparably quick, because the networks and terminals and users can select and decide in one single attempt.
· During a successful SCUDIF call both users can switch between “speech” and “multimedia” (via network signalling – BICC Codec Negotiation/Modification). In any case the originating user (the one who started the SCUDIF call) is charged for all services, even if the terminating user switches to “multimedia”.
· Due to the already negotiated capabilities both terminals and the network know, whether or not a “multimedia” call is in principle possible. 
It is, however, not in all cases guaranteed that the “swap” from “speech” to “multimedia” will be successful, when “BICC Codec Modification” is applied. Changed radio or other network resource conditions may prohibit that the modification is successful from end-to-end. 
If the modification is successful, then it is done rather quickly and the call interruption time is short. 
If the modification is not successful, then an unfavourable speech call interruption occurs, but it is not very long. But of course the users know that they are trying to switch to video and will expect the break in speech.
· A user can deny a request for the initial set-up or can deny to “swap” to “multimedia” via MMI and force “speech” to be established/retained. This is a primary requirement for privacy reasons. The fallback to “speech” is performed, if one or both users wish to do so. It is anticipated that in most cases both users will agree beforehand whether they attempt or not to set up the multimedia connection. Unnecessary speech call interruptions due to a user not accepting the multimedia should therefore be minimal.
· All supplementary services as known for “speech” are supported, but for some services “multimedia” will then be impossible, because only a few supplementary services for “multimedia” are defined.
To deploy and run SCUDIF several prerequisites must be in place:

· Both terminals must support SCUDIF

· Both RANs must support RAB modification & UDI bearer
· The Core Network must support SCUDIF
It is not really necessary to run a layered network architecture, but it is highly recommendable.
· In case of inter-operator calls potential Transit Networks must support SCUDIF
If one of these prerequisites is missing the call will be either in “speech-only” (most likely) or in “Multimedia-only”, i.e. without the possibility to swap to “speech”.
5.1.2
Fallback from video to voice
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1. The RNC detects that for UE A the transmission quality has moved below the quality threshold set for the 64k VT bearer. After potential handover/relocation trials, the RNC A then sends a RANAP message to MSC A. MSC A understands the reception of the message to mean that the video call cannot be maintained and should be switched to speech.
2. The MSC A sends the MODIFY message to the UE A indicating the change to bearer capability speech.  

3. The MSC A sends a BICC message MODIFY CODEC to the MSC B indicating that the bearer should be modified to support one of the previously negotiated speech codecs.

4. The RAB ASSIGNMENT REQUEST message is sent from the MSC A to the RNC A, requesting the modification of the RAB for VT to a RAB for a Voice call.

5. The radio bearer is modified between RNC A and UE A.

6. RNC A responds to MSC A with an RAB ASSIGNMENT RESPONSE message indicating that the radio bearer was modified.

7. The MODIFY COMPLETE message is sent by UE A to acknowledge the change of the bearer capability. Note: this response can happen before 4.
a. The MSC B sends the MODIFY message to UE B indicating the change to bearer capability speech.

b. The RAB ASSIGNMENT REQUEST message is sent from MSC B to the RNC B, requesting the modification of the RAB for VT to a RAB for a Voice call.

c. The radio bearer is modified between the RNC B and UE B.

d. RNC B responds to MSC B with a RAB ASSIGNMENT RESPONSE message indicating that the radio bearer was modified. Note: this response can happen before b.
e. The MODIFY COMPLETE message is sent by UE B to acknowledge the change of the bearer capability.

8. MSC B sends a BICC message SUCCESSFUL CODEC MODIFICATION to MSC A indicating that the bearer has been successfully modified.

5.1.3 Advantages of the mechanism

SCUDIF is optimised towards the videotelephony successful setup-path and for fast switching between voice and video, thereby increasing the chances of using the service.
Any time the users may change between speech and multimedia. The user at the terminating end may refuse a service change without terminating the call.

At call setup and during the call the network may fallback to speech due to lack of resources. 

The general benefits of the SCUDIF feature is that it allows users to attempt to initiate combined “Speech” and “Multi-media” calls and if the network or called subscriber can not or prefers not to support the multimedia service the user still gets through-connected with “speech” quickly, thus retaining some quality of service and customer satisfaction. In addition it allows two parties conversing via normal “speech” to transmit UDI payload (video, still pictures, other data) and return to normal “speech”, thus only using and paying for the higher rate services, when needed.
Solutions for prepaid and post-paid charging are standardized. The network correlates speech and multimedia, allowing flexible charging solutions.

The users at the originating and terminating side do not experience additional delay compared to an ordinary call setup attempt. Users with SCUDIF capable terminals are therefore more likely to configure their terminals to attempt a video call with fallback by default.

At call setup, the called party is informed about the choice between speech and multimedia.

SCUDIF is one call or service of two modes, which minimises impacts by other services during mode change compared to other mechanisms. 

Rules for the interacting of speech and multimedia supplementary services are standardized, which simplify the configuration. To a certain extent supplementary services like call forwarding, barring, roaming restriction have to be configured for TS11 and BS30 with the same settings. Otherwise, a call with the preferred service but no fallback or service change capability is established.
5.1.4
Issues that need to be resolved

The ability to traverse transit networks is limited by the requirement of BICC. Usage with an ISUP transit network needs to be studied.
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