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1. Introduction
GSMA SerG asked 3GPP to extend the functionality for multimedia telephony services. Most operators consider multimedia telephony as one of the major service differentiator brought by UMTS in the early days and UMTS adoption take off might be jeopardized if the service is unreliable and user experience unacceptable. This happens when subscribers head out of a cell while having a circuit switch multimedia call, the multimedia quality gradually degrades and the call is eventually dropped.
GSMA SerG requires to switch from multimedia bearer service to voice service upon coverage triggering. This service switch shall be automatic without service disruption. Subsequently it should be possible to switch back to UDI 64 kbit/s bearer service if multimedia coverage is recovered.

Based on this request 3GPP SA1 added corresponding requirements to the Rel6 multimedia call:

· In the case where a multimedia call includes speech (e.g. multimedia call) then the following requirements apply:

· A user shall be able to change between a speech and Multimedia call, when desired.

· When the Multimedia call is no longer supported, for example due to degraded coverage conditions (including UTRAN to GERAN only transitions), service change shall occur automatically from a Multimedia call to speech.  

· When a Multimedia call can be supported, for example due to improved coverage conditions (including GERAN only to UTRAN or UTRAN/GERAN transitions), service change back to the Multimedia call may be initiated by the network. 

· Multimedia is a Bearer Service, which utilises the Synchronous Transparent Data service.  Other services may exist which utilise the Synchronous Transparent Data service.  Service transition to/from speech described for Multimedia in this clause shall only apply to Multimedia calls and not Synchronous Transparent Data calls in general.

These new requirements are added to following already existing stage 1 requirements (TS 22.101):
· Multimedia shall be based on a 3GPP specific subset of H.324M.

· All call scenarios shall be supported, i.e. Mobile Originating and Mobile Terminating call against Mobile, ISDN and PSTN call party.

· Single and multiple numbering schemes shall be supported.

· Fallback to speech (TS 11 [14]) shall be supported from 3.1kHz Ext. PLMN multimedia bearer, i.e. if setup of the multimedia call fails the call will be set up as a speech call. 

· Service change and fallback shall be supported for UDI/RDI multimedia bearer and speech, to allow fallback to a less preferred service if the preferred service is unsupported, and to change the service between speech and multimedia during the call.

· Different bitrates as specified at 3GPP TS 22.002 [21] shall be supported. 

· Supplementary services apply to multimedia calls as for Synchronous Transparent Data service according to 3GPP TS 22.004[5].

· When accepting a multimedia call with service change, the user shall be able to request a service change to speech before the call is answered, such that the multimedia path is never actually connected through to the user’s phone.

· The user shall be able to deny a service change between multimedia and speech during the call.

To some extent the added requirements are similar to the existing ones. The main new requirement is the service change from speech to multimedia, which the network should trigger when resources allow changing back to multimedia.

Functionality that supports service change is specified in Rel5. SCUDIF (TS 23.172) allows a fallback from multimedia at the call establishment as well as service change between speech and multimedia during the call. SCUDIF can be relatively easily enhanced to provide most of the requested new functionality (a related CR adding required functionality is in S2-040878). 
In addition to the clarification of service change requirements the GSMA LS triggered a discussion on how functionality comparable to SCUDIF can be implemented in the networks with minimum additions to R99 functionality, in order to fulfil the service requirements early enough not to jeopardize the service take off.
Different approaches are feasible to fulfill the requirements. Especially the service change requires specific support from various network entities, which need more detailed study. This contribution is an initial comparison of approaches that provide the required functionality. Compared approaches are SCUDIF, dual cal, re-dial and modified SCUDIF approaches. The comparison focuses on the impact on UE and network functionality and the effort and conditions for an introduction, as well as the user perception and the extent to which requirements can be satisfied.
2. Description of Approaches
Dual Call

The caller establishes a speech call between both UEs first. When the user wants to initiate a multimedia call, the caller’s UE then puts the speech call on hold and sets up a multimedia call. The receiving UE gets a call wait indication. The receiving UE derives from Caller Line Identification that the multimedia call belongs to the established voice call and asks the user whether the change to multimedia shall be accepted. When the user accepts the UE puts the voice call on hold and accepts the multimedia call.

The dual call is assumed to be an extension of the UE software that uses only R99 functionality: TS11, multimedia call (BS30), call hold, call wait and caller line identification. When the network resources allow no longer to support the multimedia call, e.g. due to load increase in UTRAN or handover to GERAN, the multimedia call is dropped and the UEs retrieve the speech call.
Redialing

The user initiates a multimedia call. If this set-up is unsuccessful, the caller’s UE automatically tries to set up a speech call instead.

When the user initiates a service change during the call, the UE terminates the existing call and then sets up a new call for the alternate service. For a network initiated service change from multimedia to speech, the network terminates the multimedia call. The caller’s UE automatically sets up a speech call instead.
SCUDIF

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 signaling bases on the BICC codec negotiation. 
SCUDIF for ISUP without ISUP extensions
The so-called UDI Fallback is part of existing ISUP signaling procedures. During the call setup, this service allows requesting a UDI bearer as preferred transmission media requirement, and a bearer suitable for speech (TMR 3.1 KHz audio) as less preferred alternative. This service may be combined with existing SCUDIF signaling procedures towards the UEs, as well as existing service logic and CAMEL procedures defined for SCUDIF. 
This approach allows for a fallback procedure from multimedia to speech during the call setup, allowing the caller to set-up a multimedia connection whenever the called party is able to support and willing to use multimedia, and fall back to speech otherwise. However, a service change during the call is not supported, neither triggered by the network nor terminals.
As a minor enhancement to existing SCUDIF signaling procedures between network and user equipment, a new so-called repeat indicator may be introduced to express that only fallback at call setup is allowed, but no service change during the call (or a service change using different procedures, for some of the solutions proposed below) 
As a second step, perhaps later in time, service change during the call may be made possible with one of the following approaches:
· introduce BICC
· introduce a suitable ISUP signaling extension, as described in the next clause
· A new circuit may be established through the core network to achieve a service change. The establishment is triggered by the serving MSC of either party on user demand expressed by existing SCUDIF signaling procedures, or due to resource limitations. However, the correlation of this new call with the existing call at the terminating side is necessary. The terminating user may either obtain a seemingly uncorrelated call, or functionality at the terminating MSC is required to correlate the existing and the new call and use SCUDIF signaling procedures towards the UE.
· Redialing as described above is used for a mid-call service change (but not for a fallback at the call establishment). The service change is transparent for the core network. 
SCUDIF for ISUP with ISUP extensions

The reason that SCUDIF relies upon BICC rather than ISUP is that ISUP does not provide adequate signaling procedures that allow fulfilling all requirements. This may be improved by introducing suitable ISUP extensions. For instance, the BICC functionality used for SCUDIF may be introduced in ISUP:  a codec negotiation including a multimedia pseudo-codec.

Due to the required standardization effort, such an approach can only be regarded as a long-term solution.

3. Comparison
Required Functionality
Dual call

Requires TS11, multimedia call (BS30), call hold, call wait and caller line identification.
Networks with separate 2G and 3G MSCs may need to implement BS30 and “video call charging” also in the 2G MSC.
A combined GERAN/UTRAN network may require service based handover for the “plain” multimedia service (BS30).
Dual call requires RAB modification at service change between speech and multimedia if speech starts on UTRAN. Also fallback to speech has to be first on UTRAN (RAB modification) to allow for neighbor cell monitoring on GERAN.
The RAB modification needs to be supported together with handling of Call Hold/Wait/Retrieve, both for 2G and 3G MSCs.

A number of constraints exists for the configuration of the user individual capabilities for proper operation. So the supplementary services like call forwarding, barring, roaming restriction have to be configured for TS11 and BS30 with the same settings and caller line identification has to be active. Software in UE and or network needs to guarantee the consistent configuration otherwise UE and network management cause a lot of work. 

The requirements on charging are open. Without any new functionality the speech and multimedia parts of dual call are charged independent of each other and only post processing could perform some correlation. An operator may avoid double charging in its own network, e.g. by charging the speech call as the audio component and the multimedia call as the multimedia component. Other network, e.g. fixed networks, may charge twice for a Dual Call. Higher effort would be required to correlate both calls that are separate calls for the network, e.g. when the initiator of the speech call shall be charged also when the called party initiates the multimedia call. Charges are likely dependent on operator. So the multimedia component may be charged twice for an inter PLMN call with different operator policies.

Users with BS30 only multimedia service obviously have lower charges as the speech component of the dual call is not established.
Redial

It requires TS11 and multimedia call (BS30).
Networks with separate 2G and 3G MSCs may need to implement BS30 and “video call charging” also in the 2G MSC.
A combined GERAN/UTRAN network may require service based handover for the “plain” multimedia service (BS30).
Charging functionality as defined separately for TS11 and BS30 and “video call charging” is required.
Supplementary services like call forwarding, barring, roaming restriction have to be configured for TS11 and BS30 with the same settings, which enables both service types to reach the same endpoint.
The ability to re-dial when BS30 is no longer possible may be delayed by cell reselection and location updating procedures at call setup in combined GERAN/UTRAN networks and when handovers moved the UE to another cell and the multimedia resources are no longer available.
SCUDIF

Requires specific SCUDIF call control signaling introduced in Rel5, including signaling for negotiation and setup of speech and/or multimedia call, for service change between speech and multimedia initiated by user or network. 
Requires the BICC codec negotiation and modification between MSCs to change between speech and multimedia, and requires therefore BICC as specified in Rel4.

SCUDIF charging functionality avoids double charging of multimedia and voice connections both for prepaid and postpaid charging. 
Prepaid charging solution to allow a service change during the call with different rates for speech and multimedia as specified in Rel.6.
Networks with separate 2G and 3G MSCs may need to implement BS30 and “video call charging” also in the 2G MSC

A combined GERAN/UTRAN network may require service based handover for SCUDIF service

SCUDIF for ISUP without ISUP extensions

Requires specific SCUDIF call control signaling introduced in Rel5, including signaling for negotiation and setup of speech and/or multimedia call, for service change between speech and multimedia initiated by user or network. 
Requires the ISUP UDI fallback signaling between MSCs that allows fallback from multimedia to speech at call set up

SCUDIF charging functionality avoids double charging of multimedia and voice connections both for prepaid and postpaid charging. 

Prepaid charging solution to allow a service change during the call with different rates for speech and multimedia as specified in Rel.6.

Networks with separate 2G and 3G MSCs may need to implement BS30 and “video call charging” also in the 2G MSC

A combined GERAN/UTRAN network may require service based handover for SCUDIF service

SCUDIF for ISUP with ISUP extensions

As extensive standardization, probably involving both 3GPP and ITU-T, would be required, this can only be regarded as a long-term solution.

Fulfilling Requirements

Dual call
The required fallback functionality at call setup is provided.

The service change functionality during an active call is limited to a certain extent. Each user can drop the multimedia call. There is no negotiation signaled between users about a change to speech. This may not be a serious limitation, because users are likely to agree upon the service change before initiating the procedure

The network may change to speech any time when resources are no longer available. However, the network is likely not to correlate speech and multimedia calls. It therefore has to apply the same policy for all multimedia calls, risking terminating pure multimedia calls.
When the multimedia part is released the network knows only a speech call and has therefore no reason to indicate to the UE when resources for multimedia are available. A network triggered conversion back to multimedia when resources are back seems not possible with the dual call as the network does not remember the dropped multimedia call and the dual call application on the UE will not notice a handover. 
Redial

The required fallback functionality at call setup is provided with certain limitations. The called user is not aware that the peer supports a redial when it receives a video call. Therefore, the called user does not know if a termination of the video call will result in a speech call or a termination of the communication.
The service change functionality during an active call is limited to a certain extent. The user at the terminating end may not reject the change to speech. There is only the choice to accept the set up of the speech service, or terminate the call. This may not be a serious limitation, because users are likely to agree upon the service change before initiating the procedure.
The network has only limited possibilities to initiate a service change. In order to initiate a service change from multimedia to speech, the multimedia call needs to be terminated. As the network has no knowledge if the terminals support a service change, this may lead to a termination of the entire service, rather than to the establishment of a speech call. The network is not able to initiate a service change from speech back to multimedia, as it does not correlate the speech call with the previous multimedia call.

SCUDIF

This approach fulfills the requirements to the largest extent.
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 the network may fallback to speech due to lack of resources. 
The service change to speech during the multimedia call because of lack of resources (e.g. because handover to GERAN) is not yet supported, but a solution only affecting MSC behavior, but not requiring signaling extensions has been proposed for Rel.6.  
The requirement to convert back to multimedia when resources are back can only be fulfilled is signaling extensions between radio access network and core network, which would inform the core network about this condition.
SCUDIF for ISUP without ISUP extensions

The first step is limited to a fallback functionality at call setup. No service change during the active call is provided.

The second step provides a service change. It depends upon the chosen solution, to which extent the related requirements are fulfilled. 

Operational aspects
Dual call

Dual call occupies always two circuits between MS when the multimedia part established, but one circuit is not used. 

Operators may need bilateral agreements how the two independent calls of the dual call are charged to avoid double charging. This may require correlating both calls that are separate calls for the network, e.g. when the initiator of the speech call shall be charged also when the called party initiates the multimedia call. 
In particular, prepay charging is likely not to correlate the speech and multimedia call, and to charge for the unused speech bearer.
The Operator needs to configure supplementary services such as call forwarding in a similar manner for speech and the BS30 service.

Redial
The charging of the speech and the multimedia call is uncorrelated, i.e. both are charged as individual calls, which may limit the business models of the operators to a certain extent.

No additional resources are used compared to an ordinary speech or multimedia call.
The Operator needs to configure supplementary services such as call forwarding in a similar manner for speech and the BS30 bearer service.

A single connection within the network is used for voice or multimedia, avoiding a waste of resources.

SCUDIF
Solutions for prepaid and postpaid charging are standardized. The network correlates speech and multimedia, allowing flexible charging solutions.

A single connection within the network is used for voice and multimedia, avoiding a waste of resources.
SCUDIF using BICC allows adapting the required bandwidth in the core network if a change between speech and multimedia occurs. If speech is active, no additional resources compared to an ordinary speech call are required.

Rules for the interacting of speech and multimedia supplementary services are standardized, which simplify the configuration.

The ability to traverse transit networks is limited by the requirement of BICC. An ISUP transit network will trigger a fallback to speech.
Using ISUP UDI fallback in the transit network, it may be feasible to provide an interworking of the fallback functionality at SCUDIF call setup, but no service change during the call.
SCUDIF for ISUP without ISUP extensions

For the first step, a single connection within the network is used for voice and multimedia, avoiding a waste of resources. ISUP UDI fallback enables the fallback to speech at setup, but no service change during the call. Potentially more expensive UDI bearers are only used for multimedia.

Solutions for prepaid and postpaid charging, as well as a proper handling of supplementary services are standardized.
User experience

Dual Call

The originating user has to wait to an additional setup period as the multimedia call is delayed as first always a voice call is set up and after putting it on hold a multimedia call is set up. In particular if the call is answered by a machine or a mailbox the caller may miss parts of the announcements.

The terminating dual call user may be confused to be get hold announcements as the speech call gets on hold when the user answers.
A dual call user may have problems to call a video telephony only mobile or a fixed network video phone. The user accepts the incoming voice call and hears a hold announcement. At such terminals an educated user has to emulate dual call, i.e. put speech on hold and accept the parallel video call.
The user is probably billed for speech and multimedia part independently. The multimedia part is billed to the initiator of the multimedia part of the already established call. This may confuse users as not necessarily the call initiator is charged.
As ordinary multimedia calls, without the speech component, are probably cheaper, the user may prefer to use multimedia only calls instead of dual call.
If the call is answered by a machine or a mailbox the caller may miss parts of the announcements as the video call in trying.
Call forwarding on subscriber busy can no longer be used. Barings and forwarding may be no longer set specific per service.
Redial

At call setup, the originating user may experience a delay in the fallback case due to the failed video call set-up attempt.
A service change during the call will be experienced as separate calls by users at the terminating side to a certain extent. When handovers are performed at or after multimedia call set up the redial is probably delayed by cell and potentially LA change procedures.
Barings and forwarding may be no longer set specific per service.

SCUDIF
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.

The operator may offer a range of charging models, which may render the feature more attractive to the user.
At call setup, the called party is informed about the choice between speech and multimedia. Furthermore, both peers are informed whether a service change during the call is possible 

Conclusion
The following conclusions should be understood as preliminary as probably not all aspects and dependencies of the different approaches are identified yet.
All approaches require new software for the UE. Compared to SCUDIF dual call and redial require no in-call modification signaling between UE and network and also not within the network. Service based handover seems necessary for all approaches when used for combined GERAN/UTRAN networks. Only redial does not require RAB modification.

All approaches require the implementation of service based handover together with SCUDIF or BS30 in 2G MSCs when the UEs do not camp preferentially on UTRAN.

Dual call and redial require to a certain extent less network functionality (at less service capabilities). This may allow earlier introduction into networks compared to SCUDIF. Dual call requires RAB modification compared to redial and faces the user with some rather strange behavior.

For quick implementation of service change between speech and multimedia redial seems to have the best compromise with regard to requires functionality and user experience. Potential redial delays at multimedia call setup are avoided when the UEs camp preferentially on UTRAN. When the multimedia call is released already at setup the UE has quite likely not changed the cell. So, a subsequent speech call setup is not delayed.
SCUDIF fulfills all requirements with minimum impact on other services like supplementary services and with consistent charging means for multimedia and speech part, and offers the best user experience. A modification back to multimedia when network resources are available seems possible only with SCUDIF as for the other approaches the network doesn’t know about any multimedia call once the fallback to speech has been performed.

As an introduction path of SCUDIF the ISUP UDI fallback might provide end-to-end signaling for fallback to speech when ISDN transit is configured between MSCs. This avoids delay at setup. And resource or capability dependent fallback may have the highest probability already at multimedia call setup. Also a combination with redial is possible.

