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3.3
Abbreviations

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

SCUDIF 
Service Change and UDI Fallback

APM
Access Transport Mechanism

APP

Access Transport Parameter

USI

User Service Information

TMR
Transmission Medium Requirement

5.5
Mechanism 5: SCUDIF with ISUP
5.5.1 Description

SCUDIF with ISUP provides the same service as the already specified SCUDIF. It 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. In difference to the already specified SCUDIF, which uses BICC codec negotiation for inter-MSC and inter-PLMN signalling, it uses ISUP for inter-MSC and inter-PLMN signalling.

SCUDIF with ISUP consists of the following functional components:

-
Normal call setup.

-
Fallback to speech at call setup.

-
Service change in the active state.
-
Network initiated fallback to speech.
SCUDIF with ISUP provides the same services feature details as described for SCUDIF. All functionality and signaling between UE and MSC is the same as for SCUDIF. Only the inter-MSC signalling and related functionality is changed to ISUP.

To deploy and run SCUDIF with ISUP several prerequisites must be in place:

-
Both terminals must support SCUDIF

-
Both RANs must support RAB modification and 64 kbit/s bearer

-
The Core Network must support SCUDIF. 
If one of these prerequisites is missing the call will be either in “voice-only” (most likely) or in “multimedia-only”, i.e. without the possibility to modify or fallback to a voice call.
The ability to traverse ISUP transit networks can be done by using the ISUP Application Transport mechanism, see ITU-T Q.765.5 Signalling system No. 7 – Application transport mechanism: Bearer Independent Call Control (BICC) [2].
If the external network does not support ISUP Access Transport Mechanism then a fallback to a single service shall be made as defined in the 3GPP TS 23.172 [1], subclause 4.3.8 “Interworking with external networks”.
5.5.2 Normal call setup

The procedures for the Access Call Control Signalling and HLR interrogation are as defined for SCUDIF but the network procedures are performed using ISUP. The circuit reserved for the SCUDIF call shall be a 64 kbit/s UDI circuit so that there is no need to modify or change the physical circuit between the MSCs.
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Figure 5.n: Message flow for normal call setup
1.
UE-A sends a SETUP message with a Repeat Indicator set to "support of service change and fallback", a multimedia BC-IE, and a speech BC-IE to O-MSC.

2.
After checking the provisioning and verifying that the SCUDIF functionality is supported, the MSC reserves a 64 kbit/s UDI circuit and sends and ISUP IAM message to T-MSC with the USI set to the preferred service ISDN BC and TMR set to value UDI.  Additionally the codec list containing the multimedia codec and the G.711 codec is sent in the Application Transport (APP) parameter of the IAM message. 

3.
When the IAM is received by the T-MSC it shall check if the called user is provisioned for the service and sends the SETUP to the UE-B with a Repeat Indicator set to "support of service change and fallback", a multimedia BC-IE, and a speech BC-IE.

4.
The UE-B returns the two BC-IEs in the same order (to indicate that it accepts the proposed settings) to the terminating MSC in the CALL CONFIRMED message.

5.
The T-MSC sends an ISUP APM message to the O-MSC indicating the SelectedCodec (MM) and the AvailableCodecList  (MM,G.711).

6.
The O-MSC sends CONNECT to the UE-A.

7.
The UE-A replies with a CONNECT ACKNOWLEDGE to the O-MSC.
5.5.3 Fallback to speech at call setup
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Figure 5.n+1: Message flow for fallback to speech at call setup
1.
UE-A sends a SETUP message with a Repeat Indicator set to "support of service change and fallback", a multimedia BC-IE, and a speech BC-IE to O-MSC.

2.
After checking the provisioning and verifying that the SCUDIF functionality is supported, the MSC reserves a 64 kbit/s UDI circuit and sends and ISUP IAM message to T-MSC with the USI set to the preferred service ISDN BC and TMR set to value UDI.  Additionally the codec list containing the multimedia codec and the G.711 codec is sent in the Application Transport (APP) parameter of the IAM message.

3.
When the IAM is received by the T-MSC it shall check if the called user is provisioned for the service and the T-MSC sends the SETUP to the UE-B with a Repeat Indicator set to "support of service change and fallback", a multimedia BC-IE, and a speech BC-IE.

4.
The UE-B makes a fallback to speech and returns the BCsp to the T-MSC in the CALL CONFIRMED message.

5.
The T-MSC sends an ISUP APM message to the O-MSC indicating the SelectedCodec (G.711) and the AvailableCodecList  (G.711).

6.
The O-MSC sends CONNECT to the UE-A.

7.
The UE-A replies with a CONNECT ACKNOWLEDGE to the O-MSC.

8.
Next the O-MSC initiates an In-Call Modification procedure towards the originating UE after the call control entity has entered the active state, i.e. the CONNECT message has been sent.

9.
The UE-A sends the MODIFY COMPLETE message to acknowledge the modification.

5.5.4 Service change in the active state
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Figure 5.n+2: Message flow for service change in active state
1.
UE-A activates an In-Call Modification procedure to change from multimedia to speech. The BC included in the MODIFY message shall be one of those already negotiated at call setup.

2.
The O-MSC shall then invoke the service change procedure towards the UE-B by sending the ISUP APM message to the T-MSC containing a modify indication and the proposed codec.

3.
The T-MSC shall initiate an In-Call Modification procedure towards the UE-B using the MODIFY message containing the BCsp.

4.
If the change is accepted, the UE-B shall reply to the MSC with a MODIFY COMPLETE message containing BCsp, whereas a MODIFY REJECT message shall be sent if the change is rejected.

5.
The T-MSC sends the ISUP APM message to the O-MSC indicating successful modification. 

6.
Next the O-MSC shall reply with a MODIFY COMPLETE message to the UE-A. to acknowledge the modification initiated by the UE-A.

5.5.5 Network initiated fallback to speech
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Figure 5.n+3: Message flow for network initiated fallback to speech
1.
The RNC detects that for UE A the transmission quality has moved below the quality threshold set for the 64 kbit/s 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 an ISUP APM message with the parameter values: Action Indicator= “Modify codec”, Selected Codec=”value indicating 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 step 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 step b).

e)
The MODIFY COMPLETE message is sent by UE B to acknowledge the change of the bearer capability.

8.
MSC B sends an ISUP APM message with the parameter values: Action Indicator= “Successful Codec Modification” to MSC A indicating that the bearer has been successfully modified.



5.5.6 Advantages of the mechanism

The advantages are the same as for SCUDIF. 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.

5.5.7 Issues that need to be resolved

The new ISUP parameters require the reservation of codepoints within ITU-T SG11 to avoid a usage of the same codepoints for other purposes. The semantics could also be defined with ITU-T SG11, or within 3GPP if ITU-T SG 11 accepts that the service is mostly of interest for mobile networks (where a mid-call service change may be motivated by expensive resources or a degrading connection).

ISUP parameters are subject to operator policies. The new parameters need to be signaled unmodified between PLMNs. This might require specific configuration of all functions that inspect and modify signalling. Otherwise these parameters do not traverse PLMN borders or transit networks.

A transparent 64 kbit/s bearer is established between the MSCs. Any interworking, e.g. echo cancellation or A-law/u-law conversion, has to be performed by the MSCs or specific gateways are required that react on the new ISUP parameters.
How legal intercept would work with SCUDIF needs to be studied.
If SCUDIF with BICC and ISUP is used interworking may be required. [image: image5.png]
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