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1 Introduction

Based on BICC/ISUP signaling for connection types allowing fallback it is proposed to enhance existing fallback support for 3G.324M modem multimedia in order to support fallback from 3G.324M UDI
 multimedia as well, and to support user initiated service change between 3G.324M multimedia (modem and UDI) and ordinary speech service.

1.1 UDI Fallback to speech

BICC/ISUP support for connection types allowing fallback, e.g. from 7 kHz audio to 3.1 kHz audio, can be applied in 3GPP to support fallback from 3G.324M multimedia service via UDI 64 kbit/s bearer to speech. This allows to trigger in-call modification based on the received TMU parameter (= speech) in ACM, CPG, or CON, and to modify the bearer resources/connection in the core network.

1.2 Changing between speech and multimedia

UMTS is seen as a synonym for mobile multimedia. One implementation of a multimedia services is video telephony which is a real-time multimedia service. It has been standardised as “3G.324M service” in 3GPP already in Release 99. It supports a real-time conversation between two parties including different media components, like speech and video.

CS video telephony via 3G.324M terminals may become a quite expensive service compared to ordinary CS speech because if a user temporarily disables the video stream the invoicing will not be reduced. The user will be charged for both the speech as well as the data bearer (and thus the used bandwidth is not changed). Users may therefore decide not start calling via video telephony service.

In order to make CS video telephony more attractive the user may appreciate the ability to change between CS speech and CS multimedia service by a change of the bearer during the active state of a call. The procedure for invoking this change should be as simple as possible, e.g., by the touch of a button. In this way users save money and video telephony gets more and more used. A convenient way to change between ordinary speech and multimedia (video) can be regarded a key service when introducing UMTS multimedia. It is also a kind of end user test possibility for video telephony. 

Changing between services with bearer change should be performed quickly by the network. That is, the network should be capable of switching between speech and multimedia within couple of seconds. Tens of seconds, as it will be the case for changing from ordinary speech to modem multimedia service, is expected not to be acceptable. 

Fallback from modem multimedia to speech, introduced in R’99 for modem 3G.324M CS multimedia, constitutes already most needed functionality. Changing between speech and multimedia would just add the reverse direction (user to network). Refer also to today possible situations where the network has to modify the established bearer, for example at handover to GSM in case compressed speech bearer has been established.

As fallback to speech, the service shall be pre-notified (during the setup phase of the call) towards the called user (called party), respectively the network. First a speech (or multimedia) call needs to be established. Then, during the call, both parties agree (verbally) to change the service. 

The bearer in the transit network (ISDN/PSTN) does not need to be changed, as it is transparent for speech and data. In the modem case the speech bearer is set up as 3.1 KHz audio and in the UDI case it is proposed to setup the speech bearer as 64 kbit/s circuit (TMR = 64 kbit/s preferred) in the transit network.

Echo cancellers are normally linked in for speech (and modem) calls towards fixed networks. When started with speech the EC device is disabled (in-band) after the bearer is modified in the CN. The devices are still available and can be enabled after changing back to speech. Speech transcoders can be inserted either in the own MGW or at the edge MGW via BICC signalling.

Echo cancellers are not available for changing to speech when started with digital multimedia service as the first service. This is no problem as long as the call is digital end to end, or when out-of-band transcoder control is available.
2 Discussion

The objective of the discussion should be to base service change and fallback from UDI multimedia to speech on the standardized network (also terminal) capability to change the service from CS modem multimedia to speech at fallback after call setup. The same principles should be applied here as well.

-
Fallback indication (a speech BC-IE and a modem multimedia BC-IE in SETUP and CALL CONFIRMED) should be also applicable to UDI multimedia and speech.
At the same time it shall be an indication for a service change capability (of the network and terminal). 

-
The network should accept a service change (MODIFY is received) after call setup in both directions, speech to multimedia and multimedia to speech. A service change is only allowed between the indicated services at call setup.

-
The existing in-call modification to change the call mode (TS 24.008, 5.4.3.4) should be used to change the radio and network bearer. 
In case of fallback from UDI multimedia to speech the reception of BICC/ISUP TMU parameter in ACM, CPG, or CON messages triggers fallback execution at the originating side.

2.1 Changing between CS multimedia and speech

The calling user indicates two bearers, one for speech and one for digital multimedia at call setup. One bearer is prioritized. In case the speech service is the first service to be invoked, the mobile networks establish a normal speech bearer at their call leg, but in the transit network a 64 kbps circuit is established as shown in figure 1. This assures that the speech payload is transited via a transparent digital bearer, that is a 64 kbps circuit, where no payload processing (Digital Concentrator Multiplexer Equipment) is allowed to take place. 64kbps circuits are regarded always as bit-transparent.

The originating PLMN (I) signals to the transit network that a 64kbps ciruit has to be established. To the terminating PLMN (II), respectively to the terminal, that a speech service is requested. Therefore the originating PLMN (I) PLMN sends the IAM message with following combination of parameter values:

· USIp = speech

· USI = speech

· TMR = 64 kbps unrestricted, preferred

· TMRp = speech

The transit network derives from the TMR value that a 64 kbps circuit is requested and establishes it.

At the other side of the transit network the speech indication in the USI parameter is used to continue the speech call establishment towards the called party. This is shown in following figure.
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Figure 1 BICC/ISUP Signalling to assure that a transparent 64 kbps circuit is established

USIp indicates the preferred bearer to be set up. USI is the service to be set up in case of fallback, which might happen at an intermediate node in the transit network. Fallback happens at nodes where at the outgoing side this parameter combination is not supported.

The call is routed through the transit networks based on the TMR value. TMRp holds the value in case of fallback.

The ISUP (BICC) standards today do not specify the usage of these four parameters with this value combination for the purpose of setting up a 64 kbps circuit for a speech call. This is a new requirement. 

When it comes to service modification the speech bearers outside the transit section are modified. The transit part can be kept unchanged.

The In-call modification procedure [TS 24.008 version V.4.2.0] to change the call mode at both call legs will be applied. The users themselves synchronize the beginning of the service change. This “symmetrical” approach requires no network-to-network signaling, which can not be provided by networks like ISDN and PSTN networks.
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                       Figure 2 Service change during active call state

In the following only one side is described as the other side behaves the same.

The terminal in the “active” state of the call initiates the procedure on the user’s request (e.g at push of a button). It shall send a MODIFY message including the new mode (e.g. data mode for multimedia) to be changed to. Any internal resources necessary to support the next call mode shall be reserved. The new mode given in the MODIFY message is one of those already negotiated and agreed during the establishment phase of the call. The terminal stops sending information and stops interpreting received information according to the old call mode.

Upon receipt of the MODIFY message, the network checks to ensure that the requested call mode can still be supported and if so, it shall initiate the reservation of the resources necessary to support the next call mode, before it changes the bearer configuration. After successful change of the bearer configuration it sends a MODIFY COMPLETE message with the new call mode included. For toggling purpose the old resources may still be kept reserved by the network.

Upon receipt of the MODIFY COMPLETE message the terminals initiate the alternation to the resources necessary to support the requested call mode.

The users may decide now after a certain time during the same call to toggle back to the speech service in order to save bandwidth. In principle the same service change procedure as described above allows the network to change the service and the bearer used on users’ requests.
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Figure 3 MGWs and their terminations during service modification

The MSC servers on both sides instruct their MGWs to modify the corresponding terminations before starting bearer modification with a subsequent RAB Assignment. In case of Out-of-band transcoder control, BICC signalling is used to control TRAU devices. EC are disabled/enabled by in-band tones. Inserting an EC can be linked to inserting a TRAU.

The change from CS speech to CS data (multimedia) affects the Iu UP protocol. It changes from support mode to transparent mode. The AAL2 connection is modified (bandwidth) with the modification capabilities of Q.AAL2 Capability Set 2 (initiated by the RNC). 

The terminals must be able to change between speech and multimedia application.

The transit network must be transparent to speech and data. 

2.2 Fallback from CS UDI multimedia to speech

Two bearer capability information elements are received in the call request from the access. These bearer capability information elements are mapped into one corresponding USI parameter and one corresponding USIp parameter to be carried in the IAM message.

The USIp parameter carries the preferred bearer capability and the USI parameter carries the fallback bearer capability. 

The TMR parameter is coded "64 kbit/s unrestricted preferred", and the call is routed on a circuit according to this TMR parameter. 

In case of either: 

-
interworking to an ISDN-User Part not supporting the TMR parameter "64 kbit/s unrestricted preferred"; or 

-
there is no circuit available being capable of satisfying the connection type requirements of "64 kbit/s unrestricted preferred", 

the intermediate exchange will continue the call, discard the USI prime parameter, maintain the USI parameter, change the TMR parameter in accordance with the fallback connection type contained in the TMR prime parameter and then discard the TMR prime parameter. This will typically be the case when the succeeding network consists of an ISDN-User Part not supporting the procedures. 

When the terminating MSC knows that the terminal does not support UDI multimedia (e.g. only a single speech multimedia BC-IE has been received in CALL CONFIRMED), it includes a TMU parameter in the answer or connect message indicating this. 

The originating MSC will receive the TMU indicating fallback to speech. In-call modification is started in order to change the radio and network bearer accordingly.

3 Restrictions

Compression and multiplexing in the transit network sections should be avoided.


If the transit network does not support setting up a 64 kbit/s circuit for speech mentioned above, then it can not be guaranteed that the transit section is transparent. This affects starting with speech and toggling to UDI multimedia (synchronous, transparent bearer).

BICC/ISUP already supports setting up a 64 kbit/s circuit for a speech call (refer to signalling for connection type allowing fallback). With two TMR (and USI) parameters (prime, preferred) it is possible to route a speech call through transit networks as 64 kbit/s call.

If an intermediate node in the transit network does not support this parameter combination on the outgoing side then an “fallback to speech” occurs which is indicated in ACM (TMU).

4 Conclusion

Existing fallback to speech after setup, specified in TS 29.007, TS 27.001, and TS 24.008 shall be enhanced as described above in order to allow changing between ordinary speech and multimedia on user’s request, and to allow fallback from UDI multimedia to speech. 

Fallback to speech shall be seen as an integral part of a more comprehensive service modification feature.

5 Abbreviations

BICC
Bearer Independent Call Control

CS
Circuit Switched

IAM
Initial Address Message

ISUP
ISDN User Part

UDI
Unrestricted Digital Information

USI
User Service Information

TMR
Transmission Medium Required

� this covers RDI multimedia bearer as well





_1055335328.doc


MGW







MGW







UTRAN







MSC







MODIFY







RAB ASSIGNMENT REQ







Ordinary speech call active







“Let us change to multimedia service”







Resource 







Modification







Bearer Modification







MODIFY COMPLETE







MSC







UTRAN







MGW







MODIFY







RAB ASSIGNMENT RES







Resource 







Modification







RAB ASSIGNMENT REQ







Bearer Modification







RAB ASSIGNMENT RES







MODIFY COMPLETE







Resource 







Alternation







Resource 







Alternation







Multimedia session active







[







User stops sending information







]







[3G.324M Multimedia Call establishment







.







.







]







[3G.324M Multimedia Call establishment







]







MGW







Activate







IWF







Activate







IWF







P



S



T



N



 / 



I



S



DN












_1055340424.ppt


SETUP

  1. Speech BC-IE

  2. UDI multimedia BC-IE

Originating

side

Terminating side

64 kbps circuit

USIp = speech

USI = speech

TMR = 64kbps, preferred

TMRp = speech

SETUP

    1. Speech BC-IE

    2. UDI multimedia BC-IE

BICC/ISUP IAM msg

(A)

Transit network

PLMN (I)

PLMN (II)
























_1053754816.doc


MSC







TSC







CTX2







T3







T4







RNC







MGW2







(TRAU) (EC)







CTX1







T1







T2







MGW1







(TRAU) (IWF)







T1







T2












