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Introduction

This paper is based on the agreement reached at the ad hoc meeting on transcoder location. The meeting agreed: „Source dependent coding (e.g. voice) shall be physically located in the core network domain, and logically belong outside to the Non Access Stratum. For release 99 the (logical and physical) location is expected to be the visited serving MSC. However the release 99 standard shall facilitate the evolution of the codec into the gateway/interworking MSC; i.e., at the PLMN border. To do this, it is (at least) required that the interface between RNC and the transcoder is fully standardised in release 99. 

In the following, the possibilities where to locate the speech codec are re-visited, the characteristics of each scenario are described and a conclusion is drawn.

Possibilities to locate the speech codec in the core network

In serving MSC

Figure 11 shows the location of the speech codec in the serving MSC.



Figure 1: Speech codec in serving MSC

UMTS encoded speech will be sent and received by the UE. No transcoding will be performed on the Iu interface. The serving MSC will transcode UMTS specific speech into common A/µ-law encoded speech signals on 64kbit/s channels. At the network border no further speech processing is required. UMTS internal calls will be handled the same way which means speech will be transcoded twice if no specific transcoder free operation (TFO) functionality is used. With regard to GSM, no reduction of transmission costs within the core network is achieved since the same traffic channels are used.

At UMTS core network border

Figure 2 shows a configuration where the speech codec is located at the core network border.



Figure 2: Speech codec at UMTS core network border

This configuration can be realised based on two different transmission and switching technologies.

UMTS encoded speech on 64kbit/s channels

This scenario is shown inFigure 3.



Figure 3: UMTS encoded speech on 64kbit/s channles

The speech codec is located at the UMTS core network border. The UMTS core network will be based on 64kbit/s switching. The content of a 64kbit/s channel will be UMTS encoded speech, similar to the transmission of TRAU frames on the A interface in GSM. Compared to GSM no reduction of transmission costs within the core network can be achieved. However, due to bundleing effects the total amount of transcoders needed in the UMTS PLMN will be reduced. Any UMTS internal call will be transcoder free, increasing thereby speech quality for those calls.

UMTS encoded speech on AAL2 connections

A UMTS core network based on AAL2 connections is depicted in Figure 4.



Figure 4: UMTS encoded speech on AAL2 connections

Again, the speech codec is located at the UMTS core network border. No transcoding will take place within the UMTS core network.  Transcoding into A/µ-law format is only necessary when passing the network border. The speech calls switched in the UMTS core network will be based on AAL2 connections. Assuming that the data rate of the UMTS speech codec will be below 16kbit/s a 75% reduction of transmission capacity/costs compared to GSM is possible. This reduction applies to all different communication types, such as UMTS internal calls, UMTS calls to fixed networks and calls originating in the fixed network to a UMTS user with call forwarding active.

Control of speech codec

In order to minimize transmission costs the TRAU functionalities; e.g., decision of codec type, DTX, bad frame handling, and codec, have to be distributed within the UMTS network. The following procedures have to be executed:  At call setup and during an existing speech call UE and RNC have to negotiate on the speech codec mode to be chosen. The result of this negotiation has to be indicated towards the entity which encodes and decodes the speech data; i.e., either the serving MSC or the transit MSC at the UMTS core network border. For synchronization reasons an inband signalling mechanism is seen most suitable.  See reference (1).

Handover between UMTS and GSM

For all handover types between UMTS and GSM, it is assumed an inter-switch handover. For combined GSM/UMTS switches the interface between the two switch types will be internal. The handover scenario from UMTS to GSM is shown in Figure 5.



Figure 5: Handover from UMTS to GSM

If the user equipment (UE) has to perform handover from UMTS to GSM environments the speech coding on the radio interface has to be changed to GSM encoded speech. In case of handover from UMTS to GSM, speech encoded in GSM format will be relayed to the UMTS anchor MSC in TFO. The UMTS anchor MSC has to extract the speech data received on a 64kbit/s channel and insert it into the existing AAL2 link towards the transcoder. In TFO the bitrate, in the AAL2 link, towards the transcoder does not need to be changed.  Also in this case, the transcoder has to cope with GSM encoded speech.

Handover from GSM to UMTS is covered by Figure 6.



Figure 6: Handover from GSM to UMTS

When handing over from GSM to UMTS environments the radio interface has to be adapted accordingly. Since the serving GSM MSC requires speech in A/µ-law  format the UMTS MSC has to transcode the UMTS encoded speech received via the radio interface. No new functionality is required of the GSM core network.

Conclusion

The UMTS architecture has to enhance the flexibility of the operator when it comes to the location of the speech codec in the core network. Shifting the speech codec to the network border provides the opportunity to reduce the operator’s core network transmission costs down to a susbstantial 75%.  Following the working assumption to locate the transcoder at the serving MSC such gain could not be accomplished. In addition, an increased speech quality is achieved by having TFO connections for all UMTS internal calls.
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