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On Optimized Speech Concept

1. Background

Within TSG GERAN there has been active discussion ongoing regarding optimized speech concept. Based on the discussion a Technical report has been created as a document to capture the agreements and list the problems and alternative solutions to them. The intention of this document is to propose a way forward / preferred solution in some of the identified issues.

2. Proposal

2.1 Signaling of BSS capabilities

In [1] several alternative ways to overcome the problems of SIP negotiation and the limited BSS capabilities have been presented. In order to avoid deteriorating speech quality it is preferable to avoid incall SIP signaling as much as possible. It would be also preferable to preserve as much as possible from the already standardized AMR codec mode adaptation mechanism. Thus, a preferable solution would be to use SIP signaling to negotiate the codec but let the network control codec-modes. It is proposed to use RTCP messages to inform the other peer about the change in the ACS.

Proposal: Adopt RTCP based solution as the working assumption for the indication of ACS.

2.2 Initial codec selection

Alcatel has proposed that the peer involved in a SIP call set-up should know about the capabilities of the GSM/EDGE Radio Access Network. This proposal has the following advantages and disadvantages: 

· MS is the deciding point regarding the final speech codec and this is not according to GERAN principles.

· It is a partial solution as it only solves the initial set-up. SIP level re-negotiation is needed still in many occasions, for example when the speech codec changes during a handover.

· Reveal the network capabilities regarding speech

+ It solves the problem of codec re-negotiation during the initial set-up.

Proposal: This issue requires further evaluation.

2.3 SDP message delayed

As one alternative solution for the codec selection problem it has been proposed to delay the final SDP message. However, it is expected that this might affect negatively the connection setup time. Therefore, alternative solutions are preferred.

Proposal: Alternative solutions should be preferred.

2.4 CMR + SIP based solution

This solution applies only to AMR and requires the definition of default ACS. It may be difficult reach agreement on the default ACS. It is therefore preferable to use some other mechanism.

Proposal: Alternative solutions should be preferred.

2.5 Limitations due to RTP handling

It is an implementation issue whether header regeneration is needed in MS. 

Proposal: Evaluate whether this section is needed. If needed than the clarification is required in the technical report. 

2.6 Identification of Header Removal allowed

In [1] it was proposed that a new field is added in the QoS IE to indicate the allowed header adaptation mechanism. This is still considered as a potential solution for the problem. Another possibility could be to extend the Source Statistics Descriptor field in the QoS IE. 

In R4 this field is a QoS parameter related to a RAB but in R5 it will be adopted also into UMTS bearer and thus it will be included in the Activate PDP context Request message. In R4 this field can have only two values speech/unknown. However, it has been proposed that this field could be used to indicate signaling bearer. In the same way it would be possible to reserve one bit as an indication of optimized speech bearer. For optimized speech bearer GERAN would apply header removal. This kind of solution would allow to distinguish optimized speech from multimedia speech which requires synchronization of different media flows. 

Proposal: Agree with SA2 whether the Source Statistics Descriptor field could be used to indicate optimized voice bearer. 

2.7 Handover Issues in optimized voice

Currently there is no agreement on text for this section. In [2] it was proposed that RTP time stamp and sequence number are transferred inside containers from source BSS to target BSS or to the MS. 

Proposal: Add text to the technical report to describe the container solution.
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