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Introduction

The attachment of the liaison form GERAN and SA2 (S4-010455R) describes the working assumption on ACS negotiation using SIP/SDP. However we believe the mechanism described in the document is not enough and might cause problems. 

This document identifies the problems in the current ACS negotiation and proposes an Active Codec Set (ACS) negotiation mechanism for IP based conversational services using AMR.

Background

AMR uses two different types of mode set, which are Active Codec Set (ACS) and Supported Codec Set (SCS). ACS is a set of modes used for the communication, while SCS is a set of modes supported by the network. Therefore, ACS is a subset of SCS. In GSM and GERAN, number of modes in ACS is limited up to 4.

On the other hand, SDP description for AMR has only one parameter for mode set, mode-set, defined in [1]. There is no definition whether mode-set means ACS or SCS.

Problem

The attachment of the liaison form GERAN and SA2 (S4-010455R) describes an example of ACS negotiation using SIP/SDP. According to the document, the calling party sends local ACS (LACS) to the caller party, and then the caller party selects set of modes from the common modes between received mode set and distant ACS (DACS), and sends the results to the calling party. As an example, the case of LACS = {12.2, 7.95, 7.4} and DACS = {7.95, 7.4} is described. However, it is obvious that in the case of LACS = {12.2, 7.95, 7.4} and DACS = {10.2, 6.7}, session can not be established even if distant party has DSCS = {12.2, 10.2, 7.95, 7.4, 6.7}. In this case, MGW should be inserted into the communication path or re-negotiation shall be performed. The former case wastes both bandwidth and network resources, while the latter case increases delay for the session establishment.

A brute force solution is to list all the ACS combinations in the media descriptions. For instance, if SCS includes all 8 modes and 4 of them can be used as ACS, total 1680 combinations must be listed. 

Proposal

Figure 1 shows a flow chart for the proposed ACS negotiation algorithm. 

1) The calling party send LSCS to the caller party. 

2) The caller party selects a set of common modes between LSCS received and DSCS. 

3) The caller party selects DACS from the selected set of common modes so that the number of modes within DACS is equal to or below the maximum number of modes can be used at the caller party side. 

4) The caller party returns DACS selected to the calling party. 

5) The calling party selects LACS so that the number of modes within LACS is equal to or below the maximum number of modes can be used at the calling party side and send it to the caller party. 

6) The caller party replaces DACS to LACS received. 
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Figure 1: Flow chart for proposed ACS negotiation algorithm

For example, if initially LSCS={12.2, 7.95, 7.4, 6.7, 4.75}, LACS={12.2, 7.4}, DSCS={12.2, 7.95, 6.7, 5.15, 4.75} and LACS={7.95, 6.7, 4.75}, respectively, then the final ACS for both side is determined as follows:

1) LSCS={12.2, 7.95, 7.4, 6.7, 4.75}

2) common set = {12.2, 7.95, 6.7, 4.75}

3) new DACS = {12.2, 6.7, 4.75}

4) new LACS = {12.2, 6.7}

5) new DACS = {12.2, 6.7}

This can be done using SIP messages for IMS as shown in Figure 2 below.
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Figure 2: Proposed ACS negotiation with SIP messages

One advantage of this proposal is that the final ACS is always found if there is at least one common mode in the SCS of the both sides. This helps the network resources to be minimized. Another advantage is that the negotiation can be finished by one and a half round trip of SIP message exchange. This can be performed with existing SIP signalling assumed/defined in [2], and no change is needed. Therefore no further delay for session establishment is introduced by this proposal.

Conclusion

This document proposes AMR ACS negotiation algorithm for packet based conversational services. This algorithm can find common ACS if available and has no impact to SIP messages currently assumed to be used as IP multimedia call control. Therefore, it should be included in the protocol specifications for packet based conversational services currently being drafted.
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