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1. Introduction

In the ECN Adhoc there was a discussion on whether the ECN feature should be used for call set-up only or be extended to support rate selection during an on-going call (“mid-call”) in Release 9 TS 26.114.  This document explains why the ECN should only be used for call set-up of voice calls in Release 9. 

2. Not a Feature for Release-9
Section 4 of the Work Item Description [1] under which SA4 is developing this work in TS 26.114 clearly states the following objective:

The objective of this work is to specify system enhancements to enable codec rate selection at voice call setup over EUTRAN.
Furthermore, SA plenary has already agreed that this feature should be addressed in Release-10 as described in section 4 of [2].  This will allow the feature to be more thoroughly and comprehensively studied in the context of all the other features related to rate adaptation in Release-10.  So attempting to specify usage of  ECN for mid-call is premature and clearly outside the scope of the Release-9 work.
3. Requirements and Performance
Since mid-call operation has not been in the scope of the Release 9 WID there has not been any discussion to determine what are the requirements for this feature (e.g., how quickly should terminals reduce their rates when detecting ECN-CE markings, should they decrease the rate slowly or drop down immediately to the lowest rate?).  Furthermore there has not been enough time to study the performance of ECN on mid-call operation and whether it meets any of the requirements for this feature.  The entire ECN feature was proposed quite late in the Release-9 development cycle and it has been challenging enough to try and determine how to make this work properly for call set-up only.

For example, one concern with using ECN for mid-call is if the setting of the ECN-CE code point for a terminal is based on dynamic loading conditions measured for the UE, there can be conditions under which the UE’s coding rate may oscillate between its lowest rate and highest rate.
4. Not a Critical Feature
The need to adapt the rate of the VoIP terminal during an active call is not as important as enforcing adaptation at call set-up for the following reasons:

1. Some studies have used observations that the average duration of a voice call is not much more than 2 minutes [4]. So adjusting the rate of most calls will be unnecessary.

2. The difference between high and low data rates for VoIP sessions is relatively small compared to the system capacity of an LTE cell.  So adjusting the data rates of a few longer session VoIP sessions will have very little effect on the cell capacity.

3. Since LTE cells will be able to carry large number of voice calls before becoming heavily loaded and most voice sessions are short, a large number of VoIP sessions will be terminating and starting during most periods.  The frequent starting of new VoIP sessions allows the eNB to adapt the load of the cell by controlling adapting their rate at call set-up.

Therefore, since mid-call adaptation is not critical we see no need to rush its specification in Release 9, especially given the concerns raised in section 2 and 3 above.
5. Operation of ECN for Call Set-up Only

The following section describes how ECN is to be used for call set-up only and not for mid-call operation.  These procedures follow what was proposed in section 2.2.2 of [3].
1. The ECN-capable MTSI clients will negotiate use of ECN using the SDP negotiation procedures

2. Before any media is exchanged between the clients, the eNB will determine whether it is congested and whether it wants to rate adapt the clients. 

3. The MTSI clients will immediately begin marking their speech media packets with ECT markings, starting with the very first media packets they send. 
4. If the eNB wants to enact rate adaptation it will mark all ECT-marked packets with the ECN-CE codepoint starting with the very first ECT-marked packet from the UEs.

5. The media sender shall continue to mark the speech packets it sends until either:

a. It reaches its highest encoding rate for the session

b. It receives a rate request to adjust its encoding rate

After either of these events occurs, the media sender shall no longer ECT-mark the packets it sends.
6. The media receiver shall look at the ECN bits of the first RTP media packet it receives from the far-end terminal and perform the following based on the setting of the ECN bits:

a. If the ECN bits of the first RTP media packet received are not set to the ECN-CE codepoint the media receiver shall not limit the sender’s rate based on any ECN markings for the remainder of the speech session.
b. If the ECN bits of the first RTP media packet received are set to the ECN-CE codepoint, the media receiver shall send a request to the far-end terminal to transmit at the ECN_low_rate
.  .  The media receiver shall perform no more procedures based on reception of ECN bits.

Figure 1 below, which was slightly modified from section 2.2.2 of [3] illustrates how this would work.


[image: image1]
Figure 1:
eNodeB based Control of the Codec Rate Selection at “Call Setup”
6. Proposal

To summarize, we propose the following:

· Follow the scope of the work identified for Release-9 and limit the ECN capability to call set-up only

· Adopt the procedures described in section 5 to specify how ECN shall be used for rate adaptation at call set-up.
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� This avoids any ambiguity in what rate the sender should transmit at when the eNB has marked packets with the ECN-CE codepoint.
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