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Discussion and decision
1 Introduction

One of the open issues identified at the MTSI adhoc #2 in San Diego is the level of sender mandation to the speech adaptation signaling from the receiver. This contribution provides reasons for providing flexibility to the speech sender by allowing it the freedom to make the decision on how to react to the receiver signaling. 
2 Speech adaptation

To adapt to the varying channel conditions the sender in a MTSI terminal requires sufficient information from the far end receiver regarding the received speech packets. This information from the receiver can be signaled either in-band (e.g., in the reverse direction RTP stream) or out-of-band (e.g., RTCP reports). The information conveyed can be either (i) adaptation requests or (ii) receiver statistics/measurements. 
To convey either of the above two information choices the receiver of the voice stream needs to monitor the received RTP packets and collects statistics. These could include (i) packet loss rate, (ii) packet burst statistics (iii) observed delay jitter, etc.

2.1 Adaptation requests

When the receiver needs to signal adaptation requests to the sender, the receiver processes the collected statistics and decides on the adaptation strategy that should be used at the sender. The result could be (i) no change is required: in which nothing is signaled, or (ii) a request to the sender to change its transmission strategy: here the new desired transmission strategy is signaled. The encoder then needs to react to the signaled adaptation information. 

2.2 Receiver statistics

In this scenario the receiver signals the collected statistics to the sender. The sender then processes the received statistics and can decide on the new adaptation strategy, i.e, either change its transmission behavior or continue with the current transmission behavior. 
2.3  Adaptation procedure
The key difference between the two schemes is where the final decision regarding the transmission strategy is performed, i.e, where the intelligence should reside: in the sender or in the receiver. In the first case the intelligence is in the receiver while in the second case it resides in the sender. However, it should be noted that if the receiver signals sufficient statistics it is possible to achieve identical behavior with either of the above schemes, irrespective of who decides the behavior the sender or the receiver.

2.4 Sender reaction
Since the same behavior can be achieved by either of the two schemes, we will not discuss further on the choice of the schemes in this contribution. Instead, we concentrate on the sender reaction to signaled information. We provide benefits of allowing flexibility to the sender by giving it the freedom to make the decision on how to react to the receiver signaling. We concentrate on the scenario when the receiver signal back adaptation requests but the same arguments are applicable even when the receiver signals statistics. The following sections provide more details.

2.4.1 Flexibility at the encoder to take new information into consideration

It is highly likely that the receiver does not posses the complete knowledge dynamics in the system. Hence, the encoder must be allowed the flexibility to make its decision based on the receiver request. Some examples are indicated below:

· AMR/AMR-WB RTP RFC (RFC 3267) [1], mentions that upon receiving a codec mode request (CMR) the encoder may change to a lower-numbered mode if it so chooses, for example to control congestion. This enables the sender to take into account information available to the sender (but not to the receiver) to decide the AMR mode. 
· A cell change is performed at the transmitting UE. This could result in a change in RAN QoS, this information should be taken into account as quickly as possible for better performance. However, if the encoder is mandated to follow the receiver request it might not be possible to take into account this new information and will result in sub-optimal performance. For e.g., the receiver make request that sender use AMR mode 12.2 however, the RAN may only provide QoS for AMR mode 5.9. In which case the sender can ignore the receiver request and use AMR mode 5.9.
· Assume that the radio conditions at the transmitting UE significantly deteriorate. If the UE has the capability to detect this sudden change, then it can potentially take immediate corrective action to mitigate the detrimental effects on the speech service, thus enabling quick adaptation to the channel conditions. However, if the sender was mandated to only honor the receiver requests, then it would have to wait for the far-end receiver to detect the effect of this change as it gathers statistics and then communicate these back to the transmitter before it can take corrective action. Based on the window length used for collecting statistics, this can potentially take place only after hundreds of milli-seconds. Thus, poor speech quality will persist for quite some time. However, if the encoder had the freedom to immediately react, then the duration of the poor speech quality could have been significantly shortened. 

· Assume that the transmitting UE was on WLAN and was experiencing bad radio conditions resulting in high packet error rates and hence the receiver requests that the sender turn on redundancy and change the AMR mode from 12.2 to 5.9. However, if just before this request is received the UE experiences a change in access technology, i.e., it is handed off from WLAN to HSPA. Then, in this situation it is highly unlikely that high packet error rates situation will still be valid. Hence, it would be preferable for the encoder to not follow the receiver request. Again, mandating encoder behavior will result in sub-optimal performance in this situation.
2.4.2 Safeguard against misbehaving UEs
Adding application layer redundancy will typically result in the sender switching to a lower quality AMR mode. Hence, it has to be used with caution and only as a last resort. It is planned to provide guidelines to implementers on how to use redundancy [2][3]. However, MTSI UEs are expected to work with not only 3GPP UEs but also with GAN UEs, e.g., WLAN UEs. It might happen that the WLAN UEs might not use the redundancy requests as currently envisioned, as bandwidth especially for low bitrate applications like VoIP is not as critical in WLAN as in HSPA. For example, a WLAN UE might always request 100% redundancy at AMR mode 12.2 to mitigate packet loss effects on WLAN airlink. This obviously will have significant negative impacts on the HSPA cell in which the 3GPP MTSI UE is currently located and might result in significant lowering of the cell capacity which is undesirable. Why should 3GPP mandate a technique which can be used by non-3GPP networks to improve performance in their system at a high cost to the 3GPP system? There will be no safeguard against this undesirable behavior if the encoder is mandated to honor the receiver requests. 
2.4.3 Future system changes

The main use case for end-to-end redundancy is to address radio quality in GAN networks. This problem can be potentially addressed by using a network entity which can selectively turn on redundancy only to UEs located in radio access requiring redundancy. With this solution, the need for end-to-end redundancy will not be required. Hence we might end up mandating a feature we would not require in the future. This is obviously not desirable.
3 Conclusions

In this contribution reasons were provided to point out the advantages for providing flexibility to the speech sender by allowing it the freedom to make the decision on how to react to the receiver signaling. Hence, it is proposed that the MTSI sender when deciding on the transmission parameters/schemes to be used for subsequent transmissions be recommended to take into account the speech adaptation requests/statistics from the receiver.
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