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1
Introduction
In UMTS or LTE wireless system, network side uses the CQI (channel quality Index) and measurement report to know the UE real time quality. Network can setup the measurement control let UE provide nearby cells quality then trigger the handover. This can make sure UE’s call quality.

In 802.11 WiFi system, there’s no measurement report to network. Device can only measure it’s own PER (packet error Rate) to know the live network status.

By this reason, it’s possible problem will happen here.

2
Discussion

2.1
Presentation of the issue
The picture below shows the problem of packet size in different layer or heterogeneous network.
For example , 802.11 WiFi device defines the Fragmentation Threshold to fragment the 802.11 packet. 

TCP/IP layer also has the MTU size defined. These 2 parameters are not matching all the time. If the MTU size is too large, it may have the path MTU problem. But if the MTU size too small, it may cause the low efficient data transferring issue. 
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The next problem is how to optimize the MTU size.

IP defines it’s MTU size. Maximum transmission unit (MTU) of a communication protocol of a layer is the size (in bytes) of the largest protocol data unit that the layer can pass onwards. 

A larger MTU brings greater efficiency because each packet carries more user data. However, large packets can occupy a slow link for some time, causing greater delays to following packets and increasing lag and minimum latency.

Otherwise, larger MTU in wireless system but in bad signal quality may cause lots of data failure and retransmission.

In GAN network, AMR codec change the hysteresis and threshold not by the Power level or the Interferences. The only thing it can know is about the packet lost rate. There is no GAN Rx sensitivity measured mandated for AMR codec rate changes

We may suggest a way to report the WiFi packet Error rate / packet lost to network side, then it can help the network to know the UE WiFi quality to adjust the AMR codec or the MTU size.

For real time service, Delay and latency will be critical in determining voice quality

2.2
Solution of negotiation signalling
We may suggest to create the MTU and Fragmentation size negotiation signalling to solve this issue.

[image: image2]
From this picture, GANC can get the MTU and Fragmentation information from WiFi UE. It makes thing possible that network can use the both sides information to negotiate the best MTU and Fragmentation. 
Network side also can use the signalling to setup the WiFi device or Wireless device the MTU setting in live network.

We can define such as (Low, Mid, High) default value in device to let network optimize it’s MTU/ Fragmentation size.

Proposal 1: We define the discovery IP MTU and Fragmentation way. By this method, network side will know the device information and optimize the value of AMR Codec Rate and Data Throughput rate
2.3
Solution on RTP/RTCP 
As this picture shows, RTP/RTCP is in application layer, higher level than the TCP/IP layer.
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Because of the RTP/RTCP is very popular in the IP network provided services, we can easy to use this protocol easily to get the packet status in Real Time transferring.

Our mechanism is to use the “RTCP RR/SR” to adjust the AMR codec, and MTU/Fragmentation optimization.

Device will send the MTU and Fragmentation value in the PTCP signalling to report to network for adjusting the Codec using. Network may also send the suggested size to device by RTCP message.
Network side can use the RTCP RR/SR report to get the packet lost information. Then it can start to adjust the How many lost voice/video packet in real time data transferring. 
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We can define the new RTCP signalling to let network side to transfer the defined MTU/Fragmentaion size to setup device. There’s different way we can let the network just send (low, mid, high) to let device change MTU/Fragmentation by itself.

Proposal 2: Our mechanism is to use the “RTCP RR/SR” to adjust the AMR codec, and MTU/Fragmentation optimization.

4
Conclusion
In summary we make the following proposal to RAN2:
Proposal 1:

We define the discovery IP MTU and Fragmentation way. By this method, network side will know the device information and optimize the value of AMR Codec Rate and Data Throughput rate
Proposal 2:

Device can use the “RTCP RR/SR” signalling to network to adjust the AMR codec, MTU/Fragmentation size optimization. 
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