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1. Scope
The demonstration is aimed to provide subjective improvements that can be achieved by using RTP/RTCP retransmission and rate adaptation in case of variations of network conditions.
2. Topic of demonstration
A video signal that is compressed using a hybrid video coder (including H.263, MPEG-4 and H.264/AVC) is extremely vulnerable to transmission errors. When the bit-stream is received in error, the decoder cannot or should not reconstruct the affected parts of the current frame. Rather concealment is invoked. But motion compensation in combination with concealed image content leads to inter-frame error propagation which causes that the reference frames at encoder and decoder differ. This can lead to annoying subjective artefacts which could remain visible for some period of time.

Such transmission errors in the wired Internet are packet losses that are mostly caused by router congestion, but it is as well possible to have similar losses in backbones of 3G networks or the 3G backbone connection to the Internet. Moreover, packet losses can be caused by handovers. These losses can randomly occur and cause the loss of an important packet that then may lead to the annoying artefacts as described above. The presented system will show the benefits of a combination of packet retransmission in combination with rate adaptation for video quality enhancement. 
3. Demonstration Setup
We will present an unicast streaming system based on the H.264/AVC video codec, which effectively adapts to packet loss and variation in network condition. The demonstration system consists of a streaming server, streaming client, and a network emulator varying the available network bit-rate between server and client. 

The system uses RTCP feedback information for acknowledging the receipt or loss of packets. In case of packet loss the server retransmits the lost packets via RTP. In addition, the packet loss is used as an indication for network congestion and the server adjusts the sending rate to a suitable value guaranteeing fairness to other RTP and TCP streams. The system also takes into account the current client buffer delay for the sending rate adjustment. Only the video bit-rate is controlled and the reduction is achieved by exploiting two approaches:

· Temporal Scalability – priority frame dropping of non-reference frames (only possible with H.264 baseline and not with prior 3GPP video codecs)
· Bit-Stream Switching – between pre-encoded versions at different data rates

