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1. 
Introduction

It is widely accepted that TCP is less suitable for real-time media streaming. This is mainly due to the following aspects of the TCP protocol:

· aggressive congestion and flow control algorithms

· connection-oriented nature

· strict in-order delivery of media data

· retransmission-based error control

As an alternative, RTP over UDP is used for media streaming. UDP provides basic transport functionality such as application addressing and corruption detection. RTP complements UDP with media transport relevant functionality, such as loss detection, packet re-ordering, synchronization, statistical data collection, and session participant identification. 
RTP/UDP does not provide built-in congestion control or error correction functionality, but instead gathers sufficient information for the application to implement those mechanisms on a need basis. With the rising popularity of mobile and internet video, good network behaviour through appropriate rate control mechanisms becomes even more important.
Another challenge that RTP/UDP based streaming applications have to circumvent is that of NAT and firewall traversal. In fact, these issues severely limit the deployment of streaming services to controlled environments and increase the management effort and costs for these services. 
The industry reacted to these challenges by mass deployment of streaming services based on HTTP/TCP protocols. Given the fact that HTTP traffic is granted pass-through access in most network components, realization and maintenance of HTTP based streaming solutions is significantly simplified.
2.
Discussion

A variety of standardized [1] and proprietary [2][3] HTTP Streaming protocols have been defined and are currently in usage. These solutions are typically optimized for a set of proprietary media formats or for specific use cases and, as a result inter-operability is fully ignored. 

3GPP Packet Switched Streaming Service (PSS) currently provides two mechanisms for the delivery of media data over unicast channels: RTP streaming and progressive download. Additional support for HTTP streaming will significantly strengthen the position of PSS as a mobile unicast streaming solution, while at the same time re-using established PSS media codecs and formats combined with mobile specific functionality (such as profile indication, Quality of Experience reporting, ...). 
3.
Proposal

We propose to enhance the PSS service with an HTTP streaming option that supports   3GPP media formats and codecs.  This work should also include the necessary adjustments to existing PSS procedures to fit the new delivery mechanism.
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