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Abstract

Research on Key Techniques of Real-time Streaming System

GAO Kui (Computer Application Technology)
Directed by Professor GAO Wen

Recent developments in computing technology, video compression technology, high
bandwidth storage devices, and high-speed networks have made it feasible to provide
real-time streaming media applications over the Internet. However, the current Internet is
a best-effort network where loss, variable delays and bandwidth fluctuation occur during
data delivery in a streaming session. Traditional non-scalable streaming cannot adapte
well to variation of the available network bandwith. Scalable/layered encoding has been
believed to be promising to provide network adaptive streaming service. FGS (Fine
Granular Scalable) coding schemes is accepted as scalable video coding by the MPEG-4
standard. FGS video streaming is to code a video sequence into a base layer and multiple
enhancement layers. The base layer uses non-salable coding to reach the lower bound of
the bit-rate range and must be transmitted. The enhancement layer may be truncated into
any number of bits or not transmitted. Therefore, the FGS streaming can adapt a wide
range of data rate variability by distributing enhancement layers over a wide range of bit
rates. In this thesis, we investigate how to schedule and send the packets by real-time
scheduling scheme and how to provide an interactive real-time streaming service over
network with packet losses and variable delay. The main contributions of this thesis are as
follows:

1. A real-time network-adaptive architecture for end-to-end streaming system is
proposed. The important concept “real-time” is introduced in the framework. All the
packets must be tramsitted before their deadline, otherwise they can not be decoded on
time. This is the foundation of this thesis.

2. This thesis analyses the real-time characteristic of scalable streaming system and
proposes a layer-based real-time scheduling algorithm. And then, a real-time imprecise
computation workload model and an imprecise computation scheduling algorithm on
scalable media stream delivery are proposed. The scheduling task of each stream is
divided into two parts: a mandatory subtask and an optional subtask. The mandatory task
is for the base layer substream and the optional task is for the enhancement layer
substreams. Different subtask adopts different priority. The imprecise computation
scheduling algorithm enables the use of imprecise computation workload model as a
means to provide scheduling flexibility in scalable streaming systems and enhance their
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fault tolerance and improve utility of the system resource and the playback quality in
client. The low complexity of the proposed algorithm also enables them to be applied in
real-time applications.

3. This thesis proposes an online smoothing algorithm for a single of scalable media
with the variable network bandwidth. Without smoothing, the playback quality would be
variation along with network bandwidth fluctuation at the client, which is annoying to
human ears and eyes. However, it is generally agreed that it is visually more pleasing to
watch a video with consistent, albeit lower, quality than one with highly varying quality.
This algorithm adopts an optimized framework based on the distortion and a real-time
scheduling scheme to select and schedule the packet to the client according to the
network bandwidth.

4. The thesis proposes an on-line resource allocation algorithm to allocate video
streaming server resource for multiple concurrent scalable video streaming. Since the
server resources, especially the I/0 bandwidth or throughput of the server, are limited,
only a limited number of concurrent clients with the requested QoS can be served.
Different user has different variation of network bandwidth and bit rate of playback
stream. The alogrithm fairly allocates the server resource to multiple concurrent scalable
video streams according to the network status and bitrate of every streaming session. The
utility of the server resource and the total playback quality can be improved by the
algorithm.

5. This thesis proposes a novel coding framework of jointing the FGS video
streaming and VCR function supporting. In video streaming applications, it is highly
desirable to provide digital VCR(video cassette recording) interactive functions, e.g.
reverse play, fast forward\reverse play, random access, etc. Both the forward and reverse
bit-streams of base layer are stored at the server end in order to support VCR funducation.
The proposed technique is to take advantage of the fact that the residual difference signal
resides in a quantized space in the transform domain. The prediction frame in the reverse
bitstream and forward bitstream are generated with different reference, but their
reconstructions are identical. Therefore, the same enhancement layer can be used for both
base layer. Based on the modified MPEG-4 FGS coding framework, the full VCR
functionality can be effortlessly supported and a lot of storage space can be saved.

Keywords: Video streaming, Fine granular scalability (FGS), Real-time scheduling,
Smoothing, VCR, Network adaptive
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