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ABSTRACT

Nowadays Media Streaming Service is one of most Internet's bandwidth usage service
so it was developed for the better performance. In the past the media streaming
technology works with standard protocols as HTTP, TCP and UDP but now, the new
protocol such as RTSP and SCTP was developed and focus at smooth transmission
with higher level of data’s correction. This research is to study and compare the
transmitting performance of four protocols in different conditions to find the best
fitting protocol for each condition. From the experiment, I found that TCP is
appropriate for the networks that have lots of bandwidth and need the data correction,
UDP is appropriate for streaming that need a quick and smooth transmitting by ignore
some little mistake like packet lost or request time out, RTSP/UDP is appropriated for
continuous streaming in large networks, SCTP is appropriated for streaming in small
network that need fast and continuous flow transmission with error correction. This
result shows that each protocol are suitable for difference conditions, so users should
know the condition and purpose of their streaming before select a protocol for the best
streaming performance.
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1. Introduction
The Streaming Media Technology is increasingly important in the daily lives of
worldwide Internet users, This technology was developed to meet the increasing
demand and offer better technology to use. Data Streaming is one type of data
communication then it is necessary to have a streaming protocol which is a
specification for data transmission characteristics. The quality of data transmission is
based on the protocol and transmission condition such as the number of recipients, the
bandwidth and the traffic in the network during that period. In the beginning of the
streaming, TCP and UDP protocol are adapted to make streaming. But these two
protocols were limited used then new protocols were developed for streaming
especially such as RTSP (Real Time Streaming Protocol) [1] and SCTP (Stream




Control Transmission Protocol) [2]
To study the data streaming performance of each protocol, 1 have conducted

experiments and compare the result among four protocols under controlled conditions
to compare the performance of these four protocols.

2. Background
2.1 Streaming Media Technology
Millions of people use their personal computers and streaming media technology to
send/receive audio and video over the Internet. With broadband and video/audio
compression technologies, streaming media video is rapidly improved in quality,
Moreover, Lots of user terminals can now be used, such as office desktops, personal
digital assistants and mobile phones [7].

2.2 TCP (Transmission Control Protocol)

TCP {3] is a transport layer and connection oriented protocol which has to established
the connection between sender and receiver before transmitting the data. TCP has
advantages in data reliability and ordering but if obtained data loss or delay, TCP will
not send data to the application and  will request the lost or delayed data again until
it has reached the destination properly. This problem of TCP is called Head-of-Line
Blocking (HOL) which causes TCP is not appropriate to be used for Media Streaming.
In addition, another important problem of TCP is that TCP creates a single
communication channel, If the HOL problem occurs in a communication channel,
data cannot communicate for a long period of time.

2.3 UDP (User Datagram Protocol)

UDP [4] is a transport layer protocol which transmits small packet, called datagram,
without receiver's acknowledgement required. UDP can be use for multimedia
transmission such as Video On-Demand by both Broadcast and Multicast. The
advantages of using UDP is fast and efficient but the disadvantage is the quality of the
data that if some data loss during the transmission, no retransmitting this data because
the receiver cannot know about the data loss.

2.4 HTT?P (HyperText Transfer Protocol)

HTTP [4] [13] is an application layer protocol which is known as a protocol that
effectively carries HTML pages and aliows the hyperlinks to transfer to another
document or web site. HTTP server and HTTP client computers have a two-way
connection, that feedback from the client computer can be send to the server. Then,
lost or damaged packets can always be retransmitted and the received file can be fully




restored. HTTP can also be used for media download, especially if the files are small
and the number of concurrent users is limited. If the connection speed is lower than
the media data rate, the media still gets through but it may not play smoothly. The

transfer time of file download depends on the size of the file and the speed of the
connection.

2.5 RTSP (Real Time Streaming Protocol)

RTSP [5] is an application layer protocol which can be used over both TCP and UDP
protocol. RTSP is used for continuous media transmission between server and client
via Internet and the RTSP server can send the data to the client by both unicast and
multicast method. This protocol uses buffer to store data then it can work
continuously and suitable for On-Demand service.

2.6 SCTP (Stream Control Transmission Protocol)
SCTP [6] is a transport layer protocol and was developed to support data transmission
which is not suitable to TCP. It is message-oriented like UDP and ensures reliable,
in-sequence transport of messages with congestion control like TCP. SCTP provides
many features that are similar to TCP but has added several features to solve problems
found in TCP such as multi-streaming, multi-homing, 4-way handshake and 32-bit
receive windows size, SCTP offers the following services to its users:

1) Acknowledged error-free non-duplicated transfer of user data.

2) Data fragmentation to conform to discovered path MTU size.

3) Sequenced delivery of user messages within multiple streams.

4) Optional bundling of multiple user messages into a single SCTP packet.

5) Network-level fault tolerance through supperting of multi-homing.

2.7 Past Experiments

In the past, there were many researches in comparing the performance of protocols for
media streaming. Brennan and Curran [8] and Caro et al. [9] tested the congestion
control of SCTP in both of the network with high traffic and network with high data
foss with the NS-2 system. They set SCTP to work only a single stream and adjusting
working patterns to work like TCP and found that when there are lots of lost data,
SCTP seem to be high-performance over TCP for about 10 to 30% due to the ability
to make fast recovery of SCTP is better than TCP. Natarajan et al.[10] did an
experiment by simulating web server running on HTTP protocol and used
multi-streaming on SCTP to solve HOL problem. The results indicated that they can
eliminates HOL found in TCP and separate transmitting each object in a stream
decreased the transmitting time by about 10 to 40%. Rajamani et al. [l1] and




Osterdahl [12] have experimented with transmitting SCTP multi-streaming data on
HTTP. The results showed that TCP can transmit data faster than SCTP  when there
is no lost data because SCTP has higher overhead. But when there is some lost data,
SCTP can send data faster than TCP for about 15 to 20% and a faster delivery rate of
SCTP increases when data lost rate increases. Nagamalai and Lee {14} found that
SCTP congestion control mechanisms are based on TCP congestion principals. Then,
SCTP congestion control can perform badly in high-speed wide area networks
because of its slow response with large congestion window.

3. Experiment
I experimented in a Wide Area Network (WAN) with a Cisco-1921 router
interconnected two Local Area Networks (LAN) with different network address. In
each LAN, there was a Cisco-2960 switch which interconnected between client ot

server machines and connected to the router as shown in figure 1.
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Fig.1 Diagram of Expermental Network.

By streaming video file to the target machines for 60 seconds and check the
bandwidth usage in the network systems, I've determined the transmission
performance in term of bandwidth usage (kilobyte per second). The bandwidth usage
was monitored in every second that can show me the variation of the bandwidth usage.
The experimental procedure is as follows:

3.1 Video streaming
The video stream was sent to the client machine and the bandwidth usage in the

network was monitored under various scenarios:

o The video was streamed by HTTP, SCTP, RTSP over TCP and Multicast
RTSP over UDP, respectively.
o The video was to 1, 2 and 3 clients, respectively.

Each experiment was repeated 3 times.



3.2 Data analysis
The experiment results were averaged and compared as follows:
* Three results of each condition were averaged.
* The peak and average bandwidth usage of whole transmission period of

cach scenario were determine from averaged data as the result shown in
table 1 - 4,

TABLE 1. BANDWIDTH USAGE 0oF HT TP PROTOCOL

4 Client Bandwidth Usage
Peak (KB/s} | Average (KB/s) | Standard Deviation
1 client 138 66 21
2 clients 222 115 42
3 clients 419 167 76

TABLE 2. BANDWIDTH USAGE OF SCTP PrOTOCOL

4 Client Bandwidth Usage
Peak (KB/s) | Average (KB/s} | Standard Deviation
1 client 43 18 8
2 clients 74 38 14
3 clients 220 92 46

TABLE 3. BANDWIDTH USAGE OF RTSP 0ovER TCP PROTOCOL

# Client Bandwidth Usage
Peak (KB/s) | Average (KB/s) | Standard Deviation

1 client 188 179 4

2 clients 375 359 3

3 clients 558 538 9

TABLE 4. BANDWIDTH USAGE OF RTSP over UDP PROTOCOL

# Client Bandwidth Usage
Peak (KB/s) | Average (KB/s) | Standard Deviation
1 client 199 192 3
2 clients 197 192 2
3 clients 196 191 4
From table 1 - 4, we can see peak and average bandwidth usage of video

streaming for 1, 2 and 3 clients with HTTP, SCTP, RTSP/TCP and RTSP/UDP

protocol, respectively.



4. Result and Analysis
From the experiment results, [ can display the bandwidth used for 1 client of each
protocol in line charts as shown in figure 2. 1 found that SCTP used lowest bandwidth
(18 KByte/sec in average) and relatively steady with a standard deviation equal to 8.
HTTP Bandwidth is the second most used (66 kilobyte/sec in average) but unsteady
usage with a standard deviation equal to 21. Both RTSP over UDP and TCP protocol

are the most bandwidth used protocols (199 and 188 KByte/sec in average) with
smooth bandwidth usage.
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Fig.2 Bandwidth Usage for 1 Client of all Protocols

As a result in the previous section, | found that RTSP over TCP and RTSP over
UDP make the similar worst result but RTSP over UDP has the ability of multicast
data transfer. From bandwidth usage of HTTP, SCTP and RTSP over TCP which are
unicast protocols in figure 3, 4 and 5, we can see that when the client increases the
amount of bandwidth usage increases with the number of client. But in the figure 6,
bandwidth usage of RTSP over UDP protocol is almost constant because the function

of multicast makes the constant bandwidth despite the number of client increase.
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Fig.3 Bandwidth Usage of HTTP Protocol
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Fig.4 Bandwidih Usage of SCTP Protocol
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Fig.5 Bandwidth Usage of Unicast RTSP Protocol over TCP
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Fig.6 Bandwidth Usage of Multicast RTSP Protocol over UDP

In comparison among different protocols on number of the client, | found that
more number of client in the system make more bandwidth usage for the unicast



protocols including SCTP and HTTP
unicast data transmission is a communication between a single sender and a single
receiver over a network. The term exists in contradistinction to multicast which is a
communication between a single sender and multiple receivers, Then, it can be
concluded that Multicast RTSP over UDP Streaming System is ideal for a streaming
network with large number of client,

as the results shown in figure 7 and 8 because
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Fig.7 Bandwidth Usage for 2 Clients of all Protocols
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Fig.8 Bandwidth Usage for 3 Clients of all Protocols

5. Conclusion
SCTP presents the best bandwidth usage protocol for single client and small number
of client in the system. Beside SCTP is better than HTTP, RTSP/TCP and RSTP over
UDP, it has advantages in data ordering and congestion control as TCP with the betier
performance than TCP. Both RTSP over TCP and UDP give a very smooth bandwidth
usage but in the large number of client environment, only RTSP over UDP will be
better than SCTP and HTTP because RTSP over UDP have the multicast function. On



the other hand, if we use RTSP over TCP, we will get the better reliability than RTSP
over UDP,
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