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Abstract

A packet scheduling algorithm to improve

the latency of web application

Yoichi Shimakami

In recent years, the traffic of the video contents delivery service and the P2P type
file sharing application whose flow size is larger than the general Web application are
increasing. When those flows precede the other flows at the router, the flow which
arrives to the router afterwards causes the problems so that the RTT and the packet
loss during the initial phase increase. Generally, the TCP flow is sent based on FIFO.
So, it is difficult for the Web user to get the sufficient bandwidth, while the flow size is
small.

In Ethernet, the control signals named SYN and ACK in TCP are also transferred
on the same communication network as the data packets. There control signals are
used to establish the connection. Therefore, when there control signal is lost or delayed,
a flow will become difficult to get the sufficient bandwidth. Moreover, while the Web
application transfers the majority during the slow start phase, the response time of the
Web application would decrease so that the communication quality is deteriorated in
the slow start phase append in the initial communication period.

In this paper, propose the packet scheduling algorithm which give high priority
to the datagrams of the slow start phase and the three-way handshake packet. This
proposal method is composed by the classifier that classifies received packets, the flow

table which memorizes the identification number and the sequence number of the slow
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start phase flow, and the scheduler to schedule the sending priority of the packets which
the classifier classifies.

Through the verification experiment, it is confirmed that loss of three-way hand-
shake packet is able to be controlled by applying the proposed method to the bottleneck
link node. As the result, when the proposed method applied to the bottleneck link node,
it is able to get the bandwidth appropriately even in an initial phase of TCP. And, the
throughput higher than the case that FIFO is applied to a bottleneck link node is as-
sured. Consequently, the proposal method shortens the required time to the Web file
transfer, and it is shown the effectiveness to improve the response time of the Web

applications.
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