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Abstract
|

. The demand for Voice over !IP (VoIP) applications has increased
tremendously through the last two decad;as. This great demand is due to the great
decrease in VolP installation and operating costs. In addition to that, VoIP offers a
great variety of services, such as Voice/Data Integration. These features make the
VoIP more important in the business field! On the other hand, VoIP applications face
some challenges. These challenges are sf)eech quality, delay and packet loss. The
speech quality may decrease as the voice stream is very sensitive to the packet loss
and packet delay. The delay may occur due to different routes that are available for
the voice stream. Packet loss is considered the most serious problem, as it occurs due

to the congestion or queue overflow.

Due to these challenges, Quality of Service (QoS) concept appears in the
VoIP applications to ensure the quality of transmitted and received voice between
customers. This is done through specifying a simple, scalable and coarse-grained
mechanism for classifying, managing network traffic and providing QoS guarantees
on modern IP networks. This concept is applied through the Differentiated Service
(Diffserv) architecture. Traffic management is done through the Diffserv traffic
conditioner component. This component focuses on metering and marking the stream
of bits according to some network parameters. The Single Rate Three Color Marking
(SRTCM) and Two Rate Three Color Mariking (TRTCM) are examples of the traffic
conditioner components of the Diffserv. Tllie traffic conditioners marks packets in the
traffic based on some traffic rates. The pa.ckets may be marked as red or yellow or
green depending on the network condition and traffic rates. Depending on the packet
color, packets are enqueued into three virtual queues and treated in different ways.
The Random Early Detection (RED) Algo|

rithm is used to drop packets from virtual
queues depending on the queues sizes and dropping probabilities.

In this thesis, we develop a comparison is done between the TRTCM and
SRTCM. In order to perform this comparison a model is build using the Network
Simulator (NS2). Through this model wc: change the dropping probability, packet
size and number of VoIP nodes in order to find the most suitable traffic conditioner,
dropping probability and packet size. We find the effect of the packet size and

dropping probability on the number of lost bits and the faimess index. A comparsion




CT TR

is done between the best effort serveice and the differentiated service when applying
the TRTCM or SRTCM as traffic marking and RED as an active queue management
algorithm. A new measuring technique is Iintroduced in order to fasten the simulation
analysis and decrease the requiréd time and effort for performing the analysis. This
method uses the database and open source concept in performing the required

analysis. : ';

The TRTCM achieves better fairx.less and decreases the packet loss against
the SRTCM. On the other hand, the best effort achieves better packet loss than the
SRTCM and TRTCM. This happens because the queue configuration in the best
effort network does not apply any kind| of active queue management algorithm
(AQM).

Keywords: Voice over [P, Differentiated Service, Traffic conditioner, Fairness Index,

Single Rate Three Color Marking, Two Ral;te Three Color Marking.
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