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INTRODUCTION

Today, Internet technologies have pervaded every corner
ofoursociety. More and more people are benefiting from
the Internet in one way or the other. One of the current
Internet technologies that may benefit us greatly is
voice over Internet protocol (VoIP). According to Hardy
(2003, p. 2), VoIP is “the interactive voice exchange
capability carried over packet-switched transport
employing the Internet protocol.” With VoIP technol-
ogy, one can call anyone in this world at a lower cost,
compared to traditional telephone systems. However,
VoIP technology has one significant drawback. It has
a low degree of reliability. From experimental results
it is known that VoIP can achieve only 98% reliability.
The service down time per year for VoIP is almost 20
working days (175 hours). For most companies and
government organizations, such a degree of reliability
is unacceptable since the traditional telephone system
can achieve 99.999% reliability with a service down
time of only five minutes per year (Kos, Klepec, &
Tomaxic, 2005). As a result, quality of service (QoS)
is an important concept for VoIP. Using QoS, VoIP may
be able to overcome its limitation in reliability.

QoS is often defined as the capability to provide
resource assurance and service differentiation in
a network. The definition includes two important
terms—resource assurance and service differentiation.
Resource assurance provides a guarantee about the
amount of network resources requested by the user. On
the other hand, service differentiation provides higher
priority of getting network resources to those applica-
tions that have critical latency constraints. Given the
importance of low latency for voice communication, it
is not difficult to predict that QoS will assume greater
importance in the VoIPindustry as this technology gains
popularity in the mass market. It is reported that VoIP
is aggressively growing, and this growth is expected
to continue in the coming years.

BACKGROUND

Today’s Internet provides best-effort services to all its
applications and cannot provide any resources guarantee
toapplications (Kurose & Ross, 2004). Letus discuss an
example to illustrate this concept. Imagine that a net-
work uses links with capacity of 2 Mbps and supports
two users—John and Peter. John uses a 1.5 Mbps VoIP
application and communicates with Peter. Normally,
the VoIP application works because the capacity of the
link is 2 Mbps (>1.5Mbps). However, when John uses
the FTP application at the same time (assuming that
the FTP application needs more than 0.5 Mbps), the
VolIP application cannot get the amount of resources it
needs. This leads to congestion in the network and time
delay in voice communication. Therefore, end-to-end
QoS is required for providing resource guarantee and
service differentiation in order to enhance the reliability
of the VoIP system (Fineberg, 2005).

Approaches to provide QoS can be divided into
three categories. They are (1) at sender side, (2) inside
network, and (3) at receiver side (Wang, 2001). At
the sender side, one popular way is by using adaptive
multi-rate speech codec. In the network, four core
technologies for providing QoS are integrated services
(IntServ), differentiated services (DiffServ), multipro-
tocol label switching (MPLS), and traffic engineering.
At the receiver side, the common way for providing
QoS is optimization of the design of receiver buffer.
The various methods for implementation of QoS for
VoIP are described in the next section.

IMPLEMENTATION OF QoS
Methods for QoS Implementation

Presently there are three different approaches for QoS
implementation. They can be categorized into QoS at
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Figure 1. QoS for VoIP at the sender side
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QoS at Sender Side

At the sender side, QoS can be implemented by us-
ing adaptive multi-rate speech codec. A codec is also
called coder-decoder, which encodes voice signals to
packets or decodes packets to voice signals. When
it is an adaptive multi-rate one, it means the codec’s
encoding bit rate can react with the feedback from
congestion in the network (Qiao, Sun, Heilemann,
& Ifeachor, 2004). With feedback of congestion the
encoding bit rate decreases. Otherwise, the encoding
bit rate increases. Figure 1 shows how QoS for VoIP
can be provided at the sender side.

In Figure 1 we can see that there is a voice source at
the left hand side ofthe diagram. When the voice source
is connected to the adaptive multi-rate speech codec, the
codec sends out voice packets to the [P network, and
finally voice packets come to the adaptive multi-rate
speech decoder. The decoder decodes the voice packets
to the voice signal, and finally the receiver retrieves
the voice packets. When voice packets travel through
the IP network, RTCP XRs (real time control protocol
extended reports) are generated in the routers inside
the network, and they provide information about net-
work congestion. When the bit rate controller receives
the RTCP reports, if the RTCP reports show no/little
congestion, the sender side increases its encoding bit
rate. Otherwise, the sender decreases its encoding bit
rate. This method can provide better resource guarantee
because it follows the principle of preemptive conges-
tion avoidance. Some researchers have even proposed
the use of a call agent that can selectively compress the
voice packets on the sender side based on the status
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of congestion in the network (Galiotos, Dagiuklas, &
Arkadianos, 2002).

QoS Inside Network

Inside the network, there are many approaches for
implementing QoS. The most important technologies
are integrated services, differentiated services, multi-
protocol label switching, and traffic engineering.

IntServ and DiffServ are two architectures that
provide resource guarantee and service differentiation.
On the other hand, MPLS and traffic engineering are a
set oftools for managing the bandwidth and optimizing
the performance of the network. The optimization in
the design of the receiver buffer involves achieving a
good balance between packet loss (due to late packet
arrival) and play-out delay. For example, a larger buf-
fer size means less packet loss (thus better quality) but
more play-out delay.

Integrated serviceis aservice architecture developed
by the Internet Engineering Task Force (IETF) in the
early 1990s. It aims at providing QoS for real-time ap-
plications such as video conferencing. IntServ is based
on per-flow resources reservation. Per-flow resources
reservation means that the two end users (sender and
receiver) need to make a resource reservation inside
the network before using the application. Resource
reservation setup protocol (RSVP) is the standard pro-
tocol used for resource reservation. IntServ provides
two models—guaranteed service model and controlled
load service model. Guaranteed service model provides
worst-case delay bound for applications. It is designed
for applications that need stringent time constraints.
Controlled load service model provides less firm delay
bounds to applications, and it is similar to but better
than the current best effort model.
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