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Abstract
The sharing of ideas and information comes standard in any area of research. The

need for voice communication to do this is relatively high. Africaveusities are no
exception to this but the main drawback is that voice communication ebagsice.
With the help of the Internet and open source products we may no longeicee
communication costs as an obstacle. This paper discusses what needs to be
considered and known for the successful deployment of VoIP betwemntsdfes
with differing network infrastructure and Internet connectivity. Fngect aims to be
a blueprint for connecting African universities together via voice anc\wder IP

on a data network.

Introduction
The use of legaclkublic Switched Telephone Netwo(lESSTNS) as a means of

communication is a worldwide phenomenon. For areasithgtnot have PSTN
coverage mobile cellular networks seem to fill the gd@s€ two communication
means may be adequate but are costly. The introductidoicd over Internet
Protocol (VolIP) in the mid-1990s added a new dimension to the comations
market. The use of VolP has grown from a small scalket penetration to
becoming a major player in the communications markefl[i8¢ reason for its
popularity is based on its cost, value added services, arbédeployment. When
VolIP was first made availabtguality of servicdQoS) was not a major deciding
factor. As time progresses, users will soon denfismed9s(99.999%) reliability for
their VolP communication. In September 2004 Skype experdeashort downtime

but there was not much of a loss in reputation as these the early days of Skype.



In August 2007 Skype experienced a communication downtirabaft two days and
this lead to a loss in confidence among affected Skype [igers

This paper looks at the deploymentlcdnga, which is a computer bas&divate
Branch ExchangéPBX) developed at Rhodes University [2]. This paper also
discusses how best to deploy VolP over different ndtwdrastructures and

maintain quality of service.

A test bed enables us to observe and analyze the beb&apyplications in a lab
environment that accurately emulate conditions on theuand/or planned
production network [4]. Using the test bed we will assessther there is a need for
traffic shaping to sustain a reliable voice session avangested network.

Background

Vol P and iLanga
VoIP essentially is the process of transmitting packagéeme samples over an IP

network. VolP commonly generates two types of trafioely signalling and real
time streaming. Signaling performs the task of establisiragnaging and terminating
VoIP sessions. Once a VoIP session is established @nmeastreaming protocol is
used to transmit voice data. A common signaling protosetl in VolP isSession
Initiation Protocol (SIP) and a common real time streaming protocol uskeas-

time Transport ProtocolRTP) [5]. The voice samples that are streamedhased on
the voice encoding used. Voice encoding is the digiinaof an analog audio stream.
Codecs and transcoding are used to perform this task. A codeed for audio data
compression/decompression. Transcoding is used for digetl-to-digital
conversion, from one codec to another [6]. When cimgosicodec a balance must be
obtained between bandwidth utilization and quality of sexvi

iLanga is an open source computer-based PBX. iLangarentlyrinstalled on the
Rhodes University IP-network and has connections to tié&Piianga has various
components namely Asterisg|P Express RoutédSER) and iLanga proxy [2].
Asterisk is an open source switching system that endidesoimmunication between
devices of similar or different telephony technologidsRSs an open source high-
performance SIP proxy for user agents. The iLanga praiges the capability of
multiple sessions to be made between the web frontsethdsterisk Manager API



The Asterisk Manager API is responsible for interfgdaetween third party
applications and PBX operations such as call recordingtoring and originate calls
[3]. Figure 1 illustrates the components of iLanga and tiey relate to each other.
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Figure 1: iL anga components

RTP
RTP sits at the application layer of tBpen Systems Interconnecti@SI) model

and encapsulates RTP packets in Wss= Datagram ProtocalUDP) packets. The
reason why UDP instead of TCP is used is because afrtsectionless characteristic
[6]. Within the VoIP framework if a voice packet is l@stdropped there is no need to
request a re-send as all conversations occur at realRifife¢ is essential because it
holds the payload (voice samples). A high rate of sgfgkesnd-to-end RTP

transmissions results in a high level call quality.

Codec and Transcoding
A codec is important in the VolP set-up because it peissampling of analog audio

streams and determines the data rate [6]. Transcodagpign important part of the
VoIP set-up because not all devices use or support sicoitkacs. Transcoding
overcomes this problem by performing conversions betwdfamett codecs.
Although transcoding gives VoIP a level of interopdrigbit is costly in terms of
delay and call quality. When selecting the appropriate codad/olP set-up a
balance must be obtained between maintaining inteligibmmunication and
reducing bandwidth consumption.



Connecting Sites
The two sites that this project focuses onRinedes UniversityRU) andUniversity

of Namibia(UNAM). The two institutions have different intetd@ndwidth
allocations and deploy a different LAN infrastructurebl€al is a comparative
between RU and UNAM:

Internet Link Speed LAN Speed
RU 12 224 Kbps Gigabit
UNAM 1 024 Kbps 100/1000 Mbps

Table 1: Comparison between RU and UNAM

From the table it is important to note that the nunadfersers on the network is

relatively similar.

Testing

Vol P Network Test bed

The main purpose of the test bed is to emulate the RBNUNhk and to carry out
gualitative tests. We may not achieve an exact repicaif the existing link and
bandwidth utilization between RU and UNAM but it does givgood base for
conducting required tests. The results of these teltmilience the exact nature of
VoIP deployment using iLanga. The tests will monitor amalyse how traffic flows
between a congested network and a less congested netswogkdifferent scenarios
with varying demands on available bandwidth. Using this dataam then see how
best to ensure that reliable and sustainable voice gatiens can be made regardless
of the level of congestion. In this case the critgatkets to be monitored are the

voice data packets (UDP carrying voice data). Figure tililes the test bed:
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Figure 2: Network Test bed




The settings on the 2600 series Cisco router are listetie 2:

Setting FastEthernet 0/0 FastEthernet 0/1
Bandwidth (kbps) 12 224 1024

Rate limit (bps) 12 224 000 1 024 000
Max burst (bytes) 1 528 000 128 000

Min bursts (bytes) 1 528 000 128 000

Table 2: Ciscorouter interface configurations

Analysis

The following steps were carried out to achieve a betsgght into bandwidth usage
on the test bed.

- UsingManageEngine VQManagevhich is a VolP network traffic monitoring
software toolwindumpwhich is a Windows based packet sniffer gretf
which is an end-to-end bandwidth measuring tool. The mitwaffic was
analysed to see which packets were bandwidth intensive ardkfaulifair
queue(FQ) traffic shaping method on a 2600 sefigscorouter [7]

- Under a default FQ on the router and streaming video thendNAM PC to
the RU PC the network was then analysed and voiteindlated between
the SIP clients

- Under aClass Based Weighted Fair Que(@BWFQ) [7] on the router and
streaming video from the UNAM PC to the RU PC the nekweas then
analysed and voice calls initiated between the Sé&ntsli

The tests conducted were a basic measure to see how beshtain an intelligible

voice conversation without increasing available bandwidth

Results
The results obtained from the analysis method arbile 3. Theviean Option Score

scale(MOS) is used to grade the quality of a voice conviens46]. MOS is an
accepted yet basic method of measuring voice quality ades&ibed in ITU P.800.
The MOS values range from 1 to 5 where 1 is bad (commionsabreakdown) and

5 is excellent (perfect auditory reception).



Test Result

FQ Voice Quality Rating: 4.4
Available end- to-end Bandwidth: 1.04 Mbits/sec¢

7

FQ with video streaming Voice Quality Rating: 3.5
Available end- to-end Bandwidth: 242 Kbits/sec
CBWFQ Voice Quality Rating: 4.4

7

Available end- to-end Bandwidth: 1.05 Mbits/se¢

CBWEFQ with video streaming | Voice Quality Rating: 4.3
Available end- to-end Bandwidth: 263 Kbits/sec

Table 3: Summary of Analysis Results

Future Work
The next phase of the project is to finalise VolP dapleyt. Using the results of the

tests and knowledge gained through the literature review thiegs should be
manageable. The process involves:

- Setting up and tweaking iLanga at UNAM

- Perform tests on the live RU-UNAM VoIP link

- Recommend border router configurations at UNAM and UNAIGR

- Verify a fully sustainable VolP link

After a successful deployment it will be interestinddok into video implementation
SO as to create a total package.

Conclusion
It is important to know the capacity and capability oeawork on which VoIP is to

be deployed. The main reason is to achieve five-9s proelatility. If periodic
network congestion exists the best method of avoiding goality voice
conversations is to implement QoS. This paper givesdichaaswer to the problem of
deploying VolP over low bandwidth networks with high saté network congestion.
In relation to the RU-UNAM link we are now better equegpo solve bandwidth
related problems in VolP deployment. The tests on éivwark test bed provided
more insight into where the problem areas lie and hawtbesolve them. The results
of this paper will help achieve our overall goal of depigya sustainable and reliable
VoIP service between different sites with differimgtwork infrastructure and Internet

connectivity.
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