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Abstract. This paper reechoes the need to use VOIP-based communication channels in order to reduce the heavy cost
burden of communication in Sub Saharan Africa and other developing countries. We focus specifically on the context of the
campus environment and implement IP PBX to cut down the cost of placing and receiving voice calls, instant messaging and
voice mails with other colleagues connected to an asterisk server on WIFI-enabled networks. We are motivated by the ease
and cost-effectiveness of setting up WIFI-enabled IP network infrastructure which in recent times could be extended to allow
inter-institutional linkage to allow collaboration and research.
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1. Introduction

Countries situated in Sub Saharan Africa and other developing countries in general, have traditionally been
characterised as having poor physical infrastructure, such as roads and telecommunication. As a consequence,
most countries in these regions have closed the chapter on obtaining telephone lines and fully embraced mobile
communication. The existing evidence with regard to mobile communication show benefits in various facets of
life such as in agriculture where improved market efficiency and reduced consumer prices for certain
commodities has been reported [1], in health and trauma cases such as post-rape service delivery [2], and in the
banking sector where mobile banking has brought on board the unbanked [3].

Although many benefits are reported of mobile communication for development, most users in Sub Saharan
Africa continue to perceive high costs attached to the mobile internet communication emanating from the mobile
data prices. As long as users continue to associate the internet with higher data prices, there will be no full
maturity usage of the internet in Sub Saharan Africa, and more so users in low resource settings. For example, a
survey of mobile phone usage in five African countries (Kenya, Uganda, South Africa, Ghana, and Nigeria) has
found that Internet browsing via phones now stands at 40 per cent across these countries, with 51% of
respondents in Ghana and 47% in Nigeria reporting that they use their phones to access the internet. South Africa
lags behind at 40%, and Kenya (34%) and Uganda (29%) are slowest on the uptake
(http://www.itnewsafrica.com/). Consumers in South Africa, one of the country which has a higher increased
uptake of smartphones, are at the forefront in voicing their discomfort with the high data prices via
#Datamustfall[4]. Comparatively, South Africa’s data prices are much higher than those in other countries on the
continent and in the world. This is concerning because according to [5], unless we tackle the issue of unaffordable
internet, we're just going to go on entrenching and worsening the existing divides and inequalities in our country’.
Consumers in the low remote areas of Sub Saharan Africa, who are unable to afford high costs of data, will be
worse off in this digital age. This problem is more severe for students who are in areas with shortages of qualified
teachers and traditional educational resources such as textbooks [6]. In some of these settings, studies have
confirmed that access to the internet does contribute to student learning. For example, [7] report that students
spent significantly more time using the university’s learning management system when classes were in session.
[8] Found that sixty percent of medical students in Pakistan used the internet sites to access subjects on medical
topics. They report less utilization of internet however which was due to slow speed of data transfer. [9] Shows
how effective mobile internet is in a learning system in secondary and higher secondary level students.

The context of this study is therefore in higher education institutions where students continue to face
challenges of access to the internet and learning material. Students have mobile phones which can aid their
learning for example having a chat discussion about a specific topic, but this is hampered by mobile data costs.
When students attempt to make communication with fellow students on matter related to academia, they incur
high costs because even though they reside in the same campus, the call signaling and voice traffic are always
routed to the core network, which incurs extra telephony cost [10]. This study proposes a test-base using Zoiper
(SIP clients) and asterisk server Private Branch Exchange (PBX) for an intranet VoIP application. The Zoiper and
asterisk intranet VoIP implementation allows free communication without the need for telecommunication
provider charges be it call or data rates [11]. Zoiper (SIP client) is based on a custom configured PBX using the
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asterisk server to facilitate student communications across multiple university campus setting in developing
countries. [12] defined PBX as a telephone system that switches calls between users within a small area, such as a
hotel, an office building, or a hospital. Most higher institutions of learning have installed wired and wireless
intranet (e.g. LAN) making it possible for them to implement and manage their own PBX. The campus PBX
using Zoiper and asterisk is therefore intended to tap into these intranet services to allow students easier and free
communication, specifically make phone calls and have instant messaging services. Students can make phone
calls and have instant messaging services. Although PBX is an old technology, it has not yet been fully utilized in
the education context of Sub Saharan Africa and this study considers PBX a paramount solutions for the
challenges of students in developing countries, and as [13] notes, PBX should be considered as part of a nation’s
critical infrastructure, along with the public telephone network

The rest of the paper is structured as follows: related works on PBX and its use in developing countries is
covered in Section II. Section III outlines the research methodology. Section IV presents the findings. Section V
discusses the findings and section VI concludes the paper.

2. Related work

2.1 Mobile data costs in developing countries

For internet utilization to spread and become mature in Sub Saharan Africa, mobile data prices have to be
perceived affordable or free for the majority of people, both for the urban and rural communities. According to
Tariffic (FinTech.com), some countries in Africa, such as South Africa, face higher data costs when compared to
BRICS-member countries Brazil, Russia, India and China, and that "data prices for South Africa were on average
134% more expensive than the cheapest prices in the group”. South African consumers have publicly made the
awareness of high data costs and have called for its reduction through various channels such as the #DataMustFall
[4] initiative [14] [4].

As more countries start to adopt smart phones and the need for mobile data increases, cost will remain a
problem. According to the latest study by [15] the common use of mobile phones in Africa includes sending text
messages, taking pictures or video, and mobile banking. Other reasons include getting political news, accessing a
social networking site, getting health and consumer information and looking for a jobs. Even in countries with
low data costs in Sub Saharan Africa such as Tanzanian, there remains low mobile internet usage. According to
[16], one of the principle reasons, specifically amongst users situated in low resource settings (rural areas,
example farmers) is because “of price charged per MB when downloading info/docs or browsing websites e.g.
Google”. These findings show the significant importance of findings solutions to address data costs in developing
countries where, average monthly fixed broadband prices are three times higher than in developed countries and
mobile broadband prices are twice as expensive as in developed countries [17] To attain internet usage maturity,
there is need to decrease the prices because the decrease in mobile-broadband prices goes hand in hand with an
increase in the intensity of use [17].

2.2  PBX application use in the context of higher institutions

Although the use of the internet in developing countries is low, this could potentially change if internet use is
perceived affordable and if possible free, especially in areas perceived to be either critical for operations such as
in health or important for supplementing existing educational material. Those in the education sector have since
identified the importance of ICT and the internet in particular in learning for students who reside in areas where
access to learning material and teachers is a challenge. Most learning institutions in developing countries have
now access to Internet but its use for most students remains a challenge due to the high cost. As a consequence,
students remain at a disadvantage when comparing them to students in the developed economies.

Several solutions have been proposed to address student access to the internet within their limited local such
as a campus, but few focus on the context of Sub Saharan Africa. One example is the VillageCell solution by [18]
of multiple base stations which are connected through the local wireless network, and calls are routed via private
branch exchange (PBX) servers implemented in an open source framework (Asterisk). VillageCell in Africa
allows free calls within the local network and standard connections to outside callers using the satellite link. It
also uses free, open source solutions and off-the-shelf hardware, and hence the total deployment cost is minimal
and the solution is scalable.

Examples that feature specifically in the context of education campus include the works of [19] who designed
and implemented an Asterisk server to serve as the local exchange for placing voice and video calls within a
private Wi-Fi cloud and legacy networks (Public Switch Telephony Network). Their model which is accessible
within the area of a university campus, allows only those mobile phones and PCs’ to connect to the Asterisk
server which are registered with the wireless network. [20] Developed a voip based asterisk pbx on ubuntu 11.10
which allow unlimited free calls with the help of ip phone or traditional phone within a lan/can without internet
connection. For wireless communication, the authors whose study was situated in Asian context where there is
limited bandwidth, extended voip based pbx to wi-fi technology. [21] Present a VoIP based solution designed for
the use over a campus environment whose operating costs of phone systems take a large part of the budget. Their



proposed solution is designed to carry all telephony signals by offering a new communication tool in which data
packet streams are transmitted over IP. Like a standard SIP server, the solution is a IP software which can
simultaneously act as a phone gateway for the phone system.

3. Methodology

VoIP technique is gradually becoming the most common communication system as a result of its benefits over
the Public Switched Telephone Network (PSTN). This communication technique is popular to many who are
not new to using softphone application such as Skype, WhatsApp, Imo, Facebook and the likes. VoIP offers less
expenditure as well superior flexibility, management and support compared to the PSTN [22]. Hence, for this
study, VoIP implementation using campus IP intranet was used to explore the most economical means of
communication and exchanging information. Not only can campus VolIP deliver voice services, but stakeholders
could appreciate multimedia sessions such as video conferencing, telepresence, instant messaging and fax data
over intranet using Internet Protocol at no usage cost. In this study we propose a test-based Wi-Fi-enabled
campus intranet with VoIP integration using Zoiper softphone (SIP clients) and asterisk server as the Internet
Protocol (IP)-PBX. The PBX is a private telephone exchange allowing multiple telephones to be connected
together for communication [19].

3.1 System Architecture

Three VoIP software packages, Asterisk, Trixbox, and PBX in a Flash (PBXiF), were selected for testing as a
replacement for the old PBX system. These selections were made based on three criteria: 1) cost of acquisition
and support, 2) availability of forums or technical support groups, and 3) compatibility with industry standard
hardware platforms [23]. The most known telephone software for processing calls and providing a powerful
control over call activity is Asterisk [24] therefore; this study used the Asterisk IP PBX, a system that enables call
routing and other VoIP functions for the VoIP phones [24]. PBX is situated on the network Infrastructure layer
which is responsible for communications where the Delivering information and transferring Voice are based on
specific protocols, such as session initiation protocol (SIP) and real time protocol (RTP) [25].

The SIP client softphone (Zoiper) was opted for the campus intranet VoIP solution as it the SIP is among one
of the widely used voice signalling protocols developed by the Internet Engineering Task Force —IETF [26].
Furthermore, [22] mentions SIP forms the major basis as the standard signaling for IP networks to enable VoIP.
Thus, PBX and network systems that do no support SIP would be replaced with SIP enabled PBX and network
systems that packet switched and IP enabled. Figure 1 shows the IP PBX and its connections to the various client
softphones; the sip:6003@192.168.43.82 and sip:6004@192.168.43.82 SIP addresses are used by the IP PBX to
identify and communicate with the various SIP-client softphones on the campus intranet.
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Fig.1. The IP PBX SIP registration Diagram

With this setup, the operational cost is significantly reduced, since the voice communication infrastructure
becomes part of the campus intranet, instead of being provided Telephone Company. Another important
consideration, is that we use an open source PBX called Asterisk to develop this layer. Furthermore, to check the
user’s connection (in telephony this requirement is called presence), we set up an openfire server connected to the
PBX to manage presence feature. We used Asterisk as it is an open source PBX and it supports all the security
techniques. The Asterisk PBX software was loaded on two Dell Desktop machines [25].

3.2  Implementation

The Asterisk PBX softswitch is configured to use the SIP protocol for the establishment and termination of
calls and SIMPLE for instant messaging. The Opus audio codec, which is supported by a large number of devices
and software, is used for voice call support in the Asterisk PBX. It provides good voice quality even on low-
bandwidth networks. Wireless access points are installed to allow SIP client softphones (Zoiper) communicate to
each other within the IP intranet as indicated in Figure 2. The IP PBX is connected to a Wi-Fi router which takes



the VoIP packets, decodes them, then re-encodes them into a wireless radio wave signal and broadcasts it into the
air. Wi-Fi enabled SIP client handheld phone picks up the signal and receives the call.
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Fig.2. Basic Intranet Connection for PBX System

Calls are made from one SIP client to another through the Wi-Fi supported Zoiper android mobile phone
application. The SIP client configuration is shown in Figure 3.

Account name

Authentication

Fig.3. SIP-client Softphone Configuration

Following the SIP client configuration, was the creation of the dial plan which defines how asterisk
handles the incoming and outgoing calls. The dial plan logic allows us to call between the extensions. The dial
plan logical code is specified in the extensions.conf file in asterisk system to authenticate the callers and to
provide different services such as voice mail, instant messaging etc. Figure 4 shows the dial plan designed for the
system.

[gasfella]
exten =3 GBA3, 1 Dial{SIP/&RG3,20)

exten =x HOB3,7,Voicemail(l@B@gasmail)
exten =3 6BA,1 VoiceMailMain{l888gasmail,s)

exten == GBA4,1,0ial({SIP/60@4)

Fig.4. Dial Plan (IP Asterisk PBX)

A messaging context, gasms, has been added to facilitate instant messaging. Most importantly a message sent is
retained and not lost in the system i.e. if the recipient is offline. It is automatically re-sent when the recipient
comes back online. Hence, no need for the sender to reconstruct and re-send the message. The dial plan also
facilitates voicemail functionality. Figure 5 shows the online and offline message configuration.



[zasms]

3 Handle successful messaging

exten =» _,,1,Mo0p(SMS recelving dialplan invoked)

exten => __,n,Nodp{To ${MESSAGE(to)})

oxten =» 0, No0p(Fron S{MESSAGE(from)})

exten = _.,n,MNoOp{Body ${MESSAGE(body)})

exten =» _.,n,Set(ACTUALTO=S{CUT (MESSAGE(to),®,1)}1)
gxten =» _.,n;MessageSend(p{ACTUALTO}, 3{MESSARE( from] })
exten =3 __,m, Modp{Send status is ${MESGAGE SEMD_STATUS})
exten =» _.,n,Gotolf (3] ${MESSAGE_SEND_STATUS}" I= “SUCCESS"]? startg)
exten =» _.,n,Hangup{}

exten = h,1,Hangup()

jHandle messaging for offline

exten =» _.,n{startq),HNolpQueueing messaging for offline)

exten =% _.,n,Set(MSGTIME=G{STRFTIME(S{EPOCH], , Sdin3Y-SH: 255 ])
gxten =» _.,n,SYSTEM(/var/1ib/asterick/agl-bin/fastquave, ch -SRC *§{SRC}
axten =» _.,n,Hangup( ) [app-fakeanswer]

exten =» _.,1,MoCDRexten =» _.,m,Set(DESTDEV-${EXTEN]})

exten =» .0, Set(THISDEVSTATE=S{DEVICE STATE(SIP/${DESTOEVE)})
exten =% _.,n,Gotolf ($["${THISDEVSTATE}" = "UNAVAILABLE"]?hang}
exten =» . n, Gotelf(§["${THISDEVSTATE}" = “UNKNOWN®]hang)
gxten = _.,n,Answer

exten =» _.,n,Hangup()

exten =» . n{hang},Hangup( )

Fig.5. Online and Offline Messaging set-up

In order for clients to communicate with each other, accounts are configured for each phone in the channel
driver which corresponds to the SIP protocol. The SIP channel driver used is chan_sip which is configured using
the sip.conf file. Extensions are given to every client of the system to uniquely identify each user and are
referenced by the dial plan to route calls to the right destinations. Figure 6 shows the configuration for the
chan_sip channel driver.

Il zeneral]

Tramsport — wdD

TeTtsupperls = wes

accepT outofocall mEessags — wES
ouTofcall messags Ccontext = gasms
[=ea3]

host=dynamic

Ty pe—=—Frde md
secret=testTIl1Ea
CconText=gastfaells
disallow—all

Sallocw—gsm Spus

[ =2aal]
host=dynamic

Ty pe=—Frde nd
SseCretT=TrtesTl1O8
CconTtext=gasfells
disall diw—all

S1 1 oer— = S S

Fig.6. Chan_sip Channel Driver Configuration

4. Findings
With regards to testing the Asterisk PBX call process (refer to Figure 7), the SIP clients, being soft phones,
register once with the Asterisk PBX server, and when they wish to make a call, they ask the PBX to establish the
connection. When the connection is established, a channel brings the call to the Asterisk PBX, converting the

analogue signal to a digital format by means of codecs (using the pulse code modulation technique (PCM)) and
translated over the network. Each call is received and placed on a separate channel.
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Fig.7. The Asterisk PBX call process.

softphone

The Asterisk PBX has a directory of all users and their corresponding SIP address and thus is able to connect a
call to the desired destination. For example, Figure 8 shows one of the successful registrations of SIP clients
6003 and 6004 on the PBX system for call process.

Fig.8. Successful Client Registration

The call processing takes place with the establishment of calls between successfully registered SIP clients and
terminates afterwards. Figure 9 shows the communication establishment and termination between the registered
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Fig.9. Successful Call Establishment and Termination.
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Fig.10. Instant Messaging Session between Clients

5. Discussion

Most developing countries and more specifically areas that are in remote areas tend to face challenges of
communication, despite having access to a mobile phone. Usually, those who want to access the Internet are
faced with the data cost problems which deter them from communication and ultimately internet use. This is a
challenge more experienced by students in rural settings whose need for the internet resources is important to
supplement their scarce resources they have such as books and adequate teachers. In this study, we address the
problem of data cost by taking advantage of and implementing the I[P PBX, which then addresses the
communication needs of the already over-burdened student. Registered clients within the proximal range of the
campus WIFI are able to communicate effectively with each other through calls, voice mails and instant
messaging without having to incur any cost. Beyond the campus WIFI range, it is still possible to connect to the
server through the internet in order to communicate with those who are also connected to the server either
through the WIFI or the internet. Hence, some cost is incurred only in the case where the student is either
beyond the campus wifi range or is communicating with a person not on the WIFI. The study therefore confirms
earlier works on the economics of IP-PBX which makes Voice over IP (VoIP) a cost-effective alternative to the
legacy PBX or key system [27].

6. Conclusion

The purpose of this study was to address the challenges experienced in developing countries around data costs
which in turn hampers communication. Taking a higher education context as the setting for the study, we
proposes a test-base using Zoiper (SIP clients) and asterisk server Private Branch Exchange (PBX) for an
intranet VoIP application as a way of addressing the challenges students experience at higher institutions. The
findings show that such a solution is effective and economical for institutions in developing countries. This
study therefore is a contribution towards the ICT4D agenda of having existing or innovative ICTs address
challenges experienced by people in developing country context.
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