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Abstract— IP-PBX is a complete telephony system that 

provide the free cost, wireless IP data network. An internet 

protocol based on private branch exchange system consists of 

one or more SIP phones. Here we need a VOIP (Voice over 

internet protocol) server with the best open source framework 

“ASTERISK”.  An IP-PBX term function as proxy server 

which is dedicated server using Raspberry pi. A GSM dongle 

is used for the internal SIM facility for the work. By 

implementing the server we make a wireless communication 

in the range of WiFi. The SIP Client must register on IP-PBX 

server and when a user wish to call it asked the server to make 

connection. Raspberry pi server is used to handle call request 

and managing traffic through the platform. IP-PBX has a 

directory of the all users with their SIP address only those can 

connected and communicate the server. Also 

communications are made in between these users only. 

External traditional also be allowed using this system. IP-

PBX can enable each and every person to an organization to 

be provided with voice extension, hence increase productivity 

which may easier to manage the routine operation. These no 

need to disturb current external communication infrastructure 

and operation since it use existing network. 
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I. INTRODUCTION 

An IP PBX is a private branch exchange telephone switching 

system within an enterprise that switches calls between VoIP 

(Voice over Internet Protocol or IP) users on local lines while 

allowing all users to share a certain number of external phone 

lines. An IP PBX connects telephone extensions to the Public 

Switched Telephone Network and provides internal 

communication for a business. An IP PBX is a PBX system 

with IP connectivity and may provide additional audio, video, 

or instant messaging communication1. 

 Some WiFi development boards and shields have 

started to come out that offer easy connections to your home 

and office WiFi routers. These connections, if made easily 

accessible enough, can directly replace Ethernet connections 

with the same home networking equipment but without wires. 

 VoIP gateways can be combined with traditional 

PBX functionality to allow businesses to use their 

managed intranet to help reduce long distance expenses and 

take advantage of the benefits of a single network for voice 

and data (converged network).  

 VoIP or IP telephony is a modern technology that 

lets you make phone calls over Local Area Networks (LANs) 

or the internet. Although VoIP only recently became popular, 

it’s been around since the early 1970s. All VoIP phone 

systems convert your voice into small packets of data. The 

recipient receives these packets over the internet. At their end, 

the receiver decodes the data back into your voice. 

 VoIP technology is having many advantages such as 

Lower costs, Increased accessibility, Complete portability, 

Higher scalability, Advanced features for small and large 

teams, Clearer voice quality, Supports multitasking, More 

flexibility with softphones; whereas VoIP has some 

disadvantages like Reliable Internet Connection Required, 

Latency and Jitter, No location tracking for emergency calls 

etc2. 

 Asterisk is an open source software PBX, Asterisk 

an open source framework for building communications 

applications. Asterisk provides Voicemail services with 

Directory, Call Conferencing, Interactive Voice Response, 

and Call Queuing. It has support for three-way calling, caller 

ID services, ADSI, IAX, and SIP. It runs on Linux, BSD and 

OS X and allows you to build a PBX given sufficient Linux 

and telephony know how. Asterisk does voice over IP in four 

protocols, and can interoperate with almost all standards-

based telephony equipment using relatively inexpensive 

hardware. Asterisk needs no additional hardware for Voice-

over-IP, although it does expect a non-standard driver that 

implements dummy hardware as a non-portable timing 

mechanism3. 

 Zoiper is a FREE IAX and SIP softphone 

application for VoIP calls over 3G or WiFi. Zoiper softphone 

is a standalone client-side software VoIP phone application 

and is not bundled together with a VoIP service4. Zoiper is 

available as customized branding solutions or VoIP SDK, 

please contact us for more information.  

Zoiper's key features includes 

 Support for different color schemes 

 Bluetooth support  

 Excellent audio quality, even on older devices 

 Supports calling over 3G and WIFI 

 Multiprotocol with SIP and IAX support 

 Lowest battery usage with highest reliability / stability 

on google play 

 Lowest latency of all android softphones, compatible 

with all RFC compliant PBXs 

 Background / multitasking support 

 Native dialer integration 

 Integration with the native android contact list 

 Speakerphone mute and hold 

 UDP and TCP transports (use TCP for better battery 

life!) 

 Supports g711 (ulaw, alaw), speex, iLBC and gsm 

codecs 

 Supports sending of DTMF 

 Built-in echo cancellation 

 STUN support 

 Change ringtone per account & call waiting 

 Call Transfer,  Wideband audio, Video support (gold 

users only) 
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 ZRTP / TLS support (gold users only) 

II. OBJECTIVES OF THE STUDY 

IP PBX can enable each and every employee/person in an 

organization to be provided with a voice extension, thereby 

multiplying his/ her productivity. Instead of using traditional 

PSTN (Public Switched Telephone Network) and PBX 

(Private Branch Exchange) methodology, we can go for IP 

Phone call using Raspberry pi. Easier to manage the routine 

operations because of web based configuration interface. The 

extended features like call forwarding, sending message to a 

person’s mail box can also be   implemented.   

III. METHODOLOGY 

A. Virtual Box 

Virtual box is open source software. It is to create the space 

for Cent-OS operating system in our computers (server). 

Virtual box software provides a completely virtualized set of 

hardware to the guest operating system. Virtual box software 

virtualizes the hardware for a video adapter, a network 

adapter, and hard disk adapters. The host provides pass-

through drivers for guest USB, serial, and parallel devices. In 

this way, Virtual box provides virtual machines for other 

operating system in the same computer. 

B. LINUX 

The server is implemented by the operating system that is 

Cent-OS, because software that is Asterisk Software, this 

software are work on only Cent-OS operating system. Cent-

OS ("Community Enterprise Operating System") is a Linux 

distribution that attempts to provide a free enterprise class 

computing platform which has 100% binary compatibility 

with its upstream source. Originally, Cent-OS Linux (before 

it was thus named) was a build artifact for cAos Linux. 

Several of the cAos contributors at the time were really just 

interested in this build artifact for their own use. Cent-OS is 

available free of charge. Technical support is primarily 

provided by the community via official mailing lists, web 

forums, and chat rooms. Cent-OS version numbers have two 

parts, a major version and a minor version, which correspond 

to the major version and update set of Red Hat Enterprise 

Linux that was used to build that version of Cent-OS. We use 

Cent-OS 5.4 version for implementation of IPPBX server. 

During installing the Cent-OS operating system we required 

some packages such as Asterisk. Without this packages server 

cannot be proceed, hence, we select these all packages during 

installation5. 

C. ASTERISK 

Asterisk is an open source framework for building 

communications applications. Asterisk turns an ordinary 

computer into a communications server. Asterisk powers IP 

PBX systems, VoIP gateways, conference servers and more. 

It is used by small businesses, large business, call centres, 

carriers and governments worldwide. Asterisk is free and 

open source6. Asterisk is sponsored by Digium, the Asterisk 

Company. Asterisk provides a staggering list of capabilities 

and features including: 

 Interactive Voice Response (IVR): This system uses pre-

recorded voice menus to prompt callers to make 

selections via their phone such as "press 1for sales, 2 for 

support". 

 Call Parking: This feature refers to placing a call into a 

holding state so that it can be picked up at another 

extension. 

 Call Recording: The ability to record inbound or 

outbound calls. 

 Call Parking: This feature refers to placing a call into a 

holding state so that it can be picked up at another 

extension. 

 Call Queuing: A system that allows inbound callers to sit 

in a holding room listening to music on-hold until the 

next available agent is available to speak to them. 

 Call Transfer: This refers to the ability to transfer an 

existing call to another extension. 

 Caller-ID: Caller-ID is used to display the phone number 

and other available information of the user that is calling 

into the system. 

 Automated Attendant: An automated system for 

answering incoming calls and routing them based on the 

caller's responses to voice prompts. 

 

D. RASPBERRY PI 

The Raspberry Pi is a series of credit card–sized single-board 

computers developed in the United Kingdom by the 

Raspberry Pi Foundation with the intention of promoting the 

teaching of basic computer science in schools and developing 

countries. The original Raspberry Pi and Raspberry Pi 2 are 

manufactured in several board configurations through 

licensed manufacturing agreements with Newark element14 

(Premier Farnell), RS Components and Egoman. The 

hardware is the same across all manufacturers7. 

 
Fig. 1: Raspberry Pi kit 
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 The Raspberry Pi hardware has evolved through 

several versions that feature variations in memory capacity, 

and peripheral device support. 

 The Raspberry Pi has a Broadcom BCM2835 system 

on a chip (SoC), which includes an ARM1176JZF-S 700 

MHz processor, with 512 megabytes of RAM. It does not 

include a built-in hard disk or solid-state drive,but it uses an 

SD card for booting and persistent storage. 

 
Fig. 2: Architecture of Raspberry Pi 

 The block diagram depicts models A, B, A+, and 

B+. Model A and A+ and Zero lack the Ethernet and USB 

hub components. The Ethernet adapter is connected to an 

additional USB port. In model A and A+ the USB port is 

connected directly to the SoC. On model B+ the     chip 

contains a five-point USB hub, of which four ports are 

available, while model B only provides two. On the model 

Zero, the USB port is also connected directly to the SoC, but 

it uses a micro USB (OTG) port8. 

IV. INSTALLATION OF LINUX 

In this work the Raspberry Pi ARM 11 board is the main CPU 

in which the Linux OS called Cent-OS is installed then after 

login to pi the Asterisk server packages are installed 

V. INSTALLATION OF ASTERISK 

There are many different areas that we can access from here 

and the majority of our system configuration can be done 

within this nicely laid out and user-friendly web interface. 

The web interface can be accessed by pointing the browser to 

the URL we were shown earlier when we logged into the text 

console9,10 

 Download and install Asterisk 1.4. After installation 

we have to create the users in sip.conf and dialplan in 

extensions.conf 

A. Asterisk Configuration Files  

 Asterisk configure two different approaches can be 

deployed. 

 During the configuration process the following files 

where manually edited. 

 Extension. Conf : This file defines the Dial plan for 

various users  that determines how they interact in the 

Asterisk. 

 
Fig. 3: Dial Plan 

 
Fig. 4: Creation of users 

VI. NETWORK MONITORING 

For network monitoring the tool used is wireshark. It is very 

powerful tool and always used in Unix platform  

A. Packet Capturing 

For the traffic capturing we need a couple of things such as, 

VoIP server, client softphone and attacking machine 

“wireshark tool” inside the network. 

To capture VoIP call traffic: 

Go to attacking machine >> open 

Terminal>>wireshark>>press enter 

Go to capture>> start>> type SIP in the box next to filter 

 Following result shows capturing traffic, sip phone 

is ringing and also showing Registration of SIP clients 

 
Fig. 5: SIP detected and registered 

Call progress in beween the users registered from 192.168.0.8 

to server 
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Fig. 6: call progress 

 The lowest layer of SIP is its syntax and encoding. 

Its encoding is specified using an augmented Backus-Naur 

Form grammar (BNF). At the second level is the transport 

layer. It defines how a Client sends requests and receives 

responses and how a Server receives requests and sends 

responses over the network11.  

 Then transaction is a request sent by a Client 

transaction (using the transport layer) to a Server transaction, 

along with all responses to that request sent from the server 

transaction back to the client. Any task that a user agent client 

(UAC) accomplishes takes place using a series of 

transactions. Stateless proxies do not contain a transaction 

layer. 

VII. RESULT 

In this way, we have installed the IPPBX server. By 

implementing this IPPBX server, we can make wireless 

communication in the range of Wi-Fi. An IPPBX sever 

provides free of cost calling without sim card. So, the use of 

technology in communication both to individuals and 

businesses can add new dimensions using a Raspberry Pi 

which is act as a server through which wifi router and GSM 

dongle is connected. For a given range of WiFi communicate 

easily through this network and for External communication 

GSM dongle is used. 

 It is a low-cost and modular solution that completely 

meets its basic function, transporting of voice packets over IP 

networks. 

 The main advantage of this is that the 

communication is possible where the telephone is not 

available so we can create our own network in a particular 

range so that the communication can easily possible. 
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