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Abstract— The important part of many organizations is to provide interactive and cooperative customer care using telephony 
with client interaction. The interactive voice response (IVR) system serves as a communication link between computer and 
people with connection of the telephone network with acceptable instructions. The telephone user can get access to the 
information wherever wanted at any random time with the convenience of dialing a specific number and following an automated 
instruction when a connection established. The Interactive voice response system makes use of computer generated voice 
responses or pre-recorded message to provide information for responding to the choice given by a telephone caller. This choice 
may be the input given by Dual Tone Multi-Frequency (DTMF) signal, which gets generated from the telephone set as user or 
caller presses a choice numbered key, and the sequence of messages to be played according to an internal menu structure and the 
user input. In the proposed model, first the VoIP system has been implemented with IVR on asterisk server which works as a 
VoIP service provider. The asterisk server is configured on Centos (Linux) cloud server. The noticeable significance of the 
proposed system is VoIP server itself configured as a VoIP server, IVR provider, VPN server, in a single asterisk server 
internally with virtualization environment. There is one central server and many telephony endpoints registering with central 
server. The server's task is to resolve a dialed address to an IP address and make a connection for IVR. 
 
Index Terms— IVR, Voice over Internet Protocol (VOIP), Dual Tone Multi-Frequency (DTMF), Asterisk Server, SIP. 
 
I. INTRODUCTION 
 
Interactive Voice Response systems (IVRS) represent a 
powerful way for automating business and customer-
facing processes. An IVRS is an innovative model in 
the field of voice supported services on telephone, data 
that contains information related to the user and data of 
their interest. IVR systems, process phone calls, play 
voice messages which were recorded previously; 
redirect calls to service agents and provide callers with 
real-time data from database. IVR technology doesn’t 
need human interaction on the telephone, as the caller’s 
interaction with the database is predetermined by the 
IVR system. IVR system will decide what should be 
allowed for the user access. IVR technology can be 
used for the collection of information on telephone in 
which the user is prompted to answer questions by 
pressing the numbers on a keypad of telephone. 
Interactive voice response systems can combine DTMF 
tone input resulting operational effectiveness with 
customer satisfaction. VoIP (Voice over Internet 
Protocol) is a booming technology in the recent period 
and has achieved appreciation in the industries like 
educational and professional institutions. The VoIP 
technology is getting famous because it is available as 
open source to everyone from the internet. It has 
established itself as the best option to the Public Service 
Telephone Network (PSTN) interface. This technology 
provides alternative intercom facility using computers 
instead of using hard-core telephone instruments. For 
the communication, implementation of this technology  

 
provides the simple wiring set up for the computers 
along with phone lines. The hard-core telephones can 
be replaced by the IP phones those can be installed on 
any platform. This system can be connected to the 
PSTN via VoIP gateways. The main protocols for the 
implementation of this technology are SIP. The asterisk 
server which acts as VoIP server is the open source 
software design for establishing the VoIP connection 
between the users. This server is only the session 
initiation protocol server between the IP address of the 
users. Asterisk can be programmed for the Interactive 
Voice Response System used in call center or any 
organization for making call from PSTN to PBX. 
Asterisk is technology and protocol, which allows you 
to connect with outside world using traditional 
telephony technologies or VoIP. Phone systems based 
on Asterisk improving time to time with new features. 
 
 
Flowchart of Sequence followed in the IVRS service 
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Figure 1.1 

 
Interactive Voice Response Features: 
•  Multiple telephone line support both on Analog 

and Digital.  
•  Can be combined with various types of databases. 

Fetch playback data from database. 
•  Call Transfer to other extensions, keep track of the 

Caller ID, premising the recipient to answer or 
reject the call. 

•  Complete log maintenance of user details and very 
choices made by user during the call. 

•  Multiple Language support (English /Hindi). 
•  ANI: (Automatic Number Identification). 
 All these features are the programming in Asterisk 

depends upon the customer need. 

II. RELATED WORK 
 
In [1] the proposed system provides the VoIP facility 
on Linux Centos 5 platform. Author discussed about the 
various security issues of the VoIP communication 
using asterisk server in virtualization environment. The 
VoIP server alone is providing multiple facilities like 
Mail server, VPN server and by configuring it once and 
it can capable to operate many users which are 
previously registered in the SIP proxy server. The 
Centos 5 platform is open source operating system. The 
concept of Virtualization appears to be more 
understandable to the developer by using such low cost 
application. The [2] system designed will be intelligent 
for interaction and will suitably provide good response 
to the caller who can use it. This will be really a best 
response system for mankind. The aim of the research 
[2] was to develop Automated IVR for college 
management system serving to provide result 
information, attendance information with clustering 
environment along with virtualization. In [3] a survey 
of Voice over IP security, they discussed about the 
existing capabilities and to identify gaps in addressing 
the various possibilities of attacks and threats present in 
VoIP systems. In [4] the paper gave the description of 
the challenges while designing the Automatic Speech 
Recognition (ASR) System on telephony. It also 
describes the challenges in designing interactive voice 
response system. The survey [5] also found that the 
overwhelming majority of the work takes a black box 
view of VoIP systems that ignores checking their inside 
structure and implementation. In [8] [9], there is a 
detailed description of SIP proxy server performance 
while using VoIP services. They have also analyzed 
and evaluated most of the features of SIP. The Asterisk 
voice engine is open source and is available free of 
charge to all. Asterisk-based IVR systems that connect 
over VoIP require no special hardware or software 
licenses. Asterisk is an open source, converged 
telephony platform, which is designed primarily to run 
on Linux. Asterisk combines more than 100 years of 
telephony knowledge into a robust suite of tightly 
integrated telecommunications applications. The power 
of Asterisk lies in its customizable nature, 
complemented by unmatched standards compliance. No 
other PBX can be deployed in so many creative ways. 
Applications such as voicemail, hosted conferencing, 
call queuing and agents and call parking are all standard 
features built right into the software. Moreover, 
Asterisk can integrate with other business technologies 
in ways that closed, proprietary PBXes can scarcely 
dream of. 
Traditional IVR systems are built on top of expensive 
proprietary voice engines which in turn are built on 
expensive proprietary telephony hardware. Asterisk 
simplifies the process of building an IVR and reduces 
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the costs significantly. Asterisk’s dial-plan scripting 
language includes commands to play recorded prompts, 
to collect digits or spoken responses and to reply with 
synthesized or recorded responses. 
 
III. PROPOSED WORK 
 
The proposed work will be implementing on cloud 
server. On this cloud server asterisk server will be 
configured and the IVR system will be implemented on 
that asterisk server. In this system the IVRS is realized 
by configuring the files namely extensions.conf, 
sip.conf, and voicemail.conf encompassed inside the 
asterisk 1.6.1.2 package on the Centos 5 Linux 
platform. The user can connect and communicate 
through this server anywhere in the world. The 
proposed system includes following phases. Each phase 
is described in details. 
 
Network diagram: 

 
Figure 3.1 

 
3.1 VoIP System implementation 
The whole system is realized inside the Asterisk server. 
The system gives good performance on Local Area 
Network of a single environment. We can configure our 
own VoIP system for doing inter user calling for 
employees. 
 
3.2 Configuration of the SIP proxy server 
The Session Initiation Protocol commonly used in VoIP 
phones establish connections distribute and allocate 
calls, along with any changes. The Session Initiation 
Protocol (SIP) is an application-layer control protocol 
[9] for creating, maintaining, and distributing sessions 

for various types of media. SIP is being used for many 
media-oriented applications such as Voice over IP 
(VoIP), voicemail, instant messaging, IPTV, network 
gaming, and more. Session Initiation Protocol (SIP), is 
the standard communications protocol for voice and 
video across the data network. A SIP trunk provides 
good alternative solution to the requirement of 
traditional Public Switched Telephone Network (PSTN) 
connections with termination which is given to private 
or public Internet connection via a SIP provider. These 
SIP providers mainly addressed as Internet Telephony 
Service Providers. SIP Trunking also uses VoIP to 
make use of shared lines to permit more flexibility in 
communications. Many organizations already use VoIP 
within their PBX on the Local Area Network to make 
connection with IP phones. 
On the Internet there are applications that needed the 
creation and management of a session [8], where a 
session is considered an exchange of data between 
groups of participants. The implementation of such 
applications is complicated by participants. Users may 
be identifiable by multiple names and move between 
endpoints, callers may communicate in several different 
media simultaneously. The [7] Session Initiation 
Protocol (SIP) works in connection with these 
applications by permitting Internet endpoints to find out 
one another and to share the session which they want. 
SIP allows the creation of infrastructure of network 
hosts which we can call proxy servers to which users 
can send invitations to sessions and other requests. SIP 
is a generally used tool for creating sessions, 
terminating sessions and modifying sessions which can 
work standalone as transport protocols with many 
participants and it does not need to confirm which type 
of session is going to establish. Session initiation 
protocol is the major signaling protocols used in Voice 
over IP (VoIP). 
The implementation of system can be initiated by 
configuring the SIP proxy server [9] [10] [11]. SIP 
(Session Initiation Protocol) is used for configuration of 
the SIP proxy server. The SIP server can be configured 
by configuring the sip.conf file. This file contains the 
SIP user registration for Inter Asterisk Communication 
for VoIP networks. The Path of SIP.config file is 
/etc/asterisk/sip.conf. In the registration 
process there are many important parameters related to 
user are included like host, type, DTMF mode, 
insecure, secret, username, context, qualify, mailbox 
etc. For the audio streaming Sip file is generally used. 
This file contains the registration details of every user 
who is using VoIP service. If this registration is not 
done then user can not avail the facility of inter user 
call between parties which are registered in the sip.conf 
file. There are obviously multiple users in a LAN using 
a VoIP service using asterisk server. Every user detail 
must be entered inside the same context. The sip server 
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is using the IP address of the Linux system which will 
work for asterisk server. In the implemented system 
192.168.0.20 IP address has been set which is the 
private range address. Asterisk service listens on the 
default port 5060. 
 
3.3 Creating Dial plans 
The dialplan is truly the heart of any Asterisk system, 
as it defines how Asterisk handles incoming and 
outgoing calls. It will work on a list of instructions or 
steps that Asterisk will follow. Asterisk’s dialplan is 
fully customizable. The Dial Plans are most important 
part inside the VoIP system which is written in the 
extensions.conf file. The dial plans gives guideline to 
the asterisk server which task to do and how to do. The 
[11] extensions.conf file path is in the 
/etc/asterisk/extensions.conf. When asterisk is started 
for implementation the asterisk server read the 
extensions.conf file. The dial plans are prescribed in the 
specific context. Every context has its own different 
dial plans. The asterisk server first checks inside which 
context where it reads the dial plans and identifies 
which activity to be done. After finding the context the 
asterisk server reads out the sip.conf file and matches 
the context written in the extensions.conf file. After 
matching both the contexts the server will execute 
specified task without any error. Dialplans are broken 
into sections called contexts. Contexts are named 
groups of extensions, which works for various different 
purposes. Contexts keep different parts of the dialplan 
from interacting with one another. An extension that is 
defined in one context is completely separated from 
extensions in any other context, unless interaction is 
specifically permitted. If it fails in offending the context 
inside the sip.conf file, it will return an error and 
terminate the process which was running. The dial 
plans fields containing following statements. 
[context-name] 
exten => _3128,1,Operation(); 
 
In these statements [context-name] is the name of the 
context specified in the sip.conf. exten is the keyword 
used to write the dial plans inside the extensions.conf 
file. As the file is extensions.conf so every dial plan 
must be written by using exten = > word. _3128 is the 
extension number of the user to whom the other user 
dials to call. The number after the extension number is 
priority of the task here it is 1. Using this priority 
number the task must be performed. If the priority is set 
as 1 then the priority of task is given as highest. The 
greater numbers represent the lowest priority task. 
Operation () is the function which is the task given to 
the asterisk server which must be done. The Operation 
() can be any functions of the asterisk like Answer (), 
Hangup (), Playback (), Goto (), Dial (), Read (), 
Voicemail () etc. 

3.4 Configuration of voice mail file 
If the user wants the facility to send voice message 
inside the other users’ account we can configure voice 
mail file. The voice mail can be listened by user 
dropped by the caller when user is dialing specified 
extensions. This [12] voicemail.conf file is inside the 
path /etc/asterisk/voicemail.conf. 
 
3.5 Implementation of the Interactive Voice Response 
(IVR) 
The interactive voice response system is implemented 
on asterisk server which is configured on Linux Centos 
5 cloud server. This system runs on the asterisk package 
which is easily available and configurable on a Linux 
platform. This system will provide a low cost VOIP and 
IVR solution to the institutions having large number of 
employees. In the proposed architecture the phone 
which are being used for inter user communication are 
IP soft phones. This system architecture represents the 
magical power of Linux as open source growing 
technology. Depending on the input and requested 
information, the IVR will visit the resource on the 
server and related information system then search the 
required information and queries result to the IVR 
server and then play the voice files to the customers 
through telephones. After that it will finish the process 
of IVR request and response. 
 
CONCLUSION AND FUTURE WORK 
 
Now days, everyone wants to do work comfortably 
from office or home simply through phone or computer. 
This project aim is to offer information to the user 
easily. The system designed will intelligently interact 
and will provide good response to the caller who can 
access it. According to the task we can use the best 
appropriate functions. This type of system performs 
operations like a human telephone operator. The main 
limitation of the asterisk system is that it can only 
understand the number. The inputs in the form of pure 
numbers can avoid this limitation. Asterisk includes 
many functions that 
make it a powerful IVR platform. IVR applications can 
be developed through the Asterisk Gateway Interface or 
with effective dialplan and can integrate virtually with 
any supporting system. The Asterisk software is free 
and easily customizable. The deployment of an Asterisk 
system is less expensive. The future work will be 
developing IVR system with more features of asterisk 
tools. 
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