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Abstract - Voice over Internet Protocol (VoIP) is a technology that came as an option for the public switch telephone 
network (PSTN) to make a phone call through internet.Voice over Internet Protocol that is based on digital technologies is a 
group of hardware and software that uses the Internet Protocol (IP) to transmit voice as packets over an IP network. In this 
paper, we are implementing a conceptual model of VoIP system for Bhaderwah Campus, University of Jammu, Bhaderwah, 
J&K that will aid free calls, data services and enhanced quality of service using Cisco Packet Tracer’s telephony service. 
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I. INTRODUCTION 
 
VoIP stands for Voice over Internet Protocol that 
sometimes also referred to as voice over networks, 
voice over broadband, internet telephony or phone 
service over the internet. VoIP is a technology that 
facilitates to carry phone calls over an IP data 
network on the Internet or own internal networks. 
VoIP increases functionality and reduces costs 
because telephone calls pass through the data network 
instead of the telecommunication network of a 
company. VoIP converts voice communication i.e. 
analog audio signals into digital data that can be 
transmitted over the Internet. The extraordinary 
development of VoIP is the result of ongoing 
reduction in quality differences between existing 
Public Switched Telephone Networks (PSTN) 
telephony and VoIP, quick commercial solutions, 
network improvements, enhancement in bandwidth 
over whom VoIP may be transported [1]. 
 
The Public Switched Telephone Network (PSTN) 
also known as circuit-switched telephony is a 
connection-oriented, circuit-switched network that 
runs on large infrastructure like cables, mobile towers 
etc. and make use of dedicated circuits for 
transmission. The PSTN had switched to transmitting 
digital signals to solve the problems associated with 
its original analog transmission using Pulse Code 
Modulation (PCM) to convert all analog signals into 
digital transmissions at the calling and receiving ends. 
However, the PSTN suffers two significant 
disadvantages: high cost resulting from the expensive 
bandwidth and an inefficient use of networking 
channels [2].In contrast, Voice over Internet Protocol 
that is based on digital technologies is a group of 
hardware and software that uses the Internet Protocol 
(IP) to transmit voice as packets over an IP network 
and is defined in the recommendations ITU-T H.32x 
and RFC2443. This facility of transmission of voice 
over internet can be achieved on any data network 
that uses IP like Internet, Intranetsand Local Area 
Networks. The voice signal is digitized, compressed 

and converted to IP packets and then transmitted over 
the IP network. Signaling protocols are used to set up 
and tear down calls, carry information required to 
locate users and negotiate capabilities [3].Examples 
of VoIP are WhatsApp, Reliance Jio and Skype calls 
that are possible only through internet and are free of 
cost.  
 
II.  VOIP SIGNALING PROTOCOLS 
Signaling protocols play an important role to make 
phone calls over internet because it permits the 
network components to communicate with each 
other, hence set up and tear down calls [4]. Signaling 
in VoIP is required to establish a point to point 
connection and to keep it open for the duration of the 
call. The primary roles of a signaling protocol are 
session establishment, user location, call participant 
management and session negotiation. Some of the 
signaling protocols are discussed below. 
 
A. H.323 
H.323 is peer to peer, ITU-T (International 
Telecommunication Union) standard, ISDN based, 
distributed topology most widely deployed VoIP 
protocol in enterprise networks that provides 
multimedia video conferencing, voice, and data 
capability for use over packet-switched networks. 
H.323 consists of family of protocols that are used for 
call set-up, call termination, registration, 
authentication and other functions [5]. H.323 defines 
four coherent components including terminals, 
gateways, gatekeepers, multipoint control units 
(MCUs). An H.323 terminal is an end point device 
that provide bidirectional communication services 
with another H.323 terminal, gateway, or multipoint 
control unit. A H.323 terminal could be a stand-alone 
device or personal PC that runs H.323 and 
multimedia applications [4].Gateways are translation 
devices that provide real time bidirectional 
communication between terminals. A Gatekeeper is 
an H.323 device that performs call control duties for 
terminals. A gatekeeper also performs admission 
control, bandwidth control and zone management 
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services. MCU coordinates between three or more 
terminals and gateways to participate in a multipoint 
conference. 
 
B. SIP  
Session Initiate Protocol (SIP) is a peer to peer 
signaling protocol that was defined by the Internet 
Engineering Task Force (IETF) for creating, 
modifying and terminating sessions between two or 
more participants [5]. SIP is a signaling channel for 
voice over IP and is a light weight protocol that is 
mostly implemented User Datagram Protocol (UDP) 
or Transmission Control Protocol (TCP) [6]. Besides 
voice, SIP can also be used for video conferencing, 
instant messaging, file transfer, online games etc. SIP 
is a request-response protocol that works in the 
application layer of the OSI model and the requests 
can be sent through any transport protocol, such 
as UDP, TCP.  
 
C. MGCP 
Media Gateway Control Protocols (MGCP) was 
defined by the Internet Engineering Task Force 
(IETF) and is based on client server architecture with 
call agent as server and endpoints as clients. It is used 
for controlling telephony gateways from external call 
control devices called call agents or media gateway 
controllers.The Call Agent uses MGCP to tell the 
media gateway which events should be reported to 
the call agent, how endpoints should be inter-
connected, and which signals should be activated on 
the endpoints. [3, 7]. 
 
D. SCCP 
The Skinny Client Control Protocol (SCCP) is a 
lightweight IP-based protocol for session signaling 
with Cisco Unified Communications Manager, 
formerly named CallManager. CallManager acts as a 
signaling proxy for call events initiated over other 
common protocols such as H.323, SIP, 
ISDNandMGCP etc.[8].It is used for registration of 
endpoints, call messages, addressing and controlling 
phone display. 
 
III. VOIP REAL TIME PROTOCOLS 
 
The protocols used to send real time streams of data 
across a network are called real time protocols. Real 
time protocols deliver audio and video over IP 
network. RTP (Real Time Protocol) and RTCP (Real 
Time Control Protocol) comes under VoIP real time 
protocols that run on the top of User Datagram 
Protocol. 
 
A. Real Time Protocol (RTP)  
Real Time Protocol (RTP)a network protocol for 
delivering audio and video over IP networks. RTP is 
used extensively in communication and entertainment 
systems that involve media, such as telephony, video 
teleconference. RTP is used in alliance with a 

signaling protocol that assists in buildup connections 
across the network[4].SIP and H.323 both used real 
time protocol. RTP typically runs over User 
Datagram Protocol (UDP). 
 
B. Real Time Control Protocol (RTCP) 
Real Time Control Protocol (RTCP) is a control 
protocol and works in combination with RTP. RTCP 
provides Quality of Service (QoS) feedback and 
session information [6]. RTCP can monitor the 
fraction lost, jitter, packet loss and one way delay [4]. 
RTCP allows participants to indicate that they are 
leaving a session with the use of BYE packet. It 
partners with RTP in the delivery and packaging of 
multimedia data, but does not transport any media 
data itself. 
 
IV. VoIP CODECS 
 
A Codec is an audio/video encoding algorithm used 
to encode and decode the voice stream over a data 
network. The voice stream needs to be digitized 
before transmitted over the internet as the voice 
stream is initially in analog form. At the destination 
end, the voice stream needs to be decoded in analog 
stream. Codec uses different algorithms to compress 
and decompress the voice stream. Each phone, 
gateway, service etc. supports several different 
codecs. Some common VoIP codecs are mentioned 
below. 
 
A. G.711:G.711 was introduced by ITU. Its bit rate is 
64 kbps and sampling rate is 8 kHz. It is based on the 
algorithm Pulse code modulation (PCM). Its license 
is open source and delivers precise speech 
transmission. 
 
B. G.722:G.722 was introduced by ITU. Its bit rate is 
64 kbps and sampling rate is 16 kHz. It adapts to 
varying compressions and bandwidth is conserved 
with network congestion[9]. Its license is open source 
and has better quality and clarity than G.711. 
 
C. G.723.1:G.723.1 was introduced by ITU. Its bit 
rate is 5.6-6.3 kbps and sampling rate is 8 kHz [10].It 
is based on the algorithm MP-MLQ, ACELP. Its 
license is proprietary and can be used with dial up 
and with low bandwidth environments. 
 
D. G.726: G.726 was introduced by ITU. Its bit rate 
is 40/32/24/16 kbps and sampling rate is 8 kHz. It is 
based on the algorithm ADPCM. Its license is open 
source and an improved version of G.721 and G.723. 
 
E. G.728: G.728 was introduced by ITU. Its bit rate 
is 16 kbps and sampling rate is 8 kHz. It is based on 
the algorithm LD-CELP. Its license is open source. 
 
F. G.729:G.729 was introduced by ITU. Its bit rate is 
8 kbps and sampling rate is 8 kHz. It is based on the 
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algorithm CS-ACELP. Its license is patented and has 
excellent bandwidth utilization and error tolerant.  
 
G. GSM 06.10:  GSM 06.10 was introduced by 
ETSI. Its bit rate is 13 kbps and sampling rate is 8 
kHz with frame size of 22.5 ms. It is based on the 
algorithm Regular Pulse Excitation Long Term 
Predictor (RPE-LTP) and used for GSM cellular 
telephony. 
 
H. iLBC: iLBC stands for Internet Low Bitrate 
 Codec developed by Global IP Solutions and later 
acquired by Google. Its bit rate is 8 kbps and 
sampling rate is 13.3 kHz with frame size of 30 ms. It 
is used in many open source VoIP applications. 
 
I. SILK: SILK was developed by Skype. Its bit rate 
is from 6 to 40 kbps and sampling rate is variable 
with frame size of 20 ms. It is used in many open 
source VoIP applications. 
 
V. COMPARISON BETWEEN OSI MODEL 
AND VOIP PROTOCOLS 
 
Table 1 shows the relationship between the Open 
System Interconnection (OSI) reference model and 
the protocols and functions of VoIP network 
elements. 
 

OSI 
Layer 

OSI Layer 
Name 

VoIP Protocols and 
Functions 

7 Application 
Net meeting, 

Applications, IP Phone, 
Call Manager 

6 Presentation Codecs 

5 Session H.323, MGCP, SIP, 
Megaco 

4 Transport RTP, TCP, UDP 
3 Network IP 

2 Data Link Frame Relay, ATM, 
Ethernet, PPP, MLP 

1 Physical UTP, T1, E1, ISDN BRI, 
ISDN PRI 

Table 1: Comparison between OSI reference model and VoIP 
 
VI. CONCEPTUAL FRAMEWORK 
 
A logical design forms the foundation for a physical 
design. In addition, business goals, technical 
requirements, network traffic characteristics, and 
traffic flows, all of which influence a physical design. 
A network designer has many options for LAN and 
WAN implementations. No single technology or 
device is the right answer for all circumstances. A 
campus network is a set of LAN segments and 
building networks in an area that is generally less 
than a mile in diameter. Campus network design 
topologies should meet a customer’s goals for 
availability and performance by featuring small 
bandwidth domains, small broadcast domains, 
redundancy, mirrored servers, and multiple ways for 
a workstation to reach a router for off-net 
communications. Campus networks should be 
designed using a hierarchical, modular approach so 
that the network offers good performance, 
maintainability, and scalability. 
 
In this research paper, we have designed a conceptual 
VoIP model/framework for Bhaderwah Campus, 
University of Jammu, Bhaderwah, J&K. The 
implementation is carried out through Cisco Packet 
Tracer and the framework is based on the Cisco’s 
Hierarchical Network Design Model. The network 
diagram for the VoIP is shown below in figure 1. 

 

 
Figure 1: Network Diagram for VoIP 
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The above framework or model is based on the 
requirement, infrastructure and available technologies 
of the Campus. The following points were considered 
during the design of the framework/model. 
 
 Deployment of VoIP for internal use over 

existing network. 
 VoIP call management, signaling and control 

would be done by using telephony service of 
Cisco 2811 router. 

 The entire existing infrastructure would be used 
and new access points would be deployed at 
permissible areas to increase the coverage. This 
is to increase the service area of the handset 
users. 

 IP Phones would replace all the PSTN. Users 
would be allowed to make receive calls from the 
IP Phone to any other IP Phone, IP Phone or Wi-
Fi enabled PDAs by using Cisco IP 
Communicator. 

 VoIP service would be extended over existing 
Wi-Fi network and new access points would be 
deployed at some new locations. 

 
CONCLUSION 
 
VoIP is a progressive initiative that makes use of the 
widely spread and well established internet for voice 
communication [11]. In this research paper, we have 
proposed a conceptual model/framework of Voice 
over Internet Protocol (VoIP) for Bhaderwah 
Campus, University of Jammu, Bhaderwah, J&K and 
the implementation was carried out with Cisco Packet 
Tracer’stelephony service. The entire existing 
infrastructure would be used and new access points 
would be deployed at permissible areas to increase 
the coverage. This is to increase the service area of 
the handset users. All PSTNs would be replaced with 

IP phones and users would be allowed to make and 
receive calls from the IP Phone to any other IP 
Phone, IP Phone or Wi-Fi enabled PDAs by using 
Cisco IP Communicator. 
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