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Abstract: Voice over Internet Protocol (VoIP) service is growing very fast and supported by many applications. Its interactive 
nature makes it very attractive service. VoIP requires a precise level of quality to be utilized. Quality of Service (QoS) is 
determined by factors like jitter, traffic sent, traffic received and end-to-end delay. In this paper, we study the performance of 
different scheduling schemes, like: FIFO, PQ, and WFQ for different codec formats. The implementation of the schemes was 
carried out using OPNET. VoIP service is deployed using the internet implementing the Resource Reservation Protocol (RSVP). 
The paper discusses the results through a number of figures for the jitter, end-to-end delay and the traffic sent and received. 
Figures show the different scheduling schemes PQ, WFQ and FIFO with different codec formats, G.711, G.729A and G.723.15 
codec formats.  
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I. INTRODUCTION 
Nowadays, very huge amounts of voice traffic are transferred between millions of people across the world using different social 
media applications. Using VoIP over the Internet connection, we should be aware about the quality of the VoIP service. VoIP service 
requires a precise level of quality to be utilized. The end user perception of the quality is determined by subjective testing as a 
function of the network impairments such as delay, jitter, packet loss, and blocking probability. The amount of impairment introduced 
by a packet network depends on the particular QoS mechanism implemented [1] Quality of Service (QoS) is determined by factors 
like the delay the packet delay variation (jitter), and the data loss rate [2]. The greatest technical problem in supporting multimedia 
services over IP is that real-time traffic must reach its destination within a preset time interval (delay) and with some tolerance of the 
delay variation (jitter). This is difficult because the original UDP/IP operates on a best-effort basis and permits dropping of packets on 
the way to a destination [3]. The simulation model was done using OPNET Modeler [4] [5]. OPNET has gained considerable 
popularity in academia as it is being offered free of charge to academic institutions. That has given OPNET an edge over DES NS2 in 
both market place and academia [6]. In this paper, we studied the performance of the most popular scheduling schemes, like: First-In 
First-Out (FIFO), priority Queuing (PQ), and Weighted Fair Queuing (WFQ).  A comparison is carried out between different codecs 
(G.711, G.729A and G.723.15) which are the most appropriate to improve QoS for VoIP. The rest of the paper is organized as 
follows. Section II presents a typical WAN network topology that uses RSVP protocol to be used as a case study for deploying VoIP 
service. Section III describes the VoIP service and its parameters. Section IV presents the OPNET-based simulation approach for 
deploying VoIP service. Section V describes the results and analysis of the simulation study. Then section VI conclusion.  

II. VOICE OVER INTERNET PROTOCOL (VOIP) 
Quality of Service Parameters used in VOIP include: Jitter, end-to-end delay, and sent and received traffic. We introduce the 
CODECs and several kinds of the quality of voice, such as Priority Queuing (PQ), Weighted Fair Queuing (WFQ) and Resource 
Reservation Protocol (RSVP) which can be used in OPNET package. 

A. Jitter 
Jitter is the variation of delay between the two consecutive packets from the T-stream traffic in the output queue [7]. For non-real-
time data communications, delayed packets can be stored for an indefinite amount of time at local buffers. For real-time applications 
like VoIP service, delayed packets may become useless after a prespecified amount of time. The delay jitter buffers hold these 
‘‘precocious’’ and delayed packets in an attempt to neutralize the effects of packet interarrival jitter. This helps maintain the real-
timeness of real-time communication over packet-switched networks [3]. 
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B. End-To-End delay 
End-To-End delay is the time interval in which a packets travels from one node to another node. VoIP is very sensitive to delay; 
thus, it must be controlled and managed. As mentioned previously, it is inefficient to wait for all packets arriving in an organized 
order; therefore, some packets may be dropped if they don’t arrive in time and this can cause short periods of silence in the audio 
stream and causing bad VoIP quality. Ideally, the delay constraint for VoIP packets is not above 80ms [6]. 

C. Resource Reservation Protocol 
The Integrated Services(IntServ) architecture model (RFC 1633, June 1994) was motivated by the needs of real-time applications 
such as remote video, multimedia conferencing. IntServ provide some control over the end-to-end packet delays in order to meet the 
VoIP requirements. In RSVP, the source transmits a Path message along the routed path to the destination to collect information 
about the QoS viability of the routers along that path [8]. 

D. CODECs 
A CODEC is an algorithm used to encode and decode the voice stream. Since the voice stream is analog, it needs to be digitized so 
it can be transmitted over the Internet. Once it reaches the other end it needs to be decoded to restore the analog stream. There are a 
variety of different ways this encoding and decoding can be done. Three popular CODECs are used and discussed in this paper. The 
CODECs are G.711, G729A and GSM. CODEC uses different algorithms to compress and decompress the voice stream and each 
CODEC will contribute a processing delay to the overall end-to-end delay [9]. 

III. THE NETWORK MODEL 
The network model of the VoIP WAN is shown in Fig. 1. Subnet 0 and subnet 3 could be two institutions that use the VoIP servers in 
subnet 2. Subnet model for subnet 0 and subnet 2 consists of a LAN connected to a switch and then to a router. 

 

Figure 1. The network models. 

IV. THE SIMULATION 
VoIP service will be deployed using common internet links implementing the Resource Reservation Protocol (RSVP).  RSVP is a 
transport layer protocol designed to reserve resources across a network for an integrated services Internet (RFC 2205) [10]. Cisco IOS 
Software supports two fundamental Quality of Service architectures: Differentiated Services (DiffServ) and Integrated Services 
(IntServ). In the DiffServ model a packet's "class" can be marked directly in the packet, which contrasts with the IntServ model where 
a signaling protocol is required to tell the routers which flows of packets requires special QoS treatment. DiffServ achieves better QoS 
scalability, while IntServ provides a tighter QoS mechanism for real-time traffic. These approaches can be complimentary and are not 
mutually exclusive [11]. We used the Expedited Forwarding (EF) type of service. The simulation lasted for 480 seconds. We chose 
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many parameters to be measured, like the jitter, the traffic sent, the traffic received and the end-to-end delay. A curve was derived by 
the OPNET simulator for each scheme for all parameters.  

V. RESULTS AND ANALYSIS 
A. Jitter 
The maximum acceptable value of jitter is 50 msec [12]. The jitter values for all codecs are neglected. For G.723 it is less than 2.5 
msec for G.711 it is less than 1 msec and for G.723.15 it is less than 0.4 msec. 

B. End-to-End Delay 
Figures 2, 3 and 4 show the end-to-end delay values for the scheduling schemes FIFO, PQ and WFQ for the three tested codecs 
G.711, G.729A and G.723.15 

 
Figure 2. End-To-End delay for G.711 codec 

 
Figure 3. End-To-End delay for G.729A codec 

 
Figure 4. End-To-End delay for G.723.15 codec 
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The maximum acceptable value of end-to-end delay is 150 msec [12]. Table 1 summarizes the results of end-to-end delay. We notice 
that the results for PQ is acceptable for all of the three tested codecs. 

TABLE I. End-To-End delay in msec 
CODEC/Scheme FIFO scheme PQ scheme WFQ scheme 

G.711 0.606 0.078 2.76 
G.729A 0.148 0.079 1.52 

G.723 1.5 0.853 
 

0.115 
 

5.34 
 

C. Sent and Received Traffic 
From figure 5, 6 and 7 we find the following for all three scheduling schemes for the three tested codecs G.711, G.729A and G.723.15 
The results of the sent and receive traffic are similar for G.711 but FIFIO scheme little falls behind others. The results of the sent and 
receive traffic are similar for G.729A but FIFIO scheme little precedes The results of the sent and receive traffic are not similar for 
G.723 but WFQ scheme precedes and FIFIO scheme falls behind others From the results in the table we can conclude that PQ scheme 
has the best results and will be recommended for the video conferencing service. 

 
Figure 5. Sent and received traffic for G.711 codec 

 
Figure 6. Sent and received traffic for G.729A codec 



International Journal for Research in Applied Science & Engineering Technology (IJRASET) 
                                                                                                                    ISSN: 2321-9653; IC Value: 45.98; SJ Impact Factor:6.887 
                                                                                                           Volume 5 Issue VIII, August 2017- Available at www.ijraset.com 

 

 
 

1640 ©IJRASET (UGC Approved Journal): All Rights are Reserved 
 

 
Figure 7. Sent and received traffic for G.723 codec 

VI. CONCLUSION 
In this paper, simulative investigations, using OPNET Modeler, have been done for with different CODECs. Investigations have been 
done in terms of important Quality of Service parameters like jitter, packet end to end delay and sent and received traffic.  Based on 
the simulation results, the jitter values in all cases are neglected. Wireless End-To-End delay is acceptable for the PQ with all tested 
CODECs. Sent and receive traffic also was analyzed in the paper. 
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