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 Background: Distributed Coordinate Function (DCF) and Enhancement Distributed 
Channel Access (EDCA) are two protocols which are used with wireless network.  
DCF protocol deals with the different types of data as one type but the EDCA protocol 
divides the data to four access categories; voice, video, best effort and background 
where each access category has its own queue and priority. End to End delay, jitter and 
packet loss are quality of service (QOS) parameters for VOIP application and must be 
achieved to success the call. Objective: Design scenario by using OPNET simulator 
and compares the values of QOS parameters between DCF protocol and EDCA 
protocol. In addition to that describes how EDCA protocol deals with the VOIP. 
Results: When using DCF protocol the values of end to end delay, jitter and packet loss 
will increase and don’t support QOS. However when using EDCA protocol the QOS 
parameters support QOS because the value of end to end delay less than 150ms and the 
packet loss percentage less than 1%. Conclusion: DCF protocol doesn’t support QOS 
and the real time application doesn’t work well with DCF protocol because DCF 
protocol sends the different types of data without any priority. This will make the VOIP 
application takes long end to end delay and increases the percentage of packet loss. On 
the other hand EDCA protocol helps VOIP application to success because it gives the 
voice the highest priority.  EDCA protocol divides the data to four access categories 
depending on the type of data. By this way EDCA protocol gives the voice more chance 
to send its data in the wireless network with low delay. So it is better to use EDCA 
protocol in the public locations such as airports, bus stations and parks, because the 
public locations have many users and there are high probabilities to use VOIP 
application with many users. 
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INTRODUCTION 

  
 Voice over internet protocol (VOIP) is a technology used to transfer voice over the network. In 1970s 
started the idea of VOIP but didn’t have acceptance because the leak in internet protocol (IP). Nowadays with 
the increase of using internet and it is wildly spread in all fields of life, VOIP becomes the alternative of the 
public switch telephone network(PSTN)(Rahmat et al., 2012).        
 The idea of VOIP is the sender has microphone that receive the analog sound signal and converts it to 
digital, after that digital signal will be processed with any type of compression mechanism and then these data 
will be divided to small packets to be transmitted over the network. The destination will receive these packets 
and decompress it and then converts it to analog signal that appears in speaker(Butcher et al., 2007). In addition 
to the time that consumed to convert between analog to digital and vice versa there is additional time to transfer 
the packets between sender and destination. Digitalization and compression  operations  need  time and affect to 
the VOIP service(Kim et al., 2010). Figure 1 describes how VOIP users connect to the network. 
 The internet architecture was successful when using the data text over the network and recorded good 
result; however it didn’t achieve a higher performance with real time application such as video conference and 
VOIP especially with wireless network. When transferring the video or voice over wireless network, the 
different delay happens when the packet reached the destination called jitter and some packets didn’t reach 
destination especially if WLANs have many users used VOIP or video applications(Hassan et al., 2000). These 
faults affect on the performance of a real time application and make it not effective. 
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Fig. 1: How VOIP users connect  together(Butcher et al., 2007). 
 
 By using the wireless network the delay will increase and affect on the successful of the call. Also this 
problem will increase when we use the wireless in the public locations such as parks, restaurants, airports and 
bus stations where there are many users inside these wireless networks and there are high probabilities to use 
VOIP applications at the same time.  
 Wireless network spread in the world because the lowest cost and it is easy to expand and maintenance, so 
it is used in the public locations such as airports and bus stations. In these locations it is required to improve the 
bandwidth and throughput and also decrease the delay and jitter to have successful call(Ramos et al., 2006). 
 IEEE 802.11 standard is considered the most spread protocol for wireless network, but it has some 
limitation on the bandwidth and increasing in delay and packet loss with real time application. The real time 
application needs fixed bandwidth and less delay and a few percent of packet loss. All these parameters affect to 
the performance of IEEE 802.11 standard. The improvement of the IEEE 802.11which used Distributed 
Coordinate Function protocol (DCF) to become IEEE 802.11e by using Enhanced Distributed Channel Access 
Protocol (EDCA)  helps the real time application to be applied in the wireless network with accepting  QOS(Lai 
et al., 2009). 
 This paper presents a scenario by using the OPNET simulator to see how DCF protocol has big latency and 
packet loss with VOIP application, after that applied EDCA protocol with VOIP  and see how this protocol 
support QOS.   
 
Quality of service (QOS): 
 QOS contains some parameters that describe the situation of the network by measuring the value of these 
parameters through the working of the network. The parameters have levels or specific values that must be 
achieved to be acceptable with QOS(Kim et al., 2010). When the network supports QOS that means this 
network can deal with real time application without any problems and delay. There are three important 
parameters for QOS that the VOIP must achieve it: 
 Packet loss:  Compares the number of the successful send and receive packets to all send operations and can 
be formed in percentage. Link drop doesn’t cause Packet loss because the packet loss is the context of QOS 
parameter and the link must be reliable. The main reason of packet loss is the network congestion when large 
numbers of packets send everywhere in the network(Toral et al., 2009). 
 Delay or latency: The time that consumed to send the packet from the sender to reach destination. In the 
VOIP, delay is the time that consumed when speech out from the mouth of sender to reach the ear of the 
receiver, this time also called End to End Delay(Siddique & Kamruzzaman,  2010). 
 Jitter (variation delay): The difference between the received times of the packets. For example if packet 
takes 200ms from the sender to destination and the next packet takes 250ms, the difference between the two 
times is 50ms, This time called jitter(Szigtei, 2005).  
 
Methods: 
Distributed Coordination Function (DCF): 
 Wireless stations that use DCF protocol depend on the Carrier sense multiple access with collision 
avoidance protocol (CSMA/CA). This protocol sense the medium of the network if it is idle then it starts to 
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transmit data and reserves the medium, in this case other stations will wait until the line becomes idle. But if we 
have two stations wait the medium to become free, CSMA/CA protocol uses a random backoff time to solve this 
problem and avoid waiting and collision. This time is calculated randomly and the stations wait different 
amounts of time before transmitting to avoid collision. For example when the station sends the data in the 
medium after waiting DCF interframe space time (DIFS), the other station will wait until short interframe space 
time (SIFS) finish and acknowledge (ACK) comes from the receiver. SIFS prevents other stations to start 
sending until ACK is received. Figure 2 illustrates how DCF work(Konorski, 2006). 

 
Fig. 2: Basic operation of DCF protocol (Wang et al., 2005). 
 
 CSMA/CA works well if all stations control by one location like one access point. But unfortunately when 
we have a huge wireless network with many access points and have big number of stations this protocol will not 
work well. There is a modification of this protocol by using the virtual carrier sense machine, this modification 
forces the sender to send request to send (RTS) packet. This packet contains the sender ID, receiver ID, 
expected transmission duration of the packet and associated Acknowledgment (ACK) packet. If the medium is 
free the receiver will send clear to send packet (CTS). This makes all the stations in the network are hearing 
each other’s and avoid the collision(Wang et al., 2005). 
 QOS is considered as indicator to describe if the network has an acceptable level of the parameters such as 
delay, jitter and packet loss. QOS has different parameters depend on the type of application. This paper 
concerns to VOIP, so the important parameters for the voice are delay, jitter and packet loss.  
 DCF protocol uses best effort service which means sending all data in the same priority and sends the data 
between sender and destination as fast as possible without concern to the delay, bandwidth and jitter. All data 
with different types use the same way in transmitting without giving any type of data preference to start first. So 
with this way of dealing with data, the DCF doesn’t support QOS which it is very important for VOIP and video 
conference applications. In DCF the delay and packet loss will be increased and cause failing in real time 
applications(Ni, 2005).  
 
Enhanced Distributed Channel Access Protocol (EDCA): 
 Today demand is increasing to VOIP and video conference; we must add QOS to the 802.11 standard. 
IEEE802.11e provides the QOS of the wireless network and applications that need this service like VOIP. From 
2007 802.11e was considered part of the 802.11 standards. The aim of use this standard is to get better 
bandwidth and to increase the speed and to get the minimum value of latency, because real time application very 
sensitive to latency and packet loss. 
 The enhancement comes from using EDCA protocol. This enhancement provides the traffic categories. It 
divides the data through the channel from the low priority to high priority(Bolla et al., 2009). These categories 
are voice traffic, video traffic, best effort traffic and background traffic. Each access category (AC) contains 
different parameters Minimum Contention Window (CWmin), Maximum Contention Window (CWmax), 
Arbitration Inter Frame Space (AIFS) and Transmit Opportunity Length (TXOP). CWmin is the initial time 
which is used to calculate backoff time and the CWmin will be duplicated when the collision happen until reach 
CWmax. AIFS is the amount of time that wait until calculates the random time. In addition to that TXOP is the 
interval of time is used to allow the station to reserve the medium and send data (Koprivica et al., 2011). 
  By this enhancement each AC has the priority number as we can see in Table 1 that describes the default 
priorities of the EDCA(Bolla et al., 2009). 
 All stations in the network that used EDCA have four AC’s each of them as a queue, Figure 3 describes the 
four AC’s that used by EDCA protocol. Each AC has a specific type of applications; Back ground, Best effort, 
Voice and Video. In addition to that each AC has own parameters like backoff time, AIFS, CWmin and CWmax. 
These parameters are very important because by these parameters we can determine the priority for each AC(Lai 
& Liou, 2012). 
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Table 1: Default priorities for  EDCA protocol (Bolla et al., 2009). 

Priority Access Category Designation 
1 AC_BK Background 
2 AC_BK Background 
0 AC_BE Best Effort 
3 AC_BE Best Effort 
4 AC_VI Video 
5 AC_VI Video 
6 AC_VO Voice 
7 AC_VO Voice 

 

 
Fig. 3: EDCA access categories(Lai & Liou 2012). 
         
 EDCA also uses CSMA/CA mechanism but the main difference between EDCA and the DCF is CSMA/CA 
is applied on four AC’s separately in EDCA protocol, that means each AC has own parameters and different 
backoff time(Tinnirello & Bianchi, 2010). These parameters for each AC can use it to determine the priority. 
 With change the value of AIFS we can determine the higher and lower priority. For example if we use a 
small value of AIFS, the AC which has this value will has higher priority because it needs small time to wait for 
check the medium if it is free or not, however the higher value of AIFS means the lower priority because it takes 
a long time to check the medium(Lai & Liou, 2012). 
 Figure 4 describes the relation between AIFS and priorities which displays the AC with low value of AIFS 
is highest priority and less delay, so it is used with the application which is very sensitive to delay like voice 
application. 

 
 
Fig. 4: How  AIFS determines the priority(Lai & Liou, 2012). 
 
 Contention window (CW) also affects on priority, the higher AC priority takes small CW which is used to 
calculate back off time.  Using small CW leads to get small backoff time that means lower wait time to send the 
data on the medium. By this way we can define the higher priority. 
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 Also TXOP affects on priority, increasing the value of TXOP will make the AC gets higher priority because 
it determines the amount of time for AC to access the medium. The higher value of the TXOP means increasing 
the time of reserving the medium for AC(Tantra, et al., 2005). 
In general the higher priority for AC needs higher value of TXOP and  lower values of  AIFS, CWmin and CWmax  
 
Simulation Results and Discussion: 
 In our scenario we connect twelve wireless nodes to one access point, these nodes have different 
applications, six of them used VOIP, three used email application and last three used browsing application. In 
this scenario we want to measure the QOS parameters (delay, jitter, packet loss) before the enhancement by 
using DCF protocol. After that we want to see the difference when using EDCA protocol and measure the QOS 
parameters. Figure 5 describes scenario components. 

 
 
Fig. 5: Scenario components. 
 
 To present the result must define global statistic and local statistic. The aim of global statistic measures the 
parameters on all nodes in the network but local statistic defines one node and measures the parameters for it 
only. In this scenario we choose node (voice1) as local statistic and measures the parameters for this node (jitter, 
delay, packet loss). 

 
Fig. 6: End to End delay for  node (voice1) before and after enhancement 



270                                                                    Ahmed Abu-Khadrah et al, 2014 
Australian Journal of Basic and Applied Sciences, 8(1) January 2014, Pages: 265-272 

 
 End to end delay is the total wait time which is starting when the sound go out from the mouth of the sender 
to reach the ear of destination (speaker). Figure 6 displays the result of end to end delay for node (voice1) before 
and after enhancement. We can note that the average of end to end delay by using DCF protocol is 0.516 
second. This value is very high and not supports QOS because it is not less than 150ms. on other hand by using 
EDCA protocol the average value of end to end delay around 0.0617 second, this value supports QOS because it 
is less than 150ms(Epiphaniou et al., 2010). 
 Jitter measures the variation of delay when the packets reach the destination, so it must be very small to 
success the real time application Figure 7 describes the jitter for node (voice1) before and after enhancement. 
 

 
 
Fig. 7: Jitter for  node (voice1) before and after enhancement 
 
 According to Figure 7 the average of jitter with using DCF protocol is 1.03×10-5 second but with using 
EDCA protocol this value decreased until reach 5.16×10-7 second. Depending on these results we conclude that 
when we used the EDCA protocol the jitter will be decrease and help VOIP to achieve QOS.  
 The packet loss must not increase than 1% to success the real time application(Fitzpatrick et al., 2007). 
Figure 8 displays the result of packet loss of a node (voice1) before and after enhancement when the sender 
sends 100 packets/second. According to the Figure 8 the average of the packet loss is 7.96% which means that 
the DCF protocol doesn’t support QOS because the value not less than 1%. However when we applied EDCA 
protocol in scenario the average of the packet loss became 0.0018% and support QOS because it is less than 1%. 
 

 
Fig. 8: Packet loss for  node (voice1) before and after enhancement. 
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 Table 2 summarize the results that we havet it from simulation. The table displays how the value of end to 
end delay, jitter and packet loss decreases when we used EDCA protocol and also these results support QOS. 
EDCA protocol divides the data to different AC’s depending on the type of the data in addition to that the voice 
application has the highest priority. But DCF protocol does not give any preference in priority for real time 
application rather than normal data, so all types of data have same priority which make real time application 
doesn’t support QOS. 
 
Table 2: The result of QOS parameters for  the scenario. 

Average 802.11standard (DCF) 802.11 e (EDCA) 
End to end delay 0.516 second 0.0617 second 
Majority of  jitter 1.03× 10-5 second 5.16× 10-7 second 

Packet loss when sends 100packets/second 7.96% 0.0018% 
 
Conclusion: 
 In this work we present how 802.11(DCF) deals with the different types of data as one type. That means 
with DCF protocol there are no priorities between different types of data, so when we used VOIP application the 
delay will be increased more than 150ms and the packet loss will be also increased more than 1%. 
 Finally when we used 802.11e (EDCA), the results will be different and it supports QOS. EDCA protocol 
divides the data to four AC’s each of them has it is own queue and priority. EDCA protocol gives the voice 
application the highest priority by decreasing the values of AIFS, CW and increasing the value of TXOP. This 
change in priority gives the voice packet more chance to send its data more than another type. By this protocol 
the delay, packet loss and jitter will be decreased. We see with scenario how the delay becomes less than 150ms 
and the packet loss becomes 0.0018% after enhancement. 
 

ACKNOWLEDGEMENT 
 
 All thanks to Allah and then we like to offer our sincere thanks to UTeM for all facilities that provided to us 
to complete this work. This work is supported by research grant RAGS/2012/FKEKK/TK02/1 B0004. 
 

REFERENCES 
 

Bolla, R., R. Rapuzzi, M. Repetto, 2009. On the Effectiveness of IEEE 802 . 11e Implementations in Real 
Hardware. Wireless Communication Systems, 2009. ISWCS 2009. 6th International Symposium on. IEEE, pp: 
303-307. 

Butcher, D., X. Li, J. Guo, 2007. Security Challenge and Defense in VoIP Infrastructures. IEEE 
Transactions on Systems, Man and Cybernetics, Part C (Applications and Reviews), 37(6): 1152-1162.  

Epiphaniou, G., et al., 2010. Affects of Queuing Mechanisms on RTP Traffic: Comparative Analysis of 
Jitter, End-to-End Delay and Packet Loss. 2010 International Conference on Availability, Reliability and 
Security, 1: 33-40. 

Fitzpatrick, J., S. Murphy, M. Atiquzzaman, J. Murphy, 2007. Evaluation of VoIP in a Mobile Environment 
using an end-to-end Handoff Mechanism. 2007 16th IST Mobile and Wireless Communications Summit, pp: 1-
5.  

Hassan, M., A. Nayandoro, M. Atiquzzaman, 2000. Internet Telephony: Services, Technical Challenges , 
and Products. Communications Magazine, IEEE 38.4: 96-103. 

Kim, J., I. Lee, S. Noh, 2010. VoIP QoS(Quality of Service) Design of Measurement Management Process 
Model. 2010 International Conference on Information Science and Applications, pp: 1-6.  

Konorski, J., 2006. A Game-Theoretic Study of CSMA/CA Under a Backoff Attack. IEEE/ACM 
Transactions on Networking, 14(6): 1167-1178.  

Koprivica, M.T., M.M. Ilić, A.M. Nešković, N.J. Nešković, 2011. An Empirical Study of the EDCA QoS 
Mechanism for Voice over WLAN. Telfor Journal, 3(1): 3-8. 

Lai, W., E. Liou, 2012. A novel cross-layer design using comb-shaped quadratic packet mapping for video 
delivery over 802. 11e wireless ad hoc networks. EURASIP Journal on Wireless Communications and 
Networking, pp: 1-28. 

Lai, W.K., C. Shieh, C. Jiang, 2009. Performance Enhancement for IEEE 802 . 11e Networks by Adaptive 
Adjustment of the HCCA / EDCA Ratio. 3rd International Conference on Ubiquitous Information Management 
and Communication. 

Ni, Q., 2005. Performance Analysis and Enhancements for IEEE 802.11e Wireless Networks. Network, 
IEEE 19, (August), pp: 21-27. 



272                                                                    Ahmed Abu-Khadrah et al, 2014 
Australian Journal of Basic and Applied Sciences, 8(1) January 2014, Pages: 265-272 

 
Rahmat, F., F. Idris, M. Azri, V. Kanathasan, N. Sarimin, M.H. Mohamad, 2012. Performance analysis of 

VoIP in Multi-hop Wireless Network. 2012 IEEE Asia-Pacific Conference on Applied Electromagnetics 
(APACE), (Apace), pp: 51-55.  

Ramos, N., D. Panigrahi, S. Dey, 2006. Dynamic adaptation policies to improve quality of service of real-
time multimedia applications in IEEE 802.11e WLAN Networks. Wireless Networks, 13(4): 511-535.  

Siddique, A.R., J. Kamruzzaman, 2010. VoIP Service over Multihop 802. 11 Networks with Power Capture 
and Channel Noise. In Communications (ICC), 2010 IEEE International Conference, (pp: 1-6). 

Szigtei, T., 2005. End-to-End QOS Network Deisign:Quality of service LANs,WANs and VPNs. 
Tantra, Juki Wirawan, Chuan Heng Foh and A.B.M., 2005. Throughput and Delay Analysis of the. In 

Communications, 2005. ICC 2005. 2005 IEEE International Conference on, 5(c): 3450-3454. 
Tinnirello, I., G. Bianchi, 2010. Rethinking the IEEE 802. 11e EDCA Performance Modeling Methodology. 

IEEE/ACM Transactions on Networking, 18(2): 540-553. 
Toral, H., D. Torres, L. Estrada, 2009. Simulation and Modeling of Packet Loss on VoIP Traffic: A Power-

Law Model. WSEAS Transactions on Communications, 8(10): 1053-1063. 
Wang, W., S.C. Liew, V.O. Li, 2005. Solutions to Performance Problems in VoIP Over a 802. 11 Wireless 

LAN. Vehicular Technology, IEEE Transactions, 54(1): 366-384. 
 


	Evaluate QOS parameters for VOIP using IEEE802.11 (DCF) and IEEE802.11e (EDCA)
	1Ahmed Abu-Khadrah, 2Zahriladha Zakaria, 3MohdAzlishah Othman
	INTRODUCTION
	Quality of service (QOS):
	Methods:
	Distributed Coordination Function (DCF):
	Enhanced Distributed Channel Access Protocol (EDCA):
	Simulation Results and Discussion:

	Conclusion:
	ACKNOWLEDGEMENT
	REFERENCES

