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Abstract: IEEE802.11 working group has provided an enhancement to previous IEEE802.11 WLAN
standard designated as IEEE802.11e to offer improved quality of service (QoS) to multimedia and
other real time applications. The focus of this work is to analyze and compare the QoS performance
of IEEE802.11e and IEEE802.11 WLAN medium access protocols. Latency, Throughput and Packet
Loss Ratio are used as basic QoS comparison metrics for this analysis. Simulation results show that
IEEE802.11e out performs legacy IEEE802.11 in terms of quality of service due to its flow
differentiated channel allocation and better queue management architecture. IEEE802.11 protocol is
found better than IEEE802.11e in collision resolution when the network is highly congested.
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INTRODUCTION

IEEE802.11 wireless LANs (WLANs) have achieved enormously wider acceptance as the wireless local
area networking technology in the past few year all around the globe. And with continuous improvement,
IEEE802.11 technologies are playing a dominant role in the development of next generation of wireless
networks (IEEE802.11, 1999c). IEEE802.11 WLAN technologies are characterized by a number of important
factors that include flexibility, simplicity, cost-effectiveness and ease-of-installation. In a similar way, there has
been a monumental growth in services catering to multimedia applications. The on-the-move users increasingly
demand access to high data rate video, real-time voice, streaming audio and video and internet connectivity
for web service. However, multimedia applications require QoS (Quality of Service) in terms of guaranteed
throughput, smaller delays and lower packet losses. Guaranteeing these QoS requirements is extremely difficult
as the medium access control (MAC) is best effort i.e. does not provide any QoS and further, wireless medium
is highly time-variant and noisy. Recently, IEEE802.11e has been introduced to offer certain QoS in wireless
environments. The objective of this work is to analyze the performance of two contention-oriented MAC
protocols, the DCF (Distributed Coordination Function) in the legacy IEEE802.11 standard and the EDCF
(Enhanced Distributed Coordination Function) in the newer IEEE802.11e standard (IEEE 802.11e/D5.0, 2003).
The paper is organized as: Section I briefly presents the Quality-of-Service (QoS) aspects in IEEE802.11 and
IEEE802.11e Wireless LAN Medium Access Control (MAC) protocols. Section II discusses simulation
environment and related details for this work. In section III, comparative analysis of the various QoS aspects
in IEEE 802.11/802.11e based networks through a diverse set of simulation scenarios are presented. Finally,
Section IV concludes this work.

I. Quality of Service (QoS) in Wireless LANs:
IEEE802.11 is the leading Wireless LAN standard; however its native support for QoS (Quality of Service)

has proven unsatisfactory for multimedia requirements. The original IEEE802.11 DCF is a distributed
contention-oriented medium access protocol and is unable to deliver data MSDUs under QoS constraints. With
the introduction of IEEE802.11e, a notion of QoS has been integrated and enhancements have been included
to cater to the needs of the multimedia services. Most of the changes defined in the current IEEE802.11e
standard mainly deals with MAC Layer. The purpose of such changes is to exploit same transmission rates
with provision to provide QOS.  The QoS parameters are defined in (Cisco IEEE802.11e, 2002) as:
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• Providing reserved access to time-critical applications
• Managing latency and jitter to meet the requirements of real-time data
• Reducing the congestion in the network 
• Traffic shaping for uninterrupted flow of network traffic 
• Defining and setting priorities for user data

A. IEEE 802.11 MAC:
Original IEEE802.11 MAC has two types of medium access methods: first is the Point Coordination

Function (PCF) that is used during the contention-free period and second is the Distributed coordination
function (DCF) used in contention mode (IEEE802.11, 1999c). In contention free period AP decides which
station can transmit at given time thus the medium access is controlled by AP and thats why its called
contention free period. But in contention period, each station tries to access medium by using Carrier Sense
Multiple Access with Collision Avoidance (CSMA/CA) protocol and whichever accesses the channel first after
performing particular access methods is permitted to send its data.

B. IEEE 802.11e MAC:
The IEEE802.11e MAC expands the IEEE802.11 the range of applications, for example, providing support

for voice and video applications. In IEEE 802.11e, during contention free (CFP) period, Hybrid Coordination
Function is employed. While in Contention Period (CP), Enhanced Distributed Coordination Function (EDCF)
manages the medium access (IEEE 802.111999; Wietholter et al., 2004; Stefan Mangold, 2003). During the
Contention Period (CP), only the EDCF is functioning. With EDCF active in the contention period, each traffic
category (TC) within a station competes for a certain TXOP (Transmission Opportunity) independently. The
TXOP is considered to be a period of time during which a station can start transmissions, with the start time
and the maximum duration specified (S. Choi et al., 2003; Stefan Mangold, 2003). The TXOPs can be acquired
through the channel access in contention mode and these are known as EDCF-TXOPs. A TXOP can also be
acquired by using the HCF with the controlled channel access. In this case it is referred to as Controlled
Access Phase (CAP). The length of an EDCF-TXOP is determined by TXOPlimit, a BSS-wide parameter. 

The traffic from different streams is assigned to various Traffic Categories (TCs). In EDCF, different
services are differentiated through prioritization mechanisms. The TC prioritization parameters include the AIFS
(arbitration inter-frame space), the TXOPLimit[TC] and the CWmin[TC] (minimum size of the CW). AIFS
specifies the length of time for which the medium should remain idle and the station has to wait AIFS period
before accessing the channel or the back-off period for the respective TC is decremented. EDCF uses a smaller
value of CWmin for the data flows with high priority to guarantee a privileged access. The maximum length
of a TXOP is given by the TXOPLimit[TC]. Figure-1 shows various Traffic Categories (TCs) with set of
parameters (AIFS, CW, PF) IEEE 802.11e/D5.0, 2003, Mangold, 2002).

Fig. 1: Different TCs (Traffic Categories) Competing for Access

II. Simulation and Evaluation Environment:
The Network Simulator, ns-2 (ISI, ns-2) was used as a primary tool for our simulation based study.  IEEE

802.11DCF model is built in ns-2.26 but EDCF patch from Telecommunication Network Group (TKN) was
installed and tuned for this version (Sven Wietholter et al., 2004). As it has been defined earlier that Latency
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and Throughput were used as basic performance metrics. Latency designates the length of time the packet takes
in reaching the receiving node from the sending node. Throughput is defined as the amount of data transferred
from one place to another in a specified amount of time. Throughput is measured in kilo bits per second
throughout this study.

Simulation Topology:
We have used wired-cum-wireless scenario in ns-2. Figure-2 illustrates the basic topology. All the wired

stations are connected to a router which is then connected to Access Point (AP), and AP acts as a gateway
between wireless domain and wired domain. All the wireless nodes send data through AP to wired stations
and its called uplink and data from wired stations are routed though router then AP then to wireless stations
and its called downlink. Number of wireless and wired stations; vary from 1 to 21 in different scenarios as
per the need of that scenario.

Fig. 2: Simulation Topology

IEEE 802.11b with Data rate of 11Mbps and basic rate of 1 Mbps is used during simulations other
Physical layer parameters are given below in Table-1. Values of CWmin and CWmax with No of AIFS are
also given in Table-2 below for voice (high priority), video (medium priority) and best effort back ground
traffic (low priority).

Table 1: 802.11 b Physical Layer Parameters
Parameters SIFS μsec DIFS μsec Slot time μs CW min CW max
802.11 b 10 50 20 31 1023

Table 2: Priority Set for EDCF
Category TC[0] TC[1] TC[3]
AIFS 2 2 3
CWmin 7 15 31
CWmax 15 31 1023
TXOP 3 ms 6ms 0

III. QoS ANALYSIS OF IEEE 802.11e AND IEEE 802.11:
In this section, the QoS performance of IEEE 802.11e Enhanced Distributed Coordination Function and

legacy IEEE 802.11 Distributed Coordination Function has been analyzed with the help of diverse scenarios
and traffic models.

Effects of MAC Priority Parameters on Medium Access Time:
In this scenario the number of stations has been increased in sets of three, with maximum number of

wireless stations reaching to 21. For EDCF, each set comprises of one high priority, one medium priority and
one low priority traffic station. For DCF, all the stations run on similar priority traffic. The traffic type for all
stations for EDCF and DCF is UDP based CBR (Constant Bit Rate) traffic of 200Kbps and packet size of
1000 bytes. The parameters for this study scenario are as in Table-3.
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Table 3: Summary of Channel Access Scenario 
Number of Wireless Stations 3-21
Number of Wired Stations 3-21
Number of Flows per Station 1
Flow Type CBR
Flow Rate 200 Kbits/s
Packet Length 1000 Bytes
EDCF Priority Levels High, Medium and Low
Observed Parameter Latency

Fig. 3: Average Packet Transfer Time for EDCF

Fig. 4: Average Packet Transfer Time for DCF

Figure-3 shows that the average time packet transfer taken by stations with high priority traffic is the least
followed by medium and low priority traffic stations respectively. By closely observing the figure it can be
inferred easily that for network with moderate congestion (no. of stations = 9), the difference between latencies
of medium and low priority stations is not substantial (< 1.5ms). But as the number of stations reach to 12,
a sharp linear increase of about 5ms for each set of stations is observed for low priority traffic causing visible
difference between medium and low priority traffics. High priority traffic has almost a linear increase with a
step of 2ms and even in high congested situation when number of stations has gone past 15 this step does not
go beyond 3ms. Approximately the delay difference between high and low priority traffic has reached to 80%
when there are 21 stations in network. This clearly shows that all the stations running high priority traffic are
served before those stations which are running medium and low priority traffic. Higher the number of high
priority traffic stations, higher is the waiting time for medium and low priority traffic stations to get access
to channel to send data.

In DCF as there is no parameter to define traffic priority at MAC level so each type of traffic is treated
the same way and average time for packets to reach to the destination should be almost same for all the
stations. Results shown in Figure-4 reveal that average time remains almost same for each set even in high
congested networks with high number of transmitting stations. This shows every station has to wait almost
same time before it access the channel to send its data. Thus DCF lacks in differentiated channel access
procedure which is vital for providing priority service to stations running critical application running. 
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Management of Multiple Flows by EDCF:
EDCF has the potential to serve multiple types (priorities) and rates efficiently. Now the goal is to

examine the EDCF multiple flow management in EDCF in contention situation. For this purpose, three types
of flows (with different priorities: Flow-3: Low Priority, Flow-2: Medium Priority, Flow-1: High Priority) are
run on one station and the numbers of stations are increased from 1 to 9 to study the behavior of EDCF in
contention mode. Flow-1 is of 120 kbps with packet size of 80 bytes and Flow-2 and three are of 160 kbps
each with 200 bytes packets. Similar scenario was used by Mangold and Weitholter ((Mangold, 2002;
Wietholter et al., 2004) to study the handling of multiple flows with different priorities. The details of this
scenario are summarized in Table 5.

Table 5: EDCF Throughput in Contention Situation
No. of Stations (Wireless/Wired) 1-9/1-9
No of Flows/Station 3
Flow Type CBR
Flow Rate High Medium Low

120kbps 160kbps 160kbps
Packet Size High Medium Low

80 bytes 200bytes 200bytes
EDCF Priority Levels High, Medium and Low

Fig. 5: Throughput of Different Priority Traffic with Increasing Contention 

As can be seen from Figure-5, all three flows are served well until number of stations reaches 3 but as
the contention start increasing due to addition of 4th station, the throughput of Flow-3 has severely dropped.
Flow-2 is also affected by this contention and its throughput gradually drops too, but Flow-1 is well served
and is able to maintain good throughput even in high congested condition when total number of stations
reaches 9. The reason is this that for smaller number of stations, there is enough bandwidth for every flow
running on each station, but as the contention increases, the number of high priority flows also increases
utilizing most of the channel bandwidth. As high priority flow on one station completes its packet transmission,
the medium is acquired again by high priority flow, running on another station, before the medium or low
priority flow of the previous station. This results in lower throughput for medium and lower priority flows.
This demonstrates that in EDCF, priority level is far more important than the flow rate for increased channel
access. Higher the priority level, higher is the throughput irrespective of the flow rate.

Analysis for Multimedia Traffic:
In this section original voice and video traffic models are used to analyze how DCF and EDCF based

MACs serve multimedia traffic. It is investigated in detail that whether the use of new Enhanced Distributed
Coordination Function serves multimedia traffic better than the previously used Distributed Coordination
Function.

Capacity Analysis for IP Telephony Calls:
Voice over IP (VoIP) has gained wider popularity for last few years. A number of studies (Wietholter,

2004) and (Dongyan Chenet et al.) have been carried out that determine the capacity in terms of the maximum
number of simultaneous voice calls that can accommodated by a wireless local area network. In this discourse,
a similar analysis is carried out to determine the maximum Voice Connections achieved with DCF and EDCF.
For packet voice transport, extremely tight constraints are placed on QoS metrics such as throughput, delay
and packet loss. These constraints are specified in (Casetti, et al.) and are listed in the Table-6.
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Table 6: QoS Parameters for Packet Voice Transport
Quality Delay Loss
Good 0-100 ms <2%
Medium 100ms-300ms <7%
Poor >300ms >7%

In order to assess the capacity in terms of the simultaneous voice calls, the number of nodes is
incremented for both the wireless and the wired segments of the local network and bidirectional connections
are formed among the nodes. These connections transfer voice packets using the DCF mode of and EDCF
mode of IEEE 802.11e. The packetized voice frames are generated that correspond to the parameters of a
G.711 codec (Frank et al., 2002). The voice stream is CBR (constant Bit Rate) with 64 kbps rate and the voice
packet length is 280 bytes. The simulation parameters of this scenario are as given in the Table-7.

Table 7: Simulation Parameters for the Scenario of Capacity Analysis 
Number of Wireless Stations 1-11
Number of Wired Stations 1-11
Number of Flows per Station 1
Flow Type CBR, VoIP G.711
Flow Rate 64 kbits/s
Packet Size 280 Bytes
EDCF Priority Levels High (Voice)

Fig. 6: IEEE 802.11e EDCF - Throughput per Station

The results for this scenario are depicted in Figure-6, Figure-7, Figure-8 and Figure-9. It can be seen that
number of simultaneous voice calls that satisfy the quality requirements with EDCF is 10. Beyond this, with
increasing number of nodes, there is a marked decrease in the mean throughput. While for DCF, only eight
simultaneous calls can be supported with satisfactory quality. It is found that performance degrades significantly
for DCF as the number of simultaneous connections increases beyond eight.

Fig. 7: IEEE802.11 DCF – Throughput per Station
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Fig. 8: IEEE 802.11e EDCF - Average Latency 

It is evident from these results that EDCF affords superior performance as compared to DCF. Not only
the number of simultaneous connections is higher in EDCF but the mean throughput and latency performance
is significantly better as well as shown in Figure-8 and Figure-9. There is degradation of about 2ms in DCF
in comparison with EDCF with increasing number voice connections. Similarly mean throughput decreases
linearly and the drop ratio increases as the number of connections increases, causing degradation in the quality
of speech. Although, considerable increase in possible voice calls by using EDCF has not been achieved but
overall quality of voice calls has been improved due to its early channel access mechanism.

Fig. 9: IEEE 802.11 DCF -Average Latency

Effects of Background Traffic on Multimedia Traffic:
Performance of EDCF and DCF is investigated on the downlink for voice or video running with

background traffic (UDP/TCP). Two different scenarios are used for voice and video. For voice, a bidirectional
voice link between one wired and wireless station is used to simulate a voice call. For voice connection
standard parameters of G.711 are used, the most commonly used codec for IP telephony. Using the same
simulation scenario, TCP based traffic is changed to UDP based CBR traffic with maximum possible rate of
11MB and 1000 byte packet size. For video type traffic analysis, original trace file of Jurassic Park movie
coded using H.263 (Frank et al., 2002) codec is used. H.263 is most commonly used codec used for streaming
videos over internet. Original trace file runs for 3600 sec but for early termination of simulation, video file
is run for 800 sec. The video trace file produces VBR (variable bit rate) type of traffic. Same settings for
background traffic of TCP and UDP type are used. For voice, high priority parameters and for video, medium
priority parameters are used as they are the designated priority levels for voice and video as summarized in
Table-8.

It is observed from Figure-10 to Figure-13 that a single voice and video connection is well served by both
EDCF and DCF. But on addition of background traffic in the direction of voice/video (in this case downlink),
voice and video are severely affected, especially in case of DCF.
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Table 8: Simulation Parameters for the Scenario - Background Traffic Effect 
Number of Wireless Stations 1-2
Number of Wired Stations 1-2
Number of Flows per Station 1
Flow Type Voice Video Background

CBR VBR UDP/CBR TCP/FTP
Flow Rate Voice Video Background

64kbps 64kbps (avg) 11Mbps UDP 
Packet Size (bytes) Voice Video Background

280 Trace 1500 (TCP)
1000 (UDP) 
EDCF Priority Levels Voice Video Background

High Medium Low

In case of EDCF, voice is less affected in term of latency. With TCP traffic, only 2ms delay has been
added but UDP traffic has caused a delay addition of about 62ms. On the other hand, DCF has a 28ms voice
delay with TCP and 192ms with UDP traffic, much higher than EDCF. As for video, EDCF has latencies of
8ms for TCP, 76ms for UDP while DCF has 32ms and 194ms latencies for TCP and UDP respectively.

Fig. 10: Effect on Voice Throughput with TCP and UDP Background Traffic

Fig. 11: Effect on Voice Latency with TCP and UDP Background Traffic

Fig. 12: Effect on Video Throughput with TCP and UDP Background Traffic
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Fig. 13: Effect on Video Latency with TCP and UDP Background Traffic

The degraded performance observed for DCF in comparison with EDCF is because of that fact that all
types of data traffic is managed using single queue. In DCF, voice and video are more affected by high rate
UDP traffic as more packets of UDP based traffic fill the AP queue than the packets from voice or video
client, thus resulting in high drop ratio and larger latencies for voice and video connections. As TCP has a
built-in congestion management mechanism, thus its effect upon voice and video traffic is less. In EDCF, there
is a separate queue for each priority, thus a minor effect in throughput and latency is observed for voice as
compared to DCF. In EDCF video is more affected by UDP based traffic but still is better served as compared
to DCF. But if effect on voice and video is compared for EDCF only, it is found out that voice is more
protected than video from background traffic. This is because in EDCF, video is designated low priority
parameters (Higher CW, AIFS values), whereas voice has higher priority parameters and hence better served.
A video packet thus has to wait more and in the process if the queue is filled, it may drop. This indicates that
EDCF serves multimedia traffic more efficiently whereas DCF fails to provide any type of protection to voice
and video traffic and main cause is its managing different types of data in a single queue which hampers its
performance severely.

IV. Conclusions:
QoS performance of IEEE 802.11 and IEEE 802.11e has been analyzed through comprehensive simulations

carried out for different scenarios. It is found that IEEE 802.11e EDCF performs better than IEEE 802.11DCF
due to the Flow Differentiated Channel Access Mechanism of EDCF. This mechanism has not only increased
the channel utilization but also has succeeded in providing better Quality of Services for multimedia traffic.
The better QoS for multimedia traffic is achieved at the expense of degradation in the performance of Best
Effort Traffic. On the other hand DCF fails to provide any sort of Quality of Service to any priority traffic
primarily because it manages the different traffic streams with the same medium access parameters. Voice and
video traffic are well protected in EDCF from the background traffic, as compared to DCF, because separate
priority queues are being for various traffic streams. Another problem associated with EDCF is high number
of collisions because of smaller window sizes for voice and video which is more prominent for high congestion
scenarios. Still EDCF has a better performance level than DCF, as it caters for the extremely low multimedia
QoS in DCF, and hence serves the purpose of its development.
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