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Abstract 
 

The 802.11e standard draft provides new features for 
supporting QoS in the MAC layer of the popular 802.11 
Wireless LAN standard. These features, however, do not 
provide the final solution, and the standard intentionally 
leaves the door open for further enhancements using these 
features. In this article we present our standard-based 
solutions for enhancing the performance of the 802.11e 
MAC. The proposed solutions work with the contention 
and controlled access parts of the 802.11e. For contention 
access we use dynamic configuration of the MAC 
parameters and increase the throughput significantly. For 
controlled access, we introduce an alternative to the PCF 
round robin polling and propose a fair scheduling 
algorithm that uses the 802.11e features and provides fair 
and prioritized access to individual stations or queues.  

 
 

1. Introduction  
 
Wireless Local Area Networks (WLANs) have become 

necessary parts of many enterprise and public networks 
and are widely available today.  The most common WLAN 
technology today is the IEEE 802.11 [1]. This standard, 
however, has not been originally developed for 
applications such as Multimedia. As a result, there has 
been much effort to enhance it with features that are 
suitable for multimedia applications. These enhancements 
are offered under the IEEE 802.11e standard (still a draft 
in progress).  It must be noted though, that the provided 
features do not provide the final solution and the standard 
intentionally leaves the door open for others to devise new 
algorithms and solutions using the provided features.  

Current research results, based on 802.11 and 802.11e, 
provide some mechanisms to provide basic levels of 
quality of service to aggregate flows and in the form of 
priority services (e.g.  [7] [8] [9]); however, the performance 
of different traffic types (e.g. video, audio) is not studied 
well, and per-flow services are not addressed. Moreover, 
most notable papers restrict the study to saturation 
throughput ( [4] [6]), without providing practical solutions. 

In this article we first introduce 802.11 and 802.11e, 
and then propose two solutions for supporting different 

types of traffic. The solutions are then evaluated and their 
performances compared under different scenarios.  

 
1.1 IEEE 802.11 

 
The 802.11 standard specifies two modes of operation: 

Infrastructure, which is centrally controlled by an Access 
Point (AP), and Ad-Hoc, which is distributed. We are 
interested in the widely used infrastructure mode.  

The basis for 802.11 MAC is a CSMA/CA mechanism 
(Carrier Sense Multiple Access with Collision Avoidance). 
Carrier sensing is done through physical sensing of RF 
carrier as well as a virtual carrier sensing in the MAC 
itself. Collision avoidance in 802.11 MAC is performed by 
a mechanism called Distributed Coordination Function 
(DCF). DCF specifies the rules for accessing the wireless 
medium in either a contention based or controlled manner. 
A station can access the medium in a Contention Period 
(CP) in which any station may independently try to access 
the medium according to DCF rules. It can also use a 
Contention Free Period (CFP), in which the stations are 
only allowed to respond to poll messages sent by an 
Access Point (AP) (refer to  [1] for detailed information). 
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Figure 1 Some IFS relationships 

DCF uses inter-frame space (IFS) time intervals to 
coordinate channel access amongst stations (STA). Each 
station that has a frame to send is allowed to access the 
channel if it finds the medium idle for longer than a 
predetermined IFS time. The IFS is different for each type 
of frame, data frames use ‘DIFS’ time, AP uses a shorter 
PIFS time for sending a polling message or beacon; while 
Acknowledgment (ACK), Clear To Send (CTS), and 
response to poll messages use ‘SIFS’ time which is the 
shortest amongst IFSs. This shorter waiting time gives 
them higher medium access priority than the other frames. 



Stations that find the medium busy perform a back-off and 
repeat the deference and channel sensing procedure again.  

802.11 defines an optional mechanism, called Point 
Coordination Function (PCF). PCF resides in the AP and 
provides a contention free access method by polling 
individual stations whenever it wants to send to or receive 
data from them. CFPs, controlled by PCF, are created 
periodically through a beacon message sent by the AP.  

 
1.2 IEEE 802.11e 

 
The 802.11e spec introduces new frame formats with 

QoS information fields, the capability to poll a station even 
during the contention period and new concepts such as 
transmission opportunity (TXOP). TXOP specifies for how 
long a station can hold the medium (as opposed to only 
one frame in 802.11). A station that has just completed a 
frame exchange cycle and has enough time left in its 
TXOP can retain control of the medium and commence a 
new frame exchange cycle after a SIFS.  

The basic building block of MAC in 802.11e is again 
DCF, with some modifications. Accessing the medium is 
now done using two mechanisms called EDCA (Enhanced 
Distributed Channel Access), and HCCA (Hybrid 
Controlled Channel Access) under the Hybrid 
Coordination Function (HCF) protocol. 802.11e defines 8 
different traffic priorities in 4 access categories. It also 
enables the use of traffic flow IDs, which allow per flow 
resource reservation. 
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Figure 2 Different modes of operation in 802.11e 

Under EDCA access mechanism, depending on the type 
of a frame (Data or Control) and its priority, different IFS 
values are used (Arbitration IFS or AIFS in Figure 1). The 
backoff windows are also different for each priority. 
Shorter AIFS times and contention windows give higher 
access priority. This prioritization enables a relative and 
per-class (or aggregate) QoS in 802.11e MAC, but the real 
guaranteed QoS can only be achieved through reserving 
resources for individual flows and scheduling access to the 
network in a deterministic way  [3]. 

Guaranteed QoS can be provided under the HCCA 
access method. HCCA is an enhanced version of PCF. 
HCCA allows a station to transmit in a Controlled Access 
Phase (CAP) in a contention free manner, even during the 
contention period (Figure 2). In fact, the periodic CFPs of 
802.11 PCF are no longer needed. Under HCCA, a STA 

can only transmit if it is polled by the AP (Figure 2). The 
poll messages must be scheduled based on the explicit 
requests from the STAs or based on other information 
available at the AP. The 802.11e standard does not specify 
how scheduling and admission control is performed, 
instead it just provides the capability to communicate and 
enforce QoS management functions.  

 
2. 802.11e Performance Evaluation 

 
In most previous publications the effect of collision has 

been considered more severe than it actually is ( [4] [5]). 
We found out that the inaccuracy in other works is resulted 
from misinterpretation of the post collision behaviour and 
parameters of 802.11. Also, Robinson, et.al, in  [6] noted 
that most other studies misinterpret the post collision 
behaviour, thus resulting in simpler but inaccurate results.  
We carefully designed our simulator to accurately model 
the post collision behaviour and based our studies on that. 

Most of the previous studies on 802.11 or 802.11e ( [6]) 
only examine the saturation throughput and ignore the 
network performance in realistic situations. The frame size 
in most of these studies is chosen to be a constant, which is 
far from being practical or realistic. Also, these studies do 
not consider video or audio traffic types. We try to address 
these shortcomings and provide a clearer picture of how 
802.11e networks perform. We examine the performance 
of the network under different offered traffic. We also 
consider three different methods of operation. One is the 
standard EDCA which only uses what the 802.11e 
standard specifies. The other two are our proposed 
solutions that are again based on the 802.11e standard and 
use its features to achieve better results than the original 
EDCA.  The proposed solutions are 1) Distributed 
Adaptively Configured EDCA (DACE) and 2) FAir 
HCCA Priority Scheduling (FAHPS). These algorithms are 
described in details in the next sections.  

 
3. Adaptively Configured EDCA (ACE) 

 
802.11e allows us to change some of the EDCA 

parameters during the WLAN lifetime. We use this feature 
and devise algorithms that are adaptive and adjust EDCA 
parameters (such as TXOP limits, CWmin and CWmax, 
AIFSN, etc.) to achieve better performance. We call such 
algorithms Adaptively Configured EDCA or “ACE”. The 
particular algorithm, described here, is called DACE-T 
since it is a Distributed ACE algorithm that only adjusts 
the TXOP parameter.  Other ACE algorithms will be 
described in our future publications. This section 
elaborates on the effects of changing TXOP. 

 
3.1. Effects of Bursty Transmission  

 
Contention can be reduced if stations are allowed to 

transmit in bursts of multiple frames instead of competing 



for the medium to send every frame. This in effect reduces 
the probability of collision and increases throughput. The 
ability to transmit in bursts of data is available in 802.11e 
through the use of TXOPs. The default value of TXOP is 
zero for the Background and Best Effort access categories 
(priorities 0-3), and few milliseconds (6 and 3) for video 
and audio access categories (priorities 4-7). We can 
increase these TXOPs with few more milliseconds, 
depending on the maximum tolerable delay for other 
traffic. This is the basis of the DACE-T method.  

Although the case that we are discussing here is not 
limited to saturation mode operation, we first briefly study 
the effect of using burst transmission on the saturation 
throughput to get a better insight into the operation of the 
network. We use the analysis of the 802.11 and 802.11e 
throughput reported in  [4] and  [6] and apply our 
modifications.  [4] and  [6] show that the saturation 
throughput is dependent on factors such as the mean of the 
frame payload size, Contention window size & variation, 
and the network size. The following expression for 
saturation throughput is extracted from  [4]: 
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Ts =Hphy/Rb+(Hmac+E[P])/R +SIFS+2δ+Tack+DIFS,    (2) 
Tc = Hphy/Rb+ (Hmac+E[P*])/R + DIFS + δ .        (3) 

In (1), σ is the slot time duration,τ is the probability that 
a station attempts to transmit in a time slot, and n is the 
number of stations. E{P} is the mean value for the frame 
sizes. Ts is the time that is spent for a successful 
transmission of a frame, and Tc is the time that is spent 
when a collision happens. Ts and Tc are described in (2) 
and (3).  In these equations, Hphy and Hmac are the PHY and 
MAC header overhead for one frame. E{P*} is the mean of 
the maximum size of the frames involved in collision  [4], 
and δ is the propagation delay. Tack  is the time it takes to 
transmit one Ack frame, including all its overheads. R and 
Rb are the operational and basic rates (e.g. 11 & 1 Mbps).  

τ in equation (1) is derived from the Markovian model 
developed in  [4], this value which is derived numerically, 
depends on system parameters such as contention window 
size and its maximum, as well as network size n. If these 
parameters are adjustable we can maximize the saturation 
throughput by adjusting τ  [4]. However, in our case we are 
not interested in adjusting such parameters; instead we use 
their standard values and adjust the TXOP. For our case 
we can re-write equation (1) using the modified term for 
the payload that is sent in a successful bursty transmission 
(in one TXOP), the rest of the terms remain unchanged. Ts 
in equation (1) is replaced with Ts’ which is the time spent 
in a successful bursty transmission:   

Ts’ = TXOP + DIFS + δ       (4) 
The nominator, E{P}, in (1) is replaced by P’:  
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The second term in (5) is the number of frames that can 
be exchanged in one TXOP. Since SIFS is negligible 
compare to TXOP and the denominator in (5) is different 
from Ts in only DIFS-SIFS, we can simplify (5) as follows:  
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Now if we rewrite (1) as S = E[P] / (Ts + X), the 
modified (1) becomes like:   

 S’ = P’ / (Ts ’ + X).                    (7) 
It is seen that the increases in P’ and Ts’ are comparable 

in size and are in the same order. But because the 
denominator is combined with the fixed term X, (7) results 
in higher throughput than (1). For example, for an 11Mbps 
network with settings chosen from the standard and from 
the simulations in the next sections, we have that S = 
4Mbps for EDCA (X is calculated as almost 1080 usec). 
Now with 3msec TXOP based burst transmission, we 
have: S’ ≈ 6.15 Mbps. This is also seen later in the 
simulations in the last section of this article. This brief 
analysis of the saturation mode shows that we can expect 
an increase in the throughput for saturated or heavily 
loaded networks when bursty transmission is used.  

 
3.2. DACE-T 

 
The DACE-T algorithm monitors the collision in the 

network and adjusts the TXOP accordingly. If the collision 
increases above a certain limit (e.g. 3 or 5%), the algorithm 
increases the TXOP of all access categories by certain 
amount (different for each PHY, for example 1ms for 
11Mbps networks). This increase in TXOP causes a 
reduction in contention and consequently in collision. If 
collision is still above the threshold in the next monitoring 
window, the same increase of TXOP is repeated until it 
reaches a maximum (e.g. 10msec). If increase in TXOP 
causes the collision to diminish and go below a certain 
threshold (e.g. 1%) we can reset the TXOP values to their 
default or reduce them step by step after each monitoring 
period. The threshold for increasing and decreasing 
TXOPs are different, so that a level of hysteresis is applied 
and prevents instability of the algorithm.  

Since DACE-T works by increasing TXOP limits, it is 
only effective if the queues at the stations are backlogged. 
In other words, for traffic types such as HTTP or FTP (i.e. 
TCP traffic), this method is expected to perform very well, 
while for video or audio streams the performance may 
depend on other factors that create backlog. To fix the 
problem for video or audio streams, we can either resort to 
other algorithms, or use a variation of ACE that changes 
other 802.11e parameters. In particular we can use the 



CWmin and CWmax parameters to control the access 
priority. This is described in our coming publications.  

 

4. FAir HCCA Priority Scheduling (FAHPS) 
 
Another algorithm, proposed in this article is a 

controlled-access based algorithm called FAHPS. FAHPS 
is based on the periodic CFPs that are generated by AP. 
This algorithm provides a scheduling mechanism that tries 
to fairly divide the network capacity between all stations. It 
also provides different priority levels.  

The main task of this algorithm is to decide the order of 
polling for stations during each CFP. It replaces the simple 
round robin polling of the PCF with a more complex fair 
algorithm. The algorithm described below uses the 
following parameters (i is the station index and j is the 
queue index, 0 to 7, 7 being the highest priority): 
Bi: Remaining Fairness Budget, an integer indicating the 
number of bytes that can still be served in this fairness 
window (replenishment window) for station i. 
Sij: Spent priority for the j’th queue of station i. It is an 
indicator that increases with every served packet for each 
queue, considering the priority of served packets.  
QSij: The j’th queue size, reported in i’th station’s frame. 
MDFi: More Data Field, a Boolean flag reported in station 
i’s frame indicating whether it has more data in any queue.  
MDij : More Data indicator in AP for queue j of station i. 

Station’s Behavior: 
A station that receives a poll for queue j, must respond 

with a frame from this queue, and if the queue is empty it 
must send a packet from the highest priority non-empty 
queue. An alternative is that the station always responds 
with its highest priority non-empty queue, regardless of 
which queue has been polled.  

Access Point’s Scheduler Behavior:   
The following algorithm is run in the AP. In this part, 

AP is also considered as one of the stations, but when it is 
due to receive service, it sends a data frame instead of 
sending a poll message. Its MD flags are also updated 
locally, and are always up to date. The scheduling 
algorithm is as follows: 

1. For all (i,j), set Sij = 0, MDij = 1, and Bi = initial 
budget; then select a random station to start from. 

2. A poll messages is sent to the selected [station i,queue 
j] , and AP awaits a response. 
a. Either: a response from queue j (or j’ with higher 

priority) is received, the response also indicates 
whether this queue has more data (QSij), or any 
queue has any data for station i (MDFi).  

b. Or: the polled station does not respond (timeout 
happens in Access Point) or sends Data_Null 

3. Access Point updates MDij, Sij and Bi for the station 
that has just been polled in these two steps:  

a. If the station responds with a frame from queue j, 
then set MDij == 1 if QSij is non zero. Otherwise, 
MDij = 0 and the next priority MD is set 
according to the returned MDFi; that is MDij-1 = 
MDFi. If MDFi is 0, or Data_Null is returned, or 
poll timeout happens, all MDij = 0 for station i. 

b. If station responds with Data of size L: update   Bi 
= Bi –L ; and Sij according to some prioritizing 
formulae: e.g.  Sij=Sij+L*( 2*(7-j) +1); 

4. If elapsed_time since last replenishment > Fairness-
Interval, repeat from 1(replenish fairness budget) 

5. Inspect the polling list and   
a. If the number of stations with any MDij == 1 is 

less than a certain minimum for active stations, 
end CFP and exit this algorithm. 

b. Else, if time is due for probe polling (every Tpr), 
set the highest priority MDij of each station to 1.  

6. In the polling list, from stations with MDij = 1, and 
Bi>0 , select the (i,j) with smallest Sij, in case of a tie, 
select based on priorities first, and then randomly.  

7. Repeat from 2 

Stage 5b causes a series of polls to be sent every Tpr to 
all stations; this performs a probe polling cycle. As a 
result, all MDij’s are updated quickly, when AP receives 
the responses from all STAs. However, since this 
algorithm relies on round robin probe polling, some 
capacity is lost when stations that do not have any data are 
polled. This fact also results in a limit on the minimum 
achievable delay in the network. The next section 
elaborates on this issue further.   

 
5. Simulation Experiments 

 
We start the simulation experiments with finding the 

saturation throughput of the system. This is derived so that 
we know how much load the network can bear before it 
fails to deliver all the packets in a bounded time. Since the 
pattern of the frame arrival plays an important role in the 
amount of collision that occurs we chose to use variable 
frame sizes to have more realistic experiments.  

 
5.1. Saturation Throughput 

 
In the first experiment we offered 50Mbps of load to an 

802.11e WLAN with an 11Mbps PHY. The achieved 
throughput is seen in Figure 3. The number of stations in 
this experiment changed from 2 to 50, while the amount of 
offered load remained constant at 50Mbps (frames of size 
uniformly distributed between 50 and 1950 Bytes). 

As is seen in Figure 3, the increase in the number of 
stations causes a reduction in the available throughput as a 
result of an increase in the collision. Even for low number 
of stations where collision is negligible, the throughput is 
limited by the significant physical layer overhead (e.g. 
more than 400 microseconds for each Frame/Ack cycle).  



When comparing different methods it is seen that the 
throughput is considerably higher when we use FAHPS or 
DACE-T algorithms, as opposed to EDCA alone.  The 
reason is obviously because of the lower collision ratio in 
DACE-T and FAHPS. FAHPS has the lowest collision 
ratio, but the overhead introduced by polling messages 
reduces the throughput and results in lower throughput 
than DACE-T. 
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Figure 3 Saturation Throughput 

 
5.2. Heavy Load Environment 

 
In the second experiment we offered a constant load of 

almost 5Mbps to the same network. The number of stations 
varied from 2 to 50 and each had exponentially distributed 
traffic sources. The achieved throughput and average delay 
were observed. The FAHPS and DACE-T algorithms 
provided slightly better throughput performance at high 
population (over 35 stations); but for lower number of 
stations they all had the same throughput (5Mbps). As a 
result FAHPS (and somewhat DACE-T) provides fairly 
better average delay in heavy load environment (Figure 4), 
since the network is operating at its margins.  

Another measure for QoS provisioning is the level of 
differentiation between flows. Figure 5 depicts a 
comparison between the average delays incurred by each 
priority level. FAHPS does not provide as much 
differentiation per priority level as the other two methods 
do. This is mainly due to the fact that FAHPS is more 
focused on differentiating between stations, rather than 
priority levels. This advantage is later seen when we 
discuss other scenarios.  

 
5.3. Networks with all levels of load 

 
In the third experiment we increased the load from 1 to 

6 Mbps (for 50 stations). This experiment gives us an idea 
of how well each algorithm works in all situations of light 
to heavy to overloaded situations. Figure 6 shows that all 
three methods provide almost the same throughput except 
when the network is overloaded, in which FAHPS is the 
only method that keeps on providing the requested 
throughput. Although this may seem contrary to the 
saturation throughput experiment in which DACE-T had 
provided higher throughput, one must note that the 
overloaded situation is very different from saturation. In 
fact the throughput of DACE-T is lower than FAHPS until 
the network gets close and into saturation.  

Figure 6 shows that the average delay for FAHPS is 
almost always more than what EDCA and DACE-T 
provide; but this changes when the network gets heavily 
load, or is overloaded. At 6 Mbps FAHPS is the only 
method that is still capable of serving the frames in a 
timely manner. At this load EDCA and DACE-T fail to 
deliver all frames and result in unbounded delay. It must, 
however, be noted that FAHPS does not provide the same 
level of differentiation that the other two methods do; that 
is, the highest priority’s average delay in FAHPS is more 
than that of the DACE-T and EDCA (Figure 5).  
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Figure 4 Average Delay in heavy load situation 
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Figure 5 Avg delay of each priority level (50 stations); 

EDCA priorities 0 and 1 have unbounded delay  
 

5.4. H.264 Video Sources 
 

We conducted some experiments with H.264 video 
sources in the same setting as in the above experiments. 
We observed that the collision problem was diminished to 
a large extent as our measurements showed that it was 
always less than 3%, even for heavily loaded networks.  

To get a deeper insight into the behaviour of the 
algorithms for video streaming applications we set up an 
experiment to find out how each algorithm reacts to the 
increase in the level of traffic of the same type. This 
experiment used a station with a low bitrate (64Kbps) 
video traffic (with priority 5, video access category) and 
the network background traffic of almost 5Mbps (of all 
priority levels). We then introduced other video traffic 
sources (of the same priority) to the network and observed 
that as the video load increased, the average and maximum 
delay incurred by the selected station increased as well, 
albeit with different pace for each algorithm (Figure 7).  

The results show that FAHPS was the only method that 
was able to best protect the low bitrate flow from the other 
sources. In other words, FAHPS was the best choice for 
isolating flows and protecting them from the excessive 
network load. DACE-T performed worse than EDCA, 
mainly because lower priority frames were able to occupy 
the channel for longer periods of time compare to EDCA.  



Throughput (Mbps)

0
1
2
3
4
5
6
7

1 2 3 4 5 6
Load (Mbps)

EDCA
DACE-T
FAHPS

Average Delay (sec)

0

0.05

0.1

0.15

0.2

1 2 3 4 5 6
Load (Mbps)

 
Figure 6 Throughput and delay vs. increasing load.  
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Figure 7 Avg and Max delay of a video flow 

 
5.5. High Quality Video Sources 
 

To study the algorithms from a different perspective, we 
conducted an experiment with very high bitrate, high 
quality video sources (1.88Mbps from “The Simpsons” 
MPEG-4 video trace). The number of stations gradually 
increased and the throughput was measured. As is seen in 
Figure 8, FAHPS provided better throughput (and delay 
performance) in heavy load (4 stations and more) and 
saturation conditions. EDCA and DACE-T performed 
similarly because the collision level was low (below 2%).  
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Figure 8 Throughput vs. load for high bitrate video 

The interesting fact is that the collision level was 
measured very low for EDCA because of the large size of 
frames that required fragmentation. This, in effect, creates 
natural bursts of data and uses the default TXOP of the 
video access category, thus resulting in lower collision. 
 

6. Concluding Remarks 
 

The performance of 802.11e WLANs can be improved 
through the use of algorithms presented in this article. The 

proposed solutions are each appropriate for certain traffic 
types. The DACE-T algorithm is better suited for HTTP 
and FTP style traffics, while FAHPS is more suitable for 
streaming applications or in networks where fair 
distribution of the available resources is important.  

The DACE-T algorithms can be improved if more 
parameters of 802.11e are used in the adaptive algorithm. 
However, we found out that FAHPS cannot be improved 
further as it is limited because of being based on periodic 
CFPs that introduce some operation overhead. An 
alternative to FAHPS is the MAHS algorithm which is 
explained in  [3]. Both FAHPS and DACE-T are 
independent from higher layer signaling and do not require 
stream or connection setup, which makes them easy to use. 

Through our experiments we found out that for video 
streams we cannot rely on the existing analysis of the 
802.11 and 802.11e networks. The reason is that these 
analyses are all based on saturation conditions, while 
streaming applications have different characteristics, such 
as having short periodic bursts. This subject will be further 
investigated in our coming publications.  
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