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ABSTRACT

ADAPTIVE OPTIMIZATION OF EDCA PARAMETERS
FOR QOS IN MULTIMEDIA APPLICATIONS

The MAC layer of the IEEE 802.11 standard defines Distributed Channel Func-
tion (DCF), that provides simple and effective medium access mechanism. However
with the increasing demand in multimedia applications and higher data rates, DCF can
not provide QoS requirements since 802.11 standard does not meet the need of Qual-
ity of Service (QoS) in high data rate multimedia applications like VoIP and IPTV.
For this reason, necessary extensions are made to improve data rates and MAC control
schemes according to the dynamically changing needs. To provide QoS for the multime-
dia applications, IEEE defined a new MAC mechanism, 802.11e Enhanced Distributed
Channel Access (EDCA). With new access categories that enable prioritization between
different traffic classes. Such prioritization provides QoS for multimedia applications

by increasing the probability of higher priority class packets accessing the medium.

The purpose of this thesis is to design an adaptive optimization system in EDCA
mechanism in order to provide better QoS for multimedia applications from both de-
lay and throughput perspectives. To achieve this goal, analytical model of the DCF
mechanism, already defined in the literature, is improved for the EDCA mechanism.
Based on the back-off procedure in EDCA, that is represented using a Markov model,
the estimates of throughput and delay are obtained by determining the probabilities in
the Markov model. In order to validate the estimated throughput and delay, real time
simulations in OPNET are carried out and the correlation between analytical results
and simulation results are included in the thesis. Based on the validated analytical
model, a new algorithm is proposed in order to maximize throughput while decreasing

delay and minimizing collision probability for a higher access category.



OZET

COKLU ORTAM UYGULAMALARINDA SERVIS
KALITESI ICIN EDCA PARAMETRELERININ
UYARLANIR OPTIMIZASYONU

IEEE 802.11 standardi MAC katmaninda, basit ve etkili bir ortam erigim mekaniz-
mas1t olan DCF’i (Dagitik Kanal Erigimi) tamimlamigtir, fakat giintimiizde gittikge
artan ¢oklu ortam uygulamalar1 ve yiliksek veri hizi talebi kargisinda, DCF gerekli
servis kalitesini saglayamamaktadir. Buna sebep olarak, DCF mekanizmasinin VoIP ve
IPTV gibi yiiksek veri hizli, ¢oklu ortam uygulamalarinin gerektirdigi servis kalitesini
saglayacak bir yapida tasarlanmamig olmasi gosterilebilir. Bu sebepten dolayi, veri
hizlar1 ve ortam kontroli acisindan gerekli gelistirmeler IEEE 802.11e standard ile
tanimlanmigtir. IEEE 802.11 standardinin tanimladigi ortam erisim kontrol mekaniz-
mast EDCA (Geligtirilmig Dagitik Kanal Erigimi), farkli trafik tiirleri arasinda oncelik
siralamasi yaparak erigim kategorileri tanimlamig ve boylece ¢oklu ortam uygulamalar

i¢in gerekli servis kalitesini saglamigtir.

Bu tezin amaci, EDCA mekanizmasinin daha verimli kullanilabilmesi ve ¢oklu
ortam uygulamalar1 icin gerekli servis kalitesinin gecikme stiresi ve ¢ikan ig orani

acisindan saglanmasi i¢in uyarlanir optimizasyon sistemi tasarlanmasidir. Bu amag

dogrultusunda, DCF mekanizmasinin literatiirde bulunan analitik modeli, EDCA mekaniz-

masi icin uyarlanmigtir. EDCA mekanizmasindaki geri ¢ekme prosediirii bir Markov
modeli olarak tasarlanmig ve bu model yardimiyla gerekli olasiliklar ve kestirimler elde
edilip, gecikme siiresi ve ig ¢ikarma orani agisindan sistemin kestirimi yapilmigtir. Bu

yapilmig olan kestirimin dogrulugunun sinanmasi icin OPNET programi kullanilarak

sistemin davranisi ile bizim yaptigimiz analizin iligkisi incelenmis ve elde edilen dogrulanmais

analitik model kullanilarak ¢oklu ortam uygulamalar: i¢in gecikme stiresini kisaltirken,

is cikarma oranini artiran uyarlanir optimizasyon algoritmasi tasarlanmigtir.
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1. INTRODUCTION

The purpose of this thesis is to develop up a model in order to estimate the
throughput and delay for a given wireless LAN system and to optimize the overall

system from both throughput and delay perspectives for wireless video transmission.

Considering the increase in the usage of wireless communication in every part of
the life, the end-user solutions became very important in recent years. During the last
few years, IEEE 802.11 wireless LAN has become a dominant technology for the indoor
broadband wireless networking. TEEE 802.11 has been deployed extensively in many
different environments. Especially by supporting high-speed multimedia services and

providing high data rates, IEEE 802.11 standard has found widespread deployment.

The growth of the multimedia applications increased the requirement of Quality
of Service support from delay, jitter and bandwidth perspectives. However, the IEEE
802.11 standard was designed for data transmission and the MAC layer of the 802.11
systems are defined for lower data rates and do not provide QoS for multimedia appli-
cations. 802.11 does not consider the need of Quality of Service (QoS) in high data rate
multimedia applications like VoIP and IPTV. For this reason, necessary extensions are
made to improve data rates and MAC control schemes according to the dynamically

changing needs.

To provide the required QoS for multimedia applications, IEEE defined a new
standard 802.11e. This standard defines new access mechanisms which enable prioriti-
zation between different traffic classes. This prioritization provides QoS for multime-
dia applications by increasing the probability of higher priority class packets accessing
the medium. Therefore the packets with higher priority have lower delay and higher

throughput compared to other traffic classes.



1.1. IEEE 802.11 DCF

In a medium without a control mechanism and with multiple stations communi-
cating, there is a high probability that transmissions from these stations will collide.
In order to avoid possible collisions, the 802.11 standard defines access mechanisms.
The fundamental access mechanism in IEEE 802.11 is Distributed Coordination Func-
tion (DCF), which is also called carrier sense multiple access with collision avoidance
(CSMA/CA). In this mechanism, each station implements DCF in order to access

medium. The operation of Distributed Coordination Function is given in Figure 1.1.

_ DIFS _ _ DIFS
2 Loy 2 = Contention Window
_PIFS_| 7 T
; ;.SIFS i LR
Busy Medium |4—» Backoff-Window / Next Frame
T I |
- Slot timg
Defer Access Select Slot and Decrement Backoff as long
4 bid as medium is idle

Figure 1.1. IEEE 802.11 DCF Mechanism [1]

In DCF, each station senses the medium in order to determine whether there is
a transmission on the medium or not. If the medium is sensed busy, the station waits
until the channel is idle. After finding the channel idle, all stations waits for a pre-
defined interval called DCF interframe space (DIF'S). Considering that multiple stations
trying to access the medium, a random time interval is selected by each station. This
random interval is called back-off and the station having the smallest back-off timer
value will access the medium. On the other hand, when the station with the smallest
back-off time value accesses the medium, other stations sense the medium and pause
their back-off timers and store the value of the current back-off timer value in order to

use in the next transmission attempt.



The random back-off timer values have to be selected from an interval which is
defined. At the first transmission attempt, the station selects its back-off timer value
from the interval 0 to C'W,,;,. If the transmission attempt is unsuccessful due to a
collision, the contention window (CW) size is multiplied by 2 in order to decrease
the collision probability. Therefore the collision probability for the next transmission
attempt will be lower. However this increase in the CW sizes is limited by a maximum
value (CWiyay). After reaching CW,,q,, the CW size is not increased anymore. The

exponential increase in CW sizes in DCF mechanism is given in Figure 1.2

255 255
CW max
127
63
3

15

CW min L|—
=< |-

L Second Retransmission

= First Retransmission
Initial Attempt

{ T T— Third Retransmission

Figure 1.2. The exponential increase in CW sizes in DCF mechanism

DCF mechanism is quite effective in avoiding the collisions in the medium, but on
the other hand there is no prioritization defined in this standard. For this reason, QoS
required multimedia applications and less important traffic packets access the medium
with the same parameters. Considering the delay and throughput requirements, DCF
is insufficient while supporting multimedia applications such as VoIP and IPTV. For
this reason, a new standard 802.11e is defined in order to provide QoS for multimedia

applications.



1.2. IEEE 802.11e EDCA

In order to provide differentiated and distributed channel accesss, a new mech-
anism called Enhanced Distributed Channel Access (EDCA) is defined in the 802.11e
standard. In EDCA, 8 different frame priorities and 4 access categories are defined.

The priorities and access categories are given in Table 1.1

Table 1.1. Priorities and Access Categories Defined in EDCA

Priority | User Priority | Access Category (AC) | Description
Lowest 1 ACpx Background
- 2 ACRgk Background
- 0 ACRg Best Effort
- 3 ACy Video
- 4 ACvy Video
- 5 ACy Video
- 6 ACvo Voice
Highest 7 ACvo Voice

As we have stated in the previous section, the CW sizes are very important
parameters while accessing the medium. For this reason, when defining the priorities,
different contention window sizes and interframe spaces are used. By defining the
parameters given in Table 1.2, it is possible to prioritize a traffic class and satisfy the
QoS requirements for that traffic class. As can be seen from the Table 1.2, the expected
back-off sizes for multimedia traffics are defined lower, therefore the chance of video
and voice frames accessing the medium is higher which results higher throughput and

lower delay.



Table 1.2. Default Access Parameters in EDCA

AC CWin CWinaa AIFS
ACpxk aCWin aCWonaz 7
ACpp aCWin aCWas 3
ACyr | (aCWoin +1)/2 — 1 aCWin 2
ACyo | (aCWin +1)/4 =1 | (aCWipin +1)/2 =1 2

When a packet arrives to the MAC layer, it carries a specific priority value and
by using this priority value, the packet is enqueued in the specified queue with defined
access parameters. The back-off procedure is used according to the default EDCA

parameters or the parameters which are transmitted in the beacon frame from access

point.
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Figure 1.3. IFS defined in EDCA mechanism [2]

The time interval between frames is called the IFS and different IFSs are defined
to provide priority levels for access to the wireless medium. A new parameter defined
in EDCA mechanism is Arbitrary Interframe Space (AIFS). As we have explained in
the DCF mechanism, the station starts back-off procedure when the medium is idle for
DIFS duration. In order to prioritize the access categories, different length of AIFSs

are defined as seen from in Table 1.2. The video and voice frames gain higher priority

by using lower AIFSs compared to background or best effort traffic.



1.3. Literature Review

While there are several studies on the MAC layer of 802.11 and the most cele-
brated study about analyzing the performance of IEEE 802.11 DCF is made by Bianchi
[3], [4]. In these studies, the back-off procedure is modeled as a Markov model assum-
ing that the probability of a collision is independent of the collisions encountered. By
modeling the mechanism as a Markov chain, the probabilities of successful and col-
lided transmissions are obtained in order to obtain a throughput estimate. Because of
forming a basis to this thesis, Bianchi’s articles are investigated in a chapter in this

thesis.

In [3],Bianchi analyzes MAC performance, but he does not take into account the
retry limit or the delay performance of the DCF. Moreover according to the model in

[3], the station in back-off does not pause its back-off timer until transmission is over.

Ziouva’s study [5] investigates the theoretical performance of DCF by improving
Bianchi’s model by adding the case of pausing the back-off timer when a transmission
from another station begins. This improvement in the DCF model requires a new
Markov model including the probability of a pause during back-off. On the other
hand, the retry limit is ignored in this study.

Chatzimisios et.al.[6], [7] extended Bianchi’s model in order to find a delay es-
timate using the probabilities obtained from [3]. Chatzimisios et.al.[7] calculate the
average number of back-off slot times and also take into account the number of times
the back-off timer is paused due to transmissions from other stations. On the other
hand, the pause in the back-off timer is not considered in the throughput analysis. Fur-

thermore the authors of [6] and [7] do not consider retry limit for a packet enqueued.



When a packet encounters multiple collisions the packet is dropped after reaching
a predetermined number of collisions. This mechanism is included in the analysis of
the studies of Chatzimisios et.al.[8] and Wu et.al.[9]. This improvement of the model
required recalculating the probabilities and extending delay analysis. The throughput
and delay for the mechanism for different retry limit values are investigated in these

studies.

The data rate and the throughput do not have a linear relationship because the
back-off time before accessing the medium and DIFS length are independent of the
data rate. For this reason, the average time before accessing the medium is constant
regardless of the data rate. The effect of this constant time before accessing the medium
increases as we increase our data rate. This relationship is investigated in [10] from

both throughput and delay limits perspectives.

With the increasing demand for high data rate multimedia applications, the need
for QoS arose. In order to provide the required QoS for the multimedia traffic, pri-
oritization while accessing the medium is needed. To this end Xiao [11] and Deng
et.al. [12] purposed priority schemes by modifying retry limits, minimum and max-
imum contention window sizes. With these updates they were able to show that by
modifying these parameters, providing QoS for important traffic streams were possible.

In addition they built up a basis for the upcoming EDCA mechanism.

After the introduction of the IEEE 802.11e, Mangold et.al.[13] and Choi et.al.[14]
compared the legacy DCF and EDCA from supporting QoS point of view and also the
performance evaluation according to the CW sizes and AIFS sizes. According to the
priority classes defined in EDCA, the Markov models for DCF are improved for the
EDCA standard in [15], [16], and new performance analysis for throughput and delay
are made in these studies. These studies are successful in improving the DCF model
for the EDCA while calculating the throughput, back-off time elapsed for a collided
transmission and the delay resulting from the dropped packets are ignored in these

studies.



In order to develop an adaptive system for throughput optimization, in [17] an
algorithm is proposed. In this algorithm, the best effort data traffic parameters are
dynamically decreased in order to optimize multimedia traffic. The chance of best
effort traffic is decreased continuously in order to provide the required throughput for
multimedia. But in this study optimization of overall traffic for a given scenario is
not considered. The effect of controlling collision probability in order to increase total

throughput is also ignored.

Fallah et.al. [19] and Ksentini et.al.[18] examined the video transmission perfor-
mance of the contention based solutions for 802.11e. The effect of prioritization both
among different traffic classes and among video packets with different priorities are

investigated in these studies.

While there is a vast amount of literature on performance analysis of 802.11
medium access mechanisms, in this thesis analysis of the performance of the EDCA
mechanism from the throughput, delay and collision probability point of view is made
and adaptive mechanism according to the results of the model developed is included

in order to provide a better QoS for multimedia applications.

The organization of this thesis is as follows. In chapter 2, the article of Bianchi
[3] is investigated and based on the model in [3], a new model for EDCA mechanism
is made in chapter 3. In chapter 3, the throughput and delay estimations is made ac-
cording to the model developed. In chapter 4, the EDCA model estimates is compared
with the real time simulation results in order to validate the model. Finally in chapter
5, the optimization algorithm that provides better QoS for multimedia applications is

proposed.



2. PERFORMANCE ANALYSIS OF IEEE 802.11 DCF

The purpose of this thesis is to analyze the performance of the EDCA mechanism
from the throughput, delay and collision probability point of view and to develop an
adaptive mechanism according to the results of the model developed. In order to form

a basis for our EDCA model, we shall first discuss Giuseppe Bianchi’s article [3].

In [3] Bianchi studies the behavior of a single station with a Markov model in
order to obtain the probability that a station transmits in a given time. By using the
probability that a station transmits in a given slot time (7), the probability of collided
and successful transmission occurring in a slot time are calculated and throughput

analysis is made by using these probabilities.

Let us consider n stations that are trying to access the channel where all of them
have packets to transmit and these stations have to use back-off procedure to access
the medium. The key assumption of Bianchi’s study is that, at each transmission,
the collision probability for a transmitted packet is constant and is independent of
the number of the collision that has already been encountered. By using this fact,
it is possible to model the back-off procedure of a station as a Markov chain. This
assumption becomes more valid as the number of the stations in the medium and the
contention window sizes increase. The Markov model of Bianchi’s DCF analysis is

given in Figure 2.1.

The i state in the equations (2.1)-(2.20) represents the number of collision en-
countered. When a station encounters a collision, the new CW interval is calculated
by multiplying the maximum window size of that state (1¥;) by 2 until it reaches a

number of CW increase limit (m).



for i <m ;

W; = 2'W,

for i > m ;

W, =2"W,

10

(2.1)

(2.2)

Figure 2.1. Bianchi’s Markov model for analytical analysis of DCF
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The k in the equations equations (2.1)-(2.20) represents the back-off timer value at
the given time slot. The slot time decreases until it reaches 0 and after that the packet
is transmitted into the medium. In the classic operation of the DCF mechanism, when
a transmission from another station is sensed, then the back-off timer is paused until
that transmission is over. But in Bianchi’s study, this fact is ignored. The transition

probability for a decreasing back-off timer for each slot time is always 1.

Let P(i, k|i, k + 1) represents transition from (i,k+1) to (i,k) and ke(0, W; — 2) ,
ie(0,m);

P(i,kli,k+1)=1 (2.3)
When the back-off timer reaches 0, the station immediately starts transmission.
If there are no stations whose back-off timer reaches 0 at the same slot time, then the

packet will be successfully transmitted to the receiver and the contention window sizes

will be initialized for the new packet to be transmitted.

for ke(0, Wy — 1) ie(0,m);

P(0, k|i,0) = (1V[_/p)

(2.4)

On the other hand, in case more than one station’s back-off counter reaches to
0, then there will be a collision resulting a transition from state ¢ to state ¢ + 1 which
will cause an increase in the maximum contention window size for next transmission

attempt until the number of this transition reaches to m.

for ke(0, W; — 1) and ie(1, m);

P(i, kli —1,0) = (2.5)

==
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If the number of collisions reaches a predefined value of m, then the W; size
is no more increased and the new transmission attempts are made with the back-off
counter,which is selected from the interval between 0 and 2™W,. These retransmission
attempts are made without a limit, but there is a limit defined in the standard DCF
operation for a packet retransmission and if the packet reaches this limit, the packet is
dropped. In Bianchi’s model, this fact is ignored. In the (2.6) it is stated that, back-off

counter values are selected from the interval (0, W,, — 1) in case of a collision.
Given that ke(0,W,, — 1) ;

P(m, k|m,0) = WL

2.1. Steady State Probabilities of DCF Model

After determining the state transition probabilities, we are able to determine the
steady state probabilities. By using these steady state probabilities, we will be able to
determine the behavior of the system. The b;; represents the probability of being in

state (i,k) as time goes to infinity.

If we define b;x = lim; o P(i, k) for (0 < i < m)and (0 < k < W; — 1), we
obtain the following equations for steady state:

bi—l,Op = bi,O = pibo,o (2-7)

m

I—p

bn—1,00 = (1 = D)bmo = bmo = bo.o (2.8)
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According to the chain regularities for (0 < k < W; —1);

for i=0;
Wi —k Ui
bi = (L—=p) Y bjo (2.9)
W; =
for 0 < i < m;
W; —k
bij = W, pbi—1,0 (2-10)
for i=m;
W; — k
b@k = W p(bm,1’0 +b— m, 0) (211)

Using the fact that 27" (b g = b070ﬁ and Equation(2.8), we can express b;  as;

bip = ———big (2.12)

As can be seen from the equations so far, it is possible to express all b; ; prob-
abilities as functions of byp and p. Also considering that the sum of the all state

probabilities is 1, we can obtain (2.13).

m W;—1 m W;—1 m —k m m +1 m 21W +1
L=3" > bix=2 bio D, W > bio 5 = > bw+ (2.13)
=0 k=0 1=0 k=0 v =0 1=0

ml W+ pT Wy + 1
1 e Z plb()’o 2 + 1 — pbo’o 2 (214)
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After expressing by as a function of p,m and W,, we can now derive the proba-
bility that a station transmits in a given slot time (7). A station starts a transmission

when its back-off counter reaches to 0, for this reason, 7 is equal to the sum of all b;

probabilities:
m pm m—1 ]
T= Z bio = bo,o + Z P'boyo (2.15)
=0 I p i=0

In (2.15), it is stated that the transmission probability of a station in a random
slot time (7) depends on the collision probability (p), which is still unknown. In order
to find p, we should consider that a station encounters a collision when another station

in the medium starts transmitting at the same time slot.

Assume that we have n stations in the medium and if we find the probability of
(n-1) stations not transmitting in a slot time and subtract that probability from 1, then
we will obtain the collision probability as can be seen in the (2.16). Using Equations

(2.15) and (2.16), it is possible to find a unique solution for both 7 and p:

p=1—(1—-7)"""! (2.16)

2.2. Throughput Estimation for DCF Model

Throughput is defined as the fraction of time channel is used to successfully
transmit payload bits. In order to compute the throughput, we should analyze what

can happen in a slot time.
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P, is defined as the probability that at least one station is transmitting in a
selected slot time in a medium with n stations. If we compute the probability of no
stations transmitting in that slot time and subtract this probability from 1, then we

can obtain the probability that at least one station is transmitting.

Pp=1—(1-71)" (2.17)

After calculating the probability of a transmission into the medium in a slot
time, we need to define new probabilities for successful and collided transmissions. A
transmission can be successful if any other station does not transmit on the channel.
We find the probability of successful transmission for a station in a selected slot, by
multiplying the probability of a station transmits in a slot time (7), with the probability
of no other stations from n — 1 stations in the medium do not transmit in the slot time

((1 — 7)™ 1) conditioned on the fact that at least one station transmits (P,.).

Considering that there are n stations in the medium, we can find the total prob-
ability of having a successful transmission in a selected slot time as in (2.18).
nrt(l—7)" !

p=—_" 2.18
P (2.18)

We have mentioned that the throughput is the fraction of the time channel is
used in order to transmit payload. By using the probabilities we have found so far, we

are now able to obtain an expression for our throughput estimation as:

P,P, E[P]

S =
(1 - Ptr)a + PtrPsTs + Ptr(l - PS)TC

(2.19)
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In (2.19), E[P] represents the average length of the payload and P; P, E[P] is the
fraction of the time used for transmitting the payload. (1 — P;)o in the equation is the
idle slot time considering that with the probability (1— P;.) the slot time is idle. On the
other hand, if there is a transmission, it can be a successful one with the probability P,
or it can encounter a collision with probability (1 — P;). Therefore the expected time
elapsed during transmission, whether it is successful or not, is P, PTs + P,.(1 — Ps)T.
where T and T, are time elapsed during a successful transmission and unsuccessful

transmission, respectively. The definition of T and T, is given below:

Ty =H+ E[P|+ SIFS+0+ACK +DIFS+6 (2.20)

T.=H+ E[P|+ DIFS+§ (2.21)

In (2.20) and (2.21), H denotes the time needed for transmission of MAC and

Physical headers and ¢ is the propagation delay.

After determining the probabilities and throughput estimate, now we are able to

see how throughput is affected from the change in transmission probability (7), initial

contention window sizes (W) and number of terminals (n).
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2.3. Graphical Results of Throughput Estimation

As can be seen from (2.18) and (2.17), P, and P; depend on 7. Considering

that P; and P, are forming the saturation throughput, the relationship between 7 and

throughput is investigated in Figure 2.2.

Thraughput Estimation for Different Mumber of Clients

Throughput

1 1 1 g | 1 1
0 0.m 0oz 003 0.04 0oz 00s 0oy 00s 009

0.1
Transmission Probabhility

Figure 2.2. The throughput versus transmission probability 7

Figure 2.2 shows that there is an optimum 7 for different number of clients. As
the number of the stations in the medium increases, the optimum 7 value providing
maximum throughput is becoming smaller. As we have found in (2.15), the 7 value

depends on the initial window size and number of transition between states.
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As the number of stations increases, the probability of collision increases, there-
fore it will be a suitable approach to enlarge the contention window size interval in
order to avoid collisions. In order to observe the optimum initial window size, the
relationship between throughput and initial contention window size is investigated in

Figure 2.3.

Initial CW Size - Throughput

n=50

e

075

0.7

Throughput

0.65

0.6

0.55

1 1 | 1 1 1 1 1 1
0 100 200 300 400 500 E00 700 sa0 900 1000
Initial CWW Size

Figure 2.3. The throughput versus initial window size

Figure 2.3 shows that for each number of stations in the medium, there is a
different optimum window size. The collision probability decreases with the increasing
back-off time interval but on the other hand, as the back-off window sizes increase, the
idle time will increase in the medium as well, which causes the throughput to decrease.
So there is a need to re-define the contention window size according to the change in

the number of the stations.
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Figure 2.4. The average number of idle slot times per successful transmission
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(2.22)

The number of slot times spent on the channel in order to have a successful
transmission is 1/(P,.Ps) and a fraction of (1 — P,,) is idle. The average number of idle
slot times can be found from (2.22) and as a graphical representation, the number of
idle slot times per successful transmission is depicted in Figure 2.4 which shows that
as the size of the initial contention window size increases, the idle slot time increases

as expected.
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Using the transition probabilities in a back-off counter of a station, it has been
possible to obtain a throughput estimate in Bianchi’s article [3]. This study shows that
an optimization of CW sizes is needed according to the changing number of stations
in the medium. As the number of stations in the medium increases, the probability of
collision increases which will cause inefficient usage of the channel and increased delay.
On the other hand, large CW sizes have the drawback of increasing idle slot times
because of the larger back-off timer values. For this reason, an optimization in CW

sizes is needed. The system should adapt itself according to the changing medium.

In this thesis, our aim is to design an adaptive system for video streams to provide
QoS. For this purpose, the EDCA mechanism, which provides QoS is analyzed in the
following chapter, by extending Bianchi’s DCF model for the EDCA mechanism.



21

3. ANALYTICAL ANALYSIS MODEL FOR EDCA

3.1. Markov Chain Model for EDCA

According to the Bianchi’s model, it is possible to obtain the collision probability
and throughput with a given initial back-off timer window size and the number of the
terminals accessing the channel. Analysis of the DCF mechanism showed that, the effi-
cient usage of the medium depends on the CW sizes according to the changing number
of the stations in the medium. As the number of the stations in the medium changes,
the optimum CW size providing maximum possible throughput also changes. Therefore
changing the CW sizes according to the increased/decreased number of stations, is a
requirement. On the other hand, by differentiating CW sizes for different traffic classes
in EDCA mechanism, it is possible to provide priority among different traffic classes.
Our approach in this thesis will be to find the optimum contention window sizes to
provide an efficient usage of the medium and then differentiate the access parameters

which provides satisfactory QoS for a given video stream.

The multimedia applications require QoS from the throughput and delay point of
view, however the DCF mechanism does not provide differentiated service for different
traffic classes. Therefore, the EDCA mechanism, defined in the IEEE 802.11e, have
to be modeled according to the requirements. For this purpose, we need to re-model
the Bianchi’s model in order to obtain throughput and delay estimates for the EDCA

mechanism. Bianchi’s model is not sufficient for our purpose because;

i.) The DCF mechanism, investigated in the Bianchi’s model, does not allow
prioritization for different classes of traffic. The model should be re-designed for the
EDCA mechanism where each access category (AC) has a different back-off window
size and AIFS. So the probabilities and throughput calculations will be different for
different ACs.
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ii.) In the standard operation of DCF and EDCA, when a station starts trans-
mission, all other stations pause their back-off timers until the channel becomes idle
again. In Bianchi’s model, this fact is not being taken into account. The model has to
be re-designed that the probability of decreasing the back-off timer probability is not
equal to 1.

iii.) The delay will be a measure in our adaptive QoS algorithm, since delay is
the most important constraint in multimedia applications. For this purpose, a delay

model will be created for delay of each AC.

iv.) In Bianchi’s model, no retry limit was considered. For this reason, in
Bianchi’s model a packet can be retransmitted infinite times if the transmission is
not successful and this situation can cause large delays. This is a very important fac-
tor for the multimedia transmission because if a packet has exceeded it is delay limit,
that packet is not valuable in the receiver side anymore. For this reason, retry limits

will be added into Bianchi’s model.

In the given model in Figure 3.1, each different traffic class is investigated in a
different model because of having different access parameters so they have different

probabilities of accessing the medium.

As can be seen from the model, there are 3 variables in each state. The first
variable 7 represents the priority of the transmitted packet. For different priorities, the
CWonin, CWiae and AIFS are different, which differentiates the probabilities. For this

reason, for each priority, probabilities are calculated separately.

It is assumed that, for a given priority, the probability of a collision to occur is
constant and independent from the number of collisions encountered. P; represents
the probability that a station in the i-th priority senses the channel busy. So we will
calculate P; probabilities for each priority class and estimate a throughput for each of

them.
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Figure 3.1. Proposed Markov model for analytical analysis of EDCA
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The variable 7 in the model represents the number of collisions occurred when
trying to transmit a packet. As the packet encounters a collision, the new contention
window sizes are calculated. But different from the Bianchi’s DCF model, j can be

increased until it reaches L getyy ;-

The last variable k is representing the back-off counter of the station. Also
different from Bianchi’s model, the probability of decrementing the back-off counter
value is not equal to 1. Instead, back-off time decreasing probability of a station is
1 — P; , keeping in mind that the station pauses the back-off counter when another

transmission captures the medium.

3.2. Analysis of EDCA Markov Model

In order to obtain a throughput estimate, we have to investigate the probabilities
for each priority of accessing medium, probabilities of successful transmission, collision
probability and the probability of having the channel busy in a given slot time. For

this purpose, the probabilities are obtained from the model.

The simulation results obtained from Matlab are given as a graphical represen-
tation. For these simulations in Matlab, two different traffic classes are investigated.
The first priority represents a higher priority like video traffic while the second priority
represents lower priority like data traffic. The variables used during this simulation are

given in Tables 3.1 and 3.2.

Table 3.1. The Variables Used During Matlab Simulation for EDCA Model

Variable Priority#1 | Priority#2
Number of Stations 5 [1 — 25]
Lretry 4 8
CWinit 16 32
CWnaw 32 1024
AIFS 43 s 61 ps
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As can be seen from the Table 3.1, the initial contention window size for priority
1 is smaller than the priority 2, which increases the chance of accessing the medium
for priority 1 stations. On the other hand, the retry limit defined for the priority 1 is
smaller than priority 2 because, the video signal is delay sensitive, such that a received
packet with a delay higher than a predefined value, has no meaning at the receiver
side.

Table 3.2. Parameters Used for Both Priorities

Variable Value
Payload 1024 Bytes
MAC Header 38 Bytes
PHY Header 24 Bytes
Tstot 9 ps
SIFS 16 us
DIFS 34 ps
ACK Length | 14 Bytes+MAC Header
AC K pimeout DIFS+Tsck

3.2.1. Transmission Probabilities of the Model

In our study, our aim is to investigate the behavior of the system in steady state,
so we will calculate the probabilities of each state in the model in steady state. For
this purpose, we will firstly calculate the transition probabilities of the Markov model

and then determine the steady state probabilities.

Different from the transition probability of the back-off counter in Bianchi’s
model, the back-off counter decreases if there is no other station transmitting into
the medium. P; is the probability that a station senses the medium busy in a slot time
so (3.1) represents that, the counter decreases in a slot time if no transmission has

started at that slot time from other stations.
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During the back-off timer period, the process of decreasing the back-off timer
value is paused if any transmission occurs from other stations in the medium. The back-
off counter continues to decrease when the transmission on the medium is completed.
(3.1) shows the transition from the (i,j,k+1) state to (i,j,k) state in case of no station
transmitting in the medium. On the other hand (3.2) states that, this transition does

not occur in case of a transmission in the medium.

Pl(i, 4, k)|(i, 4. k)] = P, (3.2)

If a collision occurs while transmitting into the medium, then the next random
back-off timer value will be taken from the possible values of the next vertical state (j).
The probability of the back-off timer horizontal state, representing the back-off timer
value, is uniformly distributed between 0 and CW,4.(,;) — 1. But we should keep in
mind that this vertical state transition in the Markov model is possible, if the retrans-
mission number has not reached retry limit defined for that priority (Lgetry:). (3.3)

states the state transition probability in the model in case of a collision encountered.

fOI'j < LRetry,i ;

K

Pl(i,j +1,k)|(i,5,0)] = CWormetigon)
max(t,)

(3.3)
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For the case of reaching retry limit defined for that priority (Lpgetry,i), we have to
drop that packet and repeat this process again for the new packet to be transmitted.
Therefore, vertical state (j), representing the retransmission number for the packet,
will be 0. In (3.4), the state transition probability of a station after reaching maximum

number of collisions is given.

1

PA0, B Letrys O] =

(3.4)

In case of a successful transmission, the process starts again for a new packet to
be transmitted. This means transition in the model from state (i,7,0) to (z,0,k). In

(3.5) the transition to the first state in case of a successful transmission is given.

1-P

P[(i,0,k)|(4,5,0)] = W)

(3.5)

After obtaining the transition probabilities in the Markov model, we are able to
determine the steady state probabilities. We will represent the steady state probabili-

ties as b; j k-
bi,j,k = llmt_,ooP(Z,j, k) (36)
b; ;1 represents that our packet with priority ¢ has encountered j collisions and
it’s back-off counter is in k — th state in steady state.

bijo = Plbiog (3.7)

b Wiy —k 1,
bk CWmax(i,j) 1-F B0

(3.8)
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Using the fact that the sum of probabilities for each state is equal to 1, we can

find the probability of b from (3.9).

LRetry,i CWmaz(i,j)

§=0 k=0

Using the equations (3.7) and (3.8), we can solve b; ¢ as in (3.10).

1

b — ,
%00 ZLRetry,i ZCWmam(i,j) CWmaz(i,j)_kJ PZJ
]:0 k=0 CWmax(i,j) I—PZ

(3.10)

A station begins transmission when its back-off timer reaches zero. For this
reason, if we find the sum of state’s probabilities where the back-off counter is zero,
then we will be able to find the probability that a station in probability ¢ class transmits
in a given slot time. In (3.11), the probability that a station transmits in slot time
is calculated by summing the steady state probabilities of states where the back-off

counter is equal to 0.

LRetTy,i LRetry,i

Ti= Y bigo= Y Plbigg (3.11)
j=0 =0

As expected, because of having a smaller initial contention window, our expec-
tation was to have a higher 7; for priority 1. The result obtained from the Matlab

simulation for the 7; for both priorities is given in Figure 3.2.

After obtaining the probabilities of back-off timer states and the probability that
a station in probability ¢ class transmits in a given slot time according to the P;, we
need to find P;. P, is the probability that a station senses the medium busy in a slot

time.
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Figure 3.2. Probability that a station transmits in a given slot time

In order to find the probability of sensing the medium busy, we need to find the
probability that at least one station is transmitting in given slot time. If we subtract
the probability of no station transmitting into the medium from 1, then we will find
the probability that at least one station transmits.

N

P=1-(1-7)"" J] A—=m)™ (3.12)
1=0,l#i

In (3.12) the 7; is representing the probability that a station with priority class
[ transmits in the given slot time, N represents number of priorities and n; represents
the number of terminals with priority class [. The graphical representation of the

probability that a station in priority ¢ senses the medium is given in Figure 3.3
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Figure 3.3. Probability that a station senses the medium busy

It is possible to solve (3.12) and (3.11), in order to find P; and 7; values for the

given number of terminals and CW sizes.
3.2.2. Probabilities of Successful and Collided Transmission
Using the same approach followed in deriving (3.12), it is also possible to cal-

culate the probability that the medium is busy in a given slot time. The graphical

representation of the Py,,, whose expression is given in (3.13), is shown in Figure 3.4.

Ppusy =1—=JJ(1 = 7)™ (3.13)
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Figure 3.4. Probability that the medium is busy

In order to compute the probability that a successful transmission occurs in a
slot time, it is required that there is no other stations transmitting while a station in
i — th priority class is transmitting. So the probability that a station in ¢ — th priority

class is transmitting a packet without collision can be calculated as:

N
Psuccess ) nsz 1 - Tz H 11— Tl nl (314)
1=0.14i
N-—1 N
success = Psuccessz = Z nsz z m—l H (1 - Tl)nl (315)

1=0 1=0 1=0,l#14
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Figure 3.5. Probability that successful transmission occurs in given slot time

As can be seen from Figure 3.5, while the number of class 1 stations is constant
and the number of the station for the priority 2 increases in the medium, the successful
transmission probability of the priority 1 decreases because of decreased chance of
accessing the channel. This is a good example for reasoning the need for an adaptive
system. The differentiation in contention window sizes was a good solution for QoS
at the beginning of the simulation but as can be seen, as the number of the stations

increases, the initial contention window sizes become insufficient.

If the medium is busy but a successful transmission does not occur in a slot time,
that means there is a collision in the medium. For this reason, we can calculate the

probability of a collision in a slot time with a much simpler approach.

Pcoll - Pbusy - Psuccess (316)



33

Probability that a collision occurs in given slot time
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Figure 3.6. Probability that collision occurs in given slot time

The resulting probability of a collision in a slot time, as the number of the priority
2 stations increases is given in Figure 3.6. The resulting graph shows that the collision
probability increases as the number of stations in the medium increases. This increase
in the collision probability not only decreases throughput, but also increases delay,
where low delay is an important requirement in multimedia applications such as video
or voice streaming. Our purpose in designing an adaptive mechanism for contention
window sizes is to decrease this collision probability according to the dynamic changing

nature of the medium, which will increase throughput while decreasing delay.

In order to evaluate the effect of increasing CW sizes for both priorities, a new
simulation in Matlab is carried out. In this simulation, the initial CW size for priority 1
is increased from 2 to 256 while the initial CW size for priority 2 is increased from 4 to
512. Therefore the CW size ratio between priorities remains constant. Our expectation
was to observe that the probability of collision will decrease as we have larger window
sizes. In Figure 3.7, it can be seen that the collision probability is decreasing as we

increase the CW sizes.
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Figure 3.7. P,,; versus initial window size

3.3. Throughput Analysis of EDCA

In the previous section, we have determined the probability for a station to sense
the medium busy (), the probability that the medium is busy (Pyys,), probability
that a successful transmission occurs in a slot time (Pyyccess) and the probability that
a collided transmission occurs in a given slot time (P.,;). Now we are in a position to

calculate the throughput for each priority.

In order to calculate the throughput of a priority, we should determine the length
of the time elapsed during a successful Tyceess and unsuccessful transmission T,,;. In
the following equations (3.17) and (3.18) Twyac, Tray, Trayioad a0d Tack represent
time required for transmission of MAC header, physical header, ACK packet and pay-

load respectively.

Tsuccess = AIFS + Tback—off + TMAC + TPHY + TPayload + SIFS + TACK (317)

Tcoll = AIFS + Tback—off + TMAC + TPHY + TPayload (318)
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Thack—off Tepresents the average back-off timer for a successful packet while ac-
cessing the medium. Among all the stations trying to access the channel, the station
with the minimum back-off timer length will obtain the opportunity for transmission.
For this reason, as the number of the terminals increases, the probability of a station
having smaller back-off timer length increases. So by using F,s,, we can find the num-
ber of the idle slot times before accessing the medium. By multiplying length of a slot

time with number of idle time slots, we are able to find Tyger—of/:

Throughput
DB T T T T
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02k

01k — — —Priarity 1
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Figure 3.8. Throughput versus number of data stations

Nyack—off = -1 (3.19)

Pbusy

1

~1 3.20
P ) (3.20)

Tback—off - Tslothack—off - Tslot(
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Finally, we can calculate the throughput by using the Ty, ccess, Troil; Psuccess and
Pcoll

TPayloadPsuccess,i
Tsuccesspsuccess + Tcolcholl

Throughput; = (3.21)

Figure 3.8 shows that as the number of the stations increases, the collision prob-
ability increases and the total throughput decreases because of the collisions. Also the
number of the terminals with video traffic is constant where the number of data sta-
tions are increasing. So the lower priority traffic gains more opportunity of accessing

the channel as the higher priority traffic gets a lower throughput.

We have observed that, the transmission probability of a station depends on the
number of the stations in the medium and the contention window sizes. As we can
not control the number of the stations in order to adjust the transmission probability,
we can optimize our contention window sizes according to the transmission probability
that provides maximum throughput. In the following section, we will find the optimum

transmission probability that provides maximum throughput.

3.4. Optimum Transmission Probability that Provides Maximum

Throughput

According to the throughput equation we have obtained (3.21), it is possible
to find the maximum achievable throughput for a given priority. The probability of
a successful or collided transmission depends on the number of the stations and the
transmission probability (7). For this reason the optimum transmission probability
that provides the maximum achievable throughput is different for different number of

the stations in the medium.

The maximum throughput for a given priority is achieved when the stations in

the medium belongs to that given priority, i.e.,when Py,ccess,i 15 equal to the Psyecess-
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After re-arranging the (3.21), throughput can be expressed as:

TPayload
Tsuccess + Tc L (3 22)

oll Psuccess

Throughput; =

Assuming that the time elapses for a successful transmission and a collided trans-

mission are approximately equal, then (3.22) becomes:

Tpa T
o yload o Payload
Throughput; = - P v P (3.23)
success( + P. ) success p
success success

As can be seen in (3.17) and (3.18), the time needed for a successful or a collided
transmission includes constant and variable portions. The variable part ,Tpscr—off,
represents the average back-off time slots needed before accessing into the medium. We
can represent Tyecess as summation of these constant (Neons:) and variable (Npgek—off)

portions.

After defining the constant portion of the summation as given below, it is possible

to define T ceess again.

Nconst = AIFS + TMAC + TPHY + TPayload + SIFS + TACK (324)
11— Pus
Tsuccess = slot(Nconst + Nbackfoff) = Tslot(Nconst + Piby) (325)
busy
After replacing Tsyeeess in (3.23), the throughput is expressed as:
T, ayloa Psuccess
Throughput; = Payload (3.26)

T‘slot[1 + (Nconst - 1)Pbusy]
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Recalling that Tpuyi00q and T are constant, in order to find maximum achievable
throughput, we can neglect these and obtain a simpler form to optimize (3.27). By
taking the derivative of (3.27) with respect to 7 and determining where the derivative
is equal to 0, it is possible to obtain the optimum transmission probability (7) which
provides maximum achievable throughput.

Piccess nr(l—7)"*

p— 3;27
1 + Pbusy(Nconst - 1) 1 + (Nconst - 1)(1 - (1 - T)n) ( )

Taking the derivative of (3.27) with respect to 7 and making the simplifications,

we obtained the following equation:

PS'MCCESS
O T3 Py (Neomr D _ _n(—(N + 1)1 —=7)"+ N1 —=7)*"+ (N +1)7(1 —7)"n)

or (=1 +7)2(=(N+1)+ N(1 —7)")2

(3.28)

In the (3.28), Neonst — 1, which is a constant scalar, is represented as N for

simplification.

In order to find the optimum 7 value, that provides the maximum throughput,

we should equate the numerator of (3.28) to 0, i.e.,

(—=(N+1)(1=7)"+N(1—7)*"+(N+1)7(1—-7)"n) =0 = (N+1)(nt—1) = —N(1—-7)"
(3.29)

Under the condition 7 < 1;

n(n—1)  Nn(n—1)
2 ~ 2

1-7)"=1-nr+7 4+ —-1=0 (3.30)
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Finally by solving (3.30), we are able to determine the optimum transmission

probability that provides the maximum achievable throughput.

\/n(QnN +n—2N)—n
(n? —n)N

(3.31)

Topt =

3.5. Comparison Between DCF and EDCA

The multimedia applications require QoS and the DCF mechanism is insufficient
while providing this QoS because of not having a service differentiation. Therefore
the channel resources will be shared among stations without having any priority while
using the DCF mechanism. On the other hand, in EDCA mechanism, we are able
to prioritize different traffic classes by differentiating the CW sizes belonging to these
traffic classes. So the higher priority traffic will have higher change of capturing the

channel.

According to the Bianchi’s model and our proposed model, it is possible to observe
how the channel resources are shared among stations with data traffic and video traffic.
For this purpose, Matlab simulations are carried out using both DCF and EDCA
models.

Table 3.3. Parameters Used for DCF-EDCA Comparison

Variable EDCA Video | EDCA Data | DCF Video | DCF Data
Number of Stations 5 [1 — 25] 5 [1 — 25]

CWinit 16 32 16 16

CW iz 32 1024 1024 1024
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In order to observe the service differentiation better, a scenario, where the total
throughput for both models are approximately equal, is considered. The CW sizes
are selected accordingly. In both simulation scenarios, there are 5 stations with video

traffic and the number of the stations with data traffic are increasing from 1 to 25.

Frobability that a Station transmits in DCF and EDCA
T T T T

Tau (1) (video)
—H&—Tau () (Data)

—+—Tau

0.01 = | | 1 | A

5 10 15 20 25
Murnber of data stations

Figure 3.9. The probability that a station transmits

Firstly the probabilities that a station transmits (7 in Bianchi’s model, 7; in our
EDCA model) are investigated. In Figure 3.9, the probability of a DCF station to
transmit (7) is equal to the probability of a video station in EDCA to transmit in a
slot time (71) because of having the same CW,,;;. Also because of the prioritization in
the access parameters, in EDCA mechanism, the data stations have lower probability of
accessing the channel compared to the video stations. On the other hand, as the number
of the data stations in the medium increases, the video stations in the DCF mechanism
lose the control in the medium and shares the medium with the data stations equally.
So the probability that a video station in DCF mechanism transmits in a slot time
decreases as the number of the stations in the medium increases. On the other hand
video stations in the EDCA mechanism protect their prioritization and the decrease in

71 is lower than the decrease in 7.



41

Total and Video Throughput in DCF and EDCA
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Figure 3.10. Video and total throughput in DCF and EDCA mechanisms

After investigating the probabilities of accessing the channel, the video through-
put in both mechanisms are investigated. As mentioned above, in order to observe the
service differentiation better, the CW sizes, which provides that the total throughput
for both models are approximately equal, are selected. As can be seen from Figure
3.10, there is a high correlation between probability of a station to transmit (7 or 7;)
and throughput. At the beginning, the video throughput in both mechanism are close
but as the data station in the medium increases, the throughput of video stations in
DCF mechanism decreases much faster than the ones in EDCA mechanism. This shows

that the service differentiation in EDCA provides priority to video traffic.

The throughput of the video traffic in EDCA mechanism is better compared to the
DCF mechanism however, the video throughput decrease in the EDCA is an indication
of a need for an adaptive system, which redefines the access parameters according to

the dynamically changing medium.
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3.6. Drop Probability Analysis of EDCA

After a packet with the access category 7 is being tried to be transmitted, it will
have the opportunity of being retransmitted Lpgesy,; times. If this packet encounters
collision more than Lgeyq, then we can see that this packet will be dropped. It is
a suitable approach especially for multimedia streams, because of having small delay
constraints. If a packet has accessed higher delay, at the receiver side, the received

packet is meaningless.

Drop Probability
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Figure 3.11. Drop probability

Keeping in mind that the probability P; is the probability that a packet of the
access category ¢ encounters a collision in a slot time, we can find the probability of
dropping a packet, which also means of encountering collision Lgety,; + 1 times. In
our implementation of the model, the Lgesy,; for priority 1 was selected lower than
priority 2 in order to have lower delay for priority 1 traffic. For this reason, the drop

probability of priority 1 traffic is higher than priority 2 as can be seen in Figure 3.11.

Pd'rop,i - P»L‘Lretry(i)—i_l (332)
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Using (3.32), it is also possible to obtain the probability of a packet to be trans-

mitted without being dropped can be computed as follows:

Ptransmz'tted,i =1- -PiLre”y(i)+1 (333)

3.7. Delay Analysis of EDCA

While we investigate the saturation delay of the system,we have to take into
account, the expectation of back-off timer for priority ¢, the transmissions from other
stations which causes back-off timer to pause, the delay caused from the dropped

packets, and retransmission count because of the collisions suffered.
3.7.1. Delay Analysis for Dropped Packets

For this purpose, we should first calculate the delay resulting from dropped pack-
ets. A dropped packet means that the packet had encountered Lgetyy; + 1 times
collision. The expected number of back-off slot times that a dropped packet waits can

be found as follows:

LRetm N
B . 7t CW max(i,5)
drop,i — E 9

J=0

(3.34)

Birop,i is the average number of back-off slot times for a dropped packet without
considering the other transmissions causing this back-off counter to pause until their
transmissions are over. By using the F; it is possible to find out how many slot times

have to pass for a transmission to happen from any station.
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By using the data of how frequently a transmission from another station happens,
we can find out how many times that the back-off counter has to be paused in Bgop,i

slot times.

1
fpause,i = F (335)
B TOD,%
Ndrop,i - f d p,. (336)
pause,i

Finally, we are able to calculate the delay resulting from the dropped packets;

Psuccess Pcoll
7Tsuccess + 7Taoll] + (LRetry,i + 1 ) (Tcoll +TTimeaut)
Pbusy Pbusy

(3.37)

Ddropped,i - Bdrop,iTslot+Ndrop,i[

As can be seen from the equation above, the delay resulting from the dropped
packets is the sum of the time elapsed during back-off timer, the other station’s trans-
missions during back-off timer, and the retransmission of the station itself until it

reaches the retry limit.

3.7.2. Delay Analysis for Successfully Transmitted Packets

After calculating the delay caused by the dropped packets, we will calculate the
delay caused by successfully transmitted packets. Firstly, we have to find the expected
number of slot times before transmitting a packet successfully. This depends on the
contention window length of that priority and the probability of a station in priority ¢

sensing the channel busy (P;).
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Multiplication of the probability of a station to transmit successfully in j-th try
and the expected number of the back-off timer until j-th state gives us the number of
expected back-off slot if the packet is transmitted in j-th try. If we sum the expected
number of slot times for all state’s probabilities, we will be able to obtain the average
expected number of slot time without considering the slot times paused because of other
station’s transmissions.The expected number of slot times for priority 7 is calculated

as follows:

LRetr K3 ] j '
Bsuccess,i = Zy ]Dz] (1 — Pz) Z CW;ME,Z,S
j=0

s=0

(3.38)

Bgyccess,i 1s the average number of back-off slot times for a dropped packet without
considering the other transmissions causing this back-off counter to pause until their
transmissions are over. By calculating how often another station can start transmission
during a back-off interval, we can find out how many times back-off timer will be paused

in a given back-off length:

Bsuccess %
Nsuccess,i = —" (339)

f pause,i

When calculating the delay for the dropped packets, we are sure that these packets
were retransmitted Lpesy; times, but for successfully transmitted packets, we must

estimate the number of retransmissions before transmitting successfully.

LRetry,i

NRetry,i - Z jR]<1 - PJ) (340)

=0
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Finally, we are able to calculate the delay for the given priority for successfully

transmitted packets;

Psuccess Pcoll
Dsuccess,i = Bsuccess,iTslot + Nsuccess,i[ P Tsuccess + P Tcoll]
busy busy
+NRetr ,i(Tcoll + TTimeout) + Tsuccess (341)
Y

3.7.3. Average Delay

The final estimate of delay should include the estimation for dropped and trans-
mitted packets according to their probabilities of Pjansmitted; and Pyrop; which were

calculated in equations (3.32) and (3.33).

Di = Pdrop,iDdropped,i + Ptransmitted,iDsuccess,i (342)

Delay
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— — —Video
Best Effort
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Figure 3.12. Average delay
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In Figure 3.12, it is obvious that the delay for both priorities increases as we
increase the number of stations in the medium. This increase in the delay results from

both increased number of collisions and also increased contention window sizes.

As we have investigated, as the number of the collision increases, the expected
number of retransmissions and so the state of the stations representing the retrans-
mission number converges to higher states resulting the increase in delay. During the
simulation, the number of increase for CW size for the priority 1 traffic was defined
as 1 and defined as 5 for the priority 2. Therefore when the collisions in the medium
increases, the contention window sizes for the priority 2 becomes much larger than
priority 1. So the delay of priority 2 increases much faster than priority 1 as in Figure

3.12.

Our expectation was to observe that the average delay would increase as we have
larger window sizes. As can be seen from Figure 3.13, the delay is increased as the
CW sizes for both priorities are increased. On the other hand, the collision probability
decreases (Figure 3.7) as we increase the CW sizes for the stations trying to access the
medium. For this reason, an adaptive algorithm that decreases the collision probability,

while keeping the delay below a certain threshold value is developed in this study.

During the analysis of the IEEE 802.11e EDCA mechanism, the required mod-
ifications are added to the model of former medium access mechanism model, IEEE
802.11 DCF. In order to allow prioritization, for each access category, a new Markov
model is developed and the state transition probabilities of this model are analyzed
separately. Furthermore the probability of sensing the channel busy and pausing the
back-off timer is taken into account. On the other hand, the retry limit, which is de-
fined in the standard, is also considered. Finally, delay analysis is also made in order

to obtain the relationship between access parameters and delay.
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Figure 3.13. Average delay versus initial CW sizes

After finding the probabilities of the model and analyzing the throughput, the
performance of the DCF and EDCA mechanisms are compared and we have found out
that the service differentiation in EDCA provides priority to video traffic compared to
DCEF. However, the video throughput decreases and the increase of the delay for the
video packets due to the increased number of stations in the medium pointed out a need

of redefining the access parameters according to the dynamically changing medium.

In order to validate the EDCA model we built up, the analysis results will be
compared with the real time simulation results. The throughput and delay are the most
important factors in multimedia applications while providing QoS. For this reason, this
validation will be discussed in the following chapter from the delay and throughput

perspectives.
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4. MODEL VALIDATION

In the previous chapter, we have developed a model for defining the probabilities
that allowed us to estimate throughput and delay. In order to validate our model
for EDCA, simulations are carried out by using the network simulation tool OPNET

Modeler 14.5.

In OPNET, it is possible to simulate IEEE 802.11 network scenarios by modifying
the parameters like application type, application definitions and wireless LAN param-

eters including the MAC parameters, which will be used in our network simulation.

In the simulations, two types of traffic will be defined as applications. First
priority will be video traffic where the second priority is defined as best effort data
traffic. In order to validate the proposed model, the same simulation is done in both
OPNET and Matlab with the same parameters. The parameters used during this

validation process are given in Table 4.1

Table 4.1. The Parameters Used During Validation Simulations in Matlab and

OPNET
Variable Video | Best Effort
Number of Stations 2 1 — 12]
L retry 4 4
CWinit 16 32
CWinaw 32 1024
DataRate 1 Mb/s | 1Mb/s

We have already observed from Matlab simulations of the model in Chapter 3,
the chance for video stations accessing the channel decreases as the number of the
stations with best effort traffic increases. On the other hand, because of the increased

unsuccessful transmission, the delay for both priorities increases.
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In the OPNET Simulation, 2 video stations and 12 best effort data stations are
defined. At the beginning of the simulation, two video stations and one station with
data traffic are transmitting and after every 30 second, one of the best effort stations
starts transmission. Since we are interested in the normalized throughput in both
simulations, the data rate is set to 1 Mb/s not to encounter with the decrease in the
utilization as the data rate increases. The network built up for this purpose is shown

in Figure 4.1

Figure 4.1. The network used in OPNET simulation

The throughput results for the OPNET and Matlab simulations are shown in
Figure 4.2 and Figure 4.3 respectively. Considering that a data station starts trans-
mission into the medium every 30 seconds, both figures show that the throughput of
the video and best effort data traffic become equal when the number of data stations
becomes 5. Considering the tendency of decreasing the throughput for video traffic in
case of increased data traffic capturing the channel, we can say there is high correlation

between our model and the behavior of the EDCA mechanism.



B Annaotation: Best Effort
B Annaotation: Yideo

o1

800,000
750,000 4
700,000 4
650,000 -
£00,000 4
550,000 4
500,000 4
450,000 4
400,000 4
350,000 4
300,000 4
250,000 4
200,000 4
150,000 4
100,000 4

a0,000+----

1]

YLAN (Per HCF Access Category) Throughput (bitsfsec)

----------- T T e e T e L b L LT L soennnedtinnsasnan

Om s

Om 30=

0.7

06

0.4

0.4

0.3

0.2

0.1

Figure 4.2. The throughput results for OPNET simulation

Throughput

T T T T T
1m 0= 1m 30s 2m s 2m 30s 3mOs 3m 30=s 4m Os 4m 30s am 0s am 30s Bm O=

—+—%iden
— — —Best Effort

2 4 ) g 10 12
Mumber of Stations for Priority 2

Figure 4.3. The throughput results for Matlab simulation

Bm 30s



52

B Annatation: Best Effart
B Annatation: Wideo

WLAMN (Per HCF Access Category)Media Access Delay (sec)

0.oo T T T T T T T T T t T 1 T
Om 0= Om 30s 1m 0= 1m 30z 2m 0z 2m 30s Jm 0z 3m 30z 4m Oz 4m 30s am 0z am 30s Bm 0z Bm 30z

Figure 4.4. The delay results for OPNET simulation

—+—"iden
0.13 — — —Best Effort e |
012+ A .

011} e -

0.1
0.09 t e -
0.08 - -
0.07 | - -
0.06 2o -
0osf - -
0.04 -
003+ -

1 | 1 | | | | | | |
1 2 a3 4 B 5 7 g g 10 M
Mumber of Stations for Priority 2

N
1

Figure 4.5. The delay results for Matlab simulation



23

After investigating the correlation between our model and the real time behavior
of our model from the throughput point of view, we validate the model in terms of
delay. The delay results for both video and best effort data traffic are given in Figure
4.4 and Figure 4.5. Delay for the best-effort traffic is increasing between 40 msec and
130 msec in both cases. Also the delay for the video traffic is increasing from 20 msec
to 55 msec for both our model and real-time simulations. As can be seen from the both

figures there is a good match between delay results for both simulations.

In this chapter, our objective has been to validate the EDCA model by investi-
gating the correlation between our model and the real time simulations in OPNET.
Based on the simulation results, it is possible to say that our model is validated from

both throughput and delay point of view.

When the best-effort station number increases, the throughput of the video sta-
tions also decreases. After the fifth best-effort station starts transmission, the through-
put of the best-effort traffic and video traffic became equal in both cases. From then
on, the video throughput continues to decrease, which is an indication of a need for an
adaptive system, which redefines the access parameters according to the dynamically

changing medium.
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5. OPTIMIZATION OF THE CW SIZES FOR VIDEO
TRANSMISSION

In the previous chapters, we have developed a model for EDCA mechanism in
order to estimate the throughput, delay and collision probabilities for different prior-
ities. After computing the probabilities according to this model and estimating these
desired outcomes (T hroughput;, D;, P..;), we have validated these results with the real

time behavior of the EDCA mechanism.

In both the validation process and the analytical calculation of the throughput of
the video traffic, we have observed that the throughput for video traffic is quite satis-
factory compared to data traffic in case of having the same number of stations for both
traffic classes. But as the number of the best-effort data traffic station increases, the
probability of these stations capturing the channel increases which causes a decrease in
the video throughput. Furthermore the increase in the collision probability (P..;) also
decreases the throughput for both priorities. This shows that the EDCA mechanism
can provide QoS for video transmission from the throughput point of view until the
traffic from other stations start to capture the channel and the number of collisions

mcreases.

By increasing the CW sizes for both priorities, it is possible to decrease the
collision probability. As can be seen in Figure 5.1, decrease the collision probability,

increases throughput for both priorities until throughput reaches optimum value.

The algorithm used in determining the CW sizes is given in Figure 5.2. As the
number of the stations trying to access the medium dynamically changes, the optimum
CW sizes that maximize throughput are also changing. The increase in the station
number in the medium requires higher CW sizes in order to avoid collision but this
increase should not exceed optimum size and cause decrease in throughput because of

higher Tyoer—ofy-
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Figure 5.1. Collision probability versus initial CW size for video

5.1. Proposed Adaptive Control

As can be seen from the algorithm in Figure 5.2, the main purpose is to optimize
the overall system by decreasing the collision probability under a predetermined value.
If P.,; is higher than that predetermined value, it means that we are not using the
channel with optimum parameters; therefore our first move in the algorithm is to
decrease P,.,; by increasing the initial CW sizes for both priorities. Increase in the
CW sizes should not cause a decrease in the total throughput of the system because
of increased Theer—off. For this reason, the initial CW sizes are increased until the
throughput reaches its optimum value. On the other hand, this proposed solution of
increasing CW sizes for both priorities has a drawback of increasing delay because of

the increased average back-off time (Thack—off)-
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In the algorithm, the upper limit for P, is defined as 10 percent. When the
collision probability is higher than this pre-defined value, the algorithm tries to optimize
the CW sizes for both priorities. The collision probability depends on the number of
the stations in the medium. If we have a high P,.,;, this means we need higher CW
sizes to avoid collision so as can be seen from the algorithm, initial CW sizes for both
priorities are multiplied by 2. After each increase in both initial CW sizes, the ICW

counter is increased.

Increase in the CW sizes is limited by the optimum CW sizes for maximum
throughput because this approach works well in an interval because as we increase
the initial CW sizes, we also increase Tpqcr—of¢ time which has a decreasing effect on
throughput. If we increase the back-off time length more than its optimum value for
the given channel conditions, then the throughput will decrease. So if the CW sizes
provide optimum throughput or the P,.,; is lower than 10 percent, the algorithm will

switch to the optimizing delay phase.

After optimizing the overall system for optimizing the total throughput, we are
interested in the video traffic in the optimizing delay phase. The cause of an increase in
delay or decrease in throughput for video traffic can be due to increased number of data
stations in the medium. By the increasing number of data stations in the medium, the
performance of the video traffic will be degraded, for this reason we have to increase
the priority of video traffic by increasing the CW sizes for lower priority class traffic.
By this approach, the video packets will have higher chance of accessing the medium
resulting in decreased delay for video traffic. On the other hand, the delay for data
traffic will increase while throughput decreases. After each increase in CW sizes for
lower priority traffics, the ICW2 counter is increased. In our algorithm, this increase

of CW sizes for lower priority traffics is limited to a pre-defined number.
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5.2. Performance Evaluation Proposed Algorithm

In this section, we evaluate the performance of the proposed algorithm in a dy-
namical changing environment. For this purpose, the same simulation parameters
defined in Table 3.2 and Table 3.1 are used, but in this simulation the number of best
effort data stations are increased from 1 to 100 in order to observe the behavior of the

system with increased number of best effort data stations.
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Figure 5.3. Total throughput for default and adaptive CW sizes

In the simulations, the total throughput is calculated for both default and op-
timized CW sizes. The resulting total throughput for default and adaptive CW sizes
are shown in Figure 5.3. We observe a better performance from the total throughput
point of view for the optimized CW sizes since our adaptive algorithm adjusts CW
sizes according to the collision probability especially when the number of the stations

in the medium increases.
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In our algorithm, P, is used in order to optimize the overall system by increasing
the total throughput. P..; for both default and optimized cases are shown in Figure 5.4
demonstrating that our algorithm is successful while decreasing the collision probability

even with the large number of stations in the medium.
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Figure 5.4. Collision probability for default and adaptive CW sizes

In addition to an increase in the total throughput compared to the throughput
obtained from the default CW sizes, we also need to determine the effect of this adap-
tive system on video throughput. For this purpose, we investigate the throughput
for both priorities. The resulting graph is given in Figure 5.5 and this graph shows
that, using the adaptive system, the video stations can perform better in spite of the
large number of data stations in the medium. In addition to improvement in the to-
tal throughput, also by increasing the video traffic priority, the video QoS from the

throughput perspective becomes quite satisfactory.



60

“ideo and Data Throughput

08 T T T T T T T T
— Optimized Yideso
— & — Default Video
07 H — == Optimized Data ||
= == Default Data
0B6H —
05H -
x“% ‘‘‘‘‘
= S
04 '___..,.w”“"
g TR oy
e s, el
nsff e o, B .
F sy 08
g W}
02§ R Oy —
3 2g
,f b - ...u-u.--..“n.“““‘m i
01 f: - T e NS g
RUN o o W - i
s R
I
il | | | | | | | | |
0 10 20 30 40 50 [=01] 7o 80 20 100

Murnber of Stations for Priority 2

Figure 5.5. Video and data throughput for default and adaptive CW sizes

Finally, in order to see the effect of the adaptive algorithm from the delay per-
spective, delay analysis is made for both data and video packets. In Figure 5.6 and

Figure 5.7 the results of the delay analysis are given.
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Figure 5.6. Delay for video packets for default and adaptive CW sizes
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Figure 5.7. Delay for data packets for default and adaptive CW sizes

After optimizing the total system according to the number of the stations in
the medium our proposed algorithm decreases delay for video traffic by increasing the
priority of video traffic in the delay optimization phase. For this reason, the data
packets have to wait more while the video packets have higher chance accessing the
channel. As can be seen from the Figure 5.6 and Figure 5.7, the delay for video traffic is
decreased while making the data packets wait longer when accessing the channel. This

shows that our algorithm is successful in providing QoS from the delay perspective.
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6. CONCLUSIONS

In this thesis, an adaptive algorithm for optimizing EDCA parameters according
to the QoS requirements for multimedia traffic is proposed. For this purpose delay and
throughput estimates are obtained using the analytical model developed for the EDCA
back-off procedure. The model takes the traffic prioritization, retry limit and pause
intervals during back-off into account. Furthermore the effect of dropped packets on
average delay and the idle time for collided transmission are considered in the analytical

model.

From the results of the analytical model, it has been observed that a new approach
is needed to provide QoS for multimedia packets in a dynamically changing medium
with changing number of stations. As the number of stations is increased, the video
throughput decreases due to other stations capturing the medium. Moreover also
with the increased number of retransmissions and longer back-off times, the delay for

multimedia traflic increases.

Rather than increasing the CW sizes for lower priority traffic, the overall system
is optimized by decreasing the collision probability. Thus it has been possible to obtain
an optimum total throughput. In case of still being under the required QoS limits, the
priority of lower class traffic is further decreased. Hence with the use of this adaptive
algorithm, it has been possible to achieve much higher throughput and lower delay

compared to the default EDCA mechanism.
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