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Abstract: The IEEE 802.11e Medium Access Control (MAC) is an emerging standard to
support Quality of Service (QoS). Some recent works prove that 802.11e Hybrid Coordination
Function (HCF) can improve significantly the QoS support in 802.11 networks. A simple
HCF scheduler has been proposed in the 802.11e which takes the QoS requirements of flows
into account and allocates time to stations on the basis of the mean sending rate. As we
show in this paper, this HCF scheduling algorithm is only efficient for flows with strict
Constant Bit Rate (CBR) characteristics. However, several real time applications, such as
videoconferencing, may sometimes have small variations in their packet sizes, sending rates
or even have Variable Bit Rate (VBR) characteristics. In this paper, we propose a new
HCF scheduling algorithm, FHCF, that aims to be fair for both CBR and VBR flows. The
FHCF scheme uses queue length estimations to tune its time allocation to stations. We
present a set of simulations and provide performance comparisons with other schemes. Our
performance study indicates that FHCF provides good fairness while supporting bandwidth
and delay requirements for a large range of network loads.
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FHCF': Un nouveau mécanisme d’ordonnancement pour
Réseaux Locaux sans Fil 802.11e

Résumé : Le standard IEEE 802.11e est un nouveau Controle d’Accés au Medium (MAC)
élaboré pour répondre aux besoins en Qualité de Service (QoS) des applications sur réseaux
locaux sans-fil. De récentes études ont montré que la Fonction de Coordination Hybride
(HCF), définie dans le standard 802.11e, permet d’améliorer considérablement les perfor-
mances obtenues par ces applications. Ce standard propose un algorithme d’ordonnancement
simple, qui exploite la HCF en tenant compte des besoins en QoS des différents flux cir-
culant sur le réseau. L’ordonnanceur alloue des temps d’accés au medium en fonction des
taux moyens d’arrivée de données. Dans ce rapport, nous montrons que cet algorithme n’est
efficace que pour des flux dont les caractéristiques sont strictement CBR. Cependant, de
nombreuses applications temps-réel telles que la visioconférence, générent parfois des flux
avec des tailles de paquets ou des débits qui peuvent varier au cours du temps (VBR). Ce
rapport présente FHCF, un nouvel algorithme d’ordonnancement pour la HCF qui vise a
étre équitable aussi bien pour des flux CBR que pour des flux VBR. Ce nouveau mécanisme
utilise des estimations sur les longueurs des files d’attente pour affiner les allocations de
temps d’accés des différentes stations du réseau. Nous présentons un ensemble de simula-
tions pour comparer les performances des différents mécanismes. Cette étude montre que
FHCEF est capable d’étre trés équitable envers les différentes stations tout en respectant les
besoins en bande passante et en délai de chaque flux pour des charges du réseau trés variées.

Mots-clés : Réseaux Locaux Sans Fil, IEEE 802.11e, Controle d’Accés au Medium (MAC),
Qualité de Service (QoS)



FHCF: A Fuir Scheduling Scheme for 802.11e WLAN 3

Contents
1 Introduction 6
2 The 802.11e HCF scheduling algorithm 7
3 Relationship between delay and SI 8
3.1 Empty queues at the end of the TXOP . . . . . . . . ... ... ... . .... 8
3.2 Non-empty queues at the end of the TXOP . . .. ... ... ... ...... 9
4 The FHCF Scheme 11
4.1 A queue length based scheduling scheme at the QAP . . . . .. .. ... ... 11
4.1.1 Use of a queue length estimation at the beginning of the SI . . . . . . 12
4.1.2 Comparison with the “ideal” queue length distribution . . . . . .. .. 12
4.1.3 Estimation of the fluctuations of the number of arriving packets . .. 13
4.1.4 Redistribution by the scheduler of the unallocated time . . .. .. .. 16
4.2 The node scheduler . . . . . . . . . ..o 17
4.3 FHCF Implementation in NS-2 . . . . ... ... ... .. ... ... .. 18
4.3.1 Basisof FHCF scheme . . . . . .. . . ... ... ... .. .. ... . 18
4.3.2 TSPEC negotiation . . . ... ... .. .. . ... ... ... ..., 18
5 Description of simulations 19
5.1 Evaluation of the QAP scheduler . . . .. .. ... ... ... ... ..... 19
5.2 Evaluation of the node scheduler . . . .. .. ... ... ... ... ..... 20
6 Results 22
6.1 Evaluation of the QAP scheduler . . . . .. ... ... .. ... ........ 22
6.1.1 Comparison of throughputs . . . . . .. .. ... ... ... ... . 23
6.1.2 Comparison of the number of dropped packets . . .. ... ... ... 23
6.1.3 Analysis of latency distributions . . . . .. ... .o 0oL 23
6.2 Evaluation of the node scheduler . . . ... .. ... ... .......... 25
6.2.1 Audio and VBR H.261 video flows . . . . . .. .. ... ... .. ... 25
6.2.2 CBR MPEG4 video flows . . . . .. ... .. .. ... ... ..... 26
7 Conclusion 27

RR n° 4883



Pierre Ansel, Qiang Ni and Thierry Turletti

List of Figures

1

w

= = © 00~ O Ot i~

= O

13
14

Structure of the superframe used in the HCF scheduling algorithm proposed

In 2] . . o 7
Theorical delay versus time . . . . . . ... .. .. ... ... .. ... .... 10
Queue length evolution for a TS ; (0): ideal queue length evolution ; (1):

gt > (2 @t <@t 13
gieel and ¢¢** distribution at the beginning of the ST . . . . . . . .. .. ... 14
Distribution of the sending rate of a real VBR video traffic . . ... ... .. 14
Diagram of the remaining time usable by our algorithm . . . ... .. .. .. 16
Throughput versus time for FHCF, Standard HCF and EDCF . . .. .. .. 22
Dropped packets versus time for FHCF, Standard HCF and EDCF . . . . . . 22
Latency distribution for FHCF, Standard HCF and EDCF . . . . . . . . . .. 22
Mean latency for each flow with FHCF, Standard HCF and EDCF . . . . . . 22
Delays of the considered VBR flow: (1) about 20ms, (2) about 37ms, (3)

about dms . . . .. L 24
Delays . . . . . . e 26
Fairness . . . . . . . . e 26
Total throughput . . . . . .. ..o o 27

INRIA



FHCF: A Fuir Scheduling Scheme for 802.11e WLAN 5

List of Tables

S U W N

Description of the different traffics . . . . .. ... .. ... .. ... ..... 19
Parameters of the audio traffic . . . .. ... ... ... ... ......... 20
Parameters used for the simulations . . . ... ... ... ... ........ 20
The PHY and MAC parameters . . . . . . . . . . . vt v o 21
Description of the different traffics . . .. ... ... ... ... ........ 21

Number of drops for each kind of flow with FHCF, Standard HCF and EDCF 23

RR n° 4883



6 Pierre Ansel, Qiang Ni and Thierry Turletti

1 Introduction

IEEE 802.11 Wireless LAN (WLAN) [1] is one of the most deployed wireless technologies
all over the world. The explosive growth of multimedia applications in the recent years
arose the problem of the required Quality of Service (QoS) of these applications such as
guaranteed delay, jitter and bandwidth. However, the 802.11 MAC has not been designed
in this context and does not support service differentiation.

A new Hybrid Coordination Function (HCF) has been proposed in the upcoming 802.11e
draft [2] to enhance the QoS support by combining and extending the mandatory Distributed
Coordination Function (DCF) and the optional Point Coordination Function (PCF) of the
MAC sub-layer. HCF is composed of two channel access mechanisms: a contention-based
channel access and a controlled channel access mechanism. On the one hand, the contention-
based channel access, also called Enhanced DCF (EDCF), provides a probabilistic QoS
support by using 8 Traffic Categories (TCs) for different types of flows. On the other hand,
the HCF Controlled Channel Access (HCCA), which evolved from the PCF, provides a
parameterized QoS support. With this mode, a QoS Station (QSTA) has first to send its
traffic requirements to the Hybrid Coordinator (HC) which is collocated within the QoS
Access Point (QAP). If traffic can be scheduled in the HCCA mode, the QSTA receives a
downlink frame notifying the acceptance of the traffic. Then a virtual connection called
Traffic Stream (TS) is set up and the QSTA receives a Transmission Opportunity (TXOP)
of a certain duration each time it is polled by the QAP.

Recent performance evaluations of 802.11e HCF [3], [4] show that HCF is more flexible
than DCF and PCF and it can improve the QoS support in 802.11 networks. In order to
guarantee the strict QoS requirements, the HC needs to schedule efficiently the different
transmissions. This paper focuses on scheduling algorithms used for the HCCA mode. As
described in more details in the next section, the 802.11e standard [2] proposes a simple HCF
scheduling algorithm that is efficient for flows with strict CBR characteristics. However, a
lot of applications, such as videoconferencing, have intrinsic VBR characteristics and this
scheme becomes unfair because it can not adapt to flows which do not respect exactly their
requirements or to flows whose characteristics fluctuate during time.

Another HCF scheduling algorithm has also been proposed in [9]. Actually this NS-2
simulation code implements both an old version of EDCF and an HCF scheduler (802.11e
draft 2.0). This HCF scheduler is based on queue length information updated in the QAP
each time a QoS data packet is received. A fixed amount of TXOP is allocated to the QSTA
which has the highest average weighted queue length. All polled QSTAs receive the same
TXOP duration. However, queue lengths of already-polled and non-polled QSTAs may not
be updated any more since these QSTAs may not have the opportunity to transmit any
packet and consequently to inform the QAP of its current queue length.

In this paper, we propose a new scheduling algorithm that aims to be fair for both CBR
and VBR flows. Our scheme has not been designed to provide the lowest delays for all the

INRIA
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flows but rather to guarantee the minimum of all the Service Interval! (SI) requirements as
maximum delay for all the flows while providing the required bandwidth to each flow.

The rest of this paper is organized as follows: Sections 2 and 3 detail the standard HCF
algorithm and the mathematical relationship between scheduling delay, ST and queue length
of the TS. Then, in Section 4 explains the principles of the FHCF scheme. Section 5 describes
the conducted simulations to compare our FHCF scheme to EDCF and the standard HCF
schemes and results are shown in Section 6. Finally, Section 7 concludes the paper.

2 The 802.11e HCF scheduling algorithm

A simple scheduling algorithm is proposed in the 802.11e specification [2] to take QoS re-
quirements of traffics into account. Each QSTA that requires the HCCA mode has first to
send a QoS request packet to the QoS Access Point (QAP) containing the mean data rate of
the application using this TS, the MAC Service Data Unit (MSDU) size and the maximum
SI required.

With these QoS requests, the QAP determines first the minimum value of all the Sls
required by the different traffics which apply for HCCA. Then it chooses the highest sub-
multiple of the superframe duration (duration between two beacons), which is inferior to the
minimum of all the SIs2. Thus the superframe is cut into several SIs and QSTAs are polled
according to a round-robin polling algorithm during each SI. As shown in Figure 1, after
the Contention Free Period (CFP), EDCF periods and Controlled Access Periods (CAPs)
are alternating during the Contention Period (CP).

SI1 Sl 2 SI'3
B TXOP1| TXOP2 TXOP3 EDCF TXOP1| TXOP2 TXOP3 | .. EDCF TXOP1| TXOP2 TXOP3 | .. EDCF B
CAP CAP
CFP cP
Superframe

Figure 1: Structure of the superframe used in the HCF scheduling algorithm proposed in [2]

As soon as the SI is determined, the QAP evaluates the different TXOPs allocated to
the different TSs of all the QSTAs which applied for HCCA. TXOP corresponds to the time
to transmit the number of packets arriving during a SI in the TS queue. The number of

1The SI corresponds to the required duration between two polls of the same TS of a QSTA.
2For example, with a superframe duration of 500ms and two required STs of 150m.s and 200ms, the QAP
chooses 125ms, the highest submultiple of 500 inferior to 150.
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8 Pierre Ansel, Qiang Ni and Thierry Turletti

packets arriving in the TS queue j of the QSTA i during a SI is:

pl * ST
M

N} =T

3

1, (1)

where p{ is the application data rate and Mf the MSDU size.
Then the different TXOPs 77 are evaluated:

‘ MY
T/ = Ni’(f +2%SIFS + ACK), @

where R is the physical transmission rate, STF'S, the Short Inter Frame Space and ACK,
the time to transmit an acknowledgement packet.
The TXOP allocation scheme ensures that the queue lengths of each TS having been

p{ x ST
M?

polled, is either constant if is an integer, or slowly decreasing.

This simple algorithm can be efficient if traffic respect strictly their QoS requirements.
However, some real time applications such as videoconferencing, may generate VBR traf-
fics and this scheme may cause the average queue length to increase. Even if the mean
sending rate of such application is lower than the rate specified in its QoS requirements,
sometimes, peaks of sending rate will not be absorbed by TXOPs allocated according to the
QoS requirements. A more flexible scheme which adapts to fluctuating flows is then needed.

To understand in which extend this algorithm may be improved to guarantee maximum
delay and how it can be adapted to traffics with fluctuating packet sizes and sending rates,
it is important to understand the relationship between the SI, delays and queue lengths.

3 Relationship between delay and SI

Let us consider several simplifications to establish a simple relationship between ST and delay.
First, we use an efficient bandwidth b corresponding to the actual amount of data transmitted
per time unit. Second, we suppose that data are transmitted continuously (without taking
packet cuttings into account). For the delay analysis, we consider the following two cases:

3.1 Empty queues at the end of the TXOP

The delay for the packet P that arrives in the TS with polling order i at the time3 ¢ is due to
the waiting time W for the next polling and the duration to send all the remaining packets
in the queue when P arrives. The delay expression has different terms which correspond to

3Tnitial time corresponds to the beginning of the SI.
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the different periods when the packet arrives: Indexes b, d and a refer respectively to the
periods before, during and after the polling. Then delay can be expressed as:

di(t) = (Wh(t) + Qb(t))X[o;ijﬂ;} 7,1(t)

+ (Wa(t) + Qd(t))X[zfj’;; i, () (3)
+ (Walt) + Qu(®))xysi_, 7y:5n(F)
with:
B i—1 B qEM'L plt
Wi(t) = ZITJ- —t, Q)=+
iz
@M | pit -
i—1 p; i
Wat)=SI—t+Y T,  Qut)= f(t— T
7j=1 j=1
and ¢ la: 1]
_Jrlifte|a
X[‘“b](t) o { 0 else
is used for the different periods.
Equation (3) can be rewritten as:
i—1 0
q; Ml' pit
di(t) = (ZTJ' —it et T)X[O:E};l 7;1(t)
7j=1
i—1 0 i
+ (ST —t+ ZT]- + f(t - ZTJ))X] z;Tj;SI](t)~
=1 j=1

Note that delay is discontinuous at the end of the TXOP since packets arriving after the
end of the TXOP have to wait for the next TXOP at the next SI.

3.2 Non-empty queues at the end of the TXOP

According to the standard HCF algorithm proposed in 802.11e, the queue at the end of the
TXOP may not be empty and our first assumption becomes wrong. In this case, we have to
consider ¢f, the queue length of the TS at the end of the TXOP T;.

If we suppose delay discontinuity during the TXOP (see Figure 2), delay can be expressed
as:

RR n° 4883
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1—1 0
q; M; pit
@@:Qﬁ}4+b + = )Xoy (1)
Jj=1
i1 o
+(ST—t+) T+ f(t — t))xe1,50(1),
j=1

where t? is the time when delay discontinuity happens. t¢ corresponds to the arriving time
of the first packet which can not be transmitted during the current TXOP:

7
Z q; M;
td == T]‘ —_ — -
i=1 Pi

Thus the maximum delay denoted by D, is obtained at the time t¢ and is equal to:

e M,
D; = maxd;(t) = ST — T; + L0 (4)
t Pi
Delay of the packet arriving at the time t
€M
SI-T;+ aiM; 3
9iM;
b |
7 iz
T td Time

Figure 2: Theorical delay versus time

Equation (4) shows that delay is higher if some packets remain in the queue at the end
of the poll. Note that if we suppose that the queue is empty at the end of the poll, D; is
almost equal to the SI duration since T; << ST.
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Since the TXOP allocated to the TS with polling order ¢, is:

bAL, . e M,
GMi | pig @M

Ti = )
b b b

with ¢% = ¢ + e E;;ll T; the queue length just before polling, using (4), the maximum
delay is also equal to:

b
b M;
p,=s14 %M 0

oo 5)

(5) shows that we can reduce the maximum delay D; by increasing the TXOP T; allocated
to the TS i because the number of packets remaining in the queue at the end of the TXOP
decreases when the allocated TXOP increases. From (1) and (2), we can note that 7,/ST
does not depend on the SI duration, so we are able to reduce the maximum delay by reducing
the SI duration. However, this increases the utilization rate of the HCCA since the number
of SlIs, polls and overheads increase in the same time. Furthermore, we can control the
maximum delay of packets if we are able to control the queue length before polling ¢?,
whose value is determined by the data rate of the TS. If we suppose traffic is not CBR
traffic, ¢© may vary considerably.

The advantages of this scheme are the possibility to control delay of each accepted traffic
given that the queue length is controlled before polling. So each traffic should have the same
maximum delay linked to the SI duration chosen by the QAP without any additional cost.

4 The FHCF Scheme

In this section, we detail the principles of the FHCF scheme that takes queue length infor-
mation into account to support both CBR and VBR traffics. First we describe the QAP
scheduler, which uses a window of previous estimation errors for each TS of each QSTA, to
adapt the computation of the TXOP allocated to the QSTA. Then we show how a QSTA
can redistribute the unused time among its different TSs through the node scheduler since
the TXOP is always allocated to a whole QSTA in our scheme.

4.1 A queue length based scheduling scheme at the QAP

If we suppose traffic has not strict CBR characteristics, the standard HCF scheme is not
able to provide maximum delay requirements since the average queue length may not be
controlled. We propose the following modifications: First, the QAP uses the last queue
length information sent by the QSTA during its polling, to estimate queue length at the
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beginning of the next SI. Second, we compare this estimation to the “ideal”* queue length at

the beginning of the next SI to compute a TXOP. Third, the QAP modifies this TXOP by
redistributing the remaining time of the CAP (or CFP) to the different QSTAs according
to the variations of the different flows (sending rate and/or packet size).

4.1.1 Use of a queue length estimation at the beginning of the SI

When a QSTA sends a QoS data packet, the QAP uses the QoS control field of the 802.11
header to record the queue length of the TS which sends the packet. Reception time of the
packet is also recorded. Thus the QAP has at its disposal the couple (¢f,t¢) of each TS at
the end of each CAP (or CFP).

Using this information, the QAP is able to estimate the queue length of the i** polled
TS ¢¢** at the beginning of the next SI according to QoS parameters such as the application
data rate and the MSDU size:

pi(ST —t7)

est e
; - + ;. 6

4.1.2 Comparison with the “ideal” queue length distribution

Expression (4) shows that the maximum delay will be minimized if we manage to have
¢ = 0 with the same TXOP allocation as the one proposed in the 802.11e draft [2]. Our
algorithm tries to allocate TXOP in order to make each ¢f tends to 0 by using the same
TXOP allocation basis as the one detailed in Section 2. On this purpose, the QAP computes
at the beginning of the SI the ideal queue length distribution according to the polling order
and the QoS parameters of each accepted traffic. The ideal queue length can be obtained
from:

et PiST= Y5 N;(%g +2 x SIFS + ACK))

i = M,

i (7)

o pisST Pi
~ 50 (1 Zb).

j=1
Three situations are possible (see diagrams on Figures 3 and 4):

o g5t = gi?eal: if we allocate the TXOP T; according to the standard scheme, the queue
length will be zero at the end of the TXOP and the lowest delays of the packets will
be obtained.

e ¢t > gieeal; more packets than expected arrived earlier in the queue according to the

)

mean data rate (case 1 in Figure 3).

4The ideal queue length corresponds to a null queue length at the end of the TXOP computed according
to the 802.11e [2].
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Queue length
b
Y
.
Q-
¢
Ti'me

Standard TXOP Real alocated TXOP

Figure 3: Queue length evolution for a TS ; (0): ideal queue length evolution ; (1): ¢ >
qz_ldeal : (2) qiest < qz_ldeal

o ¢t < gifeal; the QSTA has been polled later than expected (case 2 in Figure 3).
Then the estimated queue length is lower than the ideal queue length because the real
TXOP finishes later than the standard TXOP (see (6)).

4.1.3 Estimation of the fluctuations of the number of arriving packets

Even if the QSTA precises in a QoS request frame® its QoS requirements (such as the mean
sending rate, the mean packet size and the maximum SI) for a certain type of flow, the
real flow may not meet exactly these requirements. In this case, the previous queue length
estimation might be wrong due to, for example, sending rate variations.

5This frame is called an ADDTS QoS Action frame in [2].
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Ideal queue lengths at the beginning of the SI

ty)

for low priority traffic

Estimated queue length

Station 1 Station 2 Station 3
Polling order
Figure 4: gi4¢! and ¢¢*¢ distribution at the beginning of the SI
Data rate distribution for a VIC trace file
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Figure 5: Distribution of the sending rate of a real VBR video traffic

Figure 5 shows that for a typical VBR video traffic®, the sending rate almost follows a
Gaussian law and packets have a fluctuating size. If we only take the previous queue length

6This video traffic has been obtained using the VIC videoconferencing tool and the H.261 coding in the
QCIF format for a typical “head and shoulder” video sequence.
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estimation into account (see (6)), some packets may not be transmitted at the next TXOP
due to a higher sending rate than computed according to the QoS parameters. In this case,
latency of these packets is higher than the SI duration and delay can not be controlled. Our
scheme uses the queue length information of the TS polled with the polling order i sent by a
QSTA at the beginning of the TXOP. The QAP records at each beginning of TXOP during
the SI n the absolute value |A?| of the difference between the real queue length (¢7"**') at
the beginning of the polling of the TS i and the estimation of this queue length (qf’”t):
A? — q?,real _ qib,est.

If the sending rate follows a Gaussian law, A; also follows the same kind of law with an

expected value of 0. Then, the probability for A; to be N packets is:

Par(N) = ———exp (- 22
AT Japgr TP T gp2 )

To simplify calculations, suppose that data arrive in a continuous bit stream at the TS
without being cut into packets and consider §; the difference between the real amount of
data and the estimated amount of data. Like A;, ¢; also follows a Gaussian law. The density
of probability for §; is:

1 y?
P&i(y)_ Wexp(_ﬁ)

where y is the amount of additionnal data.
Consequently, the density of probability of |é;| is equal to:

2P65(y) lfyZO
s () :{ 0ify < 0.

The expected value of the variable |é;| is equal to:

© 2 y? 2
E(|8;]) = — L yay =4/
(16:]) /0 55 P (o)l =y o

As expected, the average value of |6;] is a function of the variance of the distribution of
;. Like |6;|, the average value of |A;| increases with the variance of the sending rate. Thus,
in order to allow the QSTA to transmit more packets due to fluctuating sending rates and
packet sizes, the QAP scheduler records a window of w previous |A;|, whose average value
is supposed to be close to the expectation of |A,].

Using this mechanism, the QAP is able to estimate by excess the queue length Q¢! (n)
at the beginning of the next polling of the TS with the linear estimation q;’ “*'(n) of the
queue length at the beginning of the polling:

n—1 7
Qfst(n) — qf,est(n) + Ej:n—w |Az | )

w
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‘Then the difference between the estimation and the ideal queue length before polling
¢/ ** becomes:

n—1 7

0t (n) + 2jon—ulBil
w

Since ¢7*'(n) and ¢****(n) depend on the time of the beginning of the TS i polling,

and also depend on all the previous real TXOPs, the use of ¢¢*!(n) (see (6)) and gi?

(see (7)) is sufficient to estimate the amount of additional packets in the TS. Indeed, the

estimation of the queue length and the ideal queue length evolve linearly during time (see

(6), (7)) and then, we obtain:

_ q?,ideal ('Il)

b, b,ideal es idea
g (n) — """ (n) = £ (n) — %! (n).

2 2

Finally, our scheme bases its time reallocation on the estimation of the number of addi-
tional packets A$*t:
n—1 j
1 Z j=n—w |A]|
A =g (n) = " (n) + =

where ¢¢°¢(n) and ¢i?¢%!(n) are given by (6) and (7).

i i
4.1.4 Redistribution by the scheduler of the unallocated time

Our algorithm consists in redistributing a part of the remaining time 7" to each QSTA in
order to absorb some possible peak sending rates: 7" = Toap — Zfiﬁp T;, where Toap is
the maximum bound of the CAP duration within a SI, K, the number of QSTAs, p, the
number of TSs in each QSTA and T3, the TXOP allocated to the i'* TS to be polled (T;
may be 0 if traffic has not been accepted or if this TS does not require TXOP to transmit
its packets).

Service Interval

Ty T, Ts Txp T (unused time) EDCF

CAP

Figure 6: Diagram of the remaining time usable by our algorithm

First, the algorithm computes the additional required time t¢¥* (which may be positive
or negative) for each TS of each QSTA according to the estimation of A¢™:

M, .
(60 = AFH (S + 24 STFS + ACK), (®)
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Second, it computes separately Tp, the sum of all the positive values, and Ty, the
opposite of the sum of all the negative values. If Tp — Ty > T, it means that the scheduler
is not able to allocate all the time it expected according to the estimations, and all of
these additional times ¢¢** need to be reduced. On the one hand, the scheduler reduces
each positive additional time fairly with a percentage 3 (chosen negative to correspond to a
reduction) of this additional time. On the other hand, all the negative additional times are
increased by the same percentage 3 of the negative additional time.

Consequently, 3 is the solution of:

(1+8)Tp — (1= BTy =T

and can be expressed as:
(Tp—Ty)—-T7

= — 9
b Tp+1Ty ©)
Finally, the effective additional time t¢%¢ allocated to the TS i is:
aad _ [ (L+ 0t if ¢ >0
= { (1 — B)Esst if ¢t < 0. (10)

When it is time for the QAP to poll a QSTA, the QAP computes the sum of all the normal
TXOPs and the effective additional times allocated to the different TSs of the QSTA.

4.2 The node scheduler

The node scheduler also plays a very important role since it has to redistribute the additional
allocated time to the different TSs. It performs almost the same computations as the QAP.
First it computes N, the number of packets to transmit in each TS, and the time required
to transmit a packet according to its QoS requirements (packet size, data rate). Second,
according to its allocated TXOP T and the number of packets the QSTA should transmit
from each TS, it evaluates the remaining time 7" it can reallocate:

P
r M; -
T" =T ;NJ( 5 +2%SIFS + ACK).

Since each QSTA knows exactly its own TS queue sizes at the beginning of the polling, it
is able to estimate more precisely its queue sizes at the end of the TXOP and consequently
the required additional time per TS. With this information, the QSTA performs the same
computations as the QAP (see (8), (9) and (10)). The difference is that the coefficient
may be positive if the QSTA has more time than required to send all its packets or negative
if, on the contrary, the remaining time is less than required. Thus, just after the CF-Poll
reception, the QSTA can redistribute additional time to its different TSs with the option to
add more time to each TS if 3 is positive.
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4.3 FHCF Implementation in NS-2
4.3.1 Basis of FHCF scheme

Our implementation [11] of FHCF is based on Stanford’s NS-2 implementation of EDCF/HCF
[9]. In this implementation, 8 TCs of different priorities have been assigned different EDCF
parameters such as CWmin, CWmax depending on the priority of the TC. These TCs are
also used in HCCA mode. According to the 802.11e standard [2], TC and TS queues should
be separated in order to prevent EDCF from sending packets from TS queues. In our im-
plementation, if a traffic from a priority ¢ is accepted in HCCA, the TC i becomes a Traffic
Stream (TS) and packets can only be sent in HCCA. By this way, it is possible to evaluate
the performance of the different schedulers using only CFPs and CAPs.

As regards the HCCA mode, we extended it to respect QoS traffic requirements because
Stanford’s implementation is based on the use of old queue length information without any
additional estimation.

Moreover, in their implementation, beacon frames could be delayed since the medium
was sometimes used at the time the beacon was scheduled. We fix the problem of beacon
delay in our code by adding a beacon timer in every QSTA, to check before each transmission
if there is enough time to transmit packets without disturbing the beacon sending.

4.3.2 TSPEC negotiation

As mentioned before, the purpose of FHCF algorithm is to improve the HCF scheduling
algorithm by adapting it to fluctuating flows and by providing fairness. In this optic, we
only consider HCCA traffic in the remainder of the paper. If a QSTA wants to send a certain
flow, it will use the HCCA.

According to the 802.11e standard [2], a QSTA has to send a QoS request frame to the
QAP whenever it wants to transmit packets of a certain TS in HCCA. In our implementation,
QSTAs first start to transmit packets in EDCF in order that the QAP records source and
priority of traffics. Thus, the first packet sent from a certain TC plays the role of a QoS
request frame and the QAP considers this packet as a QoS request frame. If this flow is
accepted, the QAP schedules it and the QSTA is informed at the reception of the next CF-
Poll which contains both the TXOP duration and an 8 bit integer indicating the accepted
traffics. If the jt* bit is one, it means that the TC j is taken into account by the scheduler
to plan packets transmission during the HCCA mode.

As regards QoS parameters of the TSPEC negotiation, the nominal MSDU size, the mean
sending rate and the maximum acceptable SI are determined statically at the beginning of
the simulation for each among the 8 TCs of different priorities. This does not change the
spirit of the scheduler which can also be adapted to a real TSPEC negotiation with different
QoS requirements for TSs of the same priority.
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5 Description of simulations

Basically, our scheme consists of 2 different schedulers: the QAP scheduler which distributes
TXOPs to the different QSTAs and the node scheduler which redistributes its allocated
TXOP to the different TSs accepted in HCCA.

In this section, we compare the behavior of EDCF, the standard HCF and the FHCF
schemes for different kinds of traffic.

We use two different topologies to evaluate the performance of these schemes. The first
one contains 19 nodes with only one traffic per node and is used to evaluate the performance
of the QAP scheduler. The second topology uses 6 nodes, each one with traffics from
different priorities and is used to evaluate the performance of the node schedulers. For all
the simulations, the destination of all the flows is the QAP: This allows us to compare fairly
end-to-end delays among the different flows.

5.1 Evaluation of the QAP scheduler

With the first considered topology, 6 QSTAs send a high priority CBR on-off audio traffic
(64kb/s), 6 QSTAs send a VBR video traffic (200kb/s of average sending rate) with medium
priority and 6 QSTAs send a CBR MPEG4 [7] video traffic (3.2Mb/s) with low priority.
Table 1 summarizes the different traffics used for this simulation and Table 2 details the
audio flow characteristics chosen in order that on-off periods correspond to a typical phone
conversation [12]. In each QSTA, we use only one of the 8 TSs. The transport protocol
used in each node is UDP. Audio flows are mapped to the 6! TS of the MAC layer whereas
VBR H.261 and CBR MPEG4 video flows are respectively mapped to the 5! and 4! TS.
The different VBR flows have been obtained with the VIC [8] videoconferencing tool using
the H.261 coding and QCIF format for typical “head and shoulder” video sequences. We
made 6 trace files available from [11]: the mean sending rate was close to 200kb/s with a
mean packet size of 660bytes and a mean interarrival time of 26ms. A simple analysis of
the trace files shows that the mean sending rate belongs to a window of 80kb/s around the
mean value of 200kb/s and the mean packet size between 600 and 700bytes. Packet sizes of
these flows belong to a large range of values between 20 and 1024bytes’.

Table 1: Description of the different traffics

Arrival | Packet | Sending
Node Application period size rate
(ms) | (bytes) | (kb/s)
1—6 Audio 4.7 160 64
7T— 12 VBR video ~ 26 ~ 660 ~ 200
13 — 18 | MPEG4 video 2 800 3200

"By default, VIC uses a MTU size of 1024bytes.
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Table 2: Parameters of the audio traffic
Maximum application rate | Mean burst time | Mean idle time

64kb/s 400ms 600ms

For simulations with FHCF and standard HCF, we set the duration parameters to the
values summarized in Table 3 where the HCCA duration limit corresponds to the sum of
the first CFP following the beacon frame and all the CAPs within a superframe (duration
between 2 beacon frames). However, the HCCA duration limit is a maximal bound and
the CFP (or each CAP) may prematurely terminate if the QAP sends a CF-END packet.
The HCCA utilization rate corresponds to the amount of HCCA used for the different flows
(TXOPs and overheads) which have been accepted in this mode. In all the simulations
considered here, all the flows have been accepted in HCCA, which means that we do not
consider the case of any rejected flow using EDCF. This is in order to compare the real
HCCA/EDCF performance of the different schemes.

Table 3: Parameters used for the simulations

Scheme Beacon | HCCA duration | HCCA utilization
period limit rate
FHCF 500ms 490ms 82.4%
Standard HCF | 500ms 490ms 82.4%
EDCF 500ms 1ms 0%

PHY and MAC parameters are summarized in Table 4. For the simulation of EDCF, we
used 3 TCs: TC 6 for audio flows, TC 5 for VBR video flows and TC 4 for CBR MPEG4
flows but the parameters settings of CWmin and CWmax only differentiate audio and video
flows. The mapping of VBR video and CBR video traffics to different TCs with the same
EDCF parameters, allows us to compare EDCF behavior with high load (CBR MPEG4) and
low load (VBR H.261) video traffics. EDCF parameters have been chosen in order to allocate
higher priority to audio traffics, than to video traffics and finally to any background traffics.
The fact to consider background traffic in our simulations does not bring any additional
interesting information since the EDCF parameters for the low priority TC are chosen in
order to have a large contention window (with CWmin higher than all the CWmaxs of high
priority TCs).

5.2 Evaluation of the node scheduler

To evaluate the node scheduler algorithm, we use the second topology with 7 QSTAs in-
cluding the QAP with 6 QSTAs sending, each of them, both audio, VBR H.261 and CBR
MPEG4 video traffics with the same features than before (see Table 5). This topology
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Table 4: The PHY and MAC parameters

PHY parameters
SIFS 168
DIFS 34us
ACK size 14bytes MAC parameters
PHY rate 36Mb/s || CWmin (audio) | 7
Minimum Badwidth | 6Mb/s || CWmax (audio) | 15
SlotTime Ius CWmin (video) | 15
CCA Time 4us CWmax (video) | 31
MAC header 38bytes
PLCP header length 4bits
Preamble length 20bits

aims at evaluating the behavior of the different schemes in terms of fairness between the
same kinds of flows and in terms of respect of QoS requirements for different HCCA loads.
HCCA load has been modified by increasing the packet size of the CBR MPEG 4 traffic
from 600bytes (2.4Mb/s) to 1000bytes (4Mb/s) using a 100byte increment and keeping the
same interarrival period of 2ms. This is a time-consuming way to increase load because
CBR video packets need more time to be transmitted. Another way to increase the network
load is to increase the number of QSTAs in order to increase the number of collisions in
EDCEF.

To compare fairness in terms of delay between the same kinds of traffics for the different
schemes, we use Jain’s fairness index [13]:

(S
n Z?:l d?

where d; is the mean delay of the flow 7 and n is the number of flows for which the fairness
index is computed.

Table 5: Description of the different traffics

Arrival Packet Sending
Node | Application | period size rate
(ms) (bytes) (kb/s)
1—6 Audio 4.7 160 64
1 —6 | VBR video ~ 26 ~ 660 ~ 200
1 —6 | CBR video 2 600 — 1000 | 2400 — 4000
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6 Results
6.1 Evaluation of the QAP scheduler
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Latency (ms)
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In order to simplify curves and to compare the different flows, only one curve is shown
for each kind of flows on all the figures.

6.1.1 Comparison of throughputs

Throughput curves on Figure 7 show that both FHCF and Standard HCF schemes succeed
in providing the required throughputs for all the flows. For VBR H.261 flows, throughput is
more fluctuating with FHCF than with standard HCF scheme since FHCF is able to adapt
all the allocated TXOPs according to the queue length evolutions. For CBR MPEG4 flows,
both FHCF and standard HCF provide a constant throughput whereas EDCF provides a
more fluctuating throughput due to collisions and the use of a probabilistic channel access.
As regards audio flow, throughput is sometimes equal to zero since it matches burst periods
and idle periods.

6.1.2 Comparison of the number of dropped packets

Table 6 and Figure 8 show that EDCF drops a lot of MPEG4 packets because of the high
load of the 6 CBR MPEG4 flows (3.2Mb/s each). Indeed these flows introduce a lot of
collisions with the EDCF scheme (11.4% of the simulation duration is in collisions) and the
throughput of CBR MPEG4 flows is then reduced (Figure 7 shows that the throughput
granted to the CBR flows is lower in EDCF than in the other schemes). With the standard
HCF, there are no CBR MPEG4 packets lost® but 513 VBR packets are lost. There are
two possible reasons: First, some VBR flows may have a higher sending rate than the mean
sending rate specified in their requirements, and second the sending rate is also fluctuating
during time. This confirms, as explained in Section 2, that standard HCF has not been
designed for this kind of flows but rather for CBR traffics. On the contrary, FHCF succeeds
in having no dropped packets since the TXOPs allocated to the different QSTAs are adapted
to the real queue lengths on the basis of their nominal QoS requirements.

Table 6: Number of drops for each kind of flow with FHCF, Standard HCF and EDCF

Audio | VBR video | CBR MP4 video
FHCF 0 0 204
Standard HCF 0 513 204
EDCF 1 3 8443

6.1.3 Analysis of latency distributions

For the FHCF scheme, Figure 9 shows that all the flows have a maximum latency which
corresponds to the SI requirements of the different flows (chosen at 50ms) whereas for

8Except at the beginning of the simulation because all the flows start at time 0 and the network is
congested at the starting time.
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other schemes, some flows may not have their QoS requirements met. We observe on the
same figure that the latency distribution curve of the VBR flow has a stair shape. If we
analyze the trace file of the VBR flow represented on the different curves, we note that the
interarrival time of packets is not 26ms (see Table 1) but precisely 33ms since two packets
arrive sometimes at the same time® and the real interarrival time is then higher than the
mean value. Because packets arrive regularly and the real interarrival time is not changing
during time, delays of packets are not regularly distributed between 0 and 50ms. On the
whole, with a SI of 50ms and an interarrival time of 33ms, Figure 11 shows that delays
take only three values (provided that queue lengths are almost always empty). However, the
steps of the VBR curve obtained with FHCF on Figure 9 are not completely vertical since
33 is not an exact submultiple of 100 and the three values of delay are derivating slowly
during time.

Delay | |
& @ )
| - i
T T T

A
Y

Sl =50ms

Figure 11: Delays of the considered VBR flow: (1) about 20ms, (2) about 37ms, (3) about
dms

Figure 10 represents the mean latency for each station (sending only one traffic). We
observe that for the FHCF scheme, all the flows have a mean latency almost equal to 25ms.
This means (see Figure 2) that the queues at the end of the TXOPs allocated to each QSTA
are almost always empty (¢f ~ 0). Effectively, the mean latency on a SI, which can be
expressed as:

1 e M,
5(SI—T,4+2’Lb ), (11)

is equal to 25ms (T; << SI). However, for the VBR, flows, the mean latency is not exactly
the same. The unfairness comes from the effect summarized in Figure 11. Indeed, the three
different arrival times of the packets in the SI may be different from a flow to the other
(shifted in time as shown in Figure 11).

As regards the standard HCF scheme, the delays of the VBR flow are completely un-
controlled (see Figure 9) because the queue lengths are increasing during time (that is why,
according to (11), their mean latency is high) and we did not choose to represent them on
Figure 10. Note that the standard HCF scheme may be efficient if TXOPs are allocated

9This is due to VIC fragmentation.
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according to the maximum sending rate of the VBR flows but, in this case, fewer flows than

with FHCF can be accepted in HCCA. In our example of VBR flows, the gain with FHCF

is between 14% and 37% depending on the flow. We can also observe on Figure 10 that,

sometimes, even for CBR traffic, the standard HCF scheme is not fair: It may happen for

some flows (see (1)) that

pl % ST
M]

7% ST
i 1= me .
In this case, the standard HCF scheme does not allocate any additional time (see (2)) to the
flows. That is exactly what happens in our simulation: the interarrival time of CBR packets
is 2ms and exactly 25 packets arrive in the TSs during the SI (50ms). Consequently, the
final queue length, at the time QSTAs with CBR traffics finish to be polled, is not decreasing
during time and the lowest delays (about 25ms) are not supported. On the contrary, for
audio flows, this scheme is relatively fair since TXOPs are computed on the basis of the
peak sending rates and queues are always empty at the end of the polling.

For EDCF, we can observe that the audio flow has a very low latency (under 5ms).
On the contrary, the video flows (mapped to TCs which have the same EDCF parameters)
have different behaviors: the VBR H.261 flows have very low latency compared to the CBR,
MPEGH4 flows (up to 180ms). EDCF has then a different behavior depending on the load of
the TCs. Note that if we use the same TC for both CBR MPEG4 flows and for VBR H.261
flows, performance in terms of throughput and delays is worse. On the contrary, FHCF
scheme is less load-dependant in the presence of traffics which do not fluctuate too much
and exhibits the same behavior for the different flows. However, if traffics fluctuate a lot
around their nominal QoS requirements, the FHCF scheduler may not have enough time to
absorb the different fluctuations of sending rates.

6.2 FEvaluation of the node scheduler

We use a second set, of simulations to evaluate the FHCF node scheduler and to show the
behavior of the different schemes when the load increases (by increasing the sending rates of
the CBR MPEG4 traffics). The node scheduler of the standard HCF implements the same
algorithm as the QAP scheduler. It computes at the beginning of the TXOP the different
numbers of packets each TS has the right to send according to the QoS requirements.

Figures 12 and 13 show respectively the mean delays and the fairness of the different
types of flows obtained with the various schemes for several loads of the network (see Table
5).

6.2.1 Awudio and VBR H.261 video flows

Figure 12 shows that with FHCF, delay curves are almost horizontal lines which means that
delays do not strongly depend on the network load. However, EDCF succeeds in providing
very low delays since audio flows and VBR flows are low rate flows compared to the CBR
flows. For the same reasons as for the previous simulations, the delays of the VBR flows

RR n° 4883



26 Pierre Ansel, Qiang Ni and Thierry Turletti

Mean delay of the audio flows versus CFP load Mean delay of the VBR flows versus CFP load Mean delay of the CBR video flows versus CFP load
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Figure 13: Fairness

obtained with the standard HCF scheme are too high to be represented on the figure (the
mean delays for the VBR flows are almost 300ms).

As shown in Figure 13, Jain’s fairness index between audio flows obtained with the
different schemes, is very high. For FHCF and standard HCF schemes, the reason is that
they both allocate TXOPs by excess to these flows. EDCEF is also very fair between the
audio flows since there are few collisions between them due to low audio sending rates and
important periods of silence (OFF). For the VBR flows, EDCF is fairer than FHCF for the
same reason than explained on Figure 11. Note that if we use VBR flows with a non-constant
interarrival time, fairness between them would be improved.

6.2.2 CBR MPEG4 video flows

In our simulations, CBR flows are the most responsible for the network load. Figure 12 shows
that the performance of EDCF in terms of delays are reduced if the load of the network
increases while the VBR flows are not affected by the load. However, both VBR and CBR
flows are mapped to TCs which have the same EDCF parameters. Consequently, CBR flows
suffer from many collisions (11% of the simulation duration) which degrade the performance
of EDCF. On the contrary, FHCF and standard HCF schemes seem not to be affected by
the load. We can also observe that FHCF is still very fair between the different CBR flows
on a large range of loads. Hence node schedulers succeed in redistributing time among the
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different TSs up to a very high network load (96%). However, with FHCF, fairness decreases
when the load reaches very high values (from 90%) since both schedulers are not able to
absorb traffic fluctuations anymore.

Total goodput for the different schemes
4000
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Goodput (kbytes/s)
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L L L L L
70 7 80 85 90 95 100
HCCA load

Figure 14: Total throughput

Figure 14 shows that the throughput increases linearly with standard HCF and FHCF
schemes whereas EDCF seems to reach a bound due to collisions.

7 Conclusion

We have designed and evaluated a new MAC scheduling scheme for 802.11e HCF with the
aim of supporting fluctuating rates and/or packet sizes while remaining fair for the different
types of flows with QoS requirements. Even in high load (96%), the FHCF scheme is able
to control delays and respect QoS requirements for the different flows.

FHCF is shown to be up to 34% more efficient than EDCF by removing collisions when
the network is high-loaded. Moreover, to allocate TXOPs, FHCF uses the mean sending rate
of VBR applications instead of the maximum sending rate usable for the standard scheme.
By this way, with our simulations, FHCF allows to save between 14% and 37% of the time
allocated to the VBR flows according to the standard HCF based on maximum sending
rates. Consequently, more flows can be accepted in HCCA.
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