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ABSTRACT
In this paper, we present a scheduling algorithm that enhances the performance of the standard IEEE 802.11e scheduler for the
Hybrid Coordination Function Controlled Channel Access mode. The main contribution in designing the proposed scheduler
is the ability to accommodate multiple streams with different levels of Quality of Service requirements concurrently running
on the same station. This is achieved by dynamically calculating the Transmission Opportunities of each active trafﬁc stream
(TS) and the appropriate Service Interval of each active station. The proposed algorithm optimizes the utilization of the
scarce bandwidth resources by only polling active stations. The algorithm incorporates a selectivity function to assign
polling priorities to the active streams only based on their diverse requirements and their link-attainable transmission rates.
The performance of the proposed Selectivity Function Scheduler (SFS) scheme is evaluated against the standard scheduler.
Simulation results show that the SFS outperforms the standard scheduler in terms of enhancing streams’ throughput, reducing
packet dropping ratio and maintaining high fairness amongst the admitted TS. Copyright © 2011 John Wiley & Sons, Ltd.
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1. INTRODUCTION
Wireless local area networks (WLAN) based on the IEEE
802.11 standard have gained an increasing popularity due to
their simplicity, low cost and easy deployment. The explosive growth of multimedia and real-time applications has
motivated research in Quality of Service (QoS) support for
WLANs. As a step towards providing QoS support at the
MAC sub-layer in WLANs, the IEEE task group e has introduced the IEEE 802.11e standard [1]. In essence, the IEEE
802.11e deﬁnes a Hybrid Coordination Function (HCF),
which comprises two main medium access mechanisms,
namely, Enhanced Distributed Channel Access (EDCA) and
HCF Controlled Channel Access (HCCA). The HCF synthesizes functions from legacy IEEE 802.11 with several
extended functionalities and enhanced QoS-speciﬁc mechanisms. These QoS mechanisms are used in both contention
and contention-free periods (CP and CFP) of the beacon
interval. An access point (AP) and stations (STA) that support QoS functionality are called QoS-Access Point (QAP)
and QoS-Station (QSTA), respectively.
Copyright © 2011 John Wiley & Sons, Ltd.

A signiﬁcant new feature of HCF is the concept of transmission opportunity (TXOP). A TXOP is an interval of time
in which a QSTA is allowed to transmit a burst of data frames
onto the wireless medium. A TXOP is deﬁned by two main
parameters, a starting time and a maximum duration. This
feature allows the QAP to control access to the medium
and precludes unpredictable transmission time of a polled
QSTA. A deﬁned parameter, called TXOPlimit , controls the
maximum time a QSTA is allowed to transmit.
In this paper, we propose a scheduling scheme as a radio
resource management tool for the IEEE 802.11e HCCA
mode, called the Selectivity Function Scheduler (SFS). The
SFS allocates adaptive TXOPs to admitted trafﬁc streams
(TS) based on actual requirements and the observed physical rate. This is achieved by facilitating a procedure for
computing the number of variable-sized packets not only
by considering the new arrivals, but also accounting for the
packets remaining in the queue due to channel conditions.
The SFS utilizes a selectivity function (SF) that assigns
polling priorities to TS based on several parameters such
as delay bound, channel quality, queue size and fairness.
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The main merit of the SFS scheduler is the accommodation of multiple concurrent TS per QSTA with diverse QoS
requirements. The performance of SFS is evaluated through
simulation using OPNET modeler and compared with the
standard scheduler of the IEEE 802.11e.
The remainder of this paper is organized as follows: Section 2 provides an overview of the IEEE 802.11e MAC
enhancements. The SFS scheme is introduced in Section 3.
Simulation results are presented and discussed in Section
4. Concluding remarks are presented in Section 5.

2. THE IEEE 802.11E HCCA
The main enhancement deﬁned at the MAC sub-layer in
the IEEE 802.11e is the HCF. The HCF multiplexes two
access methods, namely, the Enhanced Distributed Coordination Function (EDCF) and HCCA. The HCCA access
mechanism is deﬁned for parameterized QoS support, and
implemented by a centralized coordinator, called the Hybrid
coordinator (HC). The HC is collocated within the QAP
and has a higher priority to access the medium than the
EDCF. TXOPs provide limited-duration Controlled Access
Phase (CAP) for contention-free transmission. Unlike the
Point Coordinator in legacy 802.11, the HC can access the
medium during both CP and CFP periods. Moreover, the
HC grants QSTAs different TXOPs with speciﬁed durations. Therefore, QSTAs may transmit multiple data frames
within their HCCA-TXOPs, subject to the TXOPlimit .
When the HC needs to access the channel to start a CFP or
a TXOP in CP, it senses if the medium is idle for one point
coordination function inter-frame space (PIFS) period. If
the medium is idle, the QAP transmits the ﬁrst frame during
the CFP or the TXOP period. In the CFP or the TXOP in CP
during HCCA access mechanism, a short inter-frame space
(SIFS) is required between each two consecutive frames.
If the medium remains idle for a PIFS period, the QAP
reclaims the channel. However, the CAP period ends when
the QAP does not reclaim the channel after a PIFS period
after the end of a TXOP. In HCCA access mechanism, the
QoS assurance is based on the trafﬁc speciﬁcation (TSPEC)
negotiated between the QAP and the QSTAs. Each QSTA
can establish up to eight TS with different priorities. In order
to setup a TS connection between a QSTA and the QAP, a
set of TSPEC parameters is required to be sent by the QSTA
to the QAP. The QAP’s scheduler, in turn, allocates TXOP
for each QSTA, if a TS is admitted.

2.1. Standard scheduler
The IEEE 802.11e outlines a reference scheduler designed
for QoS requirements [1]. The HC maintains a list of QSTAs
to be polled during controlled access periods. In order to
be included in the polling list of the HC, a QSTA must
send a QoS request frame, Add Trafﬁc Stream (ADDTS),
to initiate a connection. The QAP shall respond with an
ADDTS response frame indicating whether to accept this
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TS connection or not. The ADDTS request and response
frames include the TSPEC information element. The main
components of the TSPEC element are:
• User priority: priority to be used for the transmission of
packets, if prioritization is required. It is based on IEEE
802.1d priority levels and ranges between 0 (lowest)
and 7 (highest).
• Nominal MAC Service Data Unit (MSDU) size (L):
nominal size of the packets (bytes).
• Maximum MSDU size (M): maximum size of the packets (bytes).
• Maximum Service Interval (MSI): maximum time
between two consecutive TXOPs allowed by the application (µs).
• Mean data rate (ρ): average bit rate for transmission
of the packets (bps).
• Minimum PHY rate (R): the desired minimum PHY
rate to use for this TS (bps).
• Delay bound (D): maximum delay allowed to transfer
a packet across the wireless interface (µs).
The scheduling process at the QAP comprises three main
steps: computing the scheduled service interval (SI), estimating the number of packets for each TS and computing
the corresponding TXOPs. After these steps, the admission
control unit (ACU) algorithm is invoked to check whether
this TS can be admitted.
To compute the SI, the scheduler calculates the minimum
of MSI for all admitted streams. If this value equals to m,
then the scheduler shall choose a number n that is a submultiple of the superframe satisfying the following inequality:
SI =

(Beacon Interval)
≤m
n

(1)

Upon calculating the SI, the standard scheduler estimates
the number of packets that arrive in an SI time for TSi . The
standard scheduler uses some of the TSPEC parameters,
namely, mean data rate (ρi ) and the nominal MSDU size
(Li ). Let Ni denote this number of packets, then:


Ni =

SI × ρi
Li


(2)

The TXOP for TSi is computed using some of the TSPEC
parameters, including minimum physical rate (Ri ), nominal
MSDU size (Li ) and maximum allowed MSDU (M). Overheads in time units are also included in the computation of
TXOPs, which comprises IFSs, ACK and CF-Poll frames.


TXOPi = max



M
Ni × L i
+ O,
+O
Ri
Ri

(3)

If a new stream requests admission, the scheduler performs the same steps described above. Consequently, the
ACU determines that the stream can be admitted if the
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following inequality is satisﬁed:
T −TCP
TXOPk+1  TXOPi
+
≤
SI
SI
T
k

(4)

i=1

where k is the number of existing streams, k + 1 is the newly
arriving stream, T indicates the beacon interval duration and
TCP is the time for contention access (EDCA).

2.2. Related work
Several researchers evaluated the performance of the standard scheduler [2--4] and show that it is only efﬁcient for
CBR trafﬁc, but ineffective for VBR trafﬁc as the standard
scheduler is based on ﬁxed transmission parameters. Hence,
it is not capable of coping with the variability behaviour
of the VBR trafﬁc. Several enhancements in the literature
are proposed to improve the performance of the standard
scheduler. For example, the work in Refs. [5,6] focused on
enhancements of the EDCA. On the other hand, the work in
Refs. [7--9] address the deﬁciency of the polling algorithm,
where all stations are polled irrespective of having packets to send or not. Enhancing polling -- taking into account
the packets in the queue -- improves the performance of
the scheduler in meeting the ﬂows delay bounds; i.e. if
the ﬂows without backlogged packets are not polled, the
ﬂows with packets are polled faster, hence, improving the
scheduler delay performance. Other proposals addressed
the void in the standard scheduler to accommodate trafﬁc
variability and real-time applications’ QoS requirements.
Some of these enhancements comply with the IEEE 802.11e
standard speciﬁcations by supporting the ﬂows’ data rate
together with the delay trafﬁc requirements [10--17]. Others
depart from the standard speciﬁcations -- as is the case with
most proposals in the literature -- and focused on one QoS
requirement, namely, the delay or the packet loss, for example, Refs. [18--23], or focused on one type of application, for
example video in Refs. [24--27] and voice in Refs. [28,29].
In this Section, We focus on the ﬁrst category as our
proposed algorithm is designed to comply with the IEEE
802.11e standard speciﬁcations in meeting the bandwidth
and delay requirements, and to support several types of
applications; real-time and non-real-time application. The
authors of Ref. [10] propose a fair scheduling algorithm,
which comprises a QAP scheduler and QSTA scheduler.
The scheme utilizes the queue length estimation to assign
excess time for TXOP duration to adapt to trafﬁc ﬂuctuation. If the time required adjusting the TXOP is insufﬁcient,
the QAP scheduler allocates the additional time between
QSTA in a fair manner. However, this scheduling algorithm still considers constant SI that cannot adapt to trafﬁc
ﬂuctuations. The work presented in Ref. [11] introduces
a real-time scheduling algorithm, which aims at minimizing polling overhead while maintaining feasible complexity.
This scheduling algorithm is divided into off-line and online
procedures: an admission control algorithm, a timetable

computation algorithm and an enforcement procedure. The
key idea is to perform all complex computations off-line
except for the enforcement procedure, which is the sole
online activity. Since the off-line timetable is calculated
when a new ﬂow is admitted, this scheduler is appropriate only for CBR trafﬁc and therefore, it is ineffective to
handle variable data rate trafﬁc. Same authors of Ref. [11]
proposed a scheduler based on the Timed Token Protocol
used in FDDI networks in Ref. [12]. The proposed scheduler allocates ﬁxed data rate for CBR trafﬁc and utilizes
the residual bandwidth to provide VBR ﬂows with their
required data rate. The scheduler guarantees the VBR trafﬁc their required data rate, but does not provide for the delay
bound guarantees. Foronda et al. [13] presented a scheduler
based on the token bucket shaper to provide for delay and
data rate guarantees for the admitted ﬂows. Foronda algorithm is executed periodically, which render the algorithm
inﬂexible in meeting the delay bound as it may increase the
latency of the scheduling time. The work presented in Refs.
[14,15] is not designed on ﬂow bases, which results in the
drawback that these schedulers are not able to guarantee the
delay bound for all packets of a ﬂow. The algorithm named
ARROW presented in Ref. [16] schedule ﬂows according
to buffered trafﬁc. Information about the queue size is signalled to the AP. Hence, the algorithm achieves efﬁcient
utilization of the wireless link capacity. However, the algorithm still calculates the SI based on the trafﬁc mean values,
which may render the algorithm inefﬁcient for VBR trafﬁc.
The aforementioned proposals that comply with the IEEE
802.11e standard can be further categorized into two categories. The ﬁrst category assumes that all ﬂows of the same
application type (e.g. VoIP) have the same level of QoS
requirements. For example, they provide for a single delay
bound requirement for all real-time trafﬁc sessions. Hence,
they are not able to provide the required QoS guarantees
per each ﬂow, for example Ref. [23]. The Second category may, for example, provide for multi delay bounds of
one application type. However, it assumes that each QSTA
can accommodate one real-time session at a time. However, in a practical environment, a QSTA may be required
to simultaneously serve multiple real-time sessions with
different delay bounds and data rates QoS requirements.
Moreover, almost all proposals overlook the fact that in
practical networks the real-time trafﬁc is mixed with nonreal-time trafﬁc (namely TCP applications such as FTP).
Accommodating non-real-time trafﬁc equivalently requires
providing slack level of QoS guarantees. In this paper, we
propose a scheduler that is able to provide for different levels
of QoS requirement, accommodate more than a single session at the QSTA, and cater for real-time and non-real-time
QoS requirements.

3. THE SELECTIVITY FUNCTION
SCHEDULER
We propose a scheduler for IEEE 802.11e to accommodate
for the voids in the standard IEEE 802.11e by incorporating
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the following functionalities:

in the data frames sent by each QSTA to the QAP. The
queue size ﬁeld indicates the amount of buffered trafﬁc for
a given TS at the QSTA. As depicted in Figure 1, the QAP
is aware of the queue size of each TS at the beginning of
each TXOP, denoted by Qb in the ﬁgure. This Qb consists
of packets remaining in the queue from previous TXOP and
new arrived packets during an SI period.
To compute the number of packets remaining in the queue
at the end of a previous TXOP out of the Qb , the SFS scheme
computes the probability that a packet is received correctly
using the Bit Error Rate (BER) of the wireless channel as
follows:

• Accommodates different types of trafﬁc including
CBR and VBR trafﬁc and provides diverse QoS assurance.
• Considers the channel conditions and QoS requirements of different trafﬁc types.
• Provides QoS assurance to users based on their individual service requirements. The proposed SFS scheme
incorporates several components and parameters in
order to provide service differentiation and scheduling for the admitted streams. The SFS considers the
delay bounds of real-time applications, queue size of
each TS and channel condition of QSTAs with active
trafﬁc ﬂows.
• Computes the number of packets for each TS, calculates adaptive TXOPs and variable SI to assign polling
priorities to TS based on their requirements.
• Incorporates a fairness mechanism in order to balance
the tradeoff between maximizing system throughput
based on users with good channel conditions and
precluding starvation of users with bad channel conditions.

P{Packet is received correctly} = (1−BER)L

(5)

where L is the packet size in bits.
We can compute the probability that k packets remained
in the queue out of Ni packets that were in the queue i at the
beginning of TXOPi as follows:
P{F = k|Ni } =





Ni
(1−Ps )k PsNi −k
k

(6)

where Ps is the probability of receiving a packet successfully, F is a binomial distributed random variable denotes
the number of packets remaining in the queue.

The proposed scheme is discussed below.

3.1. Computing number of packets
An essential part of allocating TXOPs for admitted TS is
the computation of the number of packets in TS queues.
The SFS differentiates the number of packets into two main
components: packets remaining in the queue from previous
TXOP, and new packets arrived during the scheduled SI.

3.1.1. Packets remaining in the queue.
In order to determine the number of packets remaining in
the TS queue from previous TXOP, the SFS calculates the
probability of error based on channel conditions. According
to the IEEE 802.11e standard, the queue size is included

3.1.2. New arrivals in an SI interval.
The SFS records the queue length of each TS in every SI
to compute the number of new arrivals. The queue length
is recorded at the beginning of each TXOP and is denoted
by (Qb ). The value of Qb comprises two components: the
packets remaining in the queue from previous TXOP and the
new arrived packets. Since the SFS scheme already computed the packets remaining in the queue from previous
TXOP, the new arrivals can be calculated as follows:
Nr = Qb −Nf
where Nf is calculated from Equation (6).

SI

B

SI
Qb

Qe

Qb

TXOPi

(7)

EDCA

Qe

TXOPi

EDCA

B

New Arrivals

802.11e Beacon Interval

Time

Figure 1. Beacon interval analysis.
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The SFS scheme uses an exponential weighted moving
average to compute the average value of the new arrived
packets.
N r(t+1) = (1−α)N r(t) + αNr(t+1)

(8)

where α is a weighting factor.
Finally, the number of packets Ni that will be in the TSi ’s
queue at the beginning of TXOP is estimated as follows:
Ni = N r(t+1) + Nf

(9)

3.2. TXOP computation
Physical rate of a QSTA plays a crucial role in computing
TXOPs for TS. The SFS scheme uses the observed PHY
rate (Robs ) in computing adaptive TXOPs. During communication with QSTAs, the QAP has feedback information
about the PHY rate of each QSTA, which is used in TXOP’s
computation.





M
Ni × L i
TXOPi = max
+ O,
+O
Riobs
Riobs

(10)

where Li is the frame size in bits, Riobs is the observed physical rate of TSi , O is the overhead in seconds and M is the
maximum frame size in bits.
The SFS scheme computes TXOPs for each individual
TS at the beginning of each SI. This allows the SFS scheme
to opportunistically adapt to the variations in the number of
packets generated and the observed PHY rate. These adaptive TXOPs help utilizing the network resources efﬁciently
by allocating accurate time durations needed by different
applications.
3.3. Selectivity function
The SFS scheme makes selections from the admitted TS that
will be polled in the current SI. All computations are done
at the beginning of each SI. The SF coordinates the polling
mechanism and utilizes the WLAN resources during the
HCCA access. The SFS scheme incorporates the SF in order
to assign priorities to admitted TS and reorder their polling
times. This mechanism can effectively enhance the system
performance and provide QoS assurance for different trafﬁc
types.

• Providing QoS assurance for different trafﬁc types by
incorporating several important parameters, such as
delay bound, queue size and channel quality.
• Considering a system priority factor for each TS type to
allow the service provider to assign different priorities
based on user preferences.
• Enabling the SFS scheme to select TS to be polled in
the current SI and to decide the SI length.

3.3.2. Selectivity function formulation.
Before proceeding with describing the formulation of
the SF, it is imperative that we make the following
deﬁnitions:
• ti : Queueing delay of the packet at the head of TS i’s
queue.
• DBi : Delay bound as speciﬁed in the TSPEC element
for TS i.
• ti /(DBi ): This ratio is used per TS to account for
delay bound constraints for each TS, which allows the
QSTA to accommodate different streams with different delay bounds. Since voice and video trafﬁc are
delay-bounded, this ratio component is included in
the SF formula when computing SF values for voice
and video. However, this ratio is not included when
computing SF for FTP streams.
• Riobs : The observed PHY rate of TS i.
• Rmax : The maximum observed PHY rate among all
admitted TS.
• Riobs /Rmax : This ratio is used in the SF computation to enhance the system performance in terms of
throughput. Incorporating the channel quality in the
SF is considered as an advantage for users with good
channel quality. In other words, the better the channel quality, the higher the value of SF is, and a higher
priority will be assigned to this TS.
• Qi : Queue size of TS i.
• Qmax : The maximum queue size among all admitted
streams.
• Qi /Qmax : This fraction is used in the SF formula to
account for queue size parameter. This renders TS with
large queue sizes having high SF values, which in turn
increases their probability of polling.
• δi : A priority factor for different TS and is a system
parameter where the provider can set different priorities to different users based on users’ preferences.
• Savi (t) : The average throughput for TS i at the beginning of tth SI. It is computed using the exponential
smoothed ﬁlter as follows:

3.3.1. Selectivity function features.
The main features of the proposed SF are:
• Accommodating VBR trafﬁc ﬂuctuations in terms of
channel quality and variable data rate.
• Incorporating a fairness measure based on achieved
throughput by TS to prevent starvation of TS with
degraded channel quality.

Savi (t) =


(1−α)Savi (t−1) + αSi(t) ,





if TSi is selected
(1−α) Savi (t−1) ,
Otherwise

where Si(t) is the throughput of TS i at the tth SI.
• RQDRi : The required data rate requested by TS i.
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Savi (t)
RQDR
i



2.8

• e
: A fairness measure incorporated by the
SF. This exponential function serves as a fairness measure between the admitted TS in terms of achieved
throughput. Since the denominator of this fraction is
ﬁxed and is obtained through the TSPEC element,
the fraction depends only on the numerator, which
is the achieved average throughput by TS i. When
the achieved throughput is low, this exponent fraction
increases, which leads to increase in the value of the
SF.
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Having stated all the important factors and parameters
for constructing the SF, we can incorporate these factors to
produce an SF formula comprising three cases for different
trafﬁc types. The ﬁrst case is designated for voice (VO)
trafﬁc, the second case considers video (VI) trafﬁc, and the
third case is for File Transfer Protocol (FTP) trafﬁc. The SF
is given by the following formula:

SFi (t) =


Savi
−



 ti + Ri · e RQDRj  · δi

DBi
Rmax







i∈VO; ti < DB
i >

0
 ,
 i ; R


Savi


−
RQDR
  ti
Ri
Qi
i
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,
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·

Qmax

·e
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Figure 2. SF vs. queueing delay and fairness measure.
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The SF, SFi (t), given in Equation (11) meets the objectives stated in Section 3.3.1 as follows: the delay bound
is taken into account in the fraction ti /DBi , maximizing
the throughput is expressed in the ratio (Ri /Rmax ), the
fairness
measure
is included and given by the exponent,


−

Savi (t)
RQDR

i
e
and the queue size, given by the normalized
value (Qi /Qmax ), is considered to reduce dropping ratio and
to give higher priority to streams with large queue sizes.
Note that Equation (11) is mainly based on proportional
fairness formulas.
Figure 2 depicts numerical SF values plotted against
queuing delay in order to evaluate the formulation of the
SF function. We plot three curves for each trafﬁc type,
where
each

 curve represents a different value of the fraction

Savi (t)
RQDRi

, the values are set to 0.1, 0.5 and 1. δi is ﬁxed at

1 for voice (VO) streams, at 0.7 for video (VI) ﬂows and at
0.5 for FTP ﬂows. Other factors are ﬁxed to 1. The effect of
the fraction Ri /Rmax on SF is illustrated in Figure 3, where
the value of this fraction is set to 0.1, 0.5 and 1, respectively.
Note that the legend key VO 0.1 means the curve is plotted
considering the value 0.1 for voice trafﬁc. This applies to
the other two curves; the video (VI) and FTP.
100

Figure 3. SF vs. queueing delay and channel quality.

3.4. Computing the SI length
The computed number of packets Ni , transmission opportunity TXOPi and the SFi (t) for trafﬁc stream i (TSi ) are
made available for the SFS scheme to compute an appropriate SI length. Contrasting the standard scheduler, which
polls all TS, the SFS scheme and based on the SF values
polls a subset of the TS during the current SI. This polling
mechanism ensures to poll QSTAs that have pending data
frames to transmit, which best utilizes the scarce bandwidth
resources.
The SFS constructs a ﬁve-column list that contains all
admitted streams TS. Each entry in this list corresponds
to a TS’s parameter that includes: node ID (NID), trafﬁc
stream ID (TSID), trafﬁc stream type (TSType ), the computed TXOP for this TS and the SF(t) value for this TS.
The list is then sorted in a descending order based on the SF
values of all TS. Note that the complexity of the SFS scheduler depends mainly on the sorting algorithm employed in
realizing the SFS. The computation procedure of variable
SI is as depicted in Figure 4.
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Initialize

Take first TS in the list

d

Take Next TS in the
list

NO

YES

If (SI +TXOPi ≤
CAPlimit)

YES

NO

SI=SI + TCONT

IF (Waiting Time
+Tx Time ≤ DB)

IF (TSType =
VO or VI)

NO

Figure 5. Simulation model - setup.

YES

SI = SI + TXOPi
END

Table I. Simulation parameters.
Figure 4. Service interval computation.

Initially, the SFS chooses the ﬁrst TS in the list, which
corresponds to the highest priority, and checks if the available resources can accommodate this TS. If the time
reserved for controlled channel access is exceeded, this ends
the loop and sets the SI length. Otherwise, if CAPlimit for
the current SI is not violated, the SFS checks the type of
this TS. If the selected TS is of type voice or video, the SFS
veriﬁes if the delay bound is not exceeded. Violating the
delay bounds results in terminating the current loop, consequently determining the SI length. If the delay bound is
not violated, this TS is considered in the polling list. If the
selected TS is of type FTP, this stream is included in the
polling list because FTP streams have no delay constraints,
given that the CAPlimit is not exceeded. Upon choosing TS
to be polled in the current SI, the time for contention-based
access mechanism (TCONT ) is added to the SI length. TCONT
is the time required to send one maximum MSDU as speciﬁed by the standard. Finally, the QAP polls all QSTAs with
TS in the polling list.

Parameter

Value

Physical layer
Bandwidth
Node placement
Beacon interval
Simulation time

IEEE 802.11b
2.4 GHz
Random
200 ms
25 seconds

Table II. PHY and MAC parameters.
Parameter
SIFS (s)
PISF (s)
DIFS (s)
Slot time (s)
MAC header size (Octets)
QoS-ACK frame size (Octets)
QoS-CF-Poll frame size (Octets)
PLCP header length (bits)
PLCP preamble length (bits)
PHY rate (Mb/s)
Minimum PHY rate (Mb/s)
CCA time (s)
TxRxTurnaround time (s)

Value
10
30
50
20
32
16
36
48
144
11
2
15
15

4. PERFORMANCE EVALUATION
The SFS scheme is implemented and evaluated using the
OPNET Modeler 14.5 (http://www.opnet.com). To compare the performance results, we consider the IEEE 802.11e
based on the 802.11b physical layer. To realize the SFS
scheme, we modiﬁed the IEEE 802.11e scheduler in the
OPNET modeler to include the extended aforementioned
functionalities of the SFS, such as computing the number of
packets, SF and polling mechanism procedure. The beacon
interval generated by QAP is set to 200 ms.

The QSTAs are randomly distributed around the QAP with
different distances ranging between 5 and 250 m forming a
star topology as shown in Figure 5. We utilize the channel
model provided by the OPNET modeler.
The network system parameters used in our experiments
are listed in Table I and the MAC and PHY layer parameters
are summarized in Table II.

4.2. Transmission modes
4.1. Simulation setup
An infrastructure network is conﬁgured comprises a QAP
and a number of QSTAs. The number of QSTAs varies
between 5 and 15 depending on the simulation scenario.

We use four transmission modes in our implementation as
shown in Table III, in conformance with the IEEE 802.11b
PHY layer. These transmission modes are then used to compute the BER based on the signal to noise ratio and the
observed physical rate by the QAP.
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Table III. IEEE 802.11b transmission modes.
Data rate (R)

Code length (type)

1 Mbit/s
2 Mbit/s
5.5 Mbit/s
11 Mbit/s

Modulation

11 (Barker sequence)
11 (Barker sequence)
8 (CCK)
8 (CCK)

DBPSK
DQPSK
DQPSK
DQPSK

4.5. Performance evaluation metrics

Table IV. Trafﬁc speciﬁcations.
Application
Packet size (bytes)
Minimum rate (kb/s)
Mean rate (kb/s)
Maximum SI (ms)
Delay bound (ms)

Voice

Video-H.261

FTP

160
25
64
25
120

660
150
200
30
180

1200
250
350
35
∞

4.3. Traffic model
We implement three different trafﬁc sources, each one represents a different priority class. The three trafﬁc types are
considered as follows: a high priority voice trafﬁc, a medium
priority VBR video trafﬁc and a low priority FTP data
trafﬁc. The voice ﬂows are modelled by ON-OFF sources
with parameters corresponding to a typical phone conversation using OPNET built-in trafﬁc generators. VBR video
trafﬁc ﬂows are modelled as video-H.261 sources using
OPNET trafﬁc generators. FTP ﬂows are also obtained
using the built-in generators in OPNET network simulator. The TSPEC of each individual ﬂow are summarized in
Table IV.

The performance of the SFS scheme is evaluated using the
following metrics: Throughput (S): the number of bits successfully received by the potential receiver per time unit.
The value of throughput is expressed in kbps.
Packet Loss Ratio (PLR): The per cent of packets dropped
from the queue out of all the packets enqueued.
Average Delay (Latency) (D): the average of delays of
all packets from the same class. The delay is calculated as
the time difference between the reception of this packet by
its potential receiver and the enqueue time. The value is
represented in ms.
Fairness Index: Fairness is measured between users of
the same trafﬁc class (intra-class fairness) and as an overall measure between all trafﬁc classes (inter-class fairness).
We use Jain’s fairness index [30] to compute inter-class
fairness, whereas we use Min--Max fairness index to calculate intra-class fairness. The Min--Max fairness index is
very sensitive to service degradation and service unfairness
[31]. The fairness indices are computed as follows:


Jains Fairness Index =

n

i=1

n×

Min-Max Fairness Index =

4.4. Simulation variables
In order to study the performance of the SFS scheme against
the standard scheduler, we considered the following simulation variables.
• Network Load: Varying the network load by changing the number of TS. This variable is studied under
three different scenarios: the effect of voice streams,
video streams and FTP streams. However, the results
included in this paper are the results of the video
streams scenario -- as a sample of the three scenarios’
results.
• Throughput Averaging Window: Varying the averaging
window size used in computing the average throughput
in the fairness measure of the SF.
• Number of Associated QoS Stations: Increasing the
number of associated QoS stations, while ﬁxing the
network load. The objective of this variable is to evaluate the effect of overheads caused by increasing the
number of QSTAs on the performance of SFS.
• Retransmission Limit: This variable is used to study
the impact of the packet retry limit on the performance
of the SFS. Computation of the number of packets
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depends on BER and channel conditions, while, the
packet retry limit controls whether this packet is transmitted or discarded, consequently, impacts the average
throughput and delay.

2
xi

n

i=1

(12)
xi2

min{xi }
max{xi }

(13)

In order to compute the inter-class fairness using Jain’s
index, we use normalized throughput for xi . The throughput
of an individual TS (Si ) is normalized with respect to the
Required Data Rate (RQDRi ) of this TS, i.e. xi = Si /RQDRi .
Min--Max fairness calculates fairness between the TS with
the minimum throughput (min{xi }) and the TS with the
maximum throughput (max{xi }) in the same class.
4.6. Simulation results
4.6.1. Network load.
In this scenario, we evaluate the effect of varying the
network load by changing the number of admitted video
streams, while ﬁxing the number of voice and FTP streams,
each to ﬁve streams. The number of VBR video streams
ranges between 7 and 12. Seven QSTAs are associated with
a QAP. Simulation results are shown in Figure 6.
Throughput of the three trafﬁc types is shown in Figure 6a. Both schedulers succeed in meeting the required
voice data rate due to the highest priority of voice streams,
low data rate requirements and small packet sizes of the
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Figure 6. The effect of varying the network load while keeping the number of associated QoS stations ﬁxed. (a) Number of video
streams against the average throughput in kbps; (b) number of video streams against the packets drop ratio; (c) number of video
streams against the average delay in ms; (d) number of video streams against the Min--Max fairness index; and (e) number of video
streams against the Jain’s fairness index.

voice TS. It is noted that the SFS outperforms the standard
scheduler in having higher throughput for VBR video trafﬁc as the number of video streams increases. This result is
expected because the SFS considers the packets remaining
in the queue and adapts to channel conditions ﬂuctuations
and video trafﬁc burstness.

Although both schedulers achieve high and almost the
same throughput for FTP trafﬁc, the FTP throughput experiences degradation as the number of video streams increases.
The degradation in the SFS performance is caused by the
SF as it gives higher priority to video streams over FTP
streams. The level of degradation can be controlled by the
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network administrator by changing the parameter δi in the
SFS function.
The SFS succeeds in maintaining lower packet dropping
ratio for all TS as shown in Figure 6b. We observed that VBR
video trafﬁc experiences high dropping ratio in the standard
scheduler due to the inefﬁcient support to the VBR trafﬁc
in the standard scheduler computations.
The SF assigns high polling priority to streams with
high queuing delay. Hence, The SFS results in high average delay for voice and video trafﬁc without exceeding
their delay bounds as shown in Figure 6c. The SF defers
scheduling of streams as long as their delay bound is not
violated. On the other hand, the standard scheduler indicates high average delay of video trafﬁc, which corroborates
that packets remaining in the queue from previous TXOPs
need to be considered. However, the average delay in both
schedulers experiences a lower increase when 10 or more
video streams are admitted, because of the coupling effect
of delay and packet dropping. When the dropping ratio
increases, the packets remaining in the queue afterwards
practice lower delay, which limits the increase in the average
delay.
It is desirable that streams from the same trafﬁc class
should be treated equally. Hence, the Min--Max fairness
measure is used to calculate the intra-class fairness due to its
high sensitivity towards service unfairness and degradation.
Figure 6d shows that the SFS scheme achieves better fairness for all classes over the standard scheduler. The standard
scheduler does not differentiate among ﬂows of the same
class. on the other hand, the SFS scheme incorporates fairness parameters in calculating the ﬂows’ priorities among
ﬂows of the same class. Hence the fairness performance of
SFS outperforms that of the standard scheduler.
Jain’s fairness index is used to calculate the inter-class
fairness among TS. We observe in Figure 6e that the SFS
scheme maintains higher fairness than the standard scheduler, because the differences in average throughput are
higher in the standard scheduler, especially among video
streams. The standard scheduler provides differentiated
QoS for the different trafﬁc classes. However, it gives the
voice trafﬁc strict priority without incorporating fairness
measure to accommodate other trafﬁc types. The SFS considers a fairness measure in the SF to allow TS experiencing
low average throughput to have higher priority over TS with
high average throughput to avoid degrading the service of
these TS.

4.6.2. Averaging window size.
In this scenario, we evaluate the fairness measure incorporated by the SF, which is realized by varying the averaging
window size in computing the average throughput used in
the SF. In particular, we vary the value of α used in computing the average throughput achieved by each TS. In this
experiment, seven QSTAs are associated with a QAP. Each
QSTA sends three TS simultaneously, voice, video and FTP.
The weighting parameter α is being varied between 0.02
and 0.22, where 0.02 represents large averaging window
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and 0.22 represents small averaging window. These values correspond to how much weight is considered for the
history through varying the averaging window size. Furthermore, these numbers reﬂect how many samples are taken
into consideration, while each sample reﬂects the average
throughput achieved in that SI.
Simulation results of this scenario is shown in Figure
7. The three trafﬁc types in the standard scheduler are not
affected by changing the averaging window because it is not
considered by the standard scheduler. The VBR video trafﬁc
scheduled by the standard scheduler shows some ﬂuctuations, however, this behaviour is due to the VBR burstness.
The SFS shows improvement in video and FTP throughput
when the averaging window increases as shown in Figure
7a, because when the average window is small, more weight
is given to the current attainable throughput by the TS.
This affects the fairness
 measure negatively in the SF by
decreasing its value, Savi (t)/RQDRi . Hence decreasing
the probability of this TS to be scheduled in the current SI.
When the value of α is 0.1 or less, i.e. large averaging window, the video and FTP throughput remains steady, since
the average throughput will not be affected much by the
long throughput history.
The standard scheduler shows in Figure 7b high dropping
ratio among video and FTP streams due to overlooking the
effect of the burstness of VBR trafﬁc and the variations of
the channel quality. Conversely to the standard scheduler,
the SFS succeeds in reducing the packets dropping ratio
of video and FTP streams. When the history of average
throughput is given more weight in the fairness measure
of the SF (small values of α), the video packets drop ratio
decreases, which increases the throughput.
Video trafﬁc in Figure 7c has high average delay -- but
within the delay bounds required -- for the SFS scheme
when large
 averaging windows are considered, because of
the ratio Savi (t)/RQDRi in the SF, which allows the SF
to give more realistic priority values to different TS based
on their achieved average throughput. This also explains
the improvement in video throughput under large averaging
windows, i.e. small values of α.
Both schedulers show high intra-class fairness index for
voice trafﬁc, Figure 7d. The standard scheduler indicates
almost steady voice fairness index because varying the averaging window does not affect voice throughput and the
standard scheduler lacks the fairness measure in its computations. For SFS, the fairness index of voice trafﬁc increases
with decreasing the averaging window. As the average window size decreases, the SF prioritize voice trafﬁc over other
types of trafﬁc, because the history of throughput is not
given much weight.
Video intra-class fairness index in the SFS scheme
increases with the increase of average throughput consideration, i.e. averaging window. Video trafﬁc in the
standard scheduler shows lower fairness index due to the
VBR behaviour and the absolute priorities in the standard
scheduler where voice streams are always dominant. FTP
intra-class fairness index in the SFS encounters improvement with the increase of averaging window (low values of
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Figure 7. The effect of varying the averaging window size while keeping the network load ﬁxed. (a) Averaging window size against
the average throughput in kbps; (b) averaging window size against the packets dropping ratio; (c) averaging window size against the
average delay; (d) averaging window size against the min--max fairness index; and (e) averaging window size against the Jain’s fairness
index.

α). This indicates the effect of fairness measure incorporated in the SF, which increases the chances for FTP ﬂows
when their average throughput is low.
The SFS shows higher inter-class fairness index than the
standard scheduler. However, the fairness index decreases
slightly when small averaging windows are considered as
shown in Figure 7e.

4.7. Number of QoS stations
The objective of this experiment is to study the effect of
increasing the number of QoS stations. Increasing the number of QoS stations leads to increasing the overheads caused
by the polling mechanism and inter-frame spacing times. In
this experiment, we ﬁx the load of the network and increase
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the number of QoS stations at each time. The ratio between
the three trafﬁc types is ﬁxed to 2:2:1 (voice:video:FTP).
In general, the throughput of all trafﬁc types degrades
with increasing the number of QSTAs as shown in Figure
8a. The degradation of throughput is caused by the overheads of polling frames (QoS-CF-Poll), ACK frames and
SIFS times. Voice trafﬁc in the standard scheduler achieves
a slightly higher throughput than that of the SFS, because
the standard scheduler grants the highest priority to voice
streams without considering fairness among the different
TS. However, both schedulers succeed in providing voice
trafﬁc with its required data rate. The SFS scheme manages
to reduce the overheads effect by computing the TXOPs
dynamically at the beginning of each SI, which are adaptive to the burstness of the video trafﬁc. On the other hand,
the standard scheduler computes the TXOPs calculations
statically. Consequently, the video trafﬁc throughput experiences a higher degradation than that scheduled by the SFS
scheme.
In Figure 8b, the voice packet drop ratio of the SFS is
slightly higher than the drop ratio of the standard scheduler
because the SFS scheme uses a fairness measure to balance
the opportunities among different trafﬁc types. The standard
scheduler, however, associates voice trafﬁc with the highest
priority and does not include a fairness measure for other
trafﬁc types.
The SFS shows higher FTP drop ratio than the standard
scheduler, because the SF of the SFS schedules voice and
video ﬂows based on their delay bounds besides their other
QoS requirements. Consequently, the FTP streams have a
lower probability of being scheduled because they are delay
tolerant. In addition, FTP trafﬁc is characterized by large
packet sizes which increases the probability of dropping
those packets due to channel conditions.
The voice average delay of the standard indicates in Figure 8c a low increase, while the voice average delay in
the SFS encounters a higher delay but within the delay
bounds. The SF chooses streams based on their delay bound
requirement, which results in increasing the average delay
of voice trafﬁc in the SFS. On the other hand, video average delay indicates a high increase in both schedulers.
The SFS scheme defers transmission of video trafﬁc as
long as their delay bound is not imminent, which explains
the high average delay. The high delay encountered by
the standard scheduler can be referred to the miscalculation of number of packets. In addition, the overheads
caused by increasing the number of QoS stations affect the
average delay as these overheads consume portion of the
TXOPs, which results in increasing the number of packets
dropped.
Intra-class fairness index shows different values for different trafﬁc types as shown in Figure 8d. Voice streams
achieve high fairness, although it decreases with the
increase of number of QSTAs associated with QAP. This is
due to different channel quality values for different QSTAs,
where in this case streams achieve different throughput,
which in turn decreases the fairness index. Video streams
in the standard scheduler indicate low intra-class fairness
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index, because of the variability in channel quality and
the fact that the duration of TXOPs are the same for the
same trafﬁc type even though it is associated with different
QSTAs (that have different channel quality). Both schedulers indicate high fairness among FTP streams due to the
low number of admitted FTP ﬂows.
The inter-class fairness, Figure 8e shows that the SFS
scheme succeeds in achieving higher fairness index than
the standard scheduler, because the SFS deals with fairness
based on TS rather than QSTAs. The degradation in video
throughput in the standard scheduler affects the inter-class
fairness, which results in lower Jain’s fairness index than
the SFS scheme.

4.8. Packet retransmission limit
The objective of this experiment is to study the performance
effect of varying the packet retry limit. The packet retry
limit, in essence, affects the computation of the number of
packets, speciﬁcally the packets remaining in the queue at
the end of previous transmission opportunity. The effect of
packet retry limit on TS throughput is illustrated in Figure
9a. The retry limit has almost no effect on voice trafﬁc in
both schedulers because of the voice streams high priority
and small packets size.
Video streams show some throughput improvement with
the increase of the retry limit in both schedulers, because
packets have more chances to be delivered as long as their
delay bound is not exceeded. We observe that when the retry
limit is six or more, the increase of the packet retry limit
is not necessarily followed by throughput increase, because
the channel conditions and delay bound play a substantial
role in the packet transmission besides the packet retry limit.
The SFS scheme succeeds in providing higher throughput
than the standard scheduler, since the SFS scheme accommodates the burstness of VBR video trafﬁc by dynamically
computing the TXOPs.
Both schedulers show enhancements in FTP throughput as shown in Figure 9a. Because the FTP packets are
delay tolerant, the increase of the retry limit allows both
schedulers to accommodate more packets.
In general, the packet loss ratio of all trafﬁc ﬂows
decreases with the increase of the retry limit as shown
in Figure 9b. Voice trafﬁc indicates almost no drop in
both schedulers, which explains the steady throughput as
depicted in Figure 9a.
When the retry limit is six or more, the SFS scheme manages to decrease the drop ratio down to 5% as a consequence
of the adaptive computation of TXOPs coupled with the SF
prioritization. The FTP drop ratio in the SFS scheme is
higher than voice and video drop ratio. This is expected as
a result of the SF mechanism. However, the SFS succeeds
in maintaining low drop ratio for FTP streams because of
the fairness measure incorporated by the SF.
The packet retry limit has a clear effect on the average
delay as shown in Figure 9c. Voice trafﬁc in the SFS experiences high average delay increase, because of the retry limit
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Figure 8. The effect of increasing the number of associated QoS stations while keeping the network load ﬁxed. (a) Number of stations
against the average throughput in kbps; (b) number of stations against the packets dropping ratio; (c) number of stations against the
average delay in ms; (d) number of stations against the Min--Max fairness index; and (e) number of stations against the Jain’s fairness
index.

of packets remaining in the queue from previous TXOPs.
The standard scheduler shows a lower increase in voice
average delay because voice streams have high priority and
small packet sizes.
Video average delay in both schedulers experiences high
delay as shown in Figure 9c. We observe that when the

retry limit is six or more, the video average delay increases
sharply, which explains the effect of retry limit on the delivered packets as well as the channel conditions. In addition,
the delay indicated by the SFS scheme is caused also by
the mechanism of the SF. The increase in video trafﬁc average delay shown by the standard scheduler is due to the
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Figure 9. The effect of increasing the packet retry limit. (a) Packet retry limit against the average throughput in kbps; (b) packet retry
limit against the packets dropping ratio; (c) packet retry limit against the average delay in ms; (d) packet retry limit against the Min--Max
fairness index; and (e) packet retry limit against the Jain’s fairness index.

VBR burstness, the lack of channel quality consideration
and static computation of TXOPs.
The intra-class fairness index of voice trafﬁc indicates
high fairness in both schedulers as shown in Figure 9d,
because both schedulers succeed in providing the required
throughput for voice trafﬁc. The SFS scheme indicates better intra-class fairness index for VBR video trafﬁc. The SFS
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scheme shows higher FTP fairness index than the standard
scheduler due to the better consideration of channel quality
and the dynamic computation of the TXOPs.
The increase of the retry limit enhances the interclass fairness as shown in Figure 9e, because the average
throughput of video and FTP trafﬁc ﬂows is increased.
However, the standard scheduler shows lower inter-class
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fairness index because of the lack of fairness among the
different streams’ types, speciﬁcally, video against voice
streams.

7.

5. CONCLUSIONS

8.

We proposed a SFS for the IEEE 802.11e HCCA mode. The
objective of the scheduler is to accommodate multiple TS
per station with diverse QoS requirements. The SFS scheme
is designed to adapt to the variations of the channel quality,
diversity of QoS requirements, and provide fairness among
the different TS. The scheme is evaluated implementing
different scenarios through a comprehensive simulation.
Results revealed that SFS succeeds in achieving higher performance in terms of throughput and packet dropping ratio
compared to the standard scheduler, while maintaining fairness among different TS. As for the future work, we are in
the process of the practical implementation of the proposed
schedular into a WiFi test-bed. The scheduler will be integrated into an open-source Linux based operating system
of 802.11g AP.
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