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Abstract There are two essential ingredients in order for any

telecommunications system to be able to provide Quality-

of-Service (QoS) guarantees: connection admission control

(CAC) and service differentiation. In wireless local area net-

works (WLANs), it is essential to carry out these functions at

the MAC level. The original version of IEEE 802.11 medium

access control (MAC) protocol for WLANs does not include

either function. The IEEE 802.11e draft standard includes

new features to facilitate and promote the provision of QoS

guarantees, but no specific mechanisms are defined in the

protocol to avoid over saturating the medium (via CAC) or

to decide how to assign the available resources (via service

differentiation through scheduling). This paper introduces

specific mechanisms for both admission control and service

differentiation into the IEEE 802.11 MAC protocol. The main

contributions of this work are a novel CAC algorithm for

leaky-bucket constrained traffic streams, an original frame

scheduling mechanism referred to as DM-SCFQ, and a sim-

ulation study of the performance of a WLAN including these

features.
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1. Introduction

IEEE 802.11-based wireless local area networks (WLANs)

have been widely deployed in home and business envi-

ronments. The growing interest in new applications over

WLANs, such as voice, video and multimedia streaming,

also brings unique and challenging quality-of-service (QoS)

requirements. The two main ingredients for any telecommu-

nications system to be able to provide QoS guarantees are

connection admission control (CAC) to avoid over saturat-

ing the medium, and service differentiation to give each user

what it needs and when it needs it.

So far, the popular approaches to provide multimedia users

with QoS guarantees, proposed by the Internet Engineering

Task Force (IETF), are IntServ [4], and DiffServ [3], along

with all the underlying technologies and protocols. These

resource-reservation and service-differentiation mechanisms

are implemented at the network or Internet Protocol (IP)

layer. This means that mobile terminals in a WLAN will

not be able to receive the treatment they deserve if there is

no service differentiation when they compete for the wireless

medium at the medium access control (MAC) level.

The MAC protocol of the original IEEE 802.11 stan-

dard contains an optional mechanism for providing real-

time applications with a proper QoS service. This mecha-

nism, known as Point Coordination Function (PCF), allows

real-time applications to periodically transmit contention-

free frames during certain intervals, called Contention-Free

Periods (CFPs). The provided guarantee is that at least one

frame of one of the registered stations will be sent during
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each CFP. This is not enough in most situations since not all

real-time applications have the same QoS needs in practice.

There are some proposed extensions to this MAC protocol

under discussion, documented in the IEEE 802.11e draft stan-

dard. The new features allow for traffic streams to indicate

their characteristics and needs through what is called TSPEC,

which in turn can be used by the resource allocator for admis-

sion control or the assignment of transmission opportunities

(TXOPs). It is also possible for the contention-free periods to

start anywhere within the transmission superframe, as needed

to satisfy QoS criteria of delay-sensitive applications. How-

ever, the important issues of how to locally limit the amount

of traffic that competes for the wireless medium and how

to decide which backlogged real-time connection to service

first and which next remain open.

The main goal of this research work is to identify specific

admission control and service differentiation (scheduling)

mechanisms so that IEEE 802.11 WLANs can effectively

offer QoS guarantees to their users. The remainder of this

paper is organized as follows. Section 2 briefly reviews the

IEEE 802.11 and 802.11e MAC protocols. Section 3 pro-

poses the Deficit-based Modified Self-Clocked Fair Queue-

ing (DM-SCFQ) algorithm for packet scheduling. Details

of the proposed CAC algorithm are presented in Section 4.

Performance of the proposed QoS support mechanisms are

evaluated in Section 5 via computer simulations, followed

by concluding remarks in Section 6.

2. IEEE 802.11 and 802.11e MAC protocols

The IEEE 802.11 MAC protocol [5, 9] defines two trans-

mission modes for data packets: the CSMA/CA-based Dis-

tributed Coordination Function (DCF), and the contention-

free Point Coordination Function (PCF), where there is a

Point Coordinator that controls all transmissions based on a

polling mechanism. The point coordinator usually resides

in the Access Point (AP). The DCF and PCF modes are

time multiplexed in a superframe, which is formed by a PCF

contention-free period followed by a DCF contention pe-

riod. The boundaries between contention-free periods and

contention periods are marked by beacons transmitted by the

access point.

During a contention period, all stations compete with each

other to gain access to the medium. All stations are equally

likely to get to transmit a frame since there is no mecha-

nism in the protocol to give some stations more rights than

others.

During the contention-free period, on the other hand, the

point coordinator in the access point polls terminals in the

polling list and accepts their response frames. Each terminal

that wants the PCF to schedule its transmissions needs to sub-

mit a request to the access point during a contention period.

However, the method used to select the stations to be polled

does not take into account the stations’ needs, and there is

no guarantee of a frame delivery within a certain timeframe.

So, the MAC protocol defined in the IEEE 802.11 standard

cannot fulfill the QoS requirements of multimedia applica-

tions.

Since the PCF has limited capability to deliver QoS and

has not been widely implemented, the IEEE 802.11 Task

Group E has undertaken the definition of a new standard,

namely IEEE 802.11e [8, 10, 12], in which a single coordi-

nation function is introduced, with three access schemes: En-

hanced DCF, Controlled Access, and Controlled Contention.

The new coordination function is known as Hybrid Coordina-

tion Function (HCF) because there is no clear distinction now

between what was previously known as contention period and

contention-free period. The HCF introduces a Hybrid Coor-

dinator, which extends the notion of point coordinator in the

sense that it can gain access to the channel during the con-

tention periods to create additional contention-free periods

as needed to satisfy QoS criteria.

Enhanced DCF is still a contention scheme, but it has now

the capacity to give some stations a higher priority than oth-

ers by manipulating both the time that a station senses the

medium to decide if it is free (called AIFS) and the back-

off time. The AIFS period is shorter for higher-priority sta-

tions allowing them to win access to the medium over the

lower-priority ones. Likewise, even though the backoff time

is selected randomly, the set of possible values for a higher-

priority station includes smaller values than those allowed

for a lower-priority one, establishing again an advantage for

the former.

Controlled access, on the other hand, is a polling mecha-

nism that takes into account the TSPECs of the different traf-

fic streams when admitting a new session into the polling list

and when deciding how to assign transmission opportunities.

Finally, controlled contention is used when the hybrid co-

ordinator decides that it has some extra transmission oppor-

tunities available for distribution. It sends a message to a

specific set of stations inviting them to place new resource

requests.

Even though IEEE 802.11e includes several new features

that facilitate and promote the provision of QoS guarantees

to the users, there are no specific mechanisms in the protocol

to avoid saturating the medium with excessive traffic or for

the hybrid coordinator to decide how to assign the available

resources. It is here that our proposed schemes find their

usefulness.

3. DM-SCFQ scheduling mechanism

Our proposed QoS support schemes take advantage of the

new features introduced in the IEEE 802.11e MAC protocol.
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The objective is to provide QoS guarantees to those ses-

sions included in the polling list (i.e., registered to receive

contention-free transmission services), in the controlled ac-

cess scheme.

The Generalized Processor Sharing (GPS) algorithm and

its practical realization Weighted Fair Queueing (WFQ) are

the most important packet scheduling disciplines nowadays

due to their unsurpassed fairness and predictability [16,17].

This is the reason why several telecommunications standards

have adopted WFQ as part of their QoS mechanisms. How-

ever, it is not practical to implement WFQ in a WLAN en-

vironment due to the fact that the packet queues and the

medium controller are not co-located. In other words, the

packets waiting to be serviced are queued in the mobile sta-

tions, while the hybrid coordinator is located in the access

point. It is necessary for every mobile station to somehow

inform the hybrid coordinator of how many packets it has

in its queue, and of the arrival time and size of each packet.

Fortunately, there are alternatives to WFQ that also work ad-

equately and that do not need as much information. In this

research, we propose Deficit-based Modified SCFQ, which

combines the ideas embedded in Self-Clocked Fair Queueing

(SCFQ) [6], with those in Distributed Deficit Round Robin

(DDRR) [18]. DM-SCFQ is similar to DDRR in the sense

that it first allows each traffic source to transmit a packet and

then it lets it wait long enough to “pay” for the transmis-

sion opportunity already given before allowing it to transmit

again; i.e., it is based on “deficit”. DM-SCFQ is also similar

to SCFQ in that it relies on a self-generated virtual time.

In the DM-SCFQ scheduling, the same traffic source is

polled repeatedly until all the frames corresponding to a sin-

gle packet are transmitted; the transmission of all the frames

corresponding to the same packet counts as a single trans-

mission opportunity. To decide which traffic source will be

allowed to transmit next, a service tag is computed for each

of the sources at the end of a transmission opportunity. Since,

as mentioned above, we cannot have information related to

the packets waiting in distant queues (at the mobile stations)

without incurring a high overhead cost, we compute the ser-

vice tag for deciding the transmission of the i-th packet com-

ing from source j as follows:

Fi
j = Ei

j

r j
+ Fi−1

j (1)

where r j is the share of channel capacity allocated to session

j, and Ei
j is equal to the length of the previously transmitted

packet Li
j if the most recent poll sent to station j resulted in

a transmission and the “More Data” bit of the frame is set

to 1, or n · Li
j otherwise. The value of the constant n is a

design parameter and is used to avoid wasting an excessive

amount of bandwidth by polling repeatedly a station that has

nothing to transmit for the moment. We used a value of n =

2 in our simulations and the results are satisfactory. Ei
j can

be thought of as the effective packet length. Equation (1) is

equivalent to assuming that all traffic sources are constantly

backlogged and we “charge” them for all of the transmission

opportunities that they are given, regardless of whether they

use them to actually send packets or not. Charging for each

transmission opportunity is done a posteriori.
DM-SCFQ has two main advantages as compared to

WFQ, which are inherited from the scheduling mechanisms

it is derived from:� It is computationally more efficient since it relies on a self-

generated virtual time, and� It does not need to know the arrival time or size of the packet

at the head of each queue, since it makes its decisions based

on previously transmitted packets.

For comparison purposes, we also present in this paper

results related to an implementation of WFQ in a WLAN.

As mentioned before, in order to implement WFQ the access

point needs to know about the packets waiting in each mobile

station’s queue. This is done by letting every station inform

the access point of how many new packets have arrived to its

queue, along with a list of their sizes, every time the station

has a chance to send a data frame. To stay updated, the ac-

cess point polls all stations periodically every m superframes,

which is again a design parameter that in our case was set to

2. We call this a “cyclic poll”. The rest of the time, the access

point polls only the winning stations, according to the rules

of the relevant scheduling mechanism. This mechanism has

the added disadvantage that it needs the modification of the

MAC frame structure to include a new field used to exchange

the queue-occupancy update information.

4. The proposed CAC algorithm

One of the options included in IEEE 802.11e to specify the

traffic characteristics and needs is through leaky-bucket pa-

rameters plus an upper bound for the tolerable delay. This

option assumes that the traffic is shaped before it enters

the WLAN. This option is critical because of the relatively

limited capacity of the wireless medium. When traffic com-

plies with this restriction, it is possible to offer deterministic

bounds for the delay that the traffic will experience when ser-

viced using a fair scheduling policy, such as GPS [14, 16]. In

other words, these results can be used to devise a CAC mech-

anism for delay-sensitive traffic as long as a fair scheduling

algorithm is being used. The output of the CAC mechanism

would be a decision as to whether a set of traffic streams

can be serviced without violating their QoS guarantees, as

well as the fraction of the available bandwidth that has to

be allocated to each one of these traffic streams. Resource

reservation is implicit in such a CAC mechanism.
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Recently, an expression has been found in [2, 14, 20], for

the tight delay bounds that characterize GPS systems with

leaky-bucket constrained input traffic sources, and CAC al-

gorithms have been proposed based on such bounds. Unfor-

tunately, the previous algorithms do not take full advantage of

the available information. In the remainder of this section we

propose a CAC algorithm to maximize bandwidth utilization

by allocating each session only the portion of the available

bandwidth that is strictly needed so as not to exceed a given

delay bound. In addition, the proposed CAC algorithm does a

straightforward allocation based on systematic calculations,

without the need of random search or successive approxima-

tions, as is done in [2].

Our algorithm is designed for a single-node system but, as

explained in [15], it can be extended to multiple-node systems

in many situations of practical interests. For instance, when

it is applied at the bottleneck node, or when it is applied at

an edge node and the same bandwidth is reserved for each

connection at all the nodes included in its end-to-end path.

4.1. Terminology and previous results

A traffic source is said to be leaky-bucket constrained if its

arrivals in any given interval (t1, t2], denoted by A(t1, t2),

satisfy the following inequality:

A (t1, t2) ≤ σ + ρ · (t2 − t1) (2)

When the equality holds for t1 = 0 and all values of t2, the

traffic source is called greedy.

A GPS scheduler serving N sessions is characterized by a

set of positive real numbers {φ1, φ2, . . . , φN }, which denotes

the relative amount of service given to each session in the

sense that, if session i is continuously backlogged during the

time interval (t1, t2), then:

Wi (t1, t2)

W j (t1, t2)
≥ φi

φ j
j = 1, 2, . . . , N (3)

where Wi (t1, t2) is the amount of service given to session i
during the time interval (t1, t2).

As mentioned above, a tight bound is found in [2, 14], and

[20], for the maximum delay that a leaky-bucket constrained

session experiences in a GPS server. The relevant bound is

tighter than that found in [17], as it explicitly takes into ac-

count that the bandwidth unused by some sessions will be

redistributed among the backlogged sessions proportionally

to their respective weights φi . It also takes into account in-

formation related to the specific time instants at which band-

width will be released by each session and therefore used by

the other sessions that still need it.

In this work, each session will be assumed to be greedy

and the incoming traffic of session j will be characterized by

ρ j and σ j , which are the parameters of its respective leaky-

bucket.

Let L = {L (i) |i = 1, 2, . . . , N } denote an ordered set of

indices meaning that the backlog of session L(i) is cleared

ith in order, and let C be the server capacity. The time instant

when the backlog of session L(i) is emptied is denoted by

tL (i ). By definition, let tL(0) = 0 be the start of a system busy

period. If the buffer of session j is initially empty but starts to

build up because its initial allocated bandwidth is less than its

traffic arrival rate, then its backlog-clearing time is not t j = 0,

but the time when the buffer goes back to being empty.

In addition, let r j (t) denote the bandwidth (or service rate)

effectively allocated to session j at time t ≤ t j , including its

initial bandwidth r j = φ j · C plus its share of bandwidth

released by other sessions. To simplify notation, let rk
j be the

session-j service rate during the time interval [tL(k−1], tL(k)).

It is shown in Eq. (5) of [14], that, when
∑N

j=1 r j = C
(the server is initially saturated), rk

j satisfies the following

equation:

rk
j = coef (k − 1) · r j (4)

where

coef (k) =
C −

k∑
m=1

ρL(m)

C −
k∑

m=1

rL(m)

. (5)

Equation (4) is valid as long as the buffer of session j is

not empty. After its own backlog has been cleared (i.e., t >

t j ), session j will be serviced at rate ρ j , which is the traffic

arriving rate. Because of this, a necessary condition for the

system to be able to properly serve all the sessions after all

the backlogs have been cleared is that
∑N

j=1 ρ j ≤ C .

Let τ j denote the time at which the initial burst of session

j has been serviced, i.e., the time when W j (0, τ j ) = σ j . Let

T j (t) denote the time at which A j (0, Tj (t)) = W j (0, t), i.e.,

the time at which the amount of traffic received was equal to

the amount of traffic that has been serviced by time t. If we let

D j (t) denote the delay experienced by the traffic completing

service at time t, then D j (t) = t − Tj (t). It is partly shown in

[20], that, in the worst case when the traffic source is greedy,

the following equality holds:

D j (t) =

⎧⎪⎨⎪⎩
t for t ≤ τ j

t − 1
ρ j

[∫ t
0

r j (τ ) · dτ − σ j

]
for τ j < t ≤ t j

0 for t > t j

(6)

The maximum delay that session j can tolerate is denoted by

d j . The following two sets are also defined:

B1 = {
j
∣∣σ j

/
d j ≥ ρ j

}
(7)

B2 = {
j
∣∣σ j

/
d j < ρ j

}
(8)
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In the following, we state the main theorem of [14, 20], and

[2]. For a proof, see the references.

Theorem 1. Let d∗
j denote the maximum delay that will be

experienced by session j.

(i) If r j (τ j ) ≥ ρ j , then d∗
j = τ j

(ii) Conversely, if r j (τ j ) < ρ j , then:

d∗
j = D j

(
tL(k)

) = tL(k) − 1

ρ j

[
W j (0, tL(k)) − σ j

]
(9)

r j (t) < ρ j for all t < tL(k) and where k ∈ {1, 2, . . . , N } is
such that r j (t) ≥ ρ j for all t ≥ tL(k).

In addition to this result, a few lemmas are included in

[14], that are used to support their CAC algorithm. Here

we enunciate two of those lemmas that are useful for our

proposed algorithm. We use the same numbers utilized in

the reference to identify the lemmas.

Lemma 1. If session j ∈ B1 and its maximum-delay re-
quirement is satisfied (d∗

j ≤ d j ), then:

(i) The service rate of session j is not less than ρ j when the
last bit of the initial burst is being served, i.e. r j (τ j ) ≥
ρ j .

(ii) The maximum delay of session j is experienced by the
last bit of the initial burst, or equivalently d∗

j = D j (τ j ) =
τ j .

Lemma 3. If d j > tL(i−1), then the rate r j needed in order
for the last bit of the initial burst to experience a delay equal
to d j is:

r j = σ j

i−1∑
k=1

(
tL(k) − tL(k−1)

) · coef (k − 1) + (
d j − tL(i−1)

) · coef (i − 1)

(10)

where coef (k) is defined as in Eq. (5).

Corollary 3.1. If session j ∈ B1 then the rate r j shown
in Eq. (10) is the optimum allocation in the sense that
d∗

j = d j .

From Lemma 3 and Corollary 3.1, we can conclude that,

for sessions in B1, the maximum allowed delay will not be

exceeded as long as τ j is equal to d j . Thus the allocated

bandwidth for the sessions always has to be computed using

Lemma 3. This is already done in [14], and we do not change

this part of the algorithm.

4.2. Our new results

This section presents some results that support the main con-

tribution of this research, namely the new CAC algorithm

described in next section. All of our results are intended to

support the new algorithm for allocating bandwidth to ses-

sions in B2. The CAC algorithm defines the minimum initial

r j that has to be allocated to session j so that its maximum

delay d∗
j does not exceed a value d j , a QoS parameter estab-

lished by the user. This task is equivalent to finding the coef-

ficients {φ1, φ2, . . . , φN } for the GPS server as r j = φ j · C .

To achieve the optimum allocation, we need to define criteria

to ensure that we do not unnecessarily overprovision the ses-

sions. Thus, we need to take into account the time at which

each session frees some bandwidth after emptying its buffer

and to keep track of the amount of extra bandwidth that is

redistributed among the backlogged sessions. Our algorithm

finds the optimum values {r1, r2, . . . , rN } one by one. Each

step, indexed by i in our algorithm, is marked by one more

session emptying its backlog or, equivalently, reaching its t j .

Lemma 4. D j (t) ≤ t for all t ≥ 0.

Proof: Notice from Eq. (6) that D j (t) = t for all t ≤ τ j

and that D j (t) = 0 < t for all t > t j . Also notice that for

τ j < t ≤ t j :∫ t

0

r j (τ ) · dτ = W j (0, t) > σ j (11)

Using this result we can conclude from Eq. (6) that D j (t) < t
for τ j < t ≤ t j as well. �

Definition. Let t∗
j be the smallest time for which the maxi-

mum delay d∗
j is reached for session j, that is

t∗
j = min

{
t
∣∣D j (t) = d∗

j

} · (12)

The minimum is taken in Eq. (12) to avoid ambiguities,

since there can be more than one value of t for which D j (t) =
d∗

j .

Theorem 2. A necessary condition for d∗
j not to be smaller

than d j (bandwidth not to be wasted) is that t∗
j ≥ d j .

Proof: Assume that t∗
j < d j . From Lemma 4, we have

D j (t∗
j ) ≤ t∗

j . By definition, we know that d∗
j = D j (t∗

j ).

Putting all together we have:

d∗
j = D j

(
t∗

j

) ≤ t∗
j < d j (13)

This means that, if t∗
j < d j , d∗

j will inevitably be smaller

than d j and as a result bandwidth will be wasted. �

Theorem 3. Assume that r j and r ′
j are two different values

of the initial rate allocated to session j. Assume also that
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D j (t) and D′
j (t) are the respective values of the delay ex-

perienced at time t ≥ 0. Let τ j and τ ′
j be the times at which

the initial burst is serviced corresponding to rates r j and
r ′

j , respectively. Finally, let t j and t ′
j be the corresponding

backlog clearing times. If r ′
j ≥ r j then

(i) r ′
j (t) ≥ r j (t), ∀t ≤ min{t j , t ′

j }
(ii) W ′

j (0, t) ≥ W j (0, t), ∀t ≤ min{t j , t ′
j }

(iii) τ ′
j ≤ τ j

(iv) D′
j (t) ≤ D j (t) for all values of t ≥ 0.

Proof: Since the rate allocated to session j increases in a

multiplicative fashion every time some bandwidth is freed

by a user, as shown in Eq. (4), we have r ′
j (t) ≥ r j (t) , ∀t ≤

min{t j , t ′
j }. This in turn implies that, for the same time inter-

val, W ′
j (0, t) ≥ W j (0, t). From here we can easily conclude

that τ ′
j ≤ τ j . Using these results and Eq. (6), we have

D j (t) − D′
j (t)

=

⎧⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎩

0 for 0 ≤ t ≤ τ ′
j

1
ρ j

[
W ′

j (0, t) − σ j
]

> 0 for τ ′
j < t ≤ τ j

1
ρ j

[
W ′

j (0, t) − W j (0, t)
] ≥ 0 for τ j < t ≤ t ′

j

D j (t) ≥ 0 for t ′
j < t ≤ t j

0 for t > t j

(14)

which proves that D′
j (t) ≤ D j (t) for all values of t ≥ 0, as

desired. �

Theorem 4. If j /∈ {L (k) |k = 1, 2, . . . , i − 1 }, in order for
r i

j to be equal to ρ j , it is necessary that r j = ρ j/coef (i − 1).

Proof: Since the backlog of session j has not been cleared

by tL (i −1), we can use Eq. (4) to compute r i
j . Then we have

r i
j = coe f (i − 1) · r j = ρ j (15)

Solving for r j we obtain the desired result. �

The following theorem is similar to Lemma 4 in [14], but

it is rephrased to make it more useful for our algorithm.

Theorem 5. Assume that j /∈ {L (k) |k = 1, 2, · · · , i − 1 }
and that d j ≤ tL(i−1). If

r j = ρ j · (
tL(i−1) − d j

) + σ j

i−1∑
k=1

(
tL(k) − tL(k−1)

) · coe f (k − 1)

(16)

then τ j ≤ tL(i−1) < t j and D j
(
tL(i−1)

) = d j .

Proof: Notice that:

W j
(
0, tL(i−1)

) =
i−1∑
k=1

(
tL(k) − tL(k−1)

) ·rk
j (17)

From Eqs. (4), (16) and (17), we can conclude that

W j
(
0, tL(i−1)

) = ρ j · (
tL(i−1) − d j

) + σ j · (18)

Since d j ≤ tL(i−1), we can conclude from Eq. (18) that

W j
(
0, tL(i−1)

) ≥ σ j , which in turn implies that τ j ≤ tL(i−1).

On the other hand, by definition a time t will be identified

as t j when the initial burst, plus whatever extra traffic that has

arrived since the beginning, has been served. Or equivalently,

whenW j (0, t) = σ j + ρ j · t . However, again from Eq. (18),

we have that:

W j
(
0, tL(i−1)

) = [
σ j + ρ j · tL(i−1)

] − ρ j · d j (19)

which indicates that at tL (i −1) there is still a backlog of size

ρ j · d j , and that t j has not been reached yet. That is, tL(i−1) <

t j .

Now, knowing that τ j ≤ tL(i−1) < t j , we can substi-

tute Eq. (18) into Eq. (6) and obtain that D j
(
tL(i−1)

)
= d j . �

Theorem 6. D j (t) is a monotonically increasing function for
all values of t such that r j (t) < ρ j .

Proof: First notice that the condition r j (t) < ρ j can only be

satisfied for values of t less than t j , because at t j the session

has to be serviced at a rate higher than its arrival rate (ρ j ) in

order to empty its backlog. If we assume that r j (t) < ρ j and

take the derivative of Eq. (6), we can see that

d D j (t)

dt
= 1 > 0, for t ≤ τ j (20)

and that

d D j (t)

dt
= 1 − r j (t)

ρ j
> 0, for τ j < t < t j · (21)

In both cases the derivative of D j (t) is positive, which indi-

cates that it is a monotonically increasing function of t. �

The “checkpoints” for a session j are defined as those time

instants at which the maximum delay d j can be achieved

(i.e., candidates for t∗
j ) [15]. According to Theorem 1, the

checkpoints include d j itself and those tL (k ) greater than d j ,

k ∈ {1, 2, . . . , N }.

Theorem 7. If a bandwidth allocation for session j is such
that D j (t) = d j and r j (t+) < ρ j for a given checkpoint t ≥
d j , then the bandwidth allocation that satisfies D j (t ′) = d j

for the subsequent checkpoint t ′ > t is such that r ′
j > r j .
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Proof: Without loss of generality, assume that t ′ = tL(i), for

some value of i ∈ {1, 2, . . . , N }. From Lemma 3 if t = d j ,

or from Theorem 5 if t > d j , we have

W j (0, t) = ρ j · (
t − d j

) + σ j (22)

where

W j (0, t) = r j ·
[

i−1∑
k=1

(
tL(k) − tL(k−1)

) · coef (k − 1)

+ (
t − tL(i−1)

) · coef (i − 1)

]
(23)

Under the assumption that r j
(
t+)

< ρ j , we have

W j (0, t) + r j (t
+) · (

tL(i) − t
)

< ρ j · (t − d j )

+ σ j + ρ j · (
tL(i) − t

)
. (24)

But, r j
(
t+) = r j · coef (i − 1), which implies that

r j ·
[

i∑
k=1

(
tL(k) − tL(k−1)

) · coef (k − 1)

]
< ρ j

(
tL(i) − d j

) + σ j (25)

or equivalently that

r j <
ρ j

(
tL(i) − d j

) + σ j

i∑
k=1

(
tL(k) − tL(k−1)

) · coef (k − 1)

= r ′
j (26)

The last equality is obtained using Theorem 5. �

In the following, we discuss how the preceding theorems

can be applied to achieve the optimum bandwidth allocation.

The key of the CAC algorithm is to try to achieve D j (t) =
d j at each checkpoint t by allocating the proper amount of

bandwidth as indicated by Lemma 3 or by Theorem 5, re-

spectively, depending on whether t is equal to d j or not.

At step i, from Theorem 2, if d j > tL(i−1), the only viable

candidate for the location of t∗
j is d j . If we allocate enough

bandwidth so that τ j = d j (and therefore D j (d j ) = d j ) and

if the allocated bandwidth is such that r j (d
+
j ) = r i

j ≥ ρ j , we

have found the optimum bandwidth allocation for this ses-

sion, unless there are sessions that free bandwidth before d j

(in which case we can allocate less bandwidth and still satisfy

the delay requirement). On the other hand, if the allocated

bandwidth is such that r j (d
+
j ) < ρ j (only possible for ses-

sions in B2, according to Lemma 1), the delay will continue

to increase, as indicated by Theorem 6, with the maximum

value being greater than d j . Therefore, we need to allocate

more bandwidth to this session, but we do not have sufficient

information yet to know how much more.

For session j, if there exists a checkpoint tL (i −1) greater

than d j , it is because the allocation calculated at the previous

checkpoint tL (i −2) (either equal to or larger than d j ) was such

that r j (t+) < ρ j . From Theorem 7, we can see that the new

bandwidth calculated at this step is greater than the previous

one. Again we have to check if this new allocation is such that

r j
(
t+
L(i−1)

) ≥ ρ j . If so, we have found the optimum allocation

for this session because there is no more bandwidth freed by

any sessions before this checkpoint. On the other hand, if

the calculated bandwidth is such that r j
(
t+
L(i−1)

)
< ρ j , we

do not have the optimum bandwidth allocation and should

keep trying at the subsequent checkpoints, if there are any.

If all the finite checkpoints have been tried and the opti-

mality condition is not met, using Theorem 4, session j will

be allocated an amount of bandwidth such that r j (t+) = ρ j ,

where t is equal to the largest finite checkpoint. This band-

width allocation satisfies the delay requirement since, ac-

cording to Theorem 1, the maximum delay happens at t and,

from Theorem 3, this maximum delay is less than d j because

a smaller amount of bandwidth would make D j (t) = d j .

There are two reasons to postpone the decision on the

optimum bandwidth allocation for a given session: either

we do not yet have enough information to decide what the

optimum allocation is (as explained above), or we know how

much bandwidth should be allocated but there is no sufficient

bandwidth available unless some sessions free a portion of

their own bandwidth. In the latter case, we postpone our

decision, hoping for other sessions to free enough bandwidth

for use by the relevant session.

If a decision cannot be made for session j at a specific step

i, for either of the two reasons, the session will be moved

temporarily into another set (referred to as N1 or N2 depend-

ing on whether the original set was B1 or B2), indicating that

this session is not a suitable candidate for L(i).
Once we find the optimum bandwidth allocation for ses-

sion j, it is removed from its original set (B1 or B2) and is

put into another set denoted by P.

At the end of step i, we select tL (i ) as the smallest among

the potential backlog-clearing time values computed at this

step (denoted by t j ,i ), corresponding to sessions in B1, B2 and

P. As derived in [14], the potential backlog-clearing times

are given by

t j,i = r i
j · tL(i−1) + σ j − W j

(
tL(i−1)

)
r i

j − ρ j
. (27)

The selected session, defined above as L(i) ∈ L, is then

removed from its current set and placed into a set denoted

by H. If there is a draw (a tie) between two or more sessions

because their corresponding values t j ,i coincide, then all such

sessions are selected as the new elements of L because their

allocated bandwidth will not change after this point.
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However, it is possible that, after going through B1, B2

and P, there is no candidate for L(i) because all the decisions

related to sessions in B1 and B2 were postponed. When this

situation is encountered, if N1 is not empty, it means that there

is not enough bandwidth to serve all the sessions; otherwise

we are forced to allocate bandwidth to all the sessions in B2

such that r j (t+) = ρ j , where t is equal to the largest finite

checkpoint.

As an interesting remark, recall that Eq. (4) is only valid

when the server is initially saturated, i.e. when
∑N

j=1 r j = C .

If we find at the end of the algorithm that this condition is not

satisfied, it is proposed to repeat the process with a reduced

value of C until the relevant condition is approximately met

[14]. This approach, although not necessary for finding a

suitable set of weights, can be useful to find out roughly

the minimum value of the channel capacity Cmin that would

be enough to serve the relevant set of sessions. It is also

important to point out that a byproduct of this algorithm is

the possibility to calculate the minimum buffer requirements

for each session, given by

B∗
j = A j

(
t∗

j

) − W j
(
t∗

j

)
= (

σ j + ρ j · t∗
j

) −
∫ t∗j

0

r j (z) · dz. (28)

This expression can be easily evaluated after knowing the

values of r j and t∗
j .

We describe our CAC algorithm in more detail in the

following section using pseudo-code, where BW stands for

bandwidth.

4.3. Our CAC algorithm

Parameters needed: ρ j , σ j , d j for all sessions j ∈
{1, 2, . . . , N } and C
Variables: i, L(i), tL (i ), rL (i ), raux (j), Crem , set(j), forced

0) If (sum of all ρ j ’s, j ∈ {1,2,. . . ,N}, is greater than C)
{

Display “Impossible to serve all sessions”; Stop algo-

rithm;

}
1) Separate sessions into B1 and B2;

Define N1 and N2 initially as empty sets (sessions for

which decision is postponed for a subsequent step);

Define P initially as an empty set (sessions for which BW

has been assigned but t j has not been computed yet);

Define H initially as an empty set (sessions for which BW

has been assigned and t j has been computed);

Define H0 initially as an empty set (sessions with the

minimum t j,i at the end of step i);

Make i = 1, L(0) = 0, tL (0) = 0, Crem = C, forced =
FALSE;

2) For all sessions in B1:

If (tL (i − 1) < d j )

{
raux (j) = Lemma 3(i, j); // We want to make τ j = d j

If (raux (j) ≤ Crem) Calculate t j,i ;

Else set(j) = N1; // Hoping for other sessions to free

enough BW

}
Else // If (tL (i − 1) ≥ d j )

{
Display “Impossible to serve all sessions”;

Stop algorithm; // Session went into N1 hoping for BW

to be freed by other sessions, but it did not happen

}
3) For all sessions in B2:

If (tL (i − 1) < d j )

{
raux (j) = Lemma3(i, j); // We want to make τ j = d j

If (r i
j ≥ ρ j )

{
If (raux (j) ≤ Crem) Calculate t j,i ;

Else If (! forced) set(j) = N2; // Hoping for other ses-

sions to free enough bandwidth

Else

{
Display “Impossible to serve all sessions”;

Stop algorithm; // No session will free BW after this

point

}
}

}
Else // If (tL (i − 1) ≥ d j )

{
raux (j) = Theorem5(i, j); //We want D j (tL (i − 1)) = d j

If (r i
j ≥ ρ j )

{
If (raux (j) ≤ Crem) set(j) = P; // Found optimum al-

location

Else

{
Display “Impossible to serve all sessions”;

Stop algorithm; // BW freed after this point will not

help

}
}

}
If (r i

j < ρ j )

{
If (! forced) set(j) = N2; //We have to wait to find opti-

mum

Else // If (forced)
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{
raux (j) = Theorem4(i, j); // We want to make r i

j = ρ j

If (raux (j) ≤ Crem) t j,i = INFINITY;

Else

{
Display “Impossible to serve all sessions”;

Stop algorithm; // No session will free BW after

this point

}
}

}
4) For all sessions in P: Calculate t j,i ;

5) If ((B1 ∪ B2 ∪ P) is not empty)

{
Find tmin = min

j∈(B1∪B2∪P)
t j,i ; // It could be INFINITY

Move all sessions with t j,i = tmin into H0;

Move all sessions in (B1 ∪ B2) with d j ≤ tmin into P;

}
Else // If ((B1 ∪ B2 ∪ P) is empty)

{
If (N1 is not empty)

{
Display “Impossible to serve all sessions”;

Stop algorithm;

}
Else // If (N1 is empty)

{
forced = TRUE;

Return sessions in N2 into B2

Repeat from step 3.
}

}
6) For all sessions in H0:

{
Crem = Crem − raux ( j);

If (Crem ≥ 0)

{
L(i) = j; tL (i ) = t j,i ; rL (i ) = raux (j); set(j) = H;

i = i + 1;

}
Else // If (Crem < 0)

{
Display “Impossible to serve all sessions”;

Stop algorithm;

}
}

7) If (i < N)

{
Return sessions in N1 into B1 and sessions in N2 into

B2

forced = FALSE;

Repeat from step 2.

}

Else // If (i = = N)

{
Display “All sessions can be served simultaneously”;

Display all the values r j , j ∈ {1, 2, . . . , N }
Stop algorithm;

}

4.4. Comparison of our algorithm to previously

proposed ones

If we compare our algorithm to those presented in [2], the

main difference is that the previously proposed algorithms

are not based on systematic calculations, but rely instead

either on random search techniques or on successive approx-

imations to find a solution, which can be very inefficient or

even ineffective, as explained in [15].

If, on the other hand, we compare our algorithm to that

presented in [14], we can easily see the following differences.� Our algorithm takes advantage of draws (ties) when it

comes to finding the smallest backlog-clearing time at each

step, in the sense that we can find several optimum alloca-

tion values in a single step. The algorithm in [14], does not

check for draws, which causes the unnecessary repetition

of many calculations;� For sessions in B2, when d j ≤ tL(i−1) the algorithm in [14]

uses a result similar to our Theorem 5 to allocate a rate such

that D j
(
tL(i−1)

) = d j . To ensure that this is the maximum

delay that the session will experience, the algorithm ver-

ifies if that allocation is such that r i−1
j < ρ j ≤ r i

j . If not,

the algorithm proceeds to allocate a rate such that either

r i−1
j = ρ j or r i

j = ρ j , depending on whether it is the first

inequality what is not satisfied or the second. The first op-

tion represents a potential under-provision of bandwidth

because the rate is reduced from the value corresponding

to D j
(
tL(i−1)

) = d j . The second option represents a poten-

tial over-provision of bandwidth because D j
(
tL(i−1)

)
may

have become the maximum delay experienced by session

j with D j
(
tL(i−1)

)
< d j and r i

j = ρ j .� To summarize, the algorithm proposed in [14], can over-

provide bandwidth to some sessions, resulting in ineffi-

cient use of the resources. More importantly, it can also

under-provide bandwidth, leading to QoS violations of the

sessions involved.

Finally, the algorithm presented in [15] is equivalent to the

algorithm presented here. It is important to mention, however,

that our algorithm was developed independently as part of an

M.Sc. thesis project [13]. Even though both algorithms rely

on completely different calculations and comparisons, we

can see their equivalence by noticing that the algorithm in

[15] allocates weights derived from Proposition 5, which in

turn is based on Eqs. (9) and (10) to compute what they call
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φ−
j (t) and φ+

j (t), where t is one of the so-called checkpoints.

Assigning φ j = φ−
j (t) causes that D j (t) = d j (equivalent to

Lemma 3 in this work when t is equal to d j , or to Theorem 5

when t is equal to tL(i−1) > d j
)
. In addition, that algorithm

makes sure that the allocated weights are such that φ j ≥
φ+

j (t), which implies that r j
(
t+) ≥ ρ j (similar to using our

Theorem 4). A detailed look at step B4 of that algorithm and

at steps 2 and 3 of our algorithm reveals that both algorithms

are based on the same principles.

5. Performance evaluation

In this section, we analyze the applicability of the spe-

cific QoS mechanisms that we propose for an IEEE 802.11

WLAN. According to the IEEE 802.11e draft standard, in

order for a session to be established between delay-sensitive

stations, an ADDTS request frame has to be received by the

HC located in the AP. This frame has to include a TSPEC,

which in our case consists of the parameters ρ, σ , and d. If it

is an upstream (only the transmitter is located in the relevant

BSS) or bidirectional communication (both the transmitter

and receiver are located in the same BSS), the ADDTS re-
quest frame has to be sent by the transmitting station. If it is

a downstream communication (only the receiver is located

in the relevant BSS), it has to be the receiving station which

initiates the service request. We assume that there is a higher-

layer mechanism for the receiving station to learn about the

need to establish the session and about the corresponding

TSPEC parameters.

When an upstream or downstream session is requested, the

hybrid coordinator will divide the maximum allowed delay

d by two, assuming that there will be a comparable delay at

the distant side of the network.

When a bidirectional session is to be established, which is

not explicitly included in the draft standard, the transmitter

will make a request as in the case of an upstream session. The

hybrid coordinator will identify bidirectional sessions whose

receivers are located within the same BSS. The parameters

σ and ρ are multiplied by two by the hybrid coordinator to

take into account the fact that the wireless medium will be

used twice by each frame.

The weights produced by the CAC algorithm correspond-

ing to bidirectional sessions are divided by two, to indicate

the packet scheduling mechanism that each frame will use

the channel twice (equivalent to multiplying the length of

each packet by two).

The variability of the channel characteristics, including

the effective transmission rate or channel capacity C, is al-

ways a source of concern in a wireless environment. Any

CAC algorithm needs to know the channel capacity in order

to decide if it is possible to serve a set of clients, and ours

is no exception. We estimated the average channel capac-

Table 1 Traffic characterization

TRAFFIC TYPE σ (bits) ρ (bps) d (sec) r j (bps)

Voice 2,025 27,000 0.2 46,484.82

Video-conference 33,000 165,000 0.4 269,135.14

Video (Jurassic Park) 247,000 960,000 0.4 1,235,000.00

WWW 45,000 64,000 2.0 104,391.81

ity empirically (via simulations) assuming that there are no

transmission errors and that the only factor affecting it is the

overhead introduced by the packet-scheduling portion of the

MAC protocol. We found out that the channel capacity is

reduced by about 12% for WFQ and by about 5% for DM-

SCFQ. To take into account that the channel effective rate

may be varying, it can be monitored in real time using the

method described in [11], and compared each time with the

minimum capacity needed Cmin, which can be estimated us-

ing a repetition of the CAC algorithm, as described at the end

of Section 4.B. If at any time the channel capacity goes below

this threshold, a warning can be issued to all the sessions in

the polling list.

It is also possible that a station already included in the

polling list decides to decrease (or increase) its transmission

rate because of a degradation (or improvement) of the wire-

less medium. The hybrid coordinator has to keep track of

these changes and, when detected, it runs again the CAC al-

gorithm with the TSPEC values modified accordingly for the

stations that intend to change their transmission rates. The

parameters are changed to incorporate that a station with a

reduced transmission rate occupies the channel for a longer

period in order to transmit the same information, and vice

versa. If the outcome of the CAC algorithm indicates that it

Fig. 1 Simulation configuration
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is no longer possible to serve all sessions, a DELTS request
frame will be sent to the stations that intend to change their

transmission rates.

Another important task to be performed by the hybrid

coordinator is to identify long inactivity periods of specific

sessions in order to drop them from the polling list, thus

avoiding the waste of reserved resources. The length of the

maximum inactivity period can be negotiated when the ses-

sion establishment is requested.

5.1. Simulation model

Our simulation scenario is an infrastructure network with a

physical layer compatible with the IEEE 802.11b standard

running at 5.5 Mbps.

Three different types of traffic models are used to simu-

late terminals using video, voice and WWW services. For

video traffic, we use trace-driven traffic generators, one cor-

responding to the movie Jurassic Park encoded in MPEG1,

and the other corresponding to videoconference encoded in

H.263 [19]. For voice traffic, we use a two-state Markov

chain, as described in [7], in which the voice traffic has

been compressed according to the ITU-T G.729 standard.

Finally, for WWW traffic, we use the model described in [1],

in which each terminal generates traffic equivalent to that

produced by 20 users browsing the web. All applications run

on TCP/UDP-IP. Each of these traffic sources is character-

ized with its corresponding token-bucket parameters (ρ, σ ),

as described in [21]. Table 1 gives these parameters, along

with the initial rate obtained from our CAC algorithm, which

is the minimum necessary to satisfy the QoS requirements of

each traffic source.

In all of the simulations, we include 4 voice stations and

2 videoconference stations communicating in pairs. We also

include a video source (Jurassic Park) sending its traffic to a

distant receiver through the AP. The number of WWW traf-

fic sources varies, depending on the target network traffic

load and on the scheduling mechanism (which influences the
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Fig. 3 Maximum delay
comparison when more sessions
are active than those accepted by
the CAC algorithm (saturation)

effective transmission rate). Figure 1 illustrates the simula-

tion configuration.

We use OPNET as our platform to simulate and evaluate

our proposed schemes, as well as to compare it to the widely

known WFQ scheduling mechanism. The simulation time in

all cases is 2 minutes with a warm-up period of 1 minute.

We compare the performance of HCF-CA alone to that

of HCF-CA when it is combined with the QoS mechanisms

proposed in this paper. Our emphasis is on the delay expe-

rienced by packets from the moment they are generated to

the moment they arrive at their final destination after having

used the wireless medium.

5.2. Numerical results

The following three experiments are carried out:� Experiment I – only sessions accepted by the CAC algo-

rithm are allowed to be active;

� Experiment II – one WWW extra station is allowed to

transmit in addition to those accepted by the CAC algo-

rithm. We denote this case with a letter S to indicate that

the system is saturated;� Experiment III – one of the WWW stations that was ac-

cepted by the CAC algorithm in the first setup (station

WWW 10) transmits ten times as much traffic as it spec-

ified in its request. We denote this case with a letter M to

indicate that a misbehaving station is present.

Figure 2 shows a comparison of the maximum and average

delay achieved in Experiment I. With the original MAC pro-

tocol, the maximum delay experienced by the traffic coming

from the different sources is rather random, as no differen-

tiation is exercised. The maximum acceptable delay is ex-

ceeded for several sessions. Contrary to this, the maximum

delay achieved for both WFQ and DM-SCFQ is below the

maximum allowed delay in all cases. It can also be seen that

the maximum delay achieved by the source transmitting the
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Jurassic Park movie (source 7) is smaller for WFQ than it is

for DM-SCFQ, while the maximum delay achieved by all the

other delay-sensitive applications is larger for WFQ than it is

for DM-SCFQ. This is due to the fact that the more opportuni-

ties a session has to transmit the more updated the hybrid co-

ordinator remains regarding the condition of its buffer. Since

source 7 is the one that transmits with the highest data rate, it

has a chance to inform more often the hybrid coordinator of

its newly arrived packets, which means that it does not have

to wait for the cyclic poll as often as the other stations, thus

keeping its delays smaller.

Figure 3 shows a comparison of the maximum delay

achieved in Experiment II, in which there is an extra ac-

tive session in addition to those accepted by the CAC algo-

rithm. It is expected that the maximum allowed delay will be

exceeded because the system is saturated. The goal of these

simulations, however, is to show how sensitive the scheduling

mechanisms are to the extra load. It can be seen that the added

delay for DM-SCFQ is proportional to the maximum delay

that a session can tolerate, while it is quite unpredictable for

WFQ. This again is a consequence of the random delay in-

troduced in WFQ between the generation of a new burst of

packets and the time when the hybrid coordinator is informed

of its existence.

Figure 4 shows the results obtained in Experiment III. It

is clear that WFQ is very sensitive to this type of behavior

due to the fact that not only is the misbehaving source gen-

erating extra traffic, but it is also taking advantage of each

transmission to inform the hybrid coordinator more often of

its new packets. DM-SCFQ, on the other hand, is very ro-

bust against this type of behavior and only the misbehaving

station (WWW 10) gets an excessive delay.

6. Conclusions

This work proposes and analyzes specific admission con-

trol and service differentiation mechanisms that can be used

to enhance the IEEE 802.11 MAC protocol in order to ef-

fectively provide QoS guarantees. Our proposal includes a
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novel traffic scheduling mechanism that takes into account

the limitations typical of a wireless environment, as well as

a CAC algorithm based on recent results related to tight de-

lay bounds for systems with leaky-bucket constrained input

traffic serviced using a fair scheduling policy.

The simulation study indicates that our proposed mecha-

nisms have acceptable performance. In comparison, our pro-

posed schemes have much better performance in terms of

fairness and robustness than the well-known WFQ schedul-

ing algorithm.
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