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Abstract—Supporting the diverse QoS requirements of multimedia applications is an essential requirement for broadband
wireless access (BWA) networks. Due to the projected dynamics
in traffic patterns, more capable resource management functionalities are needed. We propose a game-theoretic, congestionbased pricing scheduler that incorporates two sub-schemes: a
bandwidth provisioning sub-scheme to address the bandwidth
scarcity to provision in fourth generation (4G) BWA technologies
and an efficient packet scheduler sub-scheme. To the best of
our knowledge, the proposed scheduler is the first one to
simultaneously control congestion and fairness while providing
differentiated QoS guarantees in BWA networks. Simulation
results show that the proposed scheme realizes our objectives
of controlling congestion, providing differentiated QoS guarantees, and catering to proportional fairness among the different
network classes and among connections within the same class.
Index Terms—Congestion control; scheduling; QoS; game
theory; radio resource management (RRM).

I. I NTRODUCTION

F

OURTH Generation (4G) Wireless Networks are developed to further improve the user’s experience of access
services through higher data access rates and improved quality
of service (QoS) provisions. Emerging Broadband Wireless
Access (BWA) such as IEEE 802.16m and 3GPP’s Long
Term Evolution-Advanced (LTE-Advanced) are the leading
candidate technologies to be utilized for Fourth Generation
(4G) BWA. These technologies are expected to serve a wide
range of applications including data, voice, gaming, and
multimedia. 4G BWA networks are challenged by the need to
guarantee the diverse QoS requirements of such applications
over a limited radio spectrum. Such a challenge dictates a need
for capable network planning and resource management and
requires sound novel approaches to ensure QoS. To address
this need, the IEEE 802.16 standard [1] defines a service flow
framework that supports multiple classes: Unsolicited Grant
Service (UGS), real time Polling Service (rtPS), non-realtime Polling Service (nrtPS), Best Effort (BE) and Extended
real time Polling Service (ErtPS). Likewise, LTE [2] defines
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two main QoS classes: the guaranteed rate class and the nonguaranteed rate class. Each traffic flow in LTE belongs to one
of these two classes, and is associated with QoS parameters
that precisely specify the values of packet delay and loss that
can be tolerated by the flow application.
Packet scheduling is the function that enforces the QoS
parameters in WiMAX and LTE. WiMAX and LTE standards
do not define a specific packet scheduler. Several WiMAX [3],
[4], [5] and LTE [6], [7], [8] scheduling schemes have been
recently proposed in the literature. However, these schemes
are mainly designed to maximize network throughput or
operator revenue, in addition to enforcing users’ flows QoS
requirements. Congestion control in WiMAX and LTE has
received little attention in literature. Few proposals address
the issue of designing QoS schedulers at the MAC layer
with explicit congestion control mechanisms. Song and Li
[9] propose a scheduler for an OFDM wireless network for a
mixture of delay sensitive and best–effort traffic. The proposed
scheme utilizes two utility functions for each traffic type. The
delay sensitive traffic utility function is employed to meet the
delay requirements of the traffic, while the best–effort utility
function is used to control the traffic greediness. Hence, the
scheduling scheme is effectively a congestion management
tool, as opposed to a congestion prevention tool. In addition,
the scheduler is only triggered by the greediness of best–
effort traffic. The work presented in reference [10] establishes
a QoS-driven adaptive congestion control framework that
provides QoS guarantees for a single service flow, namely
VoIP. The framework is composed of three radio resource
management algorithms: admission control, packet scheduling
and load control. The guarantees for VoIP QoS requirements
are realized by the adaptive load control algorithm, which
monitors the VoIP quality and dynamically adapts the parameters of the admission control and the packet scheduler
algorithms when congestion is projected. The adaptation is
based on a trade-off between VoIP QoS guarantees and efficient network resource usage in the mixed services scenario.
Other proposals address the congestion control problem
following one of two approaches: either designing a call
admission control (CAC) scheme [11] or enhancing (or redesigning) the congestion control mechanism at the transport layer [12]. The main goal of designing CAC schemes
is to avoid congestion and maintain the delivered QoS to
different connections at a target level by means of blocking
new connections. CAC schemes can avoid long–term network
congestion but cannot adapt to short–term congestion. On
the other hand, addressing congestion control at the transport
layer is more involved, especially in wireless networks. This
is because packets may be lost due to bad channel quality
rather than congestion, and the transport layer mistakenly
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reacts to this type of packet loss as if it is due to congestion.
The Base Station (BS) is the main entity that is capable of
detecting the network status in wireless networks and not the
end nodes. Effective MAC layer scheduling scheme at the BS
in congestion with an end-to-end scheme can better control
congestion. Additionally, most congestion control mechanisms
at the transport layer require changes in the operating systems
of users’ devices, which is not practically a favorable solution.
While dynamic pricing is a powerful tool for controlling
congestion in BWA networks, it has received little attention
and is still an open research issue. As well, and to the best
of our knowledge, there is no study that addresses dynamic
pricing as a tool for controlling congestion and differentiating services. The current proposals utilize pricing models
to address other problems in BWA networks. For example,
the authors of [13] proposed a pricing model for bandwidth
sharing in heterogeneous networks of WiMAX and WiFi
technologies. Likewise, in reference [14] a pricing model for
using WiMAX as a network failure backup for a WiFi network
is proposed. The proposal in [15] presented a market-based
cognitive radio network pricing model to admit new users to an
access network by service providers that minimizes the effect
on QoS of existing users and increases the service provider
revenue. The closest work to our proposal is presented in [16].
The author proposes a pricing model for WiMAX UGS, rtPS
and BE classes. The proposed model statically differentiates
pricing based on the class type, and is hence not dynamic.
The model is threshold based, and may not be an efficient tool
for reactive short–term congestion control. Also, the proposed
model supports only a single QoS metric and left other metrics
such as the delay for future work.
In this paper, we address the void for a congestion control
scheme in BWA networks to better utilize the limited radio
spectrum. The main contribution of this paper is designing
a congestion-based pricing scheme that consists of two noncooperative game-theoretic pricing algorithms at two levels:
class level and connection level. The scheme is designed
to cater to fairness and congestion control while efficiently
differentiating services in BWA networks. Using game theory
as a robust tool is motivated by the success of its application
in many fields where it has been shown to provide capable
solutions [17], [18], especially in situations where rational
agents share a common resource while exercising potentially
conflicting objectives.
Designing a fair scheduling scheme is achieved through
exercising proportional fairness among the different classes
at one level and connections within same class at other level.
Effective congestion control is achieved through introducing a
pricing parameter in a market-based scheme. The BS varies a
pricing factor based on the traffic load in the network at both
the class level and the connection level. Simulation results
show that varying the pricing factor results in controlling
congestion by reducing the average throughput of the served
connections. This reduction is achieved without compromising
the fairness among the classes or the QoS guarantees of the
connections, since the average throughput achieved is larger
than or equal to the minimum data rate requested by this
connections.
We proceed by providing an overview of the proposed
scheme in Section II. The system model is presented in
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Section III. The problem is formulated and solved at two
levels: the class level and the connection level, which are
respectively presented in Section IV and Section V. In Section
VI, we evaluate the performance of our proposed approach
and discuss the results. Finally, in Section VII we conclude
the paper.
II. S CHEME OVERVIEW
The scheme consists of two congestion-based pricing subschemes, one for bandwidth provisioning at the class level and
the other for scheduling at the connection level. The two–
level design efficiently guarantees the QoS requirements of
connections within each class. The class-level scheme isolates
the classes with diverse QoS requirements. For example, for
real-time traffic, isolating VoIP traffic from video streaming
is required since VoIP traffic has a stricter delay requirements
than video streaming. Hence, if a VoIP packet and a video
streaming packet both have the same waiting time in a queue,
the VoIP packet is given higher priority. On the other hand,
differentiating connections within the same class enhances the
QoS guarantees, especially for the traffic flows that have more
than one QoS metric. For example, within the same class (e.g
VoIP class), packets approaching their delay bounds are given
higher priority than others. QoS guarantees is hence achieved
by overseeing the guarantees at the two levels.
Designing an efficient and robust bandwidth provisioning
algorithm requires taking different issues into account. The
objectives of our bandwidth provisioning algorithm are as
follows.
1) Enforcing the requirements of various QoS classes;
2) Capturing and making use of the technology’s physical
and functional specifications;
3) Efficiently providing for a wide range of QoS requirements;
4) Satisfying fairness among classes; and
5) Adapting to network status, especially in congestion
instances.
These objectives form the basis of our design and mathematical modeling. For our purposes, we identify game theory
as a powerful tool to design efficient resource management
schemes with the above characteristics in a congested network
environment. Game–theoretic approaches explore how strategic interactions between rational players (or agents) generate
outcomes according to the players’ conflicting preferences
[19], [20]. For bandwidth provisioning, we consider the players to be the different classes supported by the BWA network,
the players’ conflicting preferences as the classes’ QoS requirements, and the outcomes as the resources allocated within
a predefined epoch. An increased demand of a specific class
for bandwidth results in decreasing the available bandwidth
resources of the other classes in the network. Game theory
can hence establish a suitable framework to capture the interactions of self-interested players with potentially conflicting
interests.
At the class level, we adopt a one stage non-cooperative
congestion-based pricing game at the BS to calculate allocation of time slots of a given time frame for the different
classes’ services in a BWA network. We call the decision
epoch within which this calculation is performed the interclass
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resource allocation phase. We define four players corresponding to four service flow classes. Each player is associated
with a utility function to address fairness among the different
service classes. A pricing factor is introduced to penalize
greedy service classes and control network congestion.
At the connection level, we design a single stage, noncooperative congestion-based game to be executed at the BS
for Down-Link (DL) scheduling and at the Subscriber Station
(SS) for UP-Link (UL) scheduling. Players correspond to
connections within a same class. Similar to the interclass
resource allocation phase, each player is associated with a
utility function to address fairness among connections of the
same class. This phase is called the intra–class resource
allocation phase.
We remark that our scheme is generic and can be applied
in any class-based wireless network such as WiFi, HSDPA
or LTE. In this work, and partially for illustration purposes,
the performance of our algorithm is investigated in a WiMAX
setting.
III. S YSTEM M ODEL
We propose a scheme to be implemented at the BS in a
single cell consisting of one BS with several SSs. This is
applicable in a Point to Multi-Point (PMP) mode or a multihop relay network with a tree-based infrastructure. Specifically
it can be implemented in the relay non-transparent mode,
where the non-transparent node plays the role of the base
station for the mobile station. It is assumed that the BS (or
the non-transparent relay node) has complete channel state
information of all connections through a robust feedback
channel. An SS conveys its received signal to noise power
ratio (SNR) from itself to the BS. This information does not
vary within a single frame as the wireless channel between
each SS and BS on each subcarrier is assumed to undergo
flat fading that is fixed over a single frame period. The
Adaptive Modulation Coding (AMC) technique described in
IEEE 802.16 standard [1] divides the range of the received
SNR into seven non-overlapping regions as shown in Table I.
According to the received SNR at a specific SS, the BS decides
the suitable transmission mode and consequently the data rate
for each SS. We consider a real-time environment with four
classes, rtPS, ertPS, nrtPS and BE. We do not consider the
UGS class in our design, since the UGS class is designed to
serve periodic constant bit rate traffic. Hence, it requires fixed
number of time slots during the UGS connection life, which
can be easily scheduled by allocating these slots once the UGS
connection is admitted. The scheme is designed to guarantee
a minimum transmission rate for each connection belonging
to each class. The transmission rate can be increased up to a
maximum value based on the network load.
IV. BANDWIDTH P ROVISIONING : C LASS L EVEL
The bandwidth provisioning algorithm is designed to calculate the number of time slots per class. The scheduling
algorithm proposed in Section V allocates time slots amongst
connections within the same class. We remark here that the
bandwidth provisioning algorithm can be used as a stand alone
algorithm that need not be associated with the scheduling
algorithm proposed in Section V.

TABLE I
M ODULATION AND C ODING S CHEMES FOR IEEE 802.16.

Modulation (coding)

Info bits/symbol

Required SNR

BPSK(1/2)

0.5

6.4

QPSK(1/2)

1

9.4

QPSK(3/4)

1.5

11.2

16QAM(1/2)

2

16.4

16QAM(3/4)

3

18.2

64QAM(2/3)

4

22.7

64QAM(3/4)

4.5

24.4

The bandwidth provisioning algorithm isolates the service
classes by allocating 𝐾𝑖 time-slots for each class 𝑖 out of
𝐾 total time-slots in a given time frame. In IEEE 802.16,
time frames are divided into constant number of time slots
with fixed time-slot duration measured in microseconds. The
slot duration measured by number of bits transferred within
the fixed time-slot duration may change on per-frame bases
depending on the channel conditions and consequently the
modulation and coding mode adapted at the current timeframe.
The total 𝐾 time-slots are completely partitioned among
the classes such that the difference between a utility function
and a pricing function is maximized. The utility function is
defined as a logarithmic normalized function of the ratio of
each class’s allocated slots to the total number of allocated
slots for other classes. The utility function facilitates optimally
allocating the frame time-slots to the different service classes
in order to guarantee proportional fairness among the service
classes. The pricing function is defined as a weighted function
of class 𝑖 allocated slots. In addition to controlling congestion,
the role of the pricing function is to counter greedy demand for
time slots. We define P1 as our first optimization problem with
the objective function 𝐿(𝐾𝑖 , K−𝑖 ), where K−𝑖 is an array of
the allocated time-slots of all classes except the 𝑖𝑡ℎ class:
(
{
)
𝐾𝑖
max
−𝑖
P1:
,
K
)
=
𝑈
log
1
+
𝐿(𝐾
(1)
𝑖
𝑖
𝐾𝑖 ∈𝒦𝑖
Υ𝑖
(2)
+ 𝜓𝑖 log(𝐾𝑖 − 𝜌𝑖 𝐾𝑖,𝑚𝑖𝑛 )
(3)
− 𝜆 𝐾𝑖 } ,
𝑖
The utility function is defined as 𝑈𝑖 log(1+ 𝐾
Υ𝑖 ) over the set
𝑚𝑖𝑛
of class 𝑖’s time slots denoted by 𝒦𝑖 ∈ [𝐾𝑖
𝐾𝑖𝑚𝑎𝑥 ]. 𝑈𝑖 is
introduced as a utility factor to measure how much bandwidth
service
class 𝑖 is requesting. Υ𝑖 , defined as Υ𝑖 ≜ 𝑣𝑖 +
∑4
𝐾
𝑚 , is a normalizing factor of the fairness measure.
𝑚∕=𝑖
The parameter 𝑣𝑖 is used as a tuning factor.
The utility function in (1) ensures proportional fairness
among the different service classes. The barrier function in
(2) guarantees that the new allocated time slots are enough
to support the payload of all active connections of class 𝑖.
𝜓𝑖 is a prioritizing parameter with 𝑈𝑖 ≫ 𝜓𝑖 . The parameter
𝜌𝑖 is a tuning factor introduced to give the network operator
flexibility in deciding how much resources to allocate for
classes above their minimum requested time-slots, 𝐾𝑖,𝑚𝑖𝑛 . If
desired, the effect of 𝜌𝑖 can be disabled by choosing 𝜌𝑖 = 1.
A linear pricing function in (3) with pricing factor 𝜆 is
introduced to prevent greedy use of network resources and
to control congestion.
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TABLE II
OFDM FRAME DURATION AND NUMBER OF FRAMES PER SECOND .

Code

Frame Duration (ms)

Frames per second

0

2.5

400

1

4

250

2

5

200

3

8

125

4

10

100

5

12.5

80

6

20

50
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𝐿𝑖 in (6) is the feasible solution of the following equation

or

∂𝐿𝑖
𝑈𝑖
𝜓𝑖
=
+
− 𝜆𝑖 = 0, ∀ 𝑖 ∈ ℐ
∂𝑥𝑖
1 + 𝑥𝑖
𝑥𝑖 − 𝜌𝑖 𝑥𝑚𝑖𝑛
𝑖

(8)

𝑥2𝑖 − Ξ𝑖 𝑥𝑖 + 𝜙𝑖 = 0

(9)

Thus,
Ξ𝑖
𝑥∗𝑖 =
2

√

(
1+

4 𝜙𝑖
1− 2
Ξ𝑖

+
where Ξ𝑖 ≜ −1 + 𝜌𝑖 𝑥𝑚𝑖𝑛
𝑖
𝜓𝑖 −𝑈𝑖 𝜌𝑖 𝑥𝑚𝑖𝑛
𝑖
.
𝜆𝑖

Mapping the requested bandwidth to a maximum and a
minimum number of time-slots is based on the fact that
IEEE 802.16 standard defines a fixed size of time frames
and their corresponding number of frames sent per second as
shown in Table II. Given a requested bandwidth requirement
per second for each connection 𝑛, the requested bandwidth
requirement per frame is equal to the requested bandwidth
per second divided by the number of frames per second.
˜ 𝑚𝑖𝑛 ),
Thus, given minimum reserved bandwidth per frame, (𝐵
𝑛
𝑚𝑎𝑥
˜
and maximum sustainable bandwidth per frame (𝐵𝑛 ), the
number of time-slots for each connection 𝑛 can be represented
as
˜ 𝑚𝑖𝑛
ˆ 𝑚𝑖𝑛 = 𝐵𝑛
(4)
𝐾
𝑛
𝑟𝑛
˜ 𝑚𝑎𝑥
ˆ 𝑚𝑎𝑥 = 𝐵𝑛
𝐾
(5)
𝑛
𝑟𝑛
where 𝑟𝑛 is an average value that reflects the channel quality
over a predefined window size using a proper prediction
algorithm. The minimum and maximum number of time
∑∣𝒞𝑖 (𝑡)∣ 𝑚𝑖𝑛
ˆ
slots of service class 𝑖 are: 𝐾𝑖𝑚𝑖𝑛 =
and
𝑘=1 𝐾𝑘
∑
∣𝒞𝑖 (𝑡)∣ ˆ 𝑚𝑎𝑥
𝑚𝑎𝑥
𝐾𝑖
= 𝑘=1 𝐾𝑘 , respectively. ∣ 𝒞𝑖 (𝑡) ∣ is the number
of connections of class 𝑖.
To represent problem P1 as a formal game theoretic
𝑖
problem, G1, we define 𝑥𝑖 ≜ 𝐾
Υ𝑖 , 𝑥𝑖 ∈ 𝒳𝑖 , with 𝒳𝑖 ∈
𝑚𝑖𝑛
𝑚𝑎𝑥
[𝑥𝑖
𝑥𝑖 ] being the action profile or the strategy space
of the 𝑖𝑡ℎ player (the 𝑖𝑡ℎ service class). Consequently, the
objective function in problem P1 is modified as follows
max {𝐿 (𝑥 , X−𝑖 , 𝜆 )} , ∀ 𝑖 ∈ ℐ, (6)
G1(𝑥 , X−𝑖 , 𝜆 ):
𝑖

𝑖

𝑥𝑖 ∈𝒳𝑖

𝑖

𝑖

𝑖

with 𝐿𝑖 (𝑥𝑖 , X−𝑖 , 𝜆𝑖 ) given by
𝐿𝑖 (𝑥𝑖 , X−𝑖 , 𝜆𝑖 ) =
+

𝑈𝑖 log (1 + 𝑥𝑖 )
𝜓𝑖 log(𝑥𝑖 − 𝜌𝑖 𝑥𝑚𝑖𝑛
) − 𝜆𝑖 𝑥𝑖
𝑖

(7)

G1(𝑥𝑖 , X−𝑖 , 𝜆𝑖 ) is a Noncooperative Game with Pricing
(NGP) in which player 𝑖 decides its next decision 𝑥𝑖 based on
local information (X−𝑖 , 𝜆𝑖 ) that maximizes its objective function 𝐿𝑖 (𝑥𝑖 , X−𝑖 , 𝜆𝑖 ). The vector of players’ actions (decisions)
is denoted by X = (𝑥1 , 𝑥2 , 𝑥3 , 𝑥4 ), while X−𝑖 is the vector X
without the 𝑖th element. The pricing factor, to prevent greedy
usage of the time slots resource, 𝜆𝑖 is equal to 𝜆 Υ𝑖 . Finally,
ℐ = {1, 2, 3, 4} is the indexing set of the players. The limits
and 𝑥𝑚𝑎𝑥
are set such
of the action profile 𝒳𝑖 , namely 𝑥𝑚𝑖𝑛
𝑖
𝑖
𝑚𝑖𝑛
𝑚𝑖𝑛
𝑚𝑎𝑥
= 𝐾𝑖
and 𝑥𝑖
Υ𝑖 = 𝐾𝑖𝑚𝑎𝑥 , respectively.
that Υ𝑖 𝑥𝑖
To simplify representation, 𝐿𝑖 will be used as a simplified
form of 𝐿𝑖 (𝑥𝑖 , X−𝑖 , 𝜆𝑖 ). The optimal value 𝑥∗𝑖 that maximizes

𝑈𝑖 +𝜓𝑖
𝜆𝑖

)
,∀𝑖 ∈ ℐ

(10)

and 𝜙𝑖 ≜ −𝜌𝑖 𝑥𝑚𝑖𝑛
−
𝑖

Then the optimal number of time slots of
service class 𝑖, 𝐾𝑖∗ can be expressed in terms of 𝑥∗𝑖 as follows
𝐾𝑖∗ = 𝑥∗𝑖 Υ𝑖 , ∀𝑖 ∈ ℐ

(11)

In order to guarantee that 𝑥∗𝑖 > 0, the utility factor 𝑈𝑖 should
be lower bounded by
𝑈𝑖 > 𝜆𝑖 (1 − 𝜌𝑖 𝑥𝑚𝑖𝑛
) − 𝜓𝑖
𝑖

(12)

A. Existence of a Nash equilibrium operating point
In this subsection we demonstrate the existence of Nash
Equilibrium (NE) operating point in the game G1. The existence of a NE point is guaranteed if the objective function is
quasiconcave and optimized on a convex strategy space [20].
We denote the NE operating point by K∗ (allocated time-slots
vector of the four different service classes) where K∗ = (𝐾1∗ ,
𝐾2∗ , 𝐾3∗ , 𝐾4∗ ), and at equilibrium 𝐾𝑖∗ is given by
⎛
⎞
4
∑
∗
(13)
𝐾𝑚
+ 𝑣𝑖 ⎠ , ∀𝑖 ∈ ℐ
𝐾𝑖∗ = 𝑥∗𝑖 Υ∗𝑖 = 𝑥∗𝑖 ⎝
𝑚∕=𝑖

To prove the existence of NE operating point 𝐾𝑖∗ of G1, it
is enough to prove that 𝐿𝑖 in (6) is quasiconcave function in
𝑥𝑚𝑎𝑥
]. Hence,
𝑥𝑖 given X−𝑖 on the convex set 𝒳𝑖 = [𝑥𝑚𝑖𝑛
𝑖
𝑖
we calculate the second derivative of G1 and proof that it is
always negative on the compact convex set 𝒳𝑖 . The second
order derivatives of 𝐿𝑖 in (6) with respect to 𝑥𝑖 is
∂ 2 𝐿𝑖
∂𝑥2𝑖

=
<

𝑈𝑖
𝜓𝑖
−
(1 + 𝑥𝑖 )2
(𝑥𝑖 − 𝜌𝑖 𝑥𝑚𝑖𝑛
)2
𝑖
0, ∀𝑥𝑖 ∈ 𝒳𝑖 , ∀ 𝑖 ∈ ℐ

−

(14)

Therefore, 𝐿𝑖 is a strictly concave function on the compact
convex set 𝒳𝑖 , which implies that 𝐿𝑖 is a quasiconcave
function on 𝒳𝑖 . Therefore, an NE point K∗ exists. Also, as a
result of strict concaveness, the unconstrained maximizer 𝑥∗𝑖
is unique.
B. Uniqueness of the NE operating point of G1
Before proving the uniqueness of the NE point K∗ of the
game G1, we present the following proposition:
Proposition 1: Given the actions of the other players (QoS
classes) X−𝑖 , the best response that the player 𝑖 can decide is
𝑏𝑖 (X−𝑖 ) = min {𝑥∗𝑖 , 𝑥𝑚𝑎𝑥
}.
𝑖
𝑥∗𝑖

(15)

Proof: It is obvious that
is the unconstrained maximizer of the objective function 𝐿𝑖 given the other players
decisions X−𝑖 . However, if this maximizer is not feasible, i.e.
, then the best decision that maximizes 𝐿𝑖 is 𝑥𝑚𝑎𝑥
𝑥∗𝑖 > 𝑥𝑚𝑎𝑥
𝑖
𝑖
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as ∂𝐿𝑖 /∂𝑥𝑖 > 0 in the interval {𝑥𝑖 : 𝑥𝑚𝑖𝑛
< 𝑥𝑖 ≤ 𝑥∗𝑖 }, which
𝑖
means that the objective function is increasing in this interval.
maximizes 𝐿𝑖 if 𝑥∗𝑖 is not
Thus, given X−𝑖 , 𝑏𝑖 (X−𝑖 ) = 𝑥𝑚𝑎𝑥
𝑖
feasible and this concludes the proof.
Recall that 𝐾𝑖 = 𝑥𝑖 Υ𝑖 which is a one-to-one mapping
relationship, consequently the best response function in (15)
can be written in terms of the number of time slots 𝐾𝑖 as
follows
(16)
𝑏𝑖 (K−𝑖 ) = min{𝐾𝑖∗ , 𝐾𝑖𝑚𝑎𝑥 },
where K = (𝐾1 , 𝐾2 , 𝐾3 , 𝐾4 ) and K−𝑖 is the vector K
without the 𝑖𝑡ℎ element.
Define the best response vector function 𝑏(K) as follows:
𝑏(K) ≜ (𝑏1 (K−1 ), 𝑏2 (K−2 ), 𝑏3 (K−3 ), 𝑏4 (K−4 ))

(17)

In light of the following theorem based on the observations in
[21], we can prove the uniqueness of the NE operating point
K∗ of game G1.
Theorem 1: A non-cooperative game with a standard best
response function adopts a unique equilibrium point if it exists.
At this stage and for completeness, we provide the definition
of a generic standard function Θ(K) as follows [21]:
Definition 1: A vector function Θ(K) is called a standard
vector function if it satisfies the following: 1) Positivity:
Θ(K) > 0, i.e. each element is positive, 2) Monotonicity: if
K > K̂ then Θ(K) ≥ Θ(K̂) (entry wise), and 3) Scalability:
∀𝛿 > 1, 𝛿Θ(K) > Θ(𝛿 K) (entry wise).
Thus, to prove the uniqueness of K∗ we only need to prove
that 𝑏(K) is a standard function.
Positivity of the best response 𝑏(K) is clear from the fact
that the strategy space of each player 𝒳𝑖 is a convex and
compact subset of the positive real numbers ℝ+ . To prove
that 𝑏(K) is a monotone function in K it is enough to prove
that each of its components is a monotone function in K. To
do so, let K > K̂. Then
𝑏𝑖 (K) = 𝑏𝑖 (K−𝑖 ) = 𝑥∗𝑖 Υ𝑖 = 𝑥∗𝑖 (𝑣𝑖 +

4
∑

𝐾𝑚 ), ∀ 𝑖 ∈ ℐ

𝑚∕=𝑖

(18)

while
𝑏𝑖 (K̂) = 𝑏𝑖 (K̂−𝑖 ) = 𝑥∗𝑖 Υ̂𝑖 = 𝑥∗𝑖 (𝑣𝑖 +

4
∑

ˆ 𝑚 ), ∀ 𝑖 ∈ ℐ
𝐾

𝑚∕=𝑖

(19)
By examining the equations (18) and (19), one can see that
𝑏𝑖 (K) > 𝑏𝑖 (K̂) , i.e. it is a monotone function in K, then the
monotonicity of the best response function 𝑏(K) is implied.
Consider 𝛿 > 1. Then
𝛿 𝑏𝑖 (K) = 𝛿 𝑥∗𝑖 (𝑣𝑖 +

4
∑

𝐾𝑚 ), ∀ 𝑖 ∈ ℐ.

(20)

𝑚∕=𝑖

4
∑

In this Subsection, we investigate the efficiency of the NE
operating point K∗ . We prove that it is a Pareto optimal operating point, i.e. it is the best operating point that the players
(service classes) can reach in a non-cooperative manner at
equilibrium. Similar to [19], a Pareto optimal operating point
is defined as follows.
Definition 2: The vector K∗ is Pareto optimal if there
exists no other vector K̃ > K∗ such that 𝐿𝑖 (K̃) ≥ 𝐿𝑖 (K∗ )
for all 𝑖 ∈ ℐ and 𝐿𝑖 (K̃) > 𝐿𝑖 (K∗ ) for some 𝑖 ∈ ℐ.
The following Lemma demonstrate the Pareto optimality of
K∗ .
Lemma 1: The NE operating point K∗ of the game G1 is
a Pareto optimal operating point.
˜ 𝑖 = 𝜋𝑖 𝐾 ∗ , ∀ 𝑖 ∈
Proof: Without loss of generality, let 𝐾
𝑖
ℐ, where 𝜋𝑖 > 1, then
(
)
𝜋𝑖 𝐾𝑖∗
−𝑖
˜
∑
𝐿𝑖 (𝐾𝑖 , K̃ ) = 𝑈𝑖 log 1 +
(22)
∗
𝑣𝑖 + 𝑚∕=𝑖 𝜋𝑚 𝐾𝑚
+
−

𝜓𝑖 log(𝜋𝑖 𝐾𝑖∗ − 𝜌𝑖 𝐾𝑖,𝑚𝑖𝑛 )
𝜆 𝜋𝑖 𝐾𝑖∗

The behavior of 𝐿𝑖 in (22) with respect to 𝜋𝑖 can be found
by differentiating 𝐿𝑖 with respect to 𝜋𝑖 as follows
(
˜ 𝑖 , K̃−𝑖 )
∂ 𝐿𝑖 (𝐾
𝑈𝑖
=
∑4
∗ + 𝜋 𝐾∗
∂ 𝜋𝑖
𝑣𝑖 + 𝑚∕=𝑖 𝜋𝑚 𝐾𝑚
𝑖
𝑖
)
𝜓𝑖
+
− 𝜆 𝐾𝑖∗
𝜋𝑖 𝐾𝑖∗ − 𝜌𝑖 𝐾𝑖𝑚𝑖𝑛
≜
where

⎛

𝐾𝑖∗ 𝑓 (𝐷𝜋 K∗ ), ∀𝑖 ∈ ℐ,

𝜋1
⎜ 0
𝐷𝜋 ≜ ⎝
0
0

0
𝜋2
0
0

0
0
𝜋3
0

(23)

⎞
0
0 ⎟
0 ⎠
𝜋4

Recall that 𝐾𝑖∗ is the unconstrained maximizer of 𝐿𝑖 in (1),
therefore at equilibrium
(

∂ 𝐿𝑖 (𝐾𝑖 , K−𝑖 ) 
𝑈𝑖
=
∑4

∗ + 𝐾∗
∂ 𝐾𝑖
𝑣𝑖 + 𝑚∕=𝑖 𝐾𝑚
K=K∗
)𝑖
𝜓𝑖
+
−𝜆 =0
𝐾𝑖∗ − 𝜌𝑖 𝐾𝑖,𝑚𝑖𝑛
≜ 𝑓 (K∗ ), ∀𝑖 ∈ ℐ.
(24)
Since 𝐾𝑖∗ > 0 and by observing the two equations (23) and
(24), one can conclude that
𝑓 (𝐷𝜋 K∗ ) < 𝑓 (K∗ ) = 0, ∀𝜋𝑖 > 1,

On the other hand,
𝑏𝑖 (𝛿 K) = 𝑥∗𝑖 (𝑣𝑖 + 𝛿

C. Pareto optimality of the NE point for G1

which implies that
𝐾𝑚 ), ∀ 𝑖 ∈ ℐ.

(21)

𝑚∕=𝑖

Equations (20) and (21) show that 𝛿 𝑏(K) > 𝑏(𝛿 K), i.e.
𝑏(K) is a scalable standard function. Then the uniqueness of
the NE point is guaranteed based on Theorem 1.

˜ 𝑖 , K̃−𝑖 )
∂ 𝐿𝑖 (𝐾
< 0.
∂ 𝜋𝑖
That is, when 𝐿𝑖 in (22) decreases, 𝜋𝑖 increases. Thus,
according to Definition 2, K∗ is a Pareto optimal operating
point.
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D. Class time-slots allocation algorithm
In reference [21], it was proven that both synchronous
and asynchronous algorithms with standard best response
functions converge to the same point. Therefore, we consider
asynchronous time slots allocation control algorithms that
converge to the unique Nash equilibrium point K∗ of game
G1. In this algorithm, the players (service classes) update their
numbers of time slots as follows
Assume class 𝑚 updates its required number of time slots at
time tics 1 , where these time tics refer to the iteration indices in
the set 𝑇𝑚 = {𝑡𝑚1 , 𝑡𝑚2 , ...}, with 𝑡𝑚𝑛 < 𝑡𝑚𝑛+1 and
∪ 𝑡𝑚0∪= 0
for all 𝑚 ∈ ℐ. Let 𝑇 = {𝑡1 , 𝑡2 , ⋅ ⋅ ⋅ } where 𝑇 = 𝑇1 ⋅ ⋅ ⋅ 𝑇4
with 𝑡𝑛 < 𝑡𝑛+1 .
Define K to be the vector of numbers of time∪slots∪picked
randomly from the total strategy space 𝒦 = 𝒦1 ⋅ ⋅ ⋅ 𝒦4 .
Algorithm 1: Consider the game G1 given in (6) and
generate a sequence of time slots vectors as follows:
(a) Set the time slots vector at time 𝑡0 = 0: K(0) = K, let
𝑘=1
(b) For all 𝑚 ∈ ℐ, such that 𝑡𝑘 ∈ 𝑇𝑚 : Given
K(𝑡𝑘−1 ), calculate 𝑈𝑚 (𝑡𝑘 ) > 𝜆𝑚 (𝑡𝑘−1 ) (1 − 𝜌𝑖 𝑥𝑚𝑖𝑛
𝑚 )−
𝜓𝑚 (𝑡𝑘−1 ), and 𝜓𝑚 (𝑡𝑘 ) = 0.01𝑈𝑚(𝑡𝑘 ), then 𝑥∗𝑚 (𝑡𝑘 )
argmax
= 𝑥𝑚 ∈ 𝒳𝑚 𝐿𝑚 (𝑥𝑚 , X−𝑚 (𝑡𝑘−1 ), 𝜆𝑚 (K(𝑡𝑘−1 ))), then set
∑4
∗
𝐾𝑚 (𝑡𝑘 ) = 𝑥∗𝑚 (𝑡𝑘 ) (𝑣𝑚 + 𝑗∕=𝑚 𝐾𝑗 (𝑡𝑘−1 )) and let
the number of time slots 𝐾𝑚 (𝑡𝑘 ) = 𝑏𝑚 (𝑡𝑘 ) =
∗
𝑚𝑎𝑥
(𝑡𝑘 ), 𝐾𝑚
)
min(𝐾𝑚
(c) If K(𝑡𝑘 ) = K(𝑡𝑘−1 ) stop and declare the Nash equilibrium number of time slots vector as K(𝑡𝑘 ), else let
𝑘 := 𝑘 + 1 and go to (b).
The output of Algorithm 1 is the optimal allocated time slots
for the different service classes, which can be computed in
polynomial time [22]. The work presented in [22] proved that a
multi-player game can be computed in polynomial time if it is
guaranteed that the game is a pure Nash equilibrium problem.
Our proposed algorithm is mathematically formulated as a
pure Nash equilibrium problem (as opposed to a randomized
Nash equilibrium), hence based on the study conducted in
[22], the algorithm computation can run in a polynomial time.
In the following section, we calculate the optimal allocated
time slots per connection within the same class.
V. D OWNLINK /U PLINK G AME -T HEORETIC S CHEDULING
A LGORITHMS : C ONNECTION L EVEL
After calculating the optimal number of time-slots for each
QoS service class (interclass bandwidth allocation phase),
we introduce our game theoretic scheduling algorithm based
on a formulation for the optimization problem P2 below.
The objective function of P2 is to optimally allocate time
slots among connections of same class (intraclass bandwidth
allocation phase) using the results of the interclass phase.
(
{
)
𝐵𝑖
−𝑖
max
ˆ
P2:
(25)
𝐵𝑖 ∈ℬ𝑖 𝐿(𝐵𝑖 , B ) = 𝑈𝑖 log 1 +
Θ𝑖
(26)
+ 𝜓ˆ𝑖 log(𝐵𝑖 − 𝜌ˆ𝑖 𝐵𝑖,𝑚𝑖𝑛 )
)
(
ˆ𝑖 log 1 + 𝐵𝑖 , is introduced to
The utility function in (25), 𝑈
Θ𝑖
provide proportional fairness among the different connections
1 We distinguish the time tics from the time slots of the time frame as the
algorithm iteration indices.

2605

𝑖
of a given service class through the ratio 𝐵
Θ𝑖 , where Θ𝑖 ≜ 𝑐𝑖 +
∑𝑀
𝑚∕=𝑖 𝐵𝑚 and the set of connection 𝑖’s allocated bandwidth
ˆ𝑖 is a weighting factor to
is denoted by ℬ𝑖 = [𝐵𝑖𝑚𝑖𝑛 , 𝐵𝑖𝑚𝑎𝑥 ]. 𝑈
the utility function, consider it as the utility factor. This factor
is introduced to provide the network operator the flexibility to
enforce users’ service level agreements based on how much
bandwidth they are requesting or/and what delay bounds their
applications can tolerate. The network operators can decide
on the granularity of this factor based on their policies. For
ˆ𝑖 can be a function of 11 to cater for the flows’
example, 𝑈
Δ𝑡𝑚
required bound, where Δ𝑡1𝑚 is the residual time to reach the
latency bound of connection 𝑚. Hence, in this example, the
ˆ𝑖 , can be used to prioritize users who spend
weighting factor, 𝑈
longer time in the system waiting for the service.
The function 𝜓ˆ𝑖 log(𝐵𝑖 − 𝜌ˆ𝑖 𝐵𝑖,𝑚𝑖𝑛 ) in (26) is the connecˆ𝑖 ≫ 𝜓ˆ𝑖 . Given
tion’s minimum requirement constraint with 𝑈
that WiMAX and LTE define a maximum data rate per traffic
flow, we use 𝜌ˆ𝑖 as a tuning factor to provide the network
operator with the flexibility to decide how much resources
to allocate for connections above their minimum requested
bandwidth, 𝐵𝑖,𝑚𝑖𝑛 . If the network operator’s policy is to
allocate the minimum required bandwidth of the connection,
then 𝜌ˆ𝑖 is set to 1.
The problem in P2 is generically formulated to be equally
applied for all defined service classes in the network. The
ˆ𝑖 , 𝜌ˆ𝑖 , 𝑐𝑖 , and 𝜓ˆ𝑖 in P2 can be utilized when needed
parameters 𝑈
as prioritization variables among connections within a same
class based on the connections QoS bounds. For example,
ˆ𝑖 can be a function of the delay bound of a connection
𝑈
(for example; the ertPS or rtPS class connections in WiMAX
or GBR class connections in LTE) to prioritize connections
approaching there delay bound within the same class. Another
example is utilizing 𝜌ˆ𝑖 to serve network operators’ policies
towards the content of traffic connections of the same class.
Thus, small values of 𝜌ˆ𝑖 indicate that the network operator is
not concerned whether a traffic class, say HTTP is starved.
Problem P2 is not a formal game theoretic problem. To
𝐵𝑖
reformulate it, we define 𝑦𝑖 ≜ Θ
, ∀ 𝑦𝑖 ∈ 𝒴𝑖 , with 𝒴𝑖 =
𝑖
𝑚𝑖𝑛 𝑚𝑎𝑥
[𝑦𝑖 , 𝑦𝑖 ] being the strategy space of the 𝑖𝑡ℎ connection.
Consequently, the objective function in problem P2 is modified
as follows
max {𝐽 (𝑦 , Y−𝑖 )} , ∀ 𝑖 ∈ ℳ, (27)
G2(𝑦 , Y−𝑖 ):

𝑖

𝑦𝑖 ∈𝒴𝑖

𝑖

𝑖

−𝑖

with 𝐽𝑖 (𝑦𝑖 , Y ) given by
𝐽𝑖 (𝑦𝑖 , Y−𝑖 ) =
+
−𝑖

ˆ𝑖 log (1 + 𝑦𝑖 )
𝑈
𝜓ˆ𝑖 log(𝑦𝑖 − 𝜌ˆ𝑖 𝑦 𝑚𝑖𝑛 )

(28)

𝑖

G2(𝑦𝑖 , Y ) is a non-cooperative bandwidth control game
(NBG), where connection 𝑖 decides its next decision, 𝑦𝑖 based
on the values given by the vector decisions, (Y−𝑖 ) such that
the objective function 𝐽𝑖 (𝑦𝑖 , Y−𝑖 ) is maximized. The vector
Y−𝑖 is the vector Y = (𝑦1 , 𝑦2 , ⋅ ⋅ ⋅ , 𝑦𝑀 ) without the 𝑖th
element, where 𝑀 is the total number of connections of
a given class, and the boundary of connection 𝑖’s decision
(𝒴𝑖 ) is lower bounded by 𝑦𝑖𝑚𝑖𝑛 and upper bounded by 𝑦𝑖𝑚𝑎𝑥 .
𝑦𝑖𝑚𝑖𝑛 is related to 𝐵𝑖𝑚𝑖𝑛 by Θ𝑖 𝑦𝑖𝑚𝑖𝑛 = 𝐵𝑖𝑚𝑖𝑛 and 𝑦𝑖𝑚𝑎𝑥 by
𝑦𝑖𝑚𝑎𝑥 Θ𝑖 = 𝐵𝑖𝑚𝑎𝑥 , respectively.
To find the optimal value 𝑦𝑖∗ that maximizes the objective
function 𝐽𝑖 (𝑦𝑖 , Y−𝑖 ), we calculate the first derivative of 𝐽𝑖 as
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follows
ˆ𝑖
𝑈
∂𝐽𝑖
𝜓ˆ𝑖
=
+
= 0, ∀ 𝑖 ∈ ℳ
∂𝑦𝑖
1 + 𝑦𝑖
𝑦𝑖 − 𝜌ˆ𝑖 𝑦𝑖𝑚𝑖𝑛
Hence,
𝑦𝑖∗ =

ˆ𝑖 𝜌ˆ𝑖 𝑦𝑖,𝑚𝑖𝑛 − 𝜓ˆ𝑖
𝑈
,∀𝑖 ∈ ℳ
ˆ𝑖
𝜓ˆ𝑖 + 𝑈

(29)

(30)

and the optimal bandwidth allocated to a connection 𝑖 is given
by
⎛
⎞
𝑀
∑
(31)
𝐵𝑖∗ = 𝑦𝑖∗ ⎝𝑐𝑖 +
𝐵𝑚 ⎠ .
𝑚∕=𝑖

We omit the proofs of existence, uniqueness and Pareto
optimality of NE operating point of game G2 as they are
almost similar to the proofs presented above for game G1.
A. Connections’ bandwidth allocation control algorithm
In this subsection, we present the algorithm for allocating
the control bandwidth that converges to the unique Nash
equilibrium point B∗ of game G2. At each iteration of the
algorithm, the connections update their allocated bandwidth
as follows until convergence:
Assume class 𝑚 updates its required number of time slots at
time tics in the set 𝑇ˆ𝑚 = {𝑡ˆ𝑚1 , 𝑡ˆ𝑚2 , ...}, with 𝑡ˆ𝑚𝑛 < 𝑡ˆ𝑚𝑛+1
and 𝑡ˆ𝑚0 ∪= 0 ∪
for all 𝑚 ∈ ℳ. Let 𝑇ˆ = {𝑡ˆ1 , 𝑡ˆ2 , ⋅ ⋅ ⋅ } where
ˆ
ˆ
𝑇 = 𝑇1 ⋅ ⋅ ⋅ 𝑇ˆ𝑀 with 𝑡ˆ𝑛 < 𝑡ˆ𝑛+1 and define B to be the
values of the bandwidths’ vector
randomly chosen from the
∪
∪
total strategy space ℬ = ℬ1 ⋅ ⋅ ⋅ ℬ𝑀 .
Algorithm 2: Consider the game G2 given in (27) and
generate a sequence of bandwidth vectors as follows:
(a) Set the bandwidth vector at time 𝑡ˆ0 = 0: B(0) = B, let
𝑘=1
(b) For all 𝑚 ∈ ℳ, such that 𝑡ˆ𝑘 ∈ 𝑇ˆ𝑚 : Given
∗ ˆ
B(𝑡ˆ𝑘−1 ), calculate 𝜓𝑚 (𝑡𝑘 ) = 0.01𝑈𝑚(𝑡𝑘 ), then 𝑦𝑚
(𝑡𝑘 )
argmax
−𝑚 ˆ
∗ ˆ
= 𝑦𝑚 ∈ 𝒴𝑚 𝐽𝑚 (𝑦𝑚 , Y (𝑡𝑘−1 )), then set 𝐵𝑚 (𝑡𝑘 ) =
∑
∗ ˆ
ˆ
(𝑡𝑘 ) (𝑐𝑚 + 𝑀
𝑦𝑚
𝑗∕=𝑚 𝐵𝑗 (𝑡𝑘−1 ) and let the bandwidth
∗ ˆ
𝐵𝑚 (𝑡ˆ𝑘 ) = 𝑏𝑚 (𝑡ˆ𝑘 ) = min(𝐵𝑚
(𝑡𝑘 ), 𝐵𝑚,𝑚𝑎𝑥 )
ˆ
ˆ
(c) If B(𝑡𝑘 ) = B(𝑡𝑘−1 ) stop and declare the Nash equilibrium number of time slots vector as B(𝑡ˆ𝑘 ), else let
𝑘 := 𝑘 + 1 and go to (b).
The output of Algorithm 2 is the optimal number of time
slots per connection, which can be computed in a polynomial
time [22], since the game is a pure Nash equilibrium problem.
In the following section, we evaluate the performance of the
interclass and intra-class schemes through simulation.
VI. P ERFORMANCE E VALUATION
A. Simulation setup
We evaluate the performance of our proposed congestionbased pricing scheme in an IEEE 802.16 setting. We implemented a simulator comprising a TDD cell with one BS and
several SSs. The wireless channel is modeled based on the
Nakagami-m channel model which is adopted to accurately
describe the statistical variation of the channel gains between
the BS and the SSs based on OFDM channel multiplexing. The
AMC module defined by the IEEE 802.16 standard divides the
range of the received SNR into seven non-overlapping regions
where the dividing thresholds are evaluated based on a target

prescribed bit error rate (BER). According to the received SNR
at a specific SS, the module in the PHY layer of BS decides the
suitable transmission mode for each SS as shown in Table I.
Each transmission mode consists of a modulation and coding
pair aimed at efficiently using the bandwidth while satisfying
a prescribed BER.
Nodes are randomly placed over a simulation grid of
5000m×5000m. Number of subscriber stations simulated are
1 to 30. Each subscriber station can simultaneously have
different types of connections including voice, video, FTP or
background traffic. In loading the network, the ratio between
the different traffic types is maintained for each experiment.
The ratio is read Voice:Video:FTP:Background. For example,
the ratio 1:2:1:3 means that Video and Background are respectively 2 and 3 times either voice or FTP traffic. We shall refer
to each loading instance by loading ratio, e.g. loading ratio
1:2:1:3. The loading ratio is used for studying the fairness
of the algorithm in supporting different types of applications
with different data rate requirements when the network is
congested. For example, the experiment scenario with loading
ratio of 1:1:1:1 and 3:1:1:1 studies the effect of voice traffic
(which has the highest priority in the system) on the fairness
of the algorithm when the number of voice flows is equal to
the other flow types number, and when the number of voice
flows is the largest number of flows in the system. The effect
of the loading ratio is discussed in Subsection VI-D.
The frame size is fixed at a value of 10 ms equally divided
between UL and DL traffic, the OFDM symbol duration is
12.5 𝜇s, and the rate of frames is 100 frames/second. Time–
slots are allocated for active flows at the beginning of each
frame. The DL bandwidth is simulated as 20 MHz. The
channel quality of each SS remains constant per frame, but
is allowed to vary from frame to frame.
B. Traffic model
For connections’ traffic model, we adopt the traffic model
presented in [23], (a model specifically designed and tested for
WiMAX simulation). This model implements VoIP traffic for
the ErtPS class, video streaming traffic for the rtPS class, FTP
traffic for the nrtPS class and background traffic for the BE
class. Table III shows the traffic model used in simulation.
Each simulation scenario is repeated 20 times. MRTR in
table is the Minimum Reserved Traffic Rate, MSTR is the
Maximum Sustained Traffic Rate and ML is the Maximum
Latency. Since we are interested in studying the performance
of the scheme in congestion status, connections are admitted
to the network based on a generic CAC algorithm based on
their MRTR value (the design of a CAC algorithm is out of
the scope of this work). However, connections can send traffic
at a rate equal to or higher than MRTR and up to their MSTR,
which then results in congestion.
C. Performance metrics
We utilize the following metrics in our performance evaluation:
Average Throughput: The rate of packets successfully transmitted during the simulation time. This
metric is used to understand the effect of load,
congestion and relative priority of the classes and
connections.
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TABLE III
T RAFFIC M ODEL
Service

Traffic Type

MRTR (kbps)

MSTR (kbps)

ML (ms)

Packet (bytes)

ErtPS
rtPS
nrtPS
BE

Voice
Stream video
FTP
Background

12.5
64
45
1

64
500
500
64

80
150
–
–

60
170-320
250
250

1:1
1:1:3

1:1
1:1:2

1:1
1:3:1

1:1
1:2:1

1:3
3:1:1

1:2
2:1:1

3:1
1:1:1

2:1
1:1:1

1:1
1:1:1

Fig. 1. Average throughput in (Kbps) of BE, FTP, video and voice under
light loaded network.

35
30
Average Delay

𝑖=1

where 𝑛 is the total number of connections in the
network. To calculate interclass fairness using Jain’s
index, we use normalized average throughput for 𝑥𝑖 .
The average throughput of a connection is normalized with respect to the MRTR of the connection.

BE
FTP
Video
Voice

Averagge Throughput

Average queuing delay: The time between the arrival
of a packet to the departure of the packet from the
queue. The value is reported in milliseconds (ms)
and is averaged over the number of packets.
Packet loss: The percentage of packets dropped from
the queue out of all the packets that arrived into
the queue. The metric indicates the percentage of
packets that missed their delay bounds. Both average
delay and packet loss will allow us to determine how
effectively the scheme satisfies the QoS requirements
of real-time connections.
Fairness index: Fairness is measured among all connections (interclass fairness). We use Jain’s fairness
index to calculate interclass fairness, which is defined as
)2
(𝑛
∑
𝑥𝑖
𝑖=1
, (32)
Jain’s Fairness Index =
𝑛
∑
𝑛∗
𝑥2𝑖

25
20
15
Voice

10

Video

5

1:1:1:3

1:1:1:2

1:1:3:1

1:1:2:1

1:3:1:1

1:2:1:1

3:1:1:1

2:1:1:1

0
1:1:1:1

D. Results
We evaluate the performance of our scheme based on
the desired characteristics discussed in Subsection II. The
performance of the algorithm is evaluated under light and
heavy loading conditions. Both fairness and satisfaction of
QoS requirements are studied for the different classes and
for connections within the same class. For each simulation
scenario, experiments are repeated 20 times and results are
obtained with 95% confidence interval lower than 0.0028.
Figure 1 shows the performance of the scheme under light
load. Given that the network is not congested, it is expected
to have all traffic classes achieving a throughput higher than
their minimum required bandwidth. The 𝑥 axis in this and the
following figures indicates the loading ratio associated with
each point of evaluation.
We note in Fig. 1 that for loading ratios 1:3:1:1, 1:1:3:1,
1:1:1:3, the average throughput of the more loaded classes
(respectively video, FTP and background) is the lowest. This
is due to the contention among same class connections for
the fixed amount of bandwidth allocated for these classes.
However, the voice class does not undergo the same trend,
achieving almost a constant average throughput of 40kbps.
This is because voice is assigned the highest priority in the network, and also due to the voice class’s low traffic requirements

Fig. 2. Average delay in (ms) of video and voice traffic under light loaded
network.

(MRTR=12.5kbps and MSTR=64kbps). The latter justification
is also emphasized by observing the video traffic results, which
show the highest throughput under the loading ratio 3:1:1:1.
Since video is prioritized second after voice, and because the
requirements of the voice connection are small, the bandwidth
available for video traffic is higher in this case than that under
other loading ratios. Video traffic, consequently, exploits this
availability to achieve the higher throughput.
Since the network is lightly loaded, the average delay in
Fig. 2 is much lower than classes’ delay bounds. Similarly, the
packet loss of the audio and video traffic in this experiment
is zero.
Figure 3 shows the results when the network is heavily
loaded. This is an important experiment as it evaluates our
scheme in a congestion setting. The figure shows that the
scheme was able to adapt to the network status as the number
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Average packet loss of video traffic under heavy loaded network.

Fig. 3. Average throughput in (Kbps) of BE, FTP, video and voice under
heavy loaded network.
140
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100
80
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40
Voice

20
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0

Fig. 4. Average delay in (ms) of video and voice traffic under heavy loaded
network.

of connections changed for the different classes. We observe
that the lowest voice throughput occurs at loading ratios
2:1:1:1 and 3:1:1:1. Understanding this outcome is intuitive,
because in these loading ratios, more voice traffic connections
are competing for the allocated bandwidth. The same behavior
can be observed for video, FTP and background traffic.
However, the average throughput of each class (1kbps for
BE, 45kpbs for FTP, 64kbps for video and 14kbps for voice)
shows that the minimum bandwidth required by each class is
achieved, despite the fact that the connections are receiving
lower allocations than the lightly loaded experiment.
Figure 4 also shows the effect of increasing the number
of FTP connections on the average video throughput. The
value of the average throughput of video traffic is 68kbps
and 67kbps when the loading ratio is respectively 1:1:2:1
and 1:1:3:1. These throughput values are almost the required
minimum bandwidth of the video traffic. Since the allocated
bandwidth for the FTP class is larger, the allocated bandwidth
for the video traffic is smaller. Recall that both classes have
high bandwidth requirements (45kbps for FTP and 64kbps for
video). More importantly, the scheme’s response indicates its
robustness in handling congestion instances.
In Fig. 4, the delay of voice and video traffic is higher
than that of the light load setup. In the figure, the measured
delay does not exceed the delay bounds for VoIP and video
traffic. Note that packets queued beyond their delay bounds
are dropped and their delay is not included in calculating
the average delay. The figure shows that the delay of the

Fig. 6. Jains index fairness among voice, video, FTP and BE connection
classes.

voice is less when the network is more loaded with FTP and
background traffic (1:1:2:1, 1:1:3:1, 1:1:1:2 and 1:1:1:3) than
when more loaded with video traffic (loading ratios 1:2:1:1
and 1:3:1:1). This is due to the fact that FTP and BE traffic are
delay insensitive, while video traffic is a delay sensitive traffic.
Accordingly, voice and video packets approaching their delay
bound will compete for the current time slot of transmission
at the scheduler. The results in the figure also reveal that the
delay increases as the number of connections increases. This
is due to the contention among connections of the same class.
We remark here that the major influence on connections’ delay
performance is due to the scheduler. However, the bandwidth
provisioning algorithm controls the delay through controlling
the amount of time-slots allocated to each real time class. It is
also worth observing that the difference between the average
delay and the delay bound for voice traffic is smaller than that
of the video traffic, and that the average delay for video traffic
is almost at its required delay bound at all loading ratios. These
results illustrate the effectiveness of the proposed algorithm as
it consistently prioritizes voice over video.
For packet loss, the results in Fig. 5 should be coupled with
those in Fig. 4. Figure 5 shows that the packet loss has the
largest value at a loading ratio of 1:3:1:1, while Fig. 4 shows
minimum delay at this loading ratio. Given that the delay of
dropped packets is not included in the delay calculations, and
that the packets dropped from the head of the queue allow
other queued packets to be sent with lower delay, the delay
of the video class is lower at this loading ratio.
Figure 6 presents the results of fairness among the different
classes with the network heavily loaded. The results show that
maximum fairness (i.e. fairness index = 1) is achieved when
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The proposed scheme is implemented in a municipality
WiFi solar-powered test-bed. The proposed scheme is coded
in C- language and integrated into an open-source Linux based
operating system of the access points. As for future work, the
authors will study the performance of the scheme in mitigating
congestion and meeting the QoS requirements of different
types of real-time and non real-time applications carried by
the municipality WiFi test-bed.
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