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Abstract—The rapid deployment of broadband wireless
access has led to growing demand for multimedia applications in
networks. Efficient sharing of resources becomes an issue
especially in wireless networks where different applications have
varying Quality of Service (QoS) requirements. As a result, an
optimum utilization of the limited resources is required. In this
paper, an enhanced scheduler based on a Modified Deficit Round
Robin (MDRR) scheme for QoS provisioning to prioritize delaysensitive applications in WiMAX networks is proposed. Various
simulations were performed with a number of traffics such as
VoIP, FTP and Email. To demonstrate the efficiency of the
proposed scheduling, a performance analysis of the network was
conducted in terms of throughput and delay. From related work,
a single uplink (UL) scheduling algorithm appears to be
insufficient for guaranteed QoS in heterogeneous traffic
scenarios. As a result, a study of the UL scheduler in a WiMAX
base station is investigated.
Index Terms— MDRR, Quality of Service, scheduling,
WiMAX.

I. INTRODUCTION
n today’s telecommunications market, there is growing
demand for multimedia services and good Quality of
Service (QoS). WiMAX technology promises to satisfy
customer requirements at lower cost and higher speed of
deployment. WiMAX (IEEE 802.16) is a “last mile”
technology to provide broadband wireless access (BWA) in
urban and rural areas. The technology presents many
advantages such as providing high data rates (up to 70Mbps)
and a range of 2 to 40km [1]. The standard is a combination of
different evolutions namely IEEE 802.16, IEEE 802.16a,
IEEE 802.16d for fixed networks, and IEEE 802.16e which
includes mobility [2]. Two modes of operation are addressed
in WiMAX: point to multipoint (PMP) topology where the
base station (BS) is connected to various Subscriber Stations
(SSs) for a provision of more than one connection; and mesh
topology, also referred to as multipoint-to-multipoint (MP-
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MP), where connections can be established among SSs acting
as repeaters to permit various hops from the core to the SSs.
An intermediate BS is not necessary. The PHYsical (PHY)
layer and the medium access control (MAC) layer are defined
in the WiMAX standard. The PHY layer is mainly used to
transport data and serves as an interface between the upper
layers and the physical medium. Within the PHY layer, five
air interface technologies are specified as shown in Table I.
TABLE 1- AIR INTERFACE SPECIFICATIONS [1]

Radio resource

Duplexing
system

WirelessMAN-SC

10-66GHz

TDD&FDD

LOS

WirelessMAN-SCa

Below 11GHz
Licensed band

TDD&FDD

NLOS

WirelessMANOFDM

Below 11GHz
Licensed band

TDD&FDD

NLOS

WirelessMANOFDMA

Below 11GHz
Licensed band

TDD&FDD

NLOS

WirelessMANHUMAN

Below 11GHz
Unlicensed

TDD

NLOS

Air interface

Transmission
mode

As stated in [1], unlike in the remaining air interfaces where
line of sight (LOS) is not required, WirelessMAN-SC requires
a line of sight (LOS) to transmit in the 10-66GHz band due to
the wavelength. The MAC layer on the other hand provides
intelligence to the PHY layer. It consists of three sublayers:
the Convergence Sublayer (CS), the MAC Common Part
Sublayer (CPS), and the Security sublayer. The operation of
the MAC layer is explained in Section III.
As physical transmission (radio) resources are scarce in
wireless networks compared to wired networks, maintaining
the appropriate QoS for different applications is crucial;
furthermore, this makes the need for suitable scheduling of
resources a necessity. In the downlink (DL) channel, the
transmission occurs from the BS to the SSs while the UL
channel is dedicated for transmissions from the SSs to the BS.
Since the DL channel is only used by the BS, a single

scheduling algorithm is sufficient. However, the UL channel
faces various complexities to fairly satisfy QoS and bandwidth
sharing to the applications. Moreover, the standard does not
specify any specific UL scheduling algorithm, this area is left
open for vendors and researchers [1]. Thus, this work focuses
on the uplink scheduling algorithm for efficient radio resource
management.
The rest of the paper is organized as follows. Related work is
presented in Section II. Section III describes the QoS
mechanisms in the standard. Section IV presents the proposed
scheduling algorithm. In Section V, the simulation
environment used to conduct this work is explored. It also
provides some analysis and results drawn from the simulation.
Section VI concludes the paper and highlights
recommendations for future work.
II. RELATED WORK
Many attempts by various researchers have been made to
achieve fair bandwidth allocation on UL scheduling. In [3],
FIFO scheduling arranges packets as they arrive in a queue to
be dequeued in a First In First Out (FIFO) manner. The FIFO
scheme treats all traffics in a similar way and does not give
preferences to any specific type of traffic. The Earliest
Deadline First (EDF) scheduling algorithm assigns deadlines
to each packet [3], and it then dequeues packets by allowing
the earliest deadline packet first. This makes it suitable for real
time applications since delay-sensitive packets are treated as
higher priority packets compared to delay-insensitive packets;
but unfairness occurs for delay-insensitive packets. The
Priority Queuing (PQ) approach allocates some level of
priority to the queues and dequeues the packets at the head of
each queue depending on the priority order. However, lower
priority packets starve when a continuous set of higher priority
packets has to be served.
Round Robin (RR) scheduling [4] is known for its simplicity
of dequeueing packets in a round robin manner each time a
queue is visited until the entire cycle is complete. RR is not
appropriate for applications with variable packet sizes. Based
on the RR algorithm [5], the Weighted Round Robin (WRR)
scheme assigns distinct weights to the queues. The bigger the
queue weight, the higher the priority to be served first.
Prioritization is however not well scaled for shorter packets.
Deficit Round Robin (DRR) was derived from RR in [6] and
[7] to solve the unfairness issue that arises in RR and WRR by
assigning a deficit counter and a quantum to each queue. The
deficit counter is used to track the number of transmitted bits
in each round whereas the quantum represents the required
number of bits in a queue, also referred to as the packet size.
Unless a queue is empty, each time a queue is visited, the
deficit counter is incremented by a quantum. A service occurs
only when the sum of quantum and the deficit counter is
greater than the packet size at the head of the queue;
otherwise, the queue retains the packet and waits for the next
round to be served. A decrease of the deficit counter by the

size of the served packet is carried out afterwards.
Modified Deficit Round Robin (MDRR) is explained in [6] as
a modification of DRR for QoS guarantees. MDRR reduces
the delay in DRR by allowing a transmission each time a
queue is visited. It dequeues the packets in the same manner as
the DRR and stops servicing a queue once the deficit become
zero, when the Uplink-Mobile Application Part (UL-MAP)
message needs to be sent, or when the bandwidth resources are
insufficient. However, the distinction between the two
schedulers is in the quantum value; the MDRR quantum is
given as in Equation (1) below.
In most of the scheduling approaches described above, the
solution provided is challenged by the delay constraints for
real time applications and the flexibility of the bandwidth
utilization when real-time applications co-exist with non realtime applications. This paper proposes a new modified
MDRR-based scheduler to address these challenges.
III. QOS MECHANISMS IN IEEE 802.16
To achieve the design of the proposed uplink scheduling
algorithm, the PHY layer and the MAC layer were both
considered as both contribute to QoS provisioning.
A. WiMAX architecture
Time Division Duplexing (TDD) and Frequency Division
Duplexing (FDD) are the standardized duplexing modes for
QoS provisioning at the PHY layer. The TDD scheme
provides QoS by preventing collisions through the separation
of the downlink and the uplink channels with a period of time.
In FDD, a gap of 50 or 100 MHz separates the DL and the UL
channels; the collision level is reduced in FDD compared to
TDD [2]. Fig. 1 shows the scheduling mechanisms in a
WiMAX base station.

Fig. 1. Scheduling mechanisms in WiMAX Base Station.
The 802.16 MAC is connection-oriented layer based. The
Convergence Sublayer (CS) is responsible for incoming

packets classification and data network transportation from the
upper layer to the lower layer. These data are then converted
and processed with their corresponding connections
identification.
The Common Part Sublayer (CPS) on the other hand is
responsible for fragmentation, scheduling and handles QoS
parameters for data networks [2]. Privacy and encryption of
the network data is provided by the Security sublayer.

allocated by the UL scheduler in the BS. It is sent back to SSs
in the form of an UL-MAP message to address the bandwidth
size and the slot time for a service. The BS broadcasts the ULMAP message to the SSs; thus each SS sends the CID in the
appropriate time slot to avoid congestion in the UL channel
[9].

B. WiMAX Scheduling service flows

To enforce and guarantee QoS, an enhanced algorithm based
on a combination of MDRR and EDF algorithm is proposed in
this study [7]. The proposed scheme has the capability to fairly
allocate bandwidth among users by prioritizing delay-sensitive
packets. It introduces a new (latency) queue in the parent pool
where UGS packets are generally stored. A scheduler visits
this latency queue before scanning the subpool where the rest
of the polling service packets are located as shown in Fig. 2.
The enhanced algorithm is shown below:

The IEEE 802.16 standard defines four types of QoS for
different applications as described in [1], [2], [8]. These are as
follows.
1. Unsolicited Grant Service (UGS): UGS is meant to support
real time data streams with constant bit rate in which fixed
data packets are generated on a periodic basis, QoS is issued
through unsolicited data grants. Voice over IP (VoIP) without
silence suppression is a typical example of a service supported
by UGS. There are no contentions and piggyback requests
allowed for this type of service flow. Additionally, the BS
does not provide unicast request opportunities.
2. Real-time Polling Service (rtPS): Unlike UGS, rtPS
supports real time data streams with variable packet sizes on a
periodic basis; the SS has the opportunity to specify the
desired size. MPEG video and VoIP with silence suppression
are typical examples for this class. Similar to UGS, contention
and piggyback requests are prohibited for transmission.
3. Non real-time Polling Service (nrtPS): This class is defined
for non real-time applications and generates variable size data
grant on a regular basis with a minimum data rate. File
Transfer Protocol (FTP) is one of the examples supported by
nrtPS. The SS has an opportunity to request for bandwidth
using unicast and contention period; piggyback requests are
also allowed.
4. Best Effort (BE): There are no specific requirements and
quality constraints defined in this service flow. In order to
transmit, only contention request and unicast requests are
made available to the SS. Web browsing and email represent
BE applications.
The standard addresses a fifth type specified in the mobile
version which is under revision; this is known as extended real
time Polling Service (ertPS). It provides QoS to applications
that require handovers.
C. WiMAX QoS provisioning in UL channel
For QoS provisioning, the SS establishes a connection to the
BS with a Connection Identification (CID) in the beginning.
This allows the CS to classify packets into different service
flows and the associated QoS parameters. It must be noted that
this communication is established in the UL channel. After a
connection has been permitted by the admission control
mechanism; the SSs request for an amount of bandwidth

IV. PROPOSED SCHEDULING ALGORITHM

Algorithm: MDRR+EDF for WiMAX Uplink scheduling (at BS)

1.
2.
3.
4.
5.
6.

Quanti= quantum for queue i
DCi = deficit counter for queue i
If number of packets in queue i>0
For queues i:1 to n
DCi= DCi + Quanti
if (DCi >0 and c>0) ; //c is the channel capacity that
rtPS and nrtPS need to share among them
7. while (packets in new buffer)
8. BWalloc=BWalloc+ size (min εp,γi) ; //BWalloc= BW
allocated to SS, min εp is the packet with the
earliest deadline, γi is the queue of subscriber i
9. create IE() ; // creates an information element(IE) for
subscriber, this information contains the message
of how much bandwidth has been attributed
10. c=c-size i (min deadline (P), gamma i)
11. end while
12. if (DCi >0 and number of PS packets >0); //PS=polling
service
13. BWalloc to PS packets
14. DCi = DCi –packet size
15. End if
16. End if
The parent pool allows unsolicited bandwidth grants based on
reservation of slots in the UL-MAP message. After every
packet has been granted an amount of bandwidth in the parent
pool, the scheduler allows the MDRR algorithm to service the
polling service (rtPS and nrtPS) queues inside the subpool.
The polling service queues are created on demand for each
connection with each queue given a deficit counter (DC) value
and a fixed quantum value. As stated above, the DC is used to
determine the number of requests that has been serviced in a
round robin manner and the quantum represents the weight of
the queue as defined in Equation (1). The Quantum is given by

Quantum weight MTU

512

(1)

where MTU represents a Maximum Transmission Unit, the
constant value 512 ensures to maintain the algorithm
complexity factor O(1) as explained in [6], and the weight is a
value assigned to a queue given by
MRTR i
(2)
weighti
n
MRTR j
j 1

where MRTR represents the Minimum Reserved Traffic Rate,
n is the total number of connections and i the particular
connection.

packets in a FIFO manner.
An UL-MAP thus consists of time slots dedicated to each
connection for transmission purpose and the bandwidth size
allocated to the connection
V. PERFORMANCE ANALYSIS AND SIMULATION RESULTS
This section gives a brief description of the network simulator
(OPNET) and discusses the metrics used to evaluate the
performance of the fixed WiMAX network used in this study.
The results drawn from the setup scenario are also discussed.
A. OPNET

In the subpool, all rtPS packets with a deadline as given in
Equation (3) are referred to as delay-sensitive packets in the
next frame; thus they are extracted from the polling service
subpool to be inserted in the latency queue. The deadline is
given by
(3)
Deadline Dc Dl Fd
where Dc represents the connection delay of the application, Dl
is the last request received time and Fd the frame duration.
At every opportunity, the scheduler scans the new rtPS queue
(latency queue) before visiting the polling service subpool. If
packets are present in the latency queue, as shown in Fig. 2,
the scheduler makes use of the EDF scheduling algorithm to
send out the packets of the latency queue. After EDF has
serviced all the packets in the latency queue, the scheduler
allows the MDRR scheduler to revisit the rest of the queues
(rtPS and nrtPS) in the subpool and dequeues them based on
the deficit counter and quantum. The deficit counter decreases
automatically by the granted request size. Once a queue deficit
counter becomes zero, the queue is destroyed to avoid
unnecessary queue visit which delays the scheduling process.
A new queue is created on connection if the BS has polled an
SS for bandwidth request. The moment all queues in the
subpool are empty and the bandwidth is still available and
sufficient, the scheduler allows bandwidth allocation to BE

Because of its range of capabilities, the OPNET simulation
tool was chosen to investigate the efficiency of the proposed
scheduler. The tool is widely used in both academia and
industry to simulate the performance of different networks and
is known to produce reliable and realistic results. It consists of
various modules based on different standards and provides a
wide library, as well as a graphical interface that makes it user
friendly [10]. The simulation study in this work made use of
the OPNET Modeler Wireless suite with the WiMAX model
embedded. OPNET modeler consists of four essential parts as
defined below.
1. Project editor: This consists of the components of a
network such as nodes, connections, etc.
2. Node editor: Nodes are edited under a process format.
3. Process editor: Represents the process by Finite State
Machine (FSM).
4. Code editor: Represents the process of nodes where C or
C++ is used.

Fig. 3. WiMAX network topology.

Fig. 2. Proposed scheduling algorithm

Fig 3 represents the topology simulated for WiMAX fixed
networks. The PMP topology was chosen to support eleven
users: three users with VoIP application (rtPS) using a G.711
encoder scheme, four users with FTP (nrtPS) at high load
(heavy), and the remaining four users with email service (BE)
at high load. This network configuration was chosen to give an
advantage to nrtPS and BE in order to test the performance of
the proposed scheduler on the rtPS traffics. All the
applications are continuously transmitting and begin their

uplink bandwidth requests simultaneously. The rtPS traffic
was assigned 1.5Mbps as the MRTR, 0.5Mbps was attributed
to nrtPS and 384Kbps for BE. In the BS, the uplink scheduling
is performed to allocate the granted bandwidth as well as the
slot in which transmission occurs in a UL-MAP message [6].
B. Traffic model and Performance metrics
In this paper, the analysis of the applications through the
throughput and the delay performance metrics was evaluated.
Voice over IP (VoIP) is a real time technology supported by
rtPS for voice traffic routed over the Internet Protocol. In
order for a voice signal to be transmitted, VoIP makes use of a
voice codec (vocoder) to reduce noise, sample and digitize the
signal which is easier for transmission over IP. File Transfer
Protocol (FTP) is supported by nrtPS service flow with
tolerable delay packets. It is given higher priority when
coexisting only with best effort applications in a network and
lower priority when coexisting with real time applications.
Defined as best effort, an email application is based on the
exchange of files (storing and forwarding); when coexisting
with other applications, email is always serviced last and has
the least priority in the network.
Among the possible QoS metrics that exist in the UL and DL
channel, the simulations conducted mainly considered the
throughput and the delay parameters for QoS guarantees.
1. Throughput: It is defined as the amount of data
received in a period of time.
2. Delay: This is the difference in time between the time
when the packet was sent by SS/BS and the time
when it was received by BS/SS, expressed in
seconds.

of 160kbps for rtPS QoS. For the three applications in the
network, 350kbps of bandwidth was assigned for all rtPS
users.
The MDRR scheduling scheme does not give any importance
to both rtPS and nrtPS traffics. As shown in Fig. 4, the nrtPS
service flow competes for bandwidth by sharing the same
algorithm with rtPS for bandwidth allocation in the MDRR.
The results illustrate that close to 200kbps were allocated to
all nrtPS service which is almost half of rtPS class. This is due
to MRTR assigned and the deficit counter assigned to the
traffics. Only after 270 sec, when all queues in the subpool
were empty, was bandwidth granted to BE by means of FIFO.
After 594 sec, rtPS starves while nrtPS is granted the
bandwidth at a throughput of 150kbps.
By introducing the proposed scheduling algorithm as shown in
Fig. 5, although a small complexity occurs, it reduces the
starvation of the real time application after 594 sec as depicted
in Fig. 4 by maintaining the QoS among services. The variant
scheduler assigns bandwidth to delay-sensitive packets before
servicing any other packets in the subpool.
The standalone latency queue is thus chosen as the strict
higher priority before the scheduler visits the rest of polling
service queues and the BE queue. Based on the earliest
deadline first, rtPS is granted an amount of bandwidth for the
available packets in the latency queue. Fig. 5 shows that a
maximum of almost 60kbytes per sec for VoIP application is
supported by the total number of rtPS nodes which correspond
to 500kbits per sec throughput. This represents at least
166kbits per sec per user with overhead included due to the
type of service and the decoder. The nrtPS service has a total
throughput of 18kbytes per sec and BE remains steady during

C. Analysis of the network throughput
The results in Fig. 4 below show the overall performance of
the existing MDRR to grant bandwidth to rtPS, nrtPS and BE
services. The results were drawn after 900sec (or 15min) of
simulated time. The G.711 codec generates VoIP packet size

Fig. 5. WiMAX throughput based on the proposed scheduler.
the simulated time with only 0.2kbytes per sec allocated to it.
D. Analysis of network delay

Fig. 4. WiMAX throughput based on MDRR scheduler.

The delay performance (Fig. 6) of the enhanced scheduler
proposed is suitable for real time services. The delay remains
steady between 216 and 900 sec as the connections were being

admitted in the network. Moreover, QoS is maintained during
the period of transmission. Based on ITU specifications; a
value less than 100 ms is excellent for VoIP applications and a
value less than 150ms is tolerable. The MDRR does not
guarantee delay QoS as it dramatically increases between
280sec to 432sec and stabilized after 576sec during the
simulated time while the enhanced scheduler is steady at
150ms of the simulated time.
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Fig. 6. WiMAX delay comparison.

VI. CONCLUSION
In this paper, a WiMAX network was simulated and the
performance analysis of a Modified Deficit Round Robin
(MDRR)-based scheduling algorithm in a multimedia service
network was proposed. Initially, the corresponding quality of
service was assigned to the applications in order to evaluate
the network performance. As shown above, Best Effort (BE)
transmits the maximum of its packets request when polling
service starves from bandwidth allocation, and the real time
Polling Service (rtPS) delay was noticeable in the MDRR
algorithm. Hence, it was necessary to propose a scheduler that
reveals an efficient use of bandwidth by allocating bandwidth
to delay-sensitive packets in a priority manner using Earliest
Deadline First (EDF). The proposed scheduler outperformed
the MDRR algorithm by reducing the delay for real time
services and resolves the unbalanced bandwidth sharing
among different applications. For future work, the proposed
scheduling algorithm will be evaluated together with call
admission control (CAC) since that both are involved in the
QoS provisioning. This work will also be extended to the
IEEE 802.16e standard.
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