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In this paper, we propose an urgency- and efficiency-
based wireless packet scheduling (UEPS) algorithm that is 
able to schedule real-time (RT) and non-real-time (NRT) 
traffics at the same time while supporting multiple users 
simultaneously at any given scheduling time instant. The 
UEPS algorithm is designed to support wireless downlink 
packet scheduling in an orthogonal frequency division 
multiple access (OFDMA) system, which is a strong 
candidate as a wireless access method for the next 
generation of wireless communications. The UEPS 
algorithm uses the time-utility function as a scheduling 
urgency factor and the relative status of the current 
channel to the average channel status as an efficiency 
indicator of radio resource usage. The design goal of the 
UEPS algorithm is to maximize throughput of NRT 
traffics while satisfying quality-of-service (QoS) 
requirements of RT traffics. The simulation study shows 
that the UEPS algorithm is able to give better throughput 
performance than existing wireless packet scheduling 
algorithms such as proportional fair (PF) and modified-
largest weighted delay first (M-LWDF), while satisfying 
the QoS requirements of RT traffics such as average delay 
and packet loss rate under various traffic loads. 
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I. Introduction 

Wireless networks are evolving in two aspects: 1) adoption of 
an Internet protocol (IP) as a transport mechanism, and 2) 
evolution of the wireless access methods toward beyond third 
generation (B3G) or next generation methods [1]. As a prospect 
of the former evolution, the next generation wireless networks 
are expected to be packet-based wireless networks where traffic 
data, including real-time (RT) and non-real-time (NRT) traffic 
data, is transmitted over a wireless link through packetization. 
The latter evolution is expected to bring a wireless system that is 
able to support a significantly higher system capacity, a higher 
data rate per user, and a provisioning of quality-of-service (QoS) 
to users. As a result of those two evolutional aspects, the next 
generation wireless networks have been envisaged as packet-
based wireless networks capable to provide a variety of video, 
audio, and data services with a number of traffic classes in 
addition to conventional mobile services such as voice telephony. 
It is anticipated that packetized transmission over wireless links 
between a base station and user equipment (UE) will make 
possible higher radio resource utilization through statistical 
multiplexing of packets compared to conventional circuit-based 
communications. Since the packets of all traffic classes have 
their unique characteristics and quality of service requirements, 
packet flows in the next generation wireless networks can be 
categorized into several traffic classes. In addition, increase of the 
downlink traffic is anticipated to be a major characteristic of the 
next generation wireless communications [2]. 

In this paper, we explore how to provide QoS in packet-
based next generation wireless networks. Challenges on 
delivering QoS to users in such packet-based wireless networks 
have been watched with keen interest, and the packet scheduler 
operating at the medium access control (MAC) layer is 
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considered as the key component for QoS provisioning to users. 
The packet scheduler should be able to guarantee QoS 
requirements of such traffic classes as well as maximize 
utilization of the limited radio resources. In this study, we 
concentrated our work on delivering QoS to users at the 
downlink between a base station and UE.  

In general, traffic scheduling in packet-based networks is a 
mechanism responsible for determining the transmission order 
of packets from different competing flows. At a given 
scheduling instant (that is, a timeslot), the traffic scheduler tries 
to maximize the system performance in terms of different QoS 
requirements such as delay, loss rate, throughput, and 
utilization of limited radio resources using the status of the 
server and packets waiting at buffers. However, the packet 
scheduling methods used in a wired realm cannot be applied 
directly to a wireless environment because of its inherent 
characteristics and restrictions including location dependent 
error, time-varying channel capacity stemming from unstable 
wireless channel status, and bursty error caused by these factors.  

There are many packet scheduling algorithms such as 
proportional fair (PF) [3] and modified-largest weighted delay 
first (M-LWDF) [4] designed for the CDMA-1x-EVDO 
(HDR) system. However, these existing packet schedulers are 
mainly designed to support non-real-time (NRT) data services. 
In particular, deadline-based general wireless packet 
scheduling algorithms have been proposed recently [5], [6]. In 
this approach, packets are discriminated by their deadline and 
scheduled based on scheduling priority represented as a 
function of deadline. However, we are not able to distinguish 
real-time (RT) and NRT traffics in this approach, and thus QoS 
requirements of packets of various traffic types cannot be met 
satisfactorily. In contrast, we propose a wireless packet 
scheduling algorithm that can support RT and NRT data traffics 
at the same time. The proposed algorithm is designed to 
schedule packets of different traffic classes at the downlink in 
the orthogonal frequency division multiple access (OFDMA) 
system, which is a strong candidate wireless access method for 
the next generation wireless networks. As a result, the proposed 
packet scheduling algorithm can also support multiple users 
simultaneously at any given scheduling time instant using 
OFDMA, a multi-user-OFDM wireless access method.  

In order to schedule packets of RT and NRT traffics at the 
same time, the proposed algorithm uses two scheduling factors, 
the urgency of scheduling and the efficiency of radio resource 
usage, by taking into account not only the inherent 
characteristics and restrictions of a wireless environment but 
also the QoS requirements of each traffic. In the proposed 
urgency- and efficiency-based packet scheduling (UEPS) 
algorithm, the time-utility function is used to represent the 
urgency of scheduling while the channel state is used to 

indicate efficiency of usage of the radio resource. The idea 
behind the UEPS algorithm is to maximize the throughput of 
NRT traffics as long as the QoS requirements of RT traffics 
such as the packet delay and the loss rate requirements are 
satisfied. Then, the UEPS scheduler transmits packets of RT 
and NRT traffic based on their scheduling priorities obtained 
from the urgency and efficiency factors. 

This paper is organized as follows. In the next section, we 
briefly survey existing wireless packet scheduling algorithms. 
In section III, we introduce the OFDMA wireless system 
model used in this study and the structure of the packet 
scheduler. Time related scheduling approaches including 
deadlines and time-value functions are discussed in section IV. 
In section V, we propose the UEPS algorithm that is able not 
only to schedule RT and NRT traffic packets but also to support 
multiple users at the same time. In section VI, we evaluate the 
performance of the UEPS algorithm and compare it with 
existing algorithms via simulation study. Finally, a summary of 
this study is given followed by further study issues. 

II. Related Works 

Many wireless packet scheduling algorithms have been 
designed to support data traffics in the Third Generation 
Partnership Project (3GPP) and 3GPP2 wireless systems. For the 
3GPP2 system, PF [3] and M-LWDF [4] algorithms are designed 
mainly to support NRT data services in a CDMA-1x-EVDO 
system. In the 3GPP wideband-CDMA (WCDMA) system, only 
NRT data traffic classes such as streaming, interactive, and 
background traffic classes are subjects of scheduling, and are 
transmitted through a common or shared channel [7]. On the other 
hand, conversational traffics such as voice telephony and voice 
over IP (VoIP) traffics are transmitted on a dedicated channel 
without scheduling. Moreover, existing packet scheduling 
algorithms designed to support NRT data traffics in either 3GPP or 
3GPP2 are not able to support multiple users at any given 
scheduling time instant. Furthermore, the traditional voice-based 
MAC protocol does not perform well in the next generation 
packet-based multimedia traffic environment because of the bursty 
nature of such traffic [8]. 

In this section, we introduce two existing representative wireless 
packet scheduling algorithms, PF [3] and M-LWDF [4]. The 
design objective of the PF algorithm is to maximize long-term 
throughput of a UE whose current channel status (that is, 
achievable data rate) is better compared to the average throughput. 
Suppose that Ri(t) and Ti(t) are the current achievable data rate and 
the estimate of average throughput of user i at timeslot t, where i ∈ 
I = {1, · · · , M}. Then the PF algorithm works as follows: 

• Scheduling: The user with the highest ratio of Ri(t)/Ti(t) 
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among all users will receive a transmission from a base station at 
each scheduling time. Ties are broken randomly. 

• Update the average throughput of each user i: 

iicici tRttTttT ∆+−=+ )()/1()()/11()1( ,        (1) 

where 1=∆ i if user i is chosen to transmit; otherwise, 
0=∆ i and tc is a low pass filtering parameter.1) 

Since the PF algorithm is designed to support only data 
services in the CDMA-1x-EVDO system, it cannot support RT 
services such as voice and RT-video streaming services. 

The M-LWDF algorithm was proposed to support not only 
NRT data services but also almost real-time services such as 
video streaming services in the CDMA-1x-EVDO system [4]. 
The design objective is to maintain the delay of all traffic 
smaller than a predefined threshold value with probability. The 
delay and throughput requirements are { } iiiW δτ ≤>Pr  and 
Ti>ti, respectively, where Wi is the head-of-line (HOL) delay, Wi 
is the maximum allowable delay threshold, iδ  is a maximum 
allowable probability of exceeding iτ , and ti is a predefined 
minimum throughput threshold. In each timeslot t, a user i* is 
selected according to the scheduling priority as follows: 

)()(maxarg },,1{
* tRtWi iiiMIi γ=∈= ,           (2) 

where )(/ tRa iii =γ  is an arbitrary constant, 
iiia τδ /)(log−= , and )(tRi  is the average channel rate with 

respect to flow i. By setting an appropriate value to each parameter 
iγ , the delay requirement can be satisfied. However, it is difficult 

to find the optimal iγ  value for each traffic class .Ii ∈  

III. System Model 

1. An Overview of the OFDMA Wireless System 

OFDMA, also referred to as multi-user-OFDM, is an extension 
of orthogonal frequency division multiplexing (OFDM). In current 
OFDM systems, only a single user can transmit on all of the sub-
carriers at any given time, and time division or frequency division 
multiple access is employed to support multiple users. The major 
drawback of this static multiple access scheme is the fact that 
different users see the wireless channel differently, and only one 
user is selected for packet transmission. In this case, when the 
channel capacity is larger than the amount of data to be 
transmitted, the radio resource is not fully utilized.  

In this study, we consider an OFDMA system with 20 MHz of 
bandwidth. It is assumed that there are 1,536 sub-carriers, and all 
                                                               

1) The value of parameter tc used in the PF scheduling algorithm is related to the maximum 
amount of time (i.e., the number of timeslots) for which an individual user can be starved, and tc 
= 1000 is recommended [3]. 

sub-carriers are shared by all users in a cell in terms of sub-
channels, a subset of the sub-carriers. We assume that there are 
twelve sub-channels and each sub-channel is a group of 128 sub-
carriers. It is also assumed that all sub-carriers are used for data 
transmission for simplification, and sub-carriers in each sub-
channel are selected by a pre-determined random pattern. The 
modulation and coding scheme is determined by the prescribed 
adaptive modulation code table based on the instantaneous signal-
interference-ratio (SIR) of each sub-channel. A summary of 
system parameters is shown in Table 1. 
 

Table 1. A summary of system parameters. 

Parameters Value 

System OFDMA 
Downlink channel bandwidth 20 MHz 
OFDM symbol duration 100 µs 
Total number of sub-carriers 1,536 
Number of sub-carriers per sub-channel 128 
Number of sub-channels 12 
Frame period 12 ms 
Slot period 1 ms 

 

 
2. Structure of the Packet Scheduler in a Base Station 

The packet scheduler operating at the MAC layer is the key 
component for delivering QoS to users. The proposed packet 
scheduling system in a base station consists of three blocks: a 
packet classifier, a buffer management block (BMB), and a packet 
 

 

Fig. 1. Structure of the proposed packet scheduler. 
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scheduler as shown in Fig. 1. The packet classifier classifies 
incoming packets according to their types and QoS profiles, and 
sends them to buffers in the BMB. The BMB maintains QoS 
statistics such as the arrival time and delay deadline of each packet, 
the number of packets, and the HOL delay in each buffer. Finally, 
the packet scheduler transmits packets to users according to the 
scheduling priority obtained using the channel status reported by 
user equipment and QoS statistics maintained in the BMB. 

IV. Time Related Scheduling Approaches 

1. Value-Based Scheduling Approaches 

Scheduling of tasks with time constraints has been studied 
extensively in the area of computer operating systems to meet 
certain performance criteria such as maximization of utilization of 
limited resources such as processors. Scheduling of such tasks can 
be modeled in various ways: One of the widely used methods is to 
schedule tasks based on the underlying task model. Two important 
characteristics of tasks associated with time constraints are the task 
execution time and the deadline, and these two characteristics can 
be represented by a value function in time [9]. The task execution 
time is the amount of time needed to finish the task, and the 
deadline is the time instant when the task should be finished . The 
task execution time is a task-local time constraint because it is 
defined on an individual task-oriented time domain. On the other 
hand, the deadline is a global time constraint since it is defined on 
the global time domain by the system (the scheduler in this paper) 
independent of the individual task time-line. 

There are many scheduling approaches on tasks with time 
constraints. In this paper, we concentrate our work on scheduling 
approaches developed based on the above two fundamental 
properties of the underlying tasks. Figures 2 and 3 show two 
different expressions of value functions associated with two different 
properties of tasks. Figure 2 describes forms of value functions 
associated with the deadline expressed functionally in the global 
time domain. Figure 3 describes forms of value functions associated 
with the tasks’ execution time expressed functionally in the task-
local time domain. Time-value functions associated with the global 
time-line and individual task-oriented local time-line are classified as 
time-utility functions (TUF) and time-quality functions, respectively  

 
 

Fig. 2. Forms of value functions associated with the deadline
expressed functionally in global time domain. 
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[9]. Since the packet scheduler operates with global time, the 
scheduling time at a MAC layer, time-utility functions are used to 
schedule RT and NRT traffics in this article. 
 

 

Fig. 3. Forms of value functions associated with the tasks’ 
execution times expressed functionally in task-local time 
domain. 
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2. Deadlines and Time-Utility Functions 

The major characteristic of time related tasks is the timing 
requirement expressed in the form of a deadline. A hard deadline 
is a time constraint that is expressed functionally by a binary unit-
valued downward step at the deadline [10]. A time related task 
with a hard deadline is often modeled as a hard time-utility 
function, which has a positive value of 1 if the deadline is met, or 0 
if the deadline is missed [10]. On the other hand, the soft deadline 
is a time constraint that yields diminishing values to the system 
when the deadline has passed. In other words, the soft deadline 
gives more or less timeliness depending on the completion time of 
a task with respect to its deadline. A task with a soft deadline is 
modeled as a soft time-utility function with respect to its 
completion time. Figure 4 shows concepts of the hard and the soft 
deadlines and the related hard and the soft time-utility functions. 
 

 

Fig. 4. Concepts of hard (left) and soft (right) deadlines and related 
time-utility functions. 
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3. Timeliness and Simultaneousness 

If a real-time task should be completed within a deadline, this 
behavior can be described in terms of timeliness. A real-time task 
having timeliness can be expressed functionally with a hard time-
utility function. However, the timeliness timing constraint often 
means that tasks should be completed by a certain given time 
instant, that is, a deadline. In this case, the task can be processed 
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during a certain predefined time interval that contains the deadline. 
This time interval can be a small time window consisting of delay 
jitters around the deadline as shown in Fig. 5. This behavior can be 
described in terms of simultaneousness [9]. In this paper, we use 
the term simultaneousness to distinguish the scheduling event 
occurring during a predefined time interval around a deadline from 
scheduling events occurring anytime within it. Then, we use a 
negative delay jitter from the deadline to define such 
predetermined time interval.  

According to Jensen’s TUF model [10], the former case implies 
that utility of the completion of a real-time task is 1 until the 
deadline. On the other hand, the latter case implies that the utility is 
1 only in a small time window. This time window can be created 
by giving jitters around the deadline as shown in Fig. 5. 
 

 

Fig. 5. The concept of simultaneousness with time window
around the deadline. 
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V. The Urgency of Scheduling and Efficiency of Radio 
Resource Usage 

Two scheduling factors, the urgency of scheduling and the 
efficiency of radio resource usage, are used to determine the 
scheduling priority of each user. The TUF is used to represent the 
urgency of scheduling, while the channel state is used to indicate 
the efficiency of radio resource usage. 

1. The Urgency of Scheduling 

Since the utility is decreasing in delay, that is, the longer the delay, 
the lower the utility, the urgency of scheduling can be expressed as a 
function in delay [11]. In this work, the time utility function is used to 
indicate the urgency of scheduling. A TUF of a delay-sensitive RT 
traffic can be expressed as a hard time-utility as shown in Fig. 4. On 
the other hand, the TUF of an NRT traffic is a continuously 
decreasing function in delay, in that the utility of an NRT traffic 
decreases slowly as delay increases. Among NRT traffics, some 
have a (soft) deadline like WWW traffics as described in the right-
hand side of Fig. 4. On the other hand, some NRT traffics such as 
email and FTP traffics have much longer deadline or no deadline. 
Then, the unit change of the TUF value indicates the urgency of the 

scheduling of packets as time passes by.  
One possible scheduling rule is to schedule head-of-line (HOL) 

packets waiting in the BMB based on the unit change of the TUF 
value at a scheduling instant. Let Ui(t) be the TUF of a HOL 
packet of traffic i at time t. Then, the unit change of the TUF value 
of traffic i’s HOL packet at time t is the absolute value of the first 
derivative of Ui(t), that is, |)(| ' tUi , at time t. A possible packet 
scheduling rule is to select a traffic based on |)(| ' tUi , Ii ∈∀ . 

A. Real-Time Traffics  

Since the downlink between a base station and user equipments 
(UEs) is the last link to users, the end-to-end delay can be met as 
long as packets are delivered to users within the deadline. In other 
words, the scheduler transmits RT traffic packets any time within 
the deadline to satisfy the delay requirement. Hence, from this 
property of the downlink the tight timing constraint of a hard 
deadline described by the timeliness can be relaxed into a lax one 
described by the simultaneousness as shown in Fig. 5. For 
example, by introducing a negative jitter from the deadline, the 
tight timeliness timing constraint can be relaxed into a lax 
simultaneousness one. Then a packet of RT traffic i is transmitted 
only during specific time interval [di–ji, di], where di is the 
deadline of the HOL packet of the RT traffic i, and ji is the length 
of the given negative delay jitter. In this paper, we call the specific 
time interval [di–ji, di] the marginal scheduling time interval 
(MSTI). Then, during the remaining time interval, [0, di–ji), other 
packets, especially NRT packets, are transmitted. 

Since the TUF of an RT traffic is a hard and discontinuous 
function in delay, the unit change of the utility, |)(| ' tUi , cannot be 
obtained directly at its delay deadline. In order to address this 
problem, the TUF of an RT traffic can be relaxed into a continuous 
z-shaped function that has properties similar to the original hard 
discontinuous function. An example of z-shaped function 
relaxation of the TUF of an RT traffic is shown in Fig. 6. 

A z-shaped function relaxation of the TUF of an RT traffic can 
be easily achieved analytically using an s-shaped function having 
close relation with a z-shaped function. For example, a z-shaped 
function can be obtained using the s-shaped sigmoid function, 
fSigmoid(t, a, c)=1/(1+e-a(t-c)), where a and c are parameters that 
determine the slope and location of the inflection point of the 
function. Then, the relaxed z-shaped function is URT(t)=1–
fSigmoid(t, a, c)=e-a(t-c)/(1+e-a(t-c)), and the unit change of utility of an 
RT traffic at the inflection point (t = c) is 4/|)(| ' actU RT == . 
This value is assigned as the urgency factor of an RT traffic packet 
during MSTI. As a result, with the z-shaped relaxation of a hard 
TUF, the concept of simultaneousness can be achieved by giving 

|)(| ' tUi a positive value only during MSTI and 0 in another time 
interval. 
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Fig. 6. An example of z-shaped function relaxation of a TUF of
an RT traffic. 
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B. TUFs of NRT Traffics  

Since TUFs of NRT traffics are monotonic decreasing functions 
in time (delay), an analytic model can be easily obtained using 
related monotonic increasing functions. For example, a truncated 
exponential function, f(ai, t, Di)=exp(ait), can be used, where ai is 
an arbitrary parameter and 0≥≥ tDi  is the delay deadline of 
NRT traffic i. Then, a possible TUF of NRT traffic i is 

)exp(/)exp(1),,(1)( iiiiNRT DtaDtaftf
i

−=−= 2), and the 
urgency is )exp(/)exp(|)(| '

iiiNRT DtaatU
i

= . 

C. Urgency Factors among RT and NRT Traffics  

The urgency factor of each traffic type is used to determine the 
scheduling priority among HOL packets of different traffic types 
waiting in buffers. Assignment of the urgency factor among traffic 
types is dependent on the designer’s preference. A rule of thumb is 
to give a higher scheduling priority to RT traffics over NRT traffics. 
In this paper, we set the urgency factors of all traffic types in the 
order of RT voice, RT video, and NRT traffics by setting the 
urgency factors as follows. 

.|)(||)(|
|,)(||)(|

'
2

'
1

''

tUtU
tUtU

DataNRTDataNRT

VideoRTVoiceRT

−−

−−

>
>

              (3) 

2. Efficiency of Radio Resource Usage 

Efficiency in wireless communications is related to usage of the 
limited radio resources, that is, a limited number of radio channels 
or limited bandwidth. Thus, the channel state of available radio 
channels can be used as an efficiency indicator. For example, the 
current channel state (Ri(t)), the average channel state ( )(tRi ), or 
the ratio of the current channel state to the average ( )(/)( tRtR ii ) 
can be used as an efficiency indicator. In this study, a moving 
average of the channel state of each user Mi ∈ in past W 
                                                               

2) It is normalized by the maximum time, Di, so that it can have a smoother slope. 

timeslots, )()/1()()/11()( tRWtRWtR iii +−= , is used for the 
average channel state, where W is the time window (that is, the 
number of timeslots) used in calculation of the moving average of 
the channel state. Note that Ri(t) used in our paper is different 
from the average throughput of user i, Ti(t), in past tc timeslots 
used in the PF algorithm [3]. Therefore, the higher the user’s 
instantaneous channel quality relative to its average value, the 
higher the chance of a user to transmit data with a rate near to its 
peak value. 

3. The Urgency and Efficiency Based Packet Scheduling 
(UEPS) Algorithm 

We propose the urgency and efficiency based packet scheduling 
(UEPS) algorithm designed to support RT and NRT traffics for a 
user at the same time. The UEPS algorithm also tries to maximize 
the throughput of NRT data services while satisfying the 
maximum allowable QoS requirements of RT traffics such as the 
maximum allowable delay and loss rate. In detail, the UEPS 
scheduler transmits NRT traffics during time interval [0, di–ji], 
assuming that the packet has arrived at time 0 and the channel 
states of all users are the same. In contrast, the scheduler gives an 
RT traffic a higher scheduling priority over NRT traffics during 
MSTI, [di–ji, di].  

The UEPS algorithm operates at a base station in three steps; 
step 0 for packet arrival events, step 1 for scheduling priority of 
each user, and step 2 for scheduling and transmission of packets.  

• In step 0, the arrived packet is sent to a user’s buffer by the 
packet classifier based on its user ID. QoS profiles of the arrived 
packet such as the arrival time, the deadline, the packet type, and 
the packet size are maintained in the BMB. 

• In step 1, at each scheduling instant the urgency factor of HOL 
packets of each buffer, |)(| ' tUi , is calculated to represent the urgency 
factor of user i, that is, |)(| ' tUi . In addition, the efficiency factor of user 
i, )()/1()()/11()( tRWtRWtR iii +−= , is obtained. Finally, the 
scheduling priority value of user i is 

)(/)(*|)(|)( ' tRtRtUtp iiii = . 
• In step 2, at each scheduling time instant, multiple users are 

selected based on their scheduling priority value obtained as 
follows. 

)(
)(

|)(|maxarg '*

tR
tR

tUi
i

i
iMi∈= .            (4) 

Then, a sub-channel is allocated to each selected user i* based on 
the channel condition represented by the efficiency factor 
( )(/)( tRtR ii ) and the urgency of scheduling ( |)(| ' tUi ). In other 
words, the traffic class with the larger/smaller ratio of 

)(/)(*|)(| ' tRtRtU iii will be scheduled first/last. The OFDMA 
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system considered in this study is designed to support up to 
twelve users simultaneously at each scheduling time instant by 
allocating one of twelve sub-channels to each of the selected 
users. This is one of the main differences of the UEPS algorithm 
designed for the OFDMA system from the existing wireless 
packet scheduling algorithms such as PF [3] and M-LWDF [4] 
designed for the CDMA2000-EVDO system, where only one 
user is selected in each timeslot for data transmission. The 
capacity of each allocated sub-channel is determined from the 
adaptive modulation code option. Finally, the scheduler loads 
user i*’s packets on the sub-channel as much as possible when 
there is room available. 

VI. Performance Evaluation 

1. Simulation Model and Traffic Parameters 

A. Traffic Types 

In the simulation study it is assumed that there are four different 
traffic types, and each user generates one of four traffics. The four 
types of services are the following: 

 
•  RT voice: RT voice is assumed to be the voice on IP (VoIP) 

that periodically generates packets of fixed size. Assuming that 
silence suppression is used, voice traffic is modeled by a 2-state 
Markov (ON/OFF) model. The length of the ON and OFF periods 
follows the exponential distribution with means of one second and 
1.35 seconds, respectively. 

•  RT video: RT video is assumed to be the RT video steaming 
service that periodically generates packets of variable sizes. We use 
3GPP streaming video traffic for this type of traffic (3GPP2/TSG-
C.R1002). A traffic model and characteristics of an RT video 
traffic are shown in Fig. 7 and Table 2, respectively. 

•  NRT data service type 1: NRT data service type 1 is 
assumed to be the NRT data traffics such as web browsing that 
require wide bandwidth and variable sized bursty data. In this 
study, we use the web traffic (WWW) model proposed to have a 
session consisting of several web pages, which contains multiple 
packets or datagrams as shown in Fig. 8. Characteristics of the 
WWW traffic model are summarized in Table 3.  

• NRT data service type 2, best effort (BE): BE is assumed to  
 

 

Fig. 7. A real-time video traffic model. 
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Fig. 8. A web (WWW) traffic model. 
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Table 2. A summary of the characteristics of a real-time video traffic 
model. 

Characteristics Distribution Parameters
Inter-arrival time between 
frames Deterministic 100 ms 

Number of packets/frame Deterministic 8 

Packet size 
Truncated Pareto  

(Mean:50, Max:125 (bytes))
K=20 bytes, 

α=1.2 
Inter-arrival time between 
packets 

Truncated Pareto  
(Mean:6, Max:12.5 (ms)) 

K=2.5ms, 
α=1.2 

Table 3. A summary of the characteristics of a WWW traffic model.

Component Distribution Parameters 

Main object size Truncated normal 

Mean: 10710 bytes, 
STD: 25032 bytes 
Min:100 bytes,  
Max: 2 Mbytes 

Embedded object size Truncated normal 

Mean: 7758 bytes,  
STD: 12168 bytes 
Min:50 bytes,  
Max: 2 Mbytes 

Number of embedded 
objects/page Truncated Pareto Mean: 5.64, STD: 53

Reading time Exponential Mean=30 s 

Parsing time Exponential Mean=0.13 s 

 

be NRT data traffics such as emailing traffic. We assume that a 
message’s arrival to a mailbox is modeled by the Poisson 
process. 

B. System Parameters 

We consider a hexagonal cell structure consisting of a reference 
cell and six surrounding cells with a 1 km radius. We assume that 
all cells use an omni-directional antenna. Mobile stations are 
uniformly distributed in a cell and move with the velocity of 
uniform distribution in a random direction. The base station 
transmission power is 12 W evenly distributed to all twelve sub-
channels. A summary of simulation parameters for the system 
model is shown in Table 4. 
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Table 4. A summary of simulation parameters for the system model.

Parameters Value 

System OFDMA 

Downlink channel bandwidth 20 MHz 

OFDM symbol duration 100 µs 

Total number of sub-carriers 1,536 

Number of sub-carriers per sub-channel 128 

Number of sub-channels 12 

Frame period 12 ms 

Slot period 1 ms 

 

 
2. Performance Metrics 

We evaluate and compare the performance of the proposed 
UEPS, PF, and M-LWDF algorithms in terms of three different 
performance metrics such as the packet loss rate, the average 
packet delay, and the average throughput via simulation study. For 
the delay-sensitive RT traffics, the average packet delay is mainly 
used to evaluate performance. Although the RT traffic is tolerant to 
packet loss, it has a maximum allowable packet loss rate. For 
example, the packet loss rate of RT voice should be less than 3% 
[13]. Therefore, the performance of RT traffics is also evaluated in 
terms of the packet loss rate. For RT traffics, performance of the 
UEPS algorithm is compared with that of the MLWDF algorithm 
in terms of the average delay and packet loss rate. The QoS 
performance requirements of RT voice and video traffics [13] are 

• RT Voice: delay < 40 ms, loss rate < 3%, and 
• RT Video: delay <150 ms, loss rate < 1%. 

For the loss-sensitive NRT traffics, the average throughput is 
used to evaluate the performance of the UEPS, PF and M-LWDF 
algorithms. Parameters of the PF and M-LWDF algorithms are 

• PF: tc=1000, and 
• M-LWDF: WMax=40 ms, Voiceδ =0.03 for RT voice and 

WMax =150 ms, Videoδ =0.01 for RT video. 

3. Performance Evaluation 

In order to evaluate the performance of the UEPS, PF, and 
MLWDF algorithms, various traffic loads are generated from a 
light to heavy traffic load. Since the proposed UEPS scheduler 
selects twelve users at each timeslot, the number of users arrived in 
each timeslot is used as the offered traffic load. In the simulation 
study, the offered traffic load (λ) distributes (2, 20) users/timeslot, 
that is, λ= 2/12 to 20/12 = 0.167 to 1.67. 

Since the length of MSTI of RT traffics is one of the important 
design factors, performance of the UEPS algorithm has been 

evaluated extensively via simulation study under different sets of 
MSTI values. Different MSTI3) values are obtained by giving 
different negative jitter values from the deadline. For example, if 
10 ms of negative delay jitter is given for an RT traffic, the length 
of MSTI will be 10 ms prior to its deadline, that is, [deadline−10, 
deadline]. In this case, the RT traffic packets can be scheduled and 
transmitted to a user only during this time interval, and NRT 
traffics waiting in buffers are transmitted to maximize throughput 
during the remaining time interval. In this paper, because of page 
limitation we only present some important performance evaluation 
results with a limited set of MSTI values for RT voice and video 
traffics. We are presenting performance evaluation results when 
values of MSTI are set to 10, 20 and 30 ms for RT voice traffic and 
30 ms for RT video traffic. 

A. Performance of RT traffics 

Figure 9 shows the performances of the UEPS and M-LWDF 
algorithms for RT voice traffic in terms of the packet loss rate 
under various traffic loads. The packet loss rate of the UEPS 
algorithm stays below the maximum allowable packet loss rate 
(3%) for all MSTIVoice values under all traffic loads. In detail, in 
terms of the packet loss rate of the RT voice traffic, performance of 
the UEPS algorithm is better than the M-LWDF algorithm when 
MSTIVoice = 30 or 20, and is almost the same as that of M-LWDF 
when MSTIVoice = 10. In general, in case of RT voice traffic, the 
larger the MSTI value, the lower the packet loss rate with the 
UEPS algorithm. 

In the case of RT video traffic, on the other hand, the packet loss 
rate of the UEPS algorithm is lower than that of the M-LWDF 
algorithm when MSTIVoice = 10 or 20, and is almost the same as 
 

 

Fig. 9. Average packet loss rates of RT voice traffic under 
different traffic loads.
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3) The MSTI value is represented as “n” in the following figures. 
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Fig. 10. Average loss rates of RT video traffic under different
traffic loads. 
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Fig. 11. Average delays of RT voice traffic under different traffic
loads. 
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that of the M-LWDF algorithm when MSTIVoice = 30 as shown in 
Fig. 9. In particular, the packet loss requirement of the RT video 
traffic (< 1%) is satisfied with the UEPS algorithm until the offered 
traffic load reaches 16 users/timeslot when MSTIVoice = 10. 
However, the requirement is satisfied until the traffic load reaches 
15 or 14 users/timeslot when MSTIVoice = 20 or 30, respectively. 

Figure 11 shows the performances of the UEPS and M-LWDF 
algorithms for RT voice traffic in terms of the average delay under 
various traffic loads. The average delay of the UEPS algorithm is 
higher than that of M-LWDF algorithm when MSTIVoice =10 or 20 
under all traffic loads. When MSTIVoice = 30, the average delay of 
the UEPS algorithm is higher than that of the M-LWDF algorithm, 
especially under light and medium traffic load. However, the 
difference vanishes as the traffic load increases, and finally the  

 

Fig. 12. Average delays of RT video traffics under different traffic 
loads.
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average delay of the UEPS algorithm becomes lower than that of 
MLWDF under heavy traffic load. The delay requirement of the 
RT voice traffic (< 40ms) is satisfied under all traffic loads when 
MSTIVoice = 20 or 30. However, the requirement is satisfied until the 
traffic load reaches 14 users/timeslot when MSTIVoice = 10.  

In the case of RT video traffic, the average delay of the UEPS 
algorithm is higher that that of M-LWDF under all traffic loads as 
shown in Fig. 12. However, the delay requirement of RT video 
traffic (< 150ms) is satisfied with the UEPS algorithm regardless 
of traffic load and MSTIVoice values. 

B. Throughput of RT Traffics 

To evaluate the throughput performance of the UEPS, PF, and 
M-LWDF algorithms, we generate two different traffic 
environments. First, we evaluate the throughput of the UEPS, PF, 
and M-LWDF algorithms under a traffic environment where only 
two NRT traffics, WWW and email traffics, are generated. The 
throughput performances of UEPS, PF and M-LWDF algorithms 
in this traffic environment under various traffic loads are shown in 
Fig. 13. For WWW traffic, the throughput of UEPS is higher than 
that of PF and M-LWDF under all traffic loads except light traffic 
load. In particular, the higher the traffic load, the higher the 
throughput of UEPS is than those of other algorithms. For email 
traffic, the throughput of UEPS and that of PF are almost the same, 
and higher than that of M-LWDF under all traffic loads.  

Since the PF and M-LWDF algorithms are mainly designed to 
support NRT data traffics, in this subsection we evaluate the 
throughput performance of the UEPS algorithm and compare it with 
those of the PF and M-LWDF algorithms. To evaluate the 
throughput performance of the UEPS, PF, and M-LWDF algorithms, 
we generate two different traffic environments. First, we evaluate the 
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throughput of the UEPS, PF, and M-LWDF algorithms under a 
traffic environment where only two NRT traffics, WWW and email 
traffics, are generated. The throughput performance of the UEPS, PF, 
and M-LWDF algorithms in this traffic environment under various 
traffic loads are shown in Fig. 13. In the case of WWW traffic, the 
throughput of the UEPS is higher than those of PF and M-LWDF 
under all traffic loads except light traffic load. In particular, the higher 
the traffic load, the higher the throughput of the UEPS is compared 
to those of PF and MLWDF algorithms. In the case of email traffic, 
the throughputs of UEPS and PF are almost the same, and are higher 
than that of M-LWDF under all traffic loads. 
 

 

Fig. 13. Throughput of NRT traffics (WWW and email) under
different traffic loads when only NRT traffics are
generated. 
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Fig. 14. Throughput of NRT traffics (WWW and email) under
different traffic loads when RT and NRT traffics are
generated together. 
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Next, we evaluate the throughput performance of the UEPS, PF, 
and M-LWDF algorithms for NRT traffics under a traffic 
environment where four traffic classes, RT voice, RT video, 
WWW, and email traffics, are generated. In this traffic 
environment, since the PF algorithm is only able to support NRT 
traffics, RT traffics are not generated for the PF algorithm. As a 
result, the PF algorithm shows higher throughput performance for 
NRT traffics in this traffic environment as shown in Fig. 14. 
However, for both WWW and email traffics, the UEPS algorithm 
shows higher throughput performance than the M-LWDF 
algorithm under most traffic load while supporting RT and NRT 
traffics at the same time. 

VII. Conclusions and Further Study Issues 

In this paper, we deigned a novel wireless packet scheduling 
algorithm, the UEPS algorithm, which is able to schedule RT and 
NRT traffics simultaneously by taking the urgency of scheduling 
and the efficiency of radio resource usage into account. The UEPS 
algorithm uses the time-utility function as an urgency factor and 
the relative status of the current channel to the average one as an 
efficiency factor. The main design goal of the UEPS algorithm is 
to maximize throughput of NRT traffics while satisfying the QoS 
requirements of RT traffics. The simulation study shows that the 
proposed UEPS algorithm shows better throughput performance 
than PF and M-LWDF while satisfying the QoS requirements of 
RT traffics under various traffic loads. 

However, there are further study issues. First, it is necessary to 
study the UEPS algorithm for more general wireless packet 
scheduling situations. One possible case is when a user requests a 
download of RT traffics and NRT traffics from a base station at the 
same time. Now we are exploiting the application of the UEPS 
algorithm in such a general scheduling situation. In order to meet 
the QoS requirements of RT traffics adaptively to the various 
traffic situations such as different traffic load levels and different 
traffic mix between RT and NRT traffics, it is also needed to adjust 
the length of MSTI adaptively to various traffic situations. We are 
also developing an enhanced UEPS algorithm that is able to adjust 
the length of MSTI adaptively to dynamically varying traffic 
situations.  
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