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Abstract—In this paper, we present an opportunistic packet
scheduling algorithm based on buffer management (OSBM) over
the downlink of a packet cellular network. OSBM is a channel-
dependent scheduling algorithm with a provable delay bound. It
is able to provide differentiated services to both real-time and
nonreal-time applications. Particularly, these features of OSBM
are achieved through a novel buffer management scheme. Since
this buffer management scheme does not involve any complex
online computation, OSBM is very efficient and easy to implement
in an operational environment. We also present a new analytical
approach for performance analysis of opportunistic scheduling
in wireless networks based on the proposed concept of effective
downlink capacity (EDC). This approach attempts to adapt the
service curve tool for deterministic quality-of-service analysis to
the wireless environment, and the concept of the EDC serves to
bridge the deterministic method and the stochastic nature of the
wireless link. Using this approach, the explicit expression of the de-
lay bound of the OSBM algorithm is obtained. Simulation results
are presented to demonstrate the effectiveness of the proposed
opportunistic scheduling algorithm.

Index Terms—Opportunistic scheduling, packet scheduling,
quality of service (QoS), wireless downlink.

I. INTRODUCTION

PACKET cellular network is an attractive solution to

provide a high-data-rate (HDR) service to nomadic users
based on the existing cell phone infrastructure [1], [2]. With
the packet cellular network as the access network that con-
nects the mobile users and the high-speed wireline core net-
work, end-to-end communication-intensive applications, such
as video/voice conferencing and file transfer, etc., can be sup-
ported if proper packet scheduling mechanisms are in place
to provide differentiated services. However, quality-of-service
(QoS) provisioning over a wireless link, which is essential
for real-time applications, is a challenging problem due to the
following characteristics of the wireless channel: 1) Since the
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bandwidth of the wireless link in the cellular packet network
is scarce (e.g., 2-Mb/s downlink speed in the case of the HDR
service over code-division multiple-access (CDMA) link [1],
[3], [4]), over provisioning is not appropriate, and an ideal
scheduling algorithm must be able to efficiently use the wireless
bandwidth; 2) the wireless channel is subject to transmission
impairment, which requires explicit error detection and cor-
rection mechanisms; and 3) the quality of the shared wireless
channel is dependent on the location of a mobile host and
randomly changes over time on both slow and fast timescales
[2], [3], which requires the QoS mechanism to be channel
quality dependent. All these factors make the packet scheduling
over wireless links more complicated than in wireline networks.

Packet scheduling in wireline packet networks has received
extensive attention in the past decade [5]—[8], but direct applica-
tion of the conventional packet scheduling algorithms to a wire-
less environment often results in poor utilization of the limited
wireless bandwidth resources [9]. In the recent years, much
work has been done to develop wireless scheduling algorithms,
which are able to achieve high link throughput and good user
fairness [9]-[13]. One of the major limitations of the existing
wireless packet scheduling (WPS) algorithms is the high level
of complexity in implementation. Many wireless scheduling al-
gorithms in the literature need to emulate a wireline scheduling
algorithm to find the discrepancy between the services a flow
receives over the wireless link and the wireline link, based
on which service compensation can be applied to achieve the
idealized fairness [11], [12], [14]. Other wireless scheduling
algorithms need to execute a well-known wireline scheduling
algorithm with slight modification to integrate the channel con-
dition information [9], [13]. Both approaches require extensive
online computation, which makes the algorithms difficult to
implement in an operational environment. The opportunistic
scheduling algorithm based on buffer management (OSBM)
proposed in this paper is intended to solve this problem.

OSBM employs a novel buffer management scheme to ac-
complish packet dispatch, transmission defer, and compensa-
tion. Based on this scheme, differentiated services are provided
to real-time and nonreal-time traffic flows, which is an issue not
fully addressed by the existing WPS algorithms in the literature.
The packet delay of both real-time and nonreal-time flows is
guaranteed, and the long-term link throughput is maintained
at the expected rate. Above all, since OSBM does not involve
any complex online computation, it is very efficient and easy to
implement in an operational environment.

On the other hand, a service curve is a very useful tool
for performance analysis in packet networks that provide
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deterministic QoS guarantees [5], [15]. However, its application
in wireless networks has not received full attention because
a deterministic QoS over a wireless link is impossible due to
the randomly changing channel condition. Although the service
curve model with loss [17] has the potential to capture the
feature of unavoidable packet loss in wireless networks, it is
difficult to apply this model to performance analysis in the
context of this paper. Therefore, we propose a more straightfor-
ward yet effective approach to apply the service curve model in
performance analysis of scheduling discipline over the wireless
link based on the concept of effective downlink capacity (EDC).
Based on this analytical method, an explicit expression of the
delay bound of the proposed OSBM algorithm is obtained.

The rest of this paper is organized as follows: Section II
presents the channel and traffic models used in this paper.
Section III describes the OSBM algorithm, and the analysis of
the OSBM algorithm is given in Section IV. Section V presents
simulation results to illustrate the performance of the OSBM
algorithm. Section VI concludes the paper.

II. CHANNEL AND TRAFFIC MODELS
A. Channel Model

In this paper, we consider a packet cellular network with a
high-speed wired backbone and small shared channel wireless
cells. The base station in each cell performs the scheduling
of packet transmissions to the mobile hosts that are randomly
located in the cell. Specifically, only downlink transmission
(from base station to mobile host) in a single cell is considered
in the scheduling scheme. One example of the wireless system
we consider in this paper is the CDMA/HDR service [1], [2],
where the transmission time of the shared channel is divided
into fixed-duration time slots, and only one host is allowed to
use the channel in each slot.

The quality of the shared wireless channel is time varying
and user location dependent [1], [2]. The channel condition
experienced by a mobile host m at time slot n is translated into
the feasible data rate R,,,(n) (m € {1,2,...,M}), where M
is the number of mobile hosts in the cell. The value of R, (n)
represents the maximum data rate that can be transmitted from
base station to host m in slot n if the whole channel is dedicated
to host m in slot n [3]. The base station is able to keep track of
the instantaneous feasible rate of all mobile hosts in the cell and
make use of this information in packet scheduling.

Define po = {p1, ..., ux} (1 < po < -+- < pg) as the set
of discrete data rates that are available in the underlying packet
cellular network, where K is the total number of available rates.
The feasible rate R,,(n) for host m at the beginning of the nth
time slot is chosen to be the largest available rate in the set p
such that the signal-to-noise ratio requirement is satisfied.

Define pu;, as the channel threshold to distinguish a good-
quality channel and a bad-quality channel. A channel is consi-
dered “good” if the instantaneous feasible rate is greater than
or equal to uyp; otherwise, the channel is deemed “bad.” In
the proposed OSBM algorithm, only hosts with good channels
are allowed to transmit a packet. For notational convenience,
the term ‘“channel condition of a flow” is also used to refer
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Fig. 1. Network model.
to the channel condition observed by the destination host of a
downlink traffic flow.

B. Traffic Model

In the context of our discussion, several downlink flows
can be established between the source stations and a mo-
bile host ¢ (i € {1,...,M}). Based on the QoS requirements
of the applications, each flow is assigned a priority p (p €
{1,2,...,P}), where P is the total number of priorities
supported in the network. Specifically, priority 1 to priority
P’ (P < P) are assigned to real-time flows, and priority
P'+1 to P are assigned to nonreal-time flows. For ease of
discussion, we denote by group G? all the flows with priority
p to host ¢ and by group GP all the priority p flows in the cell,
regardless of the destination host of the flows.

We consider an end-to-end path traversing a high-speed core
network and a wireless cell, as shown in Fig. 1. At the ingress
node of the core network, a flow of priority p is leaky bucket
(0P, pP) constrained, as shown in Fig. 1. The output traffic from
the leaky bucket is called “source traffic” in this paper because
its burstiness and average rate can be represented by o” and pP
of the leaky bucket shaper, respectively.

To describe the arrival pattern of the downlink traffic, we
define A, (t1,t2) as the amount of traffic from flow x that
arrives during the time interval [t1,t2) and f,(I) as the traffic
constraint function of A, (¢,t + I) [5], [18] such that

At t+ 1) < fo(I), fort >0, I >0. (1)
Let HE2(I) be the “source traffic” constraint function of a
priority p flow at the ingress node, which can be written as

H2(I) = min{CI, o + pPI} (2)

where C is the output capacity of the leaky bucket.

At the base station, F,(I) is used as the traffic constraint
function for flow . We further use £ (I) and F'?(I) to denote
the traffic constraint function at the base station for groups G¥
and GP, respectively.

Considering a core network with a maximum packet delay of
DP for a priority p flow, the traffic constraint function of flow
x with priority p at the base station can be expressed using the
source constraint function, as follows [18]:

Fy(I) < HY(I 4 DP). 3)
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Fig. 2. Overall structure of OSBM.

In general, the QoS requirement of a flow is specified on a
per-class basis, and we use a triple (o?, pP, D? ) to describe a
class p traffic, where D, is the end-to-end delay requirement
of a priority p traffic. Considering the maximum delay DP
imposed by the core network, D? = D? .. — DP is the delay

budget of the WPS algorithm in the base station for a priority p
packet.

1. OSBM

The overall structure of the OSBM algorithm is illustrated
in Fig. 2. The main components of OSBM include a set of
packet queues, a set of token queues, and a priority-based
scheduler. All the flows of priority p to host 7 are classified
into group G¥ (i € {1,2,...,M}, p€ {1,2,...,P}). OSBM
maintains a separate packet queue Q¥ for group G¥, as shown in
Fig. 2. In addition to the packet queues, a token queue VP (p €
{1,2,..., P}) is maintained for the transmission requests from
group GP, which is shared by all the flows of priority p
regardless of the destination host of the flows. In Fig. 2, the
token s(i,p) in the token queue corresponds to a request to
transmit a packet from queue QY. When a packet belonging to
G? arrives, it is inserted at the end of the packet queue Q7.
At the same time, a token s(i, p) is created with the tag (host
identification ¢, priority p) and inserted to the end of the token
queue VP.

When a packet is to be selected for transmission, the token
queues are examined from the highest priority to the lowest
priority. The nonempty token queue with the highest priority
is identified, and the head-of-line token s is dequeued. From
the tag (i,p) of s, the corresponding real packet queue QY
is located, and its head-of-line packet is considered for trans-
mission. After a packet is identified, two rules are applied
to integrate channel quality information into the schedule:
1) Examine the channel quality before sending out a packet, and
2) check the delay of a real-time packet before transmission.
The details of the two rules are described later in this paper.
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Flowchart of OSBM packet dispatch operation.

As shown in Fig. 3, if the channel quality is bad and the
packet is a real-time packet, the packet and the corresponding
token are discarded. However, if the channel quality is bad
and the packet is a nonreal-time packet, OSBM defers the
transmission of the packet by inserting the corresponding token
to the end of the same token queue without processing the real
packet queue. The next token in the token queue is considered
for transmission instead. This operation repeats until a packet
with good channel quality is found. As a result, the time slot is
assigned to a flow that observes a better channel quality, and the
packet order is maintained at the output of the OSBM scheduler.

If the channel quality is good (Fig. 3), a nonreal-time packet
is immediately sent out over the wireless link. However, if the
packet is a real-time packet, the packet delay is examined to see
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if the accumulated packet delay is within the delay requirement
stated in the service level agreement. If so, the real-time packet
is transmitted; otherwise, the packet and the corresponding
token are discarded. The purpose of this proactive packet
discard mechanism is to improve the overall link throughput,
and the effect of this action is demonstrated by the simulation
results in Section V. To calculate the packet delay, a real-time
packet is time stamped when it enters the scheduler, and an
estimation of the delay imposed by the core network is provided
beforehand.

The packet dispatch operation of OSBM is summarized in the
flowchart in Fig. 3, where V' stands for the set of token queues,
and e stands for a data packet. In the test (“p” real time?), the
priority “p” indicated by the token is examined to determine if
the packet represented by token s(i, p) is real time or not.

IV. PERFORMANCE ANALYSIS OF OSBM

In this section, the delay bound of the OSBM algorithm
is investigated. We propose a new concept of EDC, which
approximates the long-term available data rate over the wireless
link based on the statistics of the wireless channel. Using this
concept, the service curve method for deterministic QoS analy-
sis can now be applied in performance analysis for networks
involving wireless links. The explicit expression of the delay
bound of the OSBM algorithm is then obtained using the new
analysis method.

A. Delay Bound of the OSBM Algorithm

EDC: The uncertainty of the wireless downlink capacity
makes it difficult to directly apply the service curve analysis
method to wireless links. To solve this problem, we propose the
following concept of EDC.

Definition 1: Suppose py, is the smallest available channel
rate that is not less than the threshold iy, i.e., pr—1 < pen <
pr (ke {1,2,...,K}), where ug, is the channel threshold
used in the OSBM algorithm, and g = {p1,...,ux} (p1 <
to < -+ < ug) is the set of discrete available channel rates in
the packet cellular network, the EDC R is defined as

K
R=a) piui @)
i=k

where p; is the probability that a host’s feasible data rate is ;,
and « is a constant with a positive value that is used to adjust
the value of R.

‘We understand that most of the time, the service rate of the
scheduling system is between pi}, and p g . Therefore, the EDC
in Definition 1 is the expected service rate adjusted by the
constant factor a. o = 1+ ¢ (¢ being a small positive value)
is a value close to 1, and we use o = 1 in our simulation
experiment. In the aforementioned definition, we assume that
all mobile nodes randomly move at a random speed in the cell;
thus, the channel rate distribution is the same for all mobile
hosts.

Delay Bound for Real-Time and Nonreal-Time Packets:
Consider a stable OSBM system for real-time packets that are

successfully dispatched by the OSBM algorithm. The maxi-
mum delay dP, . for a priority p (p < P') packet is

max

.. = D,

max

pe{l,2,...,P'} ©)

where DP is the delay threshold used in the OSBM algorithm
for priority p real-time flows.

This is easy to understand because before OSBM schedules
a real-time packet, it first examines the queuing delay of the
packet. If the queuing delay is longer than the threshold Dr,
the packet is discarded. Only the packet with a queuing delay
less than or equal to the threshold is successfully dispatched
over the wireless link. Therefore, the conclusion in (5) is true.

For a nonreal-time packet of priority p (P’ < p < P), the
maximum delay is given in the following theorem.

Theorem 1: If traffic flows are regulated at the network
entrance by a leaky bucket with parameters (o7, p7) (j €
{1,2,...,P}) for a priority j flow, the maximum delay
b« e {P +1,...,P}) of a nonreal-time packet with
priority p is given by

) Z;i nd(n? + pi7) + nP(n? + pP7) — RT
dmax = = p—1 (6)
R— Eq:l nqpq

where

)

P _ 3p
7':mzaux{0,77 6}

C —pP

andn/ = "M n? (j € {1,2,...,p}), in which n/ is the num-
ber of flows in group Gi n; =0l +piDI (j€{1,2,...,p}),
in which D7 is the maximum packet delay imposed by the core
network for a priority j flow, and R is as given in Definition 1.

Proof: Considering a busy period [0, T3), under the con-
dition that no packet is discarded by the OSBM algorithm, the
delay dp (t) experienced by a nonreal-time priority p packet at

time ¢ € [0, T}) can be formulated as

-1

hS]

dp(t):inf{TZt:S(OJ): Aq(O,T)—l—Ap(O,t)}—t

®)

1

=)
Il

where p € {P'+1,..., P}, S(t1,t2) is the total amount of
data transmitted over the wireless link during the time interval
[t1,t2). A%(t1,1t2) is the amount of traffic arrival from group
G (Section II-B) during the time interval [t1, t2). Equation (8)
indicates that the waiting time of a packet with priority p
includes the time to transmit all the existing packets of higher
or equal priority that have arrived earlier and the time to
transmit all the packets with higher priority that arrive during
the queuing time of the priority p packet. In OSBM, some
real-time packets may be discarded due to a violation of the
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delay requirements; therefore, the delay dP(t) of a nonreal-time
packet of priority p is less than dP(t), i.e

dP(t) <dP(t)

-1

bS]

1

:inf{T>t:S(O,T): Aq(O,T)—i—Ap(O,t)}—

q

9

Using the concept of EDC in Definition 1, the maximum delay
of a priority p packet is obtained by substituting the arrival
function A7(t1,t2) (j € {1,2,...p}) with the traffic constraint

function FI(I) (j € {1,2,...,p}) [18], i.e.,
1 _
P P P
dma,x - R ?IT (F (I + dmax) RI) (10)
where
p—1
FP(I+db,) =Y FU(I+db,)+FP(I) (11)

1

Tb—mm{1>0 ZFq <RI

q=1

L)
Il

} 12)

The maximum delay dZ .. in (10) depends on the traffic con-
straint function F7(I) (j € {1,2,...,p}) at the base station.
Since the traffic is regulated at the ingress node, the burstiness
of the flow accumulates as the packets travel downstream along
the path. When packets arrive at the base station, the arrival
pattern can no longer be described by the source constraint
function Hi(I) (j € {1,2,...,p}). However, if the maximum
delay imposed by the core network is predictable, using a
technique in [18], F7(I) at the base station can be expressed
using the source traffic constraint function H(I) (see Fig. 1).
For flow x of priority j, the following holds:

F.(I) < HI(I + D,) < HL(I + D?) (13)
where HZ(I)=min{CI, 07+ p’I}, as defined in Section II-B,
D, is the maximum packet delay of flow « imposed by the core
network, and D7 is the maximum delay of all priority j packets
imposed by the core network. Since all priority j flows have
the same source constraint function HJ (1), the traffic constraint
function for group GY can be expressed as

> F(I)
zEGf{

> Hi(I+ D7)

wEG]..
:min{ (C’Dj—i—CI) (Uj+p7]+p3Dj)}

= win {n](87 + CI),nl(F +p'1)}

F/(I) =

IN

(14)

where 7/ is the number of flows in group G, 37 = C'D7, and
7 = 07 + p? DJ. The traffic constraint function for group G’

FD -
4
EP‘ +dF
FP(I-{-dp )----b (I max)
dp
max
---- RI
1 24¢))
P
dmax_’
T I

Fig. 4. Delay bound for a nonreal-time packet.

can be expressed as

i1 =Y F(1)

M M
< min {an(ﬂj + CI),an(nj erjf)}
i=1 i=1
= min {n/ (67 + CI),n’(n/ + p'I)} (15)
where n/ = "M . As illustrated in Fig. 4, Fi(I) (j €
{1,2,...,p}) is a two-segment linear function under the as-

sumption that all priority j flows are subject to the same
source constraint function H7 (I). The joining point of the two
segments is called a flex point. For the constraint function
FJ(I), the flex point 77 is

nigd —nipi oy _ﬁj}

niC —nipi — C — p (16)

7 = max {0,

Applying (15) into (11), we can obtain the explicit expression
of FP(I+dP,, ). To obtain the explicit expression of d?,, .
we need to find the point where the worst-case delay in (10)
occurs. Note that the flex points of F7(I) (j € {1,2

—1}) are also the flex points of the function > "_) ! F 1)

in (11) The aggregated constraint function F?(I + d?, ) in

(11) includes the following two parts: 1) the aggregated traffic
constraint function with priorities higher than p, denoted by
P VFI(I 4 dP,,.), which does not have any flex points
for I > 0 as proven in [18]; and 2) the traffic function with
priority p, denoted by FP(I), which has a single flex point
7P = max{0, (n? — 6P)/(C — pP)}. 7P is also the flex point
of FP(I +dP,, ), and the maximum delay d?,, occurs at | =

7 =7P = max{0, (n? — B?)/(C — p?)}. The maximum delay
db .« 1n (10) can thus be represented as follows using (15):
p—1
nq q+p (T+dmax)) +np(77 +p T) _TR
1

m ax
9=

a7
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TABLE 1
PERFORMANCE COMPARISON BETWEEN IWFQ, WCFQ, AND OSBM
IWFQ WCFQ OSBM
delay DroL,e < DuoL,wrao,e + Te, (1)@ no explicit ar .= DP, pe {1,2,...,P"}
guarantee guarantee (for real time flows)
PP >t e +pTr) FnP (0P 4P ) R
R_Zgzl ndpd
(for non-real-time flows)
fairness similar to WFQ Pr(| l(fl’t” j(tl *2) | | similar to static priority (SP)
Lm"T+L Lmaz +z
> 1 )
U; (p y U5
< Pr(=5 + =5
b
z 3+ ¢—j)
(similar to CBFQ)
service No No yes
differentiation
complexity O(log(n)) ¢ o(n)d O(1)

aDHOL,VVFQ,e is the new queue delay under error-free WFQ, M is the minimum number of lagging slots of all flows other than flow e,
and T, (ar41) is the maximum time it takes for flow e to have its (M + 1)th good slot starting from any time ¢. [12]

b

a;(t1,t2) is the service in time that flow i receives during (¢1,¢2), ¢; is the weight of flow i, U;(p) is the estimated cost for user i to

transmit the pth packet, L7*** is the maximum packet length of flow 4. [13]

“n is the total number of packets in the system
4] is the total number of flows in the system

By rearranging (17), we have

=1 q(pna q P (P Pr) _ R
) + pi7)+n + pP17) — RT
»o dor_ind(n? + pir) (n” + pP1) as8)
R—-Y" 1 napa
and the result in Theorem 1 is proven. |

Theorem 1 explicitly gives the delay bound for a nonreal-
time packet provided by the OSBM scheduling algorithm. The
delay bound is closely related to the population of flows (n?),
the leaky bucket parameters p’ and o/, the delay imposed by the
core network, and the EDC R. Given the required end-to-end
delay D?f ., and the estimated delay in the core network DP?,
(6) may also be used to control the number of flows of each
priority that can be admitted in the network.

B. Comparison With the Existing Scheduling Algorithms

Table I shows the features of OSBM, the idealized wireless
fair queuing (IWFQ) [12], and the wireless credit-based fair
queuing (WCFQ) [13]. IWFQ and WCFQ are chosen as the
benchmark algorithms because they are well known and they
tackle the same scheduling problem over wireless downlink as
OSBM does. From the table, it can be seen that OSBM is a
simple yet effective scheduling algorithm compared with the
other two algorithms.

V. NUMERICAL RESULTS

In this section, we present the simulation experiments con-
ducted to compare the performances of WCFQ, IWFQ, and the
proposed OSBM scheduling schemes. For illustration purposes,
the cost functions in WCFQ are set to generate an infinite
discrepancy under different channel conditions [13]. In other
words, WCFQ simply selects the user with the best channel in
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Network configuration of the simulation experiments.

flow_rt 3 i~~

n

Fig. 5.

this experiment. On the other hand, since a direct implemen-
tation of the IWFQ algorithm is not realistic, and the authors
of [12] have proposed the WPS algorithm to approximate the
idealized IWFQ algorithm while addressing several implemen-
tation issues, we have chosen to implement the WPS algo-
rithm instead of IWFQ and compare the performances between
WCFQ, WPS, and OSBM. In addition, we have implemented
the conventional static priority queuing (SPQ) algorithm as a
benchmark that does not consider the quality of the wireless
channel in the scheduling process. The experiments are done
using ns-2 [21], and the network configuration in this simula-
tion is shown in Fig. 5.

As shown in Fig. 5, four mobile hosts (i.e., d1, d2, d3,
and d4) share the wireless downlink from the base station.
Between each of the four source—destination pairs (i.e., s1-dl,
s2—d2, s3—d3, and s4-d4), four communication sessions are
established, including two real-time sessions and two nonreal-
time sessions. Real-time traffic sources in Fig. 5 are constant
bit rate traffic provided by ns-2. Nonreal-time traffic sources are
exponential traffic provided by ns-2. The total input traffic load
is adjusted by tuning the interpacket interval and the average
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packet size. The buffer size is set to 200 packets for all of the
four scheduling schemes, and the other parameters for OSBM
are as follows: delay threshold is 100 ms for real-time packets,
and the channel threshold is pty = 1.3 u1. WCFQ, WPS, SPQ,
and the proposed OSBM scheduling schemes are respectively
implemented by the base station, and the performances of the
algorithms are compared in terms of the average packet delay,
link throughput, and fairness, as shown in Figs. 6-8.

Fig. 6 shows the average packet delay as a function of the
traffic load when OSBM, WCFQ, WPS, and SPQ schedulers
are, respectively, used. The advantage of channel-aware sched-
uling algorithms (i.e., OSBM, WCFQ, and WPS) is obvious

because their average packet delay is much lower than that of
SPQ. In this figure, the average packet delay for OSBM real-
time sessions is very low, even when the traffic load is heavy.
By contrast, the average packet delays for WCFQ and WPS are
much longer than that for OSBM in most traffic conditions.

Fig. 7 shows the link throughput achieved by OSBM, WCFQ,
WPS, and SPQ, respectively, where the link throughput is
defined as the total number of data bits that are delivered to
the destination. In general, the link throughput achieved by
channel-aware schedulers (i.e., OSBM, WCFQ, and WPS) is
much better than that of SPQ. Among the three channel-aware
schedulers, OSBM and WPS have similar throughput. WCFQ
achieves a better throughput than WPS and OSBM but at the
cost of starvation of users with constant poor channels [12].

To keep the implementation simple, OSBM provides
priority-based sharing of the wireless bandwidth. However, for
flows within the same priority, OSBM does not have explicit
fairness rules; therefore, the bandwidth is shared by users
within the same priority based on the traffic arrival pattern. As
a result, admission control and traffic policing are necessary
to make sure that no malicious user is allowed to send excess
packets to deplete the link bandwidth. Fig. 8 illustrates that
well-controlled users at the same priority level can fairly share
the link bandwidth in the OSBM, WCFQ, and WPS schedulers.

From the aforementioned observation, we can conclude that
OSBM performs well in adapting to the changing channel con-
ditions of the wireless link. It is able to provide differentiated
services to real-time and nonreal-time applications in terms
of packet delay. Compared with WCFQ and WPS, OSBM is
easy to implement and is more suitable for applications where
prioritized services must be provided.

VI. CONCLUSION

In this paper, OSBM is proposed to provide differentiated
services to support real-time and nonreal-time applications. The
OSBM algorithm uses a novel queue management technique
to accommodate the changing channel conditions and delay
constraints of real-time data. A proactive packet discard mecha-
nism is used to make more efficient use of the wireless channel.
OSBM is a channel-state-dependent scheduling algorithm with
provable delay bounds and reasonably high link throughput.
More importantly, since OSBM involves no complex online
computation, it is very efficient and easy to implement in an
operational environment.

REFERENCES

[1] P. Bender, P. Black, M. Grob, R. Padovani, N. Sindhushayana, and
A. Viterbi, “CDMA/HDR: A bandwidth-efficient high-speed wireless
data service for nomadic users,” IEEE Commun. Mag., vol. 38, no. 7,
pp. 70-77, Jul. 2000.

[2] M. Andrews, K. Kumaran, K. Ramanan, A. Stolyar, R. Vijayakumar, and
P. Whiting, “Providing quality of service over a shared wireless link,”
IEEE Commun. Mag., vol. 39, no. 2, pp. 150-154, Feb. 2001.

[3] S. Shakkottai and A. Stolyar, “Scheduling algorithms for a mixture of

real-time and non-real-time data in HDR,” in Proc. 17th ITC, Sep. 2001,

pp- 793-804.

F. Long, G. Feng, and C. K. Siew, “Channel states dependent fair service:

A new packet scheduling algorithm for CDMA,” Comput. Netw., vol. 49,

no. 2, pp. 201-216, Oct. 2005.

[4

=

Authorized licensed use limited to: University of South Australia. Downloaded on July 22, 2009 at 22:40 from IEEE Xplore. Restrictions apply.



TANG et al.: PROVIDING SERVICES OVER SHARED WIRELESS DOWNLINK THROUGH BUFFER MANAGEMENT 555

[5] A. K. Parekh and R. G. Gallager, “A generalized processor sharing ap-
proach to flow control in integrated services networks: The single-node
case,” IEEE/ACM Trans. Netw., vol. 1, no. 3, pp. 344-357, Jun. 1993.

[6] J. Bennet and H. Zhang, “WF2Q: Worst case weighted fair queuing,” in
Proc. IEEE INFOCOM, Mar. 1996, pp. 120-128.

[7] P. Goyal, H. M. Vin, and H. Cheng, “Start-time fair queuing: A scheduling
algorithm for integrated services packet switching networks,” IEEE/ACM
Trans. Netw., vol. 5, no. 5, pp. 690-704, Oct. 1997.

[8] D. Stiliadis and A. Verma, “Latency-rate servers: A general model for
analysis of traffic scheduling algorithms,” IEEE/ACM Trans. Netw., vol. 6,
no. 5, pp. 611-624, Oct. 1998.

[9] P. Ramanathan and P. Agrawal, “Adapting packet fair queuing algorithms
to wireless networks,” in Proc. ACM MOBICOM, Dallas, TX, Oct. 1998,
pp. 1-9.

[10] P. Bhagwat, P. P. Bhattacharya, A. Krishna, and S. K. Tripathi, “Enhancing
throughput over wireless LANs using channel state dependent packet
scheduling,” in Proc. INFOCOM, 1996, pp. 1133-1140.

[11] C. Fragouli, V. Sivaraman, and M. B. Srivastava, “Controlled multi-
media wireless link sharing via enhanced class-based queuing with
channel-state-dependent packet scheduling,” in Proc. INFOCOM, 1998,
pp- 572-580.

[12] S. Lu, V. Bharghavan, and R. Srikant, “Fair scheduling in wireless
packet networks,” IEEE/ACM Trans. Netw., vol. 7, no. 4, pp. 473-489,
Aug. 1999.

[13] Y. Liu, S. Gruhl, and E. Knightly, “WCFQ: An opportunistic wire-
less scheduler with statistical fairness bounds,” IEEE Trans. Wireless
Commun., vol. 2, no. 5, pp. 1017-1028, Sep. 2003.

[14] T. Ng, I Stoica, and H. Zhang, “Packet fair queuing algorithms for wire-
less networks with location-dependent errors,” in Proc. INFOCOM, 1998,
pp. 1103-1111.

[15] H. Sariowan, R. L. Cruz, and G. C. Polyzos, “SCED: A generalized
scheduling policy for guaranteeing quality-of-service,” IEEE/ACM Trans.
Netw., vol. 7, no. 5, pp. 669—684, Oct. 1999.

[16] 1. Stoica, H. Zhang, and T. Ng, “A hierarchical fair service curve algo-
rithm for link-sharing, real-time, and priority services,” IEEE/ACM Trans.
Netw., vol. 8, no. 2, pp. 185-199, Apr. 2000.

[17] S. Ayyorgun and R. L. Cruz, “A composable service model with loss and
a scheduling algorithm,” in Proc. INFOCOM, 2004, pp. 1950-1961.

[18] S. Wang, D. Xuan, R. Bettati, and W. Zhao, “Providing absolute dif-
ferentiated services for real-time applications in static-priority schedul-
ing networks,” IEEE/ACM Trans. Netw., vol. 12, no. 2, pp. 326-339,
Apr. 2004.

[19] A. Demers, S. Keshav, and S. Shenker, “Analysis and simulation of a fair
queuing algorithm,” in Proc. ACM SIGCOMM, Sep. 1989, pp. 1-12.

[20] B. Bensaou, D. Tsang, and K. T. Chan, “Credit-based fair queuing
(CBFQ): A simple service-scheduling algorithm for packet-switched net-
works,” IEEE/ACM Trans. Netw., vol. 9, no. 5, pp. 591-604, Oct. 2001.

[21] The Network Simulator—ns-2. [Online]. Available: http://www.isi.edu/
nsnam/ns/

[22] H. Jiang, W. Zhuang, and X. S. Shen, “Cross-layer design for resource
allocation in 3G wireless networks and beyond,” IEEE Commun. Mag.,
vol. 43, no. 12, pp. 120-126, Dec. 2005.

[23] A. Gyasi-Agyei and S.-L. Kim, “Cross-layer multiservice opportunistic
scheduling for wireless networks,” IEEE Commun. Mag., vol. 44, no. 6,
pp. 50-57, Jun. 2006.

Junhua Tang (M’02) received the B.Eng. and Ph.D.
degrees in electrical and electronic engineering from
Shanghai Jiao Tong University, Shanghai, China, in
1994 and 1999, respectively.

She is currently an Associate Professor with
the School of Information Security Engineering,
Shanghai Jiao Tong University. From April 1999 to
November 2000, she was a Research Fellow with
the School of Electrical and Electronic Engineer-
ing, Nanyang Technological University, Singapore.
From November 2000 to December 2001, she was a
Technical Consultant with Lucent Technologies Singapore Pte Ltd., Singapore.
From January 2002 to March 2007, she was a Teaching Fellow and then an
Assistant Professor with the School of Electrical and Electronic Engineering,
Nanyang Technological University. Her research interests include QoS in both
wireline and wireless networks, wireless sensor networks, and network security.

Gang Feng (M’01-SM’05) received the B.Eng. and
M.Eng. degrees in electronic engineering from the
University of Electronic Science and Technology of
China, Chengdu, China, in 1986 and 1989, respec-
tively, and the Ph.D. degree in information engineer-
ing from The Chinese University of Hong Kong,
Shatin, Hong Kong, in 1998.

He joined the School of Electric and Elec-
tronic Engineering, Nanyang Technological Univer-
sity, Singapore, in December 2000 as an Assistant
Professor and was promoted to Associate Professor
in October 2005. Before that, he worked for about one year with the Depart-
ment of Electronic Engineering, City University of Hong Kong, Kowloon,
Hong Kong, as a Postdoctoral Fellow. He is currently a Professor with the
National Key Laboratory of Communication, University of Electronic Science
and Technology of China. He has extensive research experience and has pub-
lished widely in computer networking research with contributions to routing,
buffer management, traffic control, multicast protocols, etc. He has recently
branched out to work on packet scheduling, admission control, and resource
allocation in multi-service wireless networks, wireless mesh networks, and
UWB networking.

Chee-Kheong Siew (M’93) received the B.Eng. de-
gree from the University of Singapore, Singapore,
the M.Sc. degree from Imperial College, London,
U.K., and the Ph.D. degree from Nanyang Techno-
logical University (NTU), Singapore.

He worked in industry for about six years before
joining academia in 1986 and has been an Asso-
ciate Professor with the Department of Electrical
and Electronic Engineering, NTU, since 1999. From
1995 to 2005, he was the Head of the Information
Communication Institute of Singapore, NTU. He has
served as a reviewer for journals such as the IEEE TRANSACTIONS ON
NETWORKING and the International Journal of Communication Systems. He
has published about 90 refereed papers, including more than 40 journal papers.
His research interests include QoS provisioning, packet scheduling, admission
control, congestion control, multicasting, and intelligent networks.

Prof. Siew has served as a Technical Program Committee Member in various
conferences, such as the 2005 Association for Computing Machinery Special
Interest Group on Data Communications (SIGCOMM) Asia Workshop, the
2006 IEEE Conference on Computer Communications (INFOCOM), and the
2006 International Conference on Broadband Communications, Networks, and
Systems (BROADNETS).

Liren Zhang (SM’06) received the B.Eng. degree
from Shandong University, Jinan, China, in 1982,
the M.Eng. degree from the University of South
Australia, Adelaide, Australia, in 1988, and the Ph.D.
degree from the University of Adelaide in 1990, all
in electrical engineering.

He is currently a Professor with the Defence
and System Institute, University of South Australia.
From 1995 to 2007, he was an Associate Professor
with Nanyang Technological University, Singapore.
From 1990 to 1995, he was a Senior Lecturer with
the Department of Electrical and Computer Systems Engineering, Monash
University, Clayton, Australia. He has a vast experience as an Engineer, an
academic, and a researcher in the fields of network modeling and perfor-
mance analysis, teletraffic engineering and network characterization, optical
communications and networking, network resource management and quality
of services control, video communications over next-generation Internet,
wireless/mobile communications and networking, switching and routing algo-
rithm, ad hoc networks, radio frequency and electrooptical sensor networks,
and information assurance and network security. He is an Associate Editor
of the Journal of Computer Communications and the Editor of the Journal
of Communications, Journal of Networks, and Journal of Multimedia. He is
the author or coauthor of more than 150 papers published in international
journals and conference proceedings. His current research focuses on the
modeling and performance analysis of telecommunication networks in the
defense system.

Authorized licensed use limited to: University of South Australia. Downloaded on July 22, 2009 at 22:40 from IEEE Xplore. Restrictions apply.



