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ABSTRACT

The design of an efficient base station scheduler with the
ability to support different kinds of IP traffic, ranging from
conventional data to real-time IP services plays a crucial
role in the all-IP convergence goal of next-generation cellular
systems. In this context, we first consider the basic network
utility based data (rate) scheduler and extend it to a more
generic, unified scheduler, capable of handling heterogeneous
(data and voice) traffic types and their respective parameters
(rate, delay and jitter). More importantly, we then consider
the case where both the base station and mobile users are
equipped with multiple sub-channels as in OFDM systems.
The introduction of multiple sub-channels exponentially in-
creases the search space for scheduling decisions as well as
significantly increases the feedback overhead. To reduce the
complexity of scheduling and the feedback overhead with-
out sacrificing appreciably on performance, we propose a
parameter-based optimization. While such an optimization
does not reduce the complexity and overhead in single chan-
nel systems, we show that it has the potential to signifi-
cantly reduce complexity and overhead in multiple channel
systems. This is achieved in the form of a unified schedul-
ing algorithm that identifies and exploits specific transmis-
sion strategies that optimize individual parameters. This is
verified through comprehensive evaluations in a packet-level
event-driven network simulator.

Categories and Subject Descriptors

C.2.1 [Network Architecture and Design]: Wireless Com-

munication

General Terms

Design, performance, algorithms

1. INTRODUCTION

Next generation cellular systems are aimed at adopting
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advanced technologies like multiple-input multiple-output

(MIMO) and orthogonal frequency division multiplexing (OFDM)

for providing improved network services and aiding in the
convergence towards an all-IP network. One of the key re-
quirements in such an endeavor, is to have an efficient sched-
uler at the base station that is capable of effectively using the
available network resources to satisfy heterogeneous user re-
quirements ranging from data to VoIP, streaming, etc. This
in turn, characterizes the two main components of an effi-
cient scheduler design, namely, (i) accommodation of hetero-
geneous traffic types (parameters), and (ii) exploitation of
physical layer degrees of freedom (DoF') like OFDM, MIMO,
etc. for improved network performance. In this context, we
focus on OFDM-based systems that carry data and voice
traffic with an emphasis on rate, delay and jitter parame-
ters.

There exist several scheduling rules for individual traffic
types and their respective parameters like rate, delay, etc.
[7, 11, 8, 3, 2]. However, when it comes to heterogeneous
traffic (eg. mixed data and voice flows), there are few sched-
ulers available [4, 12, 5]. Even among these heterogeneous
schedulers, most of them do not provide the ability to flex-
ibly trade-off resources between the different traffic types.
This critically limits the ability to provide fine-grained QoS,
which is a key requirement for next-generation cellular net-
works. Further, while the packet-level schedulers exploit the
inherent multi-user diversity (MUD) [6] present in the sys-
tem, they fail to exploit the physical layer DoF like multiple
sub-channels, antennas, etc. On the other hand, there are
several scheduling rules designed in the physical layer that
operate at a much finer granularity of bits and are focused
primarily on exploiting the multi-user diversity as well as the
physical layer capabilities [15, 13, 16]. However, they are
limited in the parameters they optimize to predominantly
rate and losses; and do not account for the increased com-
plexity and overhead resulting from exploitation of DoF or
sophisticated fairness models across users. Thus, the goals
of this work and hence the contributions are two-fold:

e Design of a unified scheduler capable of handling het-
erogeneous traffic.

e Design of a scheduler capable of efficiently exploiting
multiple sub-channels at the physical layer, albeit at a
lower cost of complexity and overhead.

Specifically, the unified framework is designed on the ba-
sis on network utility maximization. It extends the existing
utility based throughput optimization for best effort data



traffic [10, 13] to a more unified framework, capable of ac-
commodating multiple traffic types that belong to different
QoS classes, with the ability to effectively tradeoff resources
between them. It is also capable of optimizing multiple pa-
rameters (rate, delay, jitter, etc.) in tandem along with
desired fairness model. The scheduler is then extended to
the case where both the base station and mobile users are
equipped with multiple channels. The ability to leverage
the advantages of OFDM sub-channels also exponentially
increases the search space for scheduling decisions as well
as significantly increases the communication overhead. To
reduce the complexity of scheduling and the communication
overhead without sacrificing appreciably on performance,
we propose a parameter-based optimization. We show that
while such an optimization does not reduce the complexity
and overhead in single channel systems, it has the potential
to significantly reduce complexity and overhead in multi-
ple channel systems (MCS). This is achieved in the form of
a unified scheduling algorithm that identifies and exploits
specific transmission strategies that optimize individual pa-
rameters. The proposed scheduler for MCS significantly re-
duces complexity and communication overhead, while per-
forming reasonably close to the optimal scheme. This is
verified through comprehensive evaluations in a packet-level
event-driven network simulator.

The rest of the paper is organized as follows. Section 2
presents the system model that will used for reference in the
rest of the paper. Section 3 presents the design of the uni-
fied scheduling framework. The scheduler design for multiple
channels is presented in Section 4. The design of both the
scheduling framework and the efficient algorithms are eval-
uated in Section 5. Related work in literature is presented
in Section 6, followed by concluding remarks in Section 7.

2. SYSTEM MODEL

We consider an OFDM-based single-cell cellular system.
While the design of the scheduler applies to both down-
link and uplink systems, we present the scheduler design
in the context of a downlink system. The users are uni-
formly located within the cell radius. The distribution of
users automatically generates asymmetry in user channel
rates, while the mobility of users induces Rayleigh fading
and consequently provides potential for multi-user diversity.
The presence of multiple sub-channels at the BS and MS
provides an additional degree of frequency diversity.

Multiple users, each capable of receiving data or voice
flows and hence interested in one or more parameters (rate,
delay, jitter) are considered. Users could belong to different
traffic QoS classes, and even within a single traffic class,
users could have different priorities based on their traffic
type. We assume that the BS has a buffer for each of the
users that it services. In addition to this, we assume that
each user has a finite virtual buffer at the base station for
each of the different traffic types that it services. If there
are multiple flows for a user of a single traffic type, they
will share the same virtual buffer. Further, the voice flows
are assumed to be time-sensitive with a maximum tolerance
level for packet delay and jitter. Any packet that violates
these requirements is considered to be equivalent to a lost
packet.

With multiple channels at both the base station and user
terminals, single user (operating on all channels) as well
multi-user (operating on a subset of channels) transmis-

sion strategies are considered. A K-user frequency selective
broadcast fading channel is considered for the system. P
represents the maximum power used by BS for its trans-
mission, which is split equally across all sub-channels. The
fading processes are assumed to be independent across users.
Note that a sub-channel could correspond to a single carrier
or a bunch of contiguous carriers as considered in practical
systems. Since our scheduler is not specific to any particular
receiver processing scheme, we consider the Shannon capac-
ity for the different transmission strategies as the model for
instantaneous channel rate estimation, namely

re(k) = log, (1 + §7|€I\fk((];ll))| >

where Hy(f¢) and Ni(fe) represent the channel and noise
frequency response for user k on sub-channel £.

3. UNIFIED SCHEDULING FRAMEWORK

We resort to a network wutility based framework for de-
signing a unified scheduling algorithm. Utility refers to the
amount of satisfaction perceived by an end-user/application
for a certain amount of network resources received and hence
directly captures end-user performance. Further, when max-

imizing a set of concave utility functions of all increasing/decreasing

preferences, the nature of the utility function chosen auto-
matically determines the nature of the fairness model that
results in the system [10]. Utility based scheduler designs
have been popular for throughput (rate) optimization of
data traffic [10, 13]. In this section, we extend such designs
to a unified utility framework for scheduling heterogeneous
IP traffic in tandem, where the utility functions for differ-
ent traffic types can be captured by concave, differentiable
functions. This is a reasonable assumption for most of the
common application requirements of data, voice and video
for the parameters of rate, delay, and jitter. We consider
the following notations in the rest of our discussions.

e F': number of traffic types in the system

e S: a potential set of users to be scheduled in a given
slot

o fi: f'* traffic flow type of user k
o Uy ¢(z): utility of user k for parameter z of traffic f

® 75, dk, Ji: instantaneous rate, delay and jitter for user
k

o 75, dr, Tx: average rate, delay and jitter for user k
e Lj: packet size for user k
e «y: priority weight for traffic f within any class

e [: priority weight of user k based on the traffic class
3.1 Unified Scheduling Rule

The goal is to perform scheduling such that it maximizes
the aggregate utility of the network.

K F
max ¢ > Bk asUpk
F=1

k=1

Given the nature of utility functions, it can be shown that
the system has a unique optimum, which in turn can be



achieved by the scheduler following the steepest gradient [1]
or the maximum marginal utility in every slot. Thus, the
schedule for each time slot (At) can be given in terms of the
net marginal utility as,

_ — + _
Smaz = arg max {AU,} = arg max Z(AU)k )
k€S les

Note that the net marginal utility gain for a schedule is
captured by not just the utility gains of the schedules users
but also by the utility losses of the non-scheduled users.

Without loss of generality, we assume that a set of users
can be scheduled in a given slot depending on the num-
ber of sub-channels available at the physical layer. Further,
each user has a set of queues at the network layer, one each
for the different traffic types that could belong to different
QoS classes. We assume that as long as a user has a wait-
ing packet in its queues, the network layer first determines
which of its different traffic types will contend for the time
slot. Then, comes the second phase where the MAC layer
determines the specific set of users for transmission on the
sub-channels from the contending set of users. Thus, arbi-
tration of resources follows a two-step scheduling process:

Step 1: Intra-user Scheduling

Every user servicing multiple flow types, identifies the spe-
cific flow type that will generate the maximum marginal
utility if scheduled and allows it to contend for the slot.

Py
fi = arg max {ay(AU)k,s} = arg max { ?J_Z Z(AU),CM}
p=1

where Pj corresponds to the total number of parameters
relevant to the chosen flow f of user k.

Step 2: Inter-user Scheduling

Having chosen the traffic type for every backlogged user,
the BS then identifies the specific set of users to be scheduled
that will generate the maximum marginal utility in a similar
manner. On simplification, we have (see [14]),

_ Bragrk
Smam—argmgx{; TP, ZU i)' (0ps) (1)

where dp; corresponds to the change in parameter p; for
a single packet transmission duration at time t; o = ay»
corresponds to that of traffic type fi of user k from intra-
user scheduling.

3.2 Individual Scheduling Rules

The unified scheduling rule for heterogeneous traffic can
be used to derive individual scheduling rules for specific
traffic types/parameters, namely average rate (throughput),
packet delay and packet jitter after some analysis (see [14]).
All users are assumed to contain flows of the same traffic
type with a single parameter of interest (ay = 1).

arg max {Z BrUy (757 (t)}

keS

Srate

Sdelay = arg max {Z ﬁk Uk (d ) i (t) ( )}

keS

P t) _
Sjitter = argmgx{%ﬂkUk(Jk)rlz(k)Jk(t)}

> (Aav);

Further, substituting back the appropriate dp(t) for the dif-
ferent traffic types into Equation 1, we can obtain the final
simplified form of the unified scheduling rule as well.

For the scheduler to make decisions, information on the
following parameters will be required for each user k, namely
r(t), 7% (t), di(t), and i3 (t). While, the instantaneous rate
for each user is fed back in the form of channel quality in-
dicator (CQI), the average values of the parameters can be
kept track at the BS itself as follows.

mi(t) = (=)t = 1) +yr(t)

dr(t) (1 +7)dg(t — 1) — yde(t)

Dy (t) T+t —1) = yIk(t)
‘While instantaneous rate and jitter can be measured at the
BS, instantaneous delay can be estimated from queuing de-

lay, assuming the wireless hop forms the bottleneck in flow’s
path.

o~
|

3.3 Fairness

While the nature of the utility functions helps provide fair-
ness across flows of the same type, Bx provides service dif-
ferentiation across users. However, neither of them account
for fairness across flows of different traffic types, thereby
causing the scheduler to bias towards flows of certain types.
This is because, different parameters provide different lev-
els of marginal utility for the same amount of network re-
sources allocated. «y can help address this issue. ay as a
priority weight, should not just account for service differenti-
ation across traffic types but also for fairness between them.
This is achieved by considering a¢ to be composed of two
components, oy, and oy .. a5, would capture the service
differentiation (QoS) required by the flow type, and af .
would capture the normalization of the flow’s parameter (x)
to the basic network allocation resource (say, bandwdith),
with the parameter that requires a higher network resource
to achieve a certain desired utility being provided a higher
ay,; to eliminate scheduler bias. Now, by maximizing the
aggregate weighted utility of all the flows, service differenti-
ation is incorporated, while a system-wide notion of fairness
is also provided both within and across traffic types. For eg.,
if a logarithmic utility function is considered for the differ-
ent traffic parameters, then weighted proportional fairness
is achieved in the sytem.

4. DOWNLINK SCHEDULING WITH MUL-
TIPLE CHANNELS

While the unified and individual scheduling rules were
generically designed and hence would directly apply to mul-
tiple channels as well, the complexity of the solution and
the communication overhead involved plays a vital role in
such multiple channel systems (MCS). In the case of single
channel systems (SCS), the feedback overhead for making
scheduling decisions is O(K); also the number of possibil-
ities for the schedule is equal to just the number of users,
(%). This keeps the running time complexity of the schedul-
ing algorithms within reasonable limits to allow for repeated
execution at every frame transmission. However, for MCS
(with A channels), this is not the case.

While both single-user (SU) and multi-user (MU) strate-
gies exploit MUD from user moblhty, the SU strategy re-
quires the feedback of only Ez 1 7e(k) from each user k,



thereby resulting in an overhead of only O(K) and a running-
time complexity of (11() But the SU strategy lacks in perfor-
mance, since in addition to MUD, MU strategies also provide
frequency (channel) diversity. However, to obtain the maxi-
mum gain possible from diversity, every MS k would have to
send back, CQI; = r¢(k), V¢ € {1, .., A}, which is a signifi-
cant overhead of the order of O(K A). Also, the complexity
of the scheduling algorithm at the BS would now require a
search over a much larger space of ( ) potential schedules,
diminishing its ability to be executed at the granularity of
frame transmissions. Hence, the focus is now to exploit the
derived scheduling rules through an efficient, unified schedul-
ing algorithm that aims to retain the performance reason-
ably close to that of the ideal scheme although at signifi-
cantly reduced complexity and communication overhead.

4.1 Parameter-based Optimization

Recall the two-stage optimization process for scheduling.
Extending this to multiple channel systems, we have,
Step 1: Intra-user Scheduling

Py
* afqTk,
fr = arg mﬁX{% Zaf,p,-Uk,f(Pi)'@pi)} , Vk

i=1

Tk,sU represents the rate corresponding to all the channels
being used (SU strategy). In deciding the single contending
flow for each user (at the network layer), since the channel
conditions for the different flows are the same for a given
user, one does not need to consider multiple strategies in
this decision. However, once the contending flow from each
user has been decided, it then becomes the responsibility of
the MAC layer scheduler to perform inter-user scheduling,
taking into account multiple communication strategies to

optimize network performance.
Step 2: Inter-user Scheduling

S =
Uo arg méax { Z

BTk, vy, Tk, v, ok X !
T L.P Zak,pi Uk, v, (i)' (0p3)
(k,vi)ES kT k i=1

K
> Iiwyve(m) <1, Vm € {1,2,..., A}
k=1
where S < {(k,vg)} k€ {1,..,K} v, € V ={(0..0),..,(1..1)}

and aj ,,, = afr g @z p;- V represents the set of all possible
assignments of A channels to a user; vy represents a vector
of A boolean variables denoting the specific assignment of
the A channels to user k with rg ,, representing the aggre-
gate rate for the specific channel assignment. Note that,
S8 Tk vy vk (m) < 1, where Iy, ,, is a boolean indicator,
ensures the orthogonality constraint, whereby no channel is
assigned to more than one user. Thus, a schedule S con-
sists of a vector of (user, channel assignment) pairs that
specifies the set of users to be scheduled along with their re-
spective strategy for transmission (number of channels and
specific channel indices for each scheduled user). Solving
the above formulation would provide us the optimal sched-
ule that maximizes the aggregate network utility taking into
account all the parameters in tandem. However, it requires
that the scheduler first get feedback from all K users on their
A channels each (overhead of O(K A)). Then the scheduler
needs to search a space of ( A) potential schedules to iden-
tify the optimal one.

We now propose an alternative approach to obtaining a
good schedule at a reduced complexity and overhead. We

refer to this approach as the parameter-based optimization
(PO) as opposed to the aggregate utility based optimiza-
tion (UO) above. In PO, we focus on optimizing the specific
parameter that provides the maximum marginal utility in
every slot. This is in contrast to UO, where all parameters
are optimized in tandem. While PO does consider marginal
utility of user as the metric for deciding the specific parame-
ter to optimize in each slot, the focus is still on isolating and
optimizing an individual parameter in each slot as opposed
to aggregate utility of all parameters in UQ. The formulation
for PO can be given as,

Sro = arg max {AUGs, mae }» €412, P}
p maz
AU _ Z ﬂkrk 'Uka Vi Zk U ( )1(6 )
(Sp; Jmax — Hax Qk,p; Uk,vp, \Pi) (0Di
=1

Pi | (&, vy )ESp; LeFe

K
> Ikwve(m) <1, Vme{1,2,..,A}
k=1

Sp;  {(kp;, Vi,p;)} kp; € {pi relevant users} vip, €V

Note that, in the PO formulation, we have decomposed
the problem into sub-problems that are specific to individual
parameters (p;). The entire search space (set) of users is now
decomposed into subsets of users based on their relevance to
individual parameters. The individual parameters are then
optimized over their respective subset of users. S(p;) now
represents a schedule that is a vector of (user, channel as-
signment) pairs, where the users considered are only those
that require p; as a parameter of optimization. P represents
the total number of parameters in the system. A single
user can also be a part of multiple sub-problems by virtue
of requiring optimization of multiple parameters. The for-
mulation, thus identifies the maximum marginal utility for
each of the parameters along with the corresponding sched-
ule (S(pi)maz) in the first step. In the next step, it selects
the specific parameter along with its corresponding schedule
that provides the maximum marginal utility among all the
parameters considered. This in turn forms the final schedule
for transmission in each slot. Due to the presence of system
and channel dynamics, PO’s optimization of an individual
parameter in each slot, will make it sub-optimal to UO. But
the key focus here is to identify if the sub-optimality of PO
has the potential to reduce the complexity and overhead in-
curred in UQO in MCS.

In PO, since the problem is decomposed into optimizing
individual parameters, it is possible to reduce the complex-
ity and overhead if we can identify specific communication
strategies that optimize specific traffic parameters. In this
case, the assignment vector vy, for each of the parameter
optimizations does not have to span the entire set V' but
will have to span only subsets of it, depending on the spe-
cific strategies. This would reduce not just the complexity
but also the feedback overhead. In the rest of this work, we
focus on applications involving data and voice flows over IP,
and hence consider the parameters of average rate (data),
and delay and jitter (voice) for optimization.

4.2 Strategies Optimizing Individual Param-
eters

Consider the two extremes of strategies possible, SU with
lowest complexity-overhead but also lowest diversity gain,



and MU, (A users with one channel each) with largest di-
versity gain but also largest complexity-overhead.

421 Delay

Inherent Potential: Initially assume that there is no
fading across channels and hence no additional gain of fre-
quency diversity for MU4 over SU. Now, it can be shown
that the SU strategy has an inherent potential for optimizing
packet delay as opposed to MU 4. Consider K packets of the
same size L meant one each for K users (Figure 1(a)). Let
the BS and MS have A channels each and let the transmis-
sion rate on individual channels be the same rj for user k.
For simplicity, assume K = A and that users have the same
resulting rate (rx = r,Vk). In SU, the packets for the K
users are sent sequentially but using all channels, resulting in

: CTE LR (k41
the following average delay per packet: =k=lAr — =),

On the other hand, in MU 4, the packets for the K users are
sent in parallel using (in this case) only one channel each,

K
resulting in an average delay of: Z’“;—l% = % Since K = A,
we have Dsy = %% and Dyy = %, thus resulting in an
inherent potential for the sequential transmission in SU to
favor average delay over the parallel transmissions in MU 4
(Dsv < Dmuy)-

Alleviation of Buffer Effects: More importantly, the
scheduling decision for the head-of-line (hol) packet impacts
the delay of not just itself but all the other packets behind
it in the queue. This is a key difference from rate and jitter.
Hence, the cumulative effect of buffered packets plays a key
role in the optimization of the delay parameter. Consider a
system of K users in steady state, where the delays of all
users are kept low with almost empty buffers. Now assume,
that the instantaneous rate of user k, r;, goes down below
the incoming traffic rate R for a period of time due to a
deep fade and then comes up. This causes user k’s buffer to
accumulate rapidly during that period. Let the buffer size
of user k after the fade be B packets. User k now needs to
be scheduled to help optimize its increased delay. Consider
a delay specific scheduling rule. In MUy,b, in addition to
user k, A — 1 other users will be scheduled in every slot,
though they might not need optimization as critical as user
k. The A — 1 users will help contribute to increased system
diversity although at the cost of k’s optimization. On the
other hand, in SU, all the available channels are allocated
to k for optimization. While this does not increase system
diversity, it will optimize k’s delay significantly better than
MU4 and hence outweigh the benefits of increased diversity
in MUa4.

Once again consider no fading across channels initially.
Let Bmu, indicate the number of packets for which the user
k needs to be scheduled in succession to empty the buffer in
the MU 4 strategy. Note that, the corresponding number of
packets in the SU strategy would be much lesser due to the
usage of all channels for user k. Considering the reduction
in delay in the two strategies over a period of Byy, packet
transmissions, it can be shown (see [14]) that for reasonably
moderate-large number of channels,

LyBuuy, r. — R
wia- (252) (%)

o (- 2) {12 (2

where Wy represents the waiting delay of the hol packet.
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Comparing the two average delays, it can be seen that the
larger the number of channels available, the SU strategy will
be able to empty out the buffer much faster, after which the
incoming packets will only experience transmission delay.
Further, whenever the instantaneous rate falls close to the
traffic rate, SU has the ability to reduce delay accumulation
much better than MU 4.

Exploitation of Diversity: Now, if we were to consider
fading across the channels, the MU 4 strategy will obtain an
advantage over the SU strategy in the form of channel diver-
sity. However, the channel diversity gains will be limited due
to the incorporation of fairness through utility optimization
(as opposed to Max-Rate optimization). Even the improved
instantaneous rate from limited channel diversity only helps
the transmission delay but does not help the accumulated
queuing delay, which in turn forms the significant portion
of the packet delay in practical (moderate-high) load condi-
tions. Further, while the additional channel diversity helps
improves the net instantaneous rate of the system in MU 4,
it does not directly help optimize the user in need; conse-
quently only making the scheduling decisions in MU 4 devi-
ate more from the optimum. Also, if the channel rate of the
user goes into a deep fade for a long time, such that r, < R,
then the MU, strategy will face an exponentially increas-
ing buffer and hence packet drops. On the other hand, the
SU strategy might still be able to optimize delay as long as
Arp > R. Thus, though the MU, strategy has the addi-
tional gain from limited channel diversity, this is not suffi-
cient enough for it to overcome the inherent potential of SU
strategy along with its ability to alleviate buffer effects, in
trying to optimize the delay parameter.

Thus, SU helps optimize packet delay better than MUa.

4.2.2 Jitter and Rate

Let us first consider jitter optimization.

Inherent Potential: Consider the same scenario as in
packet delay discussion. Since packet jitter corresponds to
the (inter-packet) delay with respect to the previous packet,
consider the sequential and parallel transmission of K pack-
ets in SU and MU,4 strategies respectively to occur in peri-
odic rounds (Figure 1(b)). In SU, the sequential transmis-
sion of the K packets, results in an inter-packet separation of
K transmission delays, each at a rate of Ar. Thus, the aver-

ket ii i ; _Tha K _
age packet jitter in SU can be given as Jsy = =k A =

i—f. On the other hand, in MU,4, the packets for the K
users are sent in parallel, thereby resulting in consecutive
transmissions for each user, resulting in an inter-packet sep-
aration of one transmission delay at a rate of . Thus, the
average packet jitter in MU, can be given as, Juy, = %
With A = K, we have Jyv, = Jsu. Hence, there is no in-
herent potential for one strategy over the other in optimizing
packet jitter.

Alleviation of Buffer Effects: Packet jitter is an in-
stantaneous parameter unlike delay which is a cumulative
parameter. The scheduling decision for the hol packet im-
pacts only itself and not the subsequent packets in the buffer.
Thus, there is no necessity for alleviation of buffer effects.

Exploitation of Diversity: Since there is no inherent
potential for a specific strategy to optimize jitter as well
as there is no impact of decisions on buffered packets, it is
the transmission delay that forms the main factor in opti-
mizing jitter. Thus, both SU and MU have the same im-

pact if the instantaneous rates are the same. However, the
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Figure 1: Illustration of Strategies

MU strategies have a higher instantaneous channel rate and
hence lower transmission delay than the SU strategy, owing
to exploitation of channel diversity. Further, it is possible
that in certain instances more than one channel needs to
be assigned to a single user for the maximum exploitation
of channel diversity depending on the instantaneous channel
rates, and hence all possible MU strategies need to be con-
sidered. However, it must be noted that our purpose is not
to maximize the aggragate rate of all users but instead their
utility, whereby fairness is also taken into account. Hence,
some diversity and hence rate (transmission delay) is sac-
rificed to ensure fairness. The concave nature of the util-
ity functions for jitter/rate provides diminishing returns in
utility when multiple channels are assigned to a single user
(U(R1+ R2) < U(R1)+ U(R2)), thereby automatically pro-
viding incentives for assigning lesser channels but to more
users, which tends to one when there are large number of
users. This also helps exploit channel diversity much better
than SU.

The same arguments are applicable to rate as well. Since
the instantaneous transmission rate determines the amount
of data delivered to the user(s), the strategy that has a better
instantaneous channel rate will help optimize rate better.
Both SU and MU,4 strategies exploit MUD, but it is only
the MU 4 strategy that also exploits channel diversity, while
also considering fairness and hence optimizing utility to the
maximum extent.

Thus, considering the concave nature of the utility func-
tions as well as the potential for maximum exploitation of
channel diversity, it is the MUx strategy that helps optimize
packet jitter and rate better than SU.

Note that, we have considered only the two extreme strate-
gies of SU and MU4. Any ‘in-between’ strategy, transmit-
ting to multiple users on multiple channels, will provide a
performance in-between those of SU and MU4 for the re-
spective parameters, but will not provide the best optimiza-
tion for any of the individual parameters. Since our goal
is to isolate the different parameters and identify the corre-
sponding best optimizing strategy, it is sufficient to consider
the two extreme strategies in identifying the best one.

4.3 Scheduling Algorithm

Note that, in the PO formulation, we had decomposed
the search space of all users into subsets that are specific
to the individual parameters. However, the channel assign-
ment space was still considered to be the entire V space
for all the parameters. Now, having identified the com-
munication strategies that optimize specific parameters, we

can reduce the complexity and overhead by reducing the
channel assignment search space for each of the parameters
(p= < {pr,pda,p;}) and hence their schedule search space
Spa  {(kps,Vk,p, ), In a system of data and voice users as

follows. 4

kp, € {Voice users}, vkp, € Vp, s.t. Vk, Z Vp,pg(m) = A
m=1
A
kp; € {Voice users}, vip; € Vp; s.t. Vk, Z Vk,p; (M) =1
m=1
A
kp,. € {Data users}, vgp, € Vp, s.t. Vk, Z Vk,p,. (M) =1

m=1

Thus, we find that the channel assignment search space for
delay is restricted to vectors where the voice users are as-
signed all the A channels as in SU strategy. For jitter (and
rate), the assignment space is restricted to vectors where
the voice (and data) users are assigned only one of the A
channels as in the MU4 strategy. This reduces the com-
plexity of the scheduling algorithm. If K; and K, repre-
sent the number of data and voice users respectively, with
K4 + K, = K, then for delay, the scheduler has to con-
sider only K, potential schedules since no channel assign-
ment vector is needed for the users. For jitter and rate, the
scheduler has to consider [(%?) - A!] and [(%¢) - A!] poten-
tial schedules respectively. Thus, the total schedule search
space reduces to [K, + { (") + (%¢)} - A!], which is much
lesser than (%) incurred in the optimal scheduler.
However, each user still needs to feed back rate informa-
tion for all A channels, resulting in a feedback overhead of
O(KA). Also, the jitter and rate parameters still incur an
appreciable amount of complexity. We now alleviate both
the complexity and overhead with assistance from the mo-
bile stations. Our optimizing strategy for jitter and rate,
namely MU4 plays a crucial role in this regard. Since MU 4
requires only one channel to be eventually assigned to a user
atmost, this is further exploited to allow each mobile user,
k to feed back the rate information of only the strongest of
its A channels along with the channel index as opposed to
the rate information of all A channels. Thus, the scheduler
would then consider only the strongest of the A channels for
each user for the schedule search space, thereby significantly
reducing its complexity, while also reducing the feedback
overhead from O(KA) to just O(K). This would however
reduce the feasible (user set with orthogonal choice of anten-
nas) number of schedules and consequently tradeoff a slight
degradation in performance. But the degradation is kept




Algorithm 1 Unified Scheduling Algorithm at BS: UNI
: for all k € K do

1

2:  Obtain feedback {(Csu(k)),{Cwmu (k), Xr),}
3: if ke K, then
4

fi = argmax; {O‘f,pd(AU)k,f,pd;'af,pj (AU)k, 1,p; }
using Csy (k)

5:  end if

6: if k€ K4 then

7: fr = argmaxy {ay,p, (AU)k,s,p, } using Csu (k)

8: end if

9: end for

10: Sp, — {Set of K, voice users}

11: for all s € Sp, do
aj AU +ai (AU )

120 AUy, (s) = Syen e ( o E0a Tk ))

13: end for

14: (Spy)max = argmaxses,, {AUp,(s)}

15: (AUp,)max = maxses,, {AUp,(s)}

16: Sp; — {All feasible combinations of A distinct voice
users using vi .., Vk € Ky}

17: for all s € S); do

18: AUpj (s) = zkes Br (a:,Pd(AU)k,pd:az’Pj — )

19: end for

20: (Sp;)max = argmaxses,, {AU,; ()}

21: (AUp,)max = maXses,, {AU,; ()}

22: S,, < {All feasible combinations of A distinct data
users using vz, , Vk € K}

23: for all s € S, do

24: AUpr (S) = EkeS ﬁkaz,pr (AU)k,Pr

25: end for

26: (Sp,)max = argmaxees,, {AUp, (s)}

27: (AUp, )max = maxses,, {AUp, (s)}

28: Smax = ArgMaXse(S,, max; i€ {r,dyj} {(AUp; Jmaz}

Algorithm 2 Optimal Scheduling Algorithm: CENT
1: for all £ € K do
2:  Obtain feedback (Cmu (k), Xz),, VL€ {1,..., A}

3: if k € K, then

4

fi = argmaxy {af’pd(AU)k’f’pd;af’pj — }
using Csy (k)

5 end if

6 if £k € K4 then

7 fr = argmaxy {ayp, (AU)k,f.p, } using Csv (k)

8 end if

9: end for

0: S « {Set of all feasible combinations of A distinct users

(data+voice) out of K}

11: for all s € S do

12: s —=s4Usy

13:  AU4(s) = ZkESd ﬂkaz,pr(AU)k,pr

o AU +ai . (AU .
N I e
15:  AU(s) = AUq4(s) + AU, (s)
16: end for

17: Smax = argmaxses {AU(s)}

minimal because, whenever a potential schedule of A users
is identified to be infeasible, a good feasible schedule with a
slightly lesser number of users than A is constructed out of
the original schedule, although in a greedy manner to avoid
increase in complexity. Further, this performance degrada-
tion becomes very small when the number of users is large
compared to the number of sub-channels, as is the case in
most practical systems. Thus, the channel assignment vec-
tor for jitter and rate for a given user k is now given by a
single vector v ,,,

A
X
Uk,p = arg max {Tk,u,“,}, Vk,p € Vp, and E vpp(m) =1
k,p
m=1

This in turn reduces the potential schedule search space for
jitter and rate to (I;”) and (Ifqd) respectively, thereby result-
ing in a final schedule search space of [K, + (IZ”) + (Iid)],
which is significantly lesser than the (I;A) incurred in the
optimal scheduler. The final scheduling algorithm can be
presented as,

e Step 1: Every MS k obtains rate for SU and MU4
strategy along with its best channel index for MU4
strategy. Three elements are fed back to the BS, namely

{E?:l re(k), max,{r.(k)}, arg max,{re (k)}}

e Step 2: BS uses the feedback to generate its potential
schedule set based on the parameters considered and
then determines the best schedule.

— BS calculates the contending flow for each user
using the rate feedback of Ele re(k).

— BS calculates parameter specific schedules that
provide maximum marginal utility.

— BS calculates the final schedule as the one that
provides maximum marginal utility among the
parameter specific schedules already determined.

Algorithms 1 and 2 present our low complexity-overhead
scheduling algorithm (UNI) and the optimal algorithm (CENT)
respectively. The optimal scheduler requires that the MS
feedback rate information for all possible MU and SU strate-
gies, namely r¢(k), V£ € [1, A]. The algorithms not only
accommodate users belonging to multiple QoS classes, but
also accommodate heterogeneous traffic within a QoS class.
The marginal utilities for the different parameters can be
obtained from the expressions in Section 3.

4.4 Complexity, Overhead and Performance

The schedule search space of the proposed UNI algorithm
is [KU + (I;") + (Iff)] while that of the optimal scheme is
(%M. since (%*) > (%) - A*, UNI thus brings about a sig-
nificant reduction of the order of A” in the running-time
complexity of the scheduler, making it functional at the
granularity of frame transmissions. Further, to obtain the
optimal schedule, CENT also requires significant feedback
from the users. Let B, and B, represent the number of bits
allocated for rate and antenna index feedback respectively.
CENT would require a feedback of r¢(k), V¢ € [1, A] from ev-
ery user, resulting in a net feedback of K AB, bits. UNI, on
the other hand, incurs a feedback of only three elements from

every user, {Ele re(k), maxe{r¢(k)}, arg man{n(k)}}, re-
sulting in an overhead of K (2B, + B,) bits. Given that B,
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Figure 2: Multiple Sub-channel Scheduler: Delay and Jitter optimization

is typically much smaller than B,, UNI also provides almost
an O(A) reduction in feedback overhead when compared to
the optimal scheme.

Given that UNI provides significantly lower complexity
and performance, it is necessary to understand its sub-optimal
performance. Since UNI optimizes an individual parameter
at every slot as opposed to all parameters in tandem and ow-
ing to system and channel dynamics, it will be sub-optimal
to CENT. However, it must be noted that the gap in per-
formance will be reasonably small. This is because at each
time slot, UNI optimizes a single parameter to a much larger
extent that CENT. However, in doing so, the other parame-
ters tend to deviate from their optimal value in CENT. But
in the subsequent time slots, UNI will come back to optimize
the other parameters that have deviated from the optimum.
Its mechanism of using the best strategy for individual pa-
rameters, helps it optimize an individual parameter to a sig-
nificant extent in each slot, thereby giving it the ability to
reduce the magnitude of deviations from the optimum. This
will also be evident from the evaluation results in Section 5.

5. PERFORMANCE EVALUATION

An event-driven packet level simulator written in C++,
named queuing network simulator [9] is considered for im-
plementation and evaluation of the proposed solutions.

A single cell downlink environment is considered, where
the users are distributed uniformly in a cell of radius 600m.
The received SNR and hence the instantaneous rate at a user
is determined by its distance with respect to the BS as well
as the user’s Rayleigh and shadowing loss channel model.
Further, each user’s Rayleigh channel has a Doppler fading
equivalent to a velocity ranging from 3-10 Km/hour. A time
slot is consider to be of 5 ms duration; carrier frequency is
assumed to be 2 GHz. The peak rate for a sub-channel
is about 250 Kbps. The flows for the different users are
assumed to originate in the Internet backbone for simplicity.
UDP is considered to be the transport protocol generating
traffic. We consider data and voice as the two different traffic
types in the network. The backbone links emulate the delay
(mean = 50 ms, deviation = 10 ms) and losses (< 1%) in
the backbone Internet. The number of users vary from 1
to 20, while the number of sub-channels at the BS and MS
vary from 1 to 8. We focus on only throughput (rate) for
the data flows, while we focus on packet delay and jitter,
for the voice flows. We consider the following exponential
utility functions,

_ —(Pmaz—p)

1 — exp(=%) 1 —exp(—Fze==L2) .

U(r) = 1= o—mrmaay V) = Sy P =
1 — exp(—tmez) 1 — exp( k)

We also consider maximum thresholds for delay and jitter
(dmaz and jmaz), that are fixed at 500 ms and 50 ms respec-
tively. pp, p € {r,d,j} determine the degree of concavity of
the utility functions and are set to #%*=. The data flows are
sent at 125 Kbps and the voice flows at 64 Kbps. Note that,
no call-admission control mechanism is currently considered,
although the solutions are perfectly inter-operable with any
call admission control mechanism. We consider loads rang-
ing from low, moderate to even high to stress test the mech-
anisms. The metrics used for measurement are the average
per-user utility, average parameter (rate/delay/jitter) value
and violations (equivalent packet losses). Results are mea-
sured either as a function of increasing users or increasing
sub-channels (bandwidth). When not varied, the fixed val-
ues for users and sub-channels are maintained at 10 and 4
respectively. First, we evaluate the optimal version of the in-
dividual (parameter) and unified scheduling rules, followed
by the low complexity-overhead version of the unified rule.

5.1 Heterogeneous Traffic Parameters

We first consider a system of voice users alone. The im-
portance of having parameter-specific rules can be clearly
observed from the results in Figure 2, where the delay (D-
rule) and jitter (J-rule) rules best optimize their respective
parameters. The performance trends are consistent across
not just average parameter values but also for violations.
This indicates that while specific rules optimize specific pa-
rameters, they cannot optimize multiple parameters of vary-
ing characteristics in tandem, therbey necessitating the need
for a unified rule. It can be clearly seen that the optimal
unified rule (CENT) presents a fair balance between the two
parameters of delay and jitter, while staying close to the best
optimizing rule for the specific parameter, both in terms of
average value and violations. The superiority of the unified
rule over the individual rules is captured by the significant
gains in aggregate voice (delay-jitter) utility in Figure 3(a).

5.2 Heterogeneous Traffic Types

We now consider both data and voice flows. First we
assume that both of them belong to the same traffic class.
Since the voice flows have a higher priority over the data
flows from the same traffic class due to their time-sensitive
nature, we want the data flows to utilize network resources
only after all the requirements of the voice flows have been
satisfied. This can be clearly seen in Figure 3(b), where
the voice flows first attain their maximum utility value with
increasing number of sub-channels and only then do the data
flows use up the additional network resources to increase
their utility.
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We also consider the case where the priority of the traffic
class of data flows is gradually increased with respect to
voice flows. The combined weight of the class and flow type
of data flows is integrated into the « in Figure 3(c). For lower
values of «, priority goes to the voice flows which attain
a per-user utility of close to one. But when « increases,
the data flows start obtaining higher priority, thereby using
more network resources to increase their utility at the cost of
the voice flows. This in turn, clearly indicates the flexibility
of our unified scheduler to arbitrate resources across multiple
traffic parameters, types and QoS classes.

5.3 Low Complexity-Overhead Unified Sched-
uler

We now turn our attention to our low complexity uni-
fied scheduling algorithm (UNI) in Figures 2 and 3.While
the ideal scheduler (CENT) performs the best in optimiz-
ing multiple parameters, we find that our proposed UNI
algorithm performs reasonably close to that of the CENT
scheme. It suffers a performance degradation of about 20%
with respect to the CENT scheme under moderate to high
load conditions and the degradation is much lower in low
load conditions. Only when the load is significantly higher
than available capacity, the worst-case degradation increases
to about 40%, although the performance is still significantly
better than the individual rules. However, in the presence
of call-admission control (CAC) algorithms, this increase in
degradation will be eliminated.

While these results indicate that our UNI scheme per-
forms close to the ideal CENT scheme under typical load
conditions (moderate to high), we now show that these large
gains are obtained at a significantly lower complexity. The

number of potential schedules that need to be evaluated by
the CENT and UNI shemes before making a scheduling de-
cision at every time slot, is presented in Figures 4(a) and
(b) as a function of increasing number of users for 2 and
4 sub-channels respectively. It can be clearly seen that the
complexity of CENT over UNI increases exponentially with
increasing number of sub-channels and users (more with sub-
channels due to the complexity factor of O(A44)). Note that,
in addition to the reduction in complexity, we also have a
reduction factor of almost O(A) in feedback overhead.

5.4 Comparison against OFDM Allocations

We now compare our proposed scheduling algorithms with
the conventional dynamic sub-channel allocation algorithm
(for a given power allocation) in OFDM literature. While
there exist several sub-channel allocation mechanisms [13,
15, 16] that aim to optimize throughput performance, we
consider the centralized (optimal) version of a utility-based
solution proposed in [13]. We refer to this scheduling algo-
rithm as S-rule. Figure 5 presents the results of the compari-
son of our proposed centralized and low complexity-overhead
algorithms with that of the S-rule. The scenario consists of
a mixture of five data and ten voice flows. Since the S-
rule identifies a schedule, such that aggregate throughput is
optimized, it is incapable of handling heterogeneous traffic
with varying characteristics in tandem. This can be seen
from the aggregate utility result in Figure 5(a), where the
CENT and UNI schemes provide a much higher aggregate
utility than the S-rule. Since rate and jitter have similar
characteristics, S-rule helps reduce the transmission delay
and hence jitter indirectly, as seen in Figures 5(b) and 5(d).
But since delay has significantly different characteristics, S-
rule fails to accommodate it as seen in Figure 5(c). On
the other hand, UNI and CENT provide a good balance
of the available sub-channel resources between the different
parameters by sacrificing performance slightly on rate and
jitter when their values are well below the threshold so as
to gain in performance on delay and consequently improve
the net utility, while avoiding threshold violations. Thus,
while dynamic sub-channel allocation schemes work well for
throughput/rate optimization, when it comes to heteroge-
neous traffic we need a unified scheme such as CENT or its
efficient, low complexity-overhead version, UNI.

6. RELATED WORK

There have been several works on channel-dependent packet
scheduling that exploit MUD to improve throughput per-
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formance [11, 8, 3, 2]. Some works have extended this to
incorporate QoS requirements of users, where delay require-
ments of voice flows are taken into account in addition to
the throughput of data flows [7, 12, 4, 5]. However, these
works still do not provide an elegant framework where mul-
tiple traffic parameters can be optimized simultaneously as
well as network resources can be flexibly arbitrated between
the different traffic types. Also, they do not exploit physical
layer DoF's like multiple OFDM sub-channels.

Among the works on resource allocation, [13, 15, 16] pro-
pose mechanisms to efficiently allocate sub-carriers to users
in OFDM systems. The focus of these works is to allocate
resources efficiently to meet user requirements that are pre-
dominantly related to rate or losses. They do not consider
other QoS parameters like delay, jitter either in isolation or
in tandem. Further, they also do not have the flexibility to
consider sophisticated fairness models and also do not fo-
cus primarily on the increased complexity and overhead in
scheduling multiple sub-channel resources to multiple users.

7. CONCLUSIONS

We have designed a unified scheduling framework for ac-
commodating heterogeneous traffic with the ability to effec-
tively tradeoff resources between them. A unified scheduling
rule for handling heterogeneous traffic, as well as individual
scheduling rules for optimizing individual traffic parameters
have also been derived from the framework. The framework
has also been extended to the case where both the base
station and mobile users are equipped with multiple chan-
nels. Here, specific transmission strategies that optimize
individual parameters have been identified and exploited in
our unified scheduling rule to significantly reduce complexity
and communication overhead, while performing reasonably
close to the optimal scheme. Results indicate the superior
ability of the proposed algorithms to efficiently handle het-
erogeneous traffic in multiple channel cellular networks over
existing works. Further, the significant reduction in com-
plexity and overhead achieved over the optimal scheme, en-
ables the adoption of the algorithms in future high-speed
cellular networks.
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