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In order to support diverse communication-intensive real-time and non-real-time data flows over a scarce, varying and shared wireless
channel with location-dependent and bursty errors, we define a service model that has the following characteristics: short-term fairness
among flows which perceive a clean channel, long-term fairness for flows with bounded channel error, worst-case delay bounds for
packets, short-term throughput bounds for flows with clean channels and long-term throughput bounds for all flows with bounded
channel error, expanded schedulable region, and support for both delay sensitive and error sensitive data flows. We present the wireless
fair service algorithm, and show through both analysis and simulation that it achieves the requirements of the service model in typical
wireless network environments. The key aspects of the algorithm are the following: (a) an enhanced fair queueing based service scheme
that supports decoupling of delay and bandwidth, (b) graceful service compensation for lagging flows and graceful service degradation
for leading flows, (c) support for real-time delay sensitive flows as well as non-real-time error sensitive flows, and (d) an implementation
within the framework of the simple and robust CSMA/CA wireless medium access protocol.

1. Introduction

In recent years, there has been a tremendous growth in
the wireless networking industry. With the increasing usage
of mobile and wireless networks in both indoor and outdoor
environments, the issue of providing fair channel access
among multiple contending hosts over a scarce and shared
wireless channel has come to the fore. In wireline net-
works, fair queueing has long been a popular paradigm for
providing fairness and bounded delay access [4,12]. How-
ever, adapting fair queueing to wireless networks is non-
trivial because of the unique problemsin wireless channels:
(a) the channel capacity is dynamically varying, (b) channel
errors are location-dependent and bursty in nature, (c) there
is contention in the channel among multiple mobile hosts,
(d) there are hidden and exposed stations, (€) mobile hosts
do not have global channel state (in terms of which other
hosts that are contending for the same channel have pack-
ets to transmit, etc.), (f) the scheduling must take care of
both uplink and downlink flows, and (g) mobile hosts are
often constrained in terms of processing power and battery
power. Thus, any wireless scheduling and channel access
algorithm must work within the constraints imposed by the
environment.

At the same time, in order to support communication-
intensive real-time and non-real-time data flows over a
scarce, varying and shared channel, the service model must
havethe following characteritics: (@) it must provide short-
term fairness among flows which perceive a clean chan-
nel, (b) it must provide long-term fairness for flows with
bounded channel error, () it must provide delay bounds for
packets, (d) it must provide short-term throughput bounds
for flows with clean channels and long-term throughput
boundsfor al flows with bounded channel error, (e) it must
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expand the schedulable region by accepting flows with dif-
ferent decoupled delay/bandwidth requirements, and (f) it
must support both delay sensitive and error sensitive data
flows.

In this paper, we propose a service model that seeks to
provide channel-conditioned deterministic guarantees with
the above six properties for uplink and downlink flows
in a cellular environment. We term this service model
as the “wireless fair service model”. We also present a
novel wireless scheduling and channel access algorithm that
achievesthewireless fair service model and providesasim-
ple CSMA/CA-based channel access protocol for packet
cellular networks that can be easily implemented in mobile
hosts with low processing and power requirements. We
analyze its properties, and through simulations, we show
that the algorithm performs quite well, achieving the wire-
less fair service model for typical wireless communication
environments with diverse flow reguirements.

The rest of the paper is organized as follows. Section 2
discusses related work and the motivation for this paper.
Section 3 presents the wireless fair service agorithm and
describes a practical implementation of the scheduling al-
gorithm and medium access protocol. Section 4 analyzes
the properties of our algorithm and shows that it achieves
the wireless fair service model. Section 5 evaluates the per-
formance of our algorithm through simulation. Section 6
concludes the paper.

2. Background and motivation

In this section, we first present the channel model. We
then review related work in wireline and wireless fair
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queueing. Finally, we motivate our work and briefly com-
pare our approach to related work.

2.1. Channel model

We assume a packet cellular architecture in which each
cell has a base station. Transmission is in terms of fixed
size packets. Our agorithms are applicable for variable
size packets as well, though we consider fixed size pack-
ets for simplicity, and also because this is acceptable for
wireless channels. There is a single channel for both up-
link and downlink flows, and for both data and signaling.
Each packet transmission involves a RTS-CTS handshake
between the mobile host and the base station that precedes
the data transmission. Thus, at most one packet transmis-
sion can be in progress at any time in a cell. Even though
al the mobiles and the base station share the same chan-
nel, errors and contention are location dependent. A flow
is said to perceive a clean channel if both the communi-
cating end-points perceive clean channels and the hand-
shake can take place. A flow is said to perceive a dirty
channel if either end-point perceives a channel error. We
assume a mechanism for the (possibly imperfect) predic-
tion of channel state. This is reasonable, since chan-
nel errors are highly correlated between successive slots,
every host can listen to the base station, and the base sta-
tion participates in every data transmission by sending ei-
ther the Data or the ACK in the RTS-CTS-Data~ACK
sequence of our CSMA/CA-based medium access proto-
col.

Errorsin the wireless channel typically occur over short
bursts and are highly correlated in successive dots, but
uncorrelated over long time windows. Thus, errors can
be reasonably represented by a two-state Markov model.
In this paper, we do not make any assumptions about the
exact error model, though we do assume that for flow i,
the number of errors for a given time window of size T; is
bounded, i.e. we will assume that no more than ¢; errors
can occur in any time window of size T;, where e; and T;
are per-flow parameters for flow i. All the guarantees in
the wireless fair service model are “channel-conditioned”,
i.e. conditioned on the fact that flow ¢ perceives less than
e; errorsin any time window of size T;.

2.2. Wireline fair queueing

In wireline networks, fair queueing has long been a pop-
ular paradigm [7,12] for providing bounded delay accessto
a shared unidirectiona channel, and hence for providing
guaranteed quality of service. All fair queueing agorithms
are based on the notion of approximating the fluid model,
in which packet flows are modeled as fluids that traverse
a shared pipe. Consider a set of flows i € F' that share
a channel. Let flow ¢ have a weight r;, where r; is the
number of bits of flow ¢ served in a single “round” by the
fluid fair queueing server. Fluid fair queueing guarantees
that for an arbitrary time window [t1, t2] during which any
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two flows ¢ and j are backlogged (i.e. they have bits to
transmit), W; (¢, t2)/r; = W;(t1,t2)/r;, where W (¢4, t2) is
the service (in bits) received by flow ¢ in the time window
[t1,12]. Essentialy, fluid fair queueing divides the chan-
nel capacity at any instant among backlogged flows in the
proportion of their weights. As a direct consequence of
this model, flows that do not have any bits to transmit at
some time cannot be compensated at a later time. Since
networks switch flows at the granularity of packets rather
than bits, and since the switching is non-preemptive (i.e.
al bits in a packet are transmitted back-to-back), packe-
tized fair queueing algorithms must approximate the fluid
model. Thus, the goal of a packetized fair queueing algo-
rithm is to minimize |W; (¢4, t2)/r; — W;(t1,t2)/r;| for any
two backlogged flows and j over an arbitrary time window
[t1,12]. Thisis achieved by assigning a “virtual time” start
tag and finish tag to each packet, and serving the packet
with the minimum finish tag, where the virtual time of the
channel corresponds to the current round being served in
the corresponding fluid fair queueing model. Thus, the kth
packet of flow i, p¥, that arrives at time A(pF), is assigned
a start tag S(pF) = max{V(A(@F)), F(pF1)}, and a fin-
ish tag F(pF) = S(pF) + L% /r;, where L is the size (in
bits) of packet p¥ and r; is the weight of flow i. V(¢), the
virtual time corresponding to time ¢, maintains the “round
number” of the fluid fair queueing model at time ¢. Let
> iep( T be the bits transmitted in each round, where
B(t) isthe set of flows that are backlogged at time ¢. Then,
dv/dt = C/ > ,c gy ri» Where C' is the channel capacity.

2.3. Wireless fair queueing

Wireline fair queueing algorithms do not account for
wireless channel issues such as location dependent er-
rors and wireless medium access. In order to adapt fair
gueueing to the wireless domain, we proposed the Ideal-
ized Wireless Fair Queueing agorithm (IWFQ) in a re-
lated work [10]. Specificaly, IWFQ alows for location-
dependent and bursty channel error, and for uplink and
downlink flows in a shared broadcast channel. IWFQ de-
fines two types of service: the error-free service, where all
flows perceive a clean channel at all times, and the real
service, where some flows may perceive dirty channels at
any given time. Each flow is labeled as being “leading”,
“lagging”, or “in sync” depending on whether its real ser-
viceis ahead of, behind, or in accordance with its error-free
service. At each time, the packet with the minimum fin-
ish tag on a clean channel is transmitted. Thus, flows that
experience clean channels can lead their error-free service
at the expense of flows that perceive channel errors. Lag-
ging flows are allowed to retain their precedence in terms
of finish tags, thus, when a lagging flow perceives a clean
channel, its packets will have the highest precedence (i.e.
lowest finish tags), and it will be able to catch up oniitslag.
We bound the amount of lag and lead. Bounding the lag is
equivalent to bounding the amount of compensation that a
flow can receive due to past channel errors. Bounding the
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lead is equivalent to bounding the amount of compensation
that a flow will pay for having received additional service
due to channel error in other flows. Based on the bounds of
lag and lead, and the ability to maintain precedence for lag-
ging flows, IWFQ is able to establish channel-conditioned
guarantees for maximum delay and minimum throughpuit.
While IWFQ is an ideal service model, we proposed the
Wireless Packet Scheduling algorithm (WPS) to addressthe
practical issues in wireless scheduling and medium access
such as having the base station schedule uplink and down-
link flows, propagating information about uplink flows to
the base station, medium access, etc.

In arecent work, Ng et al. [11] proposed a new service
model, called Channel-condition Independent Fair (CIF)
model, that subsumes four key properties that a packet fair
queueing algorithm should possess in a wireless environ-
ment: (a) delay and throughput guarantees for error-free
flows, (b) short-term fairness for error-free flows, (c) long-
term fairness for error-prone flows, and (d) graceful service
degradation for leading flows. They aso presented a CIF-Q
algorithm that achieves the CIF service model. CIF-Q im-
proves on IWFQ in two key aspects: (a) degradation of
service for leading flows is graceful and (b) compensation
among lagging flows is fair. However, decoupling of delay
and bandwidth is not considered in CIF and CIF-Q, and
practical MAC layer issues associated with wireless fair
gueueing are not addressed. Additionally, in sync flows are
disturbed and become leading flows when a lagging flow
leaves the set of active flows. In some pathological cases,
the service degradation model in CIF-Q breaks down.

IWFQ has the property that a flow that has perceived
channel error for a long time and then perceives a clean
channel can essentially capture the channel for short time
periods (till it catches up with the error-free service). Both
the WPS agorithm in [10] and the CIF agorithm in [11]
addressthis problem by ensuring that compensationis given
more gradually to lagging flows. While WPS provides a
weighted round-robin implementation of IWFQ, CIF main-
tains the fair queueing properties of IWFQ.

Ramanthan et al. propose a generalized framework for
channel dependent scheduling called the Server Based Fair-
ness Approach [13], which is based on the assumption that
all flows which perceive clean channel states must receive
their promised service and not a fraction of the service as
in[10,11]. Any flow that is unable to transmit due to chan-
nel error is supplemented with additional bandwidth using
special sessions called Long-Term Fairness Servers (LTFS).
The LTFS sessions are scheduled similar to packet flows,
and cause lagging flows to receive compensation, thus en-
suring long-term throughput guarantees for all flows. How-
ever, it is possible for a flow to receive compensation even
when there are no other active flows to utilize the service
given up by this flow. The compensation model in SBFA
may cause in sync flows to be disturbed. Additionally,
worst case delay bounds and fairness in SBFA are much
coarser than in CIF-Q or the algorithm presented in this
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In addition to the algorithms described above [10,11,13],
there have recently been a number of other wireless chan-
nel alocation algorithms that seek to provide fair ser-
vice [2,3,14]. To our knowledge, none of these algorithms
formally provide the quality of service parameters that we
seek to provide with the wireless fair service model.

2.4. Service model and motivation

The basic philosophy of fluid fair queueing is to not
compensate for flows that “miss their turn”. Hence, if a
flow does not have a packet to transmit, it cannot later re-
claim the missed dot. However, we seek to distinguish
between missing service due to no backlog, and missing
service due to channel error. If a flow is backlogged but
cannot send packets either because it perceives a bad chan-
nel or because of contention avoidance, then it should be
compensated at a later time.

At the same time, flows that are neither leading nor lag-
ging their error-free service, i.e. flows on error-free chan-
nels that did not take advantage of channel errors in other
flows to increase their transmission rate, should not be im-
pacted by the compensation model.

In this paper, we have chosen to compensate a back-
logged flow that is unable to transmit a packet during its
scheduled dlot only if some other flow transmits a packet
during this dlot. Thus, our compensation model is the fol-
lowing: if aflow is not backlogged, or if the flow perceives
a channel error but no other flow is able to transmit during
its scheduled slot, then it does not receive compensation.
If aflow perceives a channel error but some other flow can
transmit instead, then it will receive compensation later, and
the flow that transmitted in its place will relinquish a slot
later. Hence, leading flows give up their lead by relinquish-
ing transmission slots in the future and lagging flows make
up their lag by transmitting in slots that the leading flows
relinquish. The scheduling algorithm thus provides trans-
parency to short location-dependent error bursts by swap-
ping slots between different flows. Flows that neither lead
nor lag remain unaffected by our compensation model.

An inherent limitation of fluid fair queueing is that the
delay observed by the packets of a flow is tightly coupled
with the fraction of the channel given to the flow among all
backlogged flows. IWFQ [10] and CIF-Q [11] suffer from
this limitation, too. Additionally, IWFQ does not provide
short term fairness among flows with clean channels; CIF
provides short term fairness, but does not account for any
of the practical issues in wireless medium access. As de-
scribed in section 1, the wirelessfair service model accounts
for the above issues, and the wireless fair service algorithm
presented in this paper achieves the goals of the model.

3. Wireless fair service algorithm

In this section, we present the wireless fair service algo-
rithm and wireless medium access protocol. Our agorithm
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is composed of five key components that work in concert
in order to achieve wireless fair service:

e Theerror-free service model, which decouples delay and
bandwidth requirements and optimizes the schedulabil-
ity region.

e Sot queues and packet queues, which support both delay
sensitive and error sensitive flows in a single framework
and also decouple connection-level packet management
policies from link-level packet scheduling policies.

e The lead and lag model in wireless service, which de-
termines which flows are leading or lagging their error
free service, and by how much.

e The compensation model, which compensates for lag-
ging flows at the expense of leading flows, thus ad-
dressing the key issues of bursty and location-dependent
channel error and contention in wireless channel access.

e The wireless medium access protocol, which provides a
simple, robust, and elegant distributed implementation
of the wireless fair service algorithm within the popular
CSMA/CA medium access paradigm.

In this section, we will describe each of the components of
the algorithm, and finally put together the different compo-
nents. In the next section, we show viatheoretical anaysis,
that our algorithm achieves wireless fair service, while in
section 5, we will verify the same via smulation experi-
ments.

3.1. The error-free service model

In this section, we describe the basic scheduling model
for the wireless fair service algorithm. For ssimplicity, we
first consider an error-free service, i.e. where none of the
flows perceive a channel error. In subsequent sections, we
will introduce channel error and study its impact on our
algorithm.

For the error free service, we adapt the fluid fair queue-
ing model, but with weights for both rate and delay. Con-
sider a shared channel with a set of flows F, where each
flow ¢ € F' hasarate weight of r; and adelay weight of ;.
Asin fair queueing, we assign a start tag, S(p¥), and afin-
ish tag F'(pF), for the kth packet of the flow i according to
the following agorithm:

o S(pi) = max{V(A@), S@i ) + L /ri},
where L is the length of the kth packet of the flow i,
A(p¥) is the arrival time of the packet, and V(t) is the
virtual time at time ¢.

o F(pf) = S®}) + Lt/ ®:.

o dV/dt = C(t)/ > icpuyTis
where B(t) is the set of backlogged flows at time ¢ and
C'(t) is the instantaneous channel capacity at time ¢.

e Ateachtimet, wetransmit the packet with the minimum
finish tag among those packets whose start tag is not
greater than V (t)+ o, where g isthe “look-ahead” system
parameter.
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Conceptualy, we have a two-level service model, in
which a flow ¢ is drained into the scheduler at rate r;,
but served at rate ®;. The virtual time moves similar to
fluid fair queueing, but each packet is assigned a finish tag
that is the sum of its start tag (when it is expected to arrive
in virtual time) and its deadline (the maximum number of
rounds, in virtual time,! that the packet is expected to wait
before being served). The introduction of ®; enables us to
switch the schedule among arrived packets in a way that
decouples the long term rate of arriving packets (according
to r;) from the delay bounds for packets (according to @;
and r;). The look-ahead parameter o provides a measure of
the number of packets over which we can locally switch the
schedule of packets without disrupting the long-term rate.
Basically, a look-ahead of o enables the scheduler to “look
ahead in virtual time” by o rounds, and swap the service or-
der of packets that have aready arrived in current time with
packets that arrive in the future but have shorter deadlines.
In particular, if o = 0, then the error-free weighted fair ser-
vice algorithm is basically the worst case fair weighted fair
queueing algorithm (WF?Q) [1] with deadline-based swap-
ping among the head-of-line packets. If o = oo, then the
error-free weighted fair service algorithm is similar to the
earliest deadline first algorithm, but with backlog compen-
sation as in fair queueing (i.e. if a flow does not have a
packet to transmit at any time, it cannot later reclaim this
lost dot, since virtual time moves forward). For the rest of
this paper, we will assume ¢ = oc.

The key property satisfied by the basic model is that
it can decouple delay and bandwidth in a fair queueing
scheduling framework. The reason for selecting this ap-
proach rather than going directly with the earliest deadline
first approach is that fair queueing can better ensure short-
term fairness among flows, is better to arbitrate among non-
real-time as well as real-time flows, and can accommodate
more sophisticated compensation models in the error case.

3.2. Sot queues and packet queues

In most related work on both wireline and wireless fair
gueueing [6,12], packets are tagged as soon as they ar-
rive. This works well if we assume no channel error, i.e. a
scheduled packet will never be lost. However, in awireless
channel, a lost packet may need to be retransmitted for an
error-sensitive flow. Retagging the packet will cause it to
join the end of the flow queue and thus cause packets to be
delivered out of order.

Fundamentally, there needs to be a separation between
“when to send the next packet”, and “which packet to send
next”. The first question should be answered by the sched-
uler, while the second question is really a flow-specific de-
cision and should be beyond the scope of the scheduler. In
order to decouple the answers to these two questions, we
propose a mechanism in [10], where we use one additional
level of abstraction — we tag “slots’ and each slot points

Lvirtual time moves no slower than real time, if >-, pri = 1.
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to a flow queue. At each time, the scheduler determines
which slot will get access to the channel. The HOL packet
in the corresponding flow queue is then transmitted. When
a packet arrives at a flow queue, a corresponding sot is
generated in the slot queue of the flow. The number of
dlots in the dot queue at any time is exactly the same as
the number of packetsin the flow queue.

Providing this additional level of abstraction is crucial
to being able to achieve the wireless fair service model.
Error-sensitive flows will not delete the HOL packet upon
channel error during transmission, but delay-sensitive flows
may delete the HOL packet onceit violatesits delay bound.
Likewise, the flow may have priorities in its packets, and
may choose to discard an already queued packet in favor of
an arriving packet when its queueisfull [8]. In our schedul-
ing model, we support any queueing and packet dropping
policy at the flow level because we decouple slot queues
from flow queues.

In following sections, we show how this queueing ar-
chitecture is also useful in providing compensation.

3.3. Wireless fair service in the presence of channel errors
—lag, lead and compensation

Thusfar, we have assumed an error free channel environ-
ment. In this section, we consider how the basic algorithm
can be adapted to achieve wireless fair service in a typi-
cal wireless network, with location-dependent and bursty
channel error and contention.

In the wireless fair service agorithm, we assume fixed
size packets (and dlots) for convenience. The dots of aflow
are tagged as in section 3.1. In addition to the parameters
specified in section 3.1, each flow 4 has a “lead counter”
E(7) and a “lag counter” (7). The lead counter measures
the lead (in dots) of a leading flow while the lag counter
measures the lag of a lagging flow. Hence, at least one
of these two variables is aways 0. The lead of a flow i
is bounded by FEnax(i), while the lag of 4 is bounded by
Gmax(1).

At each time instant, B(t) represents the “generate set”
of the channel, which is the superset of the set of back-
logged flows. A flow ¢ € B(¢t) iff Q(@) > 0 or E(i) > O,
where Q(i) is the number of packets backlogged in the
flow. Thus, dlots are generated for a flow either if the flow
is backlogged or if the flow is leading.

At each time, the wireless fair service algorithm selects
adot s for transmission according to the slot with the min-
imum finish tag among those slots whose start tag is less
than the current virtual time plus the look-ahead. The flow
1 corresponding to this slot may be in one of four states:
(@) ¢ is leading, and has designated s for transmission of
one of its packets, (b) i isleading, and has designated s for
relinquishing to a lagging flow, (c) 7 isin sync, and (d) 7 is
lagging.

There are a number of questions that need to be an-
swered:
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() how does a leading flow determine when to designate
a dot for relinquishing to a lagging flow,

(b) which lagging flow gets to transmit in a relinquished
dot,

(c) given that the dlot and flow selection is made from
parts (&) and (b), what is the channel alocation algo-
rithm?

In this section, we answer the third question. Questions (@)
and (b) are answered in the next section.

As mentioned above, we have four possible states when
a dot s corresponding to a flow ¢ has been selected. The
following is the channel alocation algorithm in each case.

Case 1. i isleading and has designated slot s for transmit-
ting one of its packets: if ¢ perceives a clean channel,
then it transmits its HOL packet.

Otherwise, if there is a backlogged lagging flow j
that perceives a clean channel, then j is alocated the
dlot, E(7) is decremented by 1, and G() is decremented
by 1.

Otherwise, if there is a backlogged leading flow j
which perceives a clean channel and whose lead is less
than its lead bound, i.e. 35, £(j) < Ema(j), then j is
alocated the dot, E£(i) is decremented by 1, and E(j)
is incremented by 1.

Otherwise, if there is any backlogged in sync flow j
which perceives a clean channel, then j is alocated the
dlot, E(7) is decremented by 1, and E(j) is incremented
by 1.

Otherwise, if there is any backlogged flow that per-
celves a clean channel, it is allocated the dlot. If thereis
no backlogged flow with a clean channel, then the ot
is wasted.

The sequence of operationsis shown in lines 3-22 in
figure 1.

Case 2. i is leading and has designated slot s for relin-
quishing to a lagging flow: if there is a backlogged
lagging flow j that perceives a clean channel, then j is
alocated the dot, E(i) is decremented by 1, and G(j)
is decremented by 1.

Otherwise, if ¢ perceives a clean channel, then it re-
claims the dot and transmits its HOL packet.

Otherwise, if there is a backlogged leading flow j
which perceives a clean channel and whose lead is less
than its lead bound, i.e. 35, £(j) < Ema(j), then j is
alocated the dot, E£(i) is decremented by 1, and E(j)
is incremented by 1.

Otherwise, if there is any backlogged in sync flow j
which perceives a clean channel, then j is alocated the
dlot, E(7) is decremented by 1, and E(j) is incremented
by 1.

Otherwise, if there is any backlogged flow that per-
ceives a clean channel, it is allocated the slot. If thereis
no backlogged flow with a clean channel, then the ot
is wasted.
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1 marked_flow = select_flow_with_minimum_tag()
2 if(marked_flow->lead > 0 )

/* a leading flow : either transmit or give up slot*/
3 if (transmission_slot(marked_flow)) /* transmit */
4 if( slot_state(marked_flow) == CLEAN )
5 return marked_flow; /* transmit HOL packet */
6 else
7 compensated_flow =

select_clean_lagging_flow_from_WRR();
8 if (compensated_flow != NULL )
/* swap between leading and
lagging flows(Case 1)*/

9 marked_flow->lead--;

10 compensated_flow->lag--;

11 else /* No clean lagging flow */

12 compensated_flow = pick_leading flow();

/* find clean backlogged leading flow
with E(i) < E_max(i)*/

13 if( compensated_flow == NULL)
14 compensated_flow = pick_clean_in-sync_flow();
15 if( compensated_flow != NULL)

/* swap between leading and
leading/in-sync flows (Case 1)*/

16 marked_flow->lead --;

17 compensated_flow->lead ++;
18 else

19 compensated_flow =

pick_any_clean_backlogged_flow();
20 if (compensated_flow == NULL)

21 wasted_slots ++;
22 return compensated_flow;
23 else /* compensation_slot => leading flow
gives up slot */
24 compensated_flow =
select_clean_lagging flow_from_WRRQ);
25 if( compensated_flow != NULL )

/* swap between leading and
lagging flows (Case 2) */

26 marked_flow->lead--;

27 compensated_flow->lag--;

28 else /* No clean lagging flow */

29 if ( slot_state(marked_flow) == CLEAN )

/* leading flow reclaims slot
for transmission */
30 return marked_flow;
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31 else
32 compensated_flow = pick_leading flow();
/* find clean backlogged leading flow
with E(i) < E_max(i)*/
33 if( compensated_flow == NULL)
34 compensated_flow = pick_clean_in-sync_flow();
35 if( compensated_flow != NULL)
/* swap between leading and
leading/in-sync flows (Case 2)*/
36 marked_flow->lead --;
37 compensated_flow->lead ++;
38 else
39 compensated_flow =
pick_any_clean_backlogged_flow();
40 if (compensated_flow == NULL)
41 wasted_slots ++;

42  return compensated_flow;

43 else /* an in-sync or lagging flow with lag >= 0 */
44  if( slot_state(marked_flow) == CLEAN )

45 return marked_flow; /* transmit HOL packet */
46 else
47 compensated_flow =
select_clean_lagging flow_from_WRR();
48 if (compensated_flow != NULL )

/* swap between lagging/in-sync and
lagging flows (Case 3-4) */

49 marked_flow->lag ++;

50 compensated_flow->lag--;

51 else /* No clean lagging flow */
52 compensated_flow = pick_leading flow();

/* find clean backlogged leading flow
with E(i) < E_max(i)*/

53 if( compensated_flow == NULL)
54 compensated_flow = pick_clean_in-sync_flow();
55 if ( compensated_flow!=NULL)

/* swap btw. lagging/in-sync and
leading/in-sync flow (Case 3-4) */

56 marked_flow->lag ++;

57 compensated_flow->lead ++;

58 else

59 compensated_flow =
pick_any_clean_backlogged_flow();

60 if (compensated_flow == NULL)

61 wasted_slots ++;

62 return compensated_flow;

Figure 1. Pseudo-code for the wireless channel alocation agorithm.

The sequence of operations is shown in lines 2542
in figure 1.

Case 3/4. iisinsync, or i islagging: if i perceivesaclean
channel, then it transmits its HOL packet.

Otherwise, if there is a backlogged lagging flow j
that perceives a clean channel, then j is alocated the
dot, G(7) isincremented by 1, and G(j) is decremented
by 1.

Otherwise, if there is a backlogged leading flow j
which perceives a clean channel and whose lead is less
than its lead bound, i.e. 37, £(j) < Ema(j), then j is
alocated the dot, G(¢) isincremented by 1, and E(5) is
incremented by 1.

Otherwisg, if there is any backlogged in sync flow j
which perceives a clean channel, then j is alocated the

dlot, G(7) isincremented by 1, and E(y) is incremented
by 1.

Otherwise, if there is any backlogged flow that per-
ceives a clean channel, it is allocated the slot. If thereis
no backlogged flow with a clean channel, then the slot
is wasted.

The sequence of operations is shown in lines 43-62
in figure 1.

The channel allocation algorithm corresponding to these
four states is detailed in figure 1.

Essentialy, our slot allocation algorithm tries to avoid
wasting dots, tries to avoid disturbing in sync flows, and
tries to reduce lag before increasing lead when swapping
dots. At all times, the sum of al the lags and all the leads
in the channel is 0.
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An interesting situation arises when a lagging flow
clears its packet queue, for example, when &l the queued
packets violate their delay bounds. In this case, i has no
packets that need to be compensated, and we reset G()
to 0. However, since 3, E(j) = >_ . G(j), we a0
need to reduce the lead of al leading flows. We do this
in proportion of the lead of the flows, i.e. for each leading
flow j, we set E(j) = E(j) - G(i)/ Y-, c p E(K)2

There are two key properties of our compensation ap-
proach: (a) unlike IWFQ, there is no need to simulate an
error-free service in order to determine whether a flow is
leading or lagging, and (b) flows that are in sync are unaf-
fected by swapping between leading and lagging flows, and
will see the same performance bounds as in their error-free
service. Both these properties are very attractive and con-
tribute towards making the wireless fair service algorithm
elegantly and efficiently achieve the wireless fair service
model.

3.4. Compensation model

In the previous section, we did not answer two key ques-
tions:

(a) how does a leading backlogged flow decide whether to
designate a scheduled slot for its data transmission or
relinquish it for compensation, and

(b) which among several lagging backlogged flows gets to
transmit in a dlot that has been relinquished by aleading
flow. We now consider each question in turn.

3.4.1. Rate compensation from leading flows

There are several possible compensation models for
leading flows — the simplest one, as adopted by IWFQ,
is to relinquish the first £(i) dots, i.e. aleading flow does
not transmit any of its data packets till it gets back in sync
(or till no lagging flow can transmit a packet in a sot).
This compensation model can result in a leading flow be-
ing starved out for long periods of time. While bounding
the lead is a partial solution, we present a more elegant so-
Iution in this paper, that allows for a graceful compensation
model.

Consider aleading flow ¢ with arate weight of r;, alead
of E(i), and a maximum lead of Ena(i). @ hierarchicaly
decomposes itself into two flows, ¢ and ' (see figure 2),
with rates of r; - F(i)/ Emax(?), and r; - (1 — E(i)/ Emax(7)).
i is designated to be the compensation flow, while it is
designated to be the transmission flow. When i is alocated
a dot, it hierarchically schedules it among € and it. All
slots belonging to ¢ are relinquished. Note that as the lead

2 An dternative approach is to maintain a virtual lagging flow fo that
aggregates the weights of dl the lagging but non-backlogged flows.
When a leading flow 7 relinquishes a slot in favor of fo, fo sSimply lets
i reclaim the slot after decrementing E£'(i) and G(0) by 1 each. This
ensures that 3° . » £(j) = EjGFU{fO} G(j), and has the same effect
as decrementing the lead of al the leading flows without incurring the
computational overhead.
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Figure 2. A schematic for the wireless fair service (WFS) agorithm.

decreases, the rate for i¢ decreases linearly. This has the
property of graceful degradation of service for a leading
flow, as shown in the analysis in section 4.

3.4.2. Rate compensation to lagging flows

There are several possible compensation models for lag-
ging flows — the simplest one, as adopted by IWFQ, is
to maintain the precedence of dlots for lagging flows, and
serve the slot with the smallest finish tag among flows that
perceive a clean channel. This may lead to the undesirable
property that a flow that has been in an error-prone channel
for along time and suddenly perceives a clean channel will
capture the channel till it catches up its lag. While bound-
ing the lag is a partial solution to this problem, agorithms
such as WPS and CIF-Q have tried to distribute the channel
access among lagging flows in away that prevents a single
flow from capturing the channel. In this paper, we present
an enhancement to the compensation model proposed in
both WPS and CIF-Q.

Our approach isto provide channel access to backlogged
lagging flows from two sources: (&) the normal rate-based
dot alocation, and (b) distributing the relinquished dlots
from leading flows fairly among the lagging flows. We
maintain a “compensation weighted round robin” dot alo-
cation (see figure 2) among the lagging flows, where the
weight of each lagging flow ¢ is G(i). Associated with
the compensation WRR is a current pointer, which identi-
fies the next lagging flow in the WRR that should receive
a compensation slot. When a leading flow relinquishes a
dot, we traverse through the WRR looking for the first flow
that perceives a clean channel, and alocate the relinquished
dot to that flow. Thus, lagging flow receive dots from two
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sources at any time ¢: slotsat arate of r; /3 g,y r; from
the basic wireless fair service algorithm, and slots at a rate
of

G(i)  Dkele ‘E}jax]?k) Tk
> rer G(k) ZjGB(t) Tj

from the compensation WRR. As is clear from the algo-
rithm, the compensation model allocates the compensation
dlots fairly among the lagging flows.

3.5. Wireless medium access protocol

In previous sections, we described the various compo-
nents of the wireless fair service algorithm. In this section,
we describe a simple and robust CSMA/CA-based wireless
medium access protocol that can be used in concert with the
wireless fair service algorithm at the base station in order
to achieve the wireless fair service model in packet cellular
networks.

We describe the MAC protocol in two parts: first we
describe the basic access protocol assuming that the base
station knows the backlogged uplink and downlink flows,
and then we describe how newly generated uplink flows
notify the arrival of a new run of packetsto the base station.

3.5.1. The basic MAC protocol mechanism

The wireless MAC protocol uses a CSMA/CA-based
RTS-CTS-Data—ACK handshake sequence for accomplish-
ing an uplink or downlink data transmission. The only key
difference in our protocol is that the mobile host aways
transmits the RTS packet even if the transmission is down-
link. Thus, uplink flows have the following sequence of
packets: RTS from the mobile host, CTS from the base
station, Data from the mobile host, and ACK from the base
station. Downlink flows have the following sequence of
packets: RTS from the mobile host, CTS from the base
station, Data from the base station, and ACK from the mo-
bile host.

The base station is assumed to know al the uplink and
downlink backlogged flows, and maintains the leads and
lags of the flows. Based on the local state at the base sta-
tion, it can compute the flows that will be allocated the next
four dots. Since the base station always sends either the
Data or the ACK packet in each data transmission, it piggy-
backs the identities of the four flows (i.e. the corresponding
mobile hosts) in the Dataor ACK packet. Stationsthat have
a clean channel will hear the base station.

If adtation s; is identified as the jth transmitter in this
sequence (1 < j < 4), it senses the carrier for atime equal
W - 4. If the carrier becomes busy, the station realizes that
some station earlier in the transmission sequence has set
up communication with the base station. If it senses a free
carrier, station s; sends the RTS packet to the base station.
W is at least twice the propagation delay in the cell plus
the time to send an RTS packet plus some processing time,
in order to ensure that each station waits till it can hear
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the CTS from the base station if some station earlier in the
transmission queue initiated the RTS-CTS handshake.

Note that we have assumed that the wireless channel
errors are bursty and highly correlated between successive
slots. Thus, if a mobile host does not receive the base sta-
tion’s piggybacked transmission list for slot ¢ in the Data
or ACK packet of dot i — 1, then the mobile host assumes
that it perceived a channel error and does not contend for
the next dlot. Hence, only stations which are in the trans-
mission list for slot 7 and perceive a clean channel in slot
i — 1 will contend for sending the RTS in dot . Fur-
thermore, the contention among the transmitting stations
is very well controlled by the base station, though it in-
volves very few handshakes, unlike the algorithm in WPS,
or similar algorithms in fair wireless medium access such
as DQRUMA [9].

In our architecture, the mobile host always initiates the
RTS handshake because the base station does not know
which mobile hosts perceive a clean channel. Having the
mobile hosts initiate the RTS eliminates the need for the
base station to poll mobile hosts to see if they have a clean
channel.

3.5.2. Notifying the base station about backlogged flows
A flow may change its backlog status under three con-
ditions:

() it was previoudy not backlogged but received a new
run of packets,

(b) it just finished transmission of the last packet in arun,
and

(c) it deleted all its backlogged packets because they vio-
lated their delay bounds.

Case (b) is smple; when an uplink flow transmits a
packet, it has a flag to notify the base station if the flow has
more packets backlogged or not. We handle case (c) as fol-
lows: when the base station identifies the flow for transmis-
sion in the next dot, the corresponding mobile host sends
an NRTS packet instead of an RTS packet. Upon receiving
an NRTS packet, the base station does not send a CTS, and
deletes the flow from its backlogged list. Case (a) is the
hard case, because when a flow gets backlogged, the mobile
host should notify the base station immediately. When this
situation happens, the mobile host waits for the completion
of the current packet transmission, and aggressively sends
an RTS without waiting for any time with a probability of p
(note that the first station identified in the transmission list
in the previous slot will sense the carrier for W time before
initiating the RTS from section 3.5.1). Thus, notification of
anew run of packetsis p-persistent and occurs immediately
after the completion of the current packet. Typically, we
expect that the number of stations that generate a new run
of packets during each packet transmission is very small,
thus the probability of collision during the new run notifi-
cation is very small. When collisions do happen, the per-
sistence probability p performs binary exponential backoff
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till al new run notifications are successfully transmitted to
the base station. Thus, we require few handshakes between
the mobile hosts and the base station resulting in a robust
medium access protocol with low overhead.

Once the base station has the information about the
newly backlogged flows, it performs the wireless fair ser-
vice algorithm as detailed in the previous section.

3.6. Implementation complexity

It should be noted that if the designated flow is able to
transmit at each time instant, i.e. the selected flow perceives
aclean channel at the time that it is being selected, then our
algorithm has the same computational complexity as the
WFQ agorithm. In fact, many computationally efficient
approximations to Fluid Fair Queueing, such as STFQ [7],
SCFQ [6] can be directly applied to our framework.

However, if the selected flow cannot transmit in the
designated dlot due to channel error, then the algorithm
may need to search through a prespecified number of
flows (m) in order to choose the first flow with a clean
channel for transmission. In the extreme case, m = N,
where N is the number of flows. The choice of m is a
tradeoff between computational complexity and the chan-
nel dot utilization (i.e. how many wasted slots can be tol-
erated).

4. Analysis of the wireless fair service algorithm

In this section, we analyze® the wireless fair service algo-
rithm (assuming perfect MAC and perfect channel knowl-
edge) under the following two conditions:

e The look-ahead parameter is set to o = oo unless ex-
plicitly specified.

e r; is the normalized rate weight for flow i, i.e
> icrTi = 1 where I denotes the set of total flows
scheduled at this server. Similarly, we also normalize
@, such that ZiEF o, = 1.

4.1. Performance of the error-free service model

4.1.1. Schedulability condition with ¢ € [0, o]

We adopt the same notations as in [5]. Let the nonneg-
ative vector D = (D1, Dy, ...,Dy) be alist of required
upper bounds on delay so that no packets from flow
are delayed by D;. The vector D is schedulable under
a scheduling policy = if for al arrival patterns that satisfy
the stability condition, and for each flow i € F, no packet
of flow 7 is delayed by more than D; (measured in sec-
onds or bits). The schedulable region Q™ of the policy =
is the set of all vectors schedulable under 7. We define a
scheduling policy 7* to be delay-optimal if Q™ C Q™ for
al policies m € P where P denotes a class of admissible
policies. That is, a delay-optimal policy has the largest

3 The nontrivial proofs are presented in the appendix.
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schedulable region among a class of admissible scheduling
policies.

The following two lemmas establish the sufficient con-
ditions for a schedulable nonpreemptive policy.

Lemma 4.1. Consider a look-ahead window o € [0, ].
Let 51 < Eg <o K EN Whereﬁ = Lmax/CD,- with Limax
denoting the maximum packet size (in bits). If the vector
{D1, D5, ..., Dy} is schedulable (in virtual time) under a
nonpreempﬂve policy, then necessarily for any timeinterval
[vo, v(t)], where vo and v(t) are virtual times measured in
bits,

Lmax < Dy, (D]
N
Z { [Lmax + i min(v(t) — 19 — Lmax + 0,
i=1
v(t) — vo — D;)]

X I(min(v(t) —v0 — Lmax + 0, v(t) —vo — 3t))}

+ Lmax < 0(t) —vo, Lmax < 0(t) —wo < Dy, (2
N
Z {Lmax +7; min(v(t) —v0 — Lmax + 0,
i=1

o) —vo— D)} < vl 0, ()~ 10 < D, ()

where I(-) is the indicator function, with I(t) =1if t > 0
and O otherwise.

Proof. Note that the arguments in the proof of lemma 1
of [5, p. 1526] apply here in virtual time domain. We have
also incorporated the effect of the look-ahead window o. [

Lemma4.2. Let D; < Dy, < --- < Dy where D; =
Lmax/P; with Liys denoting the maximum packet size (in
bits). Any vector { D1, Do, ..., Dy} that satisfies the con-
straints of lemma 4.1 is schedulable under our algorithm in
virtual time domain.

Proof. The proof translates the arguments for EDF in the
real time domain (see lemma 2 of [5, p. 1527]) into the
virtual time domain. O

Based on the above lemmas, we conclude the following
theorem 4.1 on the schedulability condition of our ago-
rithm.

Theorem 4.1. The schedulable region of the algorithm
consists of the set of vectors which satisfy the constraints

[k + 1] Lmax
k—1
<Dy — Y [rimin(Dy. — Livex + 0, Dk — D3],
=1
1<k< N -1, 4)
N Lmax

N-1
- Z [rimin(Dy — Lyex + 0, Dy — D;)], (5)
i=1
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whenever L < D1 < Dy < -+ < Dy, where D; =
Lmax/®; with L denoting the maximum packet size (in
bits).

Corollary 4.1. Since Lma < D;, Vi, and o > 0, it follows
that the schedulability condition can be ssimplified to

k—1 k-1
(k + 1) Limax < Di (1 -3 rn> +Y raDn,
n=1 n=1

1<k N-1,
N-1 N-1
NLyax < Dy (1— > m) + Y rnDy.
n=1 n=1
Thisis exactly the schedulability condition for EDF policy.

Interestingly, the value of o plays no role in the schedu-
lability of flows, though it does have an impact on the order
of the schedule.

4.1.2. Throughput guarantees

We first establish alower bound on the aggregate service
(in bits) received by any flow during a virtual time interval
[v1,v2]. For flow i, W;(v1, v2) denotes its aggregate service
in bits during interval [v1,vg].

Lemma 4.3. If flow i is backlogged during the interval
[v1, v2] where vy, v, are measured in bits, then its through-
put Wi(’Ul, 1)2) satisfies:

1. If flow ¢ did not receive service at v; (where vy — e <
v; < vy for an arbitrary small ¢ > 0), i.e. it becomes
backlogged from idle at v;, then

T
Wi(v1,v2) = ri(v2 — v1) — Limax — 2Lmaxa- (6)

3

2. If apacket from flow i hasreceived its services v, , then

Wiler,v2) > ri(vz = v1) = Lo — Lac g (7)
Remark 4.1. Intuitively, part (2) of lemma 4.3 states the
following: the aggregate service that flow 7 receives during
interval [v1,v2], given by r;(vo, — v1), should complete at
most by virtual time vz + Lmax/®;. Thisis true by consid-
ering the schedulability condition: if flow 7 is schedulable,
all packets arrived by time v should finish service by time
v+ D; where D; is the maximum delay allowed for pack-
ets of flow i. As for the lower throughput bound, we need
to subtract one additional packet which receives services
at V1.

Remark 4.2. Lemma 4.3 shows that we do achieve the de-
coupling of delay and throughput in the sense that the long-
term throughput is mainly determined by the rate weight
parameter r;, not the delay weight parameter ;.

Lemma 4.4. If al other flows have been continually back-
logged over [v;,vy], then the maximum throughput that
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flow ¢ may receive during [v1,v2] (Where v; and v, are
measured in bits) is given by

Wi(v1,v2) < ri(v2 — v1) + Lmax- (8)

Based on the above two lemmas, we then establish the
throughput bound in the real time domain.

Theorem 4.2. If aflow i is continually backlogged over a
real timeinterval [y, t2], then its aggregate service (in bits)
W;(t1,t2) is bounded by

Wilt1, t2) > riC(t2 — t2) =75 Y Limax
i€l
T
— Limax — OéLmaxai, 9
where o = 1 if flow 4 has been receiving services at t; ;
and o = 2 if no packet of flow i was served at ¢ .

4.1.3. Delay guarantees

Since the algorithm is an EDF in virtua time, it follows
trivially that the maximum delay (measured in seconds) in
virtual time domain is given by Lma/(C®;) for flow 4. In
thefollowing, we will establish delay bound in the real-time
domain.

Theorem 4.3 (New queue delay). The new queue delay
d; "4 for flow 4, defined as the difference between the
departure time and arrival time of its head of line (HOL)
packet, is given by?*

govann L (307 (5 I
‘ S C (Of c

jEF jeF

jEF

Limax
SO,

(10)

where F' denotes the set of al flows, and C' is the server
rate.

For an arbitrary packet of flow ¢, usually the delay guar-
anteeis defined with respect to the expected arrival time[7].
The expected arrival time EAT(p*™™) of (k + 1)th packet
from flow i is formally defined as

LE
k+1\ _ k+1 k 4
EAT(pi ™) = max{A(pi ), EAT (p7') + o }

k> 0.

4 For time-invariant weight parameters r; and ®;, we can have better
delay bound given by

j#i
ew_quel Lmax [ = 1) Limax
new_queue j
d; < el ( E _Il> + -

JEF
Lmax Lmax
S oo, + c

This can be proved by using the packet-invariant-ordering property [5].
However, if r; and ®; are time-varying, this does not hold in general.
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Theorem 4.4 (Maximum packet departure time). The de-
parture time of packet p] of flow ¢, denoted by PDT/, is
given by®

PDT? < EAT (p]) + Zm ! n ZLﬂ
PSR T ®, c

JjEF JEF
CEAT(pf) + L (30 Lmac), (12)
DT oe T\ e

where I denotes the set of all flows.

Proof. The proof is a combination of lemma 4.3 and the
arguments similar to [7]. O

Remark 4.3. As we can see from (10) and (12), the maxi-
mum packet delay bounds (10) and (12) are determined by
the delay weight parameter ®;, not the rate parameter 7;.
This aso illustrates how the delay is decoupled from the
throughput quantitatively.

4.1.4. Fairness guarantees
Based on lemma 4.3 and 4.4, we can easily arrive at the
following results on fairness index.

Theorem 4.5 (Long-term fairness index). For a continu-
aly backlogged flow i, it achieves the following long-term
throughput fairness index:

lim M =T;.

V—00 v

(13)
Proof. From lemmas 4.3 and 4.4, we have the following
inequality:

730V — Limax — 2Lmax% < Wi(oa U) < 10 + Limax- (14)

%

Divide all sides by v, we have

r — Limax B 2Lmaxﬁ < Wi (0,v) <7 Lmax'
v v @ v v
The result follows readily by letting v — oc. O

Remark 4.4. It is easy to see that the result (13) still holds
for aflow i that has been idle (over some finite time inter-
vals) for afinite number of times.

5For time-invariant weight parameters r; and ®;, we can have better
delay bound given by

”»
i i Lmax 2 T4 Lmax
7 < J = - =
PDTZ\EAT<p1)+ : <JZ ¢Z~> + 75

€eF
< J Lmax
< EAT(pZ) et o 11)

This can be again proved by using the packet-invariant-ordering prop-
erty [5]. However, if r; and @, are time-varying, this does not hold in
general.

333

Based on lemmas 4.3 and 4.4, we can easily conclude the
following results on the fairness index adopted in the liter-
ature [7]:

Corollary 4.2. For any interval [v1,v2] where v; and v,
are virtual times measured in bits, in which flows i and j
are continually backlogged during [v1, v2], the differencein
the service received by two flows is given by

Wi(vi,v2) W (vs, v)

T T
L L aL
< max + max : max ’
T Tj min(®;, ;)

where o = 1 if flow ¢ has been receiving services at vy ;
and o« = 2 if no packet of flow 7 was served at v; .

Remark 4.5. As we can see from both theorem 4.5 and
corollary 4.2, in addition to having larger schedulable re-
gion, our algorithm also provides fairness guarantees. This
is akey difference between our algorithm and the real-time
delay EDF policy.

4.2. Performance of the compensation model in the
presence of channel errors

We describe the properties of our agorithm with the
compensation model described in section 3.4, in the pres-
ence of channel errors. We assume a fixed packet size
Ly for @l flows for simplicity of notation. Besides, as
in section 3.3, we define a flow i as leading over a time
interval [t1,12] if its credit C;(t) := E(:) > 0 (in bits)
for al t € [t1,t2]; as lagging over [t1,tp] if its credit
C;(t) := —G(i) < 0 (in hits) for al ¢ € [t1,t2]; otherwise,
we say flow i isin-sync if C;(t) = 0 throughout [¢4, 2].

In the following, we provide throughput and delay guar-
antees for all three types of flows.

4.2.1. In-sync flows

For a flow 4, if the channel is clean over [t1,t], the
following result holds trivially from the operation of our
algorithm:

Theorem 4.6 (Throughput and delay over clean channel).
For a flow which is in-sync at ¢; and has clean channels
throughout the time interval [t1, t2], its minimum through-
put and maximum packet delay over [t¢1,t,] are the same
as those in the error-free algorithm.

If the channel is error prone over time [t1, 2], the fol-
lowing result on HOL packet delay holds:

Theorem 4.7 (Delay on error-pronechannels). For aflow 4,
assume that it perceives no more than e; error slots over
any S; dots. Then, for an in-sync flow 4, the following
results on maximum delay for HOL packets @t hold:
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1. If the channel plays the adversary, and the following
error condition holds:
€; C
e 1
s, < Lpn, (15)
then the maximum delay for HOL packet d" is given by

d?:Z%eri,

JEF

(16)

where d; is calculated by

Lp + ZJEQ Gmax(]) ke[, TkCAt + Ctmax

Ly C d;
e NC i a7
+<d‘ C’min(dJi,rl-))Lprl [Sjeﬁ (7

with At being given by

1

At =d Ly
o len(ch,Tl)

An upper bound on d" is given by

e; + 1+ max(1, TZ/CDl)
Cri/Lpfei/Si

d" < &

T X C
JjeEF

(18)

2. We take the worst-case percentage of channel errors as
e;/S;. Then an upper bound on the worst-case expected
delay for HOL packets of flow 4, given the worst-case
channel error percentage as ¢;/.S;, is given by

&<y Lo 1/~ ei/Si) — 1+ max(l,ri/®;)
' i CTi/Lp
JEF

(19)

Remark 4.6. The error condition given in (15) states that
even if the channel plays the adversary, as long as the error
rate is less than a flow’s long term rate, the HOL packet
will be delivered eventually.

Theorem 4.8 (Throughput on error-prone channels over
[t1,t2]). For a flow j, assume that the channel has no
more than e; error slots over any S; slots. Then, for an
in-sync flow ¢, its throughput is given by

Wilt1, t2) > 1:C(t2 — 12) =75 Y Lmax — Limax

ik
i C(ty —t1)
Lp

I —
Z]GQ Gmax + Lp
) Ci(t)rC(t2 — t1)
ke () TkC(tz — t]_) -+ C{naw

where o = 1 if flow ¢ has been receiving services at vy ;
and o = 2 if no packet of flow ¢ was served at v; .
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Proof. In the presence of channel errors, over atime win-
dow [t1,t2], if the channel plays the adversary, whenever
flow i is selected for transmission, the channel will assign
an error dot for it. The maximum number of error dots is
given by

7.

C(t2 —t1)
SiLp
Besides, we can obtain the number of compensation dots

that flow 7 gets, similar to theorem 4.7. Then the throughput
bound follows. O

4.2.2. Leading flows
As described before, the rate weight r;(¢) for a leading
flow i over [t1,t2] is adjusted as follows:

Ci(1)
e

ri(t) =r; (1 — ) .t €[t t2], (20)
where C7" is the maximum credit that flow 7 can accu-
mulate, and C;(t) is the current credit of flow i at ¢, r; isa
constant.

For aleading flow ¢ throughout [0, ¢], the following long-
term throughput guarantee is straightforward:

Theorem 4.9 (Long-term throughput guaranteesover clean
channels). Consider a leading flow i over a time interval
[0,¢]. Assume that it is continually backlogged. Then its
aggregate service in bits W;(0, t) is bounded by

T

W;(0,t) = riCt — 1y Z Lmex — Lmax — Lmaxa + Ci(t).
i€F ‘

However, over a short time period, a leading flow
may give up its lead so that lagging flows can catch up.
The question is how much of its service a leading flow
should give up while the lagging flow is catching up.
As manifested by the following theorem, the rate adap-
tation scheme (20) will result in graceful degradation for
leading backlogged flows in the sense that it is guaran-
teed to receive a minimum fraction of services over any
short time interval, that is, it will never be “starved” over
any short time period as long as it perceives a clean
channel and is backlogged. This way, an adaptive flow
may continue to run by eventually decreasing its qual-

ity.

Theorem 4.10 (Graceful service degradation for a leading
flow). Consider a leading backlogged flow 7 over a time
interval [t1,t2]. Assume C;(t1) = Cp and there aways
exists another flow which can take the compensation slot
whenever flow i gives up a compensation slot throughout
[t1,t2]. Then, for any time ¢ € [t4,t], its credit C;(z) is
given by

Cit) = Coop(~Frgett— ). (20
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its instantaneous rate r;(t) is given by

C ’I“z'C
n) =ri(1- e~ G- ). @
its maximum graceful degradation time tg4 is given by
Cmax
tg =11+ iC InCo. (23)

Remark 4.7. As we can see from (22) and (21), both the
credit and instantaneous rate of aleading flow decreases ex-
ponentially. Thisis different from the degradation schemes
in WPS [10] and CIF-Q [11].

Theorem 4.11 (Short-term throughput guarantee for a
leading flow over clean channels). Consider a leading flow
1 over a time interval [t1,t2] which is continually back-
logged. Then its aggregate service in bits W;(t1,t2) is
bounded by

Wilta, t2) 2 7:C(t2 — 12) = 75 > Limax — Limax
i€l

) t2 .
— Lmaxi — ’I“z'C/ Cl(t) dt.
@ ¢

max
[ Cz'

1

Proof. During an instantaneous time interval [¢, ¢ + dt], it
follows from (20) that the maximum amount of service that
a leading flow gives up for lagging flow compensation is
given by

Ci(t)
Cmax Ti

r;C dt,

where C' isthe server rate. Therefore, the aggregate amount
of service that flow 7 gives up during [t1,t7] is

" Ci()
/t G iC

1

(24)

Then, by referring to (9) and noting that leading flow 4
is not considered to be idle until it gives up its lead, we
conclude the proof. O

Corollary 4.3. Consider the case C;(t1) = Cp. Then the
throughput W;(¢1, t2) for a continually backlogged leading
flow i over [t1,t,] is bounded by

Wi (ﬁla ﬁz) = Tzc(ﬁz - tl) - T Z Lmax — Limax — Lmax o,

ieF
- Coh (l - exp( Cmax (ta — t1)>)

Theorem 4.12 (Short-term throughput guarantee for a
leading flow over error-prone channels). Consider a lead-
ing flow 7 over atime interval [¢1,t,] which is continually
backlogged. Assume that the channel has less than e; error
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dots over any S; slots. Then its aggregate service in bits
W;(t1,t2) is bounded by

Wi (tll tz) = Tzc(tz - tl) — T Z Lmax — Limax — Lmax o,

1eF
2 (Y. _
*riC’/ C’z(t)dt[c(tz tl)—‘ein_
t

o SiLp

1

Since a leading flow is aways sending packets ahead
of its expected arrival time, the following result on delay
bound holds trivialy.

Theorem 4.13 (Delay bound for a leading flow). As long
as a flow ¢ is leading over [tq,t2], no matter whether the
channel is clean or not, its maximum delay with respect to
its expected arrival time is zero.

4.2.3. Lagging flows

Theorem 4.14 (Delay over clean channels). Consider a
backlogged lagging flow i at ¢, which has a credit C;(t) (in
bits). Assume that al flows have a uniform packet size L,
and all have clean channels and are backlogged fromtime ¢,
and >, 7 = 1 without any loss of generality, where F'
denotes the total set of flows. Then the HOL packet delay
of flow i (defined as the difference between the departure
time and its expected arrival time of the HOL packet) is
upper-bounded by

dHOL PDTHOL EAT ( HOL )
|C @®)| Lp
~ 1T ’ 2
JEZF C an cr, MM e Iy 29)

where Ty, is calculated by

Cr(@)ri/Lp
CTm Y P =
kEL() T'k-CTm + C’i

in which £(t) denotes the set of leading flows at ¢, and G(¢)
denotes the set of lagging flows at ¢.

_ Zjeg(t) G
|Ci (1)

(26)

Corollary 4.4. If we take C"™ = pr; for some constant
u > 0 for every flow i € F, the time Ty, of the above
theorem is given by

2jegr |G|

T = &
C(ICO/Lp) Xope ey Cr(t) —

2 jeg 1G5 D) .

Using the same arguments, during atime interval [¢1, 2],
if al flows have clean channels, a lagging flow i re-
ceives at least the following number of compensation
dots:

T’kC(tz - tl) + Ctmax

[Cita)] |Ci(ta)| }
djeoun i) Ly )

mln{ Z Ck(tl)TkC(tzftl)/Lp
ke L(t1)
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Then the throughput bound for alagging flow follows read-
ily:

Theorem 4.15 (Throughput guarantees for lagging flows
over clean channels). Consider a backlogged lagging flow 4
at t;, which has a credit C;(¢1) (in bits). Assume that
al flows have clean channels over time interval [t1,t2],
and ZJEF r; = 1 without any loss of generality, where F'
denotesthetotal set of flows. Then, the minimum aggregate
service (in bits) that flow 7 receives during time interval
[t1,t2] is given by

ri
Wit t2) = 1:C(t2 — t1) — 74 ; Limax — Lmax — L”‘""XE
. Ck(ﬁl)’l“kC(ﬁg — tl)
+ming |Ci(t1)|,
{| )| kg(tl) rpC(ty — t1) + O
|Ci(t1)] }
> jegin [Ci ()]

Theorem 4.16 (Delay on error-prone channels). For alag-
ging flow 4, assume that it perceives less than e; error
dlots over any S; dots, and its minimum credit over [t1, t2]
is C". Then, the following results on maximum delay
for HOL packets of flow i that are served during [t1,t2]
hold:

1. If the channel plays the adversary, and the following
error condition holds:
€; C

i 27
5 <L (27)

then the maximum delay for HOL packet d" is given
by

L
d™ = ol .
" Z o +di (28)
JEF
where d; is calculated by
4+ Clm CkaCAﬁ/Lp
T il .
Ly CP + 2 jeg Gmax() 7 T CDE + O™
[a
with At being given by
L
At =d; — =
t dl C?"i

An upper bound on d" is given by
L
m < P

dl" < E o+

JEF

61+1
C’m/Lp—e,-/S,-'

2. We take the worst-case percentage of channel errors as
e;/Si;. Then an upper bound on the worst-case ex-
pected delay for HOL packets of flow 4, given the
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worst-case channel error percentage as e;/.S;, is given
by
Ly 1

L
ey 2 . 29
‘ JGZF,C—i_CTzl*el/Sl ( )

Proof. The proof follows the arguments similar to theo-
rem 4.7. (]

Theorem 4.17 (Throughput guarantees for lagging flows
over error-prone channels). Consider a backlogged lag-
ging flow ¢ at ¢1, which has a credit C;(t1) (in bits). As-
sume that the channel has less than e; error dots over
S; dots. Then, the minimum aggregate service (in bits)
that flow ¢ receives during time interval [t¢1,t], is given

by

Wi(t1,t2)
ri
= HC(tz - tl) — T Z Lmax — Lmax — Lmaxai
ieF
C(ta — t1) .
B Bl SCRENRE Y Y )
T2 ety minf e

Z Ci(t1)riC(t2 — t1) |Ci(ta)| }
kEL(t1) etz — 1) + O™ 3 e |Ci ()]
Proof. The arguments follow similar to that of theo-
rem 4.8. O

5. Simulation results

This section presents the simulation results for the wire-
less fair service algorithm. As described in the previous
sections, the key features of our algorithm are the following:
separation between flows, decoupling of rate and delay, ex-
panded schedulable region, short term throughput and fair-
ness guarantees for error-free flows, long term throughput
and fairness guarantees for al flows, and graceful service
degradation for leading flows. In order to illustrate the ef-
fect of each of these features, we present some examples
in this section.

The following performance measures are used to evalu-
ate the algorithm. WW: number of transmitted packets of the
flow expressed as a fraction of the total number of packets
transmitted for all flows; B: packet loss ratio, i.e. fraction
of packets dropped; Dmax: maximum delay of successfully
transmitted packets, Dag: average delay of successfully
transmitted packets; op: standard deviation of the delay;
d™: maximum new queue delay. Note that the delay and
throughput parameters are expressed in terms of dlots.

Each of our simulations had a typical run of 50000 time
units. We averaged each result over 25 simulation runs.
To obtain measurements over short time windows, we mea-
sured the parameters over 5 different time windows, of size
200 time units each, in a single simulation run, and aver-
aged the values got over 5 distinct simulation runs, for the
results shown here.
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We have considered Poisson sources and MM PP sources
in our smulations. For the MMPP sources, the modulated
process is a continuous-time Markov chain which isin one
of two states ON or OFF. The transition rate from the ON
to OFF is 0.9 and OFF to ON is 0.1.

The wireless channel in our simulations evolves accord-
ing to a two-state discrete Markov chain. Let py be the
probability that the next time dlot is good given that the
current time dot is in error, and pe be the probability that
the next time dlot is in error given that the current slot is
good. Then, the steady-state probabilities Ps and Pg of
being in the good and bad states, respectively, are given by

Ps = DPg Pe = De

Pg + pe’ Py + Pe’

We use one-step predictions, i.e. the channel state for the
current time slot is predicted to be the same as the moni-
tored channel state during the previous time slot. Though
this is obviously not perfect, our simulation results show
that it is reasonably effective for typical wireless channel
error models. Note that channel prediction is a pluggable
module for the purpose of our simulations. Any other
mechanism that predicts channel error efficiently can be
easily incorporated in our simulations.

We present four examplesin this section, where each one
is used to demonstrate a specific feature of our algorithm.
Example 1 illustrates the decoupling of rate and delay,
thus expanding the schedulable region. Example 2 shows
that we can provide short-term fairness and throughput
bounds for both error-sensitive and delay-sensitive flows
with bounded channel error. Example 3 demonstrates the
graceful degradation of leading flows during compensation.
It also illustrates how in-sync flows are not disturbed in the
presence of leading flows. Example 4 shows how an adap-
tive source can maintain its throughput, even when it drops
packets due to channel error or delay-violation.

(30)

5.1. Example 1: Decoupling of rate and delay

We illustrate that our algorithm has a larger schedula-
ble region than other proposed wireless fair queueing al-
gorithms, due to the decoupling of delay and bandwidth.
Consider three Poisson sources with error-free channels.
Source 1 has an average rate of 0.111, sources 2 and 3
have average rates of 0.444 each. We consider two scenar-
ios:

(8 Inthisscenario, we set the delay weights ®; to be equal
to the rate weights r; of the sources, and the look-ahead
0 = oo. Our agorithm is now the same as the Wireless
Fair Queueing algorithm [10]. The parameters and the
simulation results over the entire run (1) and over small
time windows (I1) are given in table 1. As expected,
the rates obtained by the sources are proportional to
their weight, and the configuration is schedulable.®

6 Note that the delays are not inversely proportiona to the ®; values
because of a number of reasons: not all flows are backlogged at any
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Table 1
Source parameters and results for example 1: scenario (a).
Source T D, w P Dmax Da\/g op d"d

Case |: Entire run

1 011 011 011 0 76.5 8.7 10 13
2 044 044 044 0 40.1 3.8 4.8 21
3 044 044 044 0 40.2 3.8 4.8 2.1
Case II: Small time windows
1 011 011 011 0 225 8.4 6.8 6.7
2 044 044 044 0 10.7 31 17 14
3 044 044 044 0 111 31 1.4 1.7
Table 2

Source parameters and results for example 1: scenario (b).

Source T D, w P Dmax Da\/g op dnd

Case |: Entire run

1 011 0.9 0.11 0 37.5 1.0 27 16
2 0.44  0.09 0.44 0 40.8 2.9 44 23
3 044 0.009 044 0 64.7 6.8 74 30

Case II: Small time windows
0.11 0 54 0.8 14 4
0.44 0 11.8 2.6 2.9
0.44 0 20.1 6.6 51 7

1 011 0.9
0.44  0.09
0.009

N
[62)

(b) Now, we change the delay weights for each of the
sources, setting @, = 0.9, @, = 0.09 and ®3 = 0.009.
The simulation results over the entire run (1), and over
small time windows (I1) are shown in table 2. We
can see that source 1, which has a larger delay weight
than the other sources, experiences a much smaller de-
lay, even though its rate is smaller than the other two
sources. On the other hand, source 3 has a large rate,
but it seesalargedelay, asit hasasmaller delay weight.
Thus, the Wireless Fair Service algorithm can schedule
low rate, low delay flows, as well as high rate, high
delay flows, due to delay-bandwidth decoupling. As
shown in theorem 4.1, our agorithm has an expanded
schedulable region.

In comparison, IWFQ [10], CIF-Q [11] and CBQ-
CSDPS [14] do not provide delay-bandwidth decoupling.
Packet delays under these algorithms are tightly coupled
to the rate weights of the flows. SBFA [13] can achieve
delay-bandwidth decoupling if its error-free service model
can.

5.2. Example 2: Error-sensitive versus delay-sensitive
flows

We now consider an example to show how our algorithm
performs when the channel is error-prone, and when the
flows can be delay-sensitive or error-sensitive. A delay-
sensitive flow drops its packets when the packets are in the
gueue for a time larger than the specified delay bound. An
error-sensitive flow drops packets when it tries to transmit

time; the delay is dependent on the queue size, etc. This is consistent
with the analytical results in the previous section.
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Table 3 Table 4
Results for example 2: error-sensitive flows. Results for example 2: delay-sensitive flows.
Source w B Dmax Da\/g oD dm Source w H Dmax Da\/g op dn
Case I: Entire run Case |: Entire run
1 0.327 0 165.0 19.33 22.45 91.5 1 0.326 0.005 99.9 17.0 19.3 88.0
2 0.325 0 147.5 19.76 23.28 94.3 2 0.326 0.006 100.0 17.6 19.8 88.2
3 0.348 0 19.5 1.76 2.38 19.5 3 0.348 0 19.3 2.0 2.7 6.4
Case II: Small time windows Case II: Small time windows
1 0.328 0 26.0 8.38 7.41 15.0 1 0.328 0 33.56 8.7 9.2 22.3
2 0.323 0 26.7 8.92 10.32 17.5 2 0.325 0 25.78 95 7.6 21.9
3 0.351 0 7.8 1.39 1.93 7.71 3 0.347 0 6.0 1.1 1.6 5.9
Case I11: Error-free channels — entire run
1 0.328 0 46.3 5.15 5.31 3.11
2 0.327 0 46.1 5.12 5.17 3.11 Graceful service degradation
3 0.345 0 2.89 1.59 1.7 289 5 0 T T T T T T T T
,% "lagging_flow" —
E 20r "leading_flow" -~ T
o ) 2 "n-sync_flow" -----
a packet for a specified number of times and encountersa & o0 | 7 J
channel error on all its attempts. I
We consider three sources, where sources 1 and 2 are .g 150 | -
Markov-modulated Poisson processes (MMPPs), with an &
ON rate of 1.5 (average rate of 0.15), and source 3isa % 10 ]
constant source with a rate of 0.25 (i.e. packet inter-arrival g )
E 50 r A
o]
z

ing to a two-state discrete Markov chain having a steady
state probability Pz = 0.7 with pg + pe = 0.1. Source 3
has an error-free channel. The rate weights for all sources
are r; = 0.333. The delay weights are also assigned to be
equal to the rate weights. We consider two cases:

(a) Error-sensitive flows. For each packet, we limit
the maximum number of retransmits to 8, i.e. a packet is
dropped if it is not successfully transmitted after nine at-
tempts. The simulation results are presented in table 3. The
simulation is done over an entire run (1), as well as over a
set of small time windows (I1). For purposes of comparison,
we also present the simulation results for same set of flows
with error-free channels (l11). It illustrates the fact that we
get the same rates as in an idea error-free channel with
fair queueing, but since the channel is error-prone for some
flows, those flows have large delays. All flows get the rates
in proportion to their rate weights. From the resultswith the
small time windows, we see that our compensation model
provides for short term fairness and throughput guarantees
even when the channels are error-prone with bounded error.

(b) Delay-sensitive flows. Instead of setting an upper
limit on the number of retransmission attempts per packet,
we set an upper limit on the maximum delay of a packet to
be 150. If a packet is in the system for more than 100 time
dots, then it is dropped; this could possibly happen even
before it reaches the head-of-the-queue. Thus, our sources
are now delay-sensitive, rather than error-sensitive.

We present the simulation results in table 4. Results
for the entire run are presented in (). We aso present the
performance metrics over short time windows (I1). This
example complements the results of case (@) by leading to
the same conclusions regarding the short term fairness and
rate guarantees. It is also seen that source 3, which has
an error-free channel does not experience a change in its

0 £ I I ! I ! ! I
0 100 200 300 400 500 600 700 800 900
Time

Figure 3. Graceful service degradation.

throughput or delay, due to the compensation given to other
flows. Thus, we are able to achieve separation of flows.

In existing literature, IWFQ [10], CBQ-CSDPS [14] and
SBFA [13] do not provide any short-term bounds on fair-
ness or throughput. CIF-Q [11] provides short-term fairness
and throughput bounds in the average case, but it degener-
ates to IWFQ in the worst case.

5.3. Example 3: Graceful service degradation

In this example, we demonstrate the graceful degradation
of leading flows. There are three flows all with identical
delay and rate weights. Flow 1 is in error till time ¢t =
100. Flows 2 and 3 are always error-free. All flows are
backlogged at any instant of time. We bound the F and
Gmax Of each flow to 50. Figure 3 presents the plot of the
number of packets served over time.

We are able to see that up to time ¢ = 100, flow 1 is
starved as it encounters channel error. Flow 2 receives the
excess service. Due to the inherent nature of our algorithm
that avoids disturbing in-sync flows as much as possible, we
see that flow 3 does not receive any of the excess service.
Attimet = 100, flow 1 has accumulated alag of 50, flow 2
has a lead of 50, while flow 3 does not have any lead or
lag. After t = 100, flow 1 experiences a clean channel and
it starts giving up itslag. Flow 2 gives up some of its slots
to flow 1, and we can see that the compensation decreases
exponentially. Thus, even though flow 2 had accumulated a
lot of credit, it does not get starved, and observes a graceful
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degradation of service, while flow 3 is not disturbed at all.
Flow 1 also sees a graceful decrease of rate to 0.33 as it
reduces its lag to 0.

In Idealized Wireless Fair Queueing [10], from time ¢ =
100, the curve would have levelled off for the leading flow
and the in-sync flow, since the lagging flow would have
had a higher precedence with its lower tags. This would
happen till the lagging flow caught up with the leading and
in-sync flows. CBQ-CSDPS [14] will behave in a similar
way.

SBFA [13] compensates for the lagging flow from
t = 100 using the dots in the Long-Term Fairness Server
(LTFS). Therewill be no in-sync flow in this case, since the
other two flows receive excess service and become leading.
From ¢ = 100, the lagging flow will get twice the band-
width than the other flows, resulting in a linear service
degradation for the leading flows. CIF-Q [11] uses the pa-
rameter « to control how soon a leading flow gives up its
lead, and the service degradation achieved is linear. How-
ever, in the worst case, the service degradation for both
SBFA and CIF-Q will degenerate to IWFQ. In our ago-
rithm, we use the parameter Fnq (i) to determine how a
leading flow gives up its lead, and we achieve exponen-
tial degradation of service even in the worst case, which is
more graceful.

5.4. Example 4: Adaptive sources

A delay-sensitive flow that drops its packets when they
exceed their delay bounds (due to channel error) will cease
to be backlogged and thus lose its compensation. A flow
can react to this packet dropping by generating additional
packets equal to the number of packetslost at a higher rate.

In this example, we look at effect of the latency of adap-
tation on the throughput for a flow in the presence of chan-
nel error. In our simulation, we have incorporated a time-
window for a flow that determines how soon a flow reacts
to this packet dropping. A window of 20 implies that when
a source generates excess packets in reaction to a packet
dropping, it will be 20 time units after the dropping is ob-
served. ldeally, this time-window should be 0. In this ex-
ample, we measure the impact of the latency of adaptation
on throughput. In particular, we have tried to show that the
faster a flow adapts to packet dropping due to delay viola-
tions, the lesser decrease in throughput is observed. Let us
consider three flows. Flow 1 has an error-free channel at
al times, flow 2 and flow 3 have channel error according
to table 5. All flows are MMPP sources with \; = 1.2. All
the flows are delay-sensitive with the delay bound = 100.

Table 6 shows the throughput obtained for flow 3 as a
fraction of the overall throughput, for different values of
this time-window. The results show that the throughput
increases with smaller time-windows, i.e. when flow 3 be-
comes more adaptive with respect to the rate. We see a 2%
increase in throughput compared to the case when flow 3
is non-adaptive, when the delay bound is 100 for flow 3.
If we reduce the delay bounds further (implying a greater
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Table 5
Channel parameters for example 4.
Py De Pe
Flow 2 0.07 0.03 0.3
Flow 3 0.05 0.05 0.5
Table 6
Effect of adaptive nature of source on throughpuit.
Obtained throughput W/
Dmax Non- Adaptation window
adaptive 100 50 40 30 10
0o 0.3324
100 0.3275 03283 03291 03304 03308 0.3319
50 0.3082 03265 03268 03273 03292 0.3298

number of losses), we see up to seven percent increase in
throughput.

6. Conclusions

Emerging indoor and outdoor packet cellular networks
will seek to support diverse communication-intensive appli-
cations with sustained quality of service requirements over
scarce, dynamic and shared wireless channels. While fair
gueueing has long been a popular paradigm for support-
ing bounded delay access (and hence guaranteed QoS) to
a shared wireline link, wireline fair queueing algorithms
cannot be applied directly to the wireless domain because
they do not address issues of location-dependent and bursty
channel error, channel contention, dynamic channel ca-
pacity, shared broadcast channels for uplink and downlink
flows, etc.

In this paper, we present awirelessfair service algorithm
which provides short-term fairness among flows which per-
ceive a clean channel, worst-case delay bounds for packets,
short-term throughput and fairness bounds for flows with
clean channels, long-term throughput and fairness bounds
for al flows with bounded channel error, an expanded
schedulable region by decoupling delay/bandwidth weights,
and supports both delay sensitive and error sensitive data
flows. The practical implementation of this algorithm in
a packet cellular environment is accomplished within the
framework of the simple and robust CSMA/CA medium
access protocol. We provide the analytical properties of
the the wireless fair service algorithm and illustrate them
through simulations. Ongoing work seeks to instantiate this
algorithm in an implementation testbed.

Appendix

Proof of lemma 4.3.  We prove part (2) first. Consider the
nontrivial case when vy > v1 + Lmax/7i + Lmax/®i. We
first prove that there is a packet from flow ¢ that is served
in [vg,v2]. For this case, since a packet from flow ¢ has
received its services at v;, denoted it as p¥ !, therefore,
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S(pF 1) < vy and F(pF™Y) > v1. Now consider packet
p¥. From the tagging scheme, the tags of packet p* are
computed as

L1 k

S =SE) + == Fp) =S0) + 4

It is easy to see that S(p¥) < v1 + Lmax/ri < v2 and

v1 < F(pF) < v1 + Limax/7i + Lmax/®; < v2. Hence, there
is a packet p¥ that is served in [vy, v7].

Now let us denote the last packet from flow i to re-
ceive servicesin [vg, vg] aSpﬁ” then it is easy to see that
F(pFt™ 1) > v,. Using the tagging scheme of section 3.1,
the following holds:

Ti

k+n+1 k+n
S04 = (Pl - Eg—) - B

Using the tagging scheme of section 3.1, we can derive

()

j=0 ~ *

S(py) = S(f)

(A.2)

Then, it follows that

_ Lk-‘rJ _—_ﬂ_ U+Lmax
=0 T D; T ! T -

Hence, we obtain the following inequality:

ML

LS M L L
Z( i )21}2_1}1_ max  Lmax (A.2)
, T ®; i
7=0
Since W;(v1,v2) = Y7o LE*7, then it follows that
ri
Wi(v1,v2) = ri(v2 — v1) — Lmax — Lmaxa

This completes the proof of part (2).

For part (1), flow 7 started from idle and becomes back-
logged at time v1. Then its head of line packet is tagged
as

k-1 k-1
F(pi™) =V (A(pf~ 1))+5T<”1+ o

In the worst-case scenario, all other flows have been contin-
ually backlogged before v1, therefore, flow ¢ hasto wait for
a maximum time L¥~!/®; to receive its services. There-
fore, the maximum servicesit lost during [vy, v1+Lf*1/d>i]
is bounded” by 7; Liax/ ®;.

After the first packet has received service, the arguments
for part (2) still hold. Hence, its minimum throughput is

7In the normal case, an extra packet should be considered to obtain an
upper bound. However, note that part (2) has aready considered it.
Therefore, we do not need to add one extra packet here.
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given by
Wi(vy,v2) 2 ri(v2 — v1) — Lmax — Lmax_l - T Lmax'
®; ®;
This completes the proof of part (1). O

Proof of lemma 4.4. The set of flow ¢ packets during time
interval [vq1, v2] have start tags at least v; and at most vs.
This set can be partitioned into two subsets:

e Set A which consists of packets that have start tag at
least v; and strictly less than vy, that is,

S(pt). and S(t) < vz},

e Set B which consists of packets whose start tags may
be at most v, and whose finish tag is strictly larger than
v2. It is obvious that at most one packet belongs to this
Set.

A={k|n< (A.3)

For packetsin set A, using the equation (A.1), we can easily
obtain

Wi(’Ul, 1)2) < Ti(’Uz — v]_). (A4)

Since at most one packet may belong to set B, it follows
that

Wi(’Ul, 1)2) < Ti(vz — ’Ul) + Lmax- (A5)

This concludes the proof of lemma 4.4. O

Proof of theorem 4.2.  We will derive a minimum through-
put for flow ¢ during real time interval [¢1,t>], using argu-
ments similar to those of [7]. The minimum throughput
for a backlogged flow is achieved when all other flows are
continually backlogged as we considered in lemmas 4.3
and 4.4. We choose v(t;) = v1 and denote the aggre-
gate length of packets from all flows to receive service in
some virtual time interval [v1, v2] (Measured in seconds) as
W i(vy, v2). From lemma 4.4, we have

Z r;C(v2 — v1) + Z Limax

i€F ieF

W (v1,v2) < (A.6)

by noting that the virtual time in (8) is measured in bits,
which can be easily trandated into seconds assuming a con-
stant server rate C.
Since ), i = 1, we have
W(vll ’1)2) <

C(vz—v1)+ Y Lmac (A7)

ieF
We define the virtual time v, as

ZieF Limax

vy = (ta —t1) +v1 — c

Substituting v, into W (v1, vo), we have

W (v1,v2) < Clt2 — ta). (A.8)
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Let 7 be such that v(tz) = v2. Therefore, the real time it
takes the server to finish serving W (v1, v2), given by ¢, —11,
satisfies

W (v1,v2) P Clt2 —t1)

tzft]_: C X C

(A.9)

Hence, it follows that ¢, < to.

Therefore, it follows that W;(t1,t2) > Wi(ty,t2) =
Wi (v1,v2). Then, the results can be readily obtained from
lemma 4.3. O

Proof of theorem 4.3.  We present the outline of the proof
due to lack of space. For new queue delay, the worst-case
scenario happens in the following context: flow i starts to
become backlogged and all other flows have been served
and remain backlogged. Based on our tagging scheme,
the maximum time (in bits) flow ¢ has to wait is given
by Lmax/®P;. Therefore, flow j # i can receive services
(before the head-of-line packet of flow ¢) bounded by at
Most 7; Limax/P; + Lmax Where we take account at most one
additional packet to be served. Therefore, the maximum
aggregate length of packets from other flows, which are
served before the HOL packet of flow i, is given as

J#i

L
3 (Tax +Lmax).

jEF

By noting that the server has a rate C', and the maximum
length of the HOL packet of flow i is Lmax, then it follows
that its departure time 7"°" is bounded by

THOL  4HOL 1[ & Lmax
i S 45 +E Z rj—CD- 4+ Limax | + Limax ¢

JEF

where AHO- is the arrival time of its head of line packet.
This concludes the proof. |

Proof of theorem4.7. For aHOL packet of flow 4, it might
be selected for transmission due to one of the two reasons:
it gets a normal slot due to its normal rate share r;, or it
gets a compensation slot since it is lagging. On a clean
channel over a time window d;, due to its rate share r; and
delay weight @;, flow i gets the number of transmission
dots s! as

L C
t._ L p .
s; =1+ (dl (@) min(CD,-,m)) Lpn.

Now we consider the compensation dlots that flow ¢ can
receive from leading flows. For aleading flow j to generate
K; compensation slots during a time window d;, according
to the rate adaptation scheme (20), the compensation rate
is lower-bounded by

(A.10)

Ci() = KLy

max J
Cj

(A.11)
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Hence, the compensation slots that a leading flow j may
generate during d; satisfies

Ci(t) — K;Lp  CAt

Hence, the compensation slots K; are given by
K — C;(t)r;CAt/L, (A13)

7O OO

A lagging flow 4 can receive at least the number of com-
pensation slots

Lp
- K. (A.14)
Lp+ Zjeg Gmax(4) I;L

It follows that the minimum number of compensation slots
s¢ that flow 4 can receive is given by

c_ Lp Ck’l“kCAﬁ/Lp
¢ Lp+ZJ€g Gmax(]) kel rkOAt-i-Ctmax’
g

! Cmin(dbi,m)'
Therefore, in case of clean channels, the number of clean
dots that flow i can get during time d; is given by st + s.
In the presence of channel errors, to get at least one clean
dots, then the following holds:

S

At =

Hence, the HOL packet delay d; satisfies

L CkaCAt/Lp

1+ P .
Lp + ngg Gmax(]) k:ezll rrCAL 4 szax

L C d;
Jr( Cmm(d)i,ri))Lpr {S,le +1 )
where
g
Cmi n(CD,-, ’I“z')
To obtain an upper bound for the solution to (A.16), we
ignore the compensation dlots, i.e. s{ = 0, then an upper
bound on the maximum delay d; is given by

At =

Cri/Lp—ei/Si '

where we need the following necessary condition to hold:

d; < (A.17)

€; < C?"i
S, T Ly

(A.18)

Note that in case when al HOL packets have identical tags,
the maximum time for flow ¢ to wait until its HOL packet
has been selected is given by >, (Lp/C), then the re-
sult (16) follows.

If we take the worst-case percentage of channel errors
as e;/.S;, then we should get at least one clean dlot in the
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presence of errors so that the HOL packet can be served.
That is,

(st +59) (1— g—) > 1 (A.19)
Then, following similar procedures as in part (1), by ig-
noring the compensation slots, an upper bound on the ex-
pected HOL packet delay, given the worst-case percentage
of channel errors as e;/S;, is given by

d; < .
C’I‘i/Lp

Then part (2) follows readily. O

(A.20)

Proof of theorem 4.10. From (20), it is easy to see that
Ci(t)

—dC;(t) = r;C dt, Ci(t1) = Co. (A.21)
Crmax
By integration, we arrive at
C
Ci(t) = Coexp ( gmax (t— t1)> . (A22)

Substituting it into the equation (20), we obtain the in-
stantaneous rate adaptation (22). To derive the maximum
graceful degradation time ¢, we take the credit C;(¢2) as
1 bit in practice (areal packet should be at least in the order
of byes), hence,

.C
Ci(ts) = Co exp(—%(tz - m) —1. (A293

A simple calculation leads to inequality (23). This con-
cludes the proof. O

Proof of theorem 4.14. Let usfirst consider the maximum
time that flow 7 needs to wait from time ¢ to receive a clean
slot according to our algorithm. Since flow ¢ has a lagging
credit C;(t) at time ¢, according to our algorithm, the first
slot to be generated for flow ¢ will be at the time

Lo ( |Cj(t)|>}
mln{ T Z )
riC &gt 1Gi@)]
where T'(k) denotes the time it takes for leading flows to
generate k dots, and G(t) denotes the set of lagging flows
at.
For aleading flow j to generate K ; compensation slots,

according to the rate adaptation scheme (20), the compen-
sation rate is lower-bounded by

Ci(H) ~ KLy

e ;.
J

(A.24)

(A.25)

Hence, the time it takes a leading flow j to generate K
compensation slots is given by

Ly O

- C(Ci(1) — K;Lp)r;
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For lagging flow i to receive a compensation slot, K is
subject to the constraint

ZKJZM

O (A.27)

JEL(t)

where L(t) denotes the set of leading flows at ¢.
From equations (A.26) and (A.27), it is easy to derive
that

o1y Y CeOne/Ly  Ticon OO, o

max ]
£z, TCTn + C [X0]

Hence, we arrive at an upper bound for the time that flow
1 needs to wait from time ¢ to receive a clean dlot.

Asfor the time that the HOL packet of flow 7 has waited
until ¢ since its expected arrival time, it is straightforward
to apply the same arguments as those in the proof of theo-
rem 4.4. Thus we arrive at the result given by (25). O
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