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ABSTRACT

In this paper, we consider the problem for maximizing the
throughput of a discrete-time wireless network, where only
certain sets of links can transmit simultaneously. It is well-
known that each set of such links can be represented by a
configuration vector and the convex hull of the configuration
vectors determines the capacity region of the wireless network.
In the literature, packet scheduling polices that stabilize any
admissible traffic in the capacity region are mostly related
to the maximum weighted matching algorithm (MWM) that
identifies the most suitable configuration vector in every time
slot. Unlike the MWM algorithm, we propose a dynamic frame
sizing (DFS) algorithm that also stabilizes any admissible
traffic in the capacity region. The DFS algorithm, as an
extension of our previous work for wired networks, also does
not have a fixed frame size. To determine the frame size, an
optimization problem needs to be solved at the beginning of
each frame. Once the frame size is determined, a hierarchical
smooth schedule is devised to determine both the schedule
for configuration vectors and the schedule for multicast traffic
flows in each link. Under the assumption of Bernoulli arrival
processes with admissible rates, we show that the number
of packets of each multicast traffic flow inside the wireless
network is bounded above by a constant and thus one only
requires to implement a finite internal buffer in each link in
such a wireless network.

I. INTRODUCTION

Packet scheduling in both wired and wireless networks to
achieve maximum system throughout or provide quality of
service has been an ongoing research problem for a long
period of time. Our objective in this paper is to extend the
dynamic frame sizing (DFS) algorithm for switches [3] and
wired networks [8] to the setting of wireless networks. For
this, we consider the configuration vector model that is often
used in the literature to model the effect of link interference
in a wireless network. A configuration vector is a vector
of indicator variables that specifies a set of links which are
allowed to transmit packets at the same time in a wireless
network. The configuration vector model then characterizes
a wireless network by a set of configuration vectors. Such a

model is also known as the generalized constrained queueing
model in [4]. For the configuration vector model, it is well-
known that the capacity region for a wireless network is the
convex hull of the set of configuration vectors. There are plenty
of studies in the literature (see e.g., [13], [12], [4], [7]) that
addressed the packet scheduling problem for maximizing the
throughput in such a wireless network model. In particular,
a scheduling algorithm is called throughput-optimal if it can
stabilize the network for arrival traffic with rates falling within
the capacity region. Most of throughput-optimal scheduling
schemes are related to the maximum weighted matching
(MWM) algorithm in [13], which identifies the most suitable
configuration vector according to the queue length information
available at each time slot.

Unlike the MWM algorithm, there is no need for the DFS
algorithm to solve an optimization problem in every time slot.
In the DFS algorithm, time is partitioned into frames, and
an optimization problem is solved to determine the frame
size at the beginning of each frame. For a wireless network
that implements per flow queueing for each multicast flow,
the frame size is chosen to be the minimum amount of
time, known as the minimum clearance time, to clear the
backlogs observed at the ingress queues at the beginning of
the frame. By so doing, the backlogs at the ingress queues
at the beginning of a frame is then bounded above by the
arrivals during the previous frame, and a packet that arrives
at an ingress queue in one frame will leave the ingress queue
and enter the network in the next frame. Thus, as long as the
expected size of each frame is finite, the expected backlog
at each ingress queue remains finite. For packets that have
departed from their ingress queues and entered the network,
the DFS algorithm provides each flow in a frame a guaranteed
rate that is proportional to the backlog observed at the ingress
queue at the beginning of that frame. Such a guaranteed rate
service then ensures the number of packets of each flow inside
the network is bounded above by a finite constant. As a result,
every internal buffer is finite and this mitigates the problem of
implementing unlimited internal buffers as pointed out in [5].

The extension of the DFS algorithm to the configuration
vector model is not as straightforward as one might expect.
There are two technical difficulties that need to be conquered



for such an extension. First, unlike the models for switches
[3] and wired networks [8], there is no explicit expression for
the frame size in the configuration model as the minimum
clearance time is now a solution of an optimization problem.
Without an explicit expression for the frame size, it would
be difficult to use the large deviation argument in [3], [8] to
prove the finiteness of the expected frame size. Second, packet
scheduling in the configuration vector model is much more
complicated than that for switches and wired networks. In the
configuration vector model, there are two levels of scheduling:
(1) the upper level for scheduling configuration vectors and (ii)
the lower level for scheduling flows in each link. Providing
guaranteed rate services in such a two-level schedule for each
frame poses a challenging problem.

Our contributions of this paper are mainly to solve these
two technical problems. For the problem on the frame size,
we derive an explicit upper bound for the minimum clearance
time that can be used for the large deviation argument. Our
idea for the upper bound is to compare the minimum clearance
time with the time to drain the backlog at each link with the
rate equal to its arrival rate (even though the actual arrival
rate is not known). By so doing, we are able to establish the
connection between the external arrival rates and the frame
size so that the large deviation argument in [3], [8] can be
used. To provide guaranteed rate services inside the network,
we propose a hierarchical smooth schedule (as an extension of
the smooth schedule in [6], [3], [8]). We then derive bounds on
the differences between the guaranteed rate services provided
by the hierarchical smooth schedule and the ideal rate services.
These bounds are then used for bounding the number of
packets in each internal queue.

The rest of this paper is organized as follows. First, we
describe our mathematical model in Section II. In Section III,
we propose our DFS algorithm, including determining the
frame size in Section III-A, proposing the hierarchical smooth
schedule in Section III-B, and proving the finiteness of the
expected frame size in Section III-C. In Section IV, we
conclude this paper by addressing some further extensions.

II. THE MATHEMATICAL MODEL

In this section, we first introduce the mathematical model
and the notations that will be used in the paper.

A. Per flow queueing for multicast flows

Consider a network with L links and J multicast traffic
flows, indexed from 1 to L and from 1 to .J, respectively.
Each flow enters the network at some queue, traverses through
a set of queues arranged in a fan-out tree, and then leaves the
network. There might be several flows traversing a common
link, and we assume that per flow queueing is used in every
link, i.e., ever 4 flow has its own queue in every link it traverses.
We define qe] ) as the queue for flow j traversing link /.
Moreover, we denote q(j ) as the ingress queue for the j th flow,
and all the queues other than ingress ones are called internal
queues. Notice that ¢U) and q(g] ) represent the same queue
if link ¢ is the first link traversed by flow j in the network.

The queues traversed right before and after queue g are named
the upstream queue of ¢ and the downstream queue(s) of g,
respectively. For the clarity of our presentation, we assume at
this moment that all the queues are of infinite sizes (including
both ingress queues and internal queues) so that no packets
are lost. Later, we will show that all internal queues are of
finite sizes.

Throughout this paper, we consider the usual discrete-time
setting by assuming that packets are of the same size and that
time is slotted so that one packet can be transmitted within a
time slot. Also, we assume that each queue is started from an
empty system at time 0. We now define xéj ) (t) as the number
of packets in queue qéj )

for each queue q§j )

at time ¢. Then, the governing equation
can be represented as

2Dt +1) =2 (t) +aP ¢+ 1) =P (¢ + 1), (1)

where a&j )(t) and bEj )(t) are the number of packets arriving
at qy ) at time ¢ and the number of packets departing for the

(7)

downstream queue(s) of ¢,”’ or leaving the network at time ¢,

respectively. Notice that if qéj ) is the ingress queue for flow
j (e., qéj) = ¢y, a((gj)(t) is simply the number of external
arrival packets at time ¢, which is denoted as a/)(t). On the

other hand, for internal queue qéj ), the arrival packets of qéj )
are exactly the departure packets of qq(f()j 0 where u(j, ) is

the upstream queue of link ¢ for flow j. That is,

ag (1) = bY), (1)

for an internal queue qéj ), _ _
In this paper, x((g] )(t), a((g] )(t) and bgﬂ )(t) are nonnegative
integers for flows and links. Moreover, we assume that each
multicast traffic flow does not traverse any link twice. Ac-

cording to (1), all the downstream queues of q,Ej ) receive the

packets sent by qéj ) in the same time slot. Such a multicast
policy is named no fanout splitting in the literature [9].

B. Constrained simultaneous transmissions for links

Fig. 1. A directed graph with 6 nodes and 9 directed links.

As there is interference in wireless networks, not every
link can transmit at the same time. We model this by using
configuration vectors. An L-vector P = [p1,pa,...,pL] is
called a configuration vector if, for all 1 < ¢ < L, exactly py



packets can be transmitted through link £ in a time slot. Here
we assume that p,’s are either 1 or 0, and we say that ¢/ € P
if pp =1 and ¢ ¢ P otherwise.

Let W be the collection of all configuration vectors. In
practice, W reflects both physical and topological constraints
on the network. For example, consider the network represented
by the directed graph in Figure 1, where each directed link
represents that packets can be sent from the head of the link
to the tail of the link. Under the node exclusive interference
model [12], links 1 and 7 in Figure 1 can transmit packets
at the same time. However, since each pair of links are
separated by at most one link in Figure 1, there is at most one
input/output pair can transmit a packet at the same time under
the assumption of IEEE 802.11 based interference model [12].
As configuration vectors are mainly due to interference in
wireless networks, it is reasonable to assume in this paper
that the set W is coordinate convex, i.e., if P, < P, and
P, is in W, then P; is also in W. Note that the inequality
P, < P, holds componentwise, i.e., every component in P is
not greater than the corresponding component in Ps.

With the collection of configuration vectors W, the capacity
region of the network, denoted by I, is known to be the convex
hull of all the configuration vectors in W, namely,

{r=(ri,ra,...,r0)|3{or}/_, and
{P.}E_ | W such that ¢, >0, V1 < k < K,

r =

K K
D ép=landr <Y ¢Pi}. )
k=1 k=1

Clearly, if ZkK: ¢r < 1 for a set of nonnegative numbers
{é}E |, then Y",_, ¢ Py is in capacity region I'. The set
of nonnegative numbers {¢; } | are called the weights with
respect to the configuration vectors { Py} ;.

C. Routing Vectors and admissible traffic

In this paper, we only consider a fixed route for each
multicast flow. For this, we define the L-vector RVY) =
[RY R ... RY)] as the routing vector for flow j, where
Rz(e] ) = 1 if the jth flow traverses link ¢ and Réj ) =0
otherwise. Moreover, the set F) is used to denote all the flows
traversing link ¢, namely,

F={j|RY =1,1<j<J}, 3)

for all 1 < ¢ < L. For example, assume that there are two
traffic flows in Figure 1. The first flow traverses through links
6, 2, 4 and 5 sequentially, and the second flow traverses
through links 8, 1, and 4 sequentially. Thus, the routing
vectors for the first and second flows in Figure 1 can be
represented as R = (0,1,0,1,1,1,0,0,0) and R® =
(1,0,0,1,0,0,0,1,0), respectively. Also, according to (3), we
have that F; = {2} and Fy = {1,2}.

Let A4) be the average number of flow j packets that arrive
at the network in a time slot. For the ease of our presentation,
we simply call AU) the arrival rate of flow j. With the routing
vector for every flow in the network, we can then compute the

average number of packets that need to go through a particular
link in a time slot. Specifically, we have

J
A=A, An) =Y ARG, 4)
j=1
where Ay, £ = 1,2,..., L, is the average number of packets

that need to go through link £ in a time slot. The vector A is
called the arrival rate vector in this paper. In the following,
we define the traffic intensity and admissible traffic.

Definition 1 (Intensity and admissible traffic) The intensity
p = ||Al| of A is defined as

K
[A]] = ig,f{/’l = k[T weights { ¢}, and
k=1
K
{Pu}io, C W such that A <Y ¢p Py €T} (5)
k=1

The input traffic is said to be admissible if p < 1.

If the input traffic is admissible, one can always find a set of
weights {¢5}1 | and a set of configuration vectors { Py }5_,
such that ;" 1 ¢p = 1 and A < Zszl oiPy. In view of
this, a simple time sharing policy that schedules configuration
vector P}, proportional to the weight ¢; guarantees that the
arrival rate at each link is strictly smaller than the service rate
of that link. If, furthermore, each flow is stationary and ergodic
with a known rate, then there are many scheduling polices in
the literature that can be used for stabilizing each queue in
the network (see e.g., the rate proportional processor sharing
(RPPS) scheme in [10] and the service curve earliest deadline
first (SCED) scheme in [11]). However, if the arrival rates are
not known, then most packet scheduling polices that stabilize
any admissible traffic in the capacity region are related to
the maximum weighted matching (MWM) algorithm in [13],
where the most suitable configuration vector is identified in
every time slot. In the next section, we will extend the dynamic
frame sizing algorithm for switches and wired networks in [3],
[8] to the mathematical model for wireless networks described
in this paper.

III. DYNAMIC FRAME SIZING ALGORITHM

In [3], [8], the dynamic frame sizing (DFS) algorithm has
been used for stabilizing queues in switches and wired net-
works without knowing the arrival rates. In the DFS algorithm,
time is partitioned into frames, where the frame size is not
fixed and is determined at the beginning of each frame. The
main idea of the DFS algorithm is to determine the minimum
frame size at the beginning of a frame so that the backlog
observed at the ingress queue of each flow at the beginning of
the frame can be cleared by the end of the frame. To ensure the
number of packets of each flow inside the network is bounded
above by a finite constant, the DFS algorithm then provides
each flow in a frame a guaranteed rate that is proportional to
the backlog observed at the ingress queue at the beginning



of that frame. As long as the expected size of each frame is
finite, the expected backlog at each queue remains finite.

In view of this, there are two steps for the extension of
the DFS algorithm to the mathematical model for wireless
networks described in Section II.

@) Determine the frame size at the beginning of each
frame.

(i)  Provide guaranteed rate services in our mathematical
model.

We will address the first step in Section III-A. By proposing
a hierarchical smooth algorithm in Section III-B, we show how
to provide guaranteed rate services in our mathematical model.
The proof for the finiteness for the expected frame size under
the DFS algorithm will be given in Section III-C.

A. Determining the frame size

In this section, we present the method for determining

the frame size at the beginning of each frame in the DFS
algorithm.
(S1) Denote by 7, the last time slot of the (n — 1)
frame (and by 7, + 1 the beginning time slot of the n'*
frame). Suppose that there are x(j)(rn) packets stored in
the ingress queue ¢/) for flow j at the beginning of the
nt" frame, j = 1,2,...,J. The workload of the n'" frame
Y(n) = (y1(n),y2(n),...,yr(n)) can be thus defined as

J
Y(n)=> 20 (r,)RY, 6)
j=1

where RU) is the routing vector of flow j. That is, ye(n) is
the total number of packets that need to be sent through link
¢ in the n** frame. If y,(n) = 0 for all £ = 1,2,..., L, then
we simply set the size of the nt" frame, denoted by T},, to be
1. Otherwise, T, is defined as follows:

K
inf{7" = I positive int
inf { ; my|3 positive integers
{mi )iz, and (P, C W
K
such that » " mg Py > Y (n)}. (7)
k=1

T, =

As the set of configuration vectors is coordinate convex, one
can always replace a configuration vector by a smaller con-
figuration vector in the minimization problem in (7). As such,
the minimization problem in (7) can be written equivalently
(with an equality and possibly a larger set of configuration
vectors) as follows:

K
lqlwl,f {1’ = ];1 my|3 positive integers
{mi}iy and {Pp}il, ¢ W
K
such that Z mrPr =Y (n)}. (8)
k=1

T, =

To see the intuition of T,,, suppose that Zkl,(zl mpPy, =
Y (n) for some my and Py, k = 1,2,..., K. If we set the
configuration vector Py for my, times for all k =1,2,... K,
then the workload at every link will be cleared. As T, is the
minimum amount of time to do that, it is known as the mini-
mum clearance time. Note that the problem of determining the
minimum clearance time in switches and wired networks are
quite simple and in fact there are explicit formulae as shown
in [3], [8]. However, the problem here is much more difficult
as it is formulated as an integer programming problem.

Without an explicit representation for the frame size 7,
we cannot simply follow the proofs in [3], [8] to show
the finiteness of the expected frame size. One of the main
contributions of this paper is the following upper bound for
the frame size T, that allows us to extend the result for wired
networks to our mathematical model for wireless networks
here.

The idea for the upper bound is to consider the smooth
schedule in [6]. For a set of configuration vectors {P;}<
and their weights {(bk}kK:l, the smooth schedule in [6] assigns
each configuration vector a class of tokens. The n'" token
of configuration vector Py, is assigned with the eligible time
1+ |(n—1)/¢x] and the deadline [n/¢y|. That is, there is
a token generated and eliminated every 1/¢ time slots for
configuration vector Pj. At each time slot ¢, the schedule
selects one eligible token with the earliest deadline (the EDF
policy in the literature) among all the remaining tokens and
removes that token. If the token for configuration vector Py, is
selected at the beginning of time slot ¢, then each link ¢ € P,
is allowed to send a packet in that time slot. It is shown in
Lemma 3.1. in [8] that each token is selected not later than its
deadline in such a smooth schedule if the sum of the weights
is not greater than 1, i.e., Zkl,il or < 1.

Lemma 2 For a set of configuration vectors {Py}r_, and
their weights {¢1 }5_,, let Sy be the set of the configuration
vectors containing link ¢, namely,

Sy = {k|the ¢'" element of P, > 0,1 < k < K}, )

and 1)y be the aggregate weight for link £, namely,

b= o

keS,

Ifziil ¢ < 1 and 1y > 0 for each link £ with ye(n) > 0,
then

[yé(n) + | Se]
Ve

Proof. If y,(n) = 0 for all £ = 1,2,..., L, then we know
T, = 1 and the bound in (10) holds trivially. Now assume
there exist some ¢ such that ye(n) > 0. For this case, T,
is the minimum clearance time defined in (7). As such, 7T, is
upper bounded by the time needed to clear all the backlogs by
using the smooth schedule with the set of configuration vectors
{P:}E | and their weights {¢x} |. Since each token is
selected not later than its deadline in such a smooth schedule,

T, < max
1<(<L

} 1 (10)



the total number of tokens that are selected for configuration
vector Py by time ¢ is at least |¢t] (as the deadline of the
| #1t | token for configuration vector Py is [|ént]|/dr] < t).
This then implies that the total number of packets that link ¢
can transmit by time ¢ is at least > _; - g [#xt]. Let

[ye(n)w:' |Sé|—‘ .

Then, the total number of packets sent out from link ¢ in the
duration [0, T is at least

Z lowT| > Z (oxT — 1)

T = max
1<¢<L

keSS, keS,
S
>y (L8 gy
keSy /(/)f

for all 1 < ¢ < L. Thus, by time 7', the backlog in every link

is cleared by using the smooth schedule. Clearly, we have

{ye(n) + 15|
(]

and the upper bound also holds for this case. |

T < max

< } +1,
1<4<L

B. A hierarchical smooth schedule

In this section, we propose a hierarchical smooth schedule
that is able to provide guaranteed rate services in our mathe-
matical model for wireless networks. There are two levels of
this schedule: (i) the upper level for configuration vectors and
(i1) the lower level for flows in each link.

(S2) The smooth schedule for configuration vectors:

Suppose the next frame size T, is determined in the mini-
mization problem in (8) with the set of configuration vectors
{P:}E | and the set {m;}& | (the index n is omitted here
for clarity). During the n'" frame, run the smooth schedule
with weights my /T,,. As T,, = Zk],(:l my, in the minimization
problem in (8), the sum of the weights is 1 in this smooth
schedule, i.e., Zle my /Ty, = 1. Specifically, the i*" token
of the configuration vector P} is assigned with the eligible
time 7, + 1+ | (i — 1)T},/my | and deadline 7,, + [iT),/my],
1 <i¢<my 1 <k < K. Then, for each time slot ¢ in
the interval [7,, + 1,7, + T,], the smooth schedule selects
the eligible token with the earliest deadline, and assigns the
corresponding configuration vector at time ¢. At the beginning
of the nt" frame, the schedule for all the configuration vectors
in [1, + 1,7, + T,] is computed and then transmitted to all
the links in the network.

(S3) The smooth schedule for flows in each link:

Since {my}X_, and {P;}{, achieve the minimization

problem in (8), we have that

K
> mpPy =Y (n). (12)
k=1

Similar to (9), let Sy be the set of the configuration vectors
in {P,}X_, containing link ¢ within the n'" frame. Thus, we
have from (12) and (6) that

Z mi = Ye(n) = Z 29 (1),

k€S, JEF,

13)

where Fy, 1 < /¢ < L, is the set of all traffic flows traversing
link ¢ as defined in (3). We now say that a link is allowed to
transmit a packet or simply allowable at time ¢ if a configu-
ration vector containing the link is selected at that time slot.
Then, according to (13), there are totally y,(n) allowable time
slots for link ¢ in the n*" frame. For these y,(n) allowable time
slots, we denote H,(i) as the i*" allowable time slot for link ¢
in this frame. The lower level schedule for link £ now generates
2U)(r,) tokens for each flow j in F; within the n'* frame.
Then, in the n'” frame, the i'" token of flow j is assigned
with the eligible time H, (1+ |(i — 1)ye(n)/z\9(7,)]) and
the deadline Hy ([i-ye(n)/zY)(r,)]). When the link ¢ is
allowed to transmit one packet, namely, the upper schedule
for configuration vectors selects some Py that contains link /,
the lower level schedule for link ¢ selects the eligible token
that has the earliest deadline among all the flows in F}y and
removes that token. Suppose the selected token is for flow
7, then queue qéj ) is allowed to send a packet in that time
slot. In other words, the lower level schedule is also a smooth
schedule for the traffic flows traversing link ¢ with the weights
{2U)(7,,) /ye(n)} jer, on all the y,(n) allowable time slots for
link ¢. Note from (13) that the sum of the weights is also 1,
ie, Y icr, 29 (1) Jye(n) = 1.

As both the sums of the weights in (S2) and (S3) are 1, the
following lemma is a direct consequence of the well-known
result for a smooth schedule (see e.g., Lemma 3.1 in [8]).

Lemma 3 Under the hierarchical smooth schedule described
in (S2) and (S3),

(i) each token in the smooth schedule for the configuration
vectors is selected not later than its deadline, and
each token in the smooth schedule for flows in each link
is also selected not later than its deadline.

(ii)

In the following lemma, we derive an upper bound and a
lower bound on the total number of tokens selected during
an interval for a particular flow by a link traversed by that
flow. These bounds will be used to bound the total number of
packets in an internal buffer for each flow in Theorem 5. The
proof of Lemma 4 is given in Appendix A.

Lemma 4 Ler Céj )(t) be the cumulative number of tokens
selected for flow j by link { by time t. Suppose s is a time
slot in the nyth frame and t > s is another time slot in the
no'™ frame. Then, for each link ( traversed by flow j, the
total number of tokens selected for flow j by link £ in the time
interval [s + 1,1], i.e., Céj)(t) - C’éj)(s), have the following
upper and lower bounds:

ED (5,) = 2(Spax + 1) < CP (1) — C(s)

< ED(s,t) + 2(Smax + 1), (14)



where
n1—1
EU)(s,t) = Z 29 (7,)
n’'=ns
. t— 71, . S — Tp
+ <I(J)(Tn2) T 2 x(J)(Tm) T 1> . (15)

and S ax Is the maximum size of the set of all the configura-
tion vectors in W containing link ¢, namely,

max — p|¢ P7 P . 16
S lrggeng{ A4S € W} (16)

Now we show in the following theorem that the total number
of packets in an internal buffer is bounded by a finite constant.

Theorem 5 Under the DFS algorithm specified in (S1), (S2)
and (S3), the total number of packets of a flow in any internal
queue traversed by the flow is upper bounded by 4(Smax + 1)
for any time slot, where Syay is the constant defined in (16).

Specifically, suppose that qéj ) is an internal queue for flow j
at link 0. Then

29 () < 4(Smax + 1), (17)

where a:éj )(t) is the number of packets in qéj ) at time t.

Proof. Consider the governing equation of queue qéj ) in D).
Note that there is a departure from qéj ) at time t, 1.e., bl(gj ) (t) =
1, if a token is selected for flow j by link ¢ at time ¢ and there
are packets that can be departed from the queue. Let c? ) (t) be
the indicator variable for the event that a token is selected for
flow j by link £ at time ¢. Thus, we can rewrite the governing
equation of queue qé] ) in (1) as follows:

29 (t 4 1) = max[0, 2 (£) + o (t + 1) — (¢ + 1)]. (18)
As we assume the queue is empty at time 0, recursively
expanding the governing equation in (18) yields

(1) = max [47(1) — A7 (s)

0<s<t
- (P -c?®)],

where AP () = Y _af’(t) ad C) =
22:1 cy )(t;) are the accumulative number of packets
arriving  at qy ) and the accumulative number of tokens
selected for flow j by link ¢ by time ¢, respectively. Recall
that u(j,£) is the upstream link of link ¢ for flow j. For
link ¢, we define Béj)(t) = Zilzl bﬁj)(_tl) as the cumulative
number of packets that depart from qéj ) by time t¢. Since a
packet can depart from an upstream queue only if there is a
token selected for the upstream queue, it then follow that

19)

AP (1) =AY (5) = B (0) = By} 1) (5)
G) (4)
< Cuj(j,g) (t) — Cuj(j/)(s)’

for each internal queue qéj ),

(20)

From (20) and Lemma 4, it follows that

AP(1) = AP () < CF) (1) = O ) (3)

< ED(s,t) + 2(Smax + 1). 21)
According to Lemma 4, we have that
CO(t) = CP(s) > ED(s,1) — 2(Smax + 1) 22)

Thus, the result in (17) follows directly from (19), (21) and
(22). |

C. Frame Bound

In this section, we show that, for Bernoulli arrival traffic
with arrival rates inside the capacity region, the expected
frame size is finite. Thus, the DFS algorithm guarantees 100%
throughput for such Bernoulli traffic.

Here we make three specific assumptions on the input
traffic.

(A1) All the multicast flows are independent Bernoulli pro-
cesses when they arrive at the network. Specifically, a(j)(t)’s
are independent Bernoulli random variables for all j and ¢.

(A2) Assume that the arrival rate of flow j is A, 1 <
7 < J, and this rate information is unknown to the network.
Without loss of generality, we also assume AU) > 0 for all j
and every link is traversed by at least one flow, i.e.,

J
0 < A = (A17>\2,...7)\L) = ZA(])R(])7
=

where O is the L-vector with all its elements being 0.
(A3) The input traffic is admissible, i.e., the intensity
defined in (5) is strictly smaller than 1, i.e., p = ||A|] < 1.
As we assume that the traffic is admissible, there is a set of
weights {¢x}< | and a set of configuration vectors { Py},
such that

K
0<p=> o¢p<l, (23)
k=1
and
K
0<A< qukpk. (24)

k=1

Theorem 6 Assume that the input traffic satisfies (Al)—(A3).
Consider the set of weights {¢y}i_ | and the set of con-
figuration vectors {Py}&_, that satisfy (23) and (24). Let
Ve = D pes, Px/p, where Sy is the set of configuration
vectors containing link ¢ in {Py}E_| as in (9). Also, let
Ymin = minlgggL e and 0= maxngSL(|Sg|/1/Jg)+1. Then,
under the DFS algorithm specified in (S1), we have for n > 1

. 2log L + 2660*
log E[e? ] < max (9*, (Vgl-i-> (25)
-p
where 0 is the unique positive solution of
0/%min _ 1 1
e _ +p (26)

e/qpmin 2P '



As a results, the expectation of the frame size E|

T, is bounded
2log L+260* )

by max ( 9 (i=p)
As a direct consequence of Theorem 6, the expected number
of packets in each ingress queue is also finite. In conjunction
with the bound for an internal queue in Theorem 5, the
DFS algorithm stabilizes the network for the Bernoulli traffic
described in (A1)—-(A3).
Proof.
Let ¢, = ¢i/p. It then follows from (23) that

K ~
> o=

(27)
k=1
Moreover, we have from (24) that
=D o= Z > (28)

keSy keSy
Thus, the confiition in Lemma 2 is satisfied (with the set
of weights {¢}X | and the set of configuration vectors
{P:}_|) and we have from (10) that

[W] 41

Tht1 < max

1<¢<L (29)

For 6 > 0, we have that

69T71+1

IN

max exp

D)

£ ottt

According to (6) and (13), the workload y,(n + 1) for link ¢
can be represented by

IN

Tn+1
en+1) =Y aD(m) =Y Y a?@), (30
JjEF, JEFy t=1p+1

where al)(t) is the external arrival packets for flow j at
time ¢ and Fy is the set that contains all the traffic flows
traversing link ¢ as described in (3). Since we assume that
the arrival processes are independent Bernoulli processes in
(A1) and {a¥)(t)}22, are i.i.d Bernoulli random variables
with parameter A in (A2), it then follows that

2.

1<e<L

) Tn
eXp(W)]} . 3D

E[BHT"’+1|Tn] < (1+[Sel /%)

{E

Notice that

log £

(9 Zjer aly) (1) )]
exp T

Y e[ (1)

jEF, ¢

— Zlog( )eb/Ye 41 A(a‘))

JEF,

Z A (0¥ 1)
JEF,

AP = 1)
pe(e?/Ve — 1),
where we use log(1+ x) < « for z > 0 in the first inequality

and (28) in the last inequality.
Hence, we have that

B [eTT,] < e 37 exp [pTan(e?’¥ 1)) 33)
1<¢<L

IA

IA

(32)

For fixed 6 > 0, according to Taylor’s expansion, we have that

S h () -]

1/12(69/1&2 _ 1)

B 0 16> 16

B W(w 297 3'#}5’)
gk+1

- 9+Z CET (34)

which decreases monotonically as 1), increases. As such,
wﬁ(ee/w[ - 1) < ¢min(60/¢min - 1)
for all 1 < ¢ < L. From (33) and (35), we have that

(35)

E [eaT"+1|Tn] < e Lexp (anwmin(ee/wm‘“ — 1)) . (36)
Taking expectation on both sides of (36) yields
E[T] < °LE [exp(anz/)min(ee/wm‘“ - 1))] NEY)
According to (26), we have that
Pmin(e” /i —1) = 6% (p +1)/2,
and (37) can be rewritten (with € being replaced by 6*) as
E[e? Tr1] < 07O B[l Tn1+0)/2], (38)

Since log E[e?T"] is convex in 6 (see e.g.,
7.1.8]) and p < 1, we have that

[1, Proposition

. 1 .
log Ele? Tn(140)/2] < % log E[e?" T]. (39)
Using (39) and (38) yields
* 1 .
log E[ef Tn+1] < log L 4 66* + % log E[e? Tn].  (40)

Since 17 = 1 (as the network is started from an empty system),
one can verify (25) from induction by using (40). Finally, we



use (25) to show the bound of the frame size in Theorem 6.
Since €/ is convex in z, it follows from Jensen’s Inequality
that

1 . 2log L + 266*
E[T,] < ejlogE[ee T”] < max (L og—i—5> (41)

0*(1—p)

IV. CONCLUSION

In this paper, we extended the dynamic frame sizing al-
gorithm to the setting of wireless networks. We modeled
wireless networks by configuration vectors that specify the
sets of links that can transmit at the same time. For such
a mathematical model, we considered multicast flows with
per flow queueing. We proved that the DFS algorithm indeed
stabilizes the network for any admissible Bernoulli traffic. In
comparison with the previous results for the DFS algorithm
in [3], [8], our main contributions in this paper are the two
new technical results: (i) an upper bound for the frame size
that has an explicit expression in terms of the workload, and
(ii) a hierarchical smooth schedule that provides guaranteed
rate services in such a mathematical model. The first result
allows us to modify the large deviation argument in [3], [8]
to prove the finiteness of the expected frame size, while the
second result leads to an upper bound for the total number of
packets in an internal queue.

There are some possible extensions of this work.

@) In (S1), the frame size is chosen to be 1 when there
is no backlog in each ingress queue. In the worst
case, this requires the optimization problem to be
carried out in every time slot (which is as bad as the
maximum weighted matching algorithm). We note
that it is possible to set a bound on the minimum
frame size so that the optimization problem needs not
be carried out too often. This is because our proof
only relies on the assumption that the backlog in each
ingress queue at the beginning of a frame needs to
be cleared by the end of that frame.

The DFS algorithm described in this paper does
not provide traffic isolation. When the traffic is
not admissible, the expected frame size cannot be
bounded. As all the flows are coupled through the
optimization problem that determines the frame size
at the beginning of each frame, the performance
could be very bad for all the flows. In view of this,
one should enforce an upper limit for the frame
size. But this also limits the throughput that can be
achieved by the DFS algorithm.

(i)

V. APPENDIX A

In the proof of Lemma 4, we need to consider multiple
frames. As such, we add the index n in K(n), my(n), Pr(n),
S¢(n), and Fy(n) to represent all the corresponding parameters
used in the DFS algorithm within frame n. First, we consider
a time slot ¢ in the n'" frame. Define Dy(t) as the cumulative
number of allowable time slots for link ¢ by time ¢. According

to (S2) and (S3), when a token for the configuration vector
Pr(n) € S¢(n) is selected by the schedule at a time slot, then
link ¢ is allowable at that time slot. Prior to the n!" frame,
we know from (13) that there are totally 227:11 ye(n’) tokens
selected for link /.

Now, consider the n'" frame that ¢ belongs to. First, the
cumulative number of allowable time slots for link £ by time
t in the ' frame is Dy(t) — S.7 " ye(n') and this number
cannot be greater than the total number of tokens generated
for configuration vectors containing link ¢. On the other hand,
from Lemma 3(i), all the tokens for configuration vectors
{Pr(n)},. (n) are selected before their deadlines. As such,
the allowable time slots for link ¢ in the nt" frame is not
less than the total number of tokens for configuration vectors
containing link ¢ with deadlines not later than ¢. Thus, for
™+ 1<t <7, +T,, we have the following upper bound
and lower bound:

n—1
t—Tp
> {Tn mk(nJ<Dé =D we(n)
k€S (n) n’/=1
t—1Tn
< Y { mk(n)-‘. (42)

keSe(n)

In the n'* frame, we also know from (13) that there are
21 (7,,) tokens selected for flow j by link . Hence, before the
n'h frame, there are >, ' 2 (1) tokens selected by link

¢ for flow j. Within the nth frame, the cumulative number of

tokens selected for flow j by link £ by time ¢ is upper bounded
by the number of tokens generated for flow j by link £ by time

t. Thus, it follows from the schedule in (S3) that

Zx(J) Tnt)

n’=1

z9) (1)
I

On the other hand, from Lemma 3(ii), each token for flow j is
selected before its deadline. As such, the cumulative number
of tokens selected for flow j by link ¢ by time t is lower
bounded by the tokens with deadlines not later than ¢. This
then implies

O(J

C(J)

Zx(J) Tnt)

n’=1
(])( n—1
T TH
>
N { Ye(n) ( Z el

It follows from (43), (44) and (42) that

)

@ (1,) {t —Tn
) ()|
ye(n) kESz(n) Tn
< C(J) Z .1‘(]) 7— ,

n'=1



x(j)(Tn) Z

t— Ty
(45)
ye(n) k€Se(n) [ Tn

mk(”)—‘

for each time slot ¢ in the n!® frame, namely, 7, + 1 <t <
Tn + T

Now suppose s is a time slot in the n;" frame and t > s
is another time slot in the ny'" frame. Using (45) yields

W -c(s)

’nzfl
> Z x(j)(Tn/)
n’'=nq
() _
po| T Tme) (Tnz) Z V Tmmk(nz)J
yz(ﬂz) k€S, (n2) 2
[ 2 _
) (1,,) F Ty -‘
- | — ——mg(nq)
ye(n1) kegm) T,
n2—1
> Z x(j)(Tn,)
n’=n1
() t—
T\ Tna) (7ns) Z {Tnlmk(m)J
yé(n2) keSe¢(n2) 2
(j)( ) [_
Y9 (T, S — Tn,
- mk(nl)—‘ -2
yé(nl) keszg(:nl) Tn1
no—1
> x(j)(Tn/)
n’=nq
@) (1,) [ t—
(T, T,
+ 2 e my(ng) — |Se(n
ve(na) T > mi(ng) = [Se(na)|

keSe(n2)

(4) —
) (5= S ) 4 sy | -2

yé(nl) Tn1 keSe(n1)
nzfl )
= Z 29 (1,0)
n’'=nq
; t—T ; s—T
(@) n2 _ .(9) 1
(20 2 () 2T )
) (1,,) 29 (1,,)
—~T28 - S -2 46
e |Se(na)| P |Se(na)| =2, (46)

where we use (13) in the last equality. Notice from (16) that
Se¢(n) < Spmax for each frame n. Then, it follows from (46)
that

nzfl
Olgj)(t) _ Céj)(s) > Z Z‘(j)(T7,/)
n’=nq
. t— . S — T,
+ (29D (1, ) —22 — 20 (7, m)
(a9 72 () 27

Also, from (45), we have that

ng—1

Céj)(t) _ Céj)(s) < Z J}(j)(Tnf)
29 (1,,) t—Tn,
= D ———mg(n2)
yl(n2) kESe(ns) na

B x(j)(Tnl) Z

yz(nl) keSe(n1)

{S_T’“mk(nl)J . (48)

ni

By following a similar procedure, one can verify that

ng—1
Céj)(t) _ Céj)(s) < Z :C(j)(Tn/)
n'=ny
; t—T, ; $— Ty
+ (x(])(T"Z)Tn:Z — x(a)(Tnl)Tml>

+2(Smax + 1).
Thus, (14) follows from (47) and (49).

(49)
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